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| DESCRIPTION Improved Coding Techniques Using Estimated Spectral
Magnitude and Phase Derived From MDCT Coefficients 5 Inventors:
Corey |. Cheng, Michael John Smithers and David N. Lathrop
TECHNICAL FIELD The present invention provides an efficient process
for accurately estimating spectral 1O'ri11agnitude and phase from spectral
information obtained from various types of analysis filter banks including
those implemented by Modified Diéﬁé@%ﬁéﬁransforms and Modified
Discrete Sine Transforms. These accurate estimates may be used in
various signahlgrggg_ggi@dﬁ@pﬁ_&:@ﬂgﬁ&g@@ﬁ;ﬁg@@g@g@ﬁ&g@ﬁ video
coding. In thq\/{%ﬁﬂmag HFPISIOD YR PrslicNasMentiefmisdnade of

audio coding 15 applications using filter banks implemented by a
particular Modified Discrete Cosine Transform; however, the present

Inveidomntion [SwR0! pprieadrdichasinioha SmEhesAOARPEHhEr FdroRink
implementations. BACKGROUND ART 20 Many coding applications

attempt to reduce the amount offip{ormado qauired to adequately
represent a source signal. B%éeducing_information capacity requirements,

a SlditarreptcisuRTsRSPERIdsE RRSIRIRRPIRRS TR ARSI HEDN T iguakpe spectral
magrﬂﬁiﬂy\ﬂ.ﬂm&ﬁ‘ff@.ﬁl Qﬁsﬂﬂﬁlj E&f(bﬁiﬁ@cb%&ﬂ)%ﬁﬁ@ﬁ@ﬁdﬂﬁﬁ@ﬁﬂj@@ﬁ‘éﬁh‘ﬂysis filter
e e G R P o
DiscRalelnpaneaptbahsoniRg: Mehads calithaystans fterd ieviinbaiedprocessing

reduce redundancy by decor-e{llaésl??%@ource signal using a basis set of

appligaiens FeehisHdMSOFme Ay 8Fcy by adaptive quantization of
thg spectal sempanenisiaseascingridcphychenpierceptusdkarftenidio doding

coding process that adapts the quantizing resoluti r arsely can
eDPIEGHHRES G 40 SRR B8 A QPOBPE BBt F GG Costne
Tranki@alUees highaidgrelsmnfguaniizaiianseapplosat uaniihatiepphiom@hinsad other

the signal. Perceptual coding systems attempt to control the level of
ﬁitcrﬁ?ﬁ%ﬁ%ﬂ%ﬁ]ﬁ%ﬁ%@ogs that the noise is "masked" or rendered imperceptible

by other spectral content of the signal. These systems typically use

perceptual models to predict}thﬁ}lf(\f?&&ﬁ]‘OUND ART

Many codi'ng applications attempt to reduce the amount of information required 1o

adequately represent a source signal. By reducing information capacity requirements, a signal
representation can be transmitted over channels having lower bandwidth or stored on media
using less space.

Coding can reduce the information capacity requirements of a source signal by
eliminating either redundant components or irrelevant components in the signal. So called
perceptual coding methods and systems often use filter banksto reduce redundancy by
decorrelating a source signal using a basis set of spectral components, and reduce irrelevancy
by adaptive quantization of the spectral components according to psycho-perceptual criteria.
A coding process that adapts the quantizing resolution more coarsely can reduce information
requirements to a greater extent but it also introduces higher levels of quantization error or
“quantization noise” into the signal. Perceptual coding systems attempt to control the level of
guantization noise so that the noise is “masked” or rendered imperceptible by other spectral
content of the signal. These systems typically use perceptual models to predict the levels of

guantization noise that can be masked by a given signal.
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quantization noise that can be masked by a given signal. -2- In perceptual
audio coding systems, for example, quantization noise is often controlled
by adapting quantizing resolutions according to predictions of audibility
obtained from perceptual models based on psychoadoustic studies such
as that described in E. Zwicker, Psychoacousties, 1981. An example of a
perceptual madel that predicts the 5 audibility of spectral components in a
sig‘mabd:SCdiﬁoablsadideh%dyﬂeﬂeﬁet ahﬁﬁ@rﬁ&jl@iﬁﬂ@zdﬁiﬁitﬂbﬁﬂ%&ﬁen
oiting Masking Properties of the Human Ear," J. Acoust.
cont i r?ﬁﬁﬁ )g‘)é%r%%%r%ﬁ‘)%{“g‘bﬁ‘fféjﬂ%?fé%‘?}%@cwgf‘ﬁa’rﬁ%ﬂ%?ﬂg%iﬂéﬁévtainecf
from geesnpidiabedele serivhgeaubentheyarerptrdisted 16 DRt MORSIGERHRIE

ZwickREE ' i3 the encoded signal. Other spectral components
O A APl Do R P g g
audibifisyRifieneetal roageptetstn beitna endisginssedoinsMl SSHRRANBZAOMOptimizing
DigithioisRdsHeNdRIS g Just | ible by, other.spectral .components in the
e A g SR SRR R B . soc
Am., Besgrabse diuen. dsdivd €&tem to adapt the quantizing resolution more
oRfspal NG, er audible artifacts, 15 A coding system usin
e B O AR SR R et o ve
“nperf‘@ﬁ’éﬁﬂf’éﬁ%ﬁ r’@&b&?ﬂfiaﬁ@ﬂ]indﬁ@eei@wndeiguhlnmmbiﬁa%mﬁeﬁﬂahat are
deemEURNHEINIH8SR HIPH: - \¥O rwise be required if a mor -
o accurate prediction ng%%%ﬁgg%%ﬁ%%g?&% f&g?%{é%ﬁeﬁéaéd%ﬁ%ﬁﬂ%%fo be
fine egpeghcieensyr st guariization neise basedevedgpscinataosppdheny other spectral
snasiitudse henefois.arc IGi hese Is,20 depend o
comp accurate meeasures %@Eﬁ?ﬁ%ﬁ%@ﬁ@%ﬁ%ﬁ%@%ﬁ PIi& ReEseRipal model
allow S%QH?k%W%mﬁaaétmmmmmd arorangeinediDEhassulting

in fewdHaaRri H1eQgiTacR0Cesses in addition to quantization. In two types of
cading . processes known as spectral regeneration and coupling, an

efcCRIEP RIS stBmmarshs kequindmernyids smeaeasiopaitiicexdiiding

percepsitiditiedaspecta Wﬁ@ﬁ%ﬁ§§ﬁ@%@h%@%¢%@é§% ?ﬁﬁ@e}%@%ﬁg Dfess 2

a source signals and a decoder synthesizes substitute g
tner q%’ﬁ%ﬁ’:ﬂg&ﬁﬁ?jﬂfiﬂ@hfé.”ﬁ?‘%ﬁé’@t?@%@ﬂ@mﬂ@mbmtﬁﬁmﬁi@mwawsme

predictioRraee AR Rl MIA3SSRANHRPHERH &8P Hﬁﬁﬁ%igﬂ%gha& B der, et al
b other portions of the spectrum. The decoder synt esizes the misSifg “¢r o 2l
are basel AR SRFIHCLPRORER aRitie iWaerefamdepontian predisiilmsibiotheationodels
dependloat LanveESANADEASHESAT SRAEHALIPURJRliHag missing portions, and
Accurate measures of spectral component magnifude also influence the performance
of other types of coding processes in addition to quantization. In two types of coding
processes known as spectral regeneration and coupling, an encoder reduces information
requirements of source signals_by excluding selected spectral components from an encoded
representation of the source signals and a decoder synthesizes substitutes for the missing
spectral components. In spectral regeneration, the encoder generafes a.representation of a

baseband portion of a source signal that excludes other portions of the spectrum. The decoder

- synthesizes the missing portions of the spectrum using the baseband portion and side

information that conveys some measure of spectral level for the missing portions, and N
combines_ the two portions to obtain an impérfect replica of the original source signal. One
example of an audio coding system that uses spectral regeneration is described in
international patent application no. PCT/US03/08895 filed March 21 , 2003, publication no.
WG 03/083034 published October 9, 2003. In coupling, the encoder generates a composite
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30 combines the two portions to obtain an imperfect replica of the original
source signal. One example of an audio coding system that uses spectral
~regeneration is described in international patent application no-----—--- -
PCTIUS03/08895 filed March 21, 2003, publication no. WO 03/083034
published October 9, 2003. In coupll"n%],”the encoder generates a

. _composite.-3- representation of spectral components for multiple channels
rebre b AR HERBE P R E s BB BN AR decodes
synthesidtipbpehairelapsiagiitierconipdsithinpebsetitaiivie angpsiie representation and
. . .Informationthat conveys some measure of spectrgl level for each source
e B A0S L by 0 el o g v Shannc.
One coupliegsdesdiibeddinggsfetdvdntedes dalplisiin Fysidied mohenaitemeed

ATSEC) AIS2A.documen | 'Revision A tg Digital, Audio. e
e S R AR A R R P8 i 4 o D
AudipErdopressoa¢fibebeStoding Sysbéied aupasindpraded.if the decoder is

able t nthesize ral components that preserve the magnitydes o

e e e L e e e
synthesie speiirah gnowohegs ﬁmﬁgm"@athmmtqdeﬁof@ﬁé amsamdiqg spectral - -
comp AR ELLRAASA QSE-e BARlE SRdNR AIRIAED B AR USOURINY improved

_ out-of- phase signals can be avoided or compensated. Unfortunately

if accuiatgancaaies sybase Usayriliieigise thpedigpiienemissddyiereliag out-of-

phase SHRESIRR Y SRAAUALCQBRRNERsthat make it difficult to obtain accurate
measures of spectral component magnitude or phase. Two common
nafosnsstalyy systendings yelunede padigslaubipen o Chlien§anks to derive an

expred$SITPLAANGIIRERANS INARED SHRRANI ORISR 620 es of

systems may be implemented by a variety of signal processing techniques
spectrp,l?/

CRIIPRN M AR MRS HDRRARY. td e goateynduReainfteadifanydemear referred

to as shHRAA L ludlg HEINRTIEM RAMANFRY 89:8E $PE6G sulbkR 158 instorm
. Acoust., Speech, and Signal Proc., ASSP-27, October, 1979, pp. _
coding;qysienys HAYRSHERISSTOFMStER EENE TS 4t FotvIer gramgisthinciuding
varioutRinTo-abisiefficieniubnpjemaniatiehstbafasiE oUigbdiansiam ik iincy
provide a set of spectral components or transform coefficients from which
Domagpeedi) & shimssehd dhiluens aheriplactnesehpand-Sigpat Rraga b §SP-27,
Octob&Pe64@l Gompenants of the DFT, for example, are multidimensional
representations of a source signal. Specifically, the DFT, which may be

uesagsierasding2s diedingesedoing abansieon SDBrbl ardts gifisient
implerRbQAGHI 8% Yali 0 6061 T RRIS MMNPFETERIARE: INROUIANRAKIS REYoEnts or

expressed as coordinates in a two-dimensional space."The magnitude .
transform coefficients from which spectral component magnitude and phase can be easily

