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' #$9Re3eE>>?AvBzDBDTEI 1 19 Decenber 2003 | MPROVI NG SOUND QUALI TY OF
ESTABLI SHED LOW BI T- RATE AUDI O CCODI NG SYSTEMS W THOUT LOSS OF DECCDER

COVPATI LI TY THE INVENTION 5 Field of the Invention This
invention rsm Wmm“ﬂrbl t-rate audi o coding systens and nore
specifically to thod of inproving sound quality qf j | ow
bit-rate audio c?fa‘?%g systens V\,ithou'(E;f t oss of decodeﬁ%@%%ﬁ%??g . 10
Descripion of the Related Art Numbers of |ow bit-rate audi o codi ng systens
are currently in use in a wi de range of consuner and professional audio

pl ayback produce and services. For exanple. Dolby AC3 (Dol by digital) audio
coding syst qmrﬁewwsdmvﬂeummmld HSTA BDSHE DL OWEBER.RACE AUbIghannel
audi o sound tracks for. Laser Disc) NTSC coded DVD video, and ATV, |I5. using
bit rates up t&@Mi&VﬂEWE@IQIQWWE%QFDMBEBOGDHQ’:STW ds are

wi dely used for stereo and nulti-channel sound . track encoding for PAL
encoded DVD video. terrestrial digital radio broadcasting in Europe and

Satel lite [BAQHGROUND OMTHEANVENTIONbit rates up to 768kbit/s. DTS

(Digital T 3E|e¥. !gistemss Coherent Acoustics audi o coding systemis

frequently oy o quality 5.1 channel audio sound tracks for

Conpact ?U Di sc Thld\Rvattida Pelaesiol lasetit-Bisamdantoding systdn@Sandinére s%mé‘fwt/ s. A
exi

maj or problemwi th these systens is, th %@%heir desi.gns are inf ein
that they écanmhoséfmrqux&ﬁs&daa@éﬂxefa brrddaveihmaidioradingsrRa g

frequenci e, hBNoWYrdel&iepipaabiliy.oher systembit rates. This will become
an inportant 1ssue In comng veers as the nusic and filmindustry noves to
drop the old conpact disc digital audio ' _"s format of 44.1.1kHz sanpling

f rlequency d 1? bi ?iaéde th. and adopt the new DVD audi o PCM masteri ng
f or of %%Q%ﬂéﬂf—émd&g4 bits word length. .As a result, audio -
delivery using BXinbersid lew biteate andic coding sySteansmars crbently if\Ge3n aAlérangnd DTS.
must adapt to allow the benefjts.of this increased signgl fidelit 0 pass
to the pongﬁ?ﬁé’l“-‘m"’dﬁ‘ﬁd’f’f’ ?Fé‘t“é" gudio Plé?’ﬁaéﬁip@ﬁﬁﬁsla_g SHAE '?Préﬁﬂ?ﬂe'd%%%yder
processi ngaghi (Whiby digkl) PEEE EBEhg 2P (1ODReIridukidesindBidefiP Bicddiig Sseerélecoder

functions already reside in the .ex|sting_consuner base. These decoders

cannot be ey  averbiel squsd dmelsion datee qiffe NTR& %#@Vga'Wi g AbYes.
wor d sSi ze. u%gcpﬁ btk L'ng]o- 649RBBE MPEE! Dand DHBES éﬁéﬁhi& E&&%Q@ﬁ&?&s £¢ Qydefler s

selli'ng pro t hese nedi uns w forced t© continue to supply
coded audi usedtforstamo Suntl haultischanneb spind rack whedding) for AL enenddd LMD videps

inplies that in the. fut Ve i . udj o AV
satellite ?5&?‘8“@?%}“ ﬁ%dj‘g g"eoag%%l]&aelsdlh%ﬁo ela?lszslré%et% f%?@sgyglns?? Q-e%fr%t.b"each
conf or m Nngrated upi tof Z8Rbit/s.SDAS dDigial ThaaterSyarepise CoberensAceaticswouiacdugng

included in order. to allow e@wners of ,exkstin | ay:hack st.e Q ceive
and play tH&*& ‘ér{ffg}'iwl&u‘&%?cfrrsg'@os?m ﬁ‘f ?Z c&%@?%ﬁ%gg?wg%c&%% (? ogrd;agr resi de
to alhl ow opRersvVDivideevied LhSer &t amdeitrateouptoalssakiit/e t r acks encoded usi ng
the 96kHz124 bit PCM f or nat %Ing t ake ad.vﬁpt g%(le\;&f. t he i.ﬁi}?r ntlx hf%her
‘fidelity. The pSBIERNRIER With tReshsYSH SAYEGFASTED Teipa I B Y "Yhe

pl ayback regdisnge BERYyNSHerdiRd 3B Rcdrimdddi® hibheh @O isaAphap tehskinbies.oPCahannel
capacity. necessary %’o send the additional, audio streanms. The bit rate , of

t he addi t iwerdllengths en higharsytem biteseisspl s Wilh§eeome an important issue in coming

‘years as the music and film industry moves to drop the old compact disc digital audio

23 formar of 44.1kHz sampling frequency and 16 bit word length. and adopt the new DVD
audio PCM mastering format of 96kHz sampling and 24 bits word length.

As a result. audio delivery using existing audio encoding systems such as AC-3.
MPEG and DTS. must adapt to allow the benefits of this increased signal fidelity to pass

to the consumer. Unfortunately a large installed base of audio decoder processing chips
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'15 t hat support 96 kHzl 34 bits) wll be at |east equal or greater than
those that support the old format. Hence the bit rate will nost |ikely
double or nore. in order to support two or nore audi o standards. SUMVARY OF
THE INVENTION "0 In view of the -above probl ens, the present invention

provi des a codi ngs net hodol ogy that extends the freq rapge_and | owers
the noise floor while avoiding havin@ to deliver repﬁggﬁggﬂﬂggra§9§ and is
t herefore nmuch nore efficient at accommodati ng changes in PCM sanpling
frequency. word length and coding bit rates. This is acconplished with a
‘core' plus '"extension' coding nmethodol ogy. in which the traditional audio

di | gorith stitutes the ' ' audi der.. i | tered.
The aad: o dasEe) Mo ERRISaTS hesp ecoBh RAF IS ATEAR it BleREES SORRC case
of hi gher gaﬁzgﬂag dE@Jd%x%?)ctaﬁﬁot?Heery Spiade@ td R&Binkidde te inBrehdh® &RARHAng T

| ar ger wor ngths or bot is transmtted as an_'extension' scream This
al | ows audirasesc ovorésizeppovitdaies. Eonseavantiyemysisiang| fim gententhireviders salling hat i s

conpatible wt ifferent ty: : 03 | dent
in the congl?r?ga %83?%#5%% ’“6%‘5@3 %g‘!?g&g@goﬁoengﬁnu%ﬁl ﬁ@gmggédo%g{f Sr?{?%e

ol ders decoesat are-compiintwith thegrid srendands. Ghisemplion thidainathe fitutee dativenyr meliic oder s
w Il make use of th cor d extensi.on data strea i vi.ng higher quality
sound r epr St Bﬁ% ﬂ“&%yﬁf@tsa?eﬁ“%fm ’ﬁeet%ﬂ?}e%eit‘émﬁé? Ciéhﬁ e‘?i‘lgﬂgi Bh data
I's gener at gebahi. SAHA! E@Fbinifg Ao AifF@eMNSthridaedse Fof Rkamplegome streatth GvddRUbslecoded
and/ or downsanpl ed/ upsanpl ed) from_the orlgl nal 'high fidelity' input

si gnal . Thisachidediin prdgr e Fllost evaers of gxisring plagbrckaems () Fsaiye 874 RBYERE ensi on
stream WLI, LI §idf € GA0s W éggswsuéam HoRBGKso! Blig B! AR oWrdfs FFHeGer"
extension signals Is avol dede. Hence, the quality of the core audio is
unafiDect ededmyprhdne to pédyumidom tre¢kstdneoded: esing b %SkHaAMbiFBEM foematyandetake 0 wor k
inits nost, elene ry,nod 10 only. the |latency. or delay. of the core
coder need%dvﬁﬁta%eeggléﬁﬁym’?mpgﬁkgge 1ﬂclh%"";rfet hod can be successfully applied to
any audi o codi NtheSptebiem wide thidvriethod tof kielivdre thohadariyhef the gaybak infédiuntsal
algorithns or inplenmentation deta'hls . wev&lr t he system can be r’rﬁ eto
wor k ror e @AY neYiBerabls o afford) the sxira hapdydioerchapael gapacity, negessaty i sepfdiecor e

coder Overacfghﬁ, L SO0 S dan]sATHE bRt rate6F 40 Ta8diSbBAI Wit strearhd (@ﬂ@ﬁﬁn%e.dtheﬁeher
features an agvant agdeﬂs of the invention will be aptgarent to those skilled

in tthe ar tthirwpparh86 iz 2Qvivitsy wilb baiat dastRayal OrpErFer HEn Hioss iat gigport the
enmbodi nent j J I QA4 i | . BRI EF
oEsoRl pr1 G GeE R B et W) DR IREGUSRGR K BbEIR YOS ol BN

filterbankmsrefandiqsendsrds.esponse used t-0 separate the base and high
frequency bands for coding in an earlier approach; FIG 2 is a block

di agram of an encoder that enbodi es the generalized core plus extension

f ramewor k SITMM¥ER PIes THE INMENMTION: FI Gs. 3a and 3b arc. respectively.

pl ots of the frequency . spectra of élhe input audio ' 'S and.coded core and
t he=@ji f f er ence '&i YRY 8f e @boye o eﬂ’isaékﬁ)earﬁr‘isfa?‘ué'fvfﬁtffi"nd’r?vﬁ £ pi t°St"Peam
format f 0rm&h&ioﬂlﬂjv&h&nf&f@;d@ih&@dcﬁezwmn@qrﬂnsuen tReIfbise fladravhilEla@idinga and
5b illustrate. respectively. a physical di a and a broadcast stem for

del i veri ndwsing fyldeliven repliceamidip” gfa Rt Jfefheretore ymyeh e §HiCIeng o3

accommodating changes in PCM sampling frequency. word length and coding bit rates.

This is accomplished with a *core” plus "extension’ coding methodology. in which

25 the traditional audio coding algorithm constitutes the 'core’ audio coder. and remains
unaltered. The audio data necessary to represent higher audio frequencies (in the case of

higher sampling rates) or higher sample resolution (in the case of larger word lengths). or

both. is transmitted as an 'extension’ stream. This allows audio content providers to

include a single audio bit stream that is compatible with different types of decoders



'FIG 6 is a block diagramof 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 nufti-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 dif3erence signal fa9 Regembe2Gdsol ution
extension framework; FIG 10 is a plot of the frequency spectrum of the
reconstructed audio signal for a 10 nufti-tone test signal for the,

hi gh-resol ution extension franework: FIGS. | 1 a and 11 b are,

respectively, block diagrams of an encoder and a decoder that enbody a high
frequency epkidagiinthed canvemer squifiiaBt base. The coge siream yll tbhée@ﬂ@hbaeﬁwlépect rum
of the reconstructed,audjo signal : flis t ' ' bi t
rate: 1 5 FfegRders 3'%?‘3‘ ‘éﬂngt%Tf @Faeé{eggrlr%'?cd) a&r'{m}ae?\co ér&?%daefsl %ﬁ% 'Saslﬁ)s?d

al ternat e high bk agd eaersiexdfnstatms ivinehigheds quititGsound témoduedorl 4b ar e.
respectively, block diagrans of an_ e tg&si on encoder and decod Fl Gs. |

5a and 15b are, A&epeeafyreaf e spyemR ks SHGSIoN daRds ENSHY ye‘HE‘(r‘ﬁngg &nd ' 0
decodgrs: Fl nlglgirﬁcté@ cﬁrgb%%ﬁf (ﬁﬂ%ﬁc%adﬂcﬁ‘%ﬁ@hﬂ%@ﬂ%ﬁle& frbint @et ur e:

FIG 17 illus es t a ow fromthe serial inpput to on-chip nmenory
of the fi r sérighadCieigls fidelity! iGputisighal. (The sesubing oliffasenca gieaal is gugoedhior ATPAICEN- chi p

menory of the fast. processqp..t g .25 I teooEliG, 1@ i beU ates the
data flow f Brﬁ‘fet‘h?mgrfyfﬁrf‘p%n’gﬁ%ﬁﬁ%:m%ﬁ% %lilagxé% Qg{do%aggs@ro étl%mlt HJg %grﬁé chip
Menory of tHgerSRanthaly ©aesded.: Hédcs. the Quality wsttheatars authieo islanaffectedvbyfthem t he

O e o et ey Seana s P the b OBACH B ABTRlekeRl) Boad | 75t

10 only the latency. or delay. of the core coder needs to be known. Hence. this method can
be successtully applied to any audio coding system even withput knowledgé of the
coder's internal algorithms or implementation details. However the system can be made .
to work more efficiently if the extension coder is design to match the core coder over the
frequency ré.nge of the core signal. .

