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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

t hr eshol i j : i I
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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 ubbanchdk ahdhBanteRd tRPRldiS Sighaldinth REhe? 003 uVR 19QEF2434
PCTI 1JS00/°09557 .
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



-2 bank of synthesis filters to the dequantized representati SE)Pgaﬂg&te
an audi owei@makss that is, ideally, perceptually indistingy Rokd-0m t he
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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
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coeflicients.

The synthesis filter noise-spreading property 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.



Al t hough perfect reconstruction is possible in principle, it 79 8&P 2003
achi evedwigyoesact i cal coding systens because perfect rec hbﬂﬁ
requires the synthesis filters to receive a precise representation of the
subband signals generated by the analysl3s filters. Instead, the synthesis
filters receive a representation with significant errors that 5 are
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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
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expensive and time consuming, and the disclosed techniques do r@tgﬁq’?[@ Zg[]g
1i{iRopgRsi deration the effects of overlap-add processes that are include
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syn Besi filters.. Adgant,a ous enbodi nents of the present invention are
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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 -
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nodel represents noi se-spreadi ng characteristics of the synt hgyéafﬁ 2@&3
M- 3pppverl ap-add process, and the quantization resolutions are
'@eqjtiferé%mr)led such that the desired-noise spectrumis greater than the US0009557
gsti mat edpp@igag43€vel s. The nethod may be enbodied as aﬁfﬁsﬁﬂ?oﬁés-; '
instructions on a nediumthat is 5 readable by a device for ‘execution by
t he device. According to another aspec‘i of the present invention, a medium
conveys encoded information that conpr R8s si gnal information that
represents quantized conponents of subband signals generated by applying
_anal ysi s $ytthesissfilter npise-spyeading mgdel reprederdonoisobprendiog nbdractaristiator

repr esent uapt i.zi ol ut.j.ons .aof, the gquant, zed 10 subband.si gnal
coPrponent@e%ﬁg’eglé#féfnﬁgmr&e‘}gg?ﬁﬁagﬁ’gocgfsgaﬂ b@r aﬂé@“&& S 1548 above.
1- 1=07- 208éteMfin@d kiccrkB4t the AeSirddPndlfshebiPRMAY pRedter BiahlthiSERERRLSS Aoise

According to yet another aspect of the present invention, an apparatus ‘
recei ves lexels. The ngthodanay bmembediad ey b program of instruetionsrinor medivom thetsrar i zed
above, The .r iver c ] .an, i nput._coupled to the signal conveying the
encodgd iwg?ﬁéﬁygrﬁewcgﬁgr %’?e%ﬁ%él%b%?}gecéee%’ﬁehg circuits coupled to the input
that extract tphgcsidatto dubiiRF BEecObr fhe PRteitifvéRiDh! PnehithPtsMleyon from the
encoded informati on and obtain therefromthe . quantized subband signal
conponent enceded infermeptionthati eegprises signal dnformatiomtiatneprasente quagtissdand si gnal
conponent equantd e.. quani i . si_gnal. onent.s accordi ng
to the quéa‘jﬁ:fl l?%r‘iﬂﬁg érfgég?ilﬁﬁl S(l)%iséﬂ1 %é“éﬁﬁﬁ‘?wgé’gﬁ‘ggt“@ws gigfﬁ PRl s, and
apply syndifediasd cbhteslrisformatibe tide spradenBaiattiihardoRtiopabStharfadiAldy an
over| ap-add_10 process to bl ocks of information obtained fromthe synthesis
filtt®s rwbhandsigaal campogeats thequantiping Tawolginns eredeterntnedes i n t he subband
signal s is?:.rﬁrﬂﬁxﬁ?éa vbhe synthesis filters and the overlap-add process to
produce noise level's I'n subbands of the output signal that are less than

t he desired-noi se spectrum and an output 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 nents nay be better
understood by referring to the follow ng discussion and the acconpanying
drawi ngs in which like reference nunerals refer to like elenents in the




several figures. The contents of the follow ng discussion and t d '
are set forth as exanples only and should not be understood to%géggg%&?

111_' Tl 'lii ons upon the 20 scope of the present invention. BRI EF DESCRURGGdY557
' WNGS Figs. 1A and 1B are bl ock diagrans of split-band encoders.
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schematic 1llustration of the frequency response for a hypotheti cal
filter. Fig. 4Ais a schematic il Iustrgtion of a perceptual nasking
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qgquanti zi noi'se spectr or "a hypothetical audio signal. Fig. 9 is a
f1.owchar fubbdnddigmedl compebeans, dequantize itheoquantized pubbamdsighad cothpoeents ni ng
quanti zation resol utions, 10 Fig. 10 Irqi) a ﬂra hi.c ci(luha stratiqn 01:1 val ues of
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filters and the overlap-add process to produce noise levels in subbands of the output

-

signal 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
of Fig. 3.
Fig. 5 is a block diagram of components illustrating concepts underlying some

aspects of the present invention.
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S|gnals and passes an indication of these quantization resolutions along

pat The noi se- ' LSesspreadi ng
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noi se in an output signal that is abnepdewby. applying 15 the synthesis
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quanti zation resol utions. Quantize resol ution cal cul ator 15 deternines the
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t he out put . | nal obtai ned fromthe.s Ige is, filt rsfﬂas level of noise
osul L1 g PR ARStS QLR PSR BYFI IR n MRICE diraps o PSS HRtal2 B o ¢ he dei r od
gg't ﬁ@lgeﬁggﬁcﬁd%ﬂgﬂ@m %&dio %&nﬂ%&@w@cﬁﬁoﬂqfpﬁt}ﬁvpkﬁgﬁeﬁtegf?@d&n&ﬁ%b%ﬁﬂ from

signals along path 13. The bank of analysis 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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capaqsty IRUHARIRMG0 hOSuBIEPABhioNEn Al guFlBea dBaldiby'Rl iRl 5 anot her

enbodi nent - ban enco I 'ncor por ous "aspects of the
present i qumtzanon tdzalutibas. stanhaer rets@lut:dmeczeamﬂdr r&dﬁterdnmuheed above. A few
of the differences befween the e two enbodlnents are_di scussed here. A bank
of anal ysfldantizatign resphtiprs sueh that qagegrdingjiqythe apiserspieeing wadel thecatmitd fr om

path 11 t Gogenaahes ﬁB&CtHgﬁﬁ-}(he‘sPst}ﬁf%Fsdha%'a]%@él 5 A ainad gad Lo generate

i nformati representing t I nput signal spectral env ong path 22.
For 20 exqumta,atiemtimmwstgmadllyceqmaoelmd;esnuyncbﬁ: leegbr esented ina

D ockpt 0RO Bakf e (PEELISUR L Sh. 4TS, EEE SARRLANL S e conent 2l
subband.  fHreqBnbzaxR0Re8ESoRYoriftion received from path 16 to generate quantized
' signals along path 18. Quantizer 17 may be implemented by a variety of quantization
functions using uniform or non-uniform step sizes including linear quantization,
logarithmic quanﬁzation, 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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encoded Sh&‘g&gﬁaﬁoﬁ?@ﬁr\éﬁ‘éﬂmﬁg &gh&ﬁt Eﬁgﬁrlﬂl sparpasedspd Mong pa 17 §r si gnal s

al ong path . Deformatter 32 may al so use an entropy decoder or other form
of [26ss| esanplecwiibandaigmbeempoaents may Gbtrenrasented mumblork-deatngrpaing .

(BFP) form in which the BFP exponents are essentially logarithmic scaling factors
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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transform to blocks of transformcoefficients, weighting the signa
sanpl es ol anatlel efmbodintehie desivedsfomertewl chlcalasymitdhmevelesva setanfifitisict i on, and
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34 nor quapkk Zial HdsOf L ormatter 32
is able to 15 gxﬁggtééugr?te?ézsat' gktr)lgérerggluﬁgllslgﬂgﬁ%?%?%ﬁtsﬁlgﬁﬁfﬁgﬁm t he encoded
si gnal andcqerding theth lsyrshesisriiltar maiseesprdadingandél ziscu@ed aboge. AAB i | | ustrat es

th di. f lit-band decoder | ti 20 vari
Fopedts ol HROT LG HeRAONDR FRAEA A PHI Pl g i sk BBt
di scussedeadsAé@sighnl beYorafattbNeo diy fekaneahiRldmReAl &hﬁﬁﬁti&ﬁ\ﬁ?%ﬂ?&ﬁeﬂe nts are

di scussed here. "Deformatter 32 ‘extract's quantized signals froman encoded
si gnal r egignalean be desederhwiibax usa @f Pressyathesisdiltpn antsespgadingmeddel. al ong pat h
33, and extracts information repr %S?ﬂ'%&% t he encoded signal spectral
envel ope and pass this information“allong 25 path 42. Deformatter 32 may
al so use an entigpy ilistate oneembbiiarent of msplit-bandsleesder intRepsatingds necessary
tor gyerse an | ossl ess coding used o eﬂer te the encoded )
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 response 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
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present invention nmay be incorporated into enbodi nents of perceptual

codi ng syS8veiapPEeRndeadiies samples in adipceamndawavsishted logksynt hesis filters
in avariety o 0. i 1,00 Fom: R I i.Ng
description na %%aeﬁp%c}a?@ﬁ%&erﬂgﬁfﬁéﬁdnbp eltlblsg\gg\%%gtnro grﬁsl giﬁlég%ﬂi ment s.
Ef fi ci ent 34 mpt qgoEnizatresuistiod calbAGior Banss myeded becaust deformsertr 32 iy dbe 15.

patents 5,297,236 and, 5, 890, 106, The quantizati on process jn many.
percgat uaFXiEa iGHENIALIoB FESlu R H’ifoé’?“Pﬂgmﬂh SpPaded el dmaviRolis o use

for quant L%gﬁ%tﬁn%%ﬂgééi%al fromthe difference between the anplitude

of the su signal an | evel of an estimted 25 psychoacoustic
maski ng threshold within that subband. An inplicit assunption in this
process is that the quantization noise for one transformcoefficient is
i ndependent of the quantization noise for other neighboring transform

coefficients. Gepesmilitraiddiafother 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.
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20  transform embodiments. Efficient implementations of TDAC transforms are discussed
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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t he quantj ki ' 3 5 r 1o A quency fo
that is sp@adéﬁ%y%lﬁeé}gydﬁ Pé\%g]ivfésr%fgﬁlldft%er igﬂffi}%eﬁﬁ?%%qg&;%ng{s&%gﬁnél%&by t he

spectral &GomponeBy va@ingitie! shepecel th€syntkgsisswihdqwdndtivat thewigthafdss accor di ng
to the present inventio akes l.nto account, .the naqise-s adi.ng

char act or paepead S PRy LAHELo L Beain Py ofahBmifoR PR e on
resoljgt i OB pblds. fAisiRe QMAUBT thedmaRITERY is réficd 80 ik fegheN§esall Naudi bl e. An
expl anation 15 of an anal ytical basis for this process is provided in the

f ol | owi ngsPastigivapiesattenvatiomintbel siopbands Redleg radnged dheppectral sebeativipsi s il ter