Bauifnae &

calculated. Spectral components of the DFT, for example, are multidimensional
representations of a source signal. Specifically, the DFT, which may be used in audic coding
and video coding applications, provides a set of complex-valued coefficients whose real and
imaginary parts may be expressed as coordinates in a two-dimensional space. The magnitude
of each spectral component provided by such a transform can be obtained easily from each
component’s coordinates in the multi-dimensional space using well known calculations.
Some transforms such as the Discrete Cosine Transform, however, provide spectral
components that make it difficult to obtain an accurate measure of spectral component
magnitude or phase. The spectral components of the DCT, for example, represent the spectral
component of a source signal in only a subspace of the multidimensional space required to

accurately convey spectral magnitude and phase. In typical audio coding and video coding



of each spectral component provided by such a transform can be obtained
easily from each component's coordinates in the multi-dimensional space
using well known calculations. Some transforms such as the Discrete
Cosine Transform, however, provide spectral 30 components that make it
difficult to obtain an accurate measure of spectral component magnitude
or phase. The spectral components of the DCT, for example, represent
. pectr ompo of a spurce signal in only a subspace of the
e B S D P B T hiin g
transfoanc ptffiséents tfpicalkaugicsedingand didendodanguiskpappli¢ationsofor
: T pravides a set of real-valyed spectral.components or
dimen g AR B0 RS SR el e
compog¢nhprivbledime rsivriatmedllinihgi DY spave hestiioined eddhyefrdinesach

compol AR WdeaRl.Gach, SREcliRl GOmBONENt provided by transforms like the
DCT cannot be obtaine easrl‘ly rom each 5 component's coordinates in

thbiralearastesittispaitide DT dhahaotd bstic i the BOTddifkedidth&yta Cosine
' odifi j inep Iransfarm (MDGT ich J .
e AP SR SR AR T SRR e

Using lglendekifiesigasBassd MifEsdieatiA it Canuetiitiomn," XSSP 1987
Conf. ﬂgé,?hﬁ?nﬂtd%@%l)l\ﬁfm IL8§7TWI\/§§@%' Qﬁld IPEM%%@@% ve(li?l B@_ﬁijﬁed

. complementary Inverse Modified 10 Discrete Cos orm
Discretp o igaiREmaIE SR TR didingrad s ibeuaysendiag systems
becausdP@PIH4RIERENANINALA GG SARIGH BN ﬁ%ﬁ%ﬁsfﬁﬁérb&pn‘%

system that provides for perfect reconstruction of overlapping segments o

system fhaprewidssar peders cerergrtiontipradasningeprspényf of surce signal.
Perfect ARRYSIR{SMBENRSIS{ il@fh@%’?&)@ﬁ.r ity a??&&&l%ﬁ%gﬁﬁl{éﬁggﬁrs%{ﬁg%g{‘ al

in the absence of errors caused inte precisi metic. Critical
reconstuet parferthrarsonr th e prab by thonbasnesalf siscinertsadion fysropaeision

arithmelitnaRRical SREEIALGRIGRABIAEIBBLIS T realal Nem e, MBeS Bt ate a
samples used to convey the source signal. These properties are very
numbcré% 8@

ARV AP iR tis prcsiiales baadhe sushrraiwmplierxeddessnvey
the sourﬁaﬁsiﬂﬁﬁlbﬂ1@§§Bﬁﬁ§éﬂi8§£ﬂ@9&?f’ﬂ§r§%ﬁ%@%@ﬁfé&ﬁﬂ§qé%'fg:aﬁgﬂyﬁé@g]se

.. . inanencoded signal. 20 The concept of critical Ssampling deserves some
critical %W%teﬂﬂi?ﬁi%ﬁ b ploipgedabommenaa thpl arew herencaded and

conveyaaggquémg@@pgﬁﬂfpr each sample in a source signal segment, DFT
and DCT analysis/synthesis systems in many coding applications do not

e Gereeptiehrasispirmplitadetertes sang siermanstottitiougbpied B Tor the

DCT, fos@ab@pte 8bnerate one spectral component for each sample in a source signal
segment, DFT and DCT analysis/synthesis systems in many coding applications do not
provide critical sampling because the analysis transform is applied to a sequence of
overlapping si gnai segments. The overlap allows use of non-rectangular shaped window
functions that improve analysis filter bank frequency responsem characteristics and eliminate
blocking artifacts; however, the overlaﬁtaksd prevents perfect reconstruction with critical
sampling because the analysis filter bank must generate more coefficient values than the
number of source signal samples. This loss of critical sampling increases the information
requirements of the encoded signal.

As mentioned above, filter banks implemented by the MDCT and IMDCT are

attractive in many coding systems because they provide perfect reconstruction of overlapping
segments of a source signal with critically sampling. Unfortunately, these filter banks are

similar to the DCT in that the spectral components of the MDCT represent the spectral
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overlapping signal segments. The overlap allows use of non-rectangular
shaped window 25 functions that improve analysis filter bank frequency
response characteristics and eliminate blocking artifacts; however; the-~--
overlap also prevents perfect reconstruction with critical sampling
because the analysis filter bank must %enerate more coefficient values
than the, number of source signal samples. This loss of critical sampling

compReakaba tETHGHERA SR oPby A TEIRANE ritcierbdiransignal spacagequired to
accurﬁ!@l@'tw%ilbﬁé’&rafluﬁﬁélﬁﬂﬁ dhe lﬁlmﬁqWQCQYaE@%&ESMd%QQTHQﬁﬂudS or

attractive in many coding systems because they provide perfect

phass gappat hr-ablisedvardp St Begnseind erargisrie efdrmasiatm ceatamients
generdepingenidaunaiedhe se tiempadoaitrRibiiania hg Gk bdhale the

| components, of the MPCT r present the:spectral -5-
MO Rk 5 B B PRy e SRS B Rt el is
degradpdeadaiuipechéov araucdiglyceanve snrell aldpagidede andRbasks processes is
urate measures of spectral magnitude or phase cannot be obtained

3 imp alé%{gny from the spectral components or transform coefficients generated

byPiier M%}itgm@mfa@rmme@am}p@mﬂﬂmmm MRy BYS@RMDE and DCT

e b MD T filter bank i |s tlmal because the prediction accuracy
it B SRR RS HLIGAS Rl SHOCHe prEESHA I JF SRgHafs disciosed i

"1sormmpmmmmtmm@mmwﬁﬁeesaa ssdomatedRiiofor Digital
att v |dt IS Q the MD. Tand

Stora% @I erpkg?n s htérvegr?okfcg]?gﬁr>1{t'18af¥ a’}ﬁiﬁrﬁt@ g@%&%* teband il

Accmthogmqthssmmmchlsetm fI8OHREs 1ddividicg 30834 Dodinguwedd filter banks

. ovin tures Associated. Audio for aI St a tu

i wse O e T & S CAAS P R A Edra it benk

is usedHis tﬂeurwmque;rateell@fshtkerdfapk&ndoiumpgmveriagdi,ﬂﬁlﬁﬁhasadlﬁﬂtqae is not
enerate ectra onent codm and an

strac A B SO pT AR FRsath S feqpred i

the enspdatital ivopigoeel thmadhitudd. Fiiileatiniokiaésdedt it Slativachiventoisates of

ns con |d bfe computational res urcesa e re uir
magni %%% MS é T e)ﬁ ?ormcd i

éen SR b SRR R s o e

the endﬁiﬁrelitwafmeasdrhsmfairbaghmdﬂe;mqlfﬁé:dﬁq mhemsni‘@itﬂgml&mconvey these

measulSCyFALe, r% sures of ma]ganlitlliltd%b er ornéed in the encoder; therefore
(fcf)tl Ve e e eneode signal to convey these

rﬁeaﬁrhmﬁ&mhspemrarmdmpommtgmqg addidiedalthendedddareq@irdhntbenvey
@easu}%" %e%t?é’lo'gﬁz';?(?#éﬁir}%a en tuaé%q)y%gﬁmlfa ?I%\;N égerxen alsﬁl%%st?nct Q\c/ie%oder.
This is done by applying a synthesis filter bank to the decoded spectral components to

recover a replica of the source signal, applying an analysis filter bank to the recovered signal

to obtain a second set of spectral components in quadrature with the decoded spectral

components, and calculating speciral component magnitude from the two sets of spectral
components. This technique also is not attractive because considerable computational
resources are required in the decoder to implement the analysis filter bank needed to obtain

the second set of spectral components.
Yet another technique, described in S. Merdjani et al., "Direct Estimation of

Frequency From MCT-Encoded Files," Proc. of the 6th Int. Conf. on Digital Audio Effects
(DAFx-03), London, September 2003, estimates the frequency, magnitude and phase of a
sinusoidal source signal from a "regularized spectrum" derived from MDCT coefficients.

This technique overcomes the disadvantages mentioned above but it also is not satisfactory

——
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measures of spectral component magnitude by calculating these
measures in the decoder. This is done by applying a synthesis filter bank
to the decoded spectral componen’té fo recover a replica of the source
signal, applying an analysis filter bank to the recovered signal to obtain a
for typi%gpg&grgéﬁj}ﬁﬁﬁ%ﬁ?b@%@@ﬂqgﬁ%ﬂi%@gEﬁ‘ﬂﬂﬂ eowith dite Seepdesirce signal
spectral 25 components, and calculating spectral component magnitude
that hasiQity pretiirseld of spectral components. This technique also is not
alliaglive-bRrauseernaiterakle camputationahrespLESESAKS. BRYiedIn,
the decoder to implement the anlgésls filter bank needed to obtain the

publicagioagmmbsr sFSpRHAPEATpoh b iBBedMEHdrte i ePle e itderin T T

coefficenGHERIBE Rl colHfe R ESHNRECS ah3QiEIRABE R IR MEsTrkntased

Files," Proc. of the 6th Int. Con on Digital Audio Effects (DAFx-03),
measurepREBHLREHe ARID 0% BSHRlEQIRTFEL USRI cRisg hvbe hase

coefficRh®s SiRHsaFal souicemigealiftamacieoiatiagdspectismnidervehoar
MDCT coefficients. This technique overcomes the disadvantages

magnityle figheaedh GYam B RCARSES SR 8@%3%‘%}%@?0490@1?&#%%%%}%@? represents

the MIRPPliGRIGRSRecause it is applicable only for a very simple source signal
that has only one sinusoid. Another technique, which is disclosed.in U.S.

pAhshiapEtesion s hogToa S a5 RO HIBHASHE R GHIBR EFP DBIBSIBBYS 252
phase PRIRUBlshed:-Mayohen B3 ciatable taderiveied bankoeiiaietedMMCT that

MDCT coefficients; however, the disclosed.technique does not obtain
also avpids el VSIS PREGRHENGIH AR P85 ERBGFEBmponents represented by

the MDCT coefficients themselves. Furthermore, the disclosed technique

does not use measures of magnitude or phase to adapt processes for

encoding or decoding iR %%F&%ﬁﬁT&WDCT coefficients.