15 These and other features and advantages of the invention will be apparent to those

skilled in the art from the following detailed description of preferred embodiments, taken

together with the accompanying drawings, in which:

BRIEF DESCRIPTION OF THE DRAWINGS |
20 FIG. 1 is a plot of the 2-band decimation filterbank’s frequency response used to

separate the base and high frequency bands for coding in an earlier approach;

FIG. 2 is a block diagram of an encoder that embodies the generalized core plus

extension framework of the present invention:

F1Gs. 3a and 3b are. respectively. plots of the frequency spectra of the input audio

25 and coded core and the difference signais;

FIG. 4 is a diagram illustrating the bit stream format for a single trame of core

plus extension audio data:

FIGs. 5a and 5b illustrate. respectively. a physical media and a broadcast system

for delivering a single bit stream to the decoder:



"0 der decoders. in exisistence prior to the described high fidelity
encodi ng techni ques. decode only the bottom band to produce a baseband
audio signal.. In this sense the systemdoes maintain conpatibility with

t he existing decoders. However. as shown in figure | herein. the frequency
response 6 of the 2-band decimation pre-filter bank qga@gs n gh&g?ing
probl em around 24 kHz when only the %ore is decoded. 9%&%5?

responses 8 and 10 of the bottom and top bands. respectively. crossover in

their respective transition regions at 24kHz in order to provide the unity
gain response for the core plus extension coder. However, in a core only

decoder the porti f. the bottom 'y -ba f.Leguency respons above, 24kHz
is aliased down. ‘ﬁ?& Veasgiofl.?df géar?eoct;oang coden g‘aﬁfog%ﬁgﬁhﬁ‘d‘%aﬁai%f%i’bﬁm

w || have a e@éesia coder sigwriiptfigare 3ot found in the ol der baseband only codec
systens. Therefore, ihe coditg(g grystem does not. maintain "true' |

conpati bi lity wi tHGekisst plahoifhe faayeacy eprcTHE Hfhsreconsiructad udia signdlfase r ai ns
any additi onabmbtioﬁesw;tgiég. al located to the top band. which in many cases
may be suboptinmal. 15 NERALI ZED CORE PLUS EXTENSI ON FRAMEWORK The gener al
proces§es for thdlendadindgbaare resneotively bleck disprws of an enéddgnrnd a 2ledadelo
create the extension bit st | the analog audio 12 is fed to an
anal og anti T"ieé"?f’&r)?ga E‘P&'risﬂgu%\s\ﬁ:e%tg%w%wnér& the signal. The band-Limted
signal is sanpl eFlGn? & apldt sf thetferquencyi spedtruaidf’ the i ffredce Isfgnall fee tha highd
frequency for LPF 14 myst_be | ess than one 'U half the sanpling rate to
satisfy thef |08 £XERSIPLIIMEVEST exanpl e. for the extended 96 kHz sanpling
rate a 48 kHz cutp{@fifo ik & pfddbf BB IfRquett® splicEhinAdf el dhsEl@PPhudlsibmal fr&h t 0
the core encoder 18 (AC3, MPEG DIS etc) and encoded at a particular bit
rate. l0he sanyitens teshsignal fer theakialviresolutigh extpesion fmmeevdrknal nmay, in sone
cases, need to b ] ik i ' LnNg to
mat ch the core e%%:%gér;&%glrltbg# %ﬁﬁ&é‘?@’?ﬁg’%’a&gﬁ%ﬁsnﬁ?aegﬁ"o“%ﬁ%ngt‘a %@e&hbﬁ

di agrans i s tkssmbedy & ighfegiengy extaismnfsimework;nul ti - channel s. In the case of

mul ti-channel in .t he, subtraction and su tion processes are,carried
out for each cha %ﬁ?.‘ﬁ'ﬁ??%&‘é%ﬁﬂmﬂ PESFBE E R cﬁefﬁ’i’g‘(’pﬂ%%fm’?' B
prior to ;- gelekdkidgsifita xédbistatyy data. The core hit 7 19 Decenber 2003
streamis also fed, back to a core decoder 24. which i onpliant with those
resi ditng in exi sfiGfg leoﬁsﬂﬁ&‘kﬁ{‘%@’ﬁ‘ﬁél@ AFuFHREeT Fh“l'ﬁ%‘%?‘g‘&gﬁt‘flﬁﬁ‘a‘ewh'gh
reconstruct gdqtatLedsidion fin@Rdhe 76 are next subtracted 28 from a del ayed
version 30 of the original input signals 16. The delay 3? is made to match
that of 5 the coFlQSeHgao@@rl/%écmweqta@@néB?C%d@aramﬁ&e’ g R¥IENSION ARCORE 3FAneNt
of the decodggdgore audio and the input audio signals:is achieved. This

di fference signal 34 now represents conponents in the original input

signal s 16 absenFIGsr bim dnidel Sbiagnatspeaibety. block ldaguosefthe subbardhenc@deraint her

hi gher, resoluti.on or higher frequency. The difference signals are then
encoddd by 47°°8%Fensi on coder 36 suitably using standard coding techni ques
“such as sub ( 0 Bi&nds aetiilag digrirh afia brickabeo Hardgareprahitemimeg an ext ensi on bit
stream 38. The e enii,@_p bi t strf{ea@ﬁgg t[‘]’g‘_ core bit str%am are ti

aligned and nul t B’I‘é ddpsprates iefale EQWIENR 8 ETPCIRY D OBr B MRENOHERe he d
or transm t figfpRsessppar ate streams dependi ng on the application. The

concept behind the s)r.ocess of extending the frequency spectrum and , | ower
15 the noi se fl doF: i &illugratesshe f3tp fow AT i o FRRyTEBRY R Biirsapocssiji? e 3a

showssa snap.shol p@:

FIG. 19 illustrates the data flow from the on-chip memory of the first processor to

the on-chip memory of the second processor:

FIG. 20 illustrates the data flow from the on-chip memory ot the second processor

to the on-chip memory of the first processor:



“the frequency spectrum 42 of a 96 kHz sanpl ed audi o input signal. The audio
clearly contains frequency conponents out to 48 kHz. Trace 44 in figure 3 b
shows the spectrum of the signal after decinmation and core encoding. The
audi o frequenci es have been filtered out above ?4 kHz and the sanpling rate
has been dropped to 48 kHz by the 20 decimator to match the core coder.
Trace 46 depicts the spectrum of theddifference signdP Drgenker@¥ing t he
extension encoder. Cearly the extension coder is able to concentrate its
data resources on those parts of the spectrum not represented by the core
coder, i.e. the transition band 48 around 34 kHz and the high frequency
extension 50 from 20 kHz to 48 kHz. In addition bits can be allocated to

t he residual cor ¢IGi.@laland214 arerrespaciivelh dlaskidiagrass of 8w PpeF-baxencedercand
bandwi dt h. The special cases to follow'investigate those'applications in
whi ch the eﬂeéﬁ’féfzaﬂdbits are allocated to ( 1) extend the resolution of
the core signal. pf@d 2exhenthbakhespbaively: blocie sagramoot zuotheh bpn-boecuedery
content of the signal and (-) extend only the high frequency content. Fore
each of thesaddededent odi ne system can be configured in a "black box"
approagh where only the delay associated with the core encoding system 8

19 Dec®nber 2003 need be known or in an "open box" approach to take
advant age ofDETAIREDI DESERI ture. In order to mmintain
backward conpatifbjlity w.th t.he core-only. a od NS dfieNHL G o ENERORE L €
bit stream 40 ca%??%eqtﬂlévcgb?%d%‘ﬁ"ﬁgéx?é%sggﬁ gﬁﬁﬁ%o%at a,ﬁllggg and
respectivel yqdiap @ighl S8elinp&ighilt.edhich allowomedipl aontenx pervideontorincivde .2 ogh a

bit streamis a sequence of synchroni zed franmes 54, C NSL: of .1 wo
fields: cor @ufipghiiSTEm At 4% CBSPP@H% d’ﬂﬁ’f F'gfeﬁmégy’{?e%re ?%8‘?'8 %lﬁéi 1goLPEe- only
decod% det 36hsinfc B hfiRMNiofbit @eatd kxdll GEQRELISYWY) thé biden deabdersdelsich hudll cor e
bits in core tield 56 to produce core audjo and th?ﬁ%&(‘ nores, the

t

ext ensi on f iigote B8 exrgngiomdsitaa gvhile newer dssedernviymake ¥5Q ofs-afEXfegsipn o
decode the next frame. .An. ' WeYRE - A HORAPSRIsE bt Or €
bits and t h@RACHELE F&V%ghmé%§§c0%?‘gﬁf‘%§:?gﬁﬁ%% (_ExTag%g 80 for fy?he

ext ensi on btk eisting us®met baseovho winhes| e berpr thein tesisting dagadegndothasidWhinps

to the begi nning of . the next frange.tao 0 f : jise. the
decoder pr oMBEYS PHShERE AT ‘{eﬁ%&ég{%‘éﬁsﬁa %?%&terseéggugﬁé {ehgthfe%gf fa ?gi%&'% to
produge ext ensi omh@weiMaPeshctftefor eneddinpehigh fidetity airbo dmremanmtr ghat5voudd
produce high quality audig, Th? core hitg def. n% a Q?i Se ftio%ogncgggrs'ugg
reconst r uct @epirsaR dhe GempRubiligh Sf eXisHng deqopers PaRL I AR BFITEUOD TSI Th "Bi t s
further ref ii,;}?od(l#eng %lmwaeetagiﬁemwmrcmm&s_ PREDIOTE/ B8UBBIAND AlidIGlef i ne
the noi se floor Tor "‘the renai nder of the aud@ﬁd&_@th f@ ig.?gg[ ifk
figures 5a £DED. UHNG oRPYSHRAGYYSTIG e AT DY odeHLBh 20

br oadcast oyey ShS | RUTHEUOULASPRE CHARNELYT fitdd May 2at9dée di sk
(DVD). or a*ﬁ?@éﬁﬁ?bﬁﬁgﬁ\fg@fﬁ% As shown_in figure 5a.m2‘§si ngl e

conpoxj t e biSkrisitNe 881640.254 wiich isaisooassigned W9oPTobine macheia uspra 284 or age
medi um 62 such .as CD, DVD or di gt 3l : 1€l2M 1) @€ An IR mAE bh
known t echnr‘gé?égf“?%se%d%a‘idﬁ ?p%tgg{é l%k&%a{qg sg%ﬁr‘%ggg?feﬁeié{) 29[ ream 40 is
embodi ed i N -Gk 'Hafk aMNE a4utiibatianiwidthef 28kidadsadandsy dhe Hogamebardt @:

cabl e or other tel ecomunications, system To C n p si on
bit streans 2¢kiipdusriit@nd e{‘ﬁ?gé‘i!{‘e’?" %‘éﬁﬁﬁ’p%aggss ?ﬁee%ggona%ﬁ;gf-gél%}z? lg%‘$§t§§1&]40
and directs_ fhg.£r€udltnexi@nsi on bit streans ?0 and 38 to their

respective decoders 68 and 70. Decoder 77? then sur}s t he oqut Qut %th 9
recondtruct the Ney degodeese degigned 3¢ gurror the operatons 0 the encoder. decode bo

top and bottom bands and then reconstruct the high fidelity audio signal using a 236-tap

2-band interpolation filterbank. The system exhibits a unity gain frequency response

over the entire 48kHz bandwidth as desired.



"high fidelity audio signal 76. In the case that a playback device does not
have the extension decoder resident (as would be the case in old equipnent)
the extension bit streamis sinply ignored 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 gecoder and the qpﬂznsioa d&@gﬂer are
the sane. As will be addressed later. differences in CeRT 9% be
accomodat ed by addi ng additional delay stages either in the decoder or
encoder. The advantages of the core plus extension coding topol ogy are
clearly shown in figure 7) which plots. the core only and core plus

ext ensi on freque ectra .78 and 80. .t0 respect]uely,. in onse.to a
nufti-tone test @I%éna coders- i AT BT O alggléé%%rfvbfégnh"@ h%Jei di8° em
produces a ﬁ&lxﬁ?&ﬂ' décé&c&ﬂ%gﬁ@%@&naﬂﬂd%%&maé atHasdbah@audio Biinge fnl @y oOf
approximately -10O0dB fromDC tq 24kHz., As wi || be discussed in nore detail

| ater, t hi sseas e Srism desp BEIRwPMpatBHRGIVHA S e HEmecdecedessn HRweesras onl y

signals pro h I ' . r i | al og
anti-ali asi %g&ﬁﬁ{l?%'rﬁ eufssgcgiklﬂxﬁ ﬂtligr%%)ﬁg Qélégoéﬁsét g#r]rglea-ng&?h%eg?agdlo ? aﬁw filrét
deci médt i on Hank tcevsesigraliasing hebleawarndé 12¢. kido wbar aniyv bk eoret isalesedtdo Thest em

i al mber 2 d | i ' ' t hat
Fefuces t naUPEY Trmgaesa S 00 25 d Bhot 443 BX SEE, MBS SlefRes i
ext ends t hahéii gopdctitamahsiibinfedionsidt 24Kz i omlerippevidd the uniof gaip prspotiserfdre! y

-60 dB. Note, a higher noise flqor is nore tolerable at higher freguencies
where fhe e care Piu gxiensiansader, sHowetH iR FORE-aRlY GRIIERT (S PRRER ef the botiom

FRAI 1~FRAVROIREE re {;%&E 851689 2Bl difakeiSddv. eat heesBRCaE rétgndRitied

decodi ng processes to inprove only the coding resol ution of the core
procé@s. | .basebrmtiamiio sigual cwidli haye ardegre=iaf conupircaideunsuaitee eldepbasegngnal s.

W t hout extenpdi t he bandw udi Si 28. 1 he bit
race of exi°§yﬁ?§9°c%é‘|°ﬁ‘g& sqg’ﬁree?érg' @g&é&ﬁﬁwﬁﬁ%g%gﬂﬁge S Q’gs‘ﬁ‘l%gh r

codi ng r esalitht éxidting Hecwigty. r Bdthetmueuthis approadhl opnsteipsi ang atidigona eitsfio he _
conpletely different. npn co t.ible. coder to encode,the audio signals. In
the curren %‘E?FF@HBHFH%F’E%%W | 188}@5?\%?88&%1‘“%?%?& to provi de the best
codi ng; resolution possible operating within the bit rate constraint of the
exi sting; decoder 10 19 Decenber 2003 (for AC3 this would be 640kbitls:
for MPEG 768kbi t / SCENERAFEER GRREHRLYS EXTENH QN ERAMEWORKG 1 esol ution

further. i.e. rofUgehetdlorddtlelfortht BhcodidiCariieasinh & Idnisied i higluss dercoded

(86) to forma reconstructed core sign ich is subtracted (88) fromthe

i nput si gndb craste thhextensiti biy sarpFigure 2bihganalpg audie 42 s fad teamanalag as- g

al i gnment bet we .Si 1S, e - ext enc SIpTere) e
di fference a@?&ﬁ?ﬁj@ﬁﬁ’gﬂ'@o%%&r Th: éﬁgsﬁbﬁg&gﬁi ggg{sggg{gggéier QQQE%EAOE: s the
core and exiseresidigitabatidio isighal 1. Chivepms-b ffdfrdguencytipeblf &4 myeserledsabanadneve. | n

t hi s_case sanpl |. freguen and the audio nowi ) in
bt il he. e A BRPURE b FEa i bt Rl e o7 St el NGRS e
hi'gh fidel kipy s@fplicidzade ARISt k- is syitable. ded it nust be | ow pass filtered
and down sanpled to 10 match both coders. . As sho infi to
decode the signahe @ﬂltﬂﬁﬁé@k%&“aéléd&%gdﬁéhetﬁ’ée E'bﬁ‘?g?fgkt@‘%di‘ %ﬁe&fﬁ &Ry
routes the ggooén%o@éa% §¥heREIPHI Pitk. Itk QaHBliAPrateRd DeRAViahOf dRcER signal
processes and 98, respectively, with the output of each being sunmed

t oget her | 6@y. infsomeasextnend foobe besrichrqughior PREddERne EHedP Y METPIPE Hecoder
output is used directl I S Hi jo B&M can
be consi depéﬁgé%e caorerréenc genrl' grrc#E@I%ﬁ%%\%gﬁﬁggﬁ‘gﬁgﬁ?t@g@%}g?*ssés %gdtii o of the
out put audico bsi giglé , ciatimd] ors mubty-chattielsg Inheheocrspur! ofulti-tmnesdt ewyisothedecoder
t he coding noise, floor is reduced. The |evel of r i on, Wl d on
the bit raf4UafiBcide s PH2YHe PRCERRY AN BT S ?Eeoén%%glgi%é%nrn 8!.3*1181%]65\}5%?8”@
shot of thghredlRNeYd FPaH! fadker 208riéH 1ot fmetliifd efeencansish glaal The Godefior e
entering the extension coder. The core encoding process has a coding error
that creates a noise Floor across the 0 to 24 kHz bandw dth. The | arger
anplitude error right at 24 kHz is attributable to the transition bandw dth
of the anti-abasing filter. The extension coder allocates its available
bits to reduce both the coding and transition bandwi dth errors. Must

al l ocation schenes allocate nore bits to larger errors such as the
transition bandwidth and less to smaller errors in order to optimze the
overal | performance. As shown in figure 10. the noise floor has been
shifted down substantially. -100 dB for the core only frequency response r
8 versus -160 dB for the core plus extension response 104 and extended
through the transition band. by increasing the core bit rate of 11 19
Decenber 2003 136 bits/sec to 2048 bits/sec and all ocating the additional

-, b .




Note. these bit rates are only exanples of what nmay be used with an

exi sting DTS encoder system The -160 dB noise floor is unachievabl e by
other avail able coders and represents a significant inprovenent in audio
fidelity. H gh Frequency Extension Franmework Figures | 1 a and 11 b
describe a coding fanework that allows the extension bit streamto carry

hi gh frequency audi o i nformation .not represented by thPecember@ffag 10
system In this exanple the digital audio is represented by 24-bit PCM
sanples with a 96 kHz period. The digital audio is first |lowpass filtered
using a linear phase FIRfilter 106 with an integer delay to .renove signal

component s te t t r h| ) tal
filter is t%’grgés{lgﬁ%ﬁgés(%hteﬁgrﬁglao&% d%cpggﬁhas%éh I |‘I%?r§$ wﬁhﬂt’ risﬁ’%g core
only audio oaxthehgcorSumeEplelybabkaiuxﬁmémers tend to exhi b|t a narrower
transition band t hey.their anaﬁf)? cougt er.g‘%:ltg the core only sj gnal can
actual |y be mar gi RAFFIRG FEeqnsTHcted FoTE angiocSighals 28 REfatxt iSHotEaeed 28 fgom 2

systens. Thejefaybd Gdr@i6n 30 aPdke ohﬁlriahﬁﬁuﬂﬁéﬂaﬁiﬁéfd'h@)deﬁyfﬁ(i& Riad@lo thitéh thtSor
resulting in a effective 48 kHz sa nal . The down sanpl ed signal is

fed toSthe dbg eorerm@m@r/dqwder latange swzh that exq'é Hinam ahmqm@frtbsdmodc@ coret
stream pl ac

| east one f(r%g%)% %gF : dﬁI %F?a}} S&%Cg%@%%%%ﬁ&fﬁr%éég?yn Z‘B%a Qxﬁs | 2.
The down saraspinpdmtsgnahe msgm;ilsnprtetgmds lﬁtﬁbsmrfmmielmdgmal tadedtia theeapanbitr uct
a 48 kHz sanpl ed_digjt audi o, st ream.t.hat. has a codi error efore it
can be subtF m&gfg%‘?ﬁﬂilﬁ%ﬂdﬁ%{“ﬁ’&l°r3’163115f—|?°iqﬁﬁftv iﬂ 'd§9§F%éFg“aF SArER pe
first up-sagpédaed 8:6n Bytedidrocider 360duidblgnginghemdh@olgSedhnidued &dh bosubenove
tHe interpol ation aliasi tglﬁnA gain this filtering |s Sui tablﬁ_l achi eved, usi ng

a |inthr phiand odiRe prgrapgiomn Fofingy Froduging|ap exinsign biyskeam gR; Thesxigasion BiLj | |
carries onl y tRe .4 the Ocdr bR stFRAh W BRleCalighed R4 qamﬁp#akéd | & foRAn comfositt does
not contain any audi o frequency conponent’s above 3 e reconstructed
core signal stresunt Herorshén ca tbecheld 00 tfangmittad dhs| wer@te( Stlean@) dependingnghe t he
input si gnal%ui to create the 12 19 Decenber 2003 difference si gnal

whi ch i s pa§ § tE"‘}ﬂlrough a delay 121 and encoded with a 96 kHz sarrpl i ng
encoder 123 to pﬁoduce they § nsi O%Qs Ut SLLe: g‘}] he decodi n dcﬁw [
Sl ar to those HeSERrCRnER il Bros ot palmiRhs gty apriat &
unpaciger 13thewapadlsor isitertitoiihathiee ibfifures feand abd F[i,ewISa §HwSmcuhep stiodlof
extension 5 bit streans to tgel radéégﬁgctlve de pders 126 d 128. In the

saof

case that tWe fEALEISYiSBACTREL 6?"“85?953[“ 10, {put HgRAks i Audiclsa o i s
out put di res&ddnif%ubhév bhplbhEnL 6l th 38 IR, Thlcl 34TiREER)3b shBwt iR sp@s@nt hat

an extension decoder. is resident on the player: the_ decoded core audlo IS
up- sanpl ed efotesignal a@eadec)xmaum%ewr F’I“’PéF’éd Theqapsijo éwaue’awqu 1)
with the ou Ge OXL GRS LAN pdecadphy AR HEISERNE higngit B $h
process was;i %qstgat %t{%ugt ra% I I’ltfl gures 3a and 3b W@Fﬁ* er ence to t e he
gener2dl cor@cmuuesr te xtagehsthe nore cagrsnd race 4Pidgpicts tBaspeRTwS Oétf@rrhﬁersmel:oal t he
frequency s cLrum. of ,the 9 i

clearly con?g “?P%ﬁbhe°n°c‘§°“g'8ﬁp|g§%°z°§@‘§% valtﬂg g&?hg%%o@ﬁgﬁﬂgm%&%ﬁ?@g&e 44,
shows t he sipatitd esouedes bhehsse garad ofahd spectnae abnmepresentehbly hercereendadimche The

Fate i || HERERORB Torae e aad B R i SRS yRedtel D iBRa N BaR | o

unabl e to opel ataditidEitsdagveralloedidd fonfe tesRiidbagy sighilaieod@dude plicCiosset he
spectrum of the differ ence si gnal before ent er| ri.g the extensi Qn encoder.

O earby it foprabihe cors bagdwideh Fag weFipkcagestq P'é%‘&ﬁ"c’:’é‘#aéfn‘hPﬁoaé’é ICHPRSINof t he
spectrum nQf..Le H{ee&&q&l‘éﬂ bRy a{?hﬁlo%}é@ toC@'Sl%Qren& e reDRLNGRELY R4 cKJ"%u%BId(AS kHz.
30 A bit allocation schene | ocat és sone of the extension bits to the
core regi orexand betinbe tcorctrh@llmogmnﬁrfequﬁmﬂ@pemtmmf\l\haf-ssﬂgmaﬂ sindi(FY exeangat ed

in fi 7. h . this bot h th f th di
Isir]gn:'alg]u;ﬁd q“evﬁﬁlﬁgégg\#\ﬂe@uﬁ% 38“119 ﬁuoor |%Q$%e rg&?gﬂkﬁ\g&& SVS[ i Ca"rﬁf gyntégg;edau 1

assumes t hag at-breieba appdil vheralonlyi thsdélay adsbaiaemt ewlhahd: lme endodhgisgstiersodes.
,4n alternative application, as depicted in figurel2. would keep t he total
nunber of bits fixed at the existing |l evels and all ocate them between the
core and extension regions. Clearly an inprovenent in high frequency

performance 136 is traded off again a noise floor 138 that is higher than
the unaltered core noise floor ; 3 up to 24 kHz. I n another approach. any
additional bits can be allocated solely to rite higher frequency spectrum
white | eaving the noise floor in the core region al one. because the




13 19 Decenber 2003 error in the transition band around 24 kHz is fairly

| arge. the high frequency spectrumis preferably defined to include the
Iransition band. In this last case) it is assuned either that the noise

fl oor provided by the core encoder is good enough or that inprovenent in

t he high frequency spectrumis nore 5 inportant than |owering the noise
floor. In either case none of the ex®ension bits are1gﬂ?%@§PgEV?Q93educe
the coding error associated with the reconstructed core signal.. As such

t he encodi ng process can be sinmplified to reduce both the nunber of
conputations required and the delay. which can reduce the cost and
conplexity of the audio equipnent, w thout affecting the decoder. | 0O As
shown in finges e kmowpprgnjag p%e&?m i PRwachHiP faﬁ(f‘sqdv%lﬂﬁcpq% PASUCYlgs 978 t he
digital audj n%5§5@gn§tlinear phase FIR filter 140 with an integer delay to
remove signal Tonponents above 24 kHz. The filtered signal is then
decimated by a factor of two 142, resulting in an effective 48 kHz sanpl ed
si gnal . The down gmp|t@dn@nrgmbaqksvaf¢1éﬂmp@8ul% Wik theapereeplyodrspdery ghe n t he

The doun” SARRESARobRe bl Stk MOcbling LETHR BIFESIQh Ll b PEESE cpass

filtered 1b3pdctvelgnmealsofermartedripal cure plus aklieasiom qranmers [$ech @ dursgtamiit 2d

signal. Again this filtering.is achieved using.a |linear ph Rwth

i nt eger saFﬁSlP%“cGeq%aFQ’."C}FBWE“e‘pfrﬁ'@e? é?oﬁ rcﬁﬁst‘%tﬁl%gi“ﬁ?lggie@t fq[% %Se@a% f‘“@\éma’bnl y

the audio pptnidrefidiarssheled figuré BR & Qoee-Rily deéddentrtedts & sydhral@sion Word ONt ai n

any audi o frequency conponents above ?-i but _wi thout 30 codig%_error.
%)

KHz.
The recons(GORE Cysdiand sleeades tha,eare Jis &) in sorerfielty & typmodycsFore sigjo
versi on of I i b t: bf I i
ol ayed 1, Flified MBBhes blencich GG R MRpRle ) HAREANTLM UMM EIL D e
t he 16xt ensdenddiht nsxr feame. Afhextetisidnateeodse. Homevere rant decedesbhenre biunahdithert i n

Lhe. procestreE iyBRavEREofruth Fhi Bree Sifrco Miia SEHRln, bl REARTHED 11

noi se fl 00gotl metcreeoderrasugamyoﬂeamﬂio:amﬁmsbm thlebeginning exf ahel @extciammoto be
i nproved because the co i'rc}g err.or .liln thg core &nco er IO‘B not reflected in
the differdaseds $ ey frame Sharvist yhe Berade,Arareitl? dredsds SURmIATLPIRGE

al l ocate 'hi'ntﬁghﬂoﬁ R1d VR prodRRaRGhsANANIib hAIHRRobRBH kilpthelaRthualo t he
deci mation and interpolation filters. ~f4 19 Decenber 2003 Filter Property
| ssuids Thetopoeduos bighfqualiny aydie Fhas FurR bithdefing|aingise {igo fonhs seconstructed core pF)
which fitters t.he, si . 1.QL: t > Cﬂlﬂ%r LSl e.Sdgnal s
whi ch cann%’tdwn%lﬁ?%lalcg& e"sPJeabg‘l;evlsdté%te bﬁnﬁgﬁzbgge a ggéﬁch(r#ﬁ&%gméth%e wor ds) .
t he decodeflodr@srosethi: core liandwidiin audrdefimgthe poren flodrsfontie remaigden minde audionake
use of 'thﬁ?s‘ﬁ(lal frequencies. To avoid aliasing effects and possible

degr adat i A998 und quality) this filter will normally roll-off well

"before the trangition poknt. wev ey, h [ftcationasof this.filter,
i.e. its ripplée? frfoé(WsF”t F%Weﬁggﬁgﬁqﬁ.ﬁeaﬁoﬁ@t%%p taS{r?]lr at"ltoelfc'lueté1 (lg%‘ril.onrr%ary be
adj gt ed Boddags: USer a transaliésedrmediarnack asaiCD. qudigitat yersdtdndiak (DVDR 6Fhe
pur pose of the interpolation anti -aliﬁsi ng. filter is si nglb%/ t o ensure that
the i nt er phiiesk Proadcast asteny iAS SO HEWS 3t AYRRE SYTRSER (P hE Sevel of

the al i asi g H0f% MPbribld SlbEhEreatiible bBRgOMRER] 646eh bt ¥ CDTD/D bi diher may be

sinply a replica of the decimation anti-aliasing filter. However, it is
li kel y t hatigitshetoragagkeint unp el Fa0OWB SFRBIARSNAF SIQEYin\fjgure 3b. the composite

bit stream 40 is embodied in a carrier wave 64 that is then broadcast over a satellite. cable

25 or other telecommunications system.

To decode the core and extension bit streams (figure 6). unpacker 66 unpacks the
composite bit stream 40 and directs the core and extension bit streams 20 and 38 10 their

respective decoders 68 and 70. Decoder 72 then sums the outputs 74 10 reconstruct the



tie large in order to ensure the quality of the core signal. As a result it
may be desirable to 15 reduce the size of the interpolation filter to
sinplify the conputation |oad at the encoder and/or decoder. Normally it
will he desirable to keep'the filter characteristics of the interpolation
filters at both the encoder and decoder the sane. Th| nsurg 285 del ays
and responses are exactly matched sUch that the sumd eMoeROBé coder
will exactly reverse the ?0 difference processing in the encoder. On
occasions. it may be desirable to reduce the conputational conplexity of

t he decoder interpolation filter. V%ile this will cause a slight msmatch

bet th d d dec t i bl
Chat t ho. Gk drEHBeaGHh SBahmae 1% PR G & PLBERGR, A d9se 1og LR dbgn.
, Anot her :jcs(? eron"@cﬁ@er' ésxﬁéﬁ?c{ﬁﬁ %h}d b§ Lﬂeh@ﬁséi% @Yd e mﬁtB@xﬁ?t}fe'i&é%Eﬁm did the

deI ay is rent. It nust be ?5 conpensated y either adding delay in
t he ext ensiueamcisaimplyrigndred @od dhe pere rbitageeam. dftcﬁéedpm p"@é@cehbt GOIICSquabwens ure

that the extens I or ,to the
summat i on.2" gnfgs %eg'ﬁrfgé di %dg{sgla?rpg i'ehtd R LHTger% Iograf Sﬂmﬂ?j
schegres deaarm@eﬂeﬁéa@v decodbreare nho shates /| Ae ol dhesadidesssddaindar, diﬂf&emﬁéh thed
extension bit streans are rbltra i the can, be |nat|on
of sub- badgla¥earhbe 2E5oaHRS Feﬁil'b ﬂ{% a‘gl“t?“a 2% fﬂ“hffdflgg%ﬁ & ensi on
approach ggihdag broken 5into two distinct inplenentations. The first is a
bl ack- box appr oach t hat does not require know edge of the algorithm and

| nt er nal Strum‘l"ﬂé%d%nda'@?o?ﬂ'feeco?é)g%e‘cﬂﬂilbfnK&H?H‘é?diﬂ aretttea:spé# iflel ay is

requi red. The extensi o encodi ng) however) can nore éffi CI ent in
cértai n céiges 7.fwhitteplostthe eorgfon aone plus n:gemssorkﬁwmneme@we?i?emdewsu on

coder is desighed to match Codegs.:.T. ack b [oach
assunmes nfs R?Fg WP "SPORC |antne1fr?lﬁgn$?§f lurlgl E”f I’P‘% é%ragphc (93'?/t Bcoder
(codes), gxdieRYystéherodlcays cofe 6:’(1? rmman&mdodﬂto mgnhldmmiea nonsc'lfhﬁr bF ock
di agranms used above to de enera CcO S exte n approach
al so 15 |FHH§§’E‘F’&E%V rHYd glki‘b'ﬁ‘%g? %S&oa“éh““ 1Re é?fb‘%ﬁg {hEoE 3?‘?& ensi on
. encoding ghd o?l@ ﬁe H{a?%%ﬁgmanebmﬁttﬂé YoRQR® siptals fioeucealby the

urs

i nteraction oc orm ng the difference signal_or sunm ng the output
si gnal , V\Mdethsxsmsréueem the edifferency; inetheiagaloa gntiraliasing fikenuse ip e alder of the
int rnaI UGt ure f r Qi S c f the
ext enS| on coc' a%ge%gﬁiééetnlf dgﬁfngtx&ggﬁgx:[ P%Fr{g%g}ag cg {:r?)r ecé‘g@“ég‘m}o wever .
the del ayadinisystdne (mbﬂbtsd rsunbler @hptodgeey a ¢nze posorvension Redio signal Bagnal and

- the input na] are. exact| tlrre al i I h feren nal .is
forned arf 88‘(%7 E‘br“@‘sﬁ "Eh"lf §?1r5e51§‘ag g%p §’f1§’ ge%%ct??djdél Fe-4 "?‘S%e bef or e
they are w&t@mtme serHgar a nbive foe ménp;bryxxmmlemedsanmmax highsr
illustrated in urelli}eaandl éG sto\\rg l delay5|nthe
encoder |'W‘~‘GrQP€F ‘st‘8°‘f?|‘ﬁie’fﬁb t(gher Eefiepaes %FIV ef”h‘s ‘ﬁesﬁﬁ‘é‘é‘eﬂﬁer ' 'S To
ti pg-alien the input signal and reconstruct ed core signal . the input
sib=nal is delayed by an ampunt equal to: el 3VDvx,unauon L:"H

T Dzl ay~urc Encodc:HIGHRESHLUT] NI%@EH@FON ﬂ%t%t‘ﬁ‘t(@ l auon |.P!l" ~

Figures 8a and 8b illustrate the encoding and decoding processes to improve only

_.I

the coding resolution of the core process. i.e. reduce the coding error in the decoded

audio output signals. without extending the bandwidth of the output audio signal. Since

25 the bit rate of existing coding schemes (AC3. MPEG. DTS) are fixed. if a higher coding

resolution is required it would normally require the use of a completely different. non-
compatible. coder to encode the audio signals.

[n the current scheme the existing core encoder 84 is used to provide the best

coding resolution possibie operating within the bit rate constraint ot the existing decoder



6 19 Decenber 2003 To tinme-align the core and difference. signals at the
decoder, the Franme Buffer Delay is set equal to: Delay frame Hutta = Del ay
piffarnm Signal + Delay E,,~t~, on Encodes ~" Delay E~uns, on Decoda 5 A
problemw th the encoder shown in 11 a is excessive coding delay, which is
Codi ng Delay = Delay pu;rtt~ion LPE_+ Delay Core Enc + Del ay_ pi ~' arnce
Sisal + Delay E ~tension Encoder 40 Delay E~;on Decggiéeqefﬂé?r (&)re
Deedder + Delay Interpolation LPF 10 This delay can be reduced. to Coding =
Delay p~,rr,ation LPF + Delay pare Encodes + Del ay pot p~odu + Del ay

I nterpolauon LPF | 5 if the schenme given in figure 13'is used and the

i nterpol ati 2F. 1S erly: desd . B i 0N er One
exanmpl e of (gd?(@(l)dge%lst%élgdoﬁpes&sc%??/g'b ogﬂﬁf)trG ﬁ%%ﬁfsag‘ﬁ-ﬂﬁ@ieﬁkﬁ%’?%éﬁm& 160
i sds hown i nhd ::@itrge&sdmzicaﬂﬁnﬂtﬁh r. iBnirdemofﬂim: cbcﬁngd)agﬁd rlﬁfl cnf\ddeﬁ%r@@i@i@dti! pe
codi ng technol ogy ~0 ich is essentially use t he maj or audio
codi ng sysgéme‘gé‘s?@rﬁh. airﬁcqnﬁgu%gpm St S‘V@Bhéglﬁ‘ﬁfra%%(&st)i  theimmgt | and
MPEG || usgigaatbhaRd s aslhy (900id 8rabro3effirtl al/RESR | dme arficit ;ng‘&iefgﬁgr m

coding. Therefore, the codec details presented here can be apt ed
for the i npigasenihe ewignyddn eneoden82 Aa¢odes doliBerzseaisignal tusingCmere Bbitrary

| npl enent at, | i . i encoder,.160 i s shown
in figure &6@%}%@%?3%%?2&%8%:&5 :cgltr?a die‘sulgf)lﬁﬁEbﬁgﬁddggecgﬂ?gflgedb%wi | ter
bank | 63 i m desésibadabavadin thisocake thislshmplingsiremehcynand the aadic ddadwidt g die

subband cadet .16~ shown in fqiig:ure I geiai The subband bits from each
subband en¥difef °a¥ént FEFMSHAIE FOTBH AR %é‘i“fgigﬁnr%?‘icé‘."[y-i °t?‘.§?eﬂ3&f’enb§ar
2003 The dggdigeds llf@;?inﬁﬁt_ AWV prdVidd it st (IBN- padd Bl ¥4 BB EAH Euﬁb;ge@{ e first
unpacked 170 into each individual subband bits. The unpacked su ang bits

ar e l@hen doeeibaih bgderhe subband decoder 172 shown in figure 15(b) to

produce the recgn ct n i | 1 FL: I | Kerence signal is
reconstructed 6{/% ?I%Jo[l“ﬁll %’Sq@é@?g'ng‘h%?@ﬁhfegr@?én% gkﬁ!’%gﬂo%gr%p%%s the
r econst r uctoempositblirasuears iand aduses thensdirel endoexedmsion itasoearenwate sepafagdeceddr4 () ) ,

the subbant SAPLES AL LLOURCE itk hHPRART ANVl sumthed 1opether 100, (H 202"
sanpl es i PT¥EEH fie o714 (2 PanFioy s o R g summed tog ,
the extension decoder is not present then the core decoder output is used directly. In this
15 example. the extension bit stream can be considered as a mechanism for improving the
signal-to-noise ratio of the output audio signal, that is, by adding the output of the
extension decoder the coding noise floor is reduced. The level of reduction will depend-
on the bit rate al]écated to the extension bit stream. |
Figure 9 shows a snap shot of the frequency spectrum 102 of the difference signal
20 before entering thé extension coder. The core encoding process has a coding error that
creates a noise floor across the 0 to 24 kHz bandwidth. The larger amplitude error right
at 24 kHz is arributable to the transition bandwidth of the anti-aliasing filter. The
extension coder allocates its available bits to reduce both the coding and transition
bandwidth errors. Most allocation schemes allocate more bits to larger errors such as the
23 " transition bandwidth and less to smaller errors in order to optimize the overall
performance.
As shown in figure 10. the noise floor has been shifted down substantially. -100
dB for the core only trequency response 78 versus —-160 dB for the core pius extension

response 104 and extended through the transition band. by increasing the core bit rate of




optimze a set of four prediction filter coefficients. which are then
quanttized using a tree..) search VQ strategy. This vector-quanti zed
prediction coefficients are used to predict the |0 subband signal inside
‘each anal ysis window. Prediction gain is obtained as the ratio of the

vari ance of the subband sanples anq that of the predi @t' on r sig&%. If the
prediction gain is positive enough flo cover the over HEdeeRMPpeE, tting
the VQ address of the prediction coefficients and the possible | oss of
prediction gain due to later quantizatioit of the prediction residual. the
prediction residual will be quantized and transferred. 15 O herw se. the
prediction -esi i : a 1 e
guanti zed alrblaﬂ) ﬁg%lscftgr'ro g%%ﬁsllﬁéga%gcemggztg’gg%% ?@éﬁ%ﬁd%t tl%glﬂlpk %rgnggéﬁlséqodgﬁnd
anal ysi s wiNuvhése binditesatre oy ekdmplepoéivhat inoyy bodeed Mthani existing DTS

conpressed bit, stream__l n i 5 way Lhe .adaptive prediction is dynamcally
activated WREHERYSEm: e ?alt@péa Bm%/eeéﬂ?fés Hﬂ%%&dsﬂ ib¥aﬁd?e6ﬁ"'@}a:bf?rc.°%% aP&
predi cti on Jpadend 8 sififfcas i'mProwa@@cnﬂ addlalfielig. Wi ndow. a scale factor is
cal cul ated which is either the RM5 (root nean square) or peak anplitude of
the prediction residual. The prediction residual is normalized by this
scale factor. If prediction node is not on for a subband anal ysis w ndow.
t he subband sanpl es are anal yzed for possible presence of transients. A
transient is defined as a shHigh BrequapiydExtensien Framewetkneen a | ow anpl it ude

phase and a hi one.  (f ingle scale factor is. u gﬂ-for such a wi.ndow.
it may be excesSFVES f%% a‘?cﬁéﬁf g%-cflg?/élcoglg aé%cwv%?gﬁ% 8"(‘:’§3bese"tlﬁ5’°f’\r,géhsi ent .
possi bl e | gadinng daeryPhigh GFdaGendy dudlty ifdrmation Mot eeprésented derthé @ord tadidgat e
this problem each analysis w ndow js divided, into u 0 a nunber o

. I | | Pt f
subwPndowssystem: Itis qxeaipte thhdigitalandior is pssseris by S+ AN gamples wiharfl ysi s
W ndow | Wcﬁzeﬁé?ﬁdpf‘h% Hsﬁima %S¢ Brst #d]vg-pgs% @&%@ﬁ{g 2006 SHEREENS: Rt wo
scale factors are cal ctilated. one for sanples 1 n t he pre-tran5| ent
subwi ndowswizingh inkegenti¢iay tof removésigpal somporants above 34 kilizn dove thal ke cut-off

identification nunber .of. subw ndow where, t tr. i occurred is then
packed i nt'TIEREY é‘B&é‘bF“Sf {%ﬁesrtlﬁ S UART %ﬁ%@g%f’h%&gﬁ%ﬁgé{dngﬁfﬁgi n each
subwi ndoW qarecorlP abdibi cbaersb)Sindeadigiuh flrspend ity extdbialaenatraoenransitdnebaadal e
factors are antized Io?arith ically, uri nﬂi ei t her 3ﬁ64-|.ev$yl é-fé gh dB step)
or &1 28- |thepghelr anaogigoun r 6 core finky Henal prractiplly hsqnarginglly berer B rate.
They al | ovipd Qfre 51§ sibhRBHIeRistin lefd, Of audi o over a range of 140 dB. The
choice of the quantization tables is enbedded in the bit stream for each

anal ysi s wi ndowhe Hiltesahsignal i) then desimated b dsfagior of eaHibs resulting inchannel s
can be ac I 235%]”_;2, . hivhi hits f I an of a
subband a%a yis‘)fe's%\?\f?-I ndow. &Eg}gﬁﬁf gﬁe EF%E%%gﬁ?égﬁdéﬁgc ‘{oﬁ%x{\ﬁgﬁrﬁ?i l'1ing
al gor i t hmimhematres fashidnhead plowesultidg binsresabiasedsn a fgmelbyfer | i thatrdgtags

applj catigns.. subjective transpare i J L Qv . i

ps yitdn oac o&é‘tsti"cﬁ%fﬁlglegr‘s ?‘geagho%ﬁ ¥ a?frnlee?és?g}{eg gocl)éb%rael%%ms |E1ge ﬁ %Il}g%(% g#n@g fg‘gcgf i 0
(SWMR) for [thehedbbanrdsprddighhianalid fddae dhengpre treeoSvRY 4itmtenotsmacved&kHZ i | 1§ ng
algorithm At |ossless or varjable bit. rate godi ng node.  bit | ocation is
det er mi ne&PRjeddiglial fudioregn g‘ﬁs %F‘%‘%’.‘g Wi‘?'cﬁe%ﬁ%g 5 gee%“bfrﬁ%"%hg‘ﬂt Sation
noi se is BEbieNy O, Ripr ARkEEiBhACR nidt b6 sk dpsumplead 16ak fa a&Br of 2 i source
PCM sanpl es” The bit allocation thus obtained is then ,e;rbedde,d into the bit
stream ?en jpy-gpssiilieras (P oemeYeORe RO RUNDAHT NSaftBHBNH FIETRE IS SWERCEt i on
resizdual s, Quankihg 84RO H.EEFGuaNY WiRlikerer sBrBkaR ! BeRRCkRGidnAL Qilf he bi t
stréam PsychoacouStic research has shown that. above about five kHz. the
human audédmesyordy deanrdivasfsmatian rdd ireibe icong bif sStegpmic ee-iindags NG $AGEEN B t he
tenporal envel.op of the audi 0 Si |, than i o] 5 Sstrycture.
Ther ef or e?44 t(?ﬁ'r‘"y“cP OW%W%@%?& h?? Ffs?é]ﬁ%)és?élstbf&gga t (E)@r!: rr%:""%seét[ﬁég overal |
reconst r ugipieaiied i1del frét dyerpad i 9y wRdigh at Shemingdut aiunaf 12heo hirgle firequency
subbands of a sel ected nunber of audi o channels. Upon decoding. these
11 ' 1l frequency subbands of the individual channels can be reconstructed
by copying this sumsignal and then scaling by their respective scale
factors. If' joint intensity coding is deployed. the sum subband sanpl es
are carried in one of the .joint 19 19 Decenber 2003



channel s (source channel) and all other channels only carry an index to the
source channel and their respective scale factors. At low bit rate
application. the scale factors. transient |ocation, the bit allocation. or
t he quantization indexes rnay further. be encoded using entropy codi ng such
as Huffrnan code. In this case. the total bits actually used after entropy
encoding is likely to be significady | ess than the 19:R¢ecember 2803 | oned
for a fixed bit rate application. In order to fully utilize the allowed
maxi mum bits, an. iterative approach is depl oyed whereby unused bits are
increnentally allocated to the subbands starting fromthe | owest and endi ng
at the highest until all unused bits are depleted. | | O Bl ack-Bax Decoder
Har dwar e | dipEeRehsignalowhilelsi pessechelirough arfeldy 4255 and ehendad| witpe 36-kH24- bi t
DTS decode i ~ I 2 . f i Nng- poi nt processors i s
shown in f%%ﬁﬁggéﬁ%@gngzfg ugb§@§53§é§ﬁ3#5 gg}{":'are" bl ocks and handl i ng of
serial input/oultputecatih@priesansimitar to 1Hospeedosibad eurlitr. PAOEGHAET infigurd P# 1 )

180. The jority of signal processing.operations,required for the

ext ensi on nﬂbc 88 Ff\{.@“g?r e5 -‘g‘glfﬁpiaﬁ%s&ﬁf SO‘PH‘ZS ‘tﬁ%b‘csé‘?%rﬁ ra"‘#ﬁ“gW?)“"?@Qd extfsion

conf§ gur atyigreaids OSthair ThspRevehasddersel 20sHAdes PRt fhe tcasé)ﬂqa?%ikﬂ%?& For
e

the 96%24 "high definition" audio format. In particular for t “core"
decodi ng @agagder fiqesingt axist thejraeansiructed audvp drewperdirestly (2dthivs kiiz @€Maimes to

an extern 8 r e ] rt_ 186 ..0 and connhects to an
SPDI F r ecgjllever Tgénin@ @Er%ggzﬁr? ?%tg}ri\és?% g ?%rd ér. %9%3’.‘{“}9% %aﬂ%’o@‘ﬁ hr ough
t he out putiesoeled abre@odio i4 9g-satdpigd ad @6tkdz (1800 Gowddass fRrededil 52053 sigepder is
done by connecting Processor #2 1o the external nenory bus 194 in a cluster
mul tipr oc&s’ggﬁ’b‘héﬁeﬂ?qt@‘ﬂr"gﬁ\e&’f.te”‘f"r% dtg%é s on-chip bus arbitration logic

al ligws bot h pr pressest E&irﬂ?ﬂﬁﬁfid&gss(?@m&t BlSstratkl§n Wotbdsaa Aidr RAGRHARY De
avai |l able froma DVD player or fromthe DVD transport "mechani sminside a
DVD pl ayefeferppespptie geagm| gofe Olus peesiairgmeworke Féqupela showsi aysnapishastof eam and
convert it PO J e; ! . f SHARC
i1 The | e daRthlnBlch Hrind 96BL: slmbRE g inpl, SB1L DL Sldio cenl? 1
port -t o tdoataies fequeidystomponents enntal 48nidior in figurShARE e shows 2k shactRiee enber
2003 The ck.diaggraml% i.n figure 17 iJ.I u -ratleeii's t.he inco%g dat a

st r eam f | Bul® §igna)i SRE0 eFBARFT &P SOF% PSRdings The Anfliq iffsAvenctfs et R, .
surs ound fiekdd didatsove r MURHZ ranghthe Cdaaipliag Sare SkillSR dropped 66 ABEKHARY thow
Frequency effect channels (C.é_FE) are nultiplexed into three output

streans. SPRTERRrBECAUSE the coE £P PNE 40 & fhepesats 2k thg dugher samplingsfeauensyt put
streanms D 1 Qepidlanb Ubihisn iof tholdbretahce"8 R Yoeftre g i citezasfi&he
appropriate transmt serial ports. Serial ports can be configured to feed
any commeneqdar-|Glearlyaif isAblectoSPPF TR IS A3 FRSPUrces ONIACSS pamh of e spéciimagr am
198 10 1 lodilieBreldhndd ik tatedabd e e 18] haslgliggm 1 ow. The cl ust er

mul ti processing conf’i guration enabl es each processor to access the shared
exlernal ! ! @ bieabcytiensthern® thae giletagassome ob dtefexpnocebisowshe cord tegiomxchange

of data between the twa. processors is forned through._double buffers in
shar ed eﬁ?ci:f%ﬁ 9 ﬁB}gy}rﬁ%He'bcé'rsipF%tu ar“fag?irr% l@%ﬁgl%g% SISOV, dat a
f r om t hebétirexents EDahdwiteh af thetqunnafaadioetorial and fetices el noiRNMdoy ivfheP# 1 to
buffers i block of shared external mepory 'say. block A) using the

ext er nal O%'ér §ioR cHuhREAmRIF Wesltha‘éggf:ﬁ%?‘f@/‘l‘\?é! t&‘ﬁa‘ﬁr?é@%“‘%% ®£t ensi on
subl 5 bagdesamrioas:. fLPertvenbpiRkdoh! AMRpRleR ikisde | b ANSII8 kEQARE foRdn
internal nenory of P# 1 to their corresponding buffers in the same bl ock of

sRared exirepanadl BiEsnbicgd anghe mxistieg dselsr and aienate BRMAbAWYEIMEle efread] i s

used for ISl ensf e : k | .agk 1 diagram ] 1 QK during
t hr curree"grtl%l’!s%’f’éIc ‘?‘?g{?e&{eﬁ@?#@%? ﬁf'bvaﬁép!e@?] é"nhg{ro e@%%?%%c%rlggil%ﬁ%dg%Ts
.franme asf€agaitst ameiserfloed |38 tar {sHegher 2hincbe ned poddioregndiaef flear S8iup thldck B of
shared exter ?. _The schedul ing of

| to.,the i . f P#7
these tr fg’f??'"gﬁ‘nptr“ @?‘irhsaﬁé:‘an[{%%%‘r%{/ bgfeggr[‘(éc?wpﬁleq Olg3n@ B§ W "t hr ough

control fdqudhd §pREnsth &FifledEavitd thePidIeBERNiA theStdt leafdnyalbhte Biosusehaanel s of
96 kHz PCI\% audi o from previous DTS frane. are transferred fromthe buffers

in block D of



shared external nmenory. to the internal nenory of P# 1 using the externs!
port DM A channel of P# 1. The bl ock diagram 201 of figure 20 illustrates
this data streamfl ow The scheduling, of these transfers and toggling of
menory bl ocks (CID) is main done by P=1 through control of 1/0 resisters of
bot h processors. Open-Box Codec | 1 19 Decenber 2003 The open-box

i mpl ement ati on requires know edge of3the internal strlRPgcember283core
codec. The encoder exanples shown in figures 21 and ZZ are for core
encoders that enploy coding techniques using a filter bank approach. They

i ncl ude) but are not limted to. subband codi ng (DTS Coherent Acoustics,

MPEG | and MPEG | and t ansfor di ng. | by (A nd MPEG || AAC).
Knowi ng thé”ioﬁt"bﬁhﬁérla“§f‘?‘t| f-’tﬁir"é" ?‘hgﬁ% fg‘ @BO g"‘é&?’é&%?ﬁrﬁé%’&lsl S
sel ected ﬁg,defg,ggpygigggﬁgqncm&%em,ﬁﬁmase over the care bandw dth, e.g.

0 to Z4 k mat Ches that of the core coder. As a result, the dlfference
signal can be f &r thisl lasn CMelttlﬁ@ﬁmdm@C' mmwmﬁ@pmpm@:@m thd coree tinme

domai n. This educes utations. 10
In the fir §?c°g °°d n%ugthﬂga il &’%%gﬂrﬁg%%g‘s H‘?Jégﬁ{x}c\? BRI anpl es
withs 96 Iq-hﬁomf thad loWbﬁn@lﬂ-gl mme flogh olni either cak daqu@alssf::fthdsicﬁ bitk #4097 toO

reduce its bandwi dth to pel oy ?~ kHz, and,then deci nated Z04 by factor of
t wo, resul?JQﬁ?@feF*ran{FﬁUé?Ff TP g&§°kP§°§‘éﬁ?ﬁl“@§’ E*Fg’ﬁ%ﬂ““ ERSM‘%@

signal i's Lhgnnd efolifh tﬂ}sccepaﬁl BGRYEEed Rfredddrenoth BN Hintet spéomaﬁ%gﬁ in

t he core encoder decorrposes he down-sanpl ed signal into N 15 subbands.

Each subbareduinedandshedda edhichssangeducatheqosiand complaxifyof te apdie ¢Aeipment,

scal ar and/ | ation, and entropy coding techni ques Z10. In
an, opti mum' ¢ Lg&"ft:‘/"gt%ng‘lgfg%mtogger subband codi ng techniques will math those
usedo| n the corgs shooadier figurd he Lb.ssmbctdonghkheﬂ bt firsmlomi-gast fkerigy the digitaln t he
packer. Thi s bit streamis als re subban decoder 212 to

r econst r uUd HHER R EBRH 5‘%“5‘3 f‘é’c gf'gld’? By PIF8eLLEaNP JAMOE Sidlder to

generat e saahgﬁﬂdu@ascfv%mn&& STROAltéred i38al WO HekiBSARRL DY ai RS o182 9Nal i s
del ayed 214 dnd then fed to a two-band filter bank Z 16 to generate two 4S

kHz sanpl aesudlinghiaraa effegrieg 48° kﬁinéamaks»érslssdna’h% Aejvm sampledi igeaipo then fasytot he
same N-ba t s o N
subband s[lgenc{nje &Eogﬁqgéapﬁg?n@gﬁ% tract edqmbré %ﬁﬁ% st? s?%”?‘g ga??é/led Eshrﬁbband
si ghil s 2%pacierdrAét Thecdmeh Sampied bignalos éleenwsdepledd‘*gémar&@ter oh2 asdibpwand

di fference SI naI e difference subband. si | e a,subband
coder 222 ﬁﬁ‘ 1%&5’05&"“5\ %'@%%@ﬁ@ "2%321“8%% tllljépfjﬂé:(rgps g gigligéﬂaf\g?lpomthe
t wo- band fhik m&nb@&kadh&vémsmg aaxdepmc t-'tR twdth xbmgkr sampleGddlay g&a&rme M
subband signals. They are_ then enf:n% a. subband ‘? @ S and pl aced
in the pafHCeRSUTUFkdesignabsulh GaR5s Ry RS 2 Bllﬁf‘]’é‘“%f‘%ﬁ“’cl e caf HhsHRve 22
19 Decenber 20035 hoeWbfthinOihy 86db Freqaétty V@eiiRherds! ABbez0S kHB b@Nd{tkguc €Nt 1 Opy
codi ng. The del ay before the extenS| on encoder is ghven y: Del az + Del ay

~. 120 d f| Feding fngelgvepwm#ipsnddsmm seleaciedc sf’?'ﬂc‘% dglayest 13§hbband
S|gnal S i l ng
junction g?%i%?see éf.(?rgﬁklg@gldm ér&?&: I'n t gﬁg%%:%ngelrmcgdo?fg%qeﬂlﬁ H

si gnal s aemcoded withiai%6dd{Hasamiplipgencoder 13§d0 pradutaige F&m@ﬁldmsslreme M band
filter bank nu ) n N- band
filterbank:. d?% &&gege@ce Begtgve%)%(lﬁu gcﬂ%ahﬁ%g g%u%n?%gidﬁ%etébg%mf%%{ t]étahe
subband Sérﬂ:ﬁaérsanﬁrﬁetb&rupbwpahsaddn &reeprde:!saycede'msatd the déffrencasidnne FThiboband

nal n the | ower band. (I 0 The.decodin roc hown ore Z |
b3 The. Gateaptbies e he Ane: S0or B AR, EHUSST TId DL Byt S3ERRoenanabe N car o

subband Slsegzmﬂdrévedlbfec&dlg R Gl 2o HHEGedSre ehSodabig @Bt reflktddia i @iyerence hese
core subband signals are fed to the N-band synthesis filter bank 334 to
produce cugnsl.addiardinghhdesixassionignacdst Bouidsnos piigsaed s rthe Huves skbasdibband.
signals are fed Z38 with the

di f f er ence"BUHD “hd Fgﬁu5§%§ﬂ§5@§ggﬁgﬁggﬁbﬁgﬁgﬁﬁgZ§Ug§F%%SIOn bit stream
These sunmed subband S|gnals are then sent to the N-band synthesis filter
bank 242 to produce the | ower band signal. The upper band signal is forned
by decodi ng 244 the extension bit stream and feeding the decoded M subband
signals to the Mband synthesis Filter bank 246. Finally, the upper and

| ower band signal are sent to the two-bank synthesis filter bank 348 to
produce 96 20 kHz sanpl ed audi o output. The advantages of this open-box
approach i nclude reduced codi ng del ays:




Encodi ng Del ay = Delay p~~;~~~on LPF 't' Dclay Cure Encoder Decodi ng Del ay
= Del ay oor~ Decoder + Delay ~.b~nd filter and decodi ng conpl exity:
Decoding MPS = MPS core Deecaer + HHPS ,.(,anJ liltar + h~tIPS ~. ,,;", ~
~~i,~r. If the nunber of FIR filter taps for the Mband and ?-band f |ter
banks are chosen to be small enough. tile MPS necessary for the M band and
t wo- band synthesis Mter banks coull# be made snal | er th@acember 28003 V- band
synthesis filter bank operating at 48 23 19 Decenber 2003 kHz.
Consequently, the total NAPS to decode 96 kHz audi o could be snaller than
twice of that required by the core decoder handling 48 kHz sanpl ed audi o.
Open-Box Codec Il 5 If the Mband filter hank is replaced by a N-band one
in Preferred Inplenentation |1, FilerthopatyIdstesr banks in the extension
codec can 6e conbined to forma L-band filter bank where L=il~t+N (figures
22(a) and ZZ(b) Xhe phmosnobhiheetbcimbmnchntitaliaging bawmipassafiitarf (LEF), Lvetdsh filters
conputational |load . f cqsine nodul.ati.on is inpl.enmented, using fast

al gorit hrrs.thel:?‘é‘?f? @195 (%, §esCqse SPEAHIRE,; 1F L FEINE %%ﬁ%évs‘qhnca@%n’-‘wly be

| pl ement atdpaehibd 6% ¢eXore alfBritHARt n titer WOERE tit el SdrSediddnt & theaksunlep the
ext ensi on encoder are replaced by a single L band analysis filter bank 250
and Bhat tmipmmmmqtmge@n@e@bamk%p@wgm@m freawangies.clot avoihalisgiag effeus
subtracted_from.the, | Q) G f- ' to
produce  HEURET B s Elptin 3R ALY, BROMRer i Bty B et bt BEARE
the | ower dtassitionapeiar. ofowéwer,| teaspecifidatian ofathis @itet, hiee. eixt eippiconraasidader
wor ki ng at, 96 k sappl i ., |5 rate covers the sa udi o spectrum as that
of the N bEAEMd-t é’l‘c{rl%%?ﬁ%%ﬂfj FiF8IE e chﬁeardJ%dkFggtﬁe a'fse"ﬂfécp l&g?"%é'?f:pl i ng
rate. In o,;gggsmfyqlﬁaltitbisﬁnggaerre to succeed. it is inperative. of course.
that the filter characteristics of the L- and N-band filter banks natch
eachOocher evenThehpupgsetaiahe wpempoiationapy-aliasing Blagrps isiaply e goaneitas the. The
decodi ng pr < T 22 | ; in
figure ?0 -IQ%?%#M@’Q@?%? X\?ﬁa‘{tﬁ%l%%%{ reeng£ IE%/?& etg%trsm ?cl\tt:lg?& ‘ggn agﬁ%r‘ie&?g%tl aced
Wi th one Llintzefart wiginthieesiesall quaiiey. Teenfite s@ayabedsitiplyt a trémlica exf alns decinnatiod

subbands of the .co decoder 'ar.e.add to the.correspondi.ng.l ower N
subbands @&%‘aﬁﬁl%hﬁﬁ? %Wévf_‘} Heh &%glrvﬁgﬁ fl%o%lmle’“h'i ?@B% g%?‘g‘i’m’} ﬁﬁﬂs"\"pat i've
enbodi menty jpe idGrdbr s @R&r® theltMBrysFelie hos BNk JRSEt ithey. berdeskdbts
variation and alternate enbodiments will occur to those skjlled in the arc.
For l xanplreduce ke sizagfl the ipteraplaton) filter o SHRPIHYE ths FPRiiatios deadat ity engpdsant
standards.andjgﬂggogﬁ.’ passes these sanpling rates may change. Such vari ations
and al ternate enbodi nents are contenpl ated. and can be made w t hout
departing.: frdNomhldy gpyilibe desidable topkeepthe fleerichomeretisiss o€ thedniemodption t he:

appended (Hll%irsnﬁ'both &8 hhdSRIMELdEOME same. This ensures the delays and responses

are exactly matched such that the summation at the decoder will exactly reverse the

20 difference processing in the encoder. On occasions. it may be desirable to reduce the
computational complexity of the decoder interpolation filter. While this will cause a
slight mismatch between the encoder and decoder interpolation processes. it is possible

| that the difference can be made small with a appropriate filter design. Another issue.
which is important. is the delay of these filters. If the delay is different. it must be

25 compensated for by either adding delay in the extension chain or the core chain. Again.

the purpose here is to ensure that the extension and core signals are exactly time-aligned

prior to the summation.



CL~CLAIMSI ~~I S 1. A nmufti-channel audio encoder for coding a digital audio
signal sanpled at a known sanpling rate and havi ng an audi o bandw dt h,
conprising: a core encoder having a sanpling rate and audi o bandwi dth | ess
~than that of said digital audio signal; an extension encoder having a
sanpling rate and audi o bandwi dth equal to that of sagjd-digital io
signal; a decimtion | ow pass filtd (LPF) ( 140, ?nggpﬁﬁgn%Pr?Qﬂg t he
digital audio signal to renove signal conponents above the audi o bandw dth
of the core encoder; a decimator (142, 204) that down sanples the filtered
signal to extract a core signal whose sanpling. rate matches the core
encoder wherein said core encoder codes the core signal into core bits; a
core decoder (24) that decodes theCodecimpiemendtioBs m a reconstructed core
signal; an interpolator. 1 : I _ ore signal
to the extensionﬁéh%gﬂéPégéﬁg%f%gﬁég#gaﬁg%tﬁﬁféggg%ggggﬁkiéﬁ%?qTﬁﬁc?ﬁat
filters theardpsadipion ditrseennsire adtieaty cthatds.shgnedn Hecanverombinadtioh eF pub-indon

al i asing; and,a sunmy ng node th subtracts the filtered signal fromthe
i gi tal - Audiasing: SENOTDIUAmEL ARy BEHEEH CareaR iih SFTTILT BRFOEhI%R &% CEtkéon
encoder encgasoldifingi indidmdeRiond. Thafird i DblaX-BAS igHtodthitBar ddes nol Ayuire

muf ti -channel audi o encoder of clains,. wherein said core bits define a

noi se fl oorkrowiedghef thecabgnsitirn and inwraaletycyretf the comscodes oalydknewiedgawi dt h,
said extensjon bits r L af i i I rQss

encoder's ath i %%ndﬁ&#d{shhﬁéuﬁggdg?? %ﬁ%ggn %§F§°§“4’| %e?’gr&?h%é B’éﬁgﬁ\ er of

t he ext ensieffici ¢oeetairscaedif thetmndevbfitdre encoding 19 kivmwme atdkthe 2R128sidn codee

mul ti-channel audi o encoder of claim1, wherein said core bits define a
noi se fl oors ¢SHEERE PEEBHst ruct ed core signal across its audio bandwi dth,
sai dygxtension bits being allocated at frequencies near a transition
bandw dt h of said deci mati on LPF and above to define a noise floor for the
remai nder of the extension encodeBlackaBex Gogendwi dth. 4 A nufti-channel

audi o encoder fgqp, B0k B0 Apbthlld AP ARl SPMR! iRl sBudiflOF (RATP! 1 NG
rate and havi ng an audi o BARdw dt , conprising.
core coder/decoder (codec), except the delays of the core encoder and decoder. "The

block diagrams uscd abave to describe the general core plus extension approach also

.15 | illustrate the black-box approach. As shown the core and extension encoding and
.decoding processes are completely separate. The only interaction occurs when forming
the difference signal or summing the output signal, which occurs entirely in the time
domain. Thus no knowledge of the internal stucture of the core codec is required nor is
the choice of the extension codec dependent on or constrained by the core codec.

20 However. the delays must be selected such that (a) the reconstructed core signal and the
input signal are exactly time-aligned before the difference signal is formed and (b) core
and difference signals are exactly time-aligned before they are summed at the decoder.
The currently preferred approach as iilustrated in figure 112 and [1b is to put all of the
delays in the encoder in order to minimize the required memory in the decoder.

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

delayed bv an amount equal to:

Dela_v,,,,,m = Delayocuuummn LPF T De!aYCurc Encoder ™ Dela}/cx-rc Decader ™ Dela_\'lmcmulmmn L.pY.




a core encoder having a sanpling rate and audi o bandwi dth | ess than that of
said digital audio signal; an extension encoder having a sanpling rate and
-audi o bandwi dth equal to that of said digital audio signal; a decinmation

| ow pass filter (LPF) ( 140, 202) that filters the digital audio signal to
remove signal conponents above the audi o bandwi dth of the core encoder,

sai d deci mation LPF having a transi®@ on bandwi dt h ar otthBeca@ben083

bandwi dt h of the core encoder; a decimator (142, 204) that down sanples the
filtered signal to extract a core si.gnal whose sanpling rate matches the
core encoder wherein said core encoder codes that core signal into core
bits; an interpaolator (T16) that upsanpl es,thia core signal to the_extension
encoder sanpl i ndorame-atign H§r5era 2pd dBfReECa Sigd Scfﬁr%c QF‘@%% theshrame ButEs) at i on
LPF (118) t £ .he reconstructed core signal to renove

i nt er pol ati%yﬁl{sgtselﬁ%%;t&and a summ ng node that subtracts said filtered
signal fromthe digital audio signal to forma difference signal, wherein
sai d extension encoder ~encodes the _,_dpglfgrence Si gg?ela%nto extension bits
and al | ocattYisrredufs,~ DEIAY offrarSwplon. BAFMCHER AN L 5% Seecr o=kt end t he
freguency range of the encoded signal. 26 19 Decenber 2003 5 - A

mul ti-channel audi o encoder for coqding a digital audio signal sanpled at a
known sanpli prablemiveituihe caradegowR 13, g 1§ ererTehNF aeding MEhagy: a core
encoder that ex d.c a _core. si | . fromthe digital audio signal
over an audio bgél‘g\g\lh&?fﬁpi ntgglggPeémﬁﬂLgF, Egg@scéﬁgé =Core.encoder including an
N-band filter bank that (12D8RydeeampascsPeiakeeanenaignBElay nimiobsubbands
and N subband coders (206‘_, 2110) t hat _ﬁlﬁgﬁgate the core bits, N subband
decoders ( 212) that reconstruty e N SUbHAY L4l es to forma
recqpstructed core signal, a summ ng node that fornms a difference signal
fromthe reconstructed core signal and the digital audio signal in a

t r ansf or m biis §eiBpeAbedeEEh® and an ext ensi on encoder that encodes the -
difference sig o xt } bi ts,.Spi xtensi on encoder matching the
core encoder 0\%¢é¢gagﬁdi ?)5%%.!?1 v(nma‘f"?f“angug}cl)?rf)%&??%ng a two band filter bank
(216) that splits the di diReldy coudicaiesi BElAY miendaan lrover and upper bands;  a
N-band filter bank (218) edquivalent to the core encoder's that deconposes
“the digital audio signal in the lower band into N subbands, “said summ.ng
nodes exi stifthg sthesredgivandh digavet 1Sns used and cledererpoiationdiRbris properly déstaabdand nodes
that subtract the reconstructed N subband sanples fromthe digital audio
signal's N subbands, respectively to form N difference subbands; h' subband
coders (222) that code the N gidickeBESefisibh@adert 0 form the | ower band

extension bits; a Mband filter bank (22 hat deconmposes the djgital
audi o signal i @neramplpef 2 Bedrg hatios @ﬁ%&hﬂgl,“kdﬁﬂ" ‘%WB&H?P"EE)L&@ (229)
-that code fhg, M §URRENISHE 95 f PRiTCbER YRR QRRfer bank type coding technology :
| 20 which is essenﬁally used by all the major audio coding systems currently in the market:
DTS. Coherent Acoustics. MPEG I and MPEG II use subband coding. while AC-3 and
MPEG Il AAC deploy transform coding. Therefore. the codec details presented here can
be readily adapted for the implementation of the extension codec used in the Open-Box
[mpiementation that are described later.
23 The extension encoder 160 is shown in figure 14(a). The difference signal is spiit
and decimated by a filter baﬁk 162 into N subbands. Each subband signal may be

encoded using a subband coder 164 shown in figure 13{a). The subband bits trom each

subband encoder are then packed 166 as extension bits.



extension bits. 6 - A nufti-channel audio encoder for coding a digital
audi o signal sanpled at a known sanpling rate and having an audio
bandwi dt h, conpri si ng: 27 19 Decenber 2003 a core encoder that extracts
and codes a core signal fromthe digital audio signal over an audio

bandwi dth into core bits, said core encoder including an N-band filter bank
(208) that deconposes the core signid into N subbandd9ddecambeb®®d coders
(206, 210) that generate the core bits, N subband decoders (312) that
reconstruct the N subband sanples to forma reconstructed core signal, a
sunmm ng node that forns a difference signal fromthe reconstructed core
signal and the digital audio signal in a transform or subband domai n; and

an extensi on engpdgl 508931368%‘%51%%{[h@xr@'lﬁ(tﬁr%@xtmnﬂ&&%rﬁ%ﬁd’b‘kb@n bits

sai d extension enco mat ching the care encoder over its audio dwi dt h

and conpri $7Thiggo eashlindiziddalf yubband Winkhe 2ERAcked sibbard: Siip arsdben dreodedgby al
di
o o ST B B ek BT 4RR 07 AR, MOIPRELr U BB o Lkl

filter bankgon eFindllys ty dlﬂ'&ﬁﬁceﬁu@ﬂaahd’ecortsmdecbbly‘rl‘dmnglgr‘tﬁde_vrﬂh’dsstﬁlttg bardsi de

sai d extension coder and Conﬁé@ﬂ subband nodes that subtract the
r ecorst r uck@PvRF Be FIFRTUS he digital audio signal's N subbands,

respectively tqup&igs MmN sgbtfai'ﬁ "eﬁ%@@r @éwmﬁ) the SubBRRN ik S giodpedtinidhal

code the N di fference subbands to formthe | ower band extension bits; and M
subband cm@hb@d(azﬂa;xstw:a@owﬁadbe tshiband Sapblgn dr cach 9forueh t"ﬁ@dQ)‘ﬁp?éP upgsht@

extension hits. 0
reconstr ud)cpf‘ﬂ’cjzerﬁﬂef AT)FE‘" 3ﬁ8‘cngpﬁgénrn% ?f‘t:é‘;% %m&a ddtr&htqggggﬁ{zfé ER%%ach
audi o changgth WasstRRdEd. THisalectar-yinmuneds pregiction coefficienm drehesed a:npxadxdt the
bandwi dt h, conprising:.an ker f in and storing the bit
stréfm a fsrbhesd stenal wiside ea‘ij’ag'ﬁ St %‘éﬁawf ?%?ﬂl%‘gf‘ Feingiohined &S e R8I havi ng
core bits angh ARt @E Shiand 5&&3@»& tRGt GF tBY PredWabAl ré Rl Xt G predicBht S,

sai d unpacker extracting said core bits and detecting said sync word to

extract amgdinsisipesisive enhesheset eavst ghe bY‘tl‘BcadaOfcfé%féWéS)d@ V@ address afii@ecore
bits to f L
Its 1o Tof reé‘éc%ia%rgo{lﬁ&eﬁ ecog’egﬁ %’olé '1& redzcﬁg %ﬁn @E@ Fg&ggghtx%ﬁ of

ext ensi on Ptf g on sto
the prediction residual, the predxctxon resxdual will be quantxzcd and transferred.-

15 Otherwise. the prediction residual will be abandoned and the subband samples will be
quantized and transferred. The use of adaptive prediction for a subband analysis window
1S indilc'ated by £he “predi'ctiofx mode” flag in the compressed bit stream. [n this way the
adaptive prediction is dynamically activated whenever it is able to reduce the
quantization error. . '

20 [f prediction mode is on for'a subband analysis window. a scale factor is
calculated which is either the RMS (root mean square) or peak amplitude of the
prediction residual. The prediction residual is normalized by this scale factor. If
prediction mode is not on for a subband analysis window. the subband samples are
analyzed for possible presence of. transients. A transient is defined as a sharp or rapid

23 transition between a low amplitude phase and a high one. [f a single scale factor is used
for such a window. it may be excessive for the low-level samples which precedes the
transient. possibly leading to pre-echo at low bit-rate mode. In order to alleviate this
problem. each analysis window is divided into up to a number ol subwindows in. The

. position of the transition is located in the analysis window in terms ot the analysis



reconstructed difference signal, said extension decoder having a sanpling
rate and an audi o bandwi dth greater than said core decoder; an interpolator
(130) that upsanples the reconstructed core signal to the sanpling rate of
t he extension encoder; a low pass filter ( 132) that filters the upsanpl ed

reconstructed core signal to attenu?ée i nt erpol ati on %;lhaSi ng, and a
sunmati on node that adds the reconst®ucted differencdhHacem P@ggp3to t he

reconstructed core audio signal to inprove the fidelity of the.
reconstructed core audio signal and extend its audio bandwdth. g, A
muf ti - channel open-box audi o decoder for reconstructing nultiple audi o

h |'s f 44 | ed at
oo e BB a8l FEATRAS Ueror ey B Gl SR WY B G120 e KB5S o @
(230) for rsaawhndgws andathe ostteofamge phe-thnsiemtsubaindawts Theidesdticadbn auﬁxb&E)

each of salﬁL;l S, |ncI a core field (56) having core bits {61 ) and
an extensi &h ®7 & n?%) g %"%ﬁ?ﬁ@cﬁﬁﬁeﬂl Bn@eR Paekes o Bha sncoded dit

unpacker e%&éﬁ?tkﬂ&w%?dsd%%%&'dtﬁn@lg iedaer tsuh@ind Ya¢m 6
extract and separate the extension bi tsl Iﬁéﬁéoslrue sugwdarg r@eco séy(%g) t hat

decod® t herespeaivepeate fagtors. N cor e subband signal s N extension subband
decoders (240) e e S itsyinto a.lower tensi on
subband si gnal s; eget ga(r%g?so%gs Q’ag T'gm}ca”(fﬂf)g ?Wﬁ adﬂy&ﬁ% rir‘)’redé)

ext ensi on kxh;n)sorianaa-leml (IphéB sivp)avdoes'qmmlablabdiaaﬁﬁxﬁg @i ®leShit Mies TRER LGP nodes

that sumt qucore sub and signals to the res ecr;li ve N extension subband
signal s to"Hﬂe £ of 2uAip aNer APpERPL140 eichpica pf the qpantizadon 248)

that synt hﬁsﬂe;@%ﬂb@@dé}!lﬁeﬁm&hé&nmew%awwnao@nd the M extension
subband signals to reproduce a nmufti-channel audio signal. 29 19 Decenber

200309 . The mbBit rllegatiem a¢rossuall axbbewd@fralbthmhsmaa be achemplisheé uingtaer is a

i U o Nea i pESRARNE: U Hnd Ul Ue S b Pl Mo of P i Bler o

claim & V\hppkﬂcatlhms fihd water fiiting aigasitim aperiieban dhe pdvteeroflﬂwéubbmmscrbﬂmw
conpati bl t he N core subband decoders, that synthesizes the N

-conposi t e%‘dﬁ‘ﬁéﬂ%“?ﬂ@?ﬁaf@”cﬁﬁe FATSRARGE GOcing S B%lm“é;xm%p% hercRESticzes t he
M ext ensi @Ral$4ibbRBH channels to obtain signal to mask ratic (SMR) for the subbands and then

15  feeding the SMRs into the water filling algorithm. At lossless or variable bit rate coding
mode. bit allocation is determined by a quantization step size. which guarantees the |
- quantization noise is below some pre-determined threshoid such as half LSB of the
'source PCM samples. The bit allocation thus obtained is tﬁen embedded into the bit
stream.
20 After bit allocation. the subband samples or the prediction residual is quantized
and the quantization indexes are packed into the bit stream. |
Psychoacoustic research has shown that. above about five kHz. the human
auditory system bases its perception of space imaging more on the temporal envelop of
the audio signal than on its temporal fine structure. Therefore. at very low bit rate mode.
25 it is possible to improve the overall reconstruction fidelity by encoding only a summation
of the high frequency subbands of a 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. If joint

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



signals; and a 2-band filter bank (248) that conbines the outputs of the N
and lii band filter banks to reconstruct the nufti-channel audi o signal.

-11. An article of manufacture for use with an existing base of first
gener.ati on audi o decoders that are capable of reconstructing a core signal
up to an audi o bandw dth and sanpl e resolution and a devel opi ng_base of
second generation audi o decoders hd® ng a I arger audil® Besembat R003
conprising: a portable nachine readable storage nmedium for use with said
first and second generation audi o decoders; and a single digital bit stream
(40) representing a nufti-channel audio signal witten onto said storage

mediumin a core plus extension format,  said bit stream.conprising a
sequence thWﬁ!éHF%ﬁ‘fczé‘zé’“FF@rﬁ’g ?Jgﬂr'&recg%rﬁmgsf only; Wr%é‘ld%f‘n‘el 'ﬁ‘aiSﬁtj“a core
field (56)chameingd hetrGbsesivecscieifsbiqrel ) i medi ately proceeding core bits
(20) and an extension fields, (58) havi n% an extension sync word (60)

i medi at el y pr otEed pigrass arakisaun. ghe SaleIay9rssEReak Insalifte therbikelosatising s

def i Ni NG a0ples ugholiflon' BdeddiCmbf GARRLT B LRELRE" Birfy Dy ACIARS shdheaaudi 0

bandw dt h of sal I'rst generation audi o decoders, seguence of
ext edsi on Huffsiaf codehbr thissfaseitmtotdh bits e¢tuadlyf used afteroantropy etvedingrie likeiyg ader ' s

audi o bandw dt h_.an efining a noise flo far.the.r i nder aof the audio
bandwi dt h B SRy JFs B he o oo A petcfer & e B 36 towlenighr 003

12. A digidér avdilg slilgieathecaarbidemtakimutn GRE ke liteviive ppraath 5§ Mgpleysequence
of synchroni zed franes, each of said frames conpri si n%sg core field having

core bits Whrieby usessiarainsmenidlly pdlpcalzd toghe subkardsclasupgitpathe lestsanpl e
resol uti Orbgﬁr}gdiﬁ%gtf&i% g%rﬁ!:s‘?'ﬁnfil'ﬁi Shul@hiRGrSfepfett£NSi on sync word and

extension bits t esent an extension audio ' signal that extends the .
audi® bandwi th and, or increases the sanple resolution of the core signal.

13 . The digital audio . gignagl of clai wherejn said digital audio signal
conpri ses one and onl yBgﬁ‘g"ggfg)%%%ﬁéﬂ%éwgfeE'%f@ﬁ‘r%%l"fgd_ frames. 14. The
digital audi o gnghmpietenatiah Gf 4 3\ihetanndl, BakHz SH-bit DTSedetoddr operingides a

core sync word. . 15. A nethod, of encodi ng a . mlti -c,ha&gnel ?i gi tal audio
si gnal ~ safprleHSARCA 2k F1a4iAS AR PRESSAUR IS AR N akeUstrd il 6-2Banttli e h t hat

el Nt ai NS GRORRGL B Micbk~ bibbdBnd HaA kO P AR Inpul/b Gbud BRA' Al @udli 0
decoders Whi e pProvidi ng hi gher quali gr?‘/ sound reproduction with second
genr at i opedonttied idRrockssar, #ic D | Bi0ngThe &veiqsis ffsignab prasgssingeopficaionsl audi o

anpi i ng. (0 Fr b gRenfR PEREE e KA BTRE PR BTTRINCIY LT
' " configuration allows a simple hardware upgrade path to be considered for the 96/24 “hign
definition” audio format. In particular for the “core™ &ecoding only, it is sufficient to use
Processor#!l. which interfaces to an external memory 184 through an external port 186
20 and connects to an SPDIF receiver 188 and three SPDIF transmitters 190a. 190b and
190c through the output serial ports 192. Upgrade to the 96 kHz. 24-bit DTS decoder is
done by connecting Processor #2 to the external memory bus 194 in a cluster
multiprocessing configuration. The SHARC's on-chip bus arbitration logic allows both

processors to share the common bus.

The digital stream may be available from a DVD player or from the DVD

19
ta

transport mechanism inside a DVD player. A SPDIF receiver is necessary to receive the
diwital stream and convert it to an appropriate format to feed the Rx serial port 195 of
SHARC P#1. The incoming digital stream is transterred. using DMA. trom Rx senal

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



rate matches a core sanpling rate; in a manner conpatible with said first
generation audi o decoders, encoding the core signal at the core sanpling
rate and the core audio bandwidth | ess than that of said digital audio
signal into core bits wthout aliasing fold-back; using a first generation

audi o decoder to decode the core bsé to forma reco fé) uct e 8 si gnal ;
upsanpling the reconstructed core cSnal to an extens ecemher %8 Pate;
31 19 Decenber 2003 | ow pass filtering the upsanpled reconstructed core
signal to renove interpolation abasing; subtracting said filtered
reconstructed core signal fromthe digital audio signal to forma

difference signal:,encadin fe at.the extensy on sanpling
rate and an ext Z#s?@ﬁ‘ gﬂﬁm‘% I{)and {ﬁﬂ%§?5%? Hs mb gls&'cﬁ‘f‘aWalss’éudl o]
si gnal ; andedadekPOm! id‘t&m@(ﬁdixﬂeﬂohﬁds n@hdcﬁahmeleé{t Rmsnuﬁau:bj let dnfltsOrréundirighst r eam
in a core plus extenﬁl on format ich th g.eratlon audlo

decoders cainasis (HePRhapd e dad 11% BrEChHE §°tt° a’l“’é {Gelfte apnmuliglesedsi gnal
and the  sgeopch QRARE StdaRi. mqﬂ&?ﬁﬂﬁébmcﬁa&%@&} e hdag t&gf.&féfgh&, plus

t he extensmn Itsto repro a higher quality 10 SI R et hod
of efcodi ngreammffan maméiuffdusgnt @chﬂoningm%BHé&ﬁ)lPéd tatthaamqnmzc
sanpling rate aving [ a intains conpat.

with an exminﬁgseﬂgspém&f SFPds&%gagﬁg%gg }g%f?r&%ﬁ%lpoo?eage%ndﬁg?rgn\ﬁﬁf e ab'?lk@}cdl ng

hi gher QUGSFDIYt&ﬁsmdtefs@r[mEmtl on with second generati on audi o decoders,

conprising: ' s.filt i tal dIO sig to r 5|gnal
conponent s abo EREi Eé}é ’6‘9%%}{8\)\? blﬁﬁ“'atg%l °I”H°{‘1¥r°r USR] -ﬁﬁ
transiti 0&1&?&9%%&%9&&1@&%@9 ERatssGalh Praiekabith Recadoie sﬁé@@éﬂt&ﬂaﬂ he

filtered signal to extract a core signal whose sanpling rate matches a core
sanfl i ng rma¢mqry iand 4/Qragaissers o6 ptt piscessoist W heagxehange saf berwetrothe gwdi o

docose . SRR ok A B b AR SR Bt o BBFDT
wi t hout alsixashangels @f dicbel Ie,udiap&amfromgh& IuarremrB'I'Sl fepd  ateoransfeevet effcth on
. sarrpl ' ng rxr?tter%alt r?lcrfngtryr%fal’#[ It extsugltae glogi? EJ? sha rgcp gl(témal memory (say block A)
using the external port DMA ch_annel of P#L. In addition five éharmc'ls of extension sub-
5  band samples from current DTS frame are also transferred from internal memory of P¥1
to their corresponding buffers in the same block of shared external memory. Again the
external port DMA channel! of P#1 is used for this transfer. '
As shown in block diagram 200 in ﬁéurc 19. during the current DTS frame the
~core” and extension data' from previous DTS frame are. transterred from their
20 corresponding buffers iﬁ block B of shared external memory to the.intemal memory of
P#2. The scheduling of these transfers and toggling of memory blocks (A/B) is done by
P#1 through control of /O registers of both processors. Similarly the six channeis 0f96
kHz PCM audio from previous DTS frame. are transferred from the buffers in block D of
shared external memory. to the internal 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/O registers of both processors.

Open-Box Codec |



filtering the reconstructed core signal to renove interpolation aliasing;
subtracting said filtered signal fromthe digital audio signal to forma

-di fference signal; 32 19 Decenber 2003 encoding the difference signal at
the extension sanpling rate and an extension audi o bandw dth equal to that
of said digital audio signal into tension bits, said extension bits being
allocated in said transition bandmﬁgth and above to eld Begertheri208duency
range of the encoded audi o signal; and packing the core bits and the
extension bits into a bit streamin a core plus extension format in which
the first generation audio decoders can extract and decode the core bits to

repr oduce an aﬁ‘glegpfsflg ?r;ﬁal ndc&tg&e nsreg‘ol[:&g ng?,e{dgg pﬁleq ;ﬁﬁc LEmgan

extract the co I on rep ro uce er gual ity
audi 0 si grafe coddc. Ae@ﬁ&daexdeﬁfnpradhowtﬁmﬁgmﬂgza ammzz aracﬂoameleneuddtsohal gnal

conpri si ng; recervrng a sequence encoded fr of sa

i ncl udi ng empiyredingdenisnes kyng2 8 %b@gﬁep%?fh%f&g?‘ﬁ afﬁ'%g‘é‘ﬁﬁe g core

bits and an %EﬁHSdogmﬁfrr?rsieobe!mngcaﬁuwn\ﬂpecommﬁyma@ml anfTReBLe! Y

proceedi ng ‘'ext ensi on : etECt;$ng e core sync word to extract and then
t

decdde t heoding éDblby s‘\(l'-ntaadaMPE@oH Kaowsethsulgﬁqmal swucrre of i eqre

t dt t
econst r UEReRCH S apon B0k rileER LOTEERAAE R AAIRC B e ©

bandw dt hpgHdeddS e.f.h@tb wkldz,cmm'ehdsitba ofu]psetrrplcbdrg tAmaa rasulnrtbd: diffetence cor e

| toth t ted diff I d |
age 1 | BERGaR W deipl B8 TRBHONR O SRBE COTG A Of e iTeAnarE

i nt er pol af,QRefbdsARée &aouﬁizgﬁaélay&mmsumag:ﬁcbm fialiérgr ed and unsanpl ed
reconstructed core signal and the reconstructed di fference si

redénstruct the thafitsk exampindie digial audiq irapresented byyd-bitPeM m%&‘fhgdl 0
cnFor g b d ik Ul 6lud [nEnads: MRlak 2hng, RATRAL) bl /(1 on
qual i ty Sisldned 20 eigitzn diud theardevimaeds 2@ byd a damter eff twon resullic ideosffestye 48ai d - 33
kHz sampled signal. The down samplcd signal is then fed to the core encoder 206. The
.~ N-band filter bank.208 in the core encoder decomposes the down-sampled s:gnal into N
135 subbands. Each subband may be encoded using a muititude of adaptive prcdiction. scalar
and/or vector quantization. and entropy coding techniques 210. [n an optimum
configuration. the subband coding techniques wiil math those used in the core encoders.
The resulting bit stream is then placed in the packer. This bit strez_m is also fed to a core
subband decoder 212 to reconstruct subband samples for later use by the extension
20 encoder to generate subband difference signals. ' '
The 96 kHz sampled input PCM signal is delayed 214 and then fed to a two-band
filter bank 216 to generate two 48 kHz sampled subband signals. The lower band signal is
decomposed by the same N-band filter bank 218 as the one used by the core encoder into
N subband signals. Each of them is subtracted 220 by its respective subband signals
23 reconstructed from the core encoder to generate the subband difference signal. The
difference subband signal is encoded by a subband coder 222 and then placed in the
packer 224. The upper band signal from the two-band filter bank is fed to a M-band filter
bunk 226 to 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



19 Decenber 2003 care decoder conprising one of said first generation audio
decoders and said core encoder being conpatible with said first generation
-decoders. 19. The mufti-channel audi o encoder of claiml!8, further
conprising a packer that packs the core bits and the extension bits into a
bit streamin a core plus extensi on format in which the first generation
audi o decoders can extract and decdfe the core bits t1® Peeemhetd0dd audio
signal and the second generation audi o decoders .can extract the core bits
plus the extension bits to reproduce a higher quality audio signal. 20. The
mufti-channel audi o encoder of claim4 , in which the encoder nmintains
conpatibility with an existing base of first generation audi o decoders

whi | e provi @rediftengiraler audh Va9 aEaHZRtoB PRI NIeRY wPding.s Bodeay befereathe on
audi o decod -sAal Ee.: er conprising one of said first generation
audi o decodg%é%ﬂéarﬁéggg%?ése%gf&gagncoder bei ng conpatible with said first
generation decoders.. 21. The rdlay + Oebynsls mideh Delangodes, #f ¢l ai m 20)

further conprisi a packer, that packs.the core bits d the extension bits
nto o bio 5 ek Rl fite o BRR SR o abtior B L ot gy
gener gt i on @eliafgikd G0 d@hfitAfneidn 20t (s Ene 2 AEp. t Neche Aedodet EigurL2 1(BRF 0duce

an audi o signal and the second generation audi 0 decoders can extract™'the
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230 and decoded 232 to generate N core subband signals. If the extension decoder is
absent on the player. these core subband signals are fed to the N-band synthesis filter
bank 234 to produce core audio. Otherwise, this step is ski-pﬁcd and the core subband .
signals are fed to the extension decoder _23;6 and summed 238 with the difference subband
I35 signals decoded 240 from the extension bit stream. These summed subband signals are
then sent to the N-band synthesis filter bank 242 to produce the lower band signal. The
upper band signal is formed by decoding 244 the extension bit stream and feeding the
decoded M subband signals to the M-band synthesis filter bank 246. Finally, the upper
and lower band signals are sent to the two-bank svnthesis filter bank 248 to produce 96
20 kHz sampled audio output.
The advantages of this open-box approach include reduced coding delays:
Encoding Delay = Delay pecimation LPF * Delay Core Encoder
Decoding Delay = Delay core pecoder + De€1aY 3.band titter
and decoding complexity:
Decoding MIPS = MIPS core Decoder + MIPS aband titier + MIPS 2.pang titeer-
If the number of FIR filter taps for the M-band and 2-band filter banks are chosen
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to be small enough. the MIPS necessary for the M-band and two-band svnthesis filter

banks could be made smaller than that of a N-band synthesis filter bank operating at 48
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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
descriccd. numerous variations and alternate embodiments will occur to those skilled in
25 the art. For example. the sampling 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 claims.
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CLAIMS

1. A multi-channel audio encoder for coding a digital audio signal sampled at
a known sampling rate and having an audio bandwidth, comprising:

a core encoder having a sampling rate and audio bandwidth less than that

of said digital audio signal;
an extension encoder having a sampling rate and audio bandwidth equal to

that of said digital audio signal;

a decimation low pass filter (LPF) (140, 202) that filters the digital audio
signal to remove signal components above 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 the core signal into core bits;
a core decoder (24) that decodes the core bits to form a reconstructed core

signal;
an interpolator (116) that upsamples the reconstructed core signal to the

extension encoder sampling rate; _
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-channe! audio encoder of claim1, wherein said core bits define
a noise floor for the reconstructed 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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4. A multi-channel audio encoder for coding a digital audlo signal sampled at

a known sampling rate and having an audio bandwidth, comprising:

a core encoder having a sampling rate and audio bandwidth less than that
of said digital audio signal;

an extension encoder having a sampling rate and audio bandwidth equal to
that of said digital audio signal;

a decimation low pass filter (LPF) (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 signa‘l 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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subband samples to form a reconstructed core signal,
~ a summing node that forms a difference signal from the reconstructed core
signal and the digital audio signal in a transform or subband domain; and
an extension encoder that encodes the difference signal into extension bits,
sa.d 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 filler 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 coders (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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sy 100/&' (§206L.2)0) #hat _g@lm&Bthe core bits, N subband decoders (212) that reconstruct the N
subband samples to form a reconstructed core signal,
a summing node that forms a difference signal from the reconstructed core
signal and the digital audio signal in a transform or subband domain; and
an extension encoder that encodes the difference signal into extension bits
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;



T@IL09BE ()-9' 1096& ()- 10 10 105@L0%& ()- 1 |
109& () -! 9&0$109VE () - 9ga?~ @LY10! Y $10965& () - 3M 1096& () -

3' 10968 ()-! Y$10965& () -zIy! 109%B& () - |

10958 ()f)~- 88L}" 2~ @Y10' 109%6& ()-" M 1096 () - 381096 () - I(:; &|$10%15n5& ()-F

M 109%6& ()-!dY $10%5& ()-3L[uv4ll O 9p810% : & ()-z ! 10% &

110% & (§) 10% & ()- 10}5}5 10}5}5 10}5}5!)$10% 5} 5& ()2 Decembef 20081! C .
110% & ()-y F$10% & ()-3! F$10% ()-3!1 %40% () - | |

Y10% & ()-1*H 10% : & () - 3#v~YdEUV4A1! G- 1 10% & () -ysl +910% & () -) 10% & ()-Y($

10% & ()-8&10% & ()-3% 10% & () -f &R~ >1! C &IA0W/E& ()-! 10% & ()-9' 10% & () -

10: 10:
10:1'10% & () -!'0$10%&' () -Rt zX6~_>1!!] &4 0%cPc& ()-I I 3@940%BnB& ()-!! P&y

0%& ()-!!" &A0%J& &80 ( Il
T 1o% & ()-L: 10% & g&)e)& 10 :def%é&sa hf%f}?%g?fs ﬂ?’c 5‘@8@@%} i sk%ogﬁ‘”“ a
& () - 3~) Rappstrugted) ffm%&sr(gyml s@idheReripiol de08ded Haying a $%bBA }mgla d an

! st Wt gl 7 O T 0
0/200/((\%&'&'( %3 ! #iég%})%{l{? ?Lrlrttlirﬁﬂaﬂgé? 1{3!1 %(%at’ u;?sﬁﬁia g,(c%) éfr%?% &b )sxznal to the
9* 10%/f \Fagngling!rateiod dlserextension emmdeﬁ.O\ 10\ L6310% & ()-zI "P11& 10%& ()- 10hh
a low pass filter (132) that filters the upsampled reconstructed core signal
to attenuate interpolation aliasing, and
a summation node that adds the reconstructed difference audio signal to
the reconstructed core audio signal to improve the fidelity of the reconstructed core audio

signal and extend its audio bandwidth.

8. A multi-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 into 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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10. The multi-channe! audio decoder of claim 6 , where the filter comprises:

an N-band filter bank, which is compatible with the N core subband
decoders, that synthesizes the N composite subband signals; '

an M-band filter bank (246) that synthesizes the M extension subband
signals; and

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

* alarger 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-channe! 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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signal.

13.  The digital audio signal of claim] 2, wherein said digital audio si gnal

comprises one and only one said sequence of synchronized frames.

14.  The digital audio signal of claim 12,wherein each said core field includes

a core sync word.

15. A method of encoding 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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encoding the difference signal at the extension sampling rate and an
extension audio bandwidth equal to that of said digital audio signal; and
packing 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.

~16. A method of encoding 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 quallity sound
reproduction with second generation audio decoders, comprising:

- 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 2 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 t0 form a

difference signal;
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extension audio bandwidth equal to that of said digital audio signal into extension bits,
said extension bits being allocated in said transition bandwidth and above to extend the
frequency range of the encoded audio signal; and
packing 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 bitg to reproduce a higher quality audio signal.

17. A method of reconstructing a multi-channel audio signal comprising;
receiving a sequence of encoded frames, each of said frames including a
core field having a core sync word immediately proceeding core bits and an extension
fields having an extension sync word immediately proceeding extension bits;
detecting the core sync word to extract and then decode the core bits into a
reconstructed core signal; o
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 thé 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-channel audio encoder of claiml, 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.

19. The multi-channel audio encoder of claim.18, 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 genération audio decoders .can extract the

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

20. The multi-channel audio encoder of claim4 , 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
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.