52 repres a f.analysis falters in,a. split-band epcoder .t hat
gener at es Eﬁ glrslgfb g r ﬁr:%:l%g%gfj % iyé?éeg\ Szngctbﬁi‘%'gﬁ‘u?fﬁ!ﬂa trﬁ’"&?%ﬁ‘@ﬁf‘{/@r > PSHSF AT

r epr esent iirgentrahsibhas Butht alvedys paksitle daibveslichstam péieh poliuctidsant | zi ng noi se
53 20 represents a _process that injects guantization noi se into the

f r equency 2PREtANS HiBhFepwgsdlitone playrack of the dacpderbyignsl, Sor example, 82,

Synt hesi s - : I e t a bank of
synt Egsi Ssl%c?r??ezlflgg{ Wﬁoggﬁﬁygéﬁ%aéggg%g EOCE@%E?%%EI@&{OP gﬁg{e&?& 54 obt ai ns
a ti me- dospieadingrhamerdriaticoof dynihesit fikerq ipurtizelarly ferioqsimnayh e n '
representation of {he audiq signal. The process perfornmed by 25 overl ap-add
55 over | ap¥stelp-Additionl sergdentiansder logv-felay pedipg sstemsindiscustest i8dd8t at i on

obt ai ned Is transform 54 and adds correspondi ng sanples in the
over | appeha%ﬁ})é%?g?nﬁal ysis filter 56 is a theoretical construct that is

used to expl ai rfhessignifigarice of pbies-spieadihg isnrsasininotevedois fonmedium to low
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



The bank of analysis filters 52 is inplemented by suitabl eZa@asg j s;@m;gnddw
30 func‘y cbgf&md the TDAC MDCT and is applied to a sequence. of 0OCKS™ Of
audi o sl Qn sanpl es that are received frompath 51 to 5&3@1’%‘9@9§]bband
signals in the formof a sequence of IBl-ocks of transform coefficients.
This may be expressed as: 29SEP2UU WD 00/ 62434 PCT/ US00/ 09557 X m {k} wR
(n) xm (?ra thatq%pr%_&dgpfhe(&gmhﬁsiﬁ%ﬂis [IREIO 16 behaMded By ticadpob@aIM coef fi cient k
in transtormcoefficient block m WA(n) = anal ysis”w ndow function at point
n; xm(n) cON¥iOfARl sanple n in signal sanple block m 5 no = a transform

hase term requir for,aliasing. cancell ati.on: ko = a ter l.ch, for
!to his parti cul gﬁéT lod “}%‘%s?‘lfS%Eéﬂlgfcslﬂgg}ﬂéﬁiontog a.p}ersc%;%’téﬂdnasgw}g___thrieﬁg&l gth of
the trangboi MeddhnbolidwTEqlens/pedrdl RhRSa: St ﬁtecpfeﬁéri,eﬁs a$ E'@}h;f)e_ﬁ@@ §onoi se to

each transform coefficient b?;,équantll zZi ng the transformcoefficients
accopPdi nghe Blter Kemeney waparoe divaiiated an Fign 3r As ghowmn, the lowHregquerepdidsof n a
quanti zed sign t hat, Llncl udes a sequence o bl ocks . o uanti zed transform
coof 11 ot senhreshall 2736 R 5w, ARMERT SorblestcRmbctr B RUDEY 6 S (2
where X Roekhotcdlépitel sgRMesi Bhé ehinse KTHiDspbanshar e 9 ediftelPithalP! 0Ck m
and In(k) = quantization noise for coefficient k intransformcoefficient
bl ock m at®usynf hast ssulting Soor the Sigantszatiop bthe hoeer-faguedny spBAGLI nver se MDCT
and suitable synthesis w pdow functions, and i.s plied to the sequence of
b1 ocks. o ORRDARME SR Euekh omht i S By b SthgsiS AR RSl ot arked ot

bl ogks ofbytthgepmd]np@@ﬁpl es. This may be expressed as: 2M1 xm(n) = 1 |
Xm (k) - cos 2’r k + kan+no for 0 Sn<2M (3) 2Mk=0 2M 20 where xm
(n) = recovered tine-donmai n sdaphealytical Gemspts bl ock m  Overl ap-add 55

' - ' | | nl es. ' f. th 51 b
applying a oy nioia e o e oo ARG i B s BRRREN S e

that is ol avisedpleading symahiedstics of tesdyath@ibilterouetstadlish Meantibgiod ndowed
respondi ng {i ne-domai n. sanpl es in the overl apped

bl oks a%?&%&ﬁgysﬁ i SRouED tomenies dbu @HouZaSion Goe (napibleg AnicxBlena i
: : _ ( PPy bl ocks is
i ndow et em iR bl o SIS BRI SRR ppliellohE 2V canpl es
that is coextensive with Iine 44.1.%ntrodactign curves 42 :
Referring to Fig. 5, analysis filter 52 represents a bank of analysis filters in a
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:



and 43 illustrate the gain profiles of synthesis wi ndow fUh& Bdnls 2088 are
used to_ modul ate bl ocks of time-domain sanples that are coextensive with

lines 43YQRY04é! 30 respectively. Signal sanples represent |%U§°0f°3ﬁ7i ca of
the original audio signal" 2 0 S EP 2603 -WD 00/ 62434 PCT/ USOCQ 09557 -15

sanples within the interval illustrated by line 45 are obtained fromthe
overl ap-add process aayi adding the A(6SPON hg 41 nme-domai n sanples in the
over| appi ng wiXig@hed bhO,{(kB'M%,Iv)@EJ? 2 thi-stmy foe Gexpredied 43) Ym
(n) =xm(n) . ws (n)=¢ xmi (n) - (n #M) + x<J1 - ws (n-- M (4 5

for 0<n<2M wh Y(_ n) .= repldca signal sanple n.in sanple block m and
ws(n) = SI\/&F?WGS{"&)VL\] form soeticist ?& ﬁ’ﬁéﬁ“ﬁo .CCPE#?%‘FI‘E&@P%%;s usi ng the TDAC
transform the,a Eyﬁﬂaﬁrs@@ﬂn@@ﬁﬁ%ﬁ&ﬁatvﬂdmow functions shoul d be sel ected
to satisfy those Constraints necessary ‘to provide aliasing 10

cancel | ati on- Sg@) EhsignRl samplen npesignatsamgde blookern; Addi ti onal i nformation
pertaining to anal ysis_and s%nt hesi s, W ?c?rﬁl@f'umti onls .may be obtained from

U S. patent 5, Q‘Q?_,ai‘B@SfOéWd’h? SR FRTRS ping sancellation | cation nunber

PCT/ US 98/ 20754 Li 'tgﬁin GhiAPLE 1 { am&a?ﬁrnx@traamsnﬁ,fisésaémané; dnigl ters 56
may be i npl erren‘f_eg y essentl a (} any type of 15 analysis filter. For

pur poses of il R+ tket length of thetrdmafokmof anal ysis filters is inplenented by a
rectangul ar ana] ysi.s wi ndow function and the TEAC MDCT di scussgd above for
anal ysis filtefREBSZINgRQUSSYHIEPERSCIS 4 PYRGCSS Hat pddsnajge 'iosea,fﬁﬁra o the
replica sj i i 5B cBymeERGdcEaidid ﬁﬂé‘@ﬁé‘c‘i’ﬁé@i‘mﬁi n

r epr esent g%%erg?ﬁmgﬁﬁg%ﬁhgg&ﬂg&énacl, V\)ﬂi chci S pl)ag;sed al ong path 57. The

f r eqaéncy quamiatiorn repoleden tlis resulissn ageahteesd 2ignal thasinslides aaaquenaé yf i cal

expression of the nqi se-spreading. characteristics of the synthesis

Fr Pt ere. biotks e mastrec By o Bt bs gy BRETURIERAS von (k) - v (n) -
cos no for 0:5k < 2 "= er ) = transformcoefficient, k in
t he frequency- gygwgﬁ)n_ yegf)e*'sg-r{%m Y\%’ﬁ&%E;QM guanti zati on noise is R%}
present in _the knput signal praqyided to synthesis__ 25 hransform54, t he

bl ocks of Whef?eﬁggfﬁiﬁ%%%@%‘f‘ﬁﬂn]éd“ trepyirEy ¢acitisens blogk weawer | apped
and added as sl}o&?_i n equation 4.to o@t.ai n,a perfﬁct reconst rlgcti on of the
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representation obtained fromanalysis filfer 56 for
suitable synthesis window functions, and is applied to the sequence of blocks of

quantized transform coefficients to generate a sequence of blocks of time-domain
samples. This may be expressed as:

. 1 M, 27r(k +k, )(n + no)
= v (k-
x, (1) 5 éo k) cos[

} 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



30 this perfect reconstruction may be expressed as:’ 298EP22|L9 S&POQQ?@434
PCT/ 1JS -16 2M1 /k 27r(n + no Xk + ko ) Yn( )" VY "=
for O 582(%%@2(5% 2. Restatenment of Quantization Problem u%ﬁé”ﬁ%ﬁ@%% t

hypot heti cal frequency-domain represertati ons obtained from analysis _
filter 56, an optimum quanti zation resolution for quantizing the frequency
5 domai n seppleswitiintheiftephl Alubesled b Therdlays bbtaldelitiRim &2 SRAapadeXpPr essed
interms of a process that controls the anplitude of the noise injected by
quant i zi npragessdy agding ghhcorraspendingyiimeidomain/sanupdps i the Nygdappig 0 - < k < 2M
where N(k transform coefficient k. 10 The

.= a | red. ngi se l.evel for
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coeffgcient blocks mare statistically independent. 153 4The.gyantization
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to zero apdlefeave (¥Wariraslics sighflakmaleenegampld BloeRNEeAldt i ve coef fici ent
bl ocks. The first two assunptions are true for the coefficients obtained

fromthe transkgiis syghesty windywUidionrat padtitoncodi ng systens. The third
assunptiop is true for bl olc}_ks f 20 transformcoefficients representing a
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The bank of analysis filters 56 may be implemented by essentially any type of
15 analysis filter. For purposes of iliustration, this bank of analysis filters is implemented
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:



t he noi se spectrum of the output signal obtained fromthe @/gtsgsﬁ)s%mwtér
and the noise spectrumof the quantized input signal provided to the
synt hesY¥@ 40(@43 A derivation of 30 this analytical expr&ddS8H0%Gr7

"spreading matrix" will now be describggl. .11-07-2001 9 S E P 2003
USO00955T WD 00/ 62434 PCTI USOQ 09557 -17 First the expression for xm(n)

in equation 3 is subgfituted i 0. (§9YR 'o+nk4), and the resulting expression
for Pn(n) is tHegk)su y;m)edowgln&—eﬁgﬁi—eaﬂ-ﬂ t forobkdin2mh expresgi)on for
the hypot hetical fred@ency-domain repgdésent atlion of the synthesis filter

output signal in ternms of the quantized transformcoefficients, as follows:

5 Yn(k) = A(Kk, q) - Xm( q) +B( % Bestatementof Qpantientign Problem gqro 1 1

oy ST e (R RS TR el R gy dimain Mptesentslbns SRl bn” M,
2M 1 Zaran&lgﬁig Alien SR sptiahin qidhfifation Xesoli®jon fof Kuantizig(the Mqueaicy-cos 2M

Mro and 10 qo=11~; for 05k<2M A sim|ar exi)ressi on may, be obtajned for
the Hypotdesdic sgpresestpiioncbtapehiram najysis JUist a2 comboexnrpsedipiemsaia it er

t put si | in.t t he,. ' . : l.Cl b ti
s 1 PRSP ORS e S BUHaE e AT i I AR EAR M PR\
| ACK, Q)pat X (a) + B(k, q) . X M1 (q) +C(k g X. 1(q) (9) . ~a By
subtracting equation 9b fromequation 9a, a hypothetical frequency-donain

representation|of,{h 4T er e het se two output signals y be
obt ai ned, Miﬁ(é;n%g}cﬂeﬁrfg nte g/gekrkz rf-~ Om (k) _ Ak, Q) @m(q) +

i 0 e ot S v R g2 () 5 gt 2at o
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.



.- (k) = X (k) - X (k) for 0 5 k < 2M as may be seen from equation 2.
The expression in equation 10 nmay be used to rewite expression 8 as

s: It. (k) - Y. (k)j2 =10m (k)12 S N(k) for 0S k 1
13528810 00/ S5haa pCT! by 00557 16 Tho matrices A ot o e 20D §B00ss 57
syrmetry ﬁz,@,gopertles may be used to show that O’r(bmjggiﬁ@hgsg-;k) for
05k<M (1 refore, equation 10 can be rewitten as: M1 5 Om (k)
A(k, q9 L1 (q) + B (k, q) - I.-, (q)17+ C(k, g I ml (q (13) 40vvhere
A (k, q) =2A(k, q) ; B (k, q) =2B(k,"q) ; and ‘C(k, q) = 2C (k, Q).
Under the three assunptions nentioned above that the conponents of the 10
quant i zat i on nBirgeht\expressionefos e, iequationd iiswbstited iniiepetigedt and are

identically distributed, the noise power spectrym at the out put of the
synt hesi sarfdi the eessltingrexpeessigpiday Aedf ik Shaneyb; &%ti'-‘%%i g f&b}ﬂ%?%@ Ay, (k) =

E(1 Om (k) 12 4 : +
00 O (0 32k ol bl ey Ay bt of o shhesieinde)
z; No, rn( ut{@iafﬁlﬂﬁﬂ@bfﬁfe quastieanstorincdefficients, rastfolslziws he synt hesi s
filters; Np )=E(Il.(q)l z A"(k,q)=IA (k,q)l2 B'(k, q =1 B (k, g)l 2

oo % G rd . u%)m Sy B> BE T R e “GQ?{I?S%M B i

coefficient bl ocks &fuation 14 can be sinplified to:
No, m(k) =l Wk, q)N, . ", (q) zk-or 03k< Zx?rr-QnOXk+ku)]_cos[zzr(n+nu](q+qo):|_
2M ’

where A(k, q)—M Z w(n)- cos

2M
L 2r(n+ M +n, N+, Y] [2m(n+m; Mg +a.)],
B(k,q)=H§Ws("+M)'°°5[ VIR )
g - 2 |
o s o fe e
and
10 : qo_yzj for 0<k<2M

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)




(15) 25 where W(k, q) = A"(k, q) + B "(k, q + C"(k, q)29 §I’IX
IS the&ggg@%ﬁg matrix referred to above. 2 9 SEP 200
PCTI US -19 4. Optinmum Quanti zation Resol ution Referrl ng to
expressions 8, 11, 14 and 15, it can -bEB seen that an opti mum quantization
resol ution re'sults in a quantizing noise spectrum (N,,mq)) for 05 q <M
such that M1 SriGhatrickdd 5 all .1eobdd sybsthersNiiesé proplctidssiy bdBed 19=0_For
equality with the desired noise, a direct solutionis m1 N.,n (k) Z W
-~ (k, q) showdhatfor 05 k < M ci..0 (17) Unfortunately, this direct

sol ution often % ns,far, one or nore transfor
coefficients Kk, mﬁ)c"h &egﬁg ﬁeigl lthEa%O?kt » desired noi se | evel t\@g is so
10 steep t at ne%atlve ayou r‘? of.. .noi se must be injected into the

quanti zat it ?‘fefW% QUanQn, 10 CanRedGWMIRLAY hoct r al shape of the desired noise.

It is not possible inwpractical enbodinents to inject negative amounts of
noi se 5 nto the @yt 2at4' @ngpdgepsisB "(kFor { pnael ¢ (ke@priesggpbn 16 ngiéd not
be sol ved for equal i tro An accept able quantization resolution can be
realized if %a& i ~inequality. 15 To achi eve a solution, the
quanti zi nd’V}FFtSFs xf@ n be rewitten in terms of the desired noise
spectrumas fol g 6 %I gq(k) N(k) for 0:5 k <M (18) where g(k) = a
gain factor. A gra’pqt)l ca? ?’ustratl on of a hypothetical exanple of noise
spectra and galg(ﬁ,a(ﬁtgg@(k gyshown in Fig. 8 in which curve 71 is a snoot hed
nmeasure 20 of specttal power for a block mof transformcoefficients Xn(k)
representing arUnchandhe)timegnaﬂmptmmsmnﬁcﬁnad&zbbhettdﬁsha”ﬁdnpmm sfxhet rum N(K) ,

and curve 73 i.s a guant|2| n -Noi se spectru ngk%ﬁ he transform
coef f i eft@ntizatigp Holse faysa gerp eapAre stausgficy ymﬁi £ps ngci prcddeticallied noi se
spectrum Qﬂstﬂ&ht@dftﬁéhefsé g@(v@ s#a&?urﬁ howe o'ut’put biend 4 I)&H{e‘é‘rs fitferd éax?ﬁht' ci pat ed

that the gain factors are nor ly in the ' range fromzero to one.
obtained from equation 13 as follows:

N @ =E{0, ) )

o ] " (14)
:ZA (kaq)ij(q)+B (k=Q)'NJ.m-](q)+C (k:q)'NJ.rrHl (Q)
g=0
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"k, ) =14k ) s
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.



a) Two- D nmensi onal Exanple For ease of illustration, at ggﬁpm
exanpl e‘?‘!yt@” :1II be used to explain how the gain factorls b d. By
substitutin %gﬂuati on 18 into expression 16, it can be seé’rﬁ:W’O%"N(O) >
WO0,0) - g(0) NO + WO0,1) g(1) .-NMoIl-) and (19a) 2 9 S E P 2003 WO

00/ 62434 PCTI USO0/ 09557 -20 N(1) ? W1,0) - g(0) NO +W (1,1 . g(D
N(1), (1 9b) where 0 < g Qptfmuth Qﬁgnﬁzii&f ﬁes&lu}t]ikn (19c) Although g(0) =
g(1) = 0 always satisfies the two |nequazr|t|es, thi's particular solution is
not accept abl e Refrans® epossiaerd) Mal4endi 5 gacan bastarthatng] omanihe 5
respective transform coefficient nust_ be quantized with infinite precision.
Pr ef er r edUABZaHGLEE0lYQN rgsulta i & QuaRZIngROIsRsRectaEt dMsmtMhifonP & 25 Ml ose to
.one as possi . Indeed, if a solution can be realized with all gain
factors having a value of one, no conpensation is needed for synthesis
filter noise spreadi ngis The search for gain factor values that provide an
opti mal sol uti %_@(’iﬂﬁ&ﬂdhﬂ}dﬁ@d@gﬁsﬁ(ﬂ)i néer Oy kot r ai ned opt i mi(ké i on
probl emthat seeks tossinimze the cost of the conpensation. |In many
enbodi nents, it iS cpnvenient, to increase the cpst., of conpensation as the
| ogarit hm of t;ﬁgr S\Wﬁ%‘“ﬂ&/‘%ﬁﬂﬁﬁdtﬂﬁé“eqﬁaﬁF?tﬁo}fﬁ“ﬂb‘Fse spectrum is reduced.
In a preferred enbodi ment that uses bit allocation to control quantization
resol ution, theVcd#h=iXx Heq(al) tM(@nefdsi ® <ger Mr ansf or m coef fi ci en(iT)or each
-6.02 dB the 15 quantivzi ng noi se spectrumis changed. For exanple, if gain

fact ' | 25, then Ni.nm(1) of.th tizi i
et o o Phedchih, 708 e Sy s Bl Bl o SR AR, TS s
spect r um trasforamsdetfidents it whioh inanspieaipend the degiasisRidedsved Nix) 388 or m

coeffhci ent X§1£ is.(-12.04 dB/ -6.02 dB) =2 bits. For enbodi nents |ike
the dRes PiESH tabBEgatiBRaMeYNLt ofnRjes HUS bEAVFEIRAIROIHS AuaiGatiomBrdcess, tot he
desired ogydMJezad | | b | be
conveniently ree[ﬁ)gr: g@gﬁ‘fﬂ&gﬁsﬁﬁgaﬁ?@mﬁ?ﬁw&Ilﬁl)%qg%%b%ﬁnI:ljgeb&%%]k) for 0 < k <
M (20) daheodioentséd ipaipegatae armounant peisé inte the fyantizatior preckssgar i t hm of
each gain Thus

factaor,. .t t ot al . cost conpensation in this
t wo- di neng?‘g‘r'féq?f”lé’)&i‘ﬁfﬂssm? zga?fgld&i?%ﬂé{?‘%&e " gguag(:g;tgblq og g(1). For
ease of dishis s resdiiforCAn bb 3Hlized ir P QRGHds BRdcfYlidyS assumed herein to
be equal to one. The goal of the optim zation prgble isto mnimze the

cost 18f conpendatachievainsdutionhtheapiastizing noise spgutsr chybergwretsiintenmtda, 19b

and 19c. of the desired noise spectrum as follows

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 first step in framng quantization as a |inear optim zat b i's
to 30 r&@@&&“ 4ach N(j) . Wi, j) termin expressions 19a ah%(gi§¥ﬁn zﬁaan
el enent I, jf of a mtrix D. All elements in matrix D afe"KHYMASTo be
posi tive because each 11-07-2001 WO 002®2434 -21 2 9 S E P 2000 US0009557
PCTI USOQ' 09557 el enent represents the product of two positive quantities.