Kpvhatisiesded [sadsehnianethal frovidesogsticaiecrRsttnate@br art by
. _magnitude or phase from spectral components generated hy analysis
receiv AN Bl APRBIHE ST ik SRS AR P BE Db B Hcies

filterbAkKBAOIREIIGHE S0 RIS GBS R e EdY TN pelipiadinients af

the present invention overcome the deficiencies of the prjor art b
one or FaES iy MSTEERISFEBREEREN fﬁﬂ@&é?&%&?&?ﬁ@& éﬁffa%’ﬁﬁgﬁfion of

compoAdh N dysisdiHednbinid ch U SIgNBHCEN ey ng aanigatduandeskfos
human perception, derﬁving one or more first intermediate components

accordiﬁlgﬁp A 168 B PRROD S h & &F gb%r&}a]pu se responses 1o obtain one or more

second mtermediate components, deriving second speciral components from the one or
more second intermediate components, obtaining estimated measures of magnitude or
phase using the first spectral components and the second spectral components, and
applying an adaptive process to the first spectral components to generate processed
information. The adaptive process adapts in response to the estimated measures of
magnitude or phase.

In a first aspect of the present invention, there is provided a method of processing
information representing a source signal conveying content intended for human perception,
the method comprising: receiving first spectral components that were generated by
application of an analysis filterbank to the source signal, wherein the first spectral
components represent spectral content of the source signal expressed in a first subspace of
a multidimensional space; obtaining one or more first intermediate components that
represent at least some of the first spectral components; forming a combination of the one

or more first intermediate
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components, forming a combination of the one or more first intermediate
components 20 according to at least a portion of one or more impulse
responses to obtain one or more $etond intermediate components,
deriving second spectral components from the one or more second

compoiiRIMeHiAe comRoRENts IR Ne AstiMAisd [Hﬁﬁﬁ%?ésféﬁ?@sgﬂlt&%iﬁ%ne

phase using the first spectral components and the second spectra

Or MOTESRESEASHE A E SEIVRRN AR B dlspivRL TR 65 S0 ¢tve vl spRstedl
compof P ARRNELS HENSIRIR e&e&s&%&g&ﬁem&mﬂg@n&ng ARG OSRSR

adapts in response to the estimated measures of magnitude or phase. In

spectrad fREIRNSISEE ISPTREHreRGTdhvergahofileesounseo RIS PRI o second
subspaREOSEES neh HIMRRDRIAN T SPIES BNHNGR SOMEGE BIY ﬁ?&g%@é’&é@@,%%%ﬁﬁé

intended for human perception, the method comprising: receiving first

esimatgspRaf BB ohegEufarhriesg anaatbe by B camnroean arbibsis
secondWiRKBAN I&&ﬁlﬁb%éﬁk{r&ﬁcﬁé%ﬁf?llﬁ’ﬁ%@&ﬁﬂ%f IS ERE Y e GRNRAASHIS

represent spectral content of the source signal expressed in afirst '
compoggRsjad T Aehintientrdiaforarypacebemaiths R &b MBresfinstresponsive

to the BIEHNESAIG SRRIRANCIIRIINAL JEpRgsENt at least some of the first spectral
components; forming a combination of the one or more first intermediate -

68 80RTIBASERS A SRS REF IS ML NASHATL dhEEh HPBNEISH mBredinipiReveying a
prograh® SPHRIARHRADIRIN OBL AR ABRY 858 ARV INILHRSNIATG FRMBANE M cessing

) deriving one or more second spectral components from the one or more
informgHes SersasHiBE RIS HE P SHEMAD VEIS FPiNeNs deisRde S Fediranan perception,

the meﬁ%ﬂ%ﬂgﬂﬁﬁepﬂf@&@ﬂh E@@&E&F&&Hﬁ&ﬂ@zﬁ@%&%@ﬁé&&@(&?ﬁ?d in

_asecond 5 SUT)_space of the multidimensional space that differs from the
applicaliep QiBsracty ShitinRg e i tharlivr searbs rmsiy Riedsioptiage
compoksiig tqRdiEsk 3peatAlCAROSLIMS RRFNESOCANFASRRCHHA FRMPANSALS of

and applying an adaptive process to the first spectral components to

a multigimenstensl SERSS APHIRIAB SB6 O KB FisiHB gl sroeRaReRss that
represd@SRABAY SR hiaRsHRpigd-maashes Rhmagnitise PEphesa s & @e one

second aspect of the present invention, there is provided a medium

or mOTE SHeifitiErar PrGFAMPORFHACHHE thi 3 leagcupapliony rae At tse

impulse@EYI R AEHI O RF Qe e8sIH Al MALION IRRESSRHAL: A QUGS SI0NR! or
conveying content intended for human perception, the method

more sgaad TR SOTRARRF RIS TR i P BB ATTBRENTECHNst Nksragdists stepnepents,
wherciappligation abat-analysis fillernanktedhesamicecsignabmiessindh e st

expresgc-%eicnt raalsecond subspace of the multidimensional space that differs from the first
subspace; obtaining estimated measures of magnitude or phase using the first spectral
components and the second spectral components; and applying an adaptive process to the
first spectral components to generate processed information, wherein the adaptive process
is responsive to the estimated measures of magnitude or phase.

In a third aspect of the present invention, there is provided an apparatus for
processing mnformation representing a source signal conveying content intended for human
perception, the apparatus comprising: means for receiving first spectfal components that
were generated by application of an analysis filterbank to the source signal, wherein the
first spectral components represent spectral content of the source signal expressed in a first

subspace of a multidimensional space; means for obtaining one or more first intermediate

components that represent at least some of the first spectral components; means for forming
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in a first subspace of a multidimensjonal space; obtaining one or more
first intermediate components that™ represent at least some of the first
spectral components; forming a combination of the one or more first

a combiigfinediale camnpOReRiS RGN IR R ISATIARRLIRBRAPREPLMAEL 2
impulse responses to obtain one or more second intermediate

POTOR GRS TROTE EMPIECIREPBRSES INOINR CHR P EPER &P puREREs R

compoti@ QNS ANNRERECIMEJASMAcIa R CHIRPAARIS cOMPBIRIN IR 888REhe or
spectral components represent spectral content of the source signal

more sgeRddBEIMTHAR CORP RANPAESF e AriRRIh SFSIBH-A WpaeR-HaFepresent
spectrAIHQIRHADHeHEste SUbanace QBLAIMNO:estimaiesk eagpigs of

magnijtude or phase using the first ?pectral components and the second
4

multidgpesiandlomiss ibats dra HpphiTHMN aubiive: proeas LrPhiainingipstimated
measuSReAIALSHMAORE IR Le aeneaterpipgassad apnion aMhereiR RS spectral

adaptive process is responsive to the estimated measures of magnitude

cOmpORERIHA TACAHIRY ARNELR DR HBER REGRGEHHoRe i Re Pral fesmpgnents 1o

generafPRAKRULS JOR fRHAGESHINGhEHIMA QM FRRECSRIUNG; R SOMIER RIdBFhe estimated
conveying content intended for human perception, the apparatus

measures HHSEY B 4h B8 receiving first spectral components that 30 were

gEmnetaieshbyeanpplicatian otarmanalysisdiltarBaniolethe $eHIBESINRL may be
wherein the firit speyctral comﬂponents represent spectral content of the

better WARSIOQ{ARIT fodhh OHASY IR BLSLRE B 20 fhilti AT RIRE AN S feRings

in whi¢heaRséesektaining:aneref-mearaill stinfammadiatescempapents thalcontents
epresent at least some_ of the first spectral components; means for

of the FajioNHEE 5L UBRHIHANO BT RS HE Bt AREHR A SKAaIF Qifiatand should not
be undeadpaANEREpREEA HiING 00k I83SH BhPRIRNBTIRNEredcmare dmRISe
responses to obtain one or more second intermediate components;
means for deriving one or more second spectral components from the one

or more second iNBRTEHIAE SORPONRDS OMBPRIDWENsEToNnd spectral
ntent of the source signal expressed

ﬁé).mponents represent ﬁ(s ectral ¢ ,

i %‘s%@o%&“l&ﬁ‘ﬁé‘ﬁg%éOB diasr iPEHETBHYET Y55 AL HIRES HERr the
first subspace; means for obtaining estimated measures of magnitude or
phase using the first spectral components and the second spectral
components; and means for applying an adaptive process to the first
spectral components to generate processed information, wherein the
adaptive process is responsive to the estimated 10 measures of
magnitude or phase. The various features of the present invention and its
preferred embodiments may be
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better understood by referring to the following discussion and the
accompanying drawings in which like reference numerals 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 15 be
understood to represent limitations upon the scope of the present
invention. BRIEF DESCRIPTION OF DRAWINGS Fig. 1 is a schematic
bibik dispaehematiedentifiraiznd i secetipigusgditing codipgsysteny
sohgmaticlogk liadiaRbelit FeagIveL HSeR it CONRASYIaMCE BF $isifal

schematic bloek diagram of a device that obtains measures of spectral
compePANb SHEMINER) ADBES AHRALR A K VPRI RSRRHS 08 B gaessfRysntion.

Present inyeshemahiios b dr &scReMEURIsHK: HIRgrRMN Rt baNsIVERb Ak pects
incorporates various aspects 5 of the present invention. Fig. 5 is a

of thepassfRAiRVES diagram of a receiver that incorporates various aspects of

the;present IaNaRHan biies daSratcogriisabi sl atirsRhieaRelissus aspects of
responses that may be usedwith exemplary implementations of the
the prsERERVFRMMEoN. 10 Fig. 9 is a schematic block diagram of a device that

MBhesLS etk toripi@INgnkYaiowso BisRadte ofdhenpes Setiiiventiosed with
MODES FOR CARRYING OUT THE INVENTION A. Introduction. The
exemplary IAAIRBAHGH USRS INERNSES of magnitude or phase to be

otpjped isLp JepenspRdIaticampancats geviesatad hiapbalysid fltanpRakent various
such as the Modified Discrete Cosine Transform (MDCT) mentioned

aspectyf BePEFIGHL IB¥BRERS of the present invention may be used in a number
of applications ingping ROROCGHRREOG@IND THDs INWBENT ibntrate
schematic block diagrams of a transmitter and receiver, respectively, in a
coding system that may incor&oiﬁg?fi%%%“aspects of the present

inyastivesdneatuveasial Hilowusttaied 2 smnaniitelsgnitréceivsiiadso be otained
discussed briefly in the following sectjons. Following this disgussion,, ...
from SRS OB G R S SRS U AR AT A1 NATOHER Rjscret
CosinéaeatefithiesuOSinagdikide @nthpbasespeetdiscussgtbsdnt invention may

Transmitter The transmitter jllustrated in Fig. | applies the analysis filter. .
be usegd?qlg:glw%r 8@@%&?“5 {ncfud?ng audio gn vnp €0 coé]mg. F?g% fan(? & illustrate

schematic block diagrams of a transmitter and receiver, respectively, in a coding system that
may incorporate various aspects of the present invention. Features of the illustrated
transmitter and receiver are discussed briefly in the following sections. Following this
discussion, features of some analysis and synthesis filter banks that are perfinent to
calculating measures of magnitude and phase are discussed.
1. Transmitter

The transmitter illustrated in Fig. 1 applies the analysis filter bank 3 to a source signai
received from the path 1 to generate spectral components that represent the spectral content
of the source signal, applies iﬁe encoder 3 to the spectral components to generate encoded
information, and applies the formatter 8 to the encoded information to generate an output
signal suitable for transmission along the path 9. The output signal may be delivered
immediately to a companion receiver or recorded for subsequent delivery. The analysis filter
bank 3 may be implemented in variety of ways including infinite impuise response (IIR)

filters, finite impulse respbnse (FIR) filters, lattice filters and wavelet transforms.



25 received from the path | to generate spectral components that

represent the spectral content of the source signal, applies the encoder 5

to the spectral components to generate encoded information, and applies

the formatter 8 to the encoded information to generate an output signal

suitable for transmission along the'pgath 9. The output signal may be

delivered immediately to a companion receiver or recorded for

ShbsstHuRibaenvery: nensina s et Y balsreFviiaysse srmsieémented in
implenyiRtsaf W ingliding e Mo use L6sPANSEMURY. TR N8 o 1imited

impulse response (FIR) filters, lattice filters and wavelet transforms. -8-
to thesouaHictl a5 AR BREaERIIRYention are described below with reference to

impigMENAkoRS daseelaigddertheMRGbdnoweyen e BIBSENL impiy any

. _Invention is not limited to these particular implementations. In this
particuiis B Gid etk MERETRE BN ersdaing et ia st aftendal o iplye

inform&bh PAAIGHaE PR EIIOHDAICN RIRGESSIAG: K oh S RIMRI&,E RGNS ssarily
often used to reduce information capacity requirements; however, these

refer RN B Y S NISEIoE el 6 TIPABCE SRATIRCTHETE! E5SATS AP ETBE PRsceisaingsssing

that is JHRANCORE ipRY-RAONN, essstiatyramkybe 0Teracassing (thatisne
desired. In one implementation, encoded information is generated by

Speclrah ARG S PRGTAINEH P OREIY W B Fditlg o aa b re dpmiaMpwaRrIrthe encoder
5 appli@nothepimplementationuths e BrdRY <2 ARRISS PeRIRINGRIARSS IR o

multiple channels_of spectral components to generate a composite

COmPOSnFERERERIP AN S AR IMplemarititivh SBpRctAcepRpaNeRes faretion

of a sighertiendRfarsignal Randwigih are discardediang,anestimatg R e discarded
spectral envelope of the discarded portion is included in the encoded

portion;irstishinNg FARRIAAIHTE 81 ehcdBiRY T Hip brRsritentndipedsdnportant to
the predBivemtion: ga Receiver The receiver illustrated in Fig. 2 applies the

deformatter 23 to an input signal received from the path 21 to obtain

encoded information, applies thé-ddeeffa¥ &5 to the encoded information

Mmebkainepestialcempanentsemasertinghe seecal GaneRt offal received
source signal, and applies the synthesis filter bank 27 to the spectral

. . . p
from the et ordits To gerisr e dnio BLIPET sigmiicalbI g tRedsatks 20 aersaded
informd@PIGR Qe SRUIRE SianaRUIIMEHARLRR A eXaCt FePlIGRLT BE: source

synthesis filter bank 27 may be irgglemented in a variety of ways that are
tati

signal. gshipRGE MA TERFRESIRSTE RtdHtation BetRe drlgas T Falegnsripien
output SisEipAYke; tesmsdlike iHeceder R cdacoding-ate NELinteRJed {@mP act

replica. afr% synthesis filter bank 27 may be implemented in a variety of ways that are
complementary to the implementation of the analysis filter bank 3.

in this disclosure, terms like "decoder” and "decoding” are not intended to imply anv
particular type of information processing. The decoder 25 may perform essentially any type
of processing that 1s needed or desired. In one implementation that is inverse to an encoding
process described above, quantized spectral components are decoded into dequantized
spectral components. In another implementation, multiple channels of spectral components
are synthesized from a composite representation of spectral components. In vet another
implementation, the decoder 25 synthesizes missing portions of a signal bandwidth from
spectral envelope information. No particular type of decoding is important to the present

Invention,
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particular type of information processing. The decoder 25 may perform
essentially any type of processing that is needed or desired. In one
implementation that is inverse to an encoding process described above,.
quantized spectral components are decoded into dequantized spectral
components. In another implementati@n, multiple channels of spectral -
components are synthesized from a composite representation of spectral
components. In yet ahdvhersineplehidagaiionchad®loder 25 synthesizes
migsi .
B e LSRRI, tho nalyss
filter hayinfi@enenai8s. dvowdenaglobieapiftcidatand Phesiealronponents” with real and
imaglﬂlﬂﬁ%ﬁ@‘ﬁ&?ﬂ@y 80 QP RIGGIeIe FOUGEARFIURLORGT kG orm may be
analysis filter bahk 3 generates complex-valued coéfficients or "spectral
expresgeAfshents” with real and imaginary parts that may be expressed in a
two-dimensiopal space. Fhis &rjzra sforg may bg 5 expressed as: / N-i /
Xomggp}/('b)x(@x@)j-bk%gi%ﬂ@k (klﬂwobb ay be separated into real (1)
and imaginary=parts XoD T(k‘SV: Re[XODFT(k)]+ ] hm[XoDrT(k)1 (2) and
. i - +2)(n+no)] 10 n=0 N[ N | (3)
Whmﬁﬁéqlégjgflss?f’ %(%iﬁ?r%ﬁ% )]aﬁtié%égr%}}égﬁ(k) = ODFT coefficient for -
spetial domporang,k; (k # sofite,signhl amplitude at time a; Re[X] = (2)
real part of X; and Im[X] = imaginary part of X. 15 The magnitude and
and reREEE L ach spectral component k may be calculated as follows: r // y f
77 Mag%XonT(k) =tX0oFr(kg5 Re[XoPpt-r(k)]' +im[XoDFT(k)12 (4)
Xoprr k) = x(n)- cosTka + —ZPJI n+ ]

n=0

N n i )
~j . x(n) -sm[—)—v—(k + 5)(’2 + 1y )}

n=0
where Xpprr(k) = ODFT coefficient for spectral component k;
x(n) = source signal amplitude at time n;
RelX] = real part of X and -
Im[X] = imaginary part of X.
The magnitude and phase of each spectral component k& may be calculated as

follows:

Mag[X ODFT (k )] = IX oDET (k) = \/Re[X ODFT (k )]2 + lm[X om:“ (k )]2 | (4)

it ] ®

Phs{X oo ()] = arcmn[ Re[X gy (6)]

where Mag[X] = magnitude of X and

Phs[X] = phase of X.

Many coding applications implement the analysis filter bank 3 by applying the
Modified Discrete Cosine Transform (MDCT) discussed above to overlapping segments of

the source signal that are modulated by an analysis window function. This transform may be

expressed as:

n=0

X vper U) = fx(n) . cos[%:é(k + —;—}(n +1, )] | | (6)
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Phs[X ODf (k)] = arctanl I m[X oDfl (k)]] (5) [.Re[XODFT (k)] where
Mag[X] = magnitude off, and 20 Phs[X] = phase ofX. Many coding 3
applications implement the analysis filter bank 3 by applying the .MOdIerd
Discrete Cosine Transform (MDCT) discussed above to overlappmg_
segments of the source signal that afe modulated by an analysis window
function. This transform may be expressed as: ( 25 XMDCT (k) = EN-1

where X8 N-"MISCD (5EERLE) P s'lp%z;e@m%@{héé@ékt%&@f)uwggJ <Eoeficient

for spectral component Ic. It may be seen e spectral components

spectraf pomponsaltdhaer pgarE MBS by bR Gl akerravivatene & Perrodlthart of the
ODFT defkieqefficients. 77 X MDCT (k) = Re[XODF. (k)] (7) 5 A particular

Modified Discrete Sineg Transform (MDST) that generates coefficients

réim’ecg iﬁ&&ml@gmponents in quadrature with the spectral N

efficients of CT may be expressed
e S e TR R eTctents

represefiing Ipeen cemprateseitrat sbatperwith tbe [$prctyabecsapmithas toprekbnted by

ivalent to
fi . thatare _ted by the_ MDST are equiva
€0 ﬁcﬁfﬁn‘ﬁ%&%@@%ﬁ%ﬁry ;?ﬁ) oeg %&:{ DFT coefficients. X MOST (k) = -

Itm[XOD), r(ké @iic urate res pf magpitude and phase cannot be

calcula edfftﬂTr']{ tly 4 ’Fﬁ’ﬁi{nﬁt‘i‘ A8 gf’ﬁ" sﬂS’MY hey can be calculated (8)
directly from a combination of MDCT and MDST 15 coefficients, which

where  XanspdlsedARY S obsffioting fogsatond Foammteinth &quayionsdeantabihe

spectral components that are generated by the MDST are equivalent to the negative
imaginary part of the ODFT coefficients,
X st (k) =~Im [X ODFT (k )] 9)
Accurate measures of magnitude and phase cannot be calculated directly frorn MDCT
coefficients but they can be calculated directly from a combination of MDCT and MDST

coefficients, which can be seen by substituting equations 7 and 9 into equations 4 and 5
Mag[X ODFT (k )} = \/X f-mcr (k ) +X :!DST (k ) (10)

=X ypsr (k)} .
— s (1)
XMDCT(k)

The Princen paper mentioned above indicates that a correct use of the MDCT requires

Phs[X .0 (k)] = arctan[

the application of an analysis window function that satisfies certain design criteria. The
expressions of transform equations in this section of the disclosure omit an explicit reference
to any analysis window function, which implies a rectangular analysis window function that
does not satisfy these criteria, This does not affect the validity of expressions 10 and 11.

