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Per ceptual Audi o Coders with Conpensation for Synthesis It er f

Spr eadihg "YOZHECHNI CAL FI ELD The present invention rel at esPEEHEIES to t he
perceptual coding of digital audio sjignals that uses analysis filters for
encodi ng and synthesis filters for decoding. The present invention relates
nore particularly to the quanti Z%ﬁg&;ﬁj{)ﬁé and signals 10 in perceptual
coders that takes into account the—sptreadttng of quantization noise by the
synthesis filters. BACKGROUND. ART There is .cgn‘i&i nui,tﬁg interest to encode
digital audio signals_iqr2BUFA5OR P ErcopEial NG S ORI Wit or nat i on capaci ty
requi rements on transh?BRINSALIRM R Sshesisd BerdNQiseSPI¢adNa yet can convey the
encoded audio signals with a high |level of subjective quality. Perceptual
codi ng systens attenpt to achi icting goals by using a
process that encodes and quant ﬁﬁghﬁ?@ﬁ%ﬁ ignals in a manner that uses
| arger spect rifle (FOMERPMOBA oMl eNgdeeal BUMItRe %eggéﬁhaltcedﬁﬁg%f,d@ha[ ender

i naudi bl e the resultant 20 quantizing noi se. nerally, 't i s advantageous
t o cont r ghdicreggmalsapat waslambysis filvete fof encolmgqnd synthesmofilters o depading.um so
that it ljes just. bel ow the psychoacoystic masking .threshold aof the signal
to be enddBEHtR BEPHSEaTesaREed R l-ron euibe fgFationu et SitReR Bgnak so

cal lesl sphhEcBROM coBBRARR takEGh FRROUESHR sﬁﬁéahingfofauﬁh&ﬁﬁ&l ﬁéiﬁéﬁ’fﬁwt o the
audi o signal to obtain subband 25 signals having bandw dths that” are
comensursgntbesp flkers.ne critical bands of the human auditory system
estimates the masking threshold of the audio signal by applying a
perceptual nodel to the subband signals or to some other neasure of audio
signal spectral content, estaBAGKGRE@UINBARTEati on resolution for

gquanti zi ng each subband , signal that isldj ust smal.l enqugh so that the
resul tant quankliess K@ seoHewng igsrsst tq ensods dsie! aufio ggpalnix afprmdhsg ng
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t ransm ssnaiia gat cas tomayehe dncaleplaadiondigna)s wah adjghuiavel désddectige pr ocess nay

be perforned by a spl,it-. band decoder that, .extracts the quantjzed subband
si gnal s i aroeRttoding SyRiemS SR A echiEVr bR Sulichnp Eads hY BPens. of

t he quantj zeeess ubbanchdek aRdhBantfRd tRPRldis Sighaldinth REhe? 003 uVR 19QEF2434
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spectral components within the audio signal to mask or render maudible the resultant

20  quantizing noise. Generally, it is advantageous to control the shape and amplitude of
the quantizing noise spectrum so that it lies just below the psychoacoustic masking
threshold of the signal to be encoded.

A perceptual encoding process may be performed by a so called split-band
encoder that applies a bank of analysis filters to the audio signal to obtain subband

25  signals having bandwidths that are commensurate with the critical bands of the human
auditory system, estimates the masking threshoid of the audio signal by applying a
perceptual model to the subband signals or to some other measure of audio signal
spectral content, establishes a quantization resolution for quantizing each subband
signal that is just small enough so that the resultant quantizing noise lies just below

30 the estimated masking threshoid of the audio signal, and generates an encoded signal

| by assembling the quantized subband signals into a form suitable for transmission or
storage. A complementary perceptual decoding process may be performed by a split-
band decoder that extracts the quantized subband signals from the encoded signal,

obtains dequantized representations of the quantized subband signals, and applies a



bank of synthesis filters to the dequantized representations?t® feFe?B08 an
audi o siwoalg/e2833at is, i1deally, perceptually indistinguis Bsdoloaka,t he
original audio signal. The perceptual npdels that are often use(? to

determ ne the quantization resoluti on'@éner ally assume that the

guanti zation noi se introduced into the quantized 5 subband signals is
subst ant i 13y of KEntheseliliers ththertsiquantizad repressatations 1 geheratianpautticssigme |

obt ai ned ' ' ilters.to.th uanti zed subband
o gnal s, 1HeOSAAE0 8BRS Cnd SRR ERDE i v Qi BLEMBR SR, ot hosi <
filters nodify The peemdalihedeloithanidezflenaRed'®) deerSRRAhE YiantiAtich
consequence, quantization performed strictly according to the quantization

resol ut i orf§sQiuken sensraly aspms thal thermgatization aisa introtiocedoaiel the guantized resul ts
in audi bl i | / I ined.fromithe, synthesis, filters.
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i npl ement athitained bpapptiag anahl st syrthedisHliesths qlhidtizel ibbAfiesehals. In

i mpl enentations jnclude  pal yphase filters, lattice filters, the quadrature
mirror fil8eBfral fhisiassnptionds AeinERhbecgusesthe setesisditetsonedify osisprgadithensf or ns

i ncl udi ng 1 gle. L et oyrier-series type .transfaor o
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the present invention are all referred to herein as
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the dfpl i caedelnuprilymsnlisinaudible peiseinghe oytipyt Biaril obfained &lom theespect i vel .

I n transf%whie hﬁgﬁnt ations, the subband 20 signals each conprise a group
of one or re frequency-domain transform coefficients. The synthesis

filter noi se-spTiiadbRe-spre@diag phentidnoanetuaRMueyids vigkpbed to the fact
that the conplenentary analysis and synthesis filters ‘used in these coding

syst ens démalemanggiionser the aealysis and synthenig filtag. These aupleméntatignsgmilmdd n t he

passband, LMo shap nd ipfinitely.ste transitions
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filtdass prfmgudtecyotibniain bibckiteansRemebrhidite #vidd AseSEThadr-2ae Rk of an
i nput audi o sjgnal. Furthernore, sone filters such as the quadrature

mirror filtASSOFERESOsHitomeditated Slterhans fransfprmssandgvayaistsanstarmsnF ¢rTDAC)
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spectral 30 neasure e’ 1 nput Cl ese artifacts and
devi at i ongvith the\peseheitventianl are el refarred o hgaiaras thebmpplicasion ofamdlyiEnt ary pairs

of anal ysi.s, and nt.hesis filters. cap be used ipn which the synthesis
filters a teéso?rlijs%’é&feé\%ﬁtgﬁ’ f%_@ecdivgﬁoﬂ’t gHRLonsy ‘“Pi‘}:@enﬁ‘ﬂ%“yél?ess ppidr  and
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PCT/ USOQ' 09557 -3 Al though perfect reconstruction is possible in principle,

it is not ca_éﬁlc'@m&a in practical coding systens because perfect
reconstruction 'fl?eqwnﬁ%gistﬁlﬂgr ﬁé/igé-gpel%éuﬁné Ipll'(;[p%{‘tg mentioned above is related to the

fact that the complementary analysis and synthesis filters used in these coding
systems do not implement ideal filters having a flat unitary-gain in the passband, zero-

25 gain in the stopbands, and infinitely steep transitions between the stopbands and the
passband. As a consequence, the analysis filters provide only a distorted measure of
the spectral content of an input audio signal. Furthermore, some filters such as the
quadrature mirror filter (QMF) and the time-domain aliasing cancellation (TDAC)
transforms generate significant aliasing artifacts that further distort the spectral

30 measure of the input signal. In principle, these artifacts and deviations from perfect
filters can be ignored because complementary pairs of analysis and synthesis filters
can be used in which the synthesis filters are able to reverse the distortions of the

analysis filter and perfectly reconstruct the original input signal.



to receive a precise representation of the subband signals g@@@ﬁeﬁ E@[]Bhe
anal ysi sywofdolehgdys- | nstead, the synthesis filters receive g eanagentation
with significant errors that 5 are introduced by the quantizafion processes
descri bed above. As a result, subband -3%ignal quantization introduces
errors that mani fest thenselves as noise in the signal that is

reconstructed byihhghsyeHedeRdcsndthictigh & podableiSsrimeRel if 18 nbl SchiBRlgAt

5,623,577, which is incorporated herein by reference inits entirety, the
quant i zi ngpreetias soding systenutireadsesiegioel regansinagsioaaequites theesyayhesisdiliess fi | ter s

i f. f i ] 10 i d h h ; bband
of the quatiestts & AAR degPehition ol e obiNePeh skb@ st B4t BHTEY cncont ng
processes fijid¢€ Ihiese thlesairedRdilRRIEEeit0a repRlsefisai WAR sichBicanbAS s

gnal s

in an optimum manner because the quantization processes do not m%tude a
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al | ownance for noise spreadi n&a’l n the synthesis filter. As a result, these

pr ocesses whichésincerapeetedhkereigarmeference oty eativdtuittho peantiniag aremsiara t he

guanti zi ng i Jnaudi ble.,.This deficigency . can be ensated to some
dogr ee. by uPPHEF bR 418 a8 oo ARt B SETRERERL 8% Fchor d <o
be | ower thewidenttaache fitQuepey seblabidbf thedehntiaed bubband sigadlétselr by unifornly
decreasing the ﬁu ntization reso{ uti Qn bel ow t 'att,h\émi gh an accurate
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not properly account for the cause of the deficiency. at ent
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synthesis filter frequency response. scl osed enbodi nents of the
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by uniformly decreasing the quantization resolution below that which an accurate
perceptual model would indicate is sufficient to render the quantizing noise inaudible.
Neither form of compensation is optimum because they do not properly account for
the cause of the deficiency.

25 U.S. patent 5,623,577 discloses several techniques that compensate for the
noise-spreading effect of synthesis fiiters. The theoretical basis of the disclosed
techniques assumes the degree of noise spreading can be determined by convolving
the quantization noise spectrum with the synthesis filter frequency response.
Disclosed embodiments of the techniques determine whether compensation for

30 synthesis filter noise spreading is required by comparing frequency-domain slopes of
an estimated masking threshold with threshold values that are determined empirically.
Unfortunately, these techniques are not optimum because the accuracy for

determining whether compensation is needed is suboptimal, the steps required to



the di scl osed techni ques do not take into consideration the effects of - .- .
overl ap-add processes that are included in sonme synthesis fil teZsQ_ P 2?[]3
1%_ggg1the TDAC transfornms. In addition, the disclosed techniques no
“provide an ability for a 5 particular enbodi nent to gracefully tradeo B00R955T
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window function, the coding provided by this method is also suboptimum.

DISCLOSURE OF INVENTION
20 It is an object of the present invention to improve the performance of
perceptual coding systems and methods that use analysis and synthesis filters by
providing a quantization process that accurately compensates for noise spx'*eading in
synthesis filters.
Advantageous embodiments of the present invention are able to determine the
25  need for noise-spreading compensation in a manner that is more accurate than other
known methods and to provide a gracefiil tradeoff between the accuracy of
compensation and the level of computational resources required to provide the
compensation.
According to one aspect of the present invention, a method or apparatus
30 determines quantization resolutions for subband signals obtained from analysis filters
applied to an input signal by generating a desired noise spectrum in response to the |
input signal and applying a synthesis-filter noise-spreading model to obtain estimated

noise levels in subbands of an output signal obtained from synthesis filters. The -



the synthesis filters and an overl ap-add process, and the quangi i
resolutions are determ ned such that the desired-noise spectrgrgagg]gggar
ben estimated noise |levels. The nethod nay be enbodi ed as a pro

'%W%@?ucti ons on a nmediumthat is 5 readable by a device for executlg'g'?ﬁl%?%?
Lhe devi cgyoAREREsl ng to anot her aspect of the present irp@ﬂt{jsﬁﬂm g-redi um
coniveys encoded information that conprises signal information t a?
represents quantized conponents of suéﬂgand signal s generated by applying
analysis filters to an input signal affd control information that
represents quantizing resolutions of the quantized 10 subband signal

. conponent syntigsis-flierndise-spgeading modelonpreserds deisespreatitg earsctaristidsagd above.

Accor i notiP Sy s B  leftep il puoteds 8 e rieaBn resmb A s

recei ves d@efinided agidsthat the desitedcasiveyiedguintie F@afe@m the EQrARbd QBissummar i zed
above. The receiver conprises an input coupled to the signal conveying the.

encoded i levelsnBh¢ methodonay be embedicd ase pregram of instructionscmmmediun thahes | nput

t hat egxtract .t.h ignal_ 4 nfor N> and the control information fromthe

encodgd iWg?%ﬁyg‘rﬁﬁf?af%’b?’%cﬁrrg{’%g}'gﬁ%ﬁmehe . quantized subband si gnal

conponents andATcB&dﬂﬂgatBtdnéﬂi%ﬁaﬁ;ﬁ:@@bﬂﬂl&9P&eﬁfm$éhﬁoﬂ1uﬁﬁfehﬁxﬁﬂcoxﬁlé?93nd si gnal
a

conponents, dequantize the quantized subband signal conponents” according
to the quensoded informatismibatiesmnrisespignalinfpsnyation thatrepmssitaquagtiagdal s, and

apply synthesis fli Q.- 1 nt 4 band .si-gnal s and ply an
over | ap- a‘téf)dﬁ ﬁ‘ﬂlef)l ’go(gasgég 0 Sﬁ%’%&é&%ﬁ F&n#’%fg?dfgifngﬁg %H?‘ﬁr#&{f tPra&WP‘ﬁtg synt hesi s
filters tggasinedaberelinfopiation tiait ésenfﬁhfﬁaﬂhﬂ?' tesbltioRPbSheiglahipfads Ubband
si.gnal s i sg?f)r ead hy the synthesi gﬂﬂffj |ters and the overl ap- ggd process.to

prodie rwbband sgarleomponeishaequsntiving reipliians agg dtemminehes are | ess t han

t he desi rﬁgﬁﬁm%gﬁtrum and an out put. coupled to the one or nore
processing circuits that conveys the output signal. 15 The various features
of the present invention and its preferred enbodi ments nay be better
understood by referring to the foll ow ng discussion and the acconpanying
drawings in which like reference nunerals refer to like elenents in the
several figures. The contents of the follow ng discussion and the draw ngs
are set forth as exanples only and shoul d not be understood to represent
limtations upon the 20 scope of the present invention. BRI EF DESCRI PTI ON
OF DRAWNGS Figs. 1A and 1B are bl ock di agrans of split-band encoders.




Figs.m 2A and 2B are bl ock diagranms of split-band decoders. 25 Fi '
schematic illustration of the frequency response for a hypothet %glgaﬁ 2,’003

11{#_2@@' Fig. 4Ais a schematic illustration of a perceptual masking US00Q09557
thr 3>| d for a high-frequency spectral conponent as conpared to the

frequencywhamipuss of Fig. 3. Fig. 4B is a schematic ilpogshusdoimespf a
per ceptual nmasking threshold for a 30 nmedium to | owfrequency spectral
conponent as conpared to the frequency.response of Fig. 3. Fig. 5is a

bl ock di agram of conponents [Ilustrati%@ concepts underlying some aspects
of the present invention. WO 00/62434 -6 PCT/SO /97 200a 2 Fig. 6 is a
schematic il | ustaoading o pét anpther apgschel the prsssntonvention, dorrparates ISPy es

recovered an, i nverse bl ock tra . Lght eg t-hesi s w ndow
Funct  on sndgEotss BTRg el e i G A b A SYE T8 5, LT
that seekgsedfer confiipisk uoehiptat foQhe Kigall dohi@jing Hie@ncSiddsnforgiatphi cal
illustration of a snoothed power spectrum a desired noise spectrum and a

quant i zi ;oge ooimsre pretessiogriteuitszonpled o the ipput thatdrdragt the signalingprmgtips o
flowchart il]ustrati. steps.in reiterative process, f.or, determning
quantSi zatng QE@RHQE%&%HE@U ﬁn&_ﬁe i@ngdﬁapﬁﬁfﬂucmﬁl q%éﬁi"l’ W%anbe val ues of
t he nmenb : ﬁé‘ﬂﬂ ' ; | B hstizadbl ock
di agram %‘#@%&ggﬁﬁs t g?h%ég tsééllﬁ}{sg%q*ugﬂtcar Sdsglb?gh%gﬁ‘%hg gblzté%gcts of

t he pr esgabbdndvimial eompatentdequintize GRRMnticRdbbandsign/ENTIDOhEMs Over vi ew
1. Encoder Fig. 1 Aillustrat esl Qne en(;g’odi gent of u;gl-ic{-.g%qd egcoder

i ncor por aceargingtarthe guarkizngcresclytions e qpiate ﬁT‘aPH%"éﬁi #0249 }ERH>AYa bank of
anal ysis fidt : ' ; L i b ; ' hyed from
pach 11" ABPlyfafiets fifereld ARG Q1 Sifthilt i3haRdah Sor A AyehBERITE L oF
analygsi s pkdddsetsblvaks dfinforplation obtathadrfrom whelsyntheaisi fdteys tof genesate ag n

preferred enmbodi s, the .bank. of filters is inplenented.b i.ghting or
nodul at i ﬁ&%&?é}aﬂgg%ﬂ BRYRES 5Py i"b{hte E%adlgis Isgrseaé\ngy ﬁheéyn nees{%ysi s

wi ndow ' f yfiehd afi ARGvRARS-HEd ProteRAtbiprédicamoldedévelsi sbbbatide of tHeositme:
Transform 25 (MDCT) to_ the wi ndow wei ghted bl ocks. This Is referred to
as a Ti meignal that are less than the desired-noise Spectrum; and an output coupled to the one

or more processing circuits that conveys the output signal.
15 The various features of the present invention and its preferred embodiments
may be better understood by referring to the following discussion and the
| accompanying drawings in which like reference numérals refer to like elements in the
several figures. The contents of the following discussion and the drawings are set

forth as examples only and should not be understoed to represent limitations upon the

20  scope of the present invention.

BRIEF DESCRIPTION OF DRAWINGS
Figs. 1A and 1B are block diagrams of spiit-band encoders.
Figs. 2A and 2B are block diagrans of split-band decoders.
25 Fig. 3 is a schematic illustration of the frequency response for a hypothetical
filter. _
Fig. 4A is a schematic illustration of a perceptual masking threshold for a
high-frequency spectral component as compared to the frequency response of Fig. 3.
Fig, 4B is a schematic illustration of 2 perceptual masking threshold for a
30  medium- to low-frequency spectral component as compared to the frequency response
" ofFig. 3.
Fig. 5 is a block diagram of components illustrating concepts underlying some

aspects of the present invention.



Donai n Abasi ng Cancel | ation (TDAC) transformand is disclosed. in Princen,
Johnson_and Bradl ey, "Subband/ Transform Coding Using Filter %rﬂ? |2[r}83
Based 9 8&43Donmi n Aliasing Cancellation," Proc. Int. @6&USOK t ="
Speech, and Signal Proc., May 1987, ppg. 2161-2164. 30 In the enbodi nent
shown, desired noise |level calculator 14 analyzes the digital audio signal
received frompath.11 to esti -t he. psvch stic..masking.  threshol d of
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good per cept uay. del such .as . di . 1.p Schroeder tal and Hall,
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Humars Eaptimui gd@iyation 8eelutidm , Decenber 1979, pp. 1647-1652 and in U. S.
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calculator 14, quantize resolution calculator 15 uses a noi se-spreadi ng
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subbgnd si gnal pgangiPAsshicilutAfiof 8t Lafkslr (hBERAHAYANK ke A bego! uti ons
al ong path 16. The noi Se- spreadi ng nodel represents the nol se-spreading
char act espstadog wdtrix. bank of synthesis filters and is used to estimate the

noi se i n an out.put. Si |, t.hat is_.obtained a i ng 15 the synthesis
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quant i zatiagBug gﬁ@hﬁtdfq%pre@yﬁnﬁ%@,goﬁ_esol ution calculator 15 determ nes the
guanti zati on resol utions such that, according to the noi se-spreadi ng nodel,
t he output signal obtained fromthe synthesis filters has a | evel of noise
resul.ting fromthe i | i I al to the desired
noi :13 | evel . 20 Qua jﬁf’é ﬁﬁ%%@ﬁ%@ﬂ?@%@@ﬁﬁ%%ﬁ recei ved from
path 13 according to the quanti zafi @verdg®l Ution information received from
path 16 to generate quantized signalgghep9 path 18. Quantizer 17 may be

i mpl enented by a variety of quantization functions using uniform or
non- uni f or m stBg. $Azbgstrated enti empadimerd of g spint-bandtenorder fnogeporatingi c

quanti zation, Ll oyd- uanti.zati.on.and. vegtor quantization.. The 25
a0l ut T CRBHS ERBURREe PHPBAIHOR Horis) adiak of 3Bk ity 8 Control | ed
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r epr esentseghabyyaleng hatuidn (he danloof atatysis filters may be implemented in a wide

variety of ways. In preferred embodiments, the bank of filters is implemented by

weighting or modulating overlapped blocks of digital audio samples with an analysis
window function and applying a particular Modified Discrete Cosine Transform

25 (MDCT) to the window-weighted blocks. This MDCT is referred to as a Time-
Domain Aliasing Cancellation (TDAC) transform and is disclosed in Princen,
Johnson and Bradley, "Subband/Transform Coding Using Filter Bank Designs Based
on Time Domain Aliasing Cancellation," Proc. Int. Conf. Acoust., Speech, and Signal
Proc., May 1987, pp. 2161-2164.

30 In the embodiment shown, desired noise level calculator 14 analyzes the
digital audio signal received from path 11 to estimate the psychoacoustic masking
threshold of the audio signal and to obtain a desired noise level in response thereto. In

preferred embodiments, the desired noise level is established at a level that is
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repr esent gﬁg égg_i nput signal spectral envel ope al ong path 22. For 20
exanpl e, SUS 1_%115;4&9 CEYRPS ARmAseiRAnUtRE il dhat dgohtpingd by applying

bl oclsf | ol sgrﬂfl'fégils @ﬁt}prs(tglfﬁé sutPam §i€néi‘§1fhﬁpalieﬁﬁarﬁ%gigﬂpﬁlg%{ostth%r e essentially
| ogarithmc scaling tactors Trepresenting the peak conponent val ue in each
subband. dqhantBhitor xgzolueiohs Qmayitiberesolaton esdcdldier 1 hetérndngrihé spectral

envel ope i nformation. The bank of analysis filters pmay be inplenmented in a
wi de var i 8¥3ntERLGRjasolions sidhdhalqacepriiag tothe paiss-srigadied wedeleths ougputcul at or

14 anal yzg namtﬁﬁ@&ﬁm'thseyxﬁbagﬁg!gep{ STAPOE ndiRGRLNGHE: foATPaLh 22 Lo

estimate the psychoacousti c maskir res the a signal and to
obt ai n a dewmitizetdondias & fubstehtidlly eqes poniseddsived mdise levah r esponse to the

desi ﬁd noi se | evel. recei ved frgm %Esi ed aEOi se level c I03ul atoy 14,
quanttze resol JHAHZECH| HIANHET NG ioas sign %ﬁegféY%dpf}/%BF nsgerdingto
expl ai nedtmﬁwtimwﬂ%%imi@einr&}ﬁmﬁ@n fHéBIEd Hakd fth 1eRALdAbIGudnbizetbe for

guanti zi ng the subband signals and passes an ]
signals along path 18. Quantizer 17 may be implemented by a variety of quantization

sone embodi ments, the number of quantization steps is vari e(? @/éﬂfbﬁ%@jgng
u of

functions using uniform or non-uniform step sizes including linear quantization,
logarithmic quantization, Lloyd-Max quantization and vector quantization. The

25 resolution of the quantization provided by quantizer 17 may be controlled by varying
the number of quantization steps, varying the dynamic range represented by a given
number of steps, and/or altering the values represented by each quantization step. In
some embodiments, the number of quantization steps is varied by allocating a number
of bits and selecting a quantizer with a corresponding number of steps. Although the

30 particular form of quantization used in a particular embodiment may have significant
effects on performance, no particular quantization function is critical in principle to

the practice of the present invention.
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noi se-spreadi ng nodel . 2. Decog\gﬁl Fig. 2Ai]lustrates one enbodi ment of a
split- ban!tig@éd%ﬁmaﬁphb%mpbﬁ]m R§En eptropy enendsT 8§ pekar don of lussigssesent

i nvention_in.whi ch.def g : ty i from an
encoded S?Qfﬁ’g?r e %liw\%etgé Fl?%hl?%%rfﬁapgé{%%gﬁﬁgg%ztg c{fﬁgganu%rqg ??ﬂgﬁal'si gnal s

al ong pat h 33. Figef Brilimtiaes adathsreymbadineny of a apliebandecodecmderpooatingt her form

of | ossless decoder as necessary. to _ohtain the quantized signals., In the
enbod$ menvarime epectie fdheratesest inyontigndhatds pimiler do Fb%?ﬁn??fﬁméﬁk sesls s gnal

an i ndi cafi i @fe tNe 5l Ghalen&ld LS ehiedivntd s disdisoRi e | evel

cal cul ator " 1h 'a comnpani on encoéerggﬁl}ﬁpasses this indication to desired
noi se | evel calAchdnktafran@dsis filishd Lhisapplidis a digitalenidiesigndirseeiveahfedbmi n

response thereto. In response t@??tge. de]lssi Logld n@ilge Iﬁvel received from
desi red nBibd l|te\asneraty i stoyrsuadind GIERAT P R &R 'tai"_8 O BEBFTRI at or 35 uses
a noi se- spieRiag r@aié?émia%th%wuakigﬁﬂ sPEAME ch 1§84 S10AE Pethi 18 F3@ quant i zati on

resol utions that were used to generate the quantized signals and passes an
i ndi @t i oexafiple rebbandedigrialieamposents oy bpaenresatedsqublack-Heatingpag@buant i zes
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representing the peak component value in each subband. The BFP exponents may be

used as the input signal spectral envelope information. The bank of analysis filters
may be implemented in a wide variety of ways as discussed above,

25 Desired noise level calculator 14 analyzes the spectral envelope information
received from path 22 to estimate the psychoacoustic masking threshold of the audio
signal and to obtain a desired noise level in response thereto. In response to the
desired noise level received from desired noise level calculator 14, quantize resolution
calculator 15 uses a noise-spreading model as explained above to determine the

30  quantization resolutions to use for quantizing the subband signals and passes an
indication of these quantization resolutions along path 16.

Quantizer 17 quantizes the subband signals received from path 13 according to

the quantization resolution information received from path 16 to generate quantized
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Fig. 2A illustrates one embodiment of a split- band decoder incorporating

20 various aspects of the present invention in which deformatter 32 extracts quantized
signals from an encoded signal received from path 31 and passes the quantized signals
along path 33. Deformatter 32 may also use an entropy decoder or other form of
lossless decoder as necessary to obtain the quantized signals.

In the embodiment shown, deformatter 32 also extracts from the encoded

25 signal an indication of the signal characteristics used by desired noise level calculator
in a companion encoder and passes this indication to desired noise level calculator 34,
which obtains the desired noise level in résponse thereto. In response to the desired
noise level received from desired noise level calculator 34, quantize resolution
calculator 35 uses a noise-spreading model as explained above to determine the

30 quantization resolutions that were used to generate the quantized signals and passes an
indication of these resolutions along path 36.

Dequantizer 37 dequantizes the quantized signals received from path 33

according to the gquantization resolution information received from path 36 and

ator 35 uses a noi se-spreadi ng nodel as €xpl al ned above to *



Dequanti zer 37 dequanti zes the quantized signals received frgngw Zag ’
according to the quantization resolution infornmation receive p 336

and geMN&? #@43dequanti zed subband signals al ong path 38. Beyuipsser 37
may be inplenented and controlled as _dipscussed above. A bank of synthesis
filters 39 is 5 applied to the dequantized subband signals and the spectral

envel ope infaormtion t.o erate an outpu j gnal along,path 40. The
obod manEo R e dtatie Setand snfl oRie Pt B B el FaBiuds ve  oodi ng
systenms bpgAuhented ant RbatraBéd e 6f Wyys! R3aligdasdet @EonOfos Quirieion,
calculator is conveyed in the encoded signal by the spectral envel ope

i nf or mat i B0, paNcdddaguentizationduneticripatitieah g princee teitheipraciiseofithe enbodi ment

not shown, desi.red,.noi.s evel cal cul ator 34.provides. a set of initial

Guant i oa PERRJAGRIBRIRE shifd s SRppntiy Fe a o itestiset® i 1) o

resol gt i oBgneRdte thdhaamiRdd fsubbandhezancoded signal by deformatter 32. These

nodi fi catlons mag be applied to the initial quantization resolutions to
fpbarddo

provi de noi se- freynthespdilens 39is.appled3o thesetdsquarized sulband sigeas As

ti oned, ab th inci f th t ]
"hcor por alCeeerits =B udon s Eppg pabC, RRERERt of HEREs A ReE Md et nods ¢ ha
| mpl ement jRgam¥ted iﬁiadmaﬁ%h@t?io&"wdyk.tzﬁrp?efjeﬂe@iemabaimems?fhevrﬁm&of For ease of

di scussion,” however, the followi ng description nakes nore particul ar
ment i on ofyNBAG fHters tseimyflementedrby dpplping on ilersedVIBXIT, irefsfredremasahe ons of TDAC

t ransf.or ns_ar e gl sse i . tents 5 7,236 _and.5, 890, 106. The
oo ont Tffst T RE R ormhn]o placks of At ettt uB Bl Pedd*; 1o

quant i zat sffiplee6Staltel Frorh QhélGendform Guantsydineds avikldvbandiisn, apal from the
difference between the _anplitude of the subband signal and the |evel of an

est i mat ed *yglappingrulcasiiing samplekinfglachitasindow-wigted blasks. subband. An
inplicit assu I LAt S i at. .. i.zatl | for one
transform coepﬁtl %ﬁg%%dsgaﬁgggéﬁggﬁﬁog o%héelg%ggﬁﬁ%gﬁogs% ‘%‘%F"sag“?’?%‘?r ot her
nei ghbor i 8¢ nbr gosftreressiefibn calewittor 3GCancwaelded bedabsesdefsnanet BD i dbfe toot true
beca ze of the noi se-spr ea(gi ng characteristics of  the Sﬁnt hesis filters.

30 THE de§FEest guanzationdgsiuonipiormatipn fomthegpeeded signabandprowde s i vity of

the synthgsiS.tidnl Sintidss £Xpl ai ned above, the analysis and synthesis
filters use?i In élotgﬁgm!systéms do not provide ideal passbands. A schematic

illustration of the frequency response for a hypothetical synthesis filter
is shown in Fig. 3. The response shown in WO 00/62434 -12 2 Q SEP 20UJ '
PCT/ USOQ' 09557 the figure is a frequency-domain representation of a

hypot heti cal oyfpuip fi@fates another embodiment of a split-band decoder incorporating
20  various aspects of the present invention that is similar to the embodiment discussed
above. A few of the differences between these two embodiments are discussed here.
Deformatter 32 extracts quantized signals from an encoded signal received
from path 31 and passes the quantized signals along path 33, and extracts information
representing the encoded signal spectral envelope and pass this information along
25  path 42, Deformatter 32 may also use an entropy decoder or other form of lossless
decoder as necessary to reverse any lossless coding used to generate the encoded
signal.
Desired noise level calculator 34 analyzes the spectral envelope information
received from path 42, which obtains the desired noise level in response thereto. In
30 response to the desired noise level received from desired noise level calculator 34,
quantize resolution calculator 35 uses a noise-spreading model as explained above to
determine the quantization resolutions that were used to generate the quantized

signals and passes an indication of these resolutions along path 36.



obt ai ned fromthe synthesis filter in response to an input g a
single spectral conponent at frequency fo. The main | obe giﬁﬁgtp %\ﬁf

frequentQ 096Xpbnse that is centered at frequency fo is thRCFUSWOMSTassband.
The smal |l er side | obes of the S respense are in the filter stopbands. This
spectral selectivity may be controlled by varying a nunber of factors

i ncl udi ng the r t he

synt hesi s w n(?oealng?%ﬁlgﬁ?g%&a@yﬁéﬁgﬁtﬁéﬁﬁhg gggg %%“%?hfz&g tthﬁj;5| s w ndow

f unct i onactdrdinpialthe qnlfantlim:lonpmnwldn&amaubheacdu&dtfrcanipalthc%fa:ﬂgal nst the

| evel of attenutlon%\?ov i.n h 105030£ nds. ?e wi, dth of the main
| obe is PERRIMEYCBAPY 88 pat e@E?‘?tW’E MaR&eat t enuati on in

the st Opgﬁgl@ﬁ'lehtéd ah&eoﬁtﬁmee gdiswﬁeagss@m b §P§ryhiﬂe%]1¥ it6ARo3) SO be
i ncrease increasing the Iength of the transtorm however, the use of
| ongex traaplssfdcmmlm dexjuantized| swalyesdogrmisoinel the mp@tmﬁdm&ktpeaimﬁdnnatﬁmrtopr oducti on

applications that require real tégﬁ pl ayback of the decoded signal, for
exanpl e, ggnerats a8 jogtRut sigRgkalong BHE A8 m must be used to satisfy coding del ay

limtations. The ABbafnent PLERslSh FHAPRCHSY béhs&ﬁn%faclama%ﬁg g ilters is
particularly serious 1n such coding™ systens. Additional con cfer ations for
| ow del ayodiagisystersyisdcense the ifostaismatteted by e dgsatdnoisd]2Pcaldatohe

significance of noise-spreading. is, usuall i ous f nediumto | ow
20 fr equéﬁﬁqnésyeséwtfsféwf) %ﬂa %grfa? Py tie b%er%rely@?ve{% l?ﬁﬁﬂﬁﬁl%g{wﬁw%@%t em are
nar " QT ifbrmatRAES pddded URARLARr elmBEMinfdnt BbPﬁiov@?"ﬂngeﬁrrfo?s%ﬁé\%ﬁS to the

maski ng t for a spectral conponent within that ba and represents
t he rangealolﬁlafméqlpemd@sa wref 1mbldi|quhntazadﬁomramhnt1(m|sandi pa¢ ocowponent can

| i kel y mask.,. ot her s | | er..spectral co nen e qu i.zation noise. At
| ower 1 1 Seirenass SRR R A ATe CHU SUmILL O EGEY ¢ han ¢ he
frequencyieReheddri32 Weé&fméﬁlﬁcﬁmgﬁ?a‘%'& dpphik&to thth@ialGakfzddonl S 1MOre
likely the synthesis filter will spread noise resulting fromthe

quant i zatreésshutiohs to propisetnosse- scmaﬁmgeqmnmmwme t he masking threshold of that
spectd al conponent. Fig. 4A p0 llescgascche tcl c illustration of a
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217 in U.S. patents 5,297,236 and 5,890,106.

The quantization process in many perceptual coding systems determines the
quantization resolution to use for quantizing a subband signal from the difference
between the amplitude of the subband signal and the level of an estimated

25  psychoacoustic masking threshold within that subband. An implicit assumption in this
process is that the quantization noise for one transform coefficient is independent of
the quantization noise for other neighboring transform coefficients. Generally, this
assumption is not true because of the noise-spreading characteristics of the synthesis
filters.

30 The degree of noise spreading is affected by the spectral selectivity of the
synthess filters. As explained above, the analysis and synthesis filters used in coding
systems do not provide ideal passbands. A schematic illustration of the frequency

response for a hypothetical synthesis filter is shown in Fig. 3. The response shown in
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20 frequencies because the critical bands of the human auditory system are narrower at

lower frequencies. Each critical band corresponds to the masking threshold for a
spectral component within that band and represents the range of frequencies over
which a dominant spectral component can likely mask other smaller spectral
components like quantization noise. At lower frequencies, the masking threshold can
25 become narrower than the ﬁ‘equéncy selectivity of the synthesis filter. This means it is
more likely the synthesis filter will spread noise resulting from the quantization of a
spectral component outside the masking threshold of that spectral component.
Fig. 4A provides a schematic illustration of a perceptual masking threshold 25
for a high-frequency spectral component at frequency f; as compared to the filter
30 frequency response illustrated in Fig. 3. As shown, masking threshold 25 for the high-
frequency spectral component at frequency fo is wide enough to completely cover the
synthesis filter response. This suggests that a relatively large amount of noise

resulting from the quantization of the high-frequency spectral component at frequency
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split-band encoder that generates transform coefficients constituting a frequency-
domain representation of the audio signal received from path 51. Quantizing noise 53 -
20 represents a process that injects quantization noise into the frequency-domain
representation obtained from analysis filter 52. Synthesis transform 54 and overlap-
add 55 collectively represent a bank of synthesis filters in a split-band decoder.
Synthesis transform 54 obtains a time-domain representation from the quantized
frequency-domain representation of the audio signal. The process performed by
25 overlap-add 55 overlaps adjacent blocks of samples in the time-domain representation
obtained from synthesis transform 54 and adds corresponding samples in the
overlapped blocks. Analysis filter 56 is a theoretical construct that is used to explain
some principles of the present invention.
The bank of analysis filters 52 is implemented by suitable analysis window
30 functions and the TDAC MDCT and is applied to a sequence of blocks of audio signal
samples that are received from pa’;h 51 to generate subband signals in the form of a

sequence of blocks of transform coefficients. This may be expressed as:
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frequency-domal n resentation obtained from analysis ter 56 for 30
t hi s 1per f quantizett@mnesolution. dhisresultsen expamessd dignat thADBERdes o sWEhdNOé 62434
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15 Synthesis transform 54 is implemented by the TDAC inverse MDCT and
suitable synthesis window functions, and is applied to the sequence of biocks of
quantized transform coefficients to generate a sequence of blocks of time-domain

samples. This may be expressed as:

X 1 M, 22(k + k&, Xn+n,)
=—— E X (k-
xm (n) 2M k=0 n ( ) COS|: ZM

} for 0 < n<2M, (3)

20  where x_(n) =recovered time-domain sample # in sample block .

Overlap-add 55 recovers a replica of the audio signal samples received from
path 51 by applying a synthesis window function to each block of time-domain
samples that is obtained from synthesis transform 54, overlapping the windowed
blocks and adding corresponding time-domain samples in the overlapped blocks. The

25 gain profile of a sequence of overlapping windowed blocks is shown in Fig. 6. Curve
41 illustrates the gain profile of a synthesis window function that is used to modulate
a block of time-domain samples that is coextensive with line 44. Similarly, curves 42
and 43 illustrate the gain profiles of synthesis window functions that are used to -
modulate blocks of time-domain samples that are coextensive with lines 45 and 46,

30  respectively. Signal samples representing a replica of the original audio signal
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25 3. Spreading Matrix A process for quantization that takes proper account
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representatlon of the synthesis filter output signal in terms of t’he

guanti zed 19%8ansf orm coefficients, as follows: 5 Ym( k) =
A 00,204 e QRS e by RIS,
{n +M carh@siier. Adr purpdseskof thpjrations thi%baﬁh biffahalgis filbdrs & idigieiMnted
by a rectangular analysis window function and the TDAC MDCT discussed above for
analysis filters 52. The bank of analysis filters 56 .is applied to the replica signal
samples to obtain a hypothetical frequency-domain representation of the replica
signal, which is passed along path 57. The frequency-domain representation is used as
20 a basis for an analytical expression of the noise-spreading characteristics of the

synthests filters. The representation may be expressed as follows:

27(n+ny Nk +k,)
2M

Y (k)= Zf] 5. (n) cos[ ] for 0 <k<2M, 5)

where fm (k) = transform coefficient % in the frequency-domain representation.
If quantization noise is not present in the input signal provided to synthesis
25 transform 54, the blocks of time-domain samples obtained from equation 3 can be
overlapped and added as shown in equation 4 to obtain a perfect reconstruction of the
signal samples in the original input signal. This may be expressed as:
V.my=y (my=x_(n) for 0<n<2M ' (6)
The hypothetical frequency-domain representation obtained from analysis filter 56 for

30 this perfect reconstruction may be expressed as:
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1. (a) +tﬁat(k q - .-, (q) + C(k, g I ml (q) (13) 4=0 where A (k, q)
= 2A(k, q) ; B (k, q) =2B(k, q) ; and C (k, g) = 2C (k, g). Under the

three assunpti mikjrgq;tmi(pﬂr’eg ]@@‘gvef&h@g kt.@gﬂ,gorrponent s of the ®)
where N(k) = a desired noise level for transform coefficient £.

10 The following assumptions are made for the quantization noise:

1. The quantization noise I,(k) for the various transform
coefficients % are statistically independent.

2. The quantization noise /(%) for various coefficient blocks m are
statistically independent.

15 3. The quantization noise I,,(X) in a respective coefficient block m
have a mean that is equal to zero and have variances that are equal
in consecutive coefficient blocks.

The first two assumptions are true for the coefficients obtained from the transforms
generally used in audio coding systems. The third assumption is true for blocks of

20  transform coefficients representing a stationary signal and is justified for quasi- .

stationary passages of music that are not quantized well by known perceptual coding |
systems ahd methods. In highly non-stationary passages for which the third

assumption is not justified, errors caused by this assumption are generally benign and

can be ignored.

25 3. Spreading Matrix

A process for quantization that takes proper account of synthesis filter noise
spreading may be developed from an analytical expression of the relationship between
the noise spectrum of the output signal obtained from the synthesis filter and the noise
spectrum of the quantized input signal provided to the synthesis filter. A derivation of

30  this analytical expression or "spreading matrix" will now be described.



10 quanti zation noi se have a zero nean, are statistically independent and
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=0 2M ZM
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A similar expression may be obtained for the hypothetical frequency-domain
representation of the synthesis filter output signal in terms of the unquantized
+transform coefficients by making a similar substitution into equation 7. The

expression 1s:
15 Y, (k)= 2’f‘zﬁl(k 9)- X, (9)+Bk,q) X, (@) +Ck.q) X, () (9b)

By subtracting equation 9b from equation 9a, a hypothetical frequency-domain
representation of the difference between these two output signals may be obtained,

which can be represented as:
0, (k)= ZEIAUC, 9)-1,(9)+BU,9) 1, @) +C(k0)- L (@) (10)

20  where On(k) = quantization noise in the synthesis filter output signal at frequency £,
and

I (k)= X (k)—- X, (k) for 0<k<2M, as may be seen from equation 2.

The expression in equation 10 may be used to rewrite expression 8 as follows:

<N for 0<k<2M. 1)
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the gain fact oré/o,t,,,liéi=£(%,a(§)1c ose to one as possible. Indeed, if a
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for 0<k<M,
15  where E(z)=the expected value of z;
No.m(k) = noise power at frequency # in the output of the synthesis filters;

N, @ =E{|L @) ):
A", @) =| A"k, q)
Bk, q)= |B'(k, q)l2 ; and
20 Ctk,q)=|C k"
Under the third assumption mentioned above that the quantization noise

variance is identical in consecutive coefficient blocks, equation 14 can be simplified

to:

No’m(k)=§W(k,q)-N,|m(q) for 0sk<M, (15)

g=0
25  where W(k,q)=A"(k,q)+B"(k,q)+C"(k,q). The W matrix is the spreading matrix

referred to above.



of the conpensation. In many enbodi nents, it is convenien [ ITC I t he
cost of §9 ation as the logarithm of the anmount by V\glgﬁg:ﬁm
ok

guanti zi ng spectrum is reduced. In a preferred embdG TPt uses
bit allocation to control quantization9-resolution, the cost is equal to
one bit per transformcoefficient for each -6.02 dB the 15 quanti zi ng noi se

spectrumis changed. For g Dliafatfid A ReQbhdoh) 1S set equal to
0.25, then N.n(1) of the quant |ﬁlzn| (r?ganglksé spggéruqu{r?] is changed by -12.04 dB

with respect Refaing toofxptdssombelild et and 8, is pacbe ween thearcosimifmr this

noi se- spr eadi,ng, con@ensa%iﬁgn.of transform coefficient Xél) is (-12.04 dB /
-6. 02 dB) dUANNIZRHQILTESPIHONTCHIE IR fHaNtZnganqisRspactan (&b-@as der Bew? €A4t have
~a logarithm ost 20 function, the desired quantization noi se spectrum
shown in equation 18 can be conveniently represented as log N,,m(k) = log
g(k) + log N(k) for Oy k < M (20) The cost of conpensation varies

i nver 8el y wi t h Nhelk) e thg -oF, dagdls Nd)n farcOai £ <Mfus, the total (E@st of
conpensation in this teo-di nensional exanple is proportional 25 to -1log
g(0) - log g(1). For.ease of .di.squssion,. the constant of proportionality is
assuned herei n)FPBe%@["é(q‘ﬁ'ﬁ] t%f’ge%‘?? TDofed girget i??“tfqpelsopti m zation problemis
to mnimze the costxaf conpensation under the constraints inposed by
expressi ons 194dY,..&db aid” (9g) N6p ffars® <skep4in fram ng quanti za(ipn as a
| inear optim zation problemis to 30 replace each N(j) . Wi, j) termin

expr essi | n. el enent i) f a.mtrix D. Al

el enent solpﬁfomra | E)ﬂ Bgig?lée %@Lﬁtﬁor’t %&%'ey ‘%‘8%{%%5{}3)%588&[?&& fI6 O 1995%. 2001 WO
00/ 62434 trZisférnd céefliciént? GOQhiEARANSHE sldpe BIUROTEQRIMbiR! Ieveat (k) apsgsent s
t he EéOdUCt of, two Bositive antiti e;.e_'[he results of this replacenent

may b exPPELUEHneEIKg BpounliRigiae mugPgjniecief gnte)the guanizarien prgess toN(1) 2
X1, 0) _Oadhlevelthd spbiral sﬂﬁﬁ@oflfthe( dsibd néis%‘.’g? Esen&tp%sgﬁ)@ingrgctiﬁﬁd 0<8(1)---91.

(21c) The optim zZation problem express In thi s manner can be illustrated
geonet r i cehbgdiinents tg{rfdct negatiye emonnts nAheiss proc chaguaiiaution procesg. 7. The

regi on 60.0f ssible.solutigns to the timzation problemis restricted.
to a uni tF%‘a\ﬁ%’Réyi AP Lﬁp&e I"O(t)#’etg?llé{e% rAUALte AlRCERPtablE: has si des

COr I S PONghdiizhor! (RS0l HiAH dAHBL 38k B iMARL AR mélix&lﬁ@ajggr nitted for the two
gain factors as shown in expression 21c. In the exanple shown, the region

on t A& si de of Totachieyha solitios, Bt quantizipgodise epedthen oan bt rewrdpands éerhs t he

!toﬁretlrggi gaftyﬁ]%egxpeadcn%ister},%éctr%%ésstjohggvst he inequality in expression 21 a, and

N, .(6)=g(k)-N(K) for 0<k<M, (18)
where g(k) = a gain factor. A graphical illustration of a hypothetical example of noise
spectra and gain factors is shown in Fig. 8 in which curve 71 is a smoothed measure

20 of spectral power for a block m of transform coefficients X,.(k) representing an
audio signal, curve 72 is the desired noise spectrum N(k), and curve 73 is a
quantizing-noise spectrum N; (k) for the transform coefficients in block m that is
obtained by multiplying the desired noise spectrum by gain factors g(k). As shown in
the figure, it is anticipated that the gain factors are normally in the range from zero to

25 one.

a) Two-Dimensional Example

For ease of illustration, a two-dimensional example (A=2) will be used to
explain how the gain factors can be used. By substituting equation 18 into expression
16, it can be seen that

30 N(0)2W(0,0)- g(0)- N(O)+ W(0,1)- g(1)- N(1) and (19a)



the side of straight line 62 that includes the origin repre e o
porti Ong‘?;foo?at}ﬂﬁe that satisfies the inequality in expressi %’%%Psgﬁ@& on

space 66, represented by the 15 intersection of these thr EEVEHYAS? is the
portion of the g(0), g(l) coordinate space in which the solution for the
optim zation problem may be found that satisfies all of the <conditions

i nposed by expwggmgpg.]ﬁoggmoﬁpwﬁ%g_.ge@qv P,undary of soluti olregtﬁace 66

is showmn with a wide |'ine Int npl'e, forns an irregu
quadri | atveread 0 Wig(®) Sildesi @oagiyent. with portions of the g(0) anc& g‘g)l)
axes, line 61, and the top of 20 the unit square that is region ZSO. If the
sol ution spaceAlthmighdr) Tigdl) T Oalweyosatisfiesttbe twh eequalition thigyparticulaat i on

resol uti I: i eftin || gaip factors equal. to one because no
corrp_ensa;g ?%llﬁlg_n?géﬁ@eaggggtg%]eic??a%sﬁ%ﬁﬁéﬁf VPF&%"Z&W&?@_@Y g"ﬂ?l'éé&?%g. Ref erring
to Fi5g. 8espebiive tirgnsEster YedfBtient PustSRL duaRGzdd @it ik ﬁfeegid?l%?e?er%@e“ rum 73
equal to the desired noise spectrum 72 25 throughout the range of transform

coef fi ci spkusions pigldvaluey fop thegainfaryors that targeay dosk)to opeas fossitle Ihdeedot Wit hin
t he sol uty c I . e ased to.find,the, opti rum quantization
resol uti E)i}né)giﬁ'?&nglnn% %ﬁﬂgﬁ‘?’}%ﬁﬁpﬁ{“ %?to %W'?gaac‘f%‘r‘%ow h the sol ution

space incwpeﬂsaﬁaﬁi@ﬁgd@@ﬂ@mg@inmefs@,quﬁof{a@gﬁe@diﬁgl ue less than one. This is
equi valent to obtaining a &uantl zi ng noi se spectrum 73 that. is |ower than

t he desired noilgseawhdpegaindastop viloes hatprovidemneptimahsfution camddef i ci ent s.
The @ptigum set .qf in factor 1 nimzes e cost of conpensation K, which
is c@{)cu at e arsrag}%e%ﬁ% ‘@ %ﬁ“i‘ec?f]o? TT—%“PQHZUB&E‘Q" @afsseﬁksljoﬂ’(%m@?‘s@m%? VO
00/ 62434 oP¢He/ ¢4BEHORARMN In Adink eﬁqbddﬁgerﬁi(?i) ai)ton¢éa&n9 {d therebde?the cém'éﬁ equation

defines a hyperbolic line inthe g(0), g coordi nate space an
r epr esent8MpeNHHQR asthe/lgeasdni of theraenqunb by aihichfthe quantizingatoiseapessmpond to a

const ant . i spreadin npensati on. For exanple,. hyperbolic
Tne 03 feimuged i pRERE1 3REBAMAR BRIREIR Moo Bsstizdl Bivhinetiona

hyper bol iresoliitive, it dospisasal & dne KOP&QRinsfRMm RREICREE fr @ath of oL@ERENSat i on
that, is higher than KL. As the cost of conpensation approaches infinity,

t he or r SUBMIRSBOIED BRACHYMN ischangash Fousxampe ibgaim &starhg( 1) vie setequalitnat e

axes. As oMS, . . J i m.zation,pro is.to find a
o rum 070 £, AZgHG: of 8 oiRtizif nbRE R B S AR B oL SEUB Sl 210 The
opt i mum sedpett N Mty of He: ddsirad neite ByedihundiThe dobefol eiesdiscqsitadmyper bol i ¢
contour that intersects %he SO i pace exami)l e shown in Fig.

{ . th
7, the ofSPMPERIALEN O UGRSIOEB RS é‘l?nh%e’(lgdﬁr(ﬂ?o@‘{]dBéﬁ@@%é@ bet2Resn hyper bol i ¢
contour 64 andegabiRaBieRs ke the Sl bR ASRBER YRS nafhla L ANGROLIPNS! Ons 15
met hods utiliz i

Practical perceptual coding systens an u ers that
requilr e thwection, the desired quantization noise spectrum shown in equation 18 can be

conveniently represented as
log N, (k) =log g(k) + log N(k) for 0<k<M {20)
The cost of compensation varies inversely with the logarithm of each gain factor.
Thus, the total cost of compensation in this twd-dimensionai example is proportional
25 to -log g(0) - log g(1). For ease of discussion, the constant of proportionality is
assumed herein to be equal to one. The goal of the optimization problem is to
minimize the cost of compensation under the constraints imposed by expressions 19a,
19b and 19c.
The first step in framing quantization as a linear optimization problem is to
30 replaceeach N(j)-W(i,j) term in expressions 19a and 19b with an element D(j, j)

of a matrix D. All elements in matrix D are known to be positive because each



guant.i zation process to solve an optimn zation problemthat has many nore
di nensions than two. This problemcan be stated as fi n%rgg the set of gain

taHes {9(k) } within the solution space that satisfi 8 n ly b g

'ﬂ\l?g)ﬁpSIW(k, q) g(gq) " Ng) Dk, g g(gq) (23) 20 within aEuPni?gggyeérggggesm

defined woMeg243bl forO<k<M (24) such that the conpenspCirasomssK is K

=m'n - log g(k) . (25) For exanple, if a TDAC transformof length 256 is

used, the optim zation. 25 probl em'hgi?llyl:128 di mrensions. In this exanple,
|

the regi on of possible solutions is- mted to a hypercube having vertices

Wi th coordi nates correspondin 0 gaipn factors having values equal to
ei t her z&kFeRt repfgsen "'E’Eﬂ%ﬁﬁg EWGRASHvVE Suaptifzes e Fasulls 9IRS probl em i s

t hat por%@ggcﬁmenkgﬁyw%%&hat i s between the coordi nate axes and the

hyper pl a closes e origin. The optimum m ni rum cost solution is

- found at the ZN@)&(@O))%(O)/\QEXW@Z%Q}L &fd/ US00/ 09557 - 23 poi nt gzhag angency
bet ween a hyperbolic constant-cost hypersurface and the boundary of the
sol uti on spaceN(A=Dd) agfd)ad DEWpgfhum set of quanti zation resof2ib) ons nmay
be obtained in a reiterative process such as that shown in Fig. 9. Step 81
obt aiSns avhess Oof g(®ig 1 ainds0 Gglh¥2ati on resol utions and step 82 @lplies a

synthesis-filter spreadin del to the. initial respolutions.to calculate
the resultant Lﬁ)&i%ﬁq%:&@n&rg%;@pe@gesé t',hgsm?qur c‘.”bgef ﬁ’]‘lﬁfﬁ%}@ﬁ resul t ant

noi se | eyghBetichily & gl S(15 Sodidinafe drAYE hSshovin g e Twktregich cbhe

conpari sgn arec%\jg( ac ep’t%(gf_e? step ﬁ rrqd?figas thge qqantrigzla_tion

‘resol ut i possiblagplutipns t the ppimizatios prafdempprestrictedte oiibupersy ivaadegotrodel to
t he nodi fi 10 resol utions..,For. exampl e, i.f the cal cul ated resul tant noi se
| evel 1 of ofthel onEfins spismanit bap sidB8 B eRont g g fhe o p R A BRI o 1 or
one 19f NYiiRespéindited GIRROENS Saih FadtBiQis sHOWE if fréionl f1ct hftheakaemprt ed
resul tant noise level for a_signal conponent is too high, the quantization

resol ut i stpwarthe Frgien omthesids aigit fipe fd thaf indugpsdee amgia repregentsTiies
£ ' . . : ' in step 83
P o075 Bt ife ik bk WBigHES the edlally'fh GAFIGORSAT, A MELERG LR O ©P
‘accor di nghet sidé bfstrafgtanine Hatthstrincladed the odgin repeasens theipdedod bfspacetipt abl e

conmparison, Essentially any set, of injtjal quantjzation resolutions may be
used; hodWiEies thepmewé‘ﬁr wgéy@r@ﬁwe%% ng@tig%§%| yf@%ﬁwﬁy choosi ng

I ni tyizal i8S : , ' k&t 8ina eni ent
choilcse fgir%a?h%ml niti %@ﬁg%?ﬁéﬁﬁgﬁﬂ%oﬁ%@%g% uti on?@ﬁgfﬁlv

cor r es pomdidiotheselution ifortie optimdzationgireblesy mawmbe fouad ithet spiisfics el oftlye be

carri ed ggﬁdiggnsain%c}ség Lér g}%ﬁ:{elss?gnspi 1290 a}).(i] He. The boundary of solution space

66 is shown with a wide line that, in this example, forms an irregular quadrilateral

with sides congruent with portions of the g(0) and g(1) axes, line 61, and the top of
- 20 the unit square that is region 60. |
If the solution space includes the (1,1) coordinate, the optimum quantization
resolution is obtained by setting all gain factors equal to one because no compensa.tion
is required for synthesis filter noise spreading. Referring to Fig. 8, this is equivalent to
setting the quantizing noise spectrum 73 equal to the desired noise spectrum 72
25  throughout the range of transform coefficients from £=0to k= (34-1). If the (1,1)
coordinate is not within the solution space, a process can be used to find the optimum
quantization resolution by finding an optimum set of gain factors within the solution .
space in which one or more gajﬁ factors have a value less than one. This is equivalent
to obtaining a quantizing noise spectrum 73 that is lower than the desired noise
30 spectrum 72 for one or more transform coefficients, -
The optimum set of gain factors minimizes the cost of compensation K, which

is calculated from the equation



performs the following steps: 1. Determne a tentative bit allocation by
cal cul ating the desired noi se power for each transform coefficient using

j 17. The tentative bit 25 allocation k) for e sform
'@gﬁ%p@?ent X(k) is obtained fromthe |ogarithm of theagir%sr pd0g3 dR@009557
 he negatgy¢po/gaByi t hm of the respective desired noise For-
exanple, 1In or{e enbodi nent the bit allocation is 10(2.1 gg%d"%%é N, .,,,
- (k)) O(k)=6.02 30 2. If the tentative bit allocation for all
coefficients is positive, the bit al"l%dcat i on process is conplete and the
transformcoefficients are 2 0 S E P 2003 WD 00/ 62434 PCT/ USOQ 09557 -24 3.

5 4. 10 15 5. K=-logg®8logg(luantized according to the tentati ve(Zaht
nthesis filter noise spreading

al | ocati qs because, no c ensation for

i's needegﬂw Fq‘%qﬁl@ntdéﬁ%ﬂ5@%@%@%&&@?@&%&?%@@%%@@5 | is negative
for any 1161 | Se ' ' b.S..r.equired.
The b1y SPRESIER DS B AIbLFR i Ol RuR FRE NAP CORARBRT T § okl i

accor di ng tof noéspesasingcotdpenkitivt. Foeeianips, $§pérbolic ifie 55 eepre@ingys i n

hyper space that satisfy the inequalities of expression 23. This may be

accorfpl i swatpurbersoate Gast efrrampensation, & (amdryperbolic fine 6hyemesentses def i ned by
cich” by POt 36 or B RpRLARFR b b ] TR RSO O T

compensation approaches infinity, the corresponding constant-cost contour

approaches the two coordinate axes.
As stated above, the goal of the optimization problem is to find a minimum-
10 cost solution that satisfies expressions 21a, 21b and 21c. The optimum solution may
be obtained by finding the lowest-cost hyperbolic contour that intersects the solution
space. In the example shown in Fig. 7, the optimum solution occurs at the point of
tangency between hyperbolic contour 64 and the boundary of solution space 66. -
b) Higher Dimensions
15 Practical perceptual coding systems and methods utilize filters that require the
' quantization process to solve an optimization problem that has many more dimensions
than two. This problem can be stated as finding the set of gain factors {g{k)} within
the solutipn space that satisfies the inequalities

N(k)agrv(k, 9-2@) N@=3 Dk q)- 5@ @3)

20  within a unit hypercube defined by
0<g(B)<1 forO<k<M (24)

such that the compensation cost X is
K= mm[Z— log g(k)]. . (25)
= :

For example, if 2 TDAC transform of length 256 is used, the optimization.

25  problem has A4=128 dimensions. In this example, the region of possible solutions is
limited to a hypercube having vertices with coordinates corresponding to gain factors
having values equal to either zero or one. The solution space for the optimization
problem is that portion of the hypercube that is between the coordinate axes and the

hyperplanes closest to the origin. The optimum minimum-cost solution is found at the



N(i) d=D(i,0)2 +D(i,1)2 +D(i,M1)2 One hyperplane nmay be cl os he
origin Wbﬁ%ﬁs?f t he hyperspace and one or nore other hy%g:{rg%ﬁj%'?;? 8803
cl osest to e origin in other parts of the hyperspace. ‘ he

sol ution hyperspace fromthe intersee8en of the hypercube defined in step
3 and the intersection of regions found in step 4. Select an initial
conpensatpdif ssigedicy BEWRERh Rfberhific RBhsthtec RO RRSeirfee3hd m@ﬁd&ﬁhi%ﬁ .
hypersurface for cost K intersects the solution hyperspace determned in
step 5. |9fthegolhyjpreprsei c hypersurface for cost Kis tangent to the

boundary of the | ut .on ers e, Lhe bit allocatian i.s conplete. The
nunber of - adderEnaraly eeHER E d G eai B s O T R R B X(k) to
provi de arite@fivé PriPeSOMBE ASHREI MOwhHGR FRRODS Ste?m”leﬁﬁaiﬁga'sét Sgh@aped from the
negative logarithmof the respective gain factor. For exanple, in one
embodi nerffuantizasiopi resautiens and siap P2 epriiesia syotbesis-ditenspreadingmodebro thegj X( k)| -
| og g(k) :: . = - h rbhalic persurface
does not lfnrtldtafe)%é(gfgpg%#e@%a(l) l%%ﬁ “?%g%%‘ﬁs“ %ggéé,veissgfeg%lg%()%%?f% egher t han t he

current ocaiduldfedredulam noise &vels Withshedestred 3Qisé Pevelst Iftthe réiyneobeld C .
hyper surface does intersect the solution hg({)ersp_ace, sel ect a cost | ower
t han t he SQEIRaEARN arsiot ReeeRtRbleosien B mogifies the eyantizatiorgreggiptionys WO 00/ 62434

PCTI US00/ : ' Lif : OC l1der, ut ati onal
resour cesﬁz’rﬁ%aé%%??g teﬁgggééﬂ;e;s/ﬂ%urﬁét%ﬁsgﬁé%%ﬁqﬁ?égs ﬁéﬁeb%ﬁgg{éggg descri bed
abov¥) | rresainteorspBbr emtpts &, the tedcutaied raseltart metsetlevel foravdigel thmpenent

conput ati.onal. resources. is too great; therefore, sinplified processes that
5. pr ovi ddS SISk TG EVARER 08 ISR EPHoRE Sonats sral FEbReRHRISIEAdeo: ( hese

appl i cat i18% coafSel BWhEBRATIERRES AL nsikdRVEI oY s%pgpmeg{;@&%g%bi t

allocation to control quantization resolution ( Each of
t hese pr dbeguagizatien msoktion fiirtonebr miord sighdl cosippoents ssmixeemorkefirer Mhised f or

Friter nareshlEbaTesfufithe sifiing S SisblpatBt Rt Bo%0 norso
specty umdchgitabls. &}B&@@ﬂﬂ},@iépyssezﬁﬁﬁdize%@ighm%dﬁﬁﬁjnl’eﬁﬁ AeOhrAthgBRRET UM G ven

this initial bit allocation, each process identifies those transform
coef fi ci enastizdhiopaesslationa thap peavided shessrsaptableecomperisarsed t o obt ai n' t he

ir noi vel. . . .
desired noise I%Sesereltleﬁly any set of initial quantization resolutions may be used; however,

processing efficiency is generally improved by choosing initial resolutions that are
close to the optimum values. One convenient choice for the initial resolutions are
20 those resolutions that correspond to the desired noise levels.
A quantization process may be carried out by a bit-allocation process that
performs the following steps:
1. Determine a tentative bit allocation by calculating the desired noise power
for each transform coefficient using equation 17. The tentative bit
25 ' allocation Q(k) for each transform coefficient X(k) is obtained from the
logarithm of the signal power and the negative logarithm of the respective
desired noise power level. For example, in one embodiment the bit

allocation is

o= 2. log|X(6kz)|2— log N, ,, (k))‘

30 2. If the tentative bit allocation for all coefficients is positive, the bit

allocation process is complete and the transform coefficients are




1. First Sinplified Process A first sinplified process uses agn§f '
functi of/:d & imate the total noise 15 level for each tr gﬁg%es?nna

coefficien ) one at a tinme, starting with the |owest- frequency
transform coefficient X(0), and detern2fes whet her noi se spreadi ng causes
the total noise for that coefficient to exceed the desired -noise |evel
N(k). I'f the estgqmtied ftdobdhg o tiCiehBitivt bRANISEatlonY Becali8d nd he current
coefficient X(k) does not exceed the desired nojse |evel, the process
continues with theompsusatinngies synthesjsdliesnoisspreading wnpededef ficient. |f the
estimate indi cat the total.ngjse.level.fqr. the current .coefficient X(k)
does exceed the gﬁélilertgﬂ%aﬁgpi)g a}(ﬂﬁ;gﬁlowﬁt)a{pe? Iflrém?:gtg? 'Tfil%fl%gﬂwfﬁ%ﬁa%kes t he
l'argest contri bufrhfiforirPcddtBcib, $BiseRyeladi Rflehiztiof i redlifed.iThelyent i fi ed
and the gain factor g(k) for that coefficient is set to a prescribed

val ued say - 144 oalogpiirhpiosessreomipuenbpdefining theapitdwpercubaacrordiegtat i on of
24 bits. The rretricrfuimr:lti' on is used to estimte the total noise |evel for
coefficient X(k) PREPEsUIts with the adjusted bit allocation. If the
esti mat ed noi s¢ | EMeltheintdriectionaddhe tdpgortas hypstspuet steat lsevsdy tH¥( k) , t he
coefficient making the next |largest_contribution to the noise_|evel of
coefficient X(k) Mpaualiienef exrsassion 33 gbhismpay be gpcqmaplished mere efficispidgcri bed
val ue, and the ' ' ' ' I . W noi se
aver. Thi's cont | g RodtblRacRRl By b o5 wRhiiel 27 A2

| evell0at or bel ovarekbosdesortke ongirs &heelstdnce AY foheshpyperplanelren beexi sts a
set (S) of coeffi ient.{sﬁ]g&vi ng gain factors that were set to the
prescribed val ue 3¢ ®M™he estimated noise |evel for coefficient
29SEP603 WD 00/ 62434 PCT/ US00/ 0%@3 -26 X(k). The gain factors for the
coefficients in tHe set=fS—are—agsfusted—aceerding to a fornula to provide
what is anticipated ¥®hH8)] udd(idhoughlibMperi3ati on for noise spreading.
The bit allocation process then continues wth the next hjgher-frequency

t ransf or m coef f i cPaphyrespiane aayde ¢laspst tontke origp iz parid thehperspage and
sinplified procesg_J| I :ﬁgbqlz i f S
program f r agnent ?%é ‘Z&’%@%‘é@é’é‘n? p Igﬁ%ﬁo@g%gaogis?%ﬂg 05{5?{? fzgi)?&b%rﬁzmlsncl udes
sonelsyntactical bewhebypaspdcet he C, FORTRAN and BASI C progranmmi ng

| anguages. This program fragnent and ot her_ program fragnents_ described
herein are notJi npé%a@wettbe pelugenhyrerspfs fep Miaiptersgiiompt hetypereubii | ati on

Conpensate (W NIep i SEE R R R ARRER T offegRS RiohTn W3R 720 01 0N
factors for (&=0StlectMuwifitial comperisatiagbostokfficient k ... S = Null; //set
Sis enpty

7. Determine whether the constant-cost hyperbolic hypersurface for cost K
20 intersects the solution hyperspace determined in step 5.
8. If the hyperbolic hypersurface for cost X is tangent to the boundary of
- the solution hyperspace, the bit allocation is complete. The number of
additional bits required for each transform coefficient X(%) to provide an
optimum compensation for noise spreading is obtained from the negative
25 logarithm of the respective gain factor. For example, in one embodiment

the bit allocation for each coefficient is

10-(2- log| X (k)| - log g (k) ~ log N, _ (k
)= (2- log|X (k)| ;gzg() og .())‘

9. Ifthe hyperbolic hypersurface does not intersect the solution hyperspace,
select a cost higher than the current cost X and continue with step 7.
30 10. If the hyperbolic hypersurface does intersect the solution hyperspace,

select a cost lower than the current cost K and continue with step 7.



15 1/calculate noise level metric = NLk] - Sum (Wk, i] * g[#] i hnnhor
(i=k-L1 to k+L2) ); if ( metric <0) { 1/if too much noise 293&?2099
metric WOPP/6R43H/ yunti| noise level OK ... 1/find maxi num EERMUSPLWEHr to
noise 20 k_max = Max ( Wk, i} * g[ils5 Ni]; for (i=0 to M2-1); g[k_max]
= max-correction; //make prescribed correction S = Union ( S, k_max );
1/add nmax contributor to the sgte. //e@lcylate new noise level netric = N K]
+ Sum (WK, i] * g[i] * n[i]; b?'“{'?‘i‘%‘fyi"“{"%ehLz) 25); 30} } } g_new
= Adj ust ( W OdnkideraBle gomputatisll vssoutres arefraghiegdstolariy@umtiea fordegch Ihl n
S); 9g[i].=.m.n '], f The routine Conpensate is provided wt
array WP}?HF‘J%&QO’E‘ ﬁ?g‘g‘%elﬁ? Q%&F‘E&f%enﬁ[ FAmE 30, IC%F'%‘éﬂ‘E‘e(‘}PSté'WH‘WééPS filters,
and arr ayrdN; b YR e&d atel ue?(gpe SRbRREAG, p..array g
are ini ti¥)gl i@éejtgﬁ%% da %Pg?%f égfﬁgéf%?ﬂoﬁﬁééﬁ’gﬁi re’que:q[c}?/é coe?%s?ecsitgﬁt s of

i nt ebest pfowde dppdoximationk tdvihe@ptiGomp evistitn ane desirabde for nixsse epplicationshe

hi ghest - frequency,.coefficients .in nman nbodi ments.., A main for-1oop

cogst i tut‘b?ege ?‘lﬁb%démpﬁ(fgﬁ‘%{?]“feﬂé’rﬁiﬁ?ﬁ%ﬁgﬁt"ée bﬁ@ﬂf’ﬁ’ém&ﬁﬂ c?ﬁtﬁdcar ries out the
conpensal iAo ASSIRh £88BscBbed Bﬁo{w@ﬂ’a&{@F’tﬂ‘é&ﬁ%o&é%@ésfds&hﬁ@&?inﬁifal 29 SEP
2003 WO 00/ 62434 PCT/ USOQ 09557 -27 interest- The Null function 1s invoked

to initi &itialecaiondas hpersdeterraimed fptaachtransfbim cedfficient Witkeout aedaabioe metric is
assigned an est] oi se | evel . .for trr:q% current .coeffi.cient k by

ok ng CPTECRIHGR 1V aithE S A Poa ST B HEGRRHETIPS 5 GpUeit 3 Gamiee ) f or
0<_i16M2, noise Spectriuim thankesu®siiBizily cpnaf 1 tRé dédhed sk RE& At idiv@f thisr ansform
and by subtracting this sumfrom )
iitial bit allocation, each process identifies those transform coefficients whose bit
allocations should be increased to obtain the desired noise levels.
1. First Simplified Process
A first simplified process uses a metric function to estimate the total noise
15 level for each transform coefficient X(k) one at a time, starting with the lowest-
frequency transform coefficient X{(0), and determines whether noise spreading causes
the total noise for that coefficient to exceed the desired noise level N(k). If the
estimate indicates the total noise level for the current coefficient X(k) does not
exceed the desired noise level, the process continues with the next higher-frequency
20 transform coefficient.

If the estimate indicates the total noise level for the current coefficient X(k)
does exceed the desired noise level N(k), the coefficient that makes the largest
contribution to the noise level of coefficient X(®) is identified and the gain factor
g(k) for that coefficient is set to a prescribed value, say -144 dB which in one

25  embodiment represents a compensation of 24 bits. The metric function is used to
estimate the total noise level for coefficient X(k) that results with the adjusted bit
allocation. If the estimated noise level still exceeds the desired noise level N(k), the
coefficient making the next largest contribution to the noise level of coefficient X(k)
is identified, its gain factor is set to the prescribed value, and the metric function is

30 used again to estimate the new noise level. This continues until the estimated noise
level is reduced to a level at or below the desired noise level.

At this point, there exists a set {S} of coefficients having gain factors that

were set to the prescribed value to reduce the estimated noise level for coefficient




the desired noise level N k] for the coefficient k. The Ilmgng[-_aiﬁdAI}(_:Bof
the sum@higpR.sioni ficantly affect the conputational conpl kqﬁéo\é 0%5 this
process; the order of conplexity for routine Conpensate is f_ Z

Conput ati onal efficiency can be inprovéd-by adjusti ng the 10 values of L1
and L2 to limt the range of coefficients included in the calculation. The
val ue for X{k®sSEhd gain fastaraforhibe dedfEcimntmecthesqi {5)catd adjusted ascoadingnoat i ve
sinmplified, process di scgssed bel ow, these limts conformto the range of

non-zero cPERBIFE PGV B SRIGIBAE] HHPIRStEnpugh sRmAensatinR fO5 IPksEt ed noi se
|l evel is | LA
N ot | Sreadernt BR 1BSdich brocess theh S me LRI e bkt hRRP Ry

conpensat i ing I's need metric r's
positive, trimsforanedefittéentof the for-1oop is ski pped and processing continues

for the next coefficient. If netric is atlv ocessi,ng continues with
a whi l®-1 o0op ¢ haR CEBREIRR that HﬂPllemeﬁtétﬂF’?E 18’8&?%59%/ OWR fhihs ¢ hi s
whi | e-1 oo i ficient k
e that BARATa HOEREPRads éﬁ?’??ﬁ‘ﬁ’é‘?fﬂ#ﬂ%@%ﬁﬁ%ﬁ? PEp 8oL ent k.

This is acmmng)dl switecthbyintludel sogne t}elteictictéfealuredm’[theﬁll; F@MZRJAN daml t he

maxi mrum val ue_for the product W[ i fi[‘ N[i] for.i fromO to Me-1.
This rangdAPe Pregsampynglangyages. L}Hé%praslraﬁt w&wﬁ %‘S'f Pﬁc’c&r@ﬁtfgag\mfmt& he
system f ng the
staron forRIbEE ke BFORAICR L o I RRE Ko ARl R AHE bR Y 117
rangeig@an he alepevidedad cenwyrafead dspects Whmossibleémplemienmationont ri butor is
found, the gain factor for § max is assigned a prescribed value max
correction th&PmMPErsHe t{o some maxi mum anount_of conpensation. In one
enbodi nent, the fRx{ ko %M?ﬁﬁt) BiklcohPensat i oninialize gaindactofhi ch
corresponds t o 24forb{ k=0 toaMasE )i fvoki ng t he f uter eaoh cpéfGimentkadd 30 k - max
to the array S, anSesNuffat e dfett hies emgitge | evel i s cal cul ated agai n using
the 1#gvised gain factor f dkalkulatepoisriebel s assigned to the variable netric.
The whil e- | oop cogfetmeNUN Blend qu]u iPf N[B! fok Q iPRIGMRSk-AOSH i ve. 2 9
SER 2003 ' WO 00/ 6%4@613{3 £H50010 %%f %cﬁqllgggnsatl on has been
applied to enough of tri bq}u%ﬁtmse o i mted noise |evel

for coefficient k WI|“f ge 7 %@éjm]i,lg t%ﬁlt eéoslet an of equal to the
desi rg& noi se | evel N[ glgl rqe&g;:g s?h ?@Oihél ve |mgﬂi g

this otcurs, the while- {rgqxé (\«gkeé
the 5 function Adjust m fee CW@W? the gain

Cz?”f"éqﬂ“atl veé'
factors of the coeffic érq”é‘”? s‘@ﬁfbd in arfd @x%Pré’r\‘T%b‘iorwﬁéhd to
the coefficients in set {Sy/calgpiatenevenoishiev’d. These new val ues are intended
to optimze the |evel afetricahidnda¥irng Ve, iiefi] trdilefori (vekeld] boksb2)evel is
subst afti all y)equal to the desired

g new = Adjust (W N[k}, S, g); //adjust gain factors by formula
foreach i in S

g[i] = min ( g[i], g_new );
30 }

The routine Compensate is provided with array W that is the spreading
35 matrix for a bank of synthesis filters, and array N specifying the desired noise
spectrum. Gain factors in array g are initialized to a value of 1.0 for the low-
frequency coefficients of interest from k=0 up to k=MaxC. Compensation is not
needed for the highest-frequency coefficients in many embodiments.
A main for-loop constitutes the remainder of the Compensate routine and

40  carries out the compensation process for each of the low-frequency coefficients of



noi se level. This may be acconplished by perform ng the fol | g
calcula&jon: 10 g _ new = N(k) - Z WKk,i) g(i) N(i) for i 23%&(2003)

N(i) fortdO%28¥ "Each gain factor for the coefficients reBFEYEM/EST n array
Sis set to the tentative value g new2i7f- the tentative value is |less than
the current value of the respective gain factor. The main for-loop in the

conpensat jfgreR, THE ¥ AHCtiBH BSinVbiel thhatifNBXtan aHayt § 89%h &Skl ¢! ent
until all coefficients of interest have been processed. 2. “Vari ati ons of

t he Fi r st st8terdihervasiabler metrde iThwsigned en essimase iof thecnqisedeveb B thiesumesed above
can be nodgj fd ' vari ety of to I nprove processing efficiency. A
few ways gﬂgéﬂﬁﬁ%ﬂ{ ?{oﬁg ‘f)oll'{ilrg/ﬁh{c/ ﬁ'la %ﬁfﬁg“"&%’e&@%ﬁﬁt&ﬂ%&mt tains a significant

reduction in cosputational conplexity by 20 recognizing that a few el enents
in a typical spr (@) gty i ar fay OW a€M2,si gnificantly larger than all
ot her el ements,=aald that good perfornmance can be realized even when nmany

of thegse |l er.,el enent re set. to zero.. Fig. ;10 illustrates the val ues
of tna or SBi 2.5 BRER G BE Riys (Ref Bt dn b R B dm % The
dom nant @ dekirkd nbize 1GRDINK] CoF fiRsRefidfent &.t he el ement on the 25 main

di agonal of the matrix. Elenments on and near the main _di agonal have val ues

that are signi fihedimits Iilapp@rL? o4 the swoveationgigmificantlyaffecathe away from the

mai n di ag e This. characteristic allows .the.spreadi maLri x to be
represent g%ﬁk“étgg H%‘b‘io)%] R lﬁ' %hépr%cﬁ 5 4 c&ffiéﬁ%%%qompge téfr}grrrroag}“eand t he val ues
for LI andokipensatehs(P1-0L2 ANThmpaetkal efickauy satbahgyrev-ady abpstimweed to
cover only the non-zero elenents of the array. This 30 characteristic also

redud8s t Malupsphdlonrd Iuhitedimit dedarge ofsopigientsipcindsd inthe calsalationbut ors. 2
9 SEP?2 _ 2, i at .00
248 v}fﬂe%{ ﬁ%é%@i’tﬁ%@@&@ééﬁ%dee%ﬁ%ﬁéﬁ?fu%{ alE/e%ga,'[tlﬁéls@rréBE Foves

processi ng effriciency I'm patin oop 1IN ment
di scussedpadreyedistisked belosy these limis cordormbyo Hei rahgradfindg-zaro di@hdres atd ve
process in which the maxi num noise contributor is determ ned and a

tent ati veSPRESE VersigB af@rrayn® .gain factors is cal cul ated. An enmbodi nent of

Ty oL o PR A R SO BEGBAL B S fomerL e
to MARCO) pp:tiiif/@antbag leoperisation dortnaise. spreadingdahendedt Ehendorepif Irpetele k0 nmetric
z Blg k% ; / gggﬂl%%\[tﬁﬁ E?I.‘Lﬁg?%[é;f]thg fo'?l-[lcl)clﬁ isfsglrppgcll ;[ll(d- Iﬁro%:ests.%glgrlit% ueg for tful: ( metric
next coefficient.
If metric is negative, processing continues with a while-loop that continues
until metric becomes positive. Within this while-loop, the function Max is invoked
20  to determine the coefficient k max that makes the largest contribution to the noise
for coefficient k. This is accomplished by finding the index i that corresponds to the
maximum value for the product Wk, i] * g[i] * N[i] for ifrom 0 to M2-1. This
range for the index i includes all transform coefficients for the system. If desired,
processing efficiency can be improved by limiting the search for the maximum
25  product to a narrower range of coefficients. This range can be determined empirically.
When the maximum contributor is found, the gain factor for k_max is assigned a
prescribed value max_correction that corresponds to some maximum amount of
compensation. In one embodiment, the maximum amount of compensation is
-144 dB, which corresponds to 24 bits. After invoking the function Unien to add
30 k_max to the array S, an estimate of thé noise level is calculated again using the
revised gain factor for k_max and is assigned to the variable metric. The while-

loop continues until the value of metric becomes positive.




| /find maxi rrumcontributor to noise k_max = Max ( WKk, i] &QS PI\Q@QS
for (i=Owihp K@ y; for (i=-L1 to L2 ) 15 g[k _max+i] = TR 3480557
comp[i]; } ? 20 In this variation, the routine Corrpensae I's provi ded
with the array W'and the array N as-@&scribed above. Gain factors in
array g are initialized to a value of 1.0 for the | owfrequency
coefficients of Wheheoepetndatiomhistden ppilied ke-bBot(gh of Chemenfairh @onirbubers, needed

for the highest-frequen coeffigients i n nbodi 25 The nmain
for-1o00p Rt ol SORR e LI FARIEFRT K oMl Hegevcsd TAAdabR FIBaBal ¢ he
conpensat | aPtfo%E%ié {eqrno%q&epfnmgemh% rRBIe Y€ AREbMES ﬁBEnﬁvé’f :
i nterest. vari able nmetric is SS|gne a value estinating the noise

| evel for then chis ventrs, thoehfle-tiopnemiinas aegrocdssidg abonmeues bly ihhsking themat ed

noi se level is | that the desired noise |evel, netric.is 30 p03|t|ve and
no conpensHPEEM f?é«usm% ulale a ieptattye new vabiged nevh Sk thg gain figrsof fle

positive, ontlnues
for the néed%?{ %e??%ﬁg%ﬂtt% [H@ré?ﬂ”hﬁﬁgoﬁgﬁj%ﬂj\%%@%ﬁ{rﬁgﬁoca i'on for
one or nordisussasdbone) Thedefrieoi wahies are lﬁtehdil@ﬂ‘@mﬁlmk@tm(i@mll@f for noise
spreading by fi nding 'the largest caontributor k nax 35 to_ the estinated

noi se and $YMREIPALANTY thathe getineated Raise laved iniubseniallyresual torthe desirethst or m

cont 11 but ajoife 058t TS oy RUSHARBA W LrARENlS b lidyind ARG, | bove,
and the 2 9 SEP 2003 11-07- zg‘w(mog@gsm,) \f@ﬂ@(@z434 PCT1U500/ 09557 - 30
del@ d carrieat Féng) h | f th
P;gtgrsr;nope cgef]{l CI ents fjtrL1 ko) H)F){f g egcxaggsﬁ 19act o(ra g;lg
ti | u fact k
ey bo T odRBER AT L e caa%cwaﬁstrepf?%eﬁeﬁaggg% S i S I s et 2 1 T
factors g[Jame% ﬁbwan@ha{ehtaﬁewﬂde 1380%s aﬁnrts@eﬁe&t%tue df@lsﬂé fé@ﬁ@ctareﬂga% bi t

i ncrease in allocation, and the gain factors g[k maa 2] d g[ k max+2J may
be reducedfactori ndi cat e a 1- b|t increase in all ocat i on. The degr ee of

pr edefi ned corritlon termnatlljS g})ll’ i cal ltﬁ’f @a{ﬁ l'ication.
The main for-lo Ee frﬁi"{ & SRS D0 FELESE 6t ﬁ%g‘” A% Ne next

15  transform coefficient untrl all coefficients of interest have been processed.
2. Variations of the First Simplified Process
The first simplified process discussed above can be modified in a variety of
ways to improve processing efficiency. A few ways are mentioned briefly above.
One variation attains a significant reduction in computational complexity by
20  recognizing that a few elements in a typical spreading matrix array W are
significantly larger than all other elements, and that good performance can be realized
even when many of these smaller elements are set to zero.
Fig. 10 illustrates the values of the elements in the center row of a hypothetical
spreading matrix. The dominant value in the center corresponds to the element onthe
25 main diagonal of the matrix. Elements on and near the main diagonal have values that
are significantly larger than those elements that are away from the main diagonal.
This characteristic allows the spreading matrix to be represented reasonably well by a
sparse diagonal-band array and the values for L1 and L2 in the program fragment
discussed above can be reduced to cover only the non-zero elements of the array. This
30  characteristic also reduces the range over which a search is made for maximum

contributors.




transformcoefficient until all coefficients of interest havel lﬂa@rEP ZUUB

process not her enbodi nent of this variation is sho '
fol |l ow ﬁ‘gopogj%a‘r%t’am fragnent. Conpensate (w, n) { for (k-O%@%‘gw 5rSJ;") o[ k]

= 0; I/initialize gain factors to 0 dB29weaning no correction 15 for (k=0,
k<1 1, k++) [ //for each coefficient of interest ... 20 25 30 //check which

coef fi ci ents neegog@iRansoh Erﬁﬁko@é@pro&éssﬁ%eﬁﬁéiéﬂ@i BhelrRfhhidCigRihiles t he
maxi mum noi se contri butor est noise = |LK] .+ "n[k]; I/initialize

esti mat ed HSPdB thesgrabodinent iscussed ahpeL Efficiansy ivigipreved by diminating aon of
coefficient,; i . . = Lo ALinitialj | x..and ... .max contrib
= est_noi sg?]éé}%[%gﬁ%(?%%{l i'on” for mr?g?l %%ﬁ]g irsl‘t':Bg{l%ﬁt’%%dorgg?f@ﬁmﬁedjagéﬁﬂ; j++) |

/1 check cordnkdtiveinedvahie for the paindedtbisGs edlbdated. Ah cftodiidnt o®&hié varrition {
/lomt negative coeff and coeff k contrib[j-kL] = wWKk][j] + n[]];

/I cont Fi bulsi BAwRinthedolowing program fragmepont ri b[j - k+L] > max contrib) { //if
this is max s OL%re = j-k+L; /!lupdate index. and... maxcontrib =
contrib[j-k+L] !Eéagféi g o[ max_contri bu}_o.r. ﬂ ) .} . est noise =
LogAdd( est noi s&r E6m¢H . E&{‘l T:1-9/ add | od/1pHirliEsEain 505 correct i on
only if desired i 6&=9t MaxGthan esti mat ed népseach qoeffigieit k<.est noi se) {
for (j =k -L; j<=k+L; j++ Yc@d&ijteinbis¢hevehx+j-L >= 0) Vonit negative
coef fil6i ents g[ k metrig=Nk}+SwotiW[k, K] * gfi] ad{ily f@o(ppdnkats @al} ) )f or (k=0
k<16; k++) { 40 al ifo¢chdedricx opx( O, n[ k] +gfifbo)mudt wsispare all ocation array
)} /ffind maximum contributor to noise

k_max = Max ( Wk, i] * g[i] * Nfi}; for (i=0to M2-1)});

for (i=Ll1toL2)

15 glk_max+i]} = g[k _max-+i] * compli];

20 In this variation, the routine Compensate is provided with the array W "and
the array N as described above. Gain factors in array g are initialized to a value of
1.0 for the low-frequency coefficients of interest from k=0 up to k=MaxC.
Compensation is not needed for the highest-frequency coefficients in many
embodiments.

25 The main for-loop constitutes the remainder of the routine and carries out the
compensation process for each of the low-frequency coefficients of interest. The
variable metric is assigned a value estimating the noise level for the current
coefficient k as described above.

If the estimated noise level is less that the desired noise level, metric is

30 positive and no compensation for noise spreading is needed. Therefore, if metric is
positive, the remainder of the for-loop is skipped and processing continues for the
next coefficient.

If metric is negative, the bit allocation for one or more transform coefficients
in increased to account for noise spreading by finding the largest contributor k_max

35  to the estimated noise and by applying a predetermined amount of correction to
transform coefficient k_max and a few neighboring coefficients. The maximum

contributor is determined by invoking the function Max, as described above, and the



‘2 0"SEP 2003 WO 00/ 62434 PCT/ US00/ 09557 -31 Unlike the exanples discussed: -

above, the spreading matrix, the gain factors and the noise Ig < Br
expressed in decibels; therefore, a function LogAdd is used to \%Wd@@ae

1650/200% wo | ogarithm c val ues. The noise contribution of coefficient JSO0009557
coeffici %g{t k is represented by the expression wk]U + nub which .
T epr esent qwzé%roduct of the desired noise |level for EBOEMISOO/@ISE7|] with
a respective elenent of the spreading matrix. Each elenment k of array
all ot represents the desired quantizatjopon noise in decibels for
coefficient k. 3. Second Sinplified Process A second sinplified process

provi des ;p0iesEn3REEaH 2ok | | LQ st . khe first step
det er m nggéaan i ni tigtﬁ’*anguérz%m%?ﬁ%%d eﬁéggf%]gﬁh%iﬁ?%koﬁﬁ%e%%ﬂﬁam?@ Bctive
t r ansf or woe@tdntsilehto B2 ky noriplyingreach prin fttar by Hgespedtivetvat,d iawgst -
frequency coefficient X(Q), . identifying the neighboring coefficients X(j)
that mak&TaY K4MP- Eﬁéﬁ%’éﬁ%ﬁhﬁﬁﬂﬂoﬁ%%f é Mﬂqygﬁf@dmwgitgéndl@atela Zobitt he
respect i yreRehd bb&iiont ; ef | evel , N(k) for that
coefficient, andh%%t erm %??g t ﬁgﬁ?ﬁ;@%&i@ J&%ﬁt%(gﬁdclotﬁ%h%gﬁ%ﬁ‘?f or
t hosé netajinkdivategy 1okt friccéase irsalkigalios,umid thé gdin Fivedrs gk aaRe2) b€ i ndi vi dual
contri butbgfs a;ﬁ redgc%g to, t he desi re.g, noi'se | evel. The second step
r ei t er at BRI Al HEEbs rrdueshindpdisate sl -PY insreasy in allocetion Theglegres of
cont ri bupiREH& corfétidn BRPEEidi¥Sniht @ BRbRY fLLel .0 the desired
noi se | ebel . An g?ﬂqodi #ent thatt L?mrr%FeFre .éﬂﬁ?‘%%ﬁ%%&@%ﬁ%l | fied process
i s shown in Jhetthain fiot-loopiim theprompemsationroesst cofthmpenithithe e N) { for
(i=0 to M1J co i1.= NiJ; /Li.nitialize go nsation array conpOK =
Fal se; /%a?ﬁf%’%F%febf %ﬁc‘F%ﬁ%Mgﬁgwﬁﬁﬁ@@cﬁﬁ%e) ( 25 conpOK =
Trugp // assUnpnnienfatingsh: Wekhis Ren st i Sh&wt ; b 1/ STEP1

CtempNi] = compNi]: /1initialize te‘ﬁﬁbﬁ?‘??f‘??‘?‘i"&@%tp?%) {11 for
each respPpagmelle coefficient ... k max = 0; I/initialize index and ... 30
max contrib ;’rggﬁa@(‘; tenppN[ 0] ; //contribution for max contributor 35 for
(j=1 to MlF_ r erfjﬁ i ghboring coefficient ... if ( max_contrib <
Wk, j] * teﬁpﬁﬁgg%f’ i, %3 X ... k. m=]-l //update index and val ue
for ... 1=0; /finitialize gain factors t5 0 dB, meaning no correction
15 for (=0, k<11, kt++) { /ffor each coefficient of interest ...

f/check which coefficients need compensation and, if so,
[/fwhich coefficient is the maximum noise contributor
est_noise = wlk][k] + n[k]; /finitialize estimated noise level for k

LJ

~ contrib[L] = est_noise; {{contribution of coefficient k to itself
20 k max=1L; /finitialize index and . ..
max_contrib = est_noise; //contribution for max contributor
for (j=k-L;j<=k+L;j++) { /lcheck contribution of other coefficients
if ((P=0)&& (j<<k)) { f/omit negative coeff and coeffk
+ contrib[j-k+L] = wik][j1+n[j]; /contribution from coefficient j
25 if (contrib{j-k+1L] > max contrib) {  //if this is max so far ...
k_max = j-k+L; /fupdate index and. .,
} maxcontrib = contrib{j-k+L]; //coniribution of max contributor
est_noise = LogAdd( est_noise, contrib[j-k+L] ); //add log values
30 }

/fapply correction only if desired noise is less than estimated noise
if (n[k] <est_noise) {
for (j=k-L; j<=k+L; j++)

35 if (k_max+-L>=0) /fomit negative coefficients
} glk_max+-L] += comp[j-k]; {fapply compensation
} .
for (k=0; k<16; k++) {
40 } allocfk] = max( 0, n[k]+gfk] ); /fprepare allocation array

} 1



max_contrib = Wk, j] * tenpNj]; //max contributor } if (&'@(S@atzue3>

t enpN k]wolobisk43gaxi mum contri bution //exceeds tenp noi se, 9{3@% 9557
conpensati on by same anmount conpN k_max]. = conpN k_nmax] * enp@fok_- max] /
max_contrib; WO 00/ 62434 29SEP2C3 PCT/ uSdo/ 09557 -32 5 10 ] } for (k=0 to
M 1) ( //STEP2-for _each respective coefficient totalN = Sum (Wk, j] *
compNkj ]; for (jUndikeshevesamplps diseussed dbjove, thespredding ntrixf, theogaid factorg ri but i on

is too hig = C NEk].*. NNK] / .totalLN .//¢change conpensation
conpK = F_%fds%l? P ?S%gvlg ‘tll\%gr(g]feeextpﬁ‘gsg%‘%’ c%g@g%’ %]erlefefﬁ’ea h‘b‘ﬁ?‘? 0 gHeestte i s
provi ded Wprdbidetie 8imadf tWAlo@atithehi@ V418, MhafoisdESRFbRRH SROYSicieA @ ' ay
conpN of conpensation values is initialized fromthe 15 array f "desired

noi se and ePeiBgienritk i represamed dyithé eipatssivedwiid (i Han [}, tvehidholepevdntghe

whi | e- L oop_execut t | east. once.. The il e-1qgp constitutes the remai nder
of the‘ls @%@H%%?@?’F%ﬁ?‘f?fgn%fﬁ%lgé@rfm ge ?’Ttthg"@"oq’rﬁé%c&t’? sAmpRladles in two
steps. Thesgr@Qing friati$i. Ed?;hte'léﬁérﬁqﬁsoftaﬁaﬁg\ﬁﬁf)& @seﬁfg tB@@ésirE{i'ﬁu&Mﬂ'z tfop00P wi i

term nate unl ess excessive level noisé Is calculated i'nthe s& Ofd step.
20 The porndigminglecitiets foogoefligienhht performs the first step initializes an
array tenpN of tenporary cal cul ations, and executes a for-loop in which the
noi se contributions to each coetecPRd sHppifiedPeocsss ned one at a tine. After
initializing tha se¥ahd al@igicll piBeesd ¥ nGROL S JeRa; effihglent =0, a
nested for-| ooa)_ i's used th Iec_al culsa{}%v{%eﬂgg%l%ﬁr#g cghgﬁorgg%"%%boﬁt"r’ ?‘B‘&t ion Wk,
j1 * 1@npNt¢Rs. dhe fgsstssemiletermines an ingtiap Bmobm afeminpansaton by tdkitigieach cal cul at ed
thus far. st L oop ntinues. Wth .the next coefficient j.
If this esﬂtelgprféaaﬁ g?jtrtr?glﬁggl% c%)% (5 nﬁt"f@ﬁ 9ng a%j ﬁim]eaFt@E@tg W‘&&‘FH%‘%‘{‘PS&'UI ated thus

far, the Vaequabteeodfficienx SA0Y idaxifyin@iterielphBoinLbeumaashid o) ehsl sace the
current co&f fdécLent JD After the nested | oop exam nes the contributions
for all cdBfFiUpeTRErOpRONS tRdhegstimated peipelevel Giths tespactive eoffician thak b

exceeds t hgce@siheqiésied a6isk 88l N For that coefficient, and determining the initial
15 amount of compensation for those neighboring coefficients X(j) such that their
respective individual contributions are reduced to the desired noise level. The second
step reiteratively refines the compensation to bring the total noise contribution for
each respective transform coefficient to the desired noise level.
An embodiment that implements this second simplified process is shown in
20 the foliowing program fragment.
Compensate (W, N) {

for (i=0to M-1) compN[i} = N[i]; //initialize compensation array
compOK = False; //mitialize for the while loop
while (compOK = False) {
25 compOK = True; //assume compensation will be sufficient
for (i=0toM-1) //STEP1 ...
tempN{i] = compN[i}, /finitialize temp array
for (k=0toM-1) { // for each respective coefficient . .
k_max =0, /finitialize index and ...
30 max_contrib = W[k, 0] * tempN[0]; //contribution for max contributor
for (j=1toM-1) { /ffor each neighboring coefficient ...
if ( max_contrib < W[k, j] * tempN[j]) { /Af new max ...
k_max =j; /fupdate index and value for ...
is } max_contrib = Wik, j} * tempN[j];  //max contributor
)
if ( max_contrib > tempN[k] ) //if maximum contribution ...

//exceeds temp noise, change compensation by same amount
compN[k_max] = compN[k_max] * tempN[k_max] { max_contrib;




30 the respectrve menber of the conpensation array conpN k] gc gg@g
the sanmewogRefsy that the maxi mum contribution exceeds the, é‘i“

| evel . The processing in the first stegzcontl nues with the nex

coefficient until all coefficients have«been processed. The portion of the
routine that perfornms the second step calculates an estimate 35 of the
total noise for each coefficient k and conpares this estinmate with the

desired noise | evefor N[k0.tolNI-1 g esti mat GSTEPRAeISedch eespesiivechefpiies | evel ,
conpensation conpN k] for the respective coefficient k is reduced by the

sanme anount the desir 9 9557 -33 noi se
| evel |5suexceeded bly ?@alﬁ ‘gﬁﬁ otMerQgN ggl o &Ogﬁﬁg qehlgﬁrrpcx Is set

so that the first and M‘ff&ﬁ
whi | e-1 oop conti nues un?qr? d te g @&ﬁ OIPERAIG red
wi t hout causing the con{f&ie % to be /’éeétf”af% AESS5 An alternative

enbodi nent i npl ementlhg t he second sinplified process is shown in the
fol | owi ng program f¥agment. Conpensate (W N) { for (i=0 to M1) conpNi] =
N[i]; ¥Winitialize conpensation array conpOK = False; //initialize for the
while | oop 10 while (conpOK =Fal se) { compOK = True; //assunme conpensation
wll be sufficient for (i=0to M1) //STEPI ... tenpNi] = compNi];

[linitiali ze- t enﬂ,eg{)Eﬁp{e I:%péksa% fs r%sjﬁ 4. with | he ayeWrﬁnHGEﬁgﬁﬁa%\r?t@rasbut i on

coefficient |t| i 76 [ hd
for max corniescrﬂmﬁ abomArwratymompN W kompensatioh Vahtes rmh[t:lahmﬂromftﬁé (j=k-L1

E (r)ra>5+ ntr |a|51!a§f?{/\?§ggs}}]egglo‘g I ?’)‘ %?e‘;";‘lﬂﬂ)%gwq%‘zw so ghaﬁﬁﬁf@h@‘%ﬂ?ﬂé f1/ updat e
ngt@r(l gﬂ?o‘r‘(ﬁhlégoé}? E:xecutefs ?Mn%t)c(&igg L’%‘IEEI Vghlt‘éhgO%DleStl]tlth%IéI]erﬂllalr{dé{rgf(the
cont ri but i rempensate routme and carries out the compensation process in two steps. The loop

first initializes the variable so that the while-loop will terminate unless excessive level

noise is calculated in the second step.

20 The portion of the routine that performs the first step initializes an array
tempN of temporary calculations and executes a for-loop in which the noise
contributions to each coefficient k is examined one at a time. After initializing the
variables k_max and max_contrib to the coefficient j=0, a nested for-loop is used to
calculate the estimated notse éontribution WIk, j] * tempN[j] and determine if it is

25 the maximum contribution calculated thus far. If not, the nested loop continues with
the next coefficient j. If this estimated noise contribution is the largest level calculated ,
thus far, the variables k_max and méx_contrib are changed to reference the current
coefficient j. After the nested loop examines the contributions for all coefficients, if
the maximum noise contribution max_contrib exceeds the desired noise level N[K],

30 the respective member of the compensation array compN[K] is changed by the same
amount that the maximum contribution exceeds the desired noise level. The
processing in the first step continues with the next coefficient until all coefficients
have been processed.

The portion of the routine that performs the second step calculates an estimate

35 of the total noise for each coefficient k and compares this estimate with the desired
noise level N[K]. If the estimate exceeds the desired noise level, compensation

compNI[k] for the respective coefficient k is reduced by the same amount the desired




/| exceeds tenp noi se, change conpensati on by same anount E @gﬂa—
conpN k_‘FrB“/ﬁ;@?lerrpN[k max] / max_contrib; 30 for (k=0 to

/| STEP2-1 or "each respective coefficient 35 40 } } totai N ‘?Cg ¥B7j] *
compN[j]; for (j=0 to M1) ); if (NNK}F38-totaiN { //if total contribution
is too high ... compN k] = compN[k] * N[k] / totai N, //change conpensation
compK = Fabis@levelis exdeef&t B thb @stRh6PR%al nokse. THR: SRS MpOK tshiefs& outine
requires |ower conputational resources because the for-loop t

i denti fi esthanthedfigt andreceand stesuroperfaaxed egaini b to the noi se for a gi ven

ffi t nd of ff t th
S e Dostp 2005 BrBG wBISBoRE RSt B4Rs L S HR0aTSRe chRRE | From . L1
to j+L2, epeforeicadvitiivat eaffoithé sthpOK atfble tobatbel Jf exani ne the

entire spectrumas is done in the programfragnent di scussed above. E.
| mpl emént at i on Peltgrrasizn embedimant implemeptikgthesptandesnhplifiéchprocessde vari ety

of ways 5 |ncI udi ftware in ral - pur pose conputer systemor in
some ot her @%ﬁ?’é[}%@f)mﬁpmﬁm%ﬁ"w&e speci al i zed conponents such as

digital signaCopipensaepw (P$R) circuitry coupled to conponents simlar to

th f d | ock
di agr am of devi :i‘gﬁggtf% B L P illSdtZopegFas'ng the

presepy inventio r_o conputi ng resources 3 is 10 system
il Rgﬂg§4{repre nts sone form of srz ent

random access nem)r%m
§ _ftx/y (ROW £ BEURGEPHY
oper ate device Qut vari Nt pects of the present

storage such as re

invention. 1/0 contr&‘ifm I]re Bk s |nf/§¥"faz!ié“étec§’i19%@@3try to receive and
transmit audio si ghl 6kYtaddyt dfl conmuni ¢£ei eashcespenteve greficient ..

Anal o3t o- di gi t al cohy@ms ks and di git al /intiakinaindgx endivert er s rray be 15
included in I/0O control 95 as desired to/canabuanafiod ax dontiiistitb anal og
audi o signals: In thexemnath A8k, &hna),* @inpNBjie4x]Syst em conponent s,
connect to bus 91 whigh(PRILI foHPAZSENt NDER chédlPikiSMRARRY IS RiedUS: however ,
a bus architecture is gotj<gpyired to inplenment the present Invention. In

enbodpgrent s i npl ement ed N RaB%RREBI< Wik APS SefOURTS & SYAFSHY, i tional

Qe
=

k_max=}; /lupdate index and value for ...
max_contrib = Wk, j] * tempN[j]; //max contributor
}
}
25 }
if (\max_contrib > tempNk] ) //if maximum contribution ...

/lexceeds temp noise, change compensation by same amount
compN[k_max] = compN[k_max] * tempN[k_max] / max_contrib;

}
30 for (k=0toM-1) { //STEP2-for each respective coefficient
totalN = Sum ( W[k, j] * compN[j]; for (j=0toM-1));
if { N[k] <totalN) { /fif total contribution is too high ...
compN[k] = compN[k] * N[k]/ totalN; //change compensation
35 compOK = False; /Ireiterate the process
}

}
}

40 : _
The execution of this routine requires lower computational resources because

the for-loop that identifies the maximum contributor max_contrib to the noise for a

given coefficient j examines a narrow band of neighboring coefficients on either side



20 conponents may be included for interfacing to devices such %%&&Ebaﬂﬂa
- or nousevanglsza®y di splay, and for controlling a storage devpegybgviess 2
storage nedi um such as nagnetic tape or disk, or an optical medium The
storage nedium may be used to record progifans of instructions for
operating systens, utilities and applications, and may include enbodinents
of progr angf eosHiciantyi| Eawni-Idate ddd-2aspdodivgdhe corfligenss pritseifmaget than. 25 The

be - perf or S A8 shsmpRTkin s PADR P f BT n el GHGRSBLanod¥y "ot “haye

including discrete |ogic conponentEmpRifen@atioR’ € ASI Cs and/ or
programcontrol | ed processors. The manner in which these conponents are
i mpl ement ed i s Hex Piepgid invgntion saythe implenented inra witkei vaniety3e vBokt war e

I mpl enent aj | fothe .oresent .invention be conveyed by a variety
mmehi ng. r uaanne ShEtrE R P Bl A e st SR SR AT VRSt hs
t hr oughout thati@cle@@ChéréBpeeigli2edi ddEn SrRtsSUBE hS QiXits] ﬁ@aﬁb?dc%&@_o?kﬁs}) .
frequencies, or storage media including those that convey iInfornmation

usi ng essefquary sougled tawgmponents siniargo e Faundt Le@eEPUABRS computer

PCT/ US00/ 04557 tical ,recor.ding techno I ncl udi magneti c tape,
magnetic dPSEM g%dllgﬁtaitﬂ%&%?%@% 0@?"%%@%%5’@3%’%”&3@%0% B VARHSenent ed
i N vari ousaspediEMBbeset int eIt BISPSYSEBRIS corkitig REESSENR ANIGE W try such

as ASICs, general -purpose integrated circuits, m Croprocessors controlled
by prdfr anwstém@uioadachsmmwgw}rﬁ- Q¥ HMaepressmtssoms fomnof perdsRat) or RAM

A0/ 26124 Wb R SR ek byl ity R ORa o o PR IR e e R

resol uti ongo dmdno GarANGLtAaligsSdspEAas of the ipeRedtsmehtie. BerkdneMaRptuas filters
that are a?o{)e# ed.to an input signal ,. Wherein an 5 output signal that is a
replica of TEH&acEGFEETY $9 Frssive prd franggat yrhosigrals by waps opmyinicstion hesi s

filters togfguenty i€ -%ggﬁ‘gﬁg&%g@d% S-E)(S t‘:ic’ﬁ‘?f%}e?%ﬁ A d signals and

by applying an overlap-a process to | fif or ai ned from
t he d¢nt hedidedfin I'Omostrot Ieasniesinatitocengive aidfy tragemie smilogandio gigaist Bd noi se

spectrumin re nse o the input signal; and 10 determ ning the
quanti zati of°© ﬁ@ﬁ@ﬁr&tﬁﬁ%&@ﬁ ,mapcﬁresyg{g CHRRPOOF]R PRl 0 s S W‘Wg gy
SUbbands of Tk O R P ot RSy BERE i, vl 1T
implement the present invention. ,
In embodiments implemented in a general purpose computer system, additional

20 components may be included for interfacing to devices such as a keyboard or mouse and
a display, and for controlling a storage device having a storage medium such as magnetic
tape or disk, or an optical medium. The storage medium may be used to record programs
of instructions for operating systems, utilities and applications, and may include
embodiments of programs that implement various aspects of the present invention.

25 The functions required to practice various aspects of the present invention can be
performed by components that are implemented in a wide variety of ways including
discrete logic components, one or more ASICs and/or program-controlled processors.
The manner in which these components are implemented is not important to the
present invention.

30 Software implementations of the present invention may be conveyed by a variety
machine readable media such as baseband or modulated communication paths
throughout the spectrum including from supersonic to ultraviolet frequencies, or storage

media including those that convey information using essentially any magnetic or



wherein the synthesis-filter noi se-spreadi ng nodel represent 52 %ESEP 2003
noise-sa;eadin characteristics of the synthesis filters and™t

over | ap?43fH¥cess, and 15 wherein the quantization resolRiT/gsee/0sss?

determ ned such that the desired- noisesspectrumis greater than or equal
to the estimated noise levels. 2. A nethod according to claim1l wherein the

noi se | evel s I uhbands of the . Qutput signal are offset fromthe

des: r ed: Pt SsERENE S Blog el Btk BhenPic By, allgBedifopnd SbGH Ran: . 3. A
net.hod acdoiidLogpeas earfalsd be Riplendnatin @ﬁﬁ@fs%ﬂ@%uérﬁ@of%‘éﬁ?ﬁ{e} ?}13%?9{90 :
resol utions for the subband S|gnals by a reiterative procCess ‘that applies
(82) the byprogestigarpityastuchas ASIGHeenctlmypeselistegraedrinpsed quanti zati on

resolutio ' t he praopo eg uant.i zation resol utions, and
reiterateEa?gggk%%%%f%gﬁéﬁ%%@”ngﬁgF§H%8lﬁg?ﬁ@§8ﬂs 1% ’Fﬁgﬁﬁ% satisfied.
4. A rfet hoskracg ROM)@rRAM, andwtBervBeirfjues.t he reiterative process conprises:
identifying one or nore subband signal conponents the quantization of 30
whi ch, according to the synthesis-filter noise-spreading nodel, contributes
to a portion of the estimated noi se | evels that exceeds a corresponding
portion of the desired-noise spectrum 11-97-2001 5 2 9 SEP 200Y S0009557
PCT/ US00/ 09557 A0/ 26124 WO EP -37 sel ecting the subband signal conponent
the quantization of which, according to the synthesis-filter

noi se- spreadi ng nodel, nmakes the | argest contribution to the portion of
the estimated noise |evels that exceeds the corresponding portion of the
desired noi se spectrum and adjusting the respective proposed quantization
resolution for the selected subband signal conponent. 5. A nethod
according to claim3 wherein the reiterative process conpri ses:

identifying one or nore subband signal conponents the quantization of 10
whi ch, according to the synthesis-filter noi se-spreadi ng nodel,: contri butes
to a portion of the estimated noise | evels that exceeds a correspondi ng
portion of the desired noise spectrum selecting the subband signal
conponent the quantization of which, according to the synthesis-filter

noi se-spreadi ng nodel, nmakes the |argest 15 contribution to the portion of
the estinmated noise |levels that exceeds the correspondi ng portion of the
desired noi se spectrum increasing the proposed quantization resolution for
t he sel ected '




subband signal conponent-by a-first anount, and increasing the proposed

quanti zation resolution for one or nore other subband siggﬁgggggp S
Tﬁﬁz&ﬁ%ﬂ are nei ghbors to the sel ected subband signal conp yigﬁg%$§$ﬂ9557

o]l that is less than the first anount. 6. A nethod according to

3 Wher ei pdMEIS06i0085AL i ve process conprises: applying tAgmgyi fjesie-filter

noi se-spreadi ng nodel to obtain estimated 25 individual noise contributions

for individual subband signal conpongﬁ s, and increasing the proposed

qguanti zation resolution for those indirvidual subband signal conponents

maki ng estimated individual noise contributions that exceed the desired

noi se spectrum 30 7. A nethod acco@Wo any one of clains | through 6
wherein the synthesis-filter noise-spreading nodel is a function that

oD eeoc0 el 5t Bt Al RO REREE SIS, 2,
9 SEP 909%?\?11% obta}ﬂéé)ﬂmfl ; g{%’%lk&?%@%’é%gﬁg %ﬂxgpﬁﬁi?@a&jﬁe@hﬁ met hod

accordingto any one o nms 1 through that co quanti zi ng the

subband sitpubkignalcharrisiameplica dfitke thpuibsigial ésitocheaotitained byapplyssd uti ons  and

assenbling the anti zed subband signals into an encoded signal. 5 9. A

Tothod aRebEH tﬁl@f%ﬁmﬁ@zﬁfre@r%ﬁe h?ﬂ%?#%ﬁ@ﬂﬂﬂ#l@ﬁé&%ﬁﬁ?%@@%m ai ni ng

the quang 1@%&@5& B UM robdse 10 BIRCRY\GAHRRFmMAMIEN BbtAR FGAYRNT | 2i ng the

guant i zeyyégg and si gﬁaPs acpggrgi ng tg t he determ ned quanti g%]i on

resol ut i systhesiofilters, tha method cemprifing: est abl i shi ng quanti zation resol utions

for quantizing subband.signals pbt.ained framanalysis,filters that._are

applied to an i npytgegf’aﬁﬁg,gfe%ﬁeéf%‘?lﬁe %cg'ﬂl?ldﬂlms?f’ ﬁo tP‘F,H}P _ siggal avd i ca of

t he jpnput  si gnal | yete@mv@ing MhhiedizRion REGTEORI0S Y SiBbitd {ibhdI®BP O

dequanti zed representations of 'the quantized subband signal's and by

appl yi ng an oweplyins asiththestrEler najsrypreadingmodpl torobiain sstimpedivpisd 15 from

the synthesis,filters . IS NG i inal (11; 96)

that 1 ecel ves iRl Rtk sREREORRHE BT Bblafisitrornd BRI, (T

15; 92, 93, 94)hegeld Bheed)ntlesisifilter Mitfiset spreddigmbdélaep@eas abisegpRadiagi r ed

noi se spectrumin response to the ipput ;i gnal ,, and for determ ning the
gu

quant i zat i on rba@rirsdcofite sywbesiyBiier anodiegvgriap-edd pregsst. widg a

syntesi s-fil i 'lﬁﬂftﬁgﬁﬁ n%ix[éd i Hﬁ:’d‘? L$e levels in
sub gnds of ttﬁg{ecr)ét}?éﬁfqmgna ﬂlo%sgllaﬂgés%‘?g?n&. e sgél?\%lﬁ%%is élgfﬂtﬂgrs, wherein
t he synt hesi s-oidetspectnon $egrepiee doinroy eqoaléb thesgstismtmt moisalevale- spr eadi ng
characteristics of the synthesis filters and the overl ap-add

[~

2. A method according to claim 1 wherein the noise levels in subbands of the
output signal are offset from the desired-noise spectrum by amounts that are
20 substantially constant.

3. A method according to claim 1 or 2 that determines the quantization
resolutions for the subband signals by a reiterative process that applies (82) the
synthesis-filter noise-spreading mode to proposed quantization resolutions, adjusts

25 (84) the proposed quantization resolutions, and reiterates (83) until the one or more

comparison criteria are satisfied.

4. A method according to claim 3 wherein the reiterative process comprises:

identifying one or more subband signal components the quantization of

30 which, aécording to the synthesis-filter noise-spreading model, contributes to a
portion of the estimated noise levels that exceeds a corresponding portion of

the desired-noise spectrum;




process, and wherein the quantization resolutions are determ ned such that
the 25 desired-noi se spectrumis greater than or equal to the estinmated-
1fe-sendsevel s. 11. An apparatus according to claim10 whergi éé nai
1 g\??qsmi n subbands -of the output signal are offset fromgkg QQQ@}%?QQ%W
sSpect r umpyr/ameonisssyhat are substantially constant. 3Qglds;AwRPRS" at us
according to claim 10 or 11 wherein the one or nbre processing circuits
determ ne the quanti zation resol utiong for the subband signals by
performing a reiterative process thaf Zﬁpl ies the synthesis-filter :

noi se-spreadi ng nodel 11 -07-2001 PCT/US00/ 09557 -39 2 9 SEP 2003 US0009557
A0/ 26124 WO EP to picissagthegmbhind signa sompenent theptantizatjonsafsvhink, pr oposed
. n

quanti zation reasglt - LRI e 1.t 0 re. conparison
ot "etg %ﬁ@%‘%@ﬁ%‘%ﬁ?ﬁé‘%@@%ﬂg‘ﬁt lg%?sgflﬁig%ée%er ein the
reiterative proagiifitioh t6 BRPorE&sof the ehitanfoll fish teveRah&exBRER the'bband si gnal

criteria are satis
conponents the quanti zation of which, according to'the synthesis-filter
-noi se- spr eadi wgrRERPadinggostien pfitheslesipedanoigminectommpind he esti mated noi se

| evel.s that exceeds r r,espondi.n ortion of. .the desired-npise spectrum
sel ecting t he subbaﬁﬁlﬁ‘lsgiﬁﬁﬁ%l%g%%afggﬁqpoﬁ?@ql&&&ﬁt}%ﬁcgﬁn% <h,
according to tsbﬁc@n@ama%igﬂalbﬁhp@,ﬁnge-spreadi ng nodel, makes the | argest

contribution to the portion of the estimated noise |levels that exceeds the
correspondi ng portion of the desired noise spectrum and adjusting the

respective prepo Lzation,reselution.for.th 15 sel ect ed subband

si gnal cprrpon§ht‘§ g’%ﬁ% 'ﬁ%r%%é\ﬁ’gﬁ %ﬁtﬂ@%@g&ﬁlﬁ%&et%lt%rpﬁyqﬁrfgewgwei.he
reiterative procesSdeni¥yingiont or mdi hibtanl B @nQiontis $he ion gal
conponents the quantization of 20 which, according to the synthesis-filter
noi 98- spr eadi ik @e¢ordingrie thensndlaesisofilier noisetspmading model sxmitnitaitesitoroi se

| evel s that e S [ j riion of, _the desired-nqgise.spectrum
sel ecting theééu an %?%’%Eﬁg%gﬁ%g%evﬁ& tﬁ'ﬁeexaﬁegﬁfaicfgfﬁl?ﬁ‘dﬁ'fg R/ﬂ’ng’H,"f

accordi ng to theedesirad-heisk spédthingr noi se- spreadi ng nodel , nakes the | argest

e

selecting the subband signal component the quantization of which,
_ according to the synthesis-filter noise-spreading model, makes the largest
15 confribution to the portion of the estimated noise levels that exceeds the
corresponding portion of the desired noise spectrum;
increasing the proposed quantization resolution for the selected
subband signal component by a first amount, and increasing the proposed
quantization resolution for one or more other subband signal components that
20 are neighbors to the; selécted subband signal component by a second amount
that is less than the first amount.

6. A method according to claim 3 wherein the rejterative process comprises:
applying the synthesis-filter noise-spreading model o obtain estimated
25 individual noise contributions for individual subband signal components; and
increasing the proposed quantization resolution for those individual
subband signal components making estimated individual noise contributions
that excee_d the desired noise spectrum. |

30 7. A method according to any one of claims 1 through 6 wherein the
synthesis-filter noise-spreading model is a function that expresses synthesis filter

output noise at a respective frequency as a function of synthesis filter input noise ata
plurality of frequencies.



25 contribution to the portion of the estimted noise | evels that exceeds
t he qorresponding portion of the desired noi se spectrum igzr gﬁégg- t he
_grgpg@& guanti zation resolution for the selected subband éﬁ 0 ent
5P /5 st amount, and increasing the proposed quantization resol uti‘or0P8PS57
one or band signal conponents that 30 are ' t he
selectegnggg éﬂgﬂg?gﬁal conponent by a second anount thgﬁbgzg?gﬁg&ﬁhan t he
first amount. 2 9 S E P 2003 -40 15. é@ apparatus according to clairm 12
wherein the reiterative process conpri®ses: applying the synthesis filter
noi se-spreadi ng nodel to obtain estimated individual noise contributions
for individual subband signal conponents; and 5 increasing the proposed

tizati | ut.i f th I ndi vi I ubb - si gnal ,conponent s
maki ng- st | mat BoHAPOR avarhg a8 . B of it 1 Ggaiis et Saerisene. dos 1 od
noi se spegiabiifing ¥ subbAndAPAIS hetording % He e driiddd gt onhlésadiﬁﬁmfso t hrough

15 wherein the 10 one or nore processing circuits®apply t

synt hesi sanflidssambling the quantizad isnibamd digralshinto dnseneodedwsignain t hat expr esses
synthesis filter output noise-at a respective frequency as a function of
synthesis filter input noise at a plurality of frequencies. |IT An apparatus

according to @YAQH&hQ(ﬁaEdoid'ngt&Qn Fqufggpa]&g WRELE %ﬁ e or nore
processing circuits geng;ia‘;)ebgnn en}izgﬁe represen l%thln?oélﬁg?o eS% nput si gnal
by quant icbitaigingithe qudsttizedi suhbtgnd kignals doms am gnéodet sizndbimlr déquastiAnatie zat i on
resol utions an% agaﬁ%ﬁ%tﬁ% uap({%égﬁl?subbﬁnd sqii%rnlﬁlgsf%i?ﬁp t he encoded
si gnal . fgan E‘ﬁﬂ% IGHEC Suag t}ﬂnﬁugh 16
wherein the 20 one or nore processing circuits decode an encoded si gnal

conveying the quantized subband signals by extracting the quantized subband
si gndl s from the Anapprsefus foprestablisingg deapsiaation rasglutions fpranaatizne subband

signal s aggording to.the determ ned .quantizatio solutions. .25 19. A

conput er %B oagn(raasﬁ%pa'trlso%t%lpe‘g OS] -Sb%ﬂ‘gerﬁﬂiaﬁ ﬁ?eaﬂpgﬁégﬂ)ﬁmﬁﬁ'ﬁlﬁ?ﬂh sai d _

conput er vﬂie@ﬁﬁamdummghammrsia&gﬂg:tammmf ghdl 4otd W Ghrameg Uy abl e by said
st eps accor

&
machine to performall _the nethod, rdi ng to any one ot clains |
t hr ough @pplying synthesis filters to dequantized representations of the quantized subband

signals and by applying an overlap-add process to blocks of information obtained

15  from the synthesis filters, the apparatus comprising:
o input terminal (11; 96) that receives the input signal; and
one or more processing circuits (14, 15; 92, 93, 94) coupled to the

input terminal for generating a desired noise spectrum in response to the input
signal, and for determining the quantization resolutions for the subband

20 signals by applying a synthesis-filter noise-spreading model to obtain
estimated noise levels in subbands of the output signal obtained from the
synthe.éis filters, wherein the synthesis-filter noise-spreading model represents
noise-spreading characteristics of the synthesis filters and the overlap-add
process, and wherein the quantization resolutions are determined such that the

25 desired-noise spectrum is greater than or equal to the estimated noise levels.

11. Anapparatus according to claim 10 wherein the noise levels in subbands
of the output signal are offset from the desired-noise spectrum by amounts that are
_ substantially constaat. | |
30
12. An apparatus according to claim 10 or 11 wherein the one or more
processing circuits determine the quantization resolutions for the subband signals by

performing a reiterative process that applies the synthesis-filter noise-spreading model



Title:

QUANTI ZATI ON | N PERCEPTUAL AUDI O CODERS W TH COVPENSATI ON FOR

SYNTHESI S FI LTER NO SE SPREADI NG Abstract Many perceptual s

1§08

pBi g-
ystens that use analysis and synthesis filters assun’@?t’%EIFlj 2003
tion noise introduced by quantizing split-band signals is.

US0009557

subst ant ilf’é'l")US £Fe as the noise that results in theé&é%;z#ﬁé nﬁ:j

‘obt ai ned
si gnal s.
filters nodify or spread the

by ‘applying the synthesis filters to the quanti ‘
In general, this assunption is not true because the synthesis
quant i za%i-on noi se. A theoretical franmework

for deriving an optinmumbit allocation that accounts for synthesis--filter

noi se sprtepropuged gualitization eolutions, adhispithe popogdatiattinfion rbiodatidiE, an

opti mal al | ocatiqn_can be expressed as a Jinear _optim zation problem

bi

in a nul Aoditeiraies BRfL the ongioRAIcEe cayppanison Srifsiaiare sfisfedcesses derived from

this theoretical

framewor k are disclosed that can obtain near-optinal

sol utions using nodest conputational resources. [err] [err] [err] [err]
[err] “[err] [¥.rAnkgpdrhiukatddrding to claim 12 wherein the reiterative process '
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comprises:

identifying one or more subband signal components the quantization of
which, according to the synthesis-filter noise-spreading model, contributes to a
portion of the estimated noise levels that exceeds a comresponding portion of
the desired-noise spectrum;

selecting the subband signal component the quantization of which,
gccordihg to the synthesis-filter noiseaspreading mode], makes the largest
contribution to the portion of the estimated noise levels that exceeds the
corresponding portion of the desired noise spectrum; and |

adjusting the respective proposed quantization resolution for the
selected subband signal component.

14. An apparatus according to claim 12 wherein the reiterative process

comprises:

identifying one or more subband signal components the quantization of
which, according o the synthesis-filter noise-spreading medel, contributes to a

- portion of the estimated noise levels that exceeds a corresponding portion of
" the desired-noise spectrum; '

selecting the subband signal component the quantization of which,
according to the synthesis-filter noise-spreading model, makes the largest
contribution to the portion of the estimated noise levels that exceeds the
corresponding portion of the desired noise spectrum;

increasing the proposed quantization resolution for the selected
subband signal component by a first amount, and increasing the proposed
quantization. resolution for one or more other subband signal components that
are neighbors to the selected subband signal component by a second amount
that is less than the first amount.
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15. An apparatus according to claim 12 wherein the reiterative process
compnses :
applying the synthésis—ﬁlt_er noise-spreading model to obtain estimated

individual noise contributions for individual subband signal compénents; and
5 increasing the proposed quantization resolution for those individual

subband signal components inaking estimated individual noise contributions
that exceed the desired nojse spectrum.

16.. An apparatus according to any one of claims 10 through 15 wherein the
10 one or more processing circuits apply the synthesis-filter noise-spreading mode] that
is a function that expresses synthesis filter output noise at a respective frequency as a
function of synthesis filter input noise at a plurality of frequencies.

17. An apparatus according to any one of claims 10 through 16 wherein the
15. one or more procéssing circuits generate an encoded representation of the input sigual
by quantizing the subband signals according to the determined quantization
resolutions and assembling the quantized subband signals into the encoded signal.

18. An apparatus aécording to any one of claims 10 through 16 wherein the
20 one or more processing circuits decode an encoded signal conveying the quantized
| subband signals by extractmg the quantized subband signals from the encoded s1g11a.1
and dequantizing the quant12ed subband signals according to the determined

quantization resolutions.

25 19. A computer program product embodied on a machine readable medium,
said computer program product comprising program instructions executable by said

machine to perform all the method steps according to any one of claims I through 9.