Th | t f ' | . ) d N(O ~ D(O, . 0) +
00, 1) a( D) and (ora) K F DL A0 B, 1) - o), (215195 uner

0 < g(0) vohete and g03¥£ 1) and Y« g(Bkc). The optini zation probl em expy sed in
this manner can be illustrated geonetrically in a g(0), g(1l) coordinate
space as showAlthpughgz(0y= glhe=0cajvays G0istigs thp bxs inehealties, thispasicular t he

coor of natSReRAERNGEpR A EHRAECTo) Sl sibleins 2 Teffer Fonlienae and. mevi mum 10

val ués peespettiwotrimforih €odfRbieftinist RCGUAREzSwRD SRtk EPRd Ic. In
t he exarrpl?e shown, the region on tb;?? Si d%a of stra} gEgte‘ETg?{rﬁléPEéf&ﬁ]dgt

i ncl udes splEoBY yigidrvalugsifos Eret gain fastor dhat iapmasoflosette onpas possitd¢. Isddetisf i es t he

i nequal it ' -2 d.the region on ,the.side of straight |ine
62 t hat ?P/n%wu%%&épﬁ:‘%o‘%%?%d %B%B@é‘ﬁ’t%ﬁo gﬁaﬁ’mgtarﬁﬂ“%‘?f%'}?a% that satisfies
the i nequainpeiisation dxpdcdies ifomMsyalibsisTMer hbRE sHeafify 66, represented by the 15
intersection of these three regions, is the portion of the g(0), g(1)

coor di nat e spade searchiiar gaintfhetos vhlues that providelze opgitiahschatié roernfeobl em may be
found th satisfies.all of .th candi tions, i nposed by expressions 2la, 21b
fandnl 1c. eE%ba&?r%Eg?Qy 891153&113& Wpirgation Pr_é’élef”sn{%%m 'W‘I‘?f’ﬁ‘zw}tféoﬂ ne that,
in this efeEtcnpdnedtitn. 3R mangRMHoAmMEHAGN is\cBhRinfint t0¥hbRasd GESoGRRIT Uent
with portions of the g(0) and gél) axes, line 61, and the top of 20 the

unit squ&PEPeRwLion gs thegiogarida of thetamounb by wihinh thp geantizing notkespedman( 1, 1)

gai ' 1 acteiedul, 3P Mg B Ao B B L aloRB T o SO a0 T
synt hesi sedoidticey, tHtaddseissfuaP@ (b biRpérardrsREm @effictnt for ehdl Ss.éfdﬁng' val ent
n

to setting the quantizing noise spectrum 73 equal to the desire oi se
speckr umdnantiEng peisk SRSt ichpngage For examme fibgain Gotstrf $(3) emse efnaitok = 0 to

k= (M1) 44 e i11) j I, t.Wthin the so ' space, a
process can ’lgfééhué\é}'é(lﬁoogt?l%&ﬁ%@o%{'?éﬁnﬁ%ct'qrhlg’rf? Fgaélgle‘ghy F@@‘? aﬁi"ﬂ by finding
an opt i muespget tooN( Paiofi tHeaddsired nwlst Rpectiune Trelddbd fon thiSRAGEsprBadifp) ch one or
nore gain factors have val ue_| ess n one. This is equivalent to
o y i
obt ai ni nGOXPHHEHPN P FFUHOFSEOSHRAN i 17 35 thid 04 4B /o R AB) far? bike desi red
noi se For embodiments like the ones just described that have a logarithmic cost
20 function, 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 two-dimensional 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



30 spectrum 72 for one or nore transformcoefficients. The opti num set of

gain factors minimzes the cost of conpensation K, whic ié@cfgl cul at ed
mdfie equation .11-07-2001 2 9 S E P 2003 US0009557 2
PRI Satey 95 k2] 0g g(0) -- log g(1). (22) This equatio%g 32209557

hyper bol iwolgwe24ssn the g(0), g(1l) coordinate space and pepNEROPSsA | ocus
of *values for the two gain factors that correspond to a constant cost K of

noi se- spreadi ng conpensati on. For‘éxQQELe, hyperbolic |line 63 represents a
5 contour for sone cost of conpensation Kx and hyperbolic |ine 64
represents a contour {.of conpensation th t&}@ﬁi s higher than

or not%er CcOS

K1. As t lglement repsgsen B | i sBerantitis; fhe results, rrespondi ng
const ant - f gachies the two coordinate axes. As stated above,
t he goal r‘%ﬁ&{%}g&g%@&rﬁ%ﬁ%n problemis to find a mnimum 10 cost sol ution
- that satisfi esNgogprg@,Op%ﬁ(oy-La)(o;l}bg@yd agdc. The optimum sol utiogignry be
obt ai ned by finding the | owest-cost hyperbolic contour that intersects the
sol ution spack(l) D eBrpPE,3hellh, in Fig. 7, the optinum sol @lbpn -
occurs at the point of tangency between hyperbolic contour 64 and the
boundar y wikeres @ 6g(®r< bpaded 6&(1hg 1H gher Dinensions 15 Practi cal (316} cept ual
codi ng syste and .methods utilize filters.that require the .quantization
process to solhf§ CPHUHFAHAHEFY k%eﬁfﬁﬁ?‘im‘?’ﬁa?ﬂ#ﬁg cﬂﬁuf?l?ﬁ%&%teﬁi nensi ons

than twogediibficBlip Bl £ 198osrtindaRthpase bd SvAtintHIE B GtheEgiBA6D dfact or s
{a(k) } \%ﬂctr}gi nc tﬂe sgﬁ}taﬁo%) space tr@t satisfies %he_i ﬁqutjlql itioes N(k) ? W
(k, q) gossible solatipnyathe gptimigatiyn ppahlem Agrestridtedito umt squaseiorguaduentief | ned
by 0<g(k)51..,for0O<k<M (24 such that the ¢ ngation cost Kis K =mn -

P gk | of isssoordinple sk i K sledf soskesppBaB D A RmEoton Sagmbint s o

t he 10pt | Ghigal pérmittdd faribdivdnAia Fadvbrk28 sHOWE is bgftession R Ichibth@erampRr, t he
region of possible solutionsis l|imted to a hy‘;ércube hhaving vertices

wi th cooslkiiwmttbe region ew thersidenef stweigin line OA dhasincluges sheerigin represantaiie t o
h " : _ A ; _ \

That - por Prie gt e ek el et B BBRRILPIn bitFesdh AT M 8D realbBB T P,
hyper pl aggssidd ofastightdint 62 thatiintlndesTthe odpin represedts thepordes of spakeithaon i s

f d at the 2 9 SEP 200 WO 00/ 62434 PCT/ US00/ Q9557
ound 4 satis%es the inequality 1% expression 221b. §olutciﬂo-n space 6%, represented by the

15  intersection of these three regions, is the portion of the g(0), g(1) coordinate space in
which the solution for the optimization problem may be found that satisfies all of the
conditions imposed by expressions 21a, 21b and 21c. The boundary of solution space
66 is shown with a wide line that, in this example, forms an irregular quadrilaterai
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



-23 point of tangency between a hyperbolic constant-cost hypersurface and
the boundary of the solution space. A substantially optinmm set of

LZation resolutions nay be obtained in a reiterati ess S as
1?;@{1&@@\/\/11 in Fig. 9. Step 81 obtains a set of initial gagglﬁziﬂﬂaﬂjgooog557
[esol ut i ofggp {lep 82 applies a synthesis-filter spreag] @g@l o the
i nitial I’eSO?dl]?zl ons to cal cul ate the resultant noise Ievg*“g‘?U Sg’%
. conpares the .calculated resultant ngise levels with the desired noise
| evels. If the results of the corrpar‘i?-gon are not acceptable, step 84

nodi fies the quantization resolutions appropriately and step 82 applies
t he noi se- spr efdi +heg gifdlelog g(1d.he nodi fied 10 resol utions. For exagmbe, if

Lhe oo it Squston debne # Brpronlicoine ipthagO) 2 hordognstsmand | s made . mor e
ant . . .
coarse répxgeggmgém‘dak %E?Qué?ﬁiﬂltﬁfﬁol B8 iR JrS Uik c&?én%ﬁn&t ggég#s&g{ggg ent is

too high, quant1 zation reso rone Of re si nents is

made nor & fofmeiseTpreading @wogsmsation. Fovesmpls, ibypérbelic tae/63 segebsentyea conpari son
performed in step 83 are 15 acceptable. Subsequently, step 85 quantizes

si gndl coeptave fersomecestipiepmnenstiion &y andihypetbelic line 64 uepresestshat provi ded

t he accept e ~Co i = ntiall ny..set . of iLhitial qu I zation
resol uti (fﬁgglr%?rb%}%ﬁ%é%,SQWS\‘K@\?/]§F¥38§?ﬁ{agésélé%r éli?% gfe‘%iglei @Sg&;er ally

i mpr oved daypehivhni@pidichdsdhfiiep athe EbR@poidiad coisintEbfTRntdRrt he opti num

val ues. One convenient choice for the initial resolutions are 20 those
resol uti @ﬁgrqaﬁh@stéafwég%ﬁlamtweﬁe desired noise levels. A quantization
process may be ' e FHiinflgAld : . perforns the
foll owi ng st ep%:ga%fea%g?g%%h%%ogo?gﬂﬁtﬁ Ive tg?nﬁﬂgiﬂf:%gngﬁg%@%mgg cul ating the
desilled mostselpmndhat satisfiasaxpreassians? ba, 2 ord 21¢ iThetoptisiung selatiat gy 17. The

tentati bit .25, al ti k) f .t f . ffici X(k) i '
obt a; ned OF BBRLEY R RSB RErGHRlC SO A dRLeEct BYtAuon bgar i ¢ hm
of the r @@%@ 1 MR exB@ibid MO widh Fg. PO R ot eh soliRbn 6X@RPhEthe pBirf BF

enbodi ment the bit allocation is 10(2.TogX(k) - Tog N,.,,, (k) O (k)=

6.02 30 fangefcy between hypdrbelihiantei Glcanditbe bowndaryt of sobuicn sprembs i s
positive, the bit allocation 2,5%49%%%5 conpl ete and the transform
coefficients are 2 0 S E P 200 / / USOQ 09557

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 solution space that satisfies the inequalities

M-1 M-1

NE) =3 W(k.9)-g@) Ng@)= ) Dk.9)-5(9) (23)
q=0 =0
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



_24 3 54. 10 15 5. 6. 7. 20 8. 25 quantized according to t'he@% PV%UUS
bit all ' because no conpensation for synthesis fi r %

spr eadi Egép%@r%%'eded. If the tentative bit allocation obt a})hiﬁj )8 %tep I
I's negative for any transform coefft+@Bent, noise-spreading conpensation is

required. The bit allocation process continues by defining the unit

hyper cubepsigcarishgificy Betw¥h Bpsekilic #bnsthhtlehst RperillrRice 864 R b RfngkRe T egi ons
in hyper?ijace thagt&s%t i sfy th}zIfe [ ngqug? It esS igfp éxprecssi on 23. nTFL#ysa may be

acconpl i stfele pelpeomspacei ently by including only the hyperpl anes defined by
the rows in mairi Dthat ..are closest..to the origin. The distance d for
each hyper pl an Sgéﬁa%téarﬂyggi@l’l%Sﬁte%SWB% fryreso —“%fslm@’)l? qtf.‘f‘i“?‘%’?‘a

+D(i , M 1)itenavyieesd ol admy: MewRliPFRSY. SRpldcoibinghRet &F gl of the
hyper space and one or nore other hyperplanes may be closest to the origin

i n other puntizatiogfresqiutionsgad siep 82 apmhes arsinihesis-fidtes snraadingmmogplkiosipace from
the inter; ' fi ' d the int ti
of regi onbisatufibnd RECaRYRELRY PO RE foieh. ShebPeredfperkiel 1 R SCC "

Det er m necatdubdteibrestifiant w0i3s tevelt witishe Hasired nolsk tevelsp B the Fésalte of fife Cost K
I ntersects the solution hyperspace determned in step 5. If the hyperbolic
hyper sur f&ERPafisen arsgtot gegegtaplensiem 4 medifics th epanizgties reselyiors| ut i on
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10 resolutions. For example, if the calculated resultant noise level for a signal component
is too low, the quantization resolution for one or more signal components is made
more coarse. If the calculated resultant noise level for a signal component is too high,
the quantization resolution for one or more signal components is made more fine. This
process continues until the results of the comparison performed in step 83 are
15 acceptable. Subsequently, step 85 quantizes signal components according to the -
quantization resolutions that provided the acceptable comparison.