Implementations of the present invention described below obtain measures of spectral
component magnitude and phase from MDCT coefficients and from MDST coefficients
derived from the MDCT coefficients. These implementations are described below following a
discussion of the underlying mathematical basis.

~ B. Derivation of Mathematical Framework

This section discusses the derivation of an analytical expression for calculating exact

MDST coefficients from MDCT coefficients. This expression is shown below in equations

41a and 41b. The derivations of simpler analytical expressions for two specific window
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77 2 2 Mag[XoDFr(k)] = Xeencr(k)+XnrDSr(k) (10) (k)]=arctanl

_XMDST(K)1 (11) Phs[XODFT L XMDCr(k) The Princen paper

mentioned above indicates that a correct use of the MDCT requires the

application of an analysis window function that satisfies certain design

criteria. The 20 expressions of transfolin-equations in this section of the

disclosure omit an explicit reference  to any analysis window function,
functighishigradtie diacrssednforgideralisis ohnfeclitahutiplenritations Mstwasened

follolEseaiitRta: I dasgartaffeet the validity of expressions 10 and 11.

Implementations of the present invention described below obtain
medsuiewsmapuetion wokpbreseftriagalioadispeyiddad ayo i dpe from a
proc&Raticiants and R MASITCRIfiRRNS ZedenpeariQEHBRMD Silis process is

_coefficients. These implementations are described below following a
equiviikenideianosiahar arrse i grikies smicar oitodifieddlawstp frefine Transform

(aMidatiemaical Rramenerts HisiecotiRDascuRTnsithes deieabianolallowed
analytical expression for calculating exact MDST coefficients from MDCT

segmeBETRdibEne: domaigssralssrricdnpwAde dhw indaiiptivnmn gt sabsamgles to

recorfshict REHREY FHANS R AIAPIBL ARG SUPIBSRIANS WP SRAGHIS filter bank
window it functions are also discussed. Considerations for practical

to a seapleH O thsdRsoN R sleslda s aMiRedsysHiGHME derivations.

One implementation of fespigaanRyIWaRLRN istuased below is derived
from a process for calculating exaet MDST coefficients from MDCT

cobtiSENMD Shro pfiisals achfvalshiats ListharHiglecsemer! fptindowed

sampheét iRMEIseeMRraitad Pigsisia CosinebansiatnedMide D sknibasimplkeblock of
batik to_blocks of MDCT coefficients to generate windowed se merﬁbs]ééfon and

MDGihoefSirigshermies ik srapeabiimndaltsa duan eeywsnrsnfey

becati9e (REQBSIKLEEALARPRA ebinaPAGIDAHNHGHisigNaITAB@aRPIED BT ceefficients

MDST analysis filter bank_ to a segment of the recovered signal to
can b@eﬁ?@?ﬁt&%@%‘l‘%@ﬂ?&’é‘%ﬁgf WA Aty MW Rtk GH TR ok the

preceNiRSIndariicign¢acranaibe EM@M@FMIQ siRglRIaagMheniegents overlap
one apioved, sapuples et e ccovered 24 AR M MRET DGR domai
aliasing for a given segment II can be canceled by applying the synthesis filter bank and
associated synthesis window function to three blocks of MDCT coefficients representing
three consecutive overlapping segments of the source signal, denoted as segment [,
segment II and segment I1I. Each segment overlaps an adjacent segment by an amount equal
to one-half of the segment length. Windowing effects and time-domain aliasing in the first
half of segment 11 are canceled by an overlap-add with the second half of segment I, and
these effects in the second half of segment II are canceled by an overlap-add with the first
half of segment I11. ‘

The expression that calculates MDST coefficients from MDCT coefficients depends
on the number of segments of the source signal, the overlap structure and length of these
segments, and the choice of the analysis and synthesis window functions. None of these
features are important in"principle to the present invention. For ease of illustration, hoWéV_'ér,
it is assumed in the examples discussed below that the three segments have the same length
N, which is even, and overlap one another by an amount equal to one-half the segment length,
that the analysis and synthesis window functions are identical to one another, that the same

window functions are applied to all segments of the source signal, and that the window



MDCT coefficients because the segment is modulated by an analysis
window function and because the recovered samples contain
time-domain aliasing. The exact MDST coefficients 15 can be computed
only with the additional knowledge of the MDCT coefficients for the
preceding and subsequent segmentsz For example, in the case where the
segments overlap one another by one-half the segment length, the
functi@fﬁ@;‘@suﬁhﬁhﬂvglg)&a?mdgﬂﬂﬁﬁ@?@%aﬁfﬂsigg INSGHEERERC Withoh i
. car ele applying the synthesis filter bank and associate
reaie e el Ob e B B s baisrncen paper
representing 20/three consecutivé ovgrlagping segments of the source
sig@l, b bgféaz_ s Sdgmeriff, & r?ve‘jt“l’%nd segment lll. Each segment
overlaps an adjacent segment by an amount equal to one-half of the
where guieapyRsand/mydbwing weifdols Amdtiimeaddmain aliasing in the first
5 h@i@é@g@&&%&;&g?%@ﬁ& Y, & overlap-add with the second half of
segment 1, and these effects in the second half of segment Il are
cHicMEBycantGoisntn-Edbnitie soerfiestigas! hailf)oh sagnefthd kégbRts i may
be expR¥REgasion that calculates MDST coefficients from MDCT coefficients
depends on the number of segments of the source signal, the overlap
structure arittgngth of these gegments, and the choice of the analysis
SH#syrthe dowl(furresidns.(Mene Xihthese)features are importantin - (12)
-.principle to #& present invention. For ease of illustration, however, 30 it is
,assymed i ih¢ examples discusseslbelow that the three segments have
XpwtPdari lepgitt M) Rich i@ 9ep(n overdép b Bnother by an amount (13)
equal to on&=talf the segment length, that'the analysis and synthesis
. wigstow fun’gns are identical to gne another, that the same window
AThilBhiofs arg appliekrts d’rl@é@ﬁﬁéq@s(ﬂf—khg)éou#o&é)gnal, and thatthe (14
window -122Flnctions are such that their 6verlap-add properties satisfy
ﬁolnstructio of the

e ollewingdceitesig ich.is (Eequir rfect 1 ‘
source sigﬂ%ﬁg%qugi\%@(% ?rﬁ kfégP%n?gr%f %Eg%)eebr{aw r(;e EARABRLFapn of the

IMDCT, gypthesinfiter etk @ @heh et MRCF b sisainchay feratjoaisadds
N= length of each,squrce signal segment. The MDCT coefficients X, for

%ﬂﬁ‘ﬁou—gce%%ﬂl E)ir} ﬁﬁ% é{f—%ﬂ??psﬁ%?ﬁ‘n$§j; g}f\y be expressed as: (15)

iy et
N1
. 2uw(r . 2 1 \
t) = 2005 Xyt con 22+ Dyt 4+no)) (1)
p=0 -
. 2u{r) plste . X 27 1
trp(r) = N2 Krrr(p) cos( = (v + 3)(r + 7o) an
B= .
10 Samples s(r) of the source signal for segment I1 are reconstructed by overlapping

and adding the three windowed segments as described above, thereby removing the time-

domain aliasing from the source signal x. This may be expressed as:

o(r) = {-‘f:(r+ Myrign for refn,X_1] "

if}(‘l")-v{* ii-‘I;I('i"— %{) for r & [%{,N—lj

A block of MDST coefficients S(k) may be calculated for segrf;ent If by applying an
MDST analysis filter bank to the time-domain samples in the reconstructed segment 11, which

I5  may be expressed as:



1(p) u (n)x(n)cos(_V (p + (n+no)) (12) n=o N-I X1t(P) _ 'w(n)a(n +
)cos(IV(P + _.)(n + no)) (I3) N-I 27r Xtt1(P) _ w('n)x('n+N)cos( (P+
)(n+no))' (14) )=~ The windowed time-domain samples that are obtained
from an application of the IMDCT synthesis filter bank to each block of
MDCT coefficients may be expreésle’d'as xt(a) 2Nry) E1Zt(P)cos(
(P+)('r+no)) (15) P=D 2ti(r) N-I 2rr 1 x1t('r) = N Xrr(P) Cos (V (p+}(a P
aao.)) (16) P=D 2 A-i2rr 111 @x=N YXttt(P)cos N(P+~)(r+no)) (17)
P=0 10 Saﬁﬁiéﬂmﬁ%%ﬁ?& s&gr%ﬁog s&gmant 11 are (19)
reconstructed by o¥erlapping and adding the three windowed segments
as described above, thereby removing the time- domain aliasing from the
CSEESGHAION. IFHi THRT BE S iprade ARESAN 1973 YrswI(gas r E
[0°r - 1] 18 x11(r)+rrif(r- )for rE [z N-1] () A block of MDST coefficients

) may R f_Qr gment Il y.appiying D alysis filter
Sié k to th m %gi(firrff ples L[ %r]e QHstr @(j\@ gmg II, which
15 may bé e xpressed as: 1 3-2 S(k) —t+(r}s (r}sw( (T+-4-0)(19) 'NT

2r=0 Usmggpre[s%lxﬂim)t_{q SHI |tutef‘f’ )(S?ezx&res@?fn 1_g caﬂ be (20

rewritten das:

7—:-.._

This equation can be rewritten in terms of the MDCT coefficients by using expressions 15-17

to substitute for the time-domain samples:
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The remainder of this section of the disclosure shows how this equation can be simplified as
shown below in equations 41a and 41b,
Using the trigonometric identity sin o+ cos B =% [sin(o+f) + sin(o~B)] to gather

terms and switching the order of summation, expression 21 can be rewritten as



8(K) = w(n[5T(r+ 2)+irr(r)]sinN(k+ 2)(r+na)) r=D + ~'(r)liir(r)+iirr(r- 2T)]t(Iv
(k+2)(r+no)) (20) r=a This equation can be rewritten in terms of the MDQT
coefficients by using expressions 15-17 to substitute for the time-domain
samples: S(k) w(r) 2w(r+A~)N 1 2 ~Xt (P)cos(N (p+ 2 )AT (r+ 2 +nol)~
sin( (k+2)(r+no )) P-o d-~ 2w(r) ~"-~141 (17-(k + w(r) Xn (P)ocs(h -
(P+2)(r+no ))J sul +2)(r+no)) ,=0 P-p N-l1 ~2w(r) N-1 Ew(r) N 1Xn(P)
cos NQQ_‘E)(I’+hO%):ISin(N (2:+2)(r+no)) N-1 N-1 + N,(r) ~2N(r 2)7Xm

S{k) P) P‘TR)H +r1=?Tm- ,jnj(tﬁlﬁl)(rmo)) (21) N 2.P,o The remamt_zlgr of

" thisXettion of the disclosure Ehows how this equation can be simplified as

shown below in“équat' ns 41§ and 41b. Using the trigonometric identit

sin a, cos 3 ='/ [sin{a{{30h-1 Sha- @) 10t @he_i)@empp@y@cﬂ] e
order of summation, ressién 21 can b¥ rewrftten as 14 ¥ N-i'N 3( =
N Xi(P)-t, 'u.{rl“"g 21 P=o0 fFor(2x sin (k + 1)(r+no) + 2a (p + 1)(r + nil)
+ 27@3@ Y1(R) pNwffr + 7)-

p=0 r=0
E
¥

- 2w

27 1 ) 1 i N
sin |35 64 30+ n0) - 2t Dot ) - 2o )

Fi

N-i
-+ l—i‘l{* ;} Xi{p) Z w{rjw(r)sin [%\Iﬂf (E+p+Dr+ Hn)}

r=0

TR (2
b X)X el 5~ i+ )
) p=0 r=0 L
§ N V-1 ' o
b Xale) Y wulrsin| 55054 4 )
p=0 I*z% -
1 Nt N-1 r,-)ﬁ.
b 2 Xl Y w556+
p=0 7 -

s
T

N-1

N
Y w(ryu(r - 7

n
?‘=?

;N
+ 5 Y Xunlp)
p=0

fow, 1 2w, 1 w1 N,
sin [3;;(% b+ o+ 5+ o) - T+ 5)(5)]

i N-3 M-1 N
+ 5 2 Xuly) }_; wlrjulr - =)

p=0

Gl L%, 1 2 1N
sin [ﬁ_(mi)(r:wg)ﬂ—g-(p+§)('r+nn)+£(p+§)(§)} (22)

This expression can be simplified by combining pairs of terms that are equal to each
other. The first and second terms are equal to each other. The third and fourth terms are equal
to each other. The fifth and sixth terms are equal to each other and the seventh and eighth
terms are equal to each other. The equality between the third and fourth terms, for example,

may be shown by proving the following lemma:



10

IN-r=-1N,+ntL, Xt(P) winW(r+2 P=Dr=02,.127,12ul1lN sun V(k
F)(r I no)- (P-+ -2)(r+no)- (P+)(2 N-1~ -1 + E Xtt(P) Iw(r)w(r)sin | N
(k+P+D{r+no)l P=o=0L 11 Nr-1-i+z 2T JEXtt(P))7
u-(Nw(r)sn{N(k.-P)(r+no)J P=D r=o0 M +): X11(p) uw(r)w(r)Sill
~N(k+P+1)(r+no P=0 1 N-1N-11 % )?tr(P) > w(r)w(-)sin I N (k-P)(r+no)]
P=QA + Xttt(P) >u(n)w(r--). P=or=.2w 1l _271ltar1N,
sulsNks)(r+llo)+Z6H)(r+no)- N(P+2)(q 1 N-iN-1 L N + E Xnr(P)
wﬁp@zmm@wm%i murekmxrmomgnea+(~+)o (22)
This expsession caagbe simplified By tombining pairs of tdens that are
equal to each,other, Thenﬁrgt and second terms are equal to each other.

The third a]noxﬂih 116 erggﬁ il{)tgjﬁiéw gpifﬁﬂ)}ﬂ”d sixth (23)

terms are qu to eac thé seveit ghth

This lemma may be proven by rewriting the left-hand and right-hand sides of equation

23 as functions of p as follows:

1 = o ' 1 Nzt
}j Sir(p) 3wl )i FEapteam] = $YFE o
P= p=D
= . 2 ] 1~
7 ;;; X;1(p) ; wirju(r) sin [N (k—p)(r 4-‘??0)” = W ;} Gp) - (24b)
where
L -
2
F(p) =X, (p)z w(r)w(r)sin %(k +p+ l)(r + 1, )} (25a)
r=l} .
-——1 "
2
6(p)= %, ()l sin] 2= ) )| @sv
r=0 L
The expression of G as a function of (p) can be rewritten as a funciion of (N - 1 - p} as
follows:
S
GIN-1-p) = \n(N 1-p) Z (rYw(r)sin {w(h (N —1—p)}r+ no)| (26)
r={

It is known that MDCT coefficients are odd symmmetric; therefore,
Xy(N—-1-p) = ~-Xy(p) for pe [0,%{ - I]. By rewriting (/-(N-1-p)) as (k+1+p)-N, it may be

seen that (Jf-(N-1-p))+ (rtng) = (k+14p)- (rtme) -N- (r+np). These two equalities allow

expression 26 to be rewritten as:

]

w2z

-1

GIN-1-p) = —Xrrp) wiryw{r)sin [%% (k + p+ 1) (r + np) ~ 2u(r 4 no) @27)

r={



terms are equal to each other. The equality between the third and fourth
terms, for example, 5 may be shown by proving the following lemma: 15-
1 N-1Z-1rr11 Xrr(p) w(r)w(r) sin [u++ 1)(r +no) N 1= P=0r=0 R~-1 -1
1ZT 1 'Y11(p) E 'w(rin;(r)sui |, (~ -p)(r+no)l (23) P=D r=0L JJ 'I_'hls
lemma may be proven by rewriting.the _left-hand and right-hanc_i sides of
equation 23 as functions ofp as follows: N-1 " _iXrr > w(r)w(rsin [?(k

Referrﬂﬁglc)(ﬂﬁQ)imo‘éfpﬁs@é&a}h@leué fandng L W)@ﬁw]ﬂﬁiﬁmm)wa between two
sin . G(P) (24b). P=D r=o0 P=D where N_Trr F(p) =

integers. &%ec i §ﬁn(wjrcge_§, iiean g Sﬁe@gg)t theNinabterm 2a(r + ng) m the summand
of exprExpym 2. 7(13) sy(RvE)einbad knpger RodidRR )Y %hﬁl@é?l}?éségiﬁr%s%@%?can be

function of (p) can be rewritten as a function of (N- | -p) as follows: T 27,
rewr ‘tt@(ﬁ 1-p) = Xrr(N-1-p) w(r)w(r)sin[(k_ (N-i -v))(+ no) | (26) r=0 It is known

that MDCT coefficients are agdd,symmetric; therefore, X1I(N-1 p) = X"(p)

dprp-e10. 25 10 Byrew, mgg‘j ) m{*ﬁ*ﬁ)‘wm‘mw 28)

= F(p)
5 which proves the lemma shown in equation 23. The equality between the other pairs of terms
in equation 22 can be shown in a similar manner.
By omiiting the first, third, fifth and seventh terms in expression 22 and doubling the
second, fourth, sixth and eighth terms, equation 22 can be rewritten as follows after

simplifying the second and eighth terms:

N—-l

it P’

= ¥ Z]L;{p Z r)u(r+—}3111 [—m(k p)(r +mnp) — wp— % ‘

N-: -‘23 1 R

W Z Crr(p Z w(rjuw(risin }\;(L — pi(r 4 ng)
p=0 =0 -
A1 FAURSS | e -

i Z Xrr(p) Z w(rhe(r)sin N(k-—;p)(-r-{—-n[,)
pe=0 ;w___ 3 uJ
o N=1

N Z Xr11(p) Z wlrjw(r —)sm [ ;f (k= p){r +no) +7p + %} (29) -

i—m

10 Using the following identities:

sinfetap) = (~1)fsina
. "

sin (e -2—) = 4eosa (30)
, w

sin(a: ~ 5) = —cose

expression 29 can be rewritten as:



10 seen that (k-(N-1 p)) (r+no) (k+l +p) - (r+no) -N (r+no). These two
equalities allow expression 26 to be rewritten as: G(N-1-p) = -Xrr(p)
w(rw(r)Sill [++ 1)(r+no)-2zr(r+no)] (27) r=o -16- Referring to the Princen
paper, the value for no is %2 (N/2 + 1), which is mid-way between two
integers. Because r is an integer, it carf be seen that the final term 2n(r +
no) in the summand of expression 27 is equal to an odd integer multiple

of n; therefgres-.expression 27 cgn-be rewritten RS G( % Tp) +Xrr(p)
sm:»wee)sn%k DL £36) =a:0duFip)S-yhick the)le mma)]
shown in on 23. The equalty between the*other Qs of terms in
equation 22 can,be shows i a similar manner. By omitting the first, third,

e’»?/
st shl 01y t?r"l‘?””;;t.ﬁ?gf}fé’bﬁwrﬂﬂn bR, o

simplifying thQ second a |ghth terms: 2 nr-i.14', 2r 7r S(k) _ Y: Jit(p)
W(r)w(rt )sﬁ[ r

A Do e T S e T

(k-h)(r I no)~ “1‘5 Rr | N fN“"er lz +N> Xrtt(P) E 'w(r)wfr - 2) sin 1V (k -

p)(r + no) -4 42 2 i- (29) -- p-G
+ iz i(“lip: Xirr(p) i (riw(r — —)CDS [—“(k P)(F-F“o}j (313

p=0 =4

The inner summations of the third and fourth terms are chahged so that their limits of
summation are from =0 to = (N/2 - 1) by making the following substitutions:

. ( 27
s

: . N, 27
(ke — p}(r 4 no + #_}) = (—1k~ P sin (I;U» -p)r+ nu))
, , ‘
cm( v(k p:(r+no+—-1)

i

(~ 1}&—? cos (2.—“:; (k — p)(r+ nu))

This allows equation 31 to be rewritten as

9 Nl
_&, Z ( 1-1+1 Y

" Mu]:‘

wlryw(r + ) cos [_,:;(k‘ —p)(r+ 'na)]

g1

+ N Z Xulp) Z w{r)w(r)sin [%(’v P‘("‘E‘“ﬂ)}

-1

=

* NrZ[ ~1)te ’v?m(P)
=0

NM'

mf‘i)w('r#;f-xm |5t nhtr )

g ! i

+ W 1)f P Xy p)z E)u( ") cos [i(k p)(r-l-na)] (32)

p:ﬁ rzh)

Equation 32 can be simplified by using the restriction imposed on the window
function mentioned above that is required for perfect reconstruction of the source signal. This

restriction is w(r)? + w{r + mg,)z =1. With this restriction, equation 31 can be simplified to



10 Using the following identities: sin(crtrp) _ (-1)pshaa sin(a, -I- ~) _
+cosce (30) sink -it-) =-Cosa 2 expression 29 can be rewritten as: -17-
2N-1alN2rSk)=7(1P+111(P) E'w(r)'w(r'+ 2 )cos[ck_P)(r + no)]
P=0,=01 M-1M-1+ IV E la-T(p) > w(r)w(r)sal [Lck_r)(r+no)] 2 N-1 N-1 2
r+ N. E. Xit(P) E w(r)w()-)sal IN +.n@] 2 N-1 N-1 N 2rr )cos (k-p)(r+no)
(31) + 13 F(-1)’Xm(P) E w(r)w(r-i] P=0 1 The inner summations of the

~  third and fouithhteens are changed so that their limits of summation are

S{rgm £= {P@l@)&t} hg@?ﬂ#l hefqlp ;} substitutions: 2 T4 --P 2;

r sing (k- F”‘)(rtnp sin (k._7p") (r+,no0) /21 CCFE )(r-ffIN 2)~_ (-1)r "cos
2x - p (k-P)(r+nqy _This allows equation 31 to be rewritten asr 1| S(k) =

21 (-1)P}LX1(p) %2 0¥ L (cpYrno) P=0>=D | I N-1,-1N+1
Xll(P)FW(r)W(is:W é&“ﬁés Pty cusf (k= p)(r +”D’jt

N 1

DY paz wsin |tk =)o+ )|

£_.3

2 gl .
mZ (1P Xy () 3 (1 w?r))sin [ l
N p=D ' £

-—-D

!
N

(k=p)etng)] O

Gathering terms, equation 33 can be rewritten as

S(k) = % > [(*1)1’+1XI(P)+(“Dkxfff(p)} '

p=0
L |

> wlryu(r + —};-) cos [2—; (k—p)(r+ nu)]

=0

2 N -1
+ K}:E Xr1(p) — (- 1) (kP 111(}3)} Z zfr)sm{ (& — p}(r_i.no)]
N— i
+ 7 g D=2 X1, (p) Z sin {———(A pir +nﬂ)J (34)

Equation 34 can be simplified by recognizing the inner summation of the third term is
equal to zero. This can be shown by proving two lemmas. One lemma postulates the

following equality:

+

F-1 '
. =, [ 2rge W sin o
Ia, [r) == sin (——— r-:{.a)) == gi il L R B St (35)
d ’z_zﬂ N @ta)=sin| = +5 -5 )4 Ex

This equality may be proven by rewriting the summand into exponential form,

rearranging, simplifying and combining terms as follows:



P=Dr=DJJ Ar_1~-1+1,r(-1)(A-P)X11(p) F w(r+2)w(r+ 2 )sin {(k-)(r+
no)] P=D N-1 -1 +i-1)P(-1)(, X1(P) w(i+ )w+ (-1)(, X1(p) U'(‘+
Mr)cos[4(k_xr+no)] (32) Equation 32scan be simplified by using the
restriction imposed on the window 5 function mentioned above that is
required for perfect reconstruction of the source signal. This restriction is
w(r)2 + w(r, + 2 ) 2 =1. With this restriction, equation 31 can be simplified

to,-1 (k @z’t);P+ar +( 1}t rur(jdrP=0 w(r)w(r+cos
{(l£ 3] +r|§f2rl %Pirr( x)s ’l L §+]{no %ﬂ}/ D,=D N-a4

(1¥r-), ap(p)~~ (1 z~ (r}) X: ((~ -p)(r P- no)j (33) Dr DLJ
Gathering tér n{be réwgitten as 2 ~-' S(k) =

[(- 1)P+a1r(:p,)+}( zrrv()] %D (r)w(r 2) cos {R- vxr+no)] r=D ti-1|
-21+27c N (- 1)(k P)rr(Pﬁ L{+2(rﬁsxn (;ti-P)(r + no)J P=D

ZCX wagr

Zmg N
1 [ .Zan} I_SXP(+J N 0)
=—gxp| +J

2i N 1-~exp(+; ’Tq))
| —Zmex _ e Ny ]
1 Eftqa\ p .] N 2
59 Ty -~
2i N 1—exp(—j:-fvﬁ)
_1 N 27ga SXP(+J£2q—) exp(-—j%"'—')—exp(ﬂ "'29’)
S+ o p — |-
- CXPl+) 5 L<~>Xp =5t | -expl )
1 ( ,Ezqa\ 53{}3(——]'%‘7) 6Xp(+jﬁ2q)mexp<mj%{)
T8RP T J ‘
S el ool e )
2 sin &4
= Zexp| 4090, ;9 74 5 6
) N 2 N sinigffi 36
! sin =L
”’Te}“p("j 29 _ ;74 2
2 N 2 stm g

: N sin 24
I, (r)=sin 2rga 7mq mq ST
N 2 N Sin%{—

N

A

z Vo, A
The other lemma postulates Z sin{% (k—p)r+n, ﬂ =0 for n,= }i{m’g{ -+ lJ :
r={ . ‘

This may be proven by substituting ng for a in expression 35 to obtain the following:



+>(_1)(k P1,r(p) sin{ck - p)(r'-1-no)I (34) P=o r=0JJ Equation 34 can be
simplified by recognizing the inner summation of the third term is equal to
zero. This can be shown by proving two lemmas. One lemma postulates
the following equality: tar 2arga >eq 7eg sin ;Q la,s(r) _ sin (4)(r + a) =sun
N +2 N 1sin(35) 12 5 This equalityaay be proven by rewriting the
summand into exponential form, rearranging, simplifying and combining
terms as follows: 19 la,q~r~=~, 1 ~eXp +j 2nq ~r+a}~-expl-j 2~tg
~~.+a~~~ r=D2i~ (N N | 2rega 2rrgr =2i exp+j N ~exp~+j N -0 "l 2i exp-j
exp (#j2rr 2i N I-eXp(# eN
S e e H%%X o a6 ol
z) exp(-j z)- exp(+j z =-exp(+] 9 2i N exp +j N) exp(-] N)-expl+j N 1 expl |
This rgazglgpypégtﬁp @W}WWZHQ for @ inexpression 35 to obtain the following:

2rg(~5— in =X
Ipalr) = $n<migLiL> 2T

N T2 NJsmZi
. {7 N g wgysin IR
= gin| —{— 2 re
(N{E H )+ N)sm—g
. xg
=mlﬂ+ﬁiﬁ_ﬂ8%m
2 N 2 N/snF
sin
= sin{wg} n g =0 for g, an integer. (37)

By substituting (k- p) for ¢ inexpression 35 and vsing the preceding two lemmas, the

inner summation of the third term in equation 34 may be shown to equal zero as follows:



2iNexpjN)exp (+jN)-exp (IN~ I12rga)rqrqgsin z 2i exp+> N +y 2
N Rqg-C36) sinNI2'garrqg+7qgsin;s exp2iN2JN)sin N ~2rrga nq
7g~sin~ la,gl7~=sin +_-- N 2 N sin rv The other lemma postulates sin
2!(k-pXr+no)I=0 for no-1 +I -N J 22 This maybe proven by substituting no
for a in expression 35 to obtain the fgllowing: 19a T The other lemma
postulates | sinL N (k - pXr + no~I =0forno=2+1j. This may be
proyen by substltutlng RO for a in expression 35 to obtain the following:
g =sip AT T.2 INI sin ri g fVyrgM si
Ns\f%f qi’}'%fﬁlc) (E E (f‘j *2’15)\ SifPT st ( IECM T)@r a,
an integer. (37) rv By SUbsti uting (k - p) for g'in expressmn and sing

thisipeeuslpapality | eamatam SMeniner somlifiibto didifel wihterm in
equatlon 34ﬂ1qy be shown to equal zero as follows: -20-

= }: [ ~1¥H X7 (p) + (—Uklmfp)} :

.||2
|

i
T

. N, ;
wiriw(r + 5 ) cos [%—;(L —p)r -+ ﬂg}]

ol

o

ez

N—

|_

¥

[[1,, (—1)5=2) X_r;[p)] Z ‘wz(-r)sin[?v{lu p)(r+ng}} (38)

r=0

a!w

p=0

The MDST coefficients S(k) of a real-valued signal are symmetric according to the

expression S(k)=S(N-1-k), for ke [O, N - 1]. Using this property, ali even numbered
5 coefficients can be expressed as SQ2v) =SV - 1 - 2v) = S(N - 20D+ D), for ve [0,—]}{ -~ 1] .
2

Because NV and 2(v+1) are both even numbers, the quantity (N - 2(v+1} + 1) is an odd
-number. From this, it can be seen the even numbered coefficients can be expressed in terms

of the odd numbezed coefﬁments Using this property of the coefficients, equation 38 can be

rewritten as follows:

N1
- 2 mdl v - N
CS@n) = 5 D=1 Xi(p) + X (p)] -
p=0
= N, 2
E w(rw{r+ —)cos {—f—(?u —p)r+ nu)}
ot 2 N ‘
g N=1 R
+ ;ﬂ [(1 — (—=17")X11(p) ] Z w msm[ (2v—p3(r+no>]
N —
where k& = 2,10 € [0, E e 1} (39)
10 The second term in this equation is equal to zero for all even values of p. The second

term needs to be evaluated only for odd values of p.orfor p=2I+1forle [O,—A—I - l] .
2



N Esin[Ng(r+no)J=Zsin[N(k-p)(r+no)~=0 for no=2C2+11. r=0 Using this
equality, equation 34 may be simplified to the following: 2 N-1 1 S(k) _
[(i?X1(11) + (-1)kXui(p)d ' P=D -~, -1 N w(r)w(r-{ 2 )cos [(k_r)(+no)J 2
N-111+N(~1_(1)kPi~t1(12)I L wz(r)shl CJ 7V (k-p)(r+no) (38) P=0
L JJJJ r=0 J The MDST coefficients"S(k) of a real-valued signal are
symmetric accordlng to the expression S(k) = S(N - 1 - k), for k e [0, N-1].
Hj%gzthls pr@p 5’1 numbered Il 5 coefficients can be expressed
2v) = SfN Q/ )Eﬂ{bﬁ[?f?}r ve (0,-1J . Because N and
2(v+l) are both &én numbers the quantity (N- 2(v+1) + 1) is an ( odd
number. From this, it 8arf be seen theyeven mrumbered coefficienis can be
expressed in terms o@euc(dbiu'(m edm{egcﬁmg.ﬁeingml}lproperty
Wr

of the coefficients, equation 38 can bé re n as follows: N-1%7 SIP)

((-1)'+1X1 (%?X-nll(p)\l P=D {rwr cos - r [(2v p)(+no)l r=D N-1 3
12 f (L4 ( (R, (2120 T SisP {2 Ff DLVRTE Ky 2%, F
Z-11(39) g seégnd ter this equne}t OfY | |g”equm£??o$z§ro fzoJFLaIP}
even values of p. The second
where i € [D T~ 1} (40)

Equation 40 can be rewritten as a summation of two modified convolution operations
of two functions hym and Ay with two sets of intermediate spectral components niyy; and
my that are derived from the MDCT coefficients X7, Xy and XIII for three segments of the
source signal as follows:

N1
2 '«
S@r) = N Z my rrr(pihr (2w — p)

_.. 1 K
+ N z my (20 + Dhir(20 — (204 1)) , where (41a)

‘mI.HI(T) = [(~1 ?Tﬂxlff) + Xirr{7)]
mrr(r) = Xgr(7)

£
hiarr(r) = ; wriw(r + "}"‘;‘?“)cns [%(T)fl‘% nn)}s
- s ~
ﬁ}[("f‘) = Z -w?-'(r)sin [“‘,\‘}f‘(r}(r +““B):i \
= .

- N
Ve [U, - 1},

S@u+1) = S(N-2(1+w)) (41b)

The results of the modified convolution operations depend on the properties of the
functions Az and hy, which are impulse responses of hypothetical filters that are related to
the combined effects of the IMDCT synthesis filter bank, the subsequent MDST analysis
filter bank, and the analysis and synthesis window functions The modified convolutions need

to be evaluated only for even integers,



10

15

20

- term needs to be evaluated only for odd values of p, or for p = 21 + | for
le[oii-1J.-21- 2 N-1 S(2v) = N [(-1)p+1X1(P) + Iut(e)]. P=D 'ti(r)w(r 4
cost (2v-P)(r+no), -1 g-1L7,-+4 -NY: X11(21+1)w'(r)sin~ '
2v-(21-}-1))(r+no)J t=D a=(r) J where v C 10, -2 - 11 (40) Equat_lon 40 can
be rewritten as a summation of two_medified convolutl_on operations of
two functions h1,11, and hip with two sets of intermediate spectral

amagio § SEEVRHTEOD BN Ron] SRS
C 1, xﬁﬁ%{i %ﬁ%&ﬁgﬂgﬂsgf%e%%ﬂof t?r?e sou?cee&genafgas fo (? iat

(N7 Reegfod} Rdehelids iy, V:Sqo;ym@wmmmqs mﬁﬂibm(b)bilted in
practiél UigitRnhpiin MABER 44 @h il M{Sﬁh Eﬁ%ﬂ@e&d@{ %g&lr'””(r)

=X11(r) T 12 L hr,trr(r)_ "tL (r)w(r-{-)cos r=(r
represffatipyie! 1%Wm%§mgmw i f(mar)d@ghémuhs oitineemoglifipeities

of the bopubietiesponekatiensd Wﬁ%@@iﬁﬁ&?%&%ﬁ%%lﬂ ﬂ]%ﬁgediajte $pectral
componr%g hgplf'ﬁ‘ﬁh&ﬁﬁ' ?nrﬁ I:Qa%uésseo rbeesg;s?pqgretgdolnhgrg?:g?cea??;Lieiigittaizc}naswleo reduce
compuiational complexity.

The impulse responses Ay (1) and 1(7) may be calculated from the summations
shown above; however, it may be possible to simplify these calculations by deriving simpler
analytical expressions for the impulse respohses. Because the impulse responses depend on
the window function w(), the derivation of simpler analytical expressions requires
additional speciﬂca;;;ns for the window function. An example of derivations of simpler
analytical expressions for the impulse responses for two specific window functions, the
rectangular and sine window functions, are discussed below.

| 2. Rectangular Window Function

The rectangular window function is not ofien used in coding applications because it
has relatively poor frequency selectivity properties; however, its simplicity reduces the

complexity of the analysis needed to derive a specific implementation. For this derivation, the

window function w(r)= -\—/1;2— for re [O;N - i] is used. For this particular window function,

the second term of equation 41a is equal to zero. The calculation of the MDST coefficients
does not depend on the MDCT coefficients for the second segment. As a result, equation 4]a
may be rewritten as

N1
2 . *
S(2v) = N > mrrp)hr g (2u — P) “2)

=D
my i (7) = (-1 X (1) + Xprr ()]
]

H!E

’ 1: 2, . .
hrorp(r) == 5 cos [-};\;(T)(I‘+ﬂ-u)]a

o

i

"

N
v e [ﬂ,‘ﬁ“-{,

I N is restricted to have a value that is a multiple of four, this equation can be

simplified further by using another lemma that postulates the following equality:



the combined effects of the IMDCT synthesis filter bank, the subsequent
MDST analysis filter bank, and the analysis and synthesis window

. functions The modified convolutions need to be evaluated only for even
integers. -22- Each of the impulse responses is symmetric, It may be seen
from inspection that hijji,(r) = hj,,"(=3%&nd hi,(r) = -h,i(-r). These symmetry
properties may be exploited in practical digital implementations to reduce
thezamoupt of memory .neededto storei@=sepresentation of each impulse
rgs})@wggﬁwgd@ﬁ@{ding 0 hﬁ)—vﬁﬁﬁ_ m&@gﬁrﬁﬁéﬁgg% 5t the
impulse té¥ponses intefact with thel $fFmmetrygropertias of thi
intermediate spectral components m1111 ard ml, may also be exploited
in practical implementations to kekteengemputational complexity. The
impulse responses ht,jiKr) and h,,(r) may be cdlculated from the
summations shown above; however, it may be possible to simplify these

@g{g%tjcy&c%pyvgﬁrgigi@glgi\%pler 10 analytical expressions for the impulse
responses. Because the impulse responses depend on the window
function & }, the g%rivation of simp@r-analy Q@I expressions ;requires
aflditiena spealﬂ&a’;i@m}s{cfoﬁhg indbW s uen(qs\t’remmolegi
derivationsof si aer analytical expressionsfor the impulse responses
for two sgecific window functions, the rectangular and sine window
functions}are.gli &_E%q-pgl% ;53?_ @Eugr Window Function The
rectangulariwindev function is not ften kdegd.in coding applications
because g_Qas relatively poor frequency selectivity properties; however,
its simpligfty red tl}ﬁ complexify of the analysis needed to derive a
specific i%e%% '@—ti(g .TF'é'r’%ﬁiéﬁﬁ ation, the window function w(r)= = (44)
for r e [O]N1] is used. For this particular window function, 20 the second
term of equation 41 a is equal to zero. The calculation of the MDST
coefficients does not depend on the MDCT cqefficients for the second
By usingélremmAsie vasiitc@epiations 41i% mayibe rewriterces i Nty (Ry)yevEitten
m.r,rrr(p)h7,777(21/ - p) (42) P=D 'm7.777(737 ~(-1)T$1x ( )--31r777(T)1
as 2'1

(43)

- jz“q
. 2rglnHEY om S -5~
[= sm{———mq(n“ ) + 24 ~____7rg]_~2

V2 N fanz -
which can be simplified to obtain the following expression:
zinZe
I = [-1)¥—2z.
(1) o (46)

If g 1saninteger multiple of N such that ¢ = mN, then the numerator and
denominator of the quotient in expression 46 are both equal to zero, causing the value of the
quotient to be indeterminate. L'Hospital's rule may be used to simplify the expression further.

Differentiating the numerator and denominator with respect to ¢ and substituting ¢ = mN

yields the expression

7
N - cos[ i }

2 cos{mn)
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h1,777(T)=2 Cos ,V (r) (r + no)~y r=0v E {o~i_iJ, If N is restrictgd to
have a value that is a multiple of four, this equation can be simplified
further by using another lemma that postulates the following equa.lity: -23-
(1) gnat amultiple offN cos (q)(r no) =n (43) =o (-1} n a g, a multiple of N
Imo’ -~1 where no =22 This may bg proven as foIIows:_N-l n-~2r2 1=
cas[r(q) (r{no)] _sin[(q) (rno) f r=r=0n-12,r 2r N}I sin 2,r (r+ no) F(q)
Becauh@- M lisankiddgdd nsiipht (DAL A0k 4hEY 4900108, I8MMEshano

[ ion 35 with a = ho + , expression 44 can be réwritten q as
denongg%%%g%%a t?q%gglp'sﬁl 52 (-l)éw. This completes the proof of the lemma expressed
by cquatidn 43. - '

This equality may be used to obtain expressions for the impulse response Ry
Different cases are coﬁsidered to evaluate the response Ay (7). If 7 is an integer multiple of
N such that 7=mN then (1) =(-1)" N/4. The response equals zero for even values of
7 other than an integer multiple of N because the numerator of the quotient in equation 46 is
equal to zero. The value of the impulse response hyuy for odd values of 7 can be seen from

inspection. The impulse response may be expressed as follows:

N .
hram(r) = (~1y"— for 7 =mN
‘ : @7
hyrr(r) = Ofor veven, 7 # 0
‘ 1{-1)*%*
() = e %)

The impulse response f,,; for a rectangular window function and N=128 is illustrated in
Fig. 6.
By substituting these expressions into equation 42, equations 41a and 41b can be

rewritten as:

N1
2 : (49a)
) = - , : ri(9p —
— S{2v) v 2;) my i {pihr i (2e — p)
my (7Y = {(-17H X (7) + Xppr()]
(ml)’"'%i,?“ =mN
hrrr(r) = { 07 #mN and 7 even
2 A : l‘..:"ﬁé.- )
1. f;—ii:%;-,f odd
S2v41) = S(N-2(1+ v)) (49b)

vz
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sins I=- 2 N sin 2 45) which can be simplified to obtain the following
expression: ~q q !'7121 sin L2 (46) If q is an integer multiple of N such
that g = mN then the numerator and denominator of the quotient in
expression 46 are both equal to zero gausmg the value of the quotient to
be indeterminate. L'Hospital's rule may be used to simplify the expression
TURHIGY %\Iﬁ?{&&t'&’é‘{‘%‘% AiPL A0 A h“d?%to{n"&%fe%gl G5 éonagazed
and su tuting g = mN' yields the expressmn cos{Fzmt
from tha Midedissfaicats inteemnentitigledo fouspthinpimenstof israiuzmpslar wmdow
funct%ﬁuﬁipc%gﬁgﬂ%ngp Hgf@{tﬂ{: @f%g%l E%&or?c% 2 ?é)cmge%tgs I?r{) ng the fact
of the lemma expressed by equation 43 This equality may set
that tightaipudseorespsiotss fon ik imppisktessporfisernant bdB Bilfeeof cases are
considered to evaluate the response h1,111(r). If r is an integer multiple of
N such that r= mN then h,,111(r) = (-)' NI 4. The response equals Zero for
even values of r other tha &mm‘@y@mwﬁpﬂeﬁﬁﬁ\l because the
n I ero. Th e o the
R R S A R A R op S S e
rectanphlaimpudos ramistinseandys b@@mm@mﬁoabw@m, AYETