COVPRESSI ON OF AUDI O SCALE- FACTORS BY TWO DI MENSI ONAL TRANSFORVATI ON
Background of the Invention: Field of the Invention: The invention rel ates
gener al | ywoaotoma1f4bel d of conpressed or encoded di gital pamaiseomsiogssat s and
nore particularly to audi o conpression that uses scale factors or floating
poi nt representation to represent audio signals. Decription of the Rel ated
Art: A nunber of nethods of coding and decoding digital signals are known,
and are typically enployed either to decrease the bit requirenments for
transm ssion and storage, or to increase the perceived quality of audio
pl ayback (subject to a bitrate constraint). For exanple, some such as DTS
coherent acoustics (see US patent 5974380) and Dol by AC3 are in comon
comercial use, as are nunerous variants of MPEG -2 conpression and
deconpression. In any digital audio representation, the signal is
periodically sanpled, then the series of sanples are quantized by sone
nmet hod to represent an audi o signal. In many codecs (encoder/decoder
systens), the signal is represented by a series of quantized sanpl es
organi zed as a tenporal sequence (tine domain representation). In other
codecs, the sanples may be mathematically transfornmed by any of a nunber of
mat hemati cal nethods, to yield a "frequency domai n" representation, also
called a spectralrepresentation or a transformrepresentation. Such codecs
are often referred to a "transform codecs”. Wether the encoded
representation uses tinme domain sanples, encoded spectral values, or sone
other transforned series of data, it is often found advantageous to adapt
t he nuneri ' I aves-bisi e the
avai l abl e @WW%‘%@%&%}% gl%g@usi ngﬂégiﬂsﬁ‘%{q%r s. Each
data value is represented by a I or "and a quantity paraneter which
is understood to _be nmultiplied by the scale factor to recover the original
dat a val BackamouadofthetnveatieRiet i mes referred to as a "scal ed
representation”, sonetines specifically a block-scal ed representation, or
sonetinmes as a '

Field of the Invention:

5 The invention relates generally to the field of compressed or encoded digital audio
signals and more particularly to audio compression that uses scale factors or floating

point representation to represent audio signals.

Decription of the Related Art:

10 A number of methods of coding and decoding digital signals are known, and are
typically employed either to decrease the bit requirements for transmission and storage,
or to increase the perceived quality of audio playback (subject to a bitrate constraint).
For example, some such as DTS coherent acoustics (see US patent 5974380) and Dolby
AC3 are in common commercial use, as are numerous variants of MPEG -2 compression

15 and decompression.

In‘any digital audio representation, the signal is periodically sampled, then the
series of samples are quantized by some method to represent an audio signal. In many
codecs (encoder/decoder systems), the signal is represented by a series of quantized
samples organized as a temporal sequence (time domain representation). In other codecs,

20 the samples may be mathematically transformed by any of a number of mathematical

methods, to yield a “frequency domain” representation, also called a spectral



"floating-point" representation. It should be apparent that floating point
representation is a special case of a scaled representation, in which a
nunber i swoeprigaezwed by the conbi nation of a nanti ssa a&ad/usSz@oesstz The
manti ssa corresponds to the quantity parameter; the exponent to a scale
factor. Typically the scale factor bits may be represented in sone

non-1i near schene, such as an exponential or |ogarithm c mapping. Thus,
each quanti zation step of the scale factor field nmay represent sone nunber
of decibels in a |log base 10 schene (for exanple). Al though the use of
scal e faepxese:ﬁtammamnsfedncéprgsmtaﬁohi Suclatwleceqraiofteneeferrédto & r ansni ssi on,
in a "forward-adapti,ve" codec it is required to transmt the scale factors
in some WBAMEEN C4ECFoner bit rates the transnission of the scale factors

requires a S'\Vﬂ!ghbﬁﬁ@ten&ﬂ"e@l 'rélﬁeééﬁtahhﬁ uSdseinAd dorRaih shpRs, ehdbded spedtfal
uc

desirable to re mber of bits required to transmt the scale
f act or s. valites, orssme othremtransfoiroed sesiss ofidatatibistofies foundmdapntageous ta #deltni t a

2705 “Beh ot B SRR M el

sanpl I'S re err oas floatln

poi nt. " dakve tRéfreRncddta Ksi‘&smg@mfa@mmeEMtdwalﬁmislrem’esmmlrﬁyl aahleon and
the need to reduce the bits required for transm smg gf scale factors. The

success faetor #nl a euanigRAsamSter 3’|h§fé‘l i updsseperbio begrultiplied bytheskale f3fincy
behavi or regévei he o? ?hataa)a.ﬂl &Sl Igﬁ'sarlnfﬁg@ BSdoRidk ﬁhe@ 5&9@?9& t-had +senges. Summary
of the Invention: e nvention 1 nc

es a met encodi ng, a nethod of
decodi ngnepmﬁdltaldﬁ&damwmaaﬂahﬁealbrtaiﬂagesammrmmseﬁM1wnmm|a@mmahed

Cound0; ek CompReREion b pomuebn 2! Baise hERalRtiN 2 o

product of,.gi5CAL 6f £§&a.tl&f reﬁf@eﬁﬂh@rﬁ‘?@@hﬁh‘%%&?&?léI‘éjdresélfﬁ&i Beihgod i ncl udes
the steps of- receiving a digital <ignal representi ng$a sound; organi zi ng

sanpl es ¢amttnattonlof ashantissa anddixpofierdndhe nmetmsaamem@ fosthey gu%tm@r urality of
T RSB TR SEAL R T B i e ooeh e
of subbapgresiHaPInSonR3WA- 1P aIhdmS| Gidhlas b pxRmentd or Yepacithniic neppamt | ve
subband f requency range and conpri si g{ raﬁetlélrrgea Srgquéseerr]lggongé m?rlfll éroofsanpl es
wi t hilA sBhus, each quantization step of the scale facto y rep
decibels in a log base 10 scheme (for example).
Although the use of scale factors commonly reducing the bit rate requirement for
transmission, in a “forward-adaptive” codec it is required to transmit the scale factors in
some manner. At lower bit rates the transmission of the scale factors requires a
20 significant portion of the overall bit rate. Thus it is desirable to reduce the number of bits
required to transmit the scale factors. The most common prior approach to this problem
is to transmit a single scale factor associated with some larger plurality (block) of
samples. One variant of this technique is referred to as “block-floating point.” This
method strikes a compromise between optimal quantization and the need to reduce the
25  bits required for transmission of scale factors. The success of the technique is largely

dependent on the time and frequency behavior of the signal, and signal transients present

challenges.

Summary of the Invention:
30



subband frequency range; converting said subband signals into a fornmat
expressing each filtered audi o sanple as a product of a) a scale factor,
repr esentwo 20m/d1sigal e factor field and b) a quantity fipelrdiS2e0epozsented in
a quantity field; organizing in two dinensions the scale factor fields of
sai d subband signals at |east one tile corresponding to each frane;
processing said at |east one tile with a two di nensi onal orthogonal
transformto produce for each said tile a respective scale factor
coefficient matrix (SCM; conpressing each said SCMto produce an

conpr essed cGBfdineéreion induddsys; methdd pheicodipgsamsthodms decosing, €8éaf i ci ent
matrix in a.data,format for .transm ssion. The decodi ng net hod includes the
st eps off@ R‘i‘%‘?@eggﬁag%&}e%ﬂn-data packet to separate encoded scal e factor

data and encopgle &AL nethiiroviddes afsoasFicBmptdising adkgtidedsariesifaedt or dat a
to generate a plurality of coefficient matrices; transform ng eacg of said
coef f i citepteseriingiacseundin an udéy eNTARIALSIGHBISIEMMYEPIS HIATHUR)ISTEPTes orm to

obt ai g Cgar glrloglréc%![oiéfa%cﬁf faﬁ:%r.ra%ﬁ%ﬁﬁg%ogﬁte%lc ragti hOmeMIATRLTidESfe sRPSBID! I Ng

sai d subnatrices in a e&a?rarre matrix, by concatenating
sai d scaeeeilingtatigitdl Bipatl reprseritinga sourdietrgamiting samiples mtmatdéast phesndio
correspondi nghto atilin tterp used in known aSnco

19, pa . r: and ..
r e- quant iraneghe fams camprifiag agluatiyyqttemporglly sqqyenfi é%ﬁ%f’ EPLEE &R uant i zed

scal e fagt ot | rp&sif I§rafityOSfagiapmRNY Séuestidl hhplke for
stori ng%ggﬁﬁﬁgu@g;@ﬁ?gﬁ& tr?%rslfl éhqgfﬂei rﬁl {eygc(;:h sgrrpl}é ?qsu répresgnt ed as a
product info aphkieaite of subband sigukls, each subbpuhsigna) representatiye of peespedivém has a

d le factor data field wherein at |east : ' ; fact
o onBoauiroayt Bt ifenant fmPanee s Jokar ke BRIEE N Flngsgle, oot ors
factor ca@bhhdfreqilenBPtdnigs; convektig daiartibbandfsigehl intac foethagxpressingdadhat a

quantities. Brief Description of the Drawings: FIG 1 is a hi ghéj rq\:el
synbol i cfiléradradio stmplege aareduct efia)anssaledrctph repsessaisd At a seale frctardiedvent i on,

oL TG RR, ARRa ot B ol SR Ghagar o
r epr esengqald fabtop fields datdAd sEiband signals nekepsinde tife ¢ooreaporling to eath frame;

15 processing said at least one tile with a two dimensional orthogonal transform to produce
for each said tile a respective scale factor coefficient matrix (SCM); compressing each
said SCM to produce an compressed coefficient matrix; and packing said compressed
coefficient matrix in a data format for transmission.

The decoding method includes the steps of: unpacking a received data packet to

20 separate encoded scale factor data and encoded quantity data; decompressing the encoded
scale factor data to generate a plurality of coefficient matrices; transforming each of said
coefficient matrices by a two dimensional Inverse orthogonal transform, to obtain a
plurality of corresponding Scale Factor submatrices; assembling said scale factor
submatrices into a larger frame matrix, by concatenating said scale factor submatrices in

25 apredetermined pattern of tiles corresponding to a tiling pattern used in a known
encoder; and re-quantizing the scale factor matrix to obtain a decompressed, requantized
scale factor matrix.

The machine-readable storage medium is suitable for storing encoded audio
information, wherein each sample is represented as a product of a scale factor and a
30 corresponding quantity. The medium has a coded scale factor data field, wherein at least

one matrix of scale factors is encoded by a two dimensional orthogonal transformation



scal efactors separated into subbands and organi zed by sanple tine, with

di ffering subbands distributed by frequency on a frequency axis, and

di f f eri ngwoizoeg1024gani zed by sanple tinme on an orthogonaCTtisoeomniesy FI G 4
is a high level procedural or "flow' diagram showing at a general |evel the
steps of an encode nethod in accordance with the invention; FIG 5 is a
procedural diagram show ng specific steps of a particular nethod of
conpressing scal efactor coefficient matrices (SCMs), this particul ar nethod
useful in a particular enbodi nent of the invention to conpress SCVs in FlG
4; Fl G iftoiascale faaarembeffadiernd inzgrisyand mowiantty fiebdimcluding éngadest dathe et hod of
FIG 5, including steps to further conpress SCMs and quantity paraneters
for tra¥A¥&Son t hrough a conmuni cation channel; FIG 7 is an exanple of a
data format suitable for packing a franme including encoded scale factor and
audi o quantity data for transm ssion or recording; FIG 8 is a procedural

di agr amBxiefilPesgriptiomof the Brawiags:scal e factors and audi o date encoded by the
met hods of FlI =7 F i - Pk ural di j; of a
particul ar e d%t‘rseﬁ“,gh?ﬁ%%sﬁébﬁ%‘?&eﬁ g&é%ﬁeg?ﬁg% %Jp%&gggeﬁlﬁﬁc‘?gﬁﬁ egodi ng
scal e f agitipthe imnegtian,diith faictiond eadatbs Byowhes bietkspds of FIGs. 1-7; and FIG
10 is a procedural diagramof a novel nethod of notch renoval. seful in
the context JHG: Rés #BYR 1Qﬁlagﬁ@cﬁfiar€§n§‘ﬁéﬁﬁl qeqogar ap aggor 8?"1‘%‘(}Hbescri ption
of the Lpvemtion:The invention will be described in the context of a
"subband codec” which i's to say a codi ng/ decodi ng system that organi zes
audi o sanpl esFIGo 3 soargraphigrreprebattdtionrofrdetaueateix, corcespondingrto. a wbirix of

ticularly, the description bel owill t . | e th f
oo I mestaleBiters Separean e RoROBRREAOL STESRERH OF REMR G ek Ol S8 Bc t hat uses
di gital dibbifak dRaRed By AERRNRY 8n @ MigdaRndisabe diffetiap @nek Bi@ndeBbyr al ity

of subband signals said subband signals decimated to yield critically
sanpl ed ssulpleaimic shgnattbogoriabtime\a&isti on is not linmted to such a context.

my Tor thi s ot ROk egrgerll b JER e fbpo bR kAR R me <

steps of an encode method in accordance with the invention;

15 FIG. 5 is a procedural diagram showing specific steps of a particular method of
compressing scalefactor coefficient matrices (SCMs), this particular method useful in a
particular embodiment of the invention to compress SCMs in FIG. 4;

FIG. 6 is a procedural diagram showing a continuation of the method of FIG. 5,
including steps to further compress SCMs and quantity parameters for transmission

20 through a communication channel;

FIG. 7 is an example of a data format suitable for packing a frame including
encoded scale factor and audio quantity data for transmission or recording;FIG. 8 isa
procedural diagram showing steps to decode scale factors and audio date encoded by the
methods of FIGs 1-7;

25 FIG. 9 is a procedural diagram showing steps of a particular embodiment,
showing more particular steps useful in decoding scale factors and audio data encoded by
the methods of FIGs. 1-7; and

FIG. 10 is a procedural diagram of a novel method of notch removal, useful in the
context of the method of encoding shown in FIG. 5.

30

Detailed Description of the Invention:



codec (specifically, one which uses a mathematical transformto organize a
tenporal series of sanples into a frequency domain representation). Thus,
t he techmvoueny/udeseri bed bel ow may be adapted to a di scPeTaSc@9i0ns12
transform codec, a nodified discrete cosine transform codec, Fourier
transform codecs, wavel et transform codecs, or any other transform codecs.
In the real mof tine-domain oriented codecs, the techniques nmay be applied
t o sub-band codecs which use digital filtering to separate a signal into

critically sanpl ed subband signals (for exanple, DIS 5.1 surround sound as
described in ”DSlpmrélmm Vﬂllwzdesgdvedn@lﬂ‘éil@eme@%% supbangtfwdeel’ which iter st ood

L ot o sl BT ARP &Y RN el brdafiBR LIS O AR, DR fcIBRP and decode

nsm SSi on syst em an encoder,

transm sgéquen& aidng time? Hdotb(}fwdlﬁimm aieydedexistibarbeloh éllustrates by sgamplechannel
may conprise or include a data storage nmedium _or nmay be an el ectronic,

opti cal , thepseefia m@mepslaa%lﬁpelefaewr SPIRRTFESION HE ﬂ‘ﬁﬁPﬁtﬁXfaOfé‘t sHthah s um may
b d
€ cogsi &&gftﬁq' ne s | igébagﬁf H%&ébana_ B&4ib's ?ﬁg{ﬁh ﬁletaﬁ HABP&IbbARY siphdls ude

open Or C ose ast, or an wor k t opol ogy. Encoder
and decosghid subbhid b@ale@mimhned te giehl aitihlly kanpled subhand aigealso f’r’bb enentary to

one anot her . FI, G hows a top-|evel e zed dia e encode
syst em i RVeRtiogisReidimijed (9 sppRa CARFER %?ng Ng?gech%’tqﬁ?ﬁ ge Soé’eﬁ’e{’tﬁp CFEr novel
enbodi m*ﬁmefonhf&ed@d%@ﬁﬁh rﬁéyefog KM PuipBleond ddnsideraacipbaal oksé bf £h®habd 6. A
digital audio signal of at |l'east onhe channel is provided at input 102. For

pur posescaiec (dpﬁ@ﬁpadlbe an¢ vhichusess mathematigal traméfoamgp pganizgd temppighal

repre ent s. si cal heno a d, mhlch has
been @on%’l‘aw al“ﬂ{l ?ﬁ’p#%"c‘%eﬁ‘% Ig?lélr{alpr 8&86%@21 ’hll fglege%nﬁﬁég f or mat by
Anal og/ Digittigdd BePsv &i: a?lbérhdaﬁted usandisaﬂeteyco@rrepfaa@feﬁﬁeddecnmmﬁﬁécydlsaam og

filtering, digital tering, and other pre- process | d be led to
m ni m zeC@meéﬁnﬁ@m%ﬂ% Fonaer, transfosmirodecs; yavgletirans ée‘@r P’b %r i s
known in I é onal

| i near tr%%?o suc E;heln% anzogﬂﬂl ﬁl‘ggﬁ‘%ﬁg‘%g‘ﬁ‘gfg s Tl red

mul ti-t ap)pphml ka subblsamd, codesl wisicls uﬁa dhgml fienikg 1d Sepaie & Isngnwlyn@mrmablllx/ be a
bank Of Conqef gt ac{ gllgr(lgj? 8{)1(?1 é)yarn?plén [Sfé)r fslulrrtogrrlg 'sound as described in US
patent 5,974,380 and elsewhere).

It should be understood that the method and apparatus of then invention have both
encode and decode aspects, and will in general function in a transmission system: an
encoder, transmission channel, and complementary decoder. The transmission channel

20 may comprise or include a data storage medium, or may be an electronic, optical, or any
other transmission channel (of which a storage medium may be considered a specific
example). The transmission channel may include open or closed networks, broadcast, or
any other network topology.

Encoder and decoder will be described separately herein, but are complementary

25 to one another.

FIG. 1 shows a top-level, generalized diagram of the encode system in
accordance with the invention. More details of a particular novel embodiment of the
encoder are given below in connection with FIGs_5-6.

A digital audio signal of at least one channel is provided at input 102. For

30 purposes of this invention, we assume that the digital audio signal represents a tangible

physical phenomenon, specifically a sound, which has been converted into an electronic



Al ternatively pseudo quadrature mrror filters (PQVW) such as pol yphase
filter banks could be used. The filter bank 110 produces a plurality of
subband swgrralo/mut4put s 112. Only a few such out puts arePshasm009/0036hE
diagram but it should be understood that a | arge nunber, for exanple 32 or
64 of such subband outputs would typically be enployed. As part of the
filtering function, filter bank 110 should preferably also critically

deci mat e the subband signals in each subband, specifically decimating each
subband signal to a | esser nunber of sanples/second, just sufficient to
fully respgrmhenn‘tdmdsto guidital foromtby dunleafdigital sonversiah, andrpitablypie- Such

t ech t t db
RE . (v f sroebn sngbe Benbn ol At Rl P Blocets BRAR S O
unkn OVV”)az REMR rﬁﬂﬁfﬂ%%Bsm%@bﬁﬁdtﬁﬁoﬁ}th‘éﬁ@aﬁﬁﬂ)c&slﬂg&frrdi@,Iids $s ke{oWreint i ce
Hal |, Sg f or exanpl e ubsequent to filtering hy 110, the plurality of

s ubband the gﬂ’f\aﬂlﬁ aiio %lgm}mﬁ}’sheﬁgp@éfl%@‘hﬁ %Poryﬁﬁwf@é ln‘%ﬁré%ﬁ%ods% &d) are
conveg t oy, I %tll"ﬁ fhéndlt & afhssﬁﬁé g%\ﬁﬁ n%?’ A d18%ank rhngfylgﬁ iPhals. each

sanmple i's"conve resen on co i'sing a sca actor (encoded
i n scal el 10ashizh rim}t §1)1tah]yd)e6a mamkra)tf cbmphmreatmy Quadmtlmc surronfildexs.a b| ts). The

scal ef act ors ma pi.cal e quantj zed | i near | a e I n
deci bel SAltGrRRRY XJPf’(eH@‘P q HQB?%%%E Hé]ﬁ(p{f fﬁé Sshoul d be
under st Qo d fiadseli henes #iel Wl@?rb&c@ﬂ&'ﬁiurilﬁy bPsubHaad Sleaslt Rfipdts TEE t he

quantity parameter, provided the scalefactor is first decoded to a
|'i near r@niryeasfewtsath ou@utsm@ﬁ@mnmd@mutﬂh@@@hpué@rﬁaw thet gonverted

into Vi oatin o I, S nd a manti ssa,

cacn1?n i ua??&nfjﬁ‘a@inaﬂ%% g o AP T R RGERY 1 %

appr eci airgsloped St W the fiStéihg firktibREilRE baklhBLo dHaeld pipfekably glsal 102 may be
point format, provided that floating. poin

provided in ro
processi qulcalsly éﬂtp Sﬁetge ﬁ@bb@hé signalf yseashrpbhasd, spgpificallndesimpdng saehassi gns
scal T oGhph QM 87 BRI BERSaEn 8 B R sepi o
f r equencgignag hlﬁ&‘ach%u'abaﬁidtﬂ @mc:avmmjgi hg§ufch lmjhmqms &etkmowan itheedry andaarbi t
e e . B b B AT B o o
error " MyBE s Q1WA 840 8REL ! SVaRSAndtRan, Multirate Systems and Filter
Banks, (Prentice Hall, 1993), for example.
Subsequent to filtering by 110, the plurality of subband signals 112 (comprising
sequential samples in each subband) are converted by module 114 to a scaled
20 representation. In other words, each sample is converted to a representation comprising a
scale factor (encoded in scale factor bits) and a quantity parameter (stored in data bits).
The scalefactors may typically be quantized non-linearly, for example in decibels, then
further encoded for example by Huffman coding. It should be understood that the sample
value is equal to the scalefactor times the quantity parameter, provided that the
25  scalefactor is first decoded to a linear representation. In one common scheme, the
samples may be converted int:O provisional floating point form comprising an exponent
and a mantissa, each in previoﬁ.sly designated bit fields.
Alternatively, it will be appreciated by those will skill in the art that the input
signai 102 may be provided in a floating point format, provided that floating point
30 processing is employed ty the analysis filter bank 110



set a bit rate subject to a predeterm ned constraint on a neasure of error.
The initial scale factor assignnents are prelimnary (in other words,

provi si onsiboml1yz49and nay be nodified |later in the metrou/USTNG/ 08353t e
factors assigned are assigned in correspondence to a non-linear based

mappi ng, such as the decibel or other logarithmc scale. The data
paraneters (manti ssas) may be assigned according to either |inear or
non-|inear mapping. After conversion to scale factor/quantity
representation, the plurality of subband signals are further encoded by
encode nodul eMadifie 1 Thessigms acatafaches emt date galgmeteny bastd anwprodsipnalf net hods,

i ncl udi ng_t andem cqnbi nat i ons of t ho I nt ended to . decr bi t

require WSW“PB@&HH?%?W%F@H%& Sncg’ﬁwglfﬂ;.COIE%%g@pg?eRt%agselfégtg%ﬁet hods coul d
be used, frlpbndy! sich 28%RABOENd MAkiAORNYHIE AREaatively,d biralltostiorchenti ve to
the extent thaf the method can exploit known perceptual characteristics and

| i i t at i conkd befuskd thahsdvba fd eRjimiTh eompa ESEsAY ObICCHIREY ARDECtIARADITEET | s
! S8 7 Bnptlatyt ey TR 1908 S RE (AMISEICEE S VMO QI S2R 401 ©]

t he stal eonft&a&?to(Fuc a 'S assocCi ated w ata paraneters on a
sanpl e het 5 BiTRdte skH&ot %) a piedetermined pomsteds iong meduleef2A0r. Theiniadscalé onal

scale factors in each subband are grouped into.franes, re specifically, a
"frame" _%f:t05%mn§a@ﬁwr_é§m%arzﬂéﬁ%_W%g%,mva%lwk?lﬁxﬁﬁa%ﬁe upon
sequent i 3483 Redrah i HHethd.! TRe %a[@f&éﬂo%éighéﬁ@re%@ﬂ%ﬁédeﬂ‘é@ﬂ%f)on meeeci fic

met hod of arrangenent into a series of matrices is discussed belowin
connect i ora nointlinef ased\niappingsutbas theidgnibkel grattheandgzarihmicsiealen Tha detag. 1,

corresponding tg four "tiles," other nupbers.of 1iles coul.d b oyed, or
onl y?i s?%?j?%erts&ném&%ﬁ)&nﬁe DBy 1%{?961@1%%%%85{1%9'h a)%t%,1 a%gﬁlgécal e
factor conpregfiéOborREH Lo kéAe o iaNli S reprabent@ne theatirality oflsebtpmafl er abl y
grouped into a plurality of matrices or "tiles" that are smaller than the

di mensi osignabs ara fifrtherrencodad By gheadgimaedplef 16| Thesdatamay b engodst by ag¥kof g o

represent the fr Ih cale,f WAl :

speci fi c‘é%fﬁe?Y @&%H?%eﬁcgugﬁn&%aﬁ%e@%ﬁéﬁ?ﬁéﬁ %ﬁ}ﬁﬂyéﬁéﬂg{egg%pﬁg%ggggeﬁvt use of a
t wo- di merghiediadnt by desdl ki droef ehfrdpy PLefsyoabdsglelymatheds chulebs usedabutdi scr et e
cosine transform (DCT). This operation prgduces nodi f i ed scal 83act or
matrilx réprepeded kgt lssrmebods wepldibe mote ?‘§¥Vefﬂg“e[§'(’5’fenﬂl}fﬁ§’fed??f§ scal e

factor maffdy 1o§tr1§1fo%rp%iﬂceb&aﬁala&mer&ﬁeé &id BRitMors ¢ hilinGh 8BAridERITHX) IS then

further procésse
encoding of the data parameter is incidental to the invention, which primarily concerns
the compression of the scale factor déta (which is associated with the data parameters on
a sample by sample basis).

20 Next, in processing module 120, the provisional scale factors in each subband are
grouped into frames, more specifically, a “frame” of subband samples is defined in two
dimensions, based upon sequential associations in two dimensions: time and frequency.
A specific method of arrangement into a series of matrices is discussed below in
connection with FIG. Although four signal pathways are shown in FIG. 1, corresponding

25  to four “tiles,” other numbers of tiles could be employed, or only a single tile could be
employed in some embodiments.

Next, in scale factor compression module 122 the provisional scale faétors are
preferably grouped into a plurality of matrices or “tiles” that are smaller than the
dimensions of a frame, said plurality of tiles sufficient at least to represent the frame.

30 The scale factors are then modified (as more specifically described below in connection

with) and compressed by use of a two-dimensional transformation 124, preferably by a



and encoded (in blocks 126) to renove entropy. Details are discussed bel ow.
It has been found that the scale-factor coefficient matri x can be

conpr essedoebgwitiiseant |y after DCT transformati on. The ecmuprse@smadeszal e
factor matrix is then stored for transm ssion (nodule 128). To prepare data
for transm ssion, the encoder nust decode the conpressed scale factor
matrix (by decoder 129) to reconstruct a reconstructed scale factor matrix
(which may vary to sonme degree fromthe original "provisional" scale
factors). Using the reconstructed scale factor matrix, the Encoder next

r e- quanttivpedimhmsional disazete ensbisarapstommiDESD)( Thisprsrationorediges empddied Final |y,
the conpressed scal.e factor. mat.rix I acgur
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mul ti pl ex@pr i (PéfbRed VERIES Shalk-fhaion cpeffieitht LAGIX) i hes Arthetlpicdedsed mat  or
"packet"” which is then transmtted. Alterpatjively, the d?ta f%rrrg%eéfrepared
by the iamdeneddsd (indslogls 126pioagmene sntieRyh Dstals BEUSSGAERALQMN Hihag wor ds,
for purpose LG ' ' : : ' may be
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mani pul akdnefosmatich. Chinpesessad stabpfactyir veatrixids gien stared fontrahsmissionnder st ood
that other "layers" of encoding nay be and generally woul d be present. The
conpress(é‘@d& '2§)-packets m ght be further mani pul ated as required by the

transm ssion %@&@eg% M P I GREsiSRARE ERoHE RERISEHe thaEhHSSeAgcdé t S,

parity bits, I'ts, or other changes to accommpdate the network and
physi cal fapoy siatrid (byalgeoder d 29)todeccastracingasansirasied sealecfactormatiix gelbelet s are

not e subject of the prese application, but ersh by t hose

Wit htlaki Ry &ﬁyttﬁéomgpwgﬁﬁogﬁl? Oﬁgnﬁaﬁé)r?‘é@&n@e g %?aéw ?’heﬁ %[Qaé) g’et ransni ssi on
system daluiaeh side fictor ek MBEERYodee f&it e quaie tietiglaansubbgldexed (in

ot her words, data fields are unpacked fromtheir multiplexed format) by

denul t i pasdes (Foguantige madulsdd@)-sEiaply fthe empressed serle St TR SQIFRSHET uct a
e pr ocHebT kbl PE e B £ UoBER f rolikRiGBERE Mty Y TEVELRI D

or matrix. The steps dre described in
gr eat er galtipldxet ehyoitultipleen h32)twithncovhpiesset Gatafharabinetera intb Gonpe alata foymat

araneters are al so decoded by, aquantity. field decoder 206 by, a,net hod
E onpllénesh Pagket owiichiis thep tr,z;g@r%'g@gmggte aelyotlhe data format preparecf/ by the

invention may be stored on a machine-readable medium. In other words, for purposes of
this application, data storage and later retrieval may be considered as a special case of
“transmission”. _
In addition to the manipulations and compression steps given herein, it should be
20 understood that other “layers” of encoding may be and generally would be present. The
compressed audio packets might be further manipulated as required by the transmission
medium, which might require IP protocol, addressing bits, parity bits, CRC bits, or other
changes to accommodate the network and physical physical layers of a data transmission
system. These aspects are not the subject of the present application, but are understood
25 by those with skill in the relevant art. |
At the receive end of the data transmission system, data packets are received by
receiver 200, and demultiplexed (in other words, data fields are unpacked from their
multiplexed format) by demultiplexer 202. The encoded scale factors are decoded to
reconstruct a reconstructed scale factor matrix by scale factor decoder 204, by reversing
30 the process of encoding the scale factor matrix. The steps are described in greater detail

below in connection with FIG. 8. The audio quantity parameters are also decoded by a



encode those quantity paraneters. The reconstructed scale factors and
quantity paraneters are finally reassenbled in association for each sanple
(reconst rmot2omEl=d data ) . Finally, the scal ed data caeThsS2een0sbezl or
expanded by multiplication (in block 208) to yield fixed-point or integer
audi o data representing the decoded val ues for each audi o sanple. The
output of 208 is a series of sequential data representative of an audio
signal. The (digital) output 210 can be converted by DA converter to an
audi o signal such as a voltage or electrical current, which in turn can be

used to qiuanhrhy frepbddcoder 206 bmmpﬂmd@smpﬂqu%y to whalaxermethothyasuseddP - r epl i ca

sound. It s | d be derst at_altho hannel is
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ARM 11 processor al l able fromvarious sem conductor manufacturers, could

be enpl ol)adphofhle!s gheraby xeebystructinga spoeakplidaseundSP processor chi ps such as

t he P seri Y able fr ces | g greatly
f aci I&t ati ngelts‘ﬁél "E‘ilg &ﬁﬁt %?%q%lggg’ﬁb eé@% (’)htaﬁﬁ?eﬂsdﬁggrrl&s@(e or the
subband tfe'bﬂﬁl@ﬁeswm%ﬁhva{uoafcohmsoemsa@af @icouen eluadlitp 0f afdRECThameks i | ar)

Mul ti - processor architectures could be advant ageousl y. enmpl

speci fi cwhetheringt2 drnngl sé@rgmqnﬁgwaémn@r AdazeeT B e T PhanAglzy Suﬂgéﬂq ‘HE’d Wi th
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"mantissa" fields, nmust be appr ndl, d and res
one- 8- one askBksraribsth %th%E{eq?@egergf]éeq t &6 %ﬂ%ﬁé’ﬁ%a Efrggg\éerépﬁg t he

particularly below) could be embodied by an appropriately programmed microprocessor,

in communication with sufficient random access memory and data storage capabilites, in
communication with some data transmission or storage system. For example, general
purpose microprocessors such as the ARM 11 processor available from various

20 semiconductor manufacturers, could be employed. Alternatively, more specialized DSP “
processor chips such as the DSP series available from Analog Devices (ADI) could be
used, greatly facilitating the programming of multibank FIR digital filters (for the
subband filter banks) or of the transform operations (DCT or similar). Multi-processor
architectures could be advantageously employed.

25 A more specific description of a particularly novel method is next described, with
empbhasis on the method of compressing scale factors which is the primary focus of the
invention. From the general description above, it will be appreciated that the quantity
parameters (Q), sometimes also called “mantissa” fields, must be appropriately handled
and compressed in one-to-one association with the scale factors, always preserving the

30 relationship that an audio datum should be closely approximated by the product of the
scale factor SF and the quantity (Q) field, in a scalefactor/quantity representation. The



rel ati onship that an audi o datum shoul d be cl osely approxi mted by the
product of the scale factor SF and the quantity (Q field, in a

scal ef actwo/2quemiisy representati on. Thefol |l owi ng det ai lpeu/u$e@oniistiz on
focuses nore particularly on the conpression of scale factors in the

I nvention. The description is given in the context of a subband codec

enpl oyi ng mul ti band, FIR subband filters operating on a tinme domai n sanpl ed
signal to yield critically sanpled subband signals. The technique could be
adapted for use in a transformcodec with only slight nodifications, which
will be fbhpwmgrdetmhddns:nptmh faduists mpre particudarty, onmthe comprassipn ek paltat i on of

the nmethod is eat | at e the vi uaI | zat di nensi onal
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subband, yieldrszitigalheshmnled subbendraicagianThegahniger eould beradaptedforbss 84t a. The

exact s di g f'r&n%dgm%nw ﬂ.%th?m%mﬁc%ﬁbﬁé Gitcn SR dobrcPloliR safvamar e for

ease of exp ARatCon onl e only, consi an audio "frane"
conpr|5|m@m@mﬁenporal sequence of N*Nlequal to 1024 consecutive PCM

t ed B h d filt
bank. Lty o BEBSRPREAPR Ob bR TS haL ELeth el A e BURERR Al ght
sui tabl y, R&,. Hf#‘n%gﬁnﬁloda@@stﬁ%turg% Hla%ﬂb&,aéhé“m& IFEGINeThd yid 240 teprddentgleci mat ed

by a factor o critically sanpling”) without loss of information (see
Bosi, ciNdxy Mbhnensﬁcmedfmafttm of scidefactprst wherg N the number ehabbands remgsgsted case,

each i el sin audi.o fr

a0y g i of il ShieHey Sgiish AT hubRRe Bpatheledoft o3
usef ul | yiihe spfPs %Pﬂ&taﬁﬂa:ﬁy oPadfo Bita 3TheBkdct dindnsioasNaad Mre potr poses  of
this applica |on is only necessar¥ to consider the scal ef actor

conponengritisal: éa@qxﬁ@mlpp%gwqmar@ forease gt efpianalien oplya for e?‘%}nl?léﬁ sent ed by an
N by M MBlitiage O aRfig “BRACE Sforidifle b M RS GEAEL B NORPEyual o 1024NO!
gf A P]i qual Tre

necessaryntsln quency sp nor is it
necessar yorseaitive PEM lrd&lﬁesreﬁ&dlsumplm. By pasitg aurchtai seq:hdnye ﬁanmglmjswbbﬂnhnd be

th | the t | apd tral f etel
capt E%Z‘Sﬁ téxﬁ@aﬁ“ gD e SRR DI Sp & SRR T8 A5 o0 S SRIbG bbands:
most  of Elgﬁﬁﬁ%?aﬂ&h%aﬁbélﬁ%@kﬂeﬁ tF6418 M @écnﬁﬁé@b?ﬁ factéreofizow

frequency sub nds 244 are filtered
(“critically sampling”) without loss of information (see Bosi, cited above for further

description). In that specific example case, each subband would yield (for a single audio
frame) 1024 divided by 32 equal to 32 sequential samples. Such an arrangement of a

20 “frame” would usefully be represented by a 32 by 32 matrix of samples. For purposes of
this application, it is only necessary to consider the scalefactor component of each
sample. Thus, a scalefactor “frame” is represented by an N by M matrix of scalefactors.
In the more general case, it is not necessary that the subbands all have equal frequency
span; nor is it necessary that the time resolution in each critically sampled subband be the

25  same, so long as the temporal and spectral information is completely captured.
Accordingly, FIG. 3 depicts a frame having 46 (unequal) subbands; most of the subband
have 128 temporally sequential samples. The low frequency subbands 244 are filtered
and decimated to have only 16 temporally sequenced samples per frame (with more
narrow bandwidth compared to the bands 246 having 128 samples per frame).

30 It should be easily visualized that FIG. 3 completely represents frame of N times

M audio scalefactors in a two-dimensional matrix form. In a preferred embodiment of
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and decimted to have only 16 tenporally sequenced sanples per frame (with
nore narrow bandwi dth conpared to the bands 246 havi ng 128 sanpl es per
frame). Iwoshwoulitksbe easily visualized that FIG 3 conplPeraisgomspcesent s
frame of N times Maudio scalefactors in a two-dinensional matrix form hi
a preferred enbodi nent ofthe invention, the matrix 240 is partitioned into
a plurality of "tiles" 250a, 250b, etc. The "tiles" are matrices of smaller
di mensi ons whi ch can be concatenated in two di nensions (tine and frequency)

to conpletely construct the matrix 240. Mre specifically, a "tile" for our
pur poseshé mventivat thexmasfix @#dirpiroriencd intp aplualityeofS tidest] 260a280b.cfe Than or

equal tq, N and Mr.espectively. wherein.each K.til ' :

sequent i l\elsrﬁﬁqd’éatf}?ess%gffn@},lﬁrc%g}e&sm%w N icﬁ%bg ﬁggﬁa’%g%{ﬁgﬁ%&g J,‘? ilrﬁn%n*%g@ ering
from t hgifRLad Freddkhcy) 1 @itiRéteMQotstrudt tHeasattik 2400 Mdro epecifically] aittiledit ri x 240
by partitioning the matrix; the matrix 240 can in turn be constructed by

concat erfat durguInvsessigigrraatrix of dimensiaas Y by K wheredpadds arerless than ergaval 19 ¢ wo
o iy ) . f ©3) m Se b .
01 ot ondy B EEUs Rte salR by s B8 RAG UPRRERA Sangt BE ThE TORGN T

Al t houghscalefattogy, ectiinimg thp Avqiengy Aimeurleding framethemtatiix 2¢@ulndother wendpr essed
i n accordance wWith the inventi %g deconstruction of the ]arger matrix 240
into a pgierae pbaingd frapy thegpatix| Q bVé’aHft}é’PE’rgrt ﬁn}aﬁ.v&t VR ari% fovel
embodi ”Bcﬂfn&fcohggu(f?%cf EhrRbtehitthd Y Srh&Rces (HKS) in pre@dtBmYiaed paitetn & the

i nvention, the au rame matrix 240 is deconposed by partition into
submat r i teeslimemsidrseF exdiapissios hbpartition EhdsubMatri¢esesee dire Vangwn Pieionsdisi ons

are used. cifically,.the |lo Su i\n the exanple are
reprg@erﬂ@%ﬁ%}"%ﬁ@i}*ﬁ?ﬁ@é@%&ﬁ%u&%@%’%ﬁﬁ?@%he next 2 subbands in

i ncreasi ng fropRRRY side ﬁ@rsghﬁﬂiﬁ%ﬁﬂa@cﬁo $rabie nifirixicbeldiieghapréssediinency
subbands are partitioned as by 16 submatrices. The indicated di nensions

have beesscérdamng widethelinfastioncdecensimetipn obihe lasaeranalriy 240 dntqiamiugliy;
bandwi dt h in the.usual range_f i ' fi ' heal signal (up
to appr oAt é{éfl RS dﬁ%%gv‘ﬁt %PW%&UEE%&F?QW%B}% (ag%‘ﬁl%tlﬁf)ﬁg{h%oul d be
enpl oyedinvédtion. Ahus iA sbho ekriditagf thaipreaten thawpdimfremd etaiix 240is a nore
specific enbodi nent of the encoder acirgrdi ng to hhe I, n¥ﬁ?t i ;012 ? series of
di gi #al degemposed by Rastitian intocwibyaicgs: hiBgExHPPINGARVBHR U R> 8§ fence of
ordered LM 2HMAsRATRIARed SPRPICAIY, tRE Bwedt/IY $Bbands in the example are

represented by 16 by 4 tiles (frequency, time). The next 2 subbands in increasing

frequency are partitioned as 3 by 16; the higher frequency subbands are partitioned as 8
by 16 submatrices. The indicated dimensions have been found useful for representing an
20 audio signals with audio bandwidth in the usual range for medium to high fidelity
musical signal (up to approximately 20 Khz bandwidth). Other patterns of tiling could be
employed.
FIG. 4 is a block diagram presenting more details of a more specific embodiment
of the encoder according to the invention. A series of digital audio samples is received as
25 input at node 302 . A sequence of ordered PCM audio samples is appropriate. Typical
data rate are contémplated to be in the region 32 Khz to 48 Khz sampling rate (with bit
. rates from 8 Kb/s to 320 Kb/s). Higher rates would also be feasible, but at these
relatively low sample rates the invention provides the most marked advantages, because
at low bit-rates the scalefactors comprise a significant fraction of the total data.
30 | Step 303, an optional “Notch Removal” step, is included in certain specifically

novel variations of the invention, as described below in connection with FIG. 10. This
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data rate are contenplated to be in the region 32 Khz to 48 Khz sanpling
rate (wth bit rates from8 Kb/s to 320 Kb/s). Hi gher rates would al so be
f easi bl e,wbubioatiizdbhese rel atively | ow sanpl e rates the Povarseen0IDVI des
t he nost marked advant ages, because at |ow bit-rates the scal efactors
conprise a significant fraction of the total data. Step 303, an optional
"Notch Renoval" step, is included in certain specifically novel variations
of the invention, as described below in connection with FIG 10. Thisstep
is preferably included to snmooth the scale factor frane matrix _and prepare

it for retapds preféreblynncledadde smwotinthe scaly factny femeunsirixend peepaneié f9fext  met hod
step 304 is .deconmmo : f I At O | f--tiles, said
{1165 balie avrTeaugr b ALE B EaE e T iR a AR e 14

f r equenciétémp®seahslicaldficaore o d pharalitytdfltides, batd ritesbeingl redteicasnef sufficient to
reconstruct by ordered conc§tenati£ t he ?r,\ti re twodi mensi pnal audi o frane.

It will dmensipnylewer haathahahtie snfiredreaienay/ imngugiaamafndoai Hehe&ed. The
exanps e e bl Sirfiert dy SodBRbEhot g?ggdeggcg@a}lcsteamom& chitbepged to limt the

scope of e 1rnvention. Neit, for each tile the invention
pr ocess edimehsomat ahdio ffamateo i wily baaprardnt thpd mahy differentdiling pattems towlddei on, and

iy sed 41 pigfnsls SHETE T A3% mgrelt REF g SaHLTo AP aato Byl "R

and Hwangopdecifigifdfgodnd St andardsfor |mage, Video and Audi o Coding, pg.
66 (Prentice Hall, 1996) could be used (in a context wholly different from
that gi ven i Nexeinrstepeilsiforgachitile therinyantian prasessgathedaale SactorsYBRT coul d be

substituted w thout. d rting fro | | d : h til
"o ald " et AR B AR e SR B SRR By o IR ASEMnal BLCRRET, 110
(her ei naddsiie traBSRVimh (hdr¥eineftiérahplyiDC B ePotleddngls, etthed ofghytwe-om t he use of
DCT in inmage conpression_in that_the transformacts on scale fag),%lr

i ndi ces, dimengianal &}y bewrn imRavAod Hiene reamare a'ggﬁéﬁv@r Tpfige, $ddfoe
factors alfahfh cfa%'ggggqgﬁ-@fenﬁge HAROROBYEAIA bY LS, AodiBkiaRRlfy of chrom,

nor do they corresp I rect W th a sanp anplitude. It should be
not ed t hdiffeseht fromghattgieendesioe iefdremne).r Bifferentmopmalizatioys ofthe DOT ceuld bpe

Tt OB S OELI 0,OB SL DYRE 0 B B I gR oo
di scr et ey @M HeRlin tdrera&d @rd¥a scalefactor coefficient matrix (hereinafter “SCM”). Note
that this step differs entirely from the use of DCT in image compression in that the
transform acts on scale factor indices, which represent a non-linear quantization scheme.
The scale factors are not analogous to an image quantity such as intensity or chroma, nor
20 do they correspond directly with a sampled amplitude.

It should be noted that although the description refers repeatedly to “DCT” as the
frequency or matrix transform to be employed, other orthogonal tranforms are known
which could be equivalently substituted, such as wavelet, discrete Fourier transform,
Karhunen-Loeve transform, or other transforms.

25 The SCM from each tile typically occurs in a form which may be more easily
compressed (as compared to the scalefactor matrices).

Next, in step 308 the SCMs are compressed. In accordance with a most
generalized aspect of the invention, the SCMs associated with the tiles in a frame may be
compressed by any method which reduces the bit requirement for transmission while

30 preserving a deterministic method of re-calculating the scalefactors with an error within

acceptable tolerance for psychoacoustic audio compression. More specifically, in a
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Kar hunen- Loeve transform or other transfornms. The SCM from each tile
typically occurs in a formwhich my be nore easily conpressed (as conpared
to the scabehwatioz49nmatri ces). Next, in step 308 the SCVpCarisS2aommcsessed. | n
accordance with a nost generalized aspect of the invention, the SCMvs
associated with the tiles in a frane may be conpressed by any nethod which
reduces the bit requirenent for transm ssion while preserving a

determ nistic nethod of re-calculating the scalefactors with an error

Wi thin acceptabl e tol erance for psychoacoustic audi o conpression. Mre
speci f i qalicnlarnbvelpaibdditmtheiovetticanihcdddesshe stepef comupressinptherfIMdwes t he

step of conpressing the S y an entropy reduci ng.nmethod of encqading. To
be even W@Obh?qdluﬁlﬁgdﬁl?thm%ﬁ’éoﬁggt i 831‘35?'6‘?18\9&9 p%ﬂ%ﬁg{-, HefRe Q%ﬁcﬁ?{vent i on
i ncl ude Qf@%‘ﬁ’%ﬁé Vol 1 tddeh 18438 theakveral

r equant iSanSIng e %%lsth%gl I'n ac@glruggsn%cgﬁ%&stsh a ?gﬁgﬁ%Xzi ng. rratr‘i/(;r, b)
conpr essitepy: Atrequeativingtibe SCMsdwfifiiacéardanse [ithen iapdwizing marixebdi ng et hod,
c) engoding the coeffici ) t.her . t hap.t he. ffiCl . din
et hod (REPTSReCL e s igte kY Aoy e epfRE S Pt BT

codi ng, ARE@nts @M harthe B EduRficies b @ coding nenbatihdt edades rédumtiancy,
coefficients are then packed (in other words, multipl eged) cf@gr tg@gsm' ssion

(step 310rh apanyescmbingtion efpdifieraniabendinga vestersosingot Hy H8r €4%i ng t he

SCMs is sho |t | D, ' ' g{gq@ particul ar
and noveefncf)érgégdtsﬁﬁlgsg %?lf %%gﬁ%%ﬁﬂgé%n%p%{eg%?(gan(lgtoé%?g%é&( ?ﬁﬂtli?le )(.naThi S

par ti cul @ansAdshadseps10ren found suitable, and enpl oys a conbi nation of
differential coding, vector. coding, and Huffrman codi.ng to uce the bit
requilPerment fOR CYLMER $PEFifg ap Qﬁ@&ﬁé@%&?@?%ﬁ?%gﬂbﬂ %‘Tr:lﬁgﬁ%&bog%r essi on
of scal efafl ﬁ6§z’dééfg§§3%%m.t9 ’Pﬁstﬂ%ﬁ]ﬂé_ Scs@r%%%’aﬁwuﬁﬁ%ﬂa b8 iEdnck ofetef or m

coefficients o factors; sai alefactors represent by a non-Ilinear
mappi ng $CMetonofressidt step 30% @n FIG. Ox Phis eattishiar methodzhen baen foupd seifable;

associ ated, i n .one-to0-one,.cor ondence. wi t h.an gudi o 3 |

(mant i ssaal)ocll. eWPy%%%%\?‘Q?thrhO%ﬁégrgﬁg% © tv%?t%ccgﬁgﬁa%ngggﬂn%n&h%éoé%gﬁst of

short byf.guéeBE 8aeGiRteAt RRSRNSAIHEhg BXRELS SRors.NFo@BIngRInsthe i npl i citly

related to anplitude by a | og base 10 mappin Because the scal efactors are
thetars riba fpssad

not dbnpeamprepidn offeele dag e be compeessadepissing Biet PER ATanse Rods f or

CONPT €SSL {19 cients of scalefactors; said scalefactors represent by a non-linear mapping a set of

multipliers (or exponents); and each multiplier is associated in one-to-one
correspondence with an audio quantity field (mantissa). For example, in one embodiment
a scalefactor might consist of short byte representing a base level expressed in decibels,
20  implicitly related to amplitude by a log base 10 mapping. Because the scalefactors are
not simple amplitudes or linear quantities, the conventional methods for compressing
linear PCM data, or even conventional image data, would not be expected to function to
advantage with non-linear scalefactor data. Encoded scale factor data is not analogous to
amplitude in audio or to conventional image quantities; thus, one with skill in the art

25 would not expect to use analogous techniques to compress non-analogous quantities.

Before further encoding, the SCMs from all of the tiles are preferably requantized
(step 502) in recognition that certain of the DCT coefficients are more critical than
others. In one advantageous embodiment, the coefficients are quantized according to the
30 a3 by 16, requantization matrix M as exemplified in Equation 1:

EQ. 1:
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| i near PCM data, or even conventional image data, woul d not be expected to
function to advantage wth non-linear scal efactor data. Encoded scale
fact or dawe20m/nut49anal ogous to anplitude in audi o or teCrase@adsnal i mage
guantities; thus, one with skill in the art would not expect to use

anal ogous techni ques to conpress non-anal ogous quantities. Before further
encoding, the SCMs fromall of the tiles are preferably requantized (step
502) in recognition that certain of the DCT coefficients are nore critical
than others. In one advant ageous enbodi nent, the coefficients are quantized
accordi ng to Mke &£,3313y3,1,8,3,0,8106m0,048ti on matrix M as exenplified in

Equation 1. EQ 1: CIRCH 0,0,0,0,0,0,0,0,
3330ooooo%ﬂfé%@?@é"bgj@%‘gog%ooooooooooooo The
Matrix M shows reqygitd@eoicnodiepodizes used for a 3 by 16 tile in a

preferred enbodi ment. The entries in matrix M give the step size used in
t he correspondl ng position of the SCMs. For exanpl e before re-quantization

t he S¢ e (|n t exe r i n deci bels
(base %P?) Wa@ws Sﬂ%a)n Zalih %Al%égg’g?ﬁﬁ?%?t e§f§glpgo Iggd directly
rel ated &ﬂédd@ﬁ@:ﬁndhb@ndﬁﬁhrbﬁia&lx Mgl%tlﬂ&ﬁdp@i}ﬁt&eém theesrrespoudingi onal | y by
the notation (colum , In_accqordance wth the step-size nat ixM t he

DC conpaefsition(of the %@Msyfof example. s fqre Ferqupizatigsthe seale factors arei (i Wegeci pel
steps. T eﬁ@glﬁéa eﬁ%B&B@nt)sé éss%’%cﬂechﬁl 0 lf(ﬂbgérhﬁm?d’@cﬁle?STﬁéD@T t hr ough

(1,8); t er entries, e t that sca efacto entries corresponding to
the zer mefﬁblémewmkdmm bezdaracdy rélhated icarrédpong tddecitedu diwe dexignate erdries because
reconstruction,of a e factor The

they have little e ct on.th

requaft | ‘ioé‘f"FQﬂPné{l)é yﬁéﬁf’ loé‘c(f?BlHBP’r KWy 1B gechrdangs ﬁ‘a&letg%ﬁteeggfafl?%mé&\{[ in the
SCM by t e DO cﬁﬁﬂfj(lnﬂetﬁifﬁﬁn 813286 utelwcsmatbeméauaﬂuzeq inealkeibt] dtefseger . Care
shoul d be t o0 avoid di'vision by zero, as wl gppreC| ated by those

with ski Three 3)tdecibak stepsRedudd be meedafgnthe ensriesi(G2) QHO%ht(ér )y g gther pBtEES.0n i n
cCcor AN M bl LU SR S MRt B BRI B ERD v
el enent thay bote ghﬁ@tlééﬁ% FéreiveBdussielibavé liale éf&ehoﬁ ihe@3constnaftioparf iscale ar
! nporlgant%%‘tor matrnl( SThte r1]'gqsua.?r;’j};]aq1|o%dstesperg.':layr l(;;let aeclc%mlpﬂsﬁ)erd Ccﬂwdmg each coefficient
in the SCM by the corresponding step size, then rounding to nearest integer. Care should
be taken to avoid division by zero, as will be appreciated by those with skill in the art.
Referring again to FIG. 5, after requantization in accordance with the step-size
matrix M, the specific method of FIG 5 next encodes the SCMs by a bifurcated
20 procedure: the DC components (set of element 1,1 of the coefficient matrix from each
tile) is of particular importance, and is thus handled separately in branch 504.
Considering first the DC coefficients, in branch 504 The DC coefficient matrix
entry (corresponding to minimum frequency in each direction of DCT transform) is taken
from each requantized SCM, and suitably arranged (step 506) into a matrix with
25 dimensions dependent on the number of tiles and their ordering. If the tiling patternina
particular embodiment does not result in a rectangular array of submatrices, the excess
tiles are treated separately. For example, in the data structure shown in FIG 3 the bottom
4 tiles (corresponding to the lowest frequency range, time throughout frame) would be
coded separately as individual values. Those tiles not treated individually may be, and

30 preferably should be, coded differentially. In a preferred embodiment, in step 508 two

flags are calculated and stored for transmission to the decoder: a first flag indicating
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Considering first the DC coefficients, in branch 504 The DC coefficient
matrix entry (corresponding to mninmum frequency in each direction of DCT
transf or myoizgioveakmm from each requanti zed SCM and suit abiryusasoomnzserl (st ep
506) into a matrix wi th dinmensions dependent on the nunber of tiles and
their ordering. If the tiling pattern in a particul ar enbodi mrent does not
result in a rectangular array of subnmatrices, the excess tiles are treated
separately. For exanple, in the data structure shown in FIG 3 the bottom 4
tiles (corresponding to the | owest frequency range, tine throughout framne)
woul d bewhabiedifapaceataties aascadedifer BGaompahergs of Hirometallyladmcendttilesr eat ed

i ndi vi dual |y be, ferably shoul _ caded diff tially. |
et or - cime i BEng oding): REoRE Re Yndl rstlatne ther SRS Ve SR SR o Tor
transmi S§b%@gm?§r&ér?§a&3§s%%daﬂ? afi_la"céﬁt tHidsA@ehfistics ?lﬂfé?%&%ﬁﬁ‘fg)ﬂff ference

val ues are c or DC conponents of horizontally adjacent tiles (tine
di f f er endiffercock eayling is used dheidifferanceniitvesnclCrgesponents pf adircent Bley il ues are

coded f or [ onent.s ,acr 0sSs ' ' j ( guency

di ffe?en%aécgg%%‘fﬁg)e?c ?I%C?PP?&; 'ngglréc%%fblrllégx?%gﬁgég&%%feﬁﬁ?fgeﬂriegnces bet ween
DC conpogpatatin@iheaditagentiles ilasmatmingliles bat Belgloapediacda 5iby 8 gastandary. For
exanple, in the structure of FIG 3, after separating the bott m4&i | es

the renmafferigansfarmation iy BCTyterBkrompogen fipmpgach G neprrackqdiagd store
transf or mat4 gy%%&g Thd ggmg?tsco?mos“ﬁfg ng#ﬂgﬁgqg&b%d'b Bt Ac @dind

stored in a he el ene trix are then coded
by dif f eifenshecoda widl signifivartilycidi iwith coidpressiogniFbi thereddryerd i theifirst row

conpr.ession, For t el ement, in the first . .row. (for f{requen di.fference
coar ) o gy rener FediperarenbreRlect (e o <Be HRbte Pk Ef
coef fi Ci @RLodficlRIREHEP (a8 aASE LT Al ROBNE KRS tHT ARG AESMEHR).r est  of
the matrix). Optionally, difference coding in both tinme and frequency

di r ect i ofptiooally] diféeremqs] coyling. in poth témeapd Sequenty directions cordd hesmpiayeti es in

the sane_row coded. first,,then differences betwee L fferent in the
sane col FPRFXaER eaﬁelrﬁﬂce%b?%eﬁ%ﬁn%?s FOHF RYmERDY %meggir thgls? g@Hfiﬂ%g%{%(sﬁor‘dance
Wi t h t hebgivespdiffehant 8SvEinithé ke Edtumhad Geaemitgntiamoy of Bodihg sishalldibe Sever al
sui tabl e met hods of difference coding are known and _coul d pbe_adapted from

the ddt efosen ifaspendanes with Hieriignabehraqieisting taredvce rdundageiat the g2 scm
L= S S A P ATRBSEO s S BSne 0 ghpcmmpens on
appl i es toof didiferential cuglirgz. t i | €onsitlerirasndxé e redpsantizetiSCM entries other than
the DC component, a different method of compression or encoding is applied in branch
520. The method is first described as it applies to code a single tile. It has been observed
20 by the inventor that in typical audio data coded by the method herein described, most of
the SCM coefficients to be coded will have values in the interval from -1 to +1. More
particularly, most of the coefficients will equate to one of the values: zero, plus one, or
minus oﬁe (integers). The method accordingly may advantageously bifurcate as indicated
by decision box 522. All coefficient values outside the interval —1 to +1 are treated
25 separately in branch 524. In branch 524, the “stray” values outside the interval -1 to +1
are coded (step 526) in the vector form (a,b) where a is a (Huffman coded) offset and b is
a (Huffman coded) value.  Other coding methods could be used in place of Huffman
- coding; this detail is given only as an example of a suitable, variable length code which
can be advantageously used in this instance to decrease bit use. By offset, it should be

30 understood to use any system of designating positional offset in a matrix, specifically to

represent positional offset in a scanning pattern from the previously transmitted “stray”
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by the inventor that in typical audio data coded by the nethod herein
described, nost of the SCM coefficients to be coded will have values in the
i nterval WP3@M00112400 + 1. More particularly, nost of th&CESSRIPOIIGNE s wil |
equate to one of the values: zero, plus one, or mnus one (integers). The
met hod accordi ngly nmay advant ageously bifurcate as indicated by decision
box 522. Al coefficient values outside the interval - 1 to + 1 are treated
separately in branch 524. In branch 524, the "stray" val ues outside the
interval - 1to + 1 are coded (step 526) in the vector form (a, bz where a is
a (Huffrmttlucﬁd&d# tetdd0 +alnn|teb/aﬂ)sff1a e {athlimumber ebtstrdy” valiesds genenally codi ng
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pattern such as "zig-zag" scanning or a sinlar’ scanning pattern which is

ef f ect i vthetgreaieshippgsitly eutent paces adragehigratrx cmmr@em zehaqeyt postting énithet r i ng of

coef fii C|ents a vect.or conveni ent|y"
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group the nost simlar or nost critical values together to facilitate

Cﬁnpresspnm:r lefhat thed:! dommonpat thenprocsgdssieamminthe aatéx hy SSASREW |y begins in
b
o el g0 S ERURAAS by L AE S PE BRI PRUOUISADARLE 1 b

scanni ng agon pr og e en I'agonal
(rever si g alidrefetdhodiagdnat)h &oe lﬁdﬂ&fr erplaimtidhagoRad, ) citddoabokel). tOther mxthbdnat i on

see o, (ci,ted above). her net hads, .co be e Io d based upon a
storsg { sod b emp qy@ﬁétﬁS&BP% %ﬁeredf%‘?leef%rﬂlﬁte JPOp 05 ot examp ms, the
nethod in st ePnEé’h%reﬂQéﬁnsth‘%Qﬁ&ﬂéd tn%t@;pmr@e%%?&b@eﬁ% b&ﬁpx%s tﬁ@%ﬁfng(‘dfent S
(fromstep 528, "the remai ning coefficient values) by any method which

coefficients (from step 528, the remaining coefficient values) by any method which
tends to reduce redundancy. The characteristics of the DCT, as well as the choice of step
sizes tends to reduce the number of meaningful matrix entries in each SCM. In practice,

20 it is found that a string of about 20 coefficents per tile is adequate for transmission
(grouped in the upper left sector of the SCM). The bit requirement can be reduced by
representing these coefficients with an entropy reducing code. A number of techniques
could be employed, alone or in combination: Huffman coding, run-length entropy coding,
vector coding, arithmetic coding, or other known techniques could be employed and

25 optimized based on measured signal statistics. A particular and novel solution is
described below by way of example.

In one particular coding solution, the string of selected coefficients are then
grouped (step 532 ) into groups of 4 elements (vectors). The grouping into groups of four
makes the later employed Huffman coding process more efficient. With 4 elements there

30 will be 16 possible codes (if signs are excluded) For +/- 1 values, the sign may be stored
as a separate bit. Next, in step 534 the method calculates arithmetically a unique code
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tends to reduce redundancy. The characteristics of the DCT, as well as the
choice of step sizes tends to reduce the nunber of neaningful matrix
entries iwoeaohn18@dM In practice, it is found that a stpcmgSedooabssur 20
coefficents per tile is adequate for transm ssion (grouped in the upper

| eft sector of the SCM. The bit requirenent can be reduced by representing
these coefficients wth an entropy reduci ng code. A nunber of techniques
coul d be enpl oyed, alone or in conbination: Huffrman coding, run-Ilength
entropy coding, vector coding, arithnetic coding, or other known techni ques

coul d bebaseomihed cenfficignts (ﬁl%@gﬁkﬁé}s efieash vaelas UF@Fxamgifain @cat i stics. A
particul arbo?grg‘?rﬁ%vcgg? ﬁs? c.{a?élﬂﬁ?c}]%qsusag%stﬁé 'ags?)(ﬂ.ltg %Lﬁ?gg}flc,@sft%ceeﬂﬁégmo?ute In one

parti cul At on, rng sel ec iclents are then

grouped ﬁﬁ%@ﬁésaﬁé fdlﬂtrt]icmelgrtwmom&? aaleéa efl_ﬁ]]?ms(ei/gingimaslhe abseluggralym ng i nto

groups of four nakes the | ater enployed Hy n caodi n rocess nore

ef fi ci erfif c4wQthermehedsicalcplating 5\}6?1! Qntb’@eti%c‘%é ﬂegﬂ@v@og’é‘gaﬁ ?Odéqggps are

excl uglec%g%% ﬂi‘é@f’bejeﬁ'g)g&)"éﬂﬁhattr&ﬁxcéé 812 rBRMreR SuRHtRE §FbiRSHoRIRRRRAERS oI . Next,
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reduces tyimbolqui red nunber of bits for transm ssion of each vector
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FI'G 3 to conp peci actors through an audi o frane.
Accor di n@ptionadlyeinsomeemifodithéats f isdesirhble be codepamttidel irf ogroup by the methiod every

o 0 8BRS K 0SS STBRCREBIR L, HEAMAHbs L0, S00° 1,
tiles difdeeficBith 8F4 ¥irst kile 2b st NOEdRE; the coefficients of adjacent tiles are then

represented by, for each element in the coefficient matrix, representing the change from

the corresponding entry in the previous (or frequency adjacent) tile. Either difference

across time or across frequency could be used. A flag or flags should be transmitted to

20 designate whether time difference coding, frequency difference coding, or
straightforward value coding is employed for each frame.
Refer now to FIG. 6, which begins from method node 600 shown as endpoint on

FIG. 5. After compressing the scale factors, it is most desirable to reconstruct the scale

factors at the encoder in step 602, based on the compressed scale factor data, to obtain a
25 reconstructed set of scale factors. This is done by reversing the steps of encoding the
scale factors, as set forth above, or equivalently by applying the steps of the decoding
process described below in connection with the decoder aspect of the invention. The
reconstructed scale factors should preferably be used to renormalize the samples (step
604) by recalculating each sample in scalefactor/quantity format as required to most
30 closely match the originally represented audio data on a sample by sample basis. The

reconstructed scale factors will in general differ from the provisional scale factors
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coefficients of a first tile are first encoded; the coefficients of

adj acent tiles are then represented by, for each elenent in the coefficient
mat ri x, rwpresaniisg the change fromthe correspondi ng eotrng2000/0036e2

previ ous (or frequency adjacent) tile. Either difference across tine or
across frequency could be used. A flag or flags should be transmtted to
desi gnate whether tine difference coding, frequency difference coding, or
straightforward value coding is enployed for each frame. Refer nowto FIG
6, which begins from nmethod node 600 shown as endpoint on FIG 5. After
conpr essissignddia sahile] fAatRIGs | abbvé. sFormsy intieidnalisamptey ifithe originaluct t he

scale factors t he .encoder in st 60, ased on t he .conpressed, scal e
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by revergpnghoulfoeiesuIfed 68 GALE/REH Wiers REFs {iRGENSIru@ed S&le fagfok forabove,
or equivalently by applying the steps of the decoding process descri bed

bel ow i ra pavticidartsampleni Rrbferdbdy, do ent of finglsadio data (Qi0 shavldihembe The
reconstructed %g&l eb({p%stors shou{od preferably be used to renormalize the
sanpl &s CURFSEH}P CHREEPI%"g each sanple in scal efactor/quantity

format as reouihslB tHeCcomsibssed S factvrd afd thé eorpiegiaddinay audipdetsahowdd audi o
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packed (step 610) into a data format for transm ssion, I\/brecgar_ticul arly,
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a series O
format, coding options, flags, rights management, and other overhead. Next, in fields

704, scalefactor data is packed, suitably in the following order: First DC coefficients of
the tiles are packed in a predetermined order in field 704a. Next, packed values of out-of

20 range (“OOR” for out of +1 to —1 range) non-DC coefficients (AC coefficients) are
packed in 704b in a predetermined order for each tile, within a larger tiling order. Next,
in field 704c, the “in range” encoded coefficients of low frequency tiles are arranged in a
predeterimined order for each tile, within a larger tiling order. The next field 704d
contains coded audio quantity data corresponding to the low frequency tiles. Following

25  704d, the remaining coefficients (in range +1 to —1) pertinent to the higher frequency tiles
are packed in 704e. After 704e, the packed, encoded audio sample data from the-higher
frequency tiles is packed in 704f. In a typical application, this ordering may be
aécofnplished by simple time-domain multiplexing of data, and has the advantage that
more psycho-acoustically important elements appear first in the bitstream. Thus, if

30 bandwidth or processor time is inadequate, the less important higher frequency scale

factors and sample data may be simply dropped, and the signal may still be decoded (with
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audi o frames, preferably of predeterm ned size although variable sizes
could be used with adaptation of the nmethod. A single frame is shown
general | yweoiai1i4a FIG 7. Preferably the frame begi nsPairtus2éemossn2

i nformation 702, which may include general information on format, coding
options, flags, rights managenent, and ot her overhead. Next, in fields 704,
scal efactor data is packed, suitably in the follow ng order: First DC
coefficients of the tiles are packed in a predeterm ned order in field
704a. Next, packed values of out-of range ("OOR' for out of + 1 to - 1
range) neduddd freqeédcychegetis tifeneprdetdd aider)t Otherpackiaglsehenies andothern a

predeterm ned order. for each .til ithin.a larger tiling order . Next, in
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ar r anged, i farogfiglfédtioh RBshei der for each tile, within a larger tiling

or der. e next field 704d contains coded audi o quantity data correspondi ng
to the low frequency tiles. Followi ng 704d, the remaining coefficients (in
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the encoder. :

Encoded scale factor coefficients are decompressed (step 820) by reversing the
coding, previously performed in FIG. 5, to yield scale factors coefficient matrices. These
20 matrices are next transformed by an inverse orthogonal transform complementary to that
used to encode, most suitably by Inverse Discrete Cosine Transform in steps 822a-e,
which are matched to the rectangular dimension of each of the tiles applied during
encoding. To associate each scale factor with its corresponding audio data (mantissa), it
is convenient to group the recovered scaled factors (in step 824) into a two-dimension
25 data frame by concatenating a plurality of tiles to form a larger matrix spanning both the
bandwidth and a continuous and complete time frame. In other words, the scale factors
are stored in a data structure corresponding generally to the frame illustrated in FIG. 3,
above. The associated audio data are grouped in the same or a parallel structure.
After the scale factors are recovered, they are used to recover a near-replica of the
30 original source audio samples as follows: In each of a plurality of subbands, The scale

factors corresponding to logarithmic quantities (decibels) are then exponentiated to obtain
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encode enbodi nent, which nust be either matched to the decoder or else
information nmust be transmitted forward to i nformthe decoder of the tiling
pattern. wWheosvuoded audi o data is decoded in step 810 P¢TrESI@O9D3sg2t he
gquantity coding (fromstep 606) and dequanti zed (812) in each subband in
accordance wth the quantization schene applied at the encoder. Encoded
scal e factor coefficients are deconpressed (step 820) by reversing the
coding, previously perforned in FIG 5, to yield scale factors coefficient
matrices. These matrices are next transforned by an inverse orthogonal

t r ansf orlincaoseplechetarsa(irystep 82haT heigedio samplgs angdhenwssensiryriedbyy by | nver se
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rect angdp‘gﬁplﬁnﬁ%%i 89{1V8¥tm%§§ﬁ‘§0§935 ?‘lgat%% fe?%eag%lba?{%a °§5‘§?‘°‘tﬁgﬂ§%‘c‘@§|"kgﬁe To
associ atfdrpddia 89 2drén bt Glordy, hiantissa) corfaspoplingliontye samé samjpie aTherant i ssa) ,

it is convenient to group the recovered_ scal ed factors%éi n stgp.824) into a
t wo- di messlBeg snbband signals sl eemmesapRch i3 fgms stpgtpeg in ayforgr senardlly Iiks ¢ orm a
Iarge§ M@ty kX spanning both the bandwi dth and a continuous and conpl ete
time Trane. "I n other words, the scale factors are stored in a data
structure corTesgponetiandioganks formyoftacvidheandrsaquence bfisudiasanples FisG 3,

above. The. associ at ed audio data ar rouped in the . sanme or par.al | el
struct urtgl.'th?& regpirgdig Iayarpely P%?&F??rtge ﬁfr’g SWrIB&nxtf@ﬁdlgrsmgegdn P8 recover
a near - r@aléfd o®ividd Bl Audid)alheRbihee emipliiyed S8 Medonsiras afwilibind sefids efach of
a plurality of subbands, The scale factors corresponding to Isg(gegrlthmc

quant i t i téme §mhﬁdlssmpbs avill depensirondhe pastielan enbasimentt | We sensidesfisstt act or s
i 826) . .. T i | . 1. f i j i
Noonibr tartgbadbE el B fon fh QP ALERIURRS U S BB ARIOTD (1

audi Io dalhﬁsu(:@an @ilhbbdimbhﬂglti)e sujfodﬁd samfmesi iasjla%h aubbaed mrsgiﬂbg otuo?f the same

sanpl e. The resulting subband signals sti CQrrespo to r tructure
in a formagiBtiEng spapenee, ﬁrmolfét‘:s? tpompEaesFet Vﬁﬁtﬁuggwdgplﬁeafﬁﬁ?lrﬁag‘g%é wi deband
sequence; of a%ﬂhég’ssfﬁ@lsﬁﬁ’% t 1 fhel YHIHRSE AIEOUES 85, bk LN ShnipiRg Ocess the
time-frequency matrix of ‘audi o sanples into a sequence of W de- band audi o.

The met hadliesgbbaydsarhsics &re mpsimpled theniltedkthtbugh mipasallet sariesef sadhesist i al

embods me T A Sy e PG, P PARIEL SoPEHETE BB 55Ty phase
filters)in step 832 to reconstruct a wideband sequence of audio samples at output 840. The
- © output sequence will be a near replica of the source audio (input to FIG. 1).
- In an embodiment using transform techniques, the method would differ from that
described in the previous paragraph. Instead of synthesis filtering, the method would
20 follow the steps: First, inverse tranformation of each column of the frame SF matrix (a
set of frequency bins), followed by inverse windowing to obtain a sequential, time-
domain series of audio samples. The details of a transform based embodiment can be
readily realized by one skilled in the art. For more information one may consult such
wdrks as Vaidyanathan or Bosi (both cited above).
25 The decoded audio signal at 840 may be stored or further processed by a receiver.
At some time it is understood that the decoded audio data shall be converted to an analog
--electronic signal by a D/A converter, amplified, and used to reproduce sound for a
listener. These functions are grouped together and symbolized commonly by the speaker
module 842. The apparatus and method of the invention thus producé a tangible physical

30 effect both in the interim (by producing electronic data signals, capable of transmission
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In such an enbodi nent, the subband sanples in each subband are shifted out
of the matrix in tinme sequence, fromol dest to nost recent, wth subbands

i n paral Iwb 224830 into a synthesis filter step 832. pCm/usb@osyssihesi s
filter step 832, the critically sanpl ed audi o subband sanpl es are upsanpl ed
then filtered through a parallel series of synthesis filters matched to

t hose used at the encoder. The parallel subband signals are also mxed in
step 832 to reconstruct a w deband sequence of audi o sanples at output 840.
The out put sequence will be a near replica of the source audio (input to

FI G 1) .and stotagepahbdiimatdy (i cagsihp arssfunt 1o tecanhitted)fros a trénsdnesritbe woul d
differ fromthat described . in th revi ous paragraph. Instead of synthesis
filteri ﬁggm%@phgem&jpwpa%qqr Qfﬁg@ﬂg@g&@;sogﬁ)m, i nverse tranformation
of each columm of the frane SF matrix (a set of frequency bins), followed
by i nverse windowi ng to obtain a sequential, timedomain series, of afudi o]
sanpl es. The Rl6t Qincse partiqulariyshdws thelstepe af 2 msarispesiiic, sayel sebpdiment 9

realized, by one illed in th rt.. For re j A ! nsul t
such %\ogﬁ%é{%@gﬁhiﬁg&?%ﬂj{?ﬁfﬁe B?rﬁﬁlglgflze({%teﬁlacﬁ% 2o a %%g)fé)%g{%ecoﬁg?audi 0
si gnal afec&#S, tiREexRepR Rdetwhich isiEdrisiemphitases skeeduynme emodendiscusiid sone
time it is understood that the decoded audi o data shall be conv r%eg to an

anal og eabewe incenaecsiogeith BHdsdl -y Ahe swre paripulatizad| defails pertainp Y%

repr oduc f .Sk : ' edafiRoRither and
Gynbol | SRHTOU s G PrbRliEE Siels SRR AR Bl e 0a o
t he i nveanintBeastaieisotghosh bat are uaderistobd tpby piesat irethedntenbionh in the interim

b r oduci ng_el ect r.oni ¢ ta,signals, capabl.e,of tr m $si ona st or age
et 0001 hat o) JheApS GREESPRG P SRR PR B ER e A e HOas Che’
sound a §2%p§22%ﬁe @04, BRI BBIVHE WefSEREMRA rﬁér_e;g‘éﬁ‘éfﬁl‘lif bR, S[Q&Hc}giahiclﬁéﬁ 9 nore

y shdws 1t ic,

particularf e steps of a nore specif novel enbodi ment of the
decoder .enftrelimerstiefosnd tebpefiftdtive latrdlativglit lowehitiates te aehievaiatthon of a

specific e | e .d der hat exanmpl.e _coder i i | ementary to the
exanpl e %‘é@ggpoﬂioggﬁgglé@ngﬁ%'?gl %glgbdﬁrr?g%ﬁ%?{l%rﬁﬁe f—l%égl QIEITPY. The nore
parti cul ari zeg Wekaios theeletsticn rddel VB thid yhpheked datr (demultiplexed phovibusly iancodi ng
scale factors; for this reason data pathways rel ati ng%cho t,pfe gantl ssas are
not $hovieb®4 of RIGu Biandsseparates shajaagsmutiecdata intq erirqspoRding Hiss Pasedteps

descri bet?xe rs]eet[lgé Br @&%nﬁﬁ&fﬁ%s?th@%c&f’err Wit UbRFhfE WileteR bl tforitial B@dil’i@d ul es
has been used or not. This decision will affect the method of decoding tiles, below.

Next, the decoder proceeds to decode the coefficient data. “Strays” (recognized
in demultiplex step 804) are decoded by a method following path 904; “In-range”

20 coefficients are decoded via path 906.

For stray values in path 904, first the Huffman (or other entropy reducing code) is
reversed (step 908) to yield vectors, said vectors representing the strays as (position,
value).

For “in range” values in path 906, the method decodes Huffman codes to yield a

25  set of arithmetic codes (step 910). The arithmetic codes each correspond to a unique 4
vector. The arithmetic codes are then decoded (in step 912) by a method complementary
to that used to encode the 4 vectors, to yield a series of 4 vectors. The vectors are then
concatenated to form strings (step 914) and the the stray values are inserted (step 916).
The strings are then rearranged (step 920) into SCM tile (submatrices of a frame matrix)

30 by following a scanning pathway (such as a zig-zag scan) which corresponds with that

used in the encoder to form strings.
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820, 822a-e, 824, and 826 which were described nore generally above. This
particul ar enbodi nent is found to be effective at relatively low bit rates
t o achi ewsoizmothe24nei ghbor hood of 30 per cent reducti onPCm/us2eo9nespu r enent
for the decoder. In block 902, the decoder receives the unpacked data
(denmul ti pl exed previously in step 804 of FIG 8) and separates the
transmtted data into corresponding tiles. Based on the setting of
transmtted flags, the decoder will determ ne whether differential coding
has been used or not. This decision will affect the nethod of decoding
tiles, bel ow.Fdreitds cotlbdbyldiffetattiapcaling dsis hecadsry tesurhenatmpe éiitiies with dat a.

" St "o i dind [ tipl t 804 d.b t hod
[ ol | ot H0T5aR RIBERR meaticss an Grer B ARt TFET D DUk (LoD 0 sty L S D6 For
stray Y%{akigﬁeér{"reE)@-{s{S}tugtgi’g%% 51%tpr$&@sl,eld%iﬁrﬁ%&lﬂfgoﬁﬁﬂﬁins%riﬁ%fsé odbugi ng

code) is reversed to yield vectors, said vectors representing
t he str aywed asercpding} preferablaith)an iFverse discretgregeine rahsfesn (W EBYiA 1906, t he

met hod decodes ffnan des ileld a,set of [ inC ep 910).
The ‘a9 1 Gmens anslstsnoomn R SE3h Be bhftioe st a2h AhOIBL K Tost BN 1P 0
codes arged §WNndecogled HIGNisH GRcidllehse by the mat eseralonpthedeidvan in FIG. 8hat used
to encode the 4 vectors, to yield a series of 4 vectors. The vectors are

t hen con%em%ﬂoquwesp_ sqalpsfactor Hl$s914) and the the stray val ues are
e e ot SR8 lans0ficH, U fol Rk AL ARIPLCALRRORN | L0 SO

tile (submatricés 0 rame matri oW ng “a scanni ng pat hway (such
as a zi gprédderdtiady) patieicinteatargapirams nvatfih (stdpe@24).s Edisiconcdtenagino saeplyt o f or m
strings.For tiles coded by differential coding, it is negessary to sum

mat ril¥ etppeRdssSulmatiioes BEQ 23 esrdnatEisip aﬁéﬁ?@&@%ﬁ@%@@ o ﬁ"ag]‘?eidé? enti al

codi ng ( 55@/5 ' . k shéHed)edhhet hey are
processe‘ga&gmﬁ?lﬁ%g%\n%ﬁ%g%%ﬁg ra%%?gf%himgé?ggﬂhfgﬁ%t used in encodi ng,

pr ef er abieyultihg beatenfactov erasix i then ednyeded(onén othanwbrsispregmntizgd imstemB206)

e o PR i oI AR IS R0 0 SRR,
general gRLAGI 1899l ApFiidatioR tlis HRBELEmBHERTORVAHHE Eroth & eddiled seile &ral e
factor tiles. After reconstruction, the scale factor tiles are preferably
concdfenhnead séatefactor. (The general term, “Requantize” in this context refers to
dequantization or, in other words, expansion as from a logarithmic to a linear scale. It
may also be used in other contexts to refer to the process of requantizing for the purpose
of compression.)
In one particularly novel embodiment of the invention, efficiency of coding is
20 further enhanced by a method of “notch removal” as applied to the scale factor data
before transformation and further encoding. This step is shown as step 305 in FIG. 4,
would be suitably used after breaking the frame into tiles (step 304) and before step 306.
It has. been observed by the inventor that after organization of preliminary
scalefactors into matrices, the rows and columns of such matrices exhibit numerous
25 “notches”. In other words, there are areas where an otherwise generally linear trend is
interrupted by a low value. These notches increase the complexity of the coefficient
matrix after transformation, making the scale factor data less compact.
Accordingly, in one novel embodiment of the invention the “notches” in scale
factor data are removed by the method set forth herein. The notch removal method

30 includes modifying said at least one tile by a prediction model that models a matrix by a

calculated trend across at least one of a) rows, and b)columns, to obtain a modified
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predeterm ned pattern into a larger, frame matrix (step 824). This
concatenation sinply appends submatrices into a larger matrix in a pattern
conpl emrenvaryiaiz4bhat used to partition the matrices i nPoTiusk@s/o(ieom2 st ep
304 of FIG 4, in the encode nethod). The resulting scale factor matrix is
then converted (or in other words, requantized in step 826) to a |linear
scale factor, according to a function conplenentary to that enployed in the
encoder. In a typical application this step conprises converting froma

deci bel scale to a linear scalefactor. (The general term "Requantize" in
thi s conhek of edabefactd . Thestahd faztet nmriois,in effeatrépdaceddrydsmodifigdnsi on as from

Fef or 1 SHRhes SRk BEteG ATy Geihes DGt PIOFORE I B scedinR nede S EROR ) 1

refer t ) In

one partj.gukag L%aprg&fﬁ%hqoa"% F@dlafontlﬁs‘de'l 1 a%?hb& nAlt@Ifnﬁueély‘: By mefhogodi ng is
ed by a net

further enhanc "notch renmoval" as applied to the scale
factor dandbemwchﬁﬁeﬂtbr@pb’fmpommommpmdldlucm\vdﬁl encoding. This step is shown

as st p305| FI | d.be.suit abl S ft me into
tiles (step 3@1‘?) g‘f]fhreg’é)ﬁﬁtllge@f)g %@ *Iﬁ gdj %é@%%agésg%%egggwfﬁg{hlgnvent or
that af tgficiofegRRhizatthed, wé ccﬁfsﬁiek B8 puyarsNRK ehafik O 6f scaledactat valﬁm)ut he rows
and col ums of such matrices exhibit numerous "notches". In ofﬂﬁgr wor ds,

there arBirsradineanmend(sealan Therisraeulgied &step P30)ias asumple lisgar-weightsler r upt ed by
alowyv tfe conplexity of the coefficient

mat ri x a‘%“ r%ah%r an or rra'p%sass ?ﬁg‘lt e scale factor data | ess conpact.
Accordingly, in one novel enbodlnent of the invention the "notches" in
scal e factor data are renoved by the nmethod set forth herein. The notch
reno¥8l nethod incl udes nodi fying said at |least one tile by a prediction

nodel t dels a matrix by a calculated trend across at | east one of a)
rows, and'b)colu t btain a nodifiedmatrix of scal efactors. The scal e
factor matrix isj|i replaced by a nodified, snmoother scale factor

matrix before- EI t-H rpcessing in the encoding met hods of FIGs 4-5. In a
si mpl e net hod, @ Ild%ar p ei&;on nodel is applied. Alternatively, the

met hod cgn be apply a polynom al predictive nodel. The notch
removal nthod is shown in FK& 10. For pur poses of desciption of the notch
renoval Brdlbsed wikn squsé tiackasisithpodlumn-wsKavansging Theotcadldben imct or val ues
Dy. subtraction is the average value.
15
Similarly, for columns the method calculates a column trend (scalar) Teol (step 952) by:

Eq. 2b:
20
2D,
*2"y 7| o,
T, = 1% - "jKN

It is possible to employ other means for trend calculation, provided that the method
25 provides some average slope across the row (or columns) of the matrix. The first trend is
a scalar Trow; The second trend is a scalar Teq.

After this calculation, the trends are scaled by the row and column index and
subtracted (step 954) from the matrix D according to the equation:
Eq. 3:
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First, a linear trend (scalar) Trow is calculated (step 950) as a sinple

| i near -wei ghted, normalized sum of values as shown in Eq. 2a: Encl osed

wi t hi n sgwereldmmaniket s i s the col um-w se averagi ng. TheCTaseed/003sn1m i n
subtraction is the average value. Simlarly, for colums the nethod
calculates a colum trend (scalar) Tcoi (step 952) by: Eg. 2b: It is
possible to enploy other neans for trend cal cul ati on, provided that the
nmet hod provi des sone average sl ope across the row (or colums) of the
matrix. The first trend is a scalar Trow, The second trend is a scalar Ti.
After this caDTykdieMtheTiy*gnds are scal ed by the row and col urm i ndex
and subtracted (step 954) fromthe matrix D according to the equation: Eqg.

3:1j J-"1J row !l - col J Median values are ncalcu ted ac s each of
the rows of tMedisaaiugs me th ‘?"e“savlﬂ‘{lqt%a‘?rﬁssf%e e roys R%ﬁ’ﬁcﬂ‘?aéﬂ i)glsues M owi

(step 951%2111@% M Aé‘éckaé ofﬁ@ﬁlealﬁnw?iu%ﬁ/{%v t&?és“e)l &tRMarRE m&n%hwmse of the

matrix, resu in a vector Val es Mco ] .As used in this
di scl §s Lklfahcul abahrass"colmnm&efdhd: maﬁenmsalthllgen aetter O%Epmfhm HgluﬁﬁhMcchﬂl gher

hal f of rom t.he, |l oyer f f et rix
DT is te SéH lj‘a ﬁ CE‘PFBIeeainE tésdlsﬁ‘g}ﬂ %ﬁ’ill\@%flggm%?rosrsgggvn%& Grm) . I f
DTi | ispdif opultdndibm e 16Wer k€ an val ues, no action is taken If DT is
| ower than bot’h ‘nedi an val ues, then the value of the | owest r’rgdl an |s

B¢

assi gned to erXtawhtmnwm@qmatpx DEisdpstebagainst the @lclated mgdiag prj | =

mn 603 2 8% add| ng:
F 5 oUNes TP ant i’ L RidaE e BhpSF{iedist Sl aiord L0
t heI sfoal Rft@ehOTf DELi§ lower aitgh Ub‘slemedianfvurufek}ehereuhe @d]iuag)fﬁtedpwestsneﬂlafrsmot hed"
scal efactor matrix.

assigned to replace the value in DT (step 958). Therefore:

Eq. 4

DT; Ji= min ( Mrowi s Mcolj)

15 The trends are then reinserted (step 960) by adding:
Eq.5
OUT]J DT]J + TI‘OW 1 + TCOI J

The matrix OUTi,j is substituted as the scalefactor matrix, and used in further
20 encoding steps as a “smoothed” scalefactor matrix.

It should be appreciated that the matrix OUT has been smoothed by notch
removal; inasmuch as the provisional scalefactor assignment was previously carried out
in some optimal manner, the quantization according to the matrix OUT will be sub-
optimal in terms of quantization noise. However, the suboptimal scalefactors will be

25  confined to those matrix entries which represent a slot between higher scalefactors: either
a frequency band sandwiched between two frequencies with higher signal levels; or a
short time slot adjacent to a time slot with higher amplitude signal. the first case is a
situation in which psychoacoustic frequency masking is expected to occur; the second
case corresponds to a quiet passage adjacent to a loud transient (temporal masking should

30 occur). In both situations, less than optimal quantization is tolerable because of
psychoacoustic masking phenomena. Possibly for these reasons, the smoothing of the

scalefactor matrix by notch removal has been found to reduce bit requirement for coding,
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It should be appreciated that the matrix OUT has been snoot hed by notch
renoval ; inasnmuch as the provisional scal efactor assignnent was previously
carried onD20r/a0¥ opti mal manner, the quantization aceocrdisegonasihe
matrix OUT wll be suboptimal in ternms of quantization noise. However, the
suboptimal scal efactors wll be confined to those matrix entries which
represent a slot between higher scalefactors: either a frequency band
sandwi ched between two frequencies with higher signal |evels; or a short
time slot adjacent to a tine slot with higher anplitude signal, the first
case i s whiki dffeainganbjectiwdy adveptayleheplivation ptthestapak nalfematively)ghe s expect ed

to occur; the second case corresponds.to ui et passage adjacent to a | oud
t ransi erﬁdd(tloéﬂﬁﬁﬁséﬁnhﬁﬁ?ﬁée tﬂdﬁ‘%ﬁ“&éb&iﬂ&”&ﬁ“ﬂﬂf%@?ﬁggﬁ% > ess than
opti mal rfg aphbaRtEAN dedsitioh er abl e because of psychoacoustic masking
phenonena: Possi bly “for these reasons, the snoothing of the scal efactor

matrix by notWhile several illusiatheesmbesdimants ofr thguaeension havg hees mbaynrasd

di ng, whi | fferi bj ivel A Y ' ' | .
A tor patroeryd pited bR i ek PR SR REA Monf A AT, |

noi se i nh¢ edi Rstexhiple, a§ heRBbdabpeoacious traesitrins siehas Fourer Thandfernsever al
illustrati ve enbodi nents of the inventi on have been Shg}\émq nd .descrj bed,

numer ousDGEr prmpditisd JAd T dransioras sowdiscimrlayed (i fapapis 1q $188% 18 | | ed
in the re: I RN I3 i T ByVaMGly as
Fouri er %%%@?é%ﬁﬁﬁ%&rgfi‘%m i ﬁeg%?%g?ér{g%st% grdrrnqlsJi Hl%(:l)%l‘l{ag‘ be g rrpygged to
separ at efuhttionaUdiutd de gred to rlefins sbdlefad®ry im acidrelineso miapping, miher thhereby

produci ng two-di nensi gnal framnes. Varjous functions.could be us defi ne
scal égac‘ge@lb\gfﬁ??l% n@hg?rFWe‘g?rta g‘g‘ﬁﬁt%gf} f%‘FHte?ﬁ{forPgnre UgBe°Bers: §8§|d§&e%9‘f f er ent
data f Orfﬂﬁ%}a{t@h{sfﬁﬁ%éﬂi&%ﬁld BN GuaPERRitioR shdThlfdreite Binbbdl et
patterns a ranme sizes could be used. Such variations and alternate
embodi meart sontemptasert, cmg| can i, made withnuthdeparting fipmhibatspiipadtscape Pf 14 t he
spirit and scope o{. tJme jnventi.o 128 defined in the appended cl ai ns. |

CLAI M 1nventemas ggfingd 1 ?@segflﬁcgc 4% gi ti zed audio signal representing a
sound, said signal having an audi o bandw dth, in an audi o conpression
system representing sound sanples or spectral values using a scal e-factor
plus data format, wherein a sanple is represented as a product of a scale

factor and an associated quantity -the method conprising the
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steps of: Receiving a digital signal representing a sound; Organizing
sanples into at | east one audio frane, said franme conprising a plurality of
t empor al Iwoseguam4bal sanpl es representing a tinme interwealr/Uskaw/oemeh frame,
processing said plurality of tenporally sequential sanples into a plurality
of subband signals, each subband signal representative of a respective
subband frequency range and conprising a tine sequence of audi o sanples

wi t hin said subband frequency range; Converting said subband signals into a
format expressing each filtered audio sanple as a product of a) a scale
factor, repagsented in a scale factor field and b) a quantity field,
represented in a quantity field; organizing in two dinensions the scale
factor fields of said subband signals at |east one tile corresponding to

each frafreaSalfhd of @niRERMe digitﬁearaﬁdib Xighhl éﬁﬁh&t&gﬁtsem,@amggné?d by time
as a first dinmension, ‘and § subband frequency range as a second di nensi on;
pr ocessi myirgainchudio bardwidthyia anjaudiodompressionsystiemerplessning SPenbHHHAFS

t f t f, h.sai d,ti £
Coor 71 of bl PRt iy o SRRk Sl deln ArhEE PRSI T Bl fo oo Gied
conpr egsad 5:08idt b€ h 8dle PRt aXd ke REsBRA qigntifye- Seahahédicdmprisingithe tile in a

conpressed format; packing said conpressed coefficient matrix in a data
format feepstafansmi ssion. 2. The nethod of claim1, wherein said orthogonal

transform COnﬁé&ﬁ%ﬁgﬁ%@ﬁg@géﬁg&?gﬁ%gis £te cosine transform 3. The

met hod of clalrm t one’tile conprises a plurality of
tiles, said pDiyadlzing/sadiplés ihtesatdenst orechudio frame, saidofnarné camprisingadi mensi onal
matrix representing a conplete audio frame;. each said tile representing a
sub-i nt eplmh%@f@m@@raélﬂée@ieprlmes(fﬁp&eﬁféﬁ%é&%%’&‘?f}f nge of said conplete

audi o {fpr ame. @, e-EPﬁ RN cQbine! s2idBIdralify 6 1BBPoRAYREqRhAA shi@les it 20f :
after said step of processing €ach of sdid tile, requantizing said at | east
one ti | eplurality of subband signals, each subband signal representative of a respective subband
frequency range and cbmprising a time sequence of audio samples within said subband
frequency range;
Converting said subband signals into a format expressing each filtered audio
15 sample as a product of a) a scale factor, represented in a scale factor field and b) a
quantity field, represented in a quantity field;
organizing in two dimensions the scale factor fields of said subband signals at
least one tile corresponding to each frame said tile comprising a matrix of scale factors
organized by time as a first dimension, and a subband frequency range as a second
20 dimension;
processing said at least one tile with a two dimensional orthogonal transform to
produce for each said tile a respective scale factor coefficient matrix (SCM);
compressing each said SCM to produce an compressed coefficient matrix
representing the scale factors in a tile in a compressed format;

25 packing said compressed coefficient matrix in a data format for transmission.

2. The method of claim 1, wherein said orthogonal transform comprises a two

dimensional, discrete cosine transform.
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accordance wth a requantization matrix. 5. The nethod of claim1, wherein
said step of conpressing conprises: for at | east one SCM rearranging
coef fici emO=0immtic24a string of coefficients. 6. The met hedTafS2abaiimnbd,
wherein said step of conpressing further conprises: using an entropy

reduci ng code to conpress said string of coefficients. 7. The nethod of
claim6, wherein said entropy reduci ng code conprises a Huffrman code. 8.
The nethod of claim1, wherein said conpressing step includes using
differential coding across related tiles in a conmon franme. 9. The net hod
of claim1l, wheneithodaf daigt epviadreiarsgidnit Zdasigorertie smapeses aghwanlifyi ofltides,
conprises nodi fying said at_ |east, one til escg a.prediction nodel that

nodel s Faidetvrali Hesdarivgd QY@B“F‘PQH’S aZdnes %ﬁg&@ig}a%éepaefse%ngr%m, and
b) col u : h@}}ﬁ' nodi fied matrix of scalefactors. 10. The met hod of
claim gk%mle?%?lg&gal predi ction nmodel conprises a |inear prediction nodel,
and wherei n satldsaidkiuleptesehtingersibiisterval pfiéme and afiactian of thp &reganeyd of

cl ai mg, V\hereir&tsgiwgegre i gtion nodel conprises a polynom al nodel, and
sai d caleRgeRisaldOmRiet BREP; *a pol ynoni al function. 12. The nethod of
clai m 1,4 whergiem&fbd oSti8n 9] fubhec@msirihgsit eteplogtr al i ty of tenporally
sequential sanples into a plurality of subband signals conprises; filtering
sai d t enpor alafer saidsteptof arqcyssslmﬂcégf oid filea resARtiang said pt lgpst 9BAHITAE s
filters, then deci,yatin . e a plurality of critically sanpled
subband %F%rﬁﬁ?cf.w%nfgmﬂggmﬁrz%{lﬁ%g‘%é ‘claim1, wherein said step of processing
sai d pl w.al i tphedhethedpoclainh ¥, whervimnalddtes afhqngsessivigaommpises:al i ty of subband
signals conprises:transform ng sequential sets of .saig sanples into a
frequency dorf®F At leashree BGMaEPBFANBINELOPHIRIEHIP ¢ SIHAE PHFOFILEEMSy oduce f or
each said set a series of subband signals corresponding to a set of
frequency bins. 14. The method of claim1, further conprising the step of

t ransm té.i ng Eled mlethodpf elased, whekin widsiep oftonmpressingolurthercompaisesti ssi on

medium 1. The e tntfopd redutitig NS S bR kald AARLPEI PR’ U

7. The method of claim 6, wherein said entropy reducing code comprises a Huffman
code.
8. The method of claim 1, wherein said compressing step includes using differential

coding across related tiles in a common frame.
9. The method of claim 1, wherein said step of organizing the scale factor fields
comprises modifying said at least one tile by a prediction model that models a matrix by a
calculated trend across at least one of a) rows, and b)columns, to obtain a modified
matrix of scalefactors.
10.  The method of claim 9, wherein said prediction model comprises a linear
prediction model, and wherein said calculated trend is a linear trend.
11.  The method of claim 9, wherein said prediction model comprises a polynomial
model, and said calculated trend comprises a polynomial function.
12.  The method of claim 1, wherein said step of processing said plurality of
temporally sequential samples into a plurality of subband signals comprises:

filtering said temporally sequentially samples with a bank of digital bandpass
filters, then decimating to generate a plurality of critically sampled subband signals.
13.  The method of claim 1, wherein said step of processing said plurality of

temporally sequential samples into a plurality of subband signals comprises:
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network. 16. The method of claim11, further conprising the step of

recordi ng said conpressed coefficient matrix on a nmachi ne readabl e nmedi um
17. A metwocdoofoidmeodi ng an encoded el ectroni c data si gralr/use@wesssmnti ng an
audi o signal, useful in decoding a signal wherein sanples are encodi ng by
system representing sound sanples or spectral values using a scal e-factor
plus quantity format, wherein a sanple is represented as a product of a
scal e factor and an associated quantity (Q- the decodi ng net hod conprising
the steps of: unpacking a received data packet to separate encoded scal e
factor data drasormogegqueniat satyofiseidsamplesins aFequegcsdemaBnecoded scal e

factor d | of 2 .
car ot el ARy GRRGRNT EREhE: B Sin B B s AR R

sai d i HuesHe Rifehnaand tota nsf Requehbiebinaver se of an orthogonal transform
used to encode said coeffjcient matrices, éﬂg obtai n at. | east, one

cor r espofdi ngliscaethogat elgim 4, Risher somprising the stepof HIRSHIINE %4 17, wherei n

said inv ngﬁ f i h SRS i nverse, two-di nensional
di scret eC%é@g?sgée& ranéi otrr{ﬁéﬁ%ﬁogg%h?r%{l 0 g? g:l a‘iﬁilr?ﬁ_l?,_ wherein: said at
| east onks. coeTHd method ofrelaim X 4 cohgreinsses! taansmigsidn medivh induddsiadadht matri ces;

said step of transform ng said at | east one coefficient matri x conprises
t ransf or t‘f‘i@)"keach of a plurality of coefficient matrices to obtain a

pluralitys of PLREheaReBRIAG, Btk cliasifhg fekmploriresdingsad tumphased
conprising the step of assenbling said scale factor submatrices into a

| ar ger focaffcierdmatsix ohy mashigtresdebiemgedinind scal e factor submatrices in a
predeterm ned pattern of tiles corresponding to a tiling pattern used in a
known encoder. 20. The nethod of claim 17, wherein said step of

deconpr epgi Ng AS@kthod RE deAical énchaed dectehaiadasighilsesrestatagangudio ent r opy
reduci ng code. 2 1. The nmethod_ of O aim 20, wherejn said entr (r)é)sgntriéaduci ng
code conpgiadaisefyl in decoding a signal wherein samples are encoding by system rep g
sound samples or spectral values using a scale-factor plus quantity format, wherein a
sample is represented as a product of a scale factor and an associated quantity (Q)-- the
5 decoding method comprising the steps of:
unpacking a received data packet to separate encoded scale factor data and
encoded quantity data;
decompressing said encoded scale factor data to generate at least one coefficient
matrix; and
10 transforming said at least one matrix by a two dimensional Inverse orfhogonal
transform, said inverse orthogonal transform the inverse of an orthogonal transform used

to encode said coefficient matrices, to obtain at least one corresponding Scale Factor

submatrix.

15
18.  The method of claim 17, wherein said inverse orthogonal tranformation
comprises an inverse, two-dimensional discrete cosine transform.
19.  The method of claim 17, wherein:

said at least one coefficient matrix comprises a plurality of coefficient matrices;
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Huf f man code. 22. The nethod of Claim 21, wherein said step of
deconpressing said encoded scale factor data further conprises decodi ng

di f f erenc®® 2bvomen adj acent submatrices in a comon fr ace/usatmionicsiand
summi ng said differences to reconstruct submatrices. 23. The nethod of
Claim2 1, further conprising the step of: Re-quantizing said scale factor
matrix to obtain a deconpressed, requantized scale factor matrix by
converting said deconpressed scale factors froma non-linear quantization
to a linear scale factor , thereby calculating a scale factor matrix for an
audi o' 5 framesaidstep said @ leastronercoefiigieHanatey $pMPEFsSg t he steps of:
mul tiplying.ele Id.r d egl @ factor matrix
by corre‘éb H’érlnrlln?e éﬁg?éagﬁéﬁpg&?%&w ﬁﬂ?tgg§%§@3ﬁ3§ﬂun%lﬁ?io; of audio

sanpl es. codfespobidthgBRialedthcdr sd¥matiigéd;her conprising the step of processing

said matrix of audio sanples to congtruct a streamof sequential,. digitized

audi o sanpl esﬁndeﬁhCFW@mPﬁﬁﬁgd?%ﬁte@Bf agjsEling Sé‘}iﬁfg]ﬁfjéﬁ%g‘ : ®Sdpthg sai d

Mt X of 1afS AR R Sy QAR SR scRRAotbWNbRTaRRS th ABletbirRinedud! o
processing t e

sanpl es, e’ row wt synthesizing filter, said synthesizing
filter umttsengltilescdriesporsiing to adilinggrattetnewsgt fin & kndvs emgides, in a manner

I t t decl.nal i f. ' K d t.h
A e T R R A R e L S o
r econst 1 f4efopdatd ¢bBASksHeitEh

-

LfeRFUEucing €lei ca of a full band audio
signal representing a sound.gZY. The net hod of 26, further conprising the
ha

step of . Yt puhd methed o Claiai 29, whessinspid entsopytradicingqdeCOMPFSIRA poses of
reproduc%lrll a ggémd. 28. The nmethod of 26, further conprising the step of
causi ng SOund’to be reproduced, based upon said stream of sequenti al

di gi ti zezh. audTke: Satlipl of Clami X, sberth siid sppobdtdvaipgessinglshidenodded ssalend
encoded by a nethod conpatible wth, the nethod of .decodi rllg . 29. The net hod
of cl ai niagter data ferther cemﬁq%%d%élfgqr@ﬁgs gtween adjacent subnfatrices in a

common frame matrix, and summing said differences to reconstruct submatrices. -
23.  The method of Claim 21, further comprising the step of:

Re-quantizing said scale factor matrix to obtain a decompressed, requantized
scale factor matrix by converting said decompressed scale factors from a non-linear
quantization to a linear scale factor , thereby calculating a scale factor matrix for an audio

5 frame.
24.  The method of Claim 17, further comprising the steps of:
' multiplying elements of said requantized, decompressed scale factor matrix by
corresponding data quantities (Q) to reconstruct a matrix of audio samples.
| 25.  The method of 24, further comprising the step of processing said matrix of audio
samples to construct a stream of sequential, digitized audio samples.
26.  The method of 25, wherein said step of processing said matrix of audio samples
comprises:
A for each row of said matrix of audio samples, processing the row with a
synthesizing filter, said synthesizing filter up-sampling the row to a frame length in
5 samples, in a manner complementary to a decimation performed in a known encoder,
thereby obtaining a plurality of reconstfucted subband signals

mixing said reconstructed subband signal to produce a replica of a full band audio

signal representing a sound.
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receiving an input signal; and decoding said signal into data packets. 30.
The nmethod of C aim 29, wherein said input signal is received froma data
net wor k. .20 129et hod of cl aim 29, wherein said signalpCrase@adofonom a
machi ne readabl e storage nmedium 32. A machi ne readabl e storage nmedi um
suitable for storing encoded audio information, wherein each sanple is
represented as a product of a scale factor and a correspondi ng quantity,

t he nmedi um conprising: a coded scale factor data field, wherein at |east

one matrix of scale factors is encoded by a two di nensi,onal, orthogonal
transf or#at i orheimethodoS et furthescpmprisigarhs sier ot oyipytiing said 3udig sgwRliey fiel d

I ncl udi n&gglrggWg&eﬁaﬁb@?g@sﬁ%ﬁﬁ&m@g? Fc‘mﬁ machi ne readabl e st orage nedi um

of claim 3. ogona ansformation conprises a
t wo- di mezssi oriEle, méthed bE2E; fanisdrreniprising it step 3fcauding arsavind teeber eadabl e
storage nedi umof claim 33, wherein sai oded da&a field is,further

d
encoded 15proghcedeibasgd sRpRysad sireant g ieﬂl"e‘gl%g’fgi‘t&egﬁil RSRIPIES I SPUB AR o py
reduci ng,5Afemate replica of a sound encoded by a method compatible with the method of

decoding..
29.  The method of claim 17, further comprising the steps of:
receiving an input signal; and
decoding said signal into data packets.
30.  The method of Claim 29, wherein said input signal is received from a data
network.
31.  The method of claim 29, wherein said signal is read from a machine readable -

storage medium.

32. A machine readable storage medium, suitable for storing encoded audio
information, wherein each sample is represented as a product of a scale factor and a
corresponding quantity, the medium comprising;:

5 a coded scale factor data field, wherein at least one matrix of scale factors is
encoded by a two dimensional orthogonal transformation into a scale factor coefficient
matrix; and

a quantity field including encoded data quantities.

33. " The machine readable storage medium of claim 32, wherein said orthogonal

transformation comprises a two-dimensional, discrete cosine transform.

34; The machine readable storage medium of claim 33, wherein said coded data field
is further encoded by encoding said scale factor coefficient matrix by an entropy reducing

code.
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