Essentially 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




opti mum conpensation for noise spreading is obtained fromt I&g%@?l 3

| ogarit f e respective gain factor. For exanple, in Sg%@

t he bitagqb{)ﬁg%% on for each coefficient is 10 - (2 | ogj X?f%elj-/ﬁ- fbogg g(k) -
log N, m(k)) Qk) =6.02 9. If the h3perbolic hypersurface does not
intersect the solution hyperspace, select a cost higher than the current
cost K and cont i nyfintkddiactbling 1o 3 dtativé bithelobuies Balause hyper sur f ace does
intersect the solution hyperspace, select a cost |ower than the current
cost K and cont i nesminsation fop synthesig fissmasUpreaginns ageded. PCTI US00/ 09557
-25 D. Sinplifjed.Processes i derabl e. c utatiognal resources are
required to cajr‘rSlfélﬁﬁtepﬁzlve(?g{toqqfﬂcfg?‘?8 twg?%&gtﬁggd? PEREEVELSAEY 1 n sone
appl i cations, thergasdm Qsuffifient, hoiseRpRAIREG doRgREsAiRAM tedlired ahel S OUr CES
is too great; therefore, sinpli fi ed processes that 5 provide aé)_pr oxi mat i ons
to th® optinum sodllgcatien piosesteeantimpeeby definirgthe uapgivpersuboacsording tew

enbodi nents of si r;cnl isff' %c§4processes that use bit allocation to control
guanti zati on resol Ut on are described bel ow. Each of these processes assune
an initial bi4 aFhoekd infirsdvtiontegahe egli®isiih heperfmice e Batistpitef or m
coefficient without regard to conpensation for synthesjs filter noise
spreadi ng in an aine@mbiics of gHrassiom2dubhis may kg agepmplished weeceffigenthat i s
substantially equgl; i i i i iLpi.tial bit
al l ocation, each rlé%@éﬁsn@fbc{g}ﬁtﬁ?%%s%h%%e@?%?ﬁe%aggﬁﬁgﬁérﬁ sfﬂéfl\those bi t
al | o¢@ti ons shoul stelbosestapehs edgir Thbtdastmcehd fdesichdgpepiane chebel s. 1.

First Sinplified Process é first sinplified process uses a netric function
to estimate the t@H&MA €8M 15 | evel for each transform coefficient X(k)
one at a time, starting with thqvt,-g)west- frequency transform coefficient
X(0), and det er ni Hes—whether—=noi-se—spreading=causes the total noise for
that coefficient to ¢XHaBY +H(d¥skre®@ A6i<d’ | evel N(k). If the estimate
indicates the total noise |evel for the current coefficient X(k) does not
exceed the desir ednpByrespiapg aay hedospsbasths orighy inpge i ke hynerwapeand

hi gher - frequency 0 ol t] Lhdi es the
total noise |evel® o?géjﬁ%sé@%méﬁ&é@é%@% 'é%tklf"fésgf“) ﬁ%éﬂ@c‘%@% e desired
noi se@5l evel N(Kk), of the hgpatpacel ent that makes the |argest contribution to
t he noise level of coefricient X(k) is identified and the_gain factor g(k)
for that coeff?ciBetergiedae selytignhyaeispaasderm she iatersegijon efithedgpoisieh in one
25 embodi ment repﬁaﬁl%atiﬁ st%p%oémfﬁl%%t!e%cﬁén gﬂregio‘iﬁfeu—mqn gfe})rﬂf'. ¢ function is

used to

6. Select an initial compensation cost K.
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.
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/linitialize gain factors for (k=0 to MaxC) { I/for_each coefficient k ...

S = Nul | inifigldetallgcations epely prosesy/identifie thase rengferm evefficiapts mhosebiN k] - Sum
(Wk, 11 o@kichs gho'}li\li,d]h‘: g{cc?er:aﬁé# quél%téingﬁe ?é"ﬁli‘r%é ﬁ%}?SF l 'vfg}s( metric < 0) { 1/if

t oo nuch noise .~ se level K ... 1/find

maxi mum contributor to noi se RGrikstSimaphfid@Proceddk, 1} * g[i] * Ni]; for
(i=0 to M-1 ); g9g[k_nax] = max-correction; //make prescribed correction S
= Union ( S, A fesksimplified paoersx usesmit nethigfenctiop te ketimae the totahneise at e new

noL 33, ! Skl B hifrandbifh 3ot Wk ohd at'a fhle]starefip'ohith f@fonkds< - 1 1O
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




30} }} g.onew= Adjust ( W NK], S, g ); //adjust gain fa@ §rS iy ZU[]S
formil awh@pesash i in S); gli] =nmn (gli]l, g _flew} -Eﬁjélﬁﬁdkbgbe/

Conpensate I's provided with array Wthat is the spreading matrix for a
bank of synthesis filters, and array N2pecifying the desired noise

spectrum Gain factors in array g are initialized to a value of 1.0 for the
| ow frequéiiyyTleomiif facicenfe thé coethieems in the een (S0 aremadhstéd-Mrotiingeapensat i on

is not needed for the hjighest-frequency. coefficients in ny enbodi ments.
A mmai n forf-%FTBBB t%’ﬁ%‘f“% wb%@sm%mwﬁ@r%%mt&nw%wéﬂ% TP8I%€i ne and 40
carries o i

coeffici e#géiﬁn%?@?%ﬂ%%&%%@gﬁ{y\%&%% 5%2%%%%#?%@6%%9‘%@%%; E%Hlﬁnt rest- The
Nul I f uncttramsfors ¢oeffoked. to initialize an array S to an enpty or null

state._ The variable netric is.assigned . ap estipate of the noise |evel for
the cutrent coénfewggmen&twlmak? i ghis ist FEBRERS<ORTOSERN™E 1 A&t o ¢ ho
sum kt L2 | ' | | 4 e s knatls = th of the
synt hesi s f}él(lﬁv'ier)lggérlra%}#& %ﬁ%&éﬁﬁh‘g?@%{lﬁ aag{ﬁie%tgé% %QE%% rgg]o Cﬁ&?g desired
noi se | evebsing & pyritor thahimclndes fanee mymtackcal Tdaturés ofithe CL FORITRAN afd t he

sunmat i on si% ficantly affect the, corrput%igj onal conplexity of this

process: tR& &@&gf%&ﬂ%@ Fhis progiam fragmenh aprbpidigk praggam fragmenss

conput at ofalrigdd iedift U ndidftehfed (FRIQBAL e Y AGEHRs UidIe (b otliliEon Ol L1

and L2 to e range of coefficients e calculatron. The
val uelf or Witese ptdvidetdso canvdye fdet sxpaitnefipm@nipleimplahdeytatibiis.an al ternati ve
sinplified process disgussed below, these [imts conformto the range of
non-zero el enfArwerseta( Wil se version of arra ‘W _If the estimated noise
level is |ess thér ¢kelteMaxed abilsel Pevel , né’%lﬁlﬁiailngamﬂfag@éf‘rtive and no
conpensat i on f or foro{ k&0 spMaading i s needed. Tiéoredagh epeffitientkri.c is
positive, the remaSmddulipf tiWeefPisdngop i s ski pped and processing conti nues
for the /lcalculate noise level
metric = N[k] - Sum ( W[k, 1] * gfi] * N[i]; for (i=k-L1 to k+L2));
if (metric<0) { /Af too much noise ...
while (metric<0) { /funtil noise level OK ...
/ffind maximum contributor to noise
20 k_max = Max ( W[k, i} * g[i] * N[i]; for (i=0to M2-1));
g[k_max] = max_correction, /imake prescribed correction
S = Union ( S, k_max ), //add max contributor to the set
/{calculate new noise level
metric = N[k] + Sum ( W[k, i] * g[i] * n[i}; for (i=k-L1 to k+L2)

25 );
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 1
}
}

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



'next .coeffi cient. If metric is negative, processing continu ! E\ a
whi | e- | ggﬁothat continues until netric becones positive. wegrg“rg Ei 2003

whi | e- | V@243 f unction Max is invoked 20 to determi ne PREUSHMISSTi ent kK
-max that nakes the largest contributi@f-to the noise for coefficient k.
This is acconplished by.finding the index i that corresponds to the

maxi mum v ghe@sd The N RiRAYS is N dHled tblinifialdkizh afrall § ltofa@lempryf &m0 to M- 1.
This range for the index i includes all transfofrm coefficients for the

system | ptatfe diheawriablgr metrieiin assumed n esityate af theanaisepevs fod theyeurient t i ng t he
search fo . i -product .to nar r r. range of coefficients. This
range canrc%éeﬁglgpgij‘mgﬁg@%m &F(%éqcflﬁp Sa%%’nca??\,]\lgatﬁég'ﬁ contributor is

found, the gainstactor for k -max is assigned a prescribed val ue max
correction that Xxdfteipg(ds X@) sdoe Onakidin anount of conpensation. In one
enbodi nent, the=s@xi nrum anount of conpensation is -144 dB, which

corregpon 0 bits er. Lnvoking the function Union o add. 30 k -max
o the ar 15t M ehdin he iR P ubm oo Suri e b 8ot ng
the revi grddcgakd nbe i@l K] Kor Rcoaffikidns }assi gned to the variable netric.
The while- | oop continues until the value of netric becones positive. 2 9

SER 2003 ' WO (dredmaity LACTndd6d pdososemmarpn\ggnificaspiipeffiesatticon has been
applied t h.aof th XidpEm cont ribut ars t he esti mated noise |evel
for coet f CeRBRtAdng ot AT R AR, RO o e TR iRl o ¢ he

desi red nGosgpdnsuelis MLIGFLBAACoHMputdBbhAbifRioNey EACbeRGRERY bhQgjublingthe When
this qccurs, the while-loop termnates and_processing continues by invoking
t he 30f un¥alpenolad;lyand kb2 dalewt Hiedange of sosificipatsiadindad inghegalsulationr t he gain
factors o LCi: I Lk i.ch correspond to
the coeff ?g%&ﬁpﬁ?ﬁﬁ%é{h@@% aré?%?:éatg@gh&g%d& 8_%1[?%%%’ ﬁg%la\%g? glg?hﬁ? i nt ended

to optim peodebedisawstd bélows tepelimas tanfosntd HrtrahdreofenhizARi @enddi e | evel is
substantially equal to the_desired noise level. This may be acconplished
by perf or SRaEE Yersonsfiasmyny cal cul ation: 10 g _ new = N(k) - Z Wk,i) g(i)
NCT) Tor 1 {Sh 1 Weldstimdaled Mido el dts Josdthdrthe BRGHRATRISE 1AL ke Of N _
coefficients represented I n array I's set to the tentative value g new if
t he tlént apositve ahdiso icomipessatiph for rioise spreadimgtis veddae. Tiferdftre, if an@eixt isve gain

factor. The.min,for-1l.0 i, t he ,conpensat i on, proce conti nye ith the
st 15 DRsiEepnruRag gt REIOSTRIRPPLG R PlrEshe GRiuEr Bres have been
pr ocessedned coéBdigiii ons of the First Sinplified Process The first

sinplified process discussed above can be nodified in a variety of
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.
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00/ 62434 REFAHAURIES These2RwAnhich are mtahdattooctpumrm thedevdbofcessi ng
efficiency by elimnating the while- loop.in e .enbodi nent di scussed
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I's shown in the foll ow ng pr anvY e@gnEnl): foilCogpseinsate (W N) { for (k=0
to Mak®) g[K] gLJ@EWF/N(F’FDH%—QW- (k=0 to MaxC) ( //for
each coefficient k ... //cal ulafe)ifide IPEYERSHO metric = N[k] - Sum

k, i 1 to k+L2 N i <0 []if
{ob much rBfibssin Fackqr/or (g cnblSrbais rauPERut B & i S0 B ERiave ( Wk,
I " gli] Jalbd ig] nevaoff tlﬁé tthath l}@v:lells)ess tHaflthé birrdnl vhRielof the Fe3p&dtive it | =

gl k_ nax+|] * conmp[ 1] } Y} 2 this variation, the routi ne Corpensat e
i s provi defdctert h the array W' and

The main for-loop in the compensation process continues with the next

15  transform coeflicient until 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.
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11-07-2001 US0009551 WO 0d¢£m4n§@1¢3@00/ 09557 -30 predeterm ned
correddions are appleteo= byklr-eSiua i Vi[K, le* gh] tdyilofort bie-kghil no kaLpqns for
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reduced to indicate hi S tel;0 in factors g[k
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toin |catea1b|é i nBFeaSE degree of predefined
correction nmay bg etermned enpirically for each application. The main
for-loop in tﬁ: onpensati on process continues with the next transform
coefficient until all coefficients of interest have been processed. 10
Anot her enbodi nent of this variation is shown in the follow ng program
fragméft . ConpehsHisvarigtion theroptine Crepensatd : pricvidell wiflkihear@y W iandti al i ze

gain fact o &y ONIR ddiBAR A0 il AL Bfhrral® g B ifiliiedSh hiud'oF) |

//for eachc icien ere
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



"25.-30 //check which coefficients need conpensation and, if so, //whl ch - -~
coefficient is the maxi num noi se contributor est noise = wf k] EIPK?@US
l/initialize estimated noise level for k contrib[L] = est noi se

11-0¢é407% buti on of coefficient k to itself k max = L; Jlinitiali ze i BYO0Y557
and .. r%q(contrl b = est _noise; //contribution for max contributor for -

L

=k- dy/o2 434+) { //check contribution of other coePETHUSONGISST i f
((J> O) & (j<>k)) { //omt negative coeff and coeff k contrib[j-kL] =
WKI[j] + n[j]; //contributionfromcqu_ficient j if (contrib[j-k+L] > max
contrib) { //if this is max so far ... k_max = j-Kk+L; /lupdate I ndex.
and. SR iR Fodifidibh, tributor J )
1 est rrlrgll‘se = LogA((:jd( estp%lﬂgl ?gbé réﬂﬂgz{[ngtﬁéjﬁhﬁ’% Oqiﬂil FdPles

/' apply coeffistantorlbml 12 by odddplyag: emhgamj ﬁctbﬁ'ﬁﬁatrék@@ctﬁ,%wamlﬁqh@m se if
(n[k] < est_noise max+j - L. >= 0)

Vo t ne@gf"}’\‘/'gm(?oi:f# ng’sthe éﬂ?l_qarﬁd? BL]““’P‘] Wrﬁ?[ ﬁed‘Rqeld tp E@bﬁﬂty a 2-bit |
7ot opar TAfiet n Gckin e R el A i DA EIE p s T 2oy Dsibfbossy

-31 5Unl ikindidate @ drbik axcretise tualiedtiahond, thé bein Stee @R GnaRD bd the gain
factors nd the._nois Ievel% 9&8expre sed 'in decibels; therefore, a

function® 3] ok bgyredyce @%%kﬁgﬁ?ﬁf%eﬁ\ﬂmc@g@ﬁ iFhedegremtfies. The
noi se Cogﬁ'ﬁbﬁﬂéd %%oﬁ%lﬁ&&&%mhe& Em gﬁ-ﬂ:ﬁﬁ{r 75t G apfpiicaibEPT esented by the

expression W k]J U + ch represent
The main for-loop in the compensation process continues with the next

transform coefficient until all coefficients of interest have been processed.
10 - Another embodiment of this variation is shown in the following program

fragment.

Compensate (w,n) {
for (k=0; k<16; k++) :
glk]=0; //initialize gain factors to 0 dB, meaning no correction
15 for (=0, k<11, k++) { {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

~ 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)) { /fomit negative coeff and coeffk
contrib[j-k+L] = wik][j] + n[jl; //contribution from coeﬁ“‘iclentj
25 if (contrib{j-k+1.] > 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]; {{apply compensation
} .
for (k=0; k<16; k++) {
40 allocfk] = max( 0, n[k]+gfk] ); /fprepare allocation array

} 1
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Simplified Process A second sinplified ‘ﬁrldcess provi des noi se-spreadi ng
conmpensation in_two 10 steps. The first step determnes an initial anount
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that exceed the desired noise level N(k) for that coefficient, dan
det er ni ni nepeffeentrk isirgpresantadbyibe efpressiopendid(jj emfihmwHidioepresaigthgor i ng

coeffigients . X(j uch that .their, . respective i.ndividual contributions are
reduceg t rtoﬁg‘(’éa%fst?‘??éiﬁsm%ﬂag%‘s? @\Vﬁllf.or ﬁ‘??@‘?%%‘ﬁohdm kssPeclive elementyadithe r ef i nes

e compengabicoy huht sl hent Yl ) SR L LR OB 8 GG esPect Ve

transformcoefficient to the desire i se n- enbod

i npl enent snaisd 1o deetbelsofos icopfficienel. process is shown in 20 the foll ow ng
program fragnment. Conpensate ( N) { . for (i=0 to M1 ) compNi] = Ni];
/linitialize conpensation arrzﬁf\geé%‘iﬁﬁb plified Beocesy j njitialize for the while

| oop while (co = ] : =T : . ensation wll
be Suffic egt TR C‘(“?{gil“f‘g)ﬁf/? B? oo Oieties ??I‘E‘%Lg’??ﬁﬁf’?g %HE%"%%%FW 7 o

/11 ni 19 al igepst Thp Gastragp deferminean withd anogntldf chompersadbn be sixiptdadte

coeffici ent,

: = O A Linitialize index and ..., 30 max contrib =
Wk, 0] * t ?ﬁ%ﬁfﬁf‘?ﬁ?‘ﬁ%n‘i efiisiont KT e g BB e e i g‘s l9wsst-(j =1 to M 1)
{ /1for edcéquescybiefficiegt c((o}, lideitiefhg the.neighboring BoeF@&:$ i)Rj)ﬁhWrK?keJ |
tempNj]) .Edjl'f new.g‘ax ...k m=]-1 //update index and value for ...
max_cont ri’ 1¥“(KP1<‘,’°IFP utions toNibe Fstimated noiselevelial theiespective cqeffisient trt ri b >
tenpNK]) dicbdd HRHeSHEA GORE TR () 4r'1R i |t S G 1R0AE:
conpensati on by same anount corrp(ﬁ{E_m%%gﬂgbe&r}g%ﬁfg@%n%@mgtqgﬁ%&ﬂ_- max] /
max_ cbht r iamounbofopsp4ssation 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;




29SEP2(03 PCT/ US00/ 09557 -32 5 10 ] } for (k=0 to M1) ( //S gpqg
respect iwe gagedslyi cient totalN = Sum (Wk, j] * corrkaJ] fI%T goéi@;

); if (NNk] <totalN) ( 1/if total contribution is too npN[ k] =
compN[k] * N k] / total N, //change conpé&hsation corrpG( Fal se
[lreiterate the process } ] | The routine Conpensate is provided with the
array Wand the arr}ay N as descri bed above. An array conpN of conpensation

values is initializfed fi=anotNiel 15 array N/STERRSor €@hnedpsetiancbeimasd abl e
compOK is initialized so that the following while-loop executes at |east

once. The while-1oop t%@djﬁugw,, lp ¥ BhR qu rfopf( AT ensate routine
and cargies out the cgr@g cess /ﬁ“t @Pco%@:ﬁﬁ:%gg first
initializes the varia E 8 rmna urﬂess
excessive |evel noise uﬂ: &\ﬁ d éfF*éf’ﬁlgef@mﬂ?Bsaﬁm i on of
the routine that perfor?'f:’En T step ‘Eﬁ“f’ﬁaéﬁ PO array tenpN of
tenporary cal cul ati onk and executes a for-| oop in which the noise
contributions to each coefficient k is examned one at a time. After
initialdzing the } variables k max and max_contrib to the coefficient j=0, a
nested for-logp is used to calculate the estinmated noise contribution WKk,
j] * tenpNj] and determne if it Is 25 the maximjmcontribution cal cul at ed
thus far. If notyd f f centJ

If this estimat erF enijglﬁgggggﬁ'? utl %%Ja?‘ﬁferh a“gré‘ Wea\[;}gﬁﬁe g'lq- Irgtéed t hus
far, the vaesalbedsabhve. daxarsayctonepdy oﬁmm;fanhatmmezahieamgﬁxﬂxahmdﬁbﬁartﬁece t he

For " oiks coaryof bk pobt s hisar e OB B sTRaaAes i o omns b "
exceeds th%ﬁ@abas@@x&ate%%t le%ytednc%'[#ﬂewﬁ%-mbﬁcsmaﬁsg fh\é%rwaﬁsitaga? { the

conpensation array conpN I's changed e sane anount e maxi mum
contributi cﬁm@mee&srotmm advdsqanm mmulme:okremaéanoff peocepy ndemssteyss. Mhetldep i r st

step conti he n nt unti| all coefficients have been
ot obessed. Drfianlalsts ohF wHabiesd Btk ienelP il edmists Ruescoiig el
cal cul ates Iﬁike%&eﬂé[ﬂ&t@d 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




35 of the total noise for each coefficient k and conpares ?1955&3% '
with the 8%)6559 noi se level N k]. If the estimate exceedsS the desi red
noi se IeveI conpensation conpN k] for the respective colfF/eFMAPST s
reduced by the sanme amount the desired32-9 SEP 2003 WO 00/ 62434

PCT/ USO0/ 09557 -33 noise level is exceeded by the estinmated tot aI noi se.
The vari abheise RFBIKeke8&t bsle ettfidied fb@alfnbfsr@t'l'li’é%rﬁﬁi‘e%?

performed again. The main whil e-1oop continues until the |rst and second
steps can ﬂ@ttfﬁéirﬁbﬁﬂdeﬁécwdtﬂhmtarﬂcmmnmgda%ncorrpG( variable to be set to

Fal se. 5 An alt natrve odi ment t he second sinplified
process is showde iy B! %"P&Wﬂb‘eb%&%ﬁ# mngﬁ?ﬁﬁgﬁ%g% (W N
for (i=0 tperdbrinedconff chusmgthé Lomfxbmz{rlaﬁie'té%e% angal i on array CO”DCK =
False; //initialize for the whil oop 10 whi l conpK =Fal se) { conpXK =

True; B/assume Aomiernstive embedimentimpleofeniing thetsecdndrsitpplfled prodeds)is/ / STEPI

tenpN | L fliniti Irze tenp array for (k=0 to M1) { if for
each respe vmamgggglﬂo%\l%grogram BNPLax = k; //| mtialize i ndex and ...

[/contributi ou‘ah@,@ngmg g Szut or max_contrib = kK _max] *
tenpN[ k_nax] ; fo¥gr( FlmlaJM_t St or ea f 4 cr ent ...
if (j<>k) { 20 i f:(;rr(fltﬁﬁk_":?fﬂ 1?' B%J\H( N[{} //mrt'ia?gp i@ EE“HF/B Hfz tﬁ)%ea .

{(eg)lil[]?]J /lllmggdcon rgﬁgkﬁoﬁﬁﬂpégé) max contrr b > ﬁ% %) //|f

maxi num cont ri but i xceeds tené)/ EOMPRARRGene IR by
sane anount conp rr’a to M N K_max] / N k max] / max_contrib; 30
for (k=0 to M1) { F%%dfrwplé sh r esfBialige gRRATAi ent 35
or (k=0toM-1) { /f for each respective coefficient ..
15 k_max =k; /linitiakize index and .

/{contribution for max contributc)r
max_contrib = W[k, k_max] * tempN[k max];
for (j=k-LI tok+L2) { /ffor each neighboring coefficient ...

if (7=<k) "
20 if ( max_contrib < W[k, j] * tempN[j]) { //if new max ...
k max=j; /fupdate 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



40} } totaiN = Sum (Wk, j] * compN[jl: for (j=0 to M1) ): i DEP<2003
-totai N) wobdésfaa4 otal contribution is too high ... compN k}cmgwg%,k] *
N[ k] / totai N, //change conpensation conpOK = False; //reiterate the
process } } The execution of this routt ‘é‘requi res | ower conputational
resources because the for-loop that identifies the maxi mum contributor max
contrib tookesflissnsd from irLlgite artLeb ekeludingiihe poafReimitnp Stsalfratheothanand of

nei ghborin fllLclent it he i 9SEP 2003 WO Q0/ 624

PCT/ US00/ o%?&% tiléﬁhtg‘% S@%@B’Fﬁé‘% &h O‘}S‘* iﬂﬁBﬁPj"ﬁﬂm%g}“ﬁﬁﬂb&s‘@%ﬁ%%& t he
coefficient j itself, rather thang BipiniithfiGnentire spectrumas is done
in the programfragment di scussed above. E. |nplenmentation The present

i nvention may bEhG pRspaeation may b isplenagnted in owidsaspsie® éfnedvadi ng sof t war e
in a general [ e_conput er stemor in sone other apparatus that

i ncl udds v BoDpEaREpeINY tenhrshRBrRSeShuipiE U gmai st arhes PoRasas: ( psp)
circuitry gatiptiedestRopBaRRRESCoTPEreRfs subh bR al WM pidtedop | - purpose
conputer system Fi %ﬁ is a bl p]g}k disasgram o%ﬂ_(ajew cep906t ﬁat@jﬁg be used

t o i npl ene@tcuigrdoppled taspaposents sitidargp dbesatfound mra geaneralPSHEBE cpmpviedes

ti . 3.is 10 syst d . RAM) . ROM 94
Cor 0 T S e ST PR SRS R i Lo
for. stori ngpRiOaREBre AR HOEhticR. PSP Bt SrothaNd Cinp iRl ARGuEs. RANTY3 QuUt vari ous

aspects of the present invention. 1/0 control 95 Fepresents interface
ci rcuilfry wetemgansiopracgess mamary (RAML KM SHgapresentssome fornf ofpemsigteritcat i on

channel 96 -1 o-di gl tal and digital -toe-anal og converters
may be 15 ?t?l@?u gga‘%%a‘(lilf %E@ﬁ%?ﬁgygﬁ R Bﬁ}%f%nsr%g(g‘?c@@ Ogﬁ%feo&wcc?ansm t
anal og aud¢@arglitgoahsoutvariolsi@pestdotihapiiser hpwhtio O Bl 95 HpteBEts '

conponents, (r:fonnect_ to bus 91 which may_  represent nore than one physical
bus; howevBIerace GGEitTy t Frcpie fg Wansnihyidiq dgpals spwoof commpunigatien t he present
i nvent i on. Hafnebtd A antbSid; 1 N r uter system
additionalf: 20 co%gion QE)?I%%E e ﬁtﬁgﬁdﬂggﬁtﬁgﬁnﬁ?@é@g%%gse?%w ces such
as a Réyboarlddedrin FOuwetrarth asaledirabioagceiamahdfwitranomit amlidd ndicesigial Bge devi ce

havi ng a storage,nmedi um sugch as nmagnetic tape or di sk, or an optical
medi um Th egP@Qda@sﬂtﬁE%@ﬁmows gb@@ﬁ?ﬂﬁ@?&?@lﬁﬁ&t@}%% which may

represent more than one physical bus; however, a bus architecture is not required to

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



6f inétructions for opefating systens, utilities and applicati
i ncl ude_enbodi nents of prograns that inplenent various aspectgogﬁﬁﬂ?w
present WO E3on. 25 The functions required to practice \POT/G308/0%8Pect s of

the present invention can be perfornmeddy conponents that are inplenmented
in a wde variety of ways including discrete |ogic conponents, one or nore

ASI Cs and/ gt..pr.ogramcontrol | ed .processors..  The manner i n, whi ch, t hese
conponent _so?’g“r:@ r?&n)ﬁﬁlgﬁgcﬁ@]élg?qg lﬁgﬁdﬁnﬁmgfﬁtw%ﬂwemﬁfﬁmOHt'ﬁégﬁP-i on. 30
Softvar e iVpbeompbat tandsdbe ifjferdre@HiN bvaridlé BRI ReiPf B E&F%s%béﬁpbobY_ a .
variety nachine readabple media such as baseband or nodulated communication
pat hs ~ t hbEREMFSHnG reuspesuech antSHe seneral-phmoss tggeateteiicnits,o ul t ravi ol et

frequenci ia includi those that conyvey,informtion

usi ng ess?ﬁ%rf)g{qcié/stsgﬁic% fﬁmterﬁrlle PP %66@% %15‘5;?4"@3%5 ’L?ngs @éﬁXdZB@%

PCT/ USO0/ odeniory (OM)ar RAd0aR Mrfertreciit@le©gy i ncl udi ng magnetic t ape,
magneti c di sk, and optical disc. Various aspects can also be inplenented
in various conponents of conputer system 90 by processing circuitry such
as ASI Cs, general -purpose integrated circuits, mcroprocessors controlled
by prograns enbodied in various forns of read-only 5 nenory (ROM or RAM
and ot her techniques. 11,p7-2001 2 9 S E P 2000S0C009557 PCT/ US00/ 09557

A0/ 26124 WO EP -36 CLAIMS 1. A nethod for establishing quantization

resol utions for quantizing subband signals obtained fromanalysis filters
that are applied to an input signal, wherein an 5 output signal that is a
replica of the input signal is to be obtained by applying synthesis
filters to dequantized representations of the quantized subband signals and
by applying an overl ap-add process to bl ocks of information obtained from
the synthesis filters, the nethod conprising: generating a desired noise
spectrumin response to the input signal; and 10 determ ning the

guanti zation resolutions for the subband signals by applying a

synt hesis-filter noi se-spreading nodel to obtain estimated noise levels in
subbands of the output signal obtained fromthe synthesis filters, wherein
the synthesis-filter noi se-spreadi ng nodel represents noi se-spreading
characteristics of the synthesis filters and the overl ap-add process, and




15 wherein the quantization resolutions are determ ned such that the
desired- noise spectrumis greater than or equal to the e‘tfggg?j m§e
Tﬂﬁ%%gﬁ’ 2. A nethod according to claim 1l wherein the nois I's & 0557
S Js of the output signal are offset fromthe desired-noise speé#?%ﬂ? S
by anountpgt/iooanssz20 substantially constant. 3. A net hggratePGah e to -
claiml or 2 that determ nes the quantization resolutions for the subband
signals by a reiterative process that ,applies (82) the synthesis-filter
noi se- spreadi ng nodel to proposed quaa?ization resol utions, adjusts 25 (84)
t he proposed quanti zation resolutions, and reiterates (83) until the one or
nore conparison criteria are sati S¢18dM%1 A net hod according to claim3
wherein the reiterative process conprises: identifying one or nore subband

si gnal conmponents the guant. i.on of 30.which, .according.to t

synt hesi s-fil telerf'iE WM@W@&@#&“&B@&WM#&B@% Frg 'f"?q’gﬁn‘é)f t he
esti mat ed: N0 SidifdERkSm afeldp | | : e
desi'red-gﬁl sgq%pectruﬁjm%yg%g%%ﬁlg% 9 EEI%@%YH%})%%%%%B%H%QOI 09557
A0/ 26124 opuERignal3fiatse heeplicagpfitheinpubtignal is togreadbteinag bpepplyidee quanti zati on
of whi ch, cGor ing t.o the synt hesis-fi l%tetﬁ noi-se-apreadi n del, nmakes
the | ar g&¥ithesipfttersie depnbiged mpressnitions Qfrthe Auanied subbagd Pdyel s that
exceeds ' | HEH ' sfp(?ﬁ m and

adj usti ntgpﬁﬁgﬁﬁ%@gﬁfé@%‘g ?ggéséesg?%glgﬁ%gfat I on rﬁggglgta?%gn oﬁtﬁé{lhe sel ected
subband sywhedis Gbersothe methéd compsisingd according to claim 3 wherein the

reiterative process conprises:. jdentifyjng.one or re subband si gnal
conponents the quarﬁepﬁtﬁ.&f‘%ﬁ%?‘ridon%? iﬂ%ﬁﬁ@%ﬁﬁpﬂﬂsﬁnﬁﬁﬁ@ _ ﬁ’tgﬂﬁlsf“g&ﬂ | ter
noi §@- spreadi ng ND{RtermeMinf thd g zittordreslafibnsOfor Ge subBatbiiphms B¢ noi se

| evel s that exceeds a correésponding portion of the desired noise spectrum

sel ecting t he appbyirgriswitegsii-Gienprisrermreadiee model toobtain sstihata nolse

according to the,synt | S- fd I: [ he | ar gest
15 contri buti gﬁvqso%t%gg%%ﬁtoltfgﬁé %‘;tppﬁge@%% t% ?éngfegcﬁ%g @%M@? t exceeds

t he corr espondjlivgeinhid syathesis-filier mifs-speehdigd modelaepicteis noivEEpRadiAG t he
proposed quantization_resolution for the selected subband signal conponent

by a first amshatactegstics ¢fche ﬁﬁiﬂ%ﬁfi-‘i ﬁ]é‘n’ﬁ aps theqyeriap-add process, an
15 wherein the quantization resolutions are determined such that the desired-

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

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;




quant*i zation resolution for one or nore other subband signal conponents
that 20 are neighbors to the sel ected subband si gnal conmponent by a second

A4 that is less than the first amount. 6. A nethod CROI Ll to j
1§53ﬁ§¥5in the reiterative process conprises: applying tﬁgfiéﬁtﬁgéiﬁﬁﬁ$¢@§¢557
.noi se- sprpeadireworedsy to obtain estimted 25 individual;ﬂg&éfziﬁwgf&butions
for individual subband signal conponents; and increasing the proposed
guanti zat'i on resol ution for those indb?idual subband si gnal conponents

maki ng esti mated individual noise contfibutions that exceed the desired-

noi se spectrum 30 7, A nethod according to any one of clains | through 6
wherein the synt heisiesiipg thessubhandsigaal comppnet thermantizationfafrwhichn t hat

Function ot syaradme b b bR Sreil BRET ke B TEBER. enci os. 2
9 SEP 90(9557 confibuidn 26tk foelon SO RISpAteAbRE 1841M@:tERcedR tRe A NMet hod

according to any one of clainms 1 through 7 that conprises quantizing the
.subband si gnalcerrasneadingmyrtion efithedlssiedmeissispgotawrni 2t i on resol uti ons and

assenbling the quant4 z ubband,.si gnal s_i nt 0..an. encoded sj |. 59. A
met hdd accor di ng tc?dg‘}’ﬁggﬁ%e Ii??p%’fhg? Hos?%ﬂwaﬂﬁ%?ntrﬁsﬁm&%ﬁgﬁ%s obt ai ni ng
t he. quant i zed sgpbled REblEndRedRl Edapbasmtencoded signal and dequanti zing the

quanti zed subband signals according to the deternm ned quantization
resolutions. 10 10. An apparatus for establishing quantization resol utions

f tizi L gnal t ained f. lysis filt f hat
nopl fed to-an ot dpERRREEpRARE b SRS 3ieit FRE BRI o PuibdsPEpl [ ca of
the input signal iidéﬁi?ﬁg%b%&ﬁﬁﬂe%baﬁ&@i@ﬁ%nﬁbﬁ%ﬂ@ﬁé%%@%f;

dequanti zed representations of the quantized subband sig

applifli ng an ovdichsgeenrdingito dhessynthesis-itdraoise-spreadinganodel, wint@butesito 45 from

the synthesis fjlte rising. an inpyt termnal (11; 96)
that receives? %#eogll(;nf;t{lﬁ E%%%%P;%fg‘%g%g%e orexﬁ%e;&gaﬁf’gsg?g‘%f&rg@ﬁf’%s (14,

15; 92, 93, 94#je dwsitpd-@dist @pédtam; nput termnal for generating a desired

noi se spectrumi nI Eg];g&é\gs&sfsgp%e i,np tﬁ@?ﬁ%?'&im@%%a%g&%%énﬁ,m ng the
quanti zation reso ' a

synthesi s-fi | bedordiab 36 RANBARLRAN D { [ %ﬁ% jse levels in
subbands of the 0(gut %ut si gnal obt ai glggfefsﬁf)%m.l%éﬁo?g’nt esit@g%a?%%r S, wherein
t he1§ynt hesi seconttibatiomtn the porticanafi the estimated neise Evelstthat erodeals thpr eadi ng

I .ters.and the overl ap-add

characteristi 8grrgsfpo;[1 egs tohnegf tﬁefd!eslnre%rnmse 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.



process, and wherein the quantization resolutions are determ ned such that

the 25 desired-noi se spectrumis greater than or equal to t QSEEB

?gvsﬁg) vels. 11. An apparatus according to claim 10 wherein~t [ a

1 QOFh subbands of the output signal are offset fromthe desired-1aP889557
spectrum hat . are substantially constant. at us
accor di ngp(tzg clai ?n% or 11 wherein the one or nore pro‘éééérl%@&gﬁl ts
determ ne the quantization resol uti onsj for the subband signals by

performng a reiterative process that §pp,| 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 proposed quant | zation resol utions, adjusts the proposed

quantization r QRS nd.reiterat unti), th ne or npre conparison
criteria are s Tﬁs@?@ﬂdai?r&ﬂﬁtﬁﬁ%?%??ﬁi ﬁ’?ﬁb&t’&h@?%ﬂﬁ’ﬁ@sv\her ein the
rei t er at | HRnHLAG WSsubBasPTPHALS séeoréﬁ%&&giggdﬁwgfea@m% ciiehand signal

conmponents the quantization of whic ests-filter
noi se- sprasddisseyniit ¢ quanntized sulvkead tsignals iptoran encodéd diprealest i mat ed noi se

| evels that exceeds a corresponding portion of the desired-noise spectrum
sel ecting the subband signal conponent the quantization of which,

cocor 6 19, L0 {ASIBLOFRerdin Koy Bl SRR IOABl: s 1o | 2 025
cor r esporditaigingdhe qeantizéd siidatd signeld from e enreled sigiml adieqdintiiihdithet he

< gnal - oSBT DR Sptald SieoBling BX e dblePRip AR iraios SRk the
reiterative process conprises: identifying one or nore subband signal

.conponents the quantization of 20 which, according to the synthesis-filter
noi sé spr eadi nk? nﬁ@léppar@@ﬁtfqnqatﬂbbshmgquanqzamn wsohitionhforequaitizingd noi se

| evel s t SOLE 88 ondin desi red noi.se spectrum
sel ecti ng % I3 an Si 8@1% Bm“r%’g e & Hgta{fﬁﬂpﬁlfgfq Ghinppt signaly
wherein an oufput signal that is a replica of the input signal is to be obtained by

applying 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 te;minal 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



according to the synthesis-filter noise-spreading nodel, makes the |argest
contribution to the portion of the estimated noise |evel s&gzﬁﬁg
S -

25.
correspondi ng portion of the desired noise spectrum inc
1 Al

quanti zation resol ution for the selected subband signal corl3REAES57

by a fir i ncreasing the proposed quantizaj] [ Lution for
‘one or n?%fwo%u band signal conponents that 30 are‘%@ﬁg%gﬁgor%the
sel ect ed subband signal conponent by a second anobunt that is |ess than the
first amount. 2 9 S E P 2003 -40 15. A% -apparat us according to claim 12
wherein the reiterative process conprises: applying the synthesis filter
noi se- sprte prvpugedydaitisition bisatutions taiijmtsabe piopdcdi qliatizliohTesdt@idds] but i ons
for indivi aua.l subbangd si gnal conponents; and 5 increasing the proposed
quant | zat@Pd Feiteratss BpintheOBE of HINSR CORPATAOR FEteriagmpeatishedi gnal conponent s
maki ng estimated individual noise contributions that exceed the desired
noi se spectrum 16.. An apparatus according to any one of clains 10 through
15 wherein {hel3. 18napgardius Aéording a6 e 10 wiiek i fierotBialive phftess -
synthesis-filter noise-spreading nodel that is a function that expresses
synt Resi $OMPISeY: out put noi se at a respective frequency as a function of

synthesis filter in nolse at a plurality of frequencjes. |T An apparatus
according to any on@%%é?%orR°¥W%% E’é‘a\[/mlé‘ﬁ’ﬁn-ﬁ eq‘i@‘%"%PPnpre
processi ng ci rghichSacgeriigiothe Sler RRdCGRHdRD BBAQ] cddifbiPH o ST gnal
by quantizing the subban nal s according to the determ ned quanti zation

.Si S ] ) ;
resol uti ons aPrady ieﬁ‘@mﬁﬁgﬁé ngisgAevelhatarspris@ comgapansingpertionofencoded
signal . 18. A t oghhg to any one of clains 10 through 16
wherein the %égﬁsgfegrﬂ&n%era%%pr ocessing circuits decode an encoded si gnal
cond@yi ng the quantseieeting thebabbarsd sjgedl soimpometit trcquangzAten sfummchzed subband

signals fromthe ncodﬁg Si %gegl 4‘:@nd dequantj zi ng_t he quantized subband

si gnal s . accor GCRFNURS ke Hi-hider noieaRrsading medel asakesthe fasgests 19. A
conput er  pr ogreRfriHulilH S tRITRAEHEHE AL cstimReh hbRe IRARANLG MEHs said
conput er program product conprising programinstructions executable by said
machi ne to perchuespanding postiowofithd desisqgbnaisecspectrum; 4mi any one of clains |

t hrough 9.

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

14. An apparatus according to claim 12 wherein the reiterative process
comprises:
identifying one or more subband signal coniponents the quantization of
- 20 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-nc;isé spectrum; '
selecting the subband signal component the quantization of which,
according to the synthesis-filter noise-spreading model, makes the largest
25 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
30 are neighbors to the selected subband signal component by a second amount

that is less than the first amount.




TirtFe: QUANTI ZATI ON | N PERCEPTUAL AUDI O CODERS W TH COMPENSATI ON FOR
SYNTHESI S FI LTER NO SE SPREADI NG Abstract Many percept ual sngE Eﬁng
codi ng' systens that use analysis and synthesis filters assu § : 003
quantization noise introduced by quantizing split-band signals is :
substantially the sane as the noise that results in the output signal
obt ai ned by applying the synthesis filters to the quanti zed -split=band
signals. In general, this assunption is not true because the synthesis
filters nmodify or spread the quantiza#0-on noise. A theoretical framework
for deriving -an optinmumbit allocation that accounts for synthesis--filter

noi se spreadi ntf.i Andpparkins adcortiingGoehent 12 ﬁrﬂﬁeﬁrtﬂm-é{fé}ﬁ{m I%frb&gé ng an
optimal bit allocation can be expressed as a |linear optim zatton problem
~in a ml tPCPHHERESI onal coordinate space. Sinplified processes derived from

this theoretical f di.sel osed that .can obtain near-optimal
sol utions using mf@%%u%ﬁegﬁé@%ré@ﬁﬁs@&a%P eljte pbtain ¢ssimated er r |
[err] [err] individual noise contributions for individual subband signal compbnénts; and
5 increasing the proposed quantization resolution for those individual
subband signal components making estimated individual noise contributions
that exceed the desired noise 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 processing 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 apparatfus according 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 extracting the quantized subband signals from the encoded signé.l
and dequantizing the qﬂanfizad 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.
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(57) Abstract

Many perceptual split~band coding systems that use
analysis and synthesis filters assume the quantization noise
introduced by quantizing split-band signals is substantialiy
the same as the noise that results in the output signal
-gbtained by applying the synthesis filters to the quantized
plit-band signals. In general, this assumption is not
true because the synthesis filters modify or spread the
quantization noise. A theoretical framework for deriving
an optimum bit allocation that accounts for synthesis-filter
noise spreading is disclosed. In concept, the problem of
finding 2n optimal bit aflocation can be expressed as a linear
optimization problem in a multidimensional coordinate
space. Simplified processes derived from this theoretical
framework are disclosed that can obtain near-optimal
solutions using modest computational resources.

APPLY NOISE
SPREADING
MODEL

/—84

MODIFY
RESOLUTION

83

QIS
LEVELS
O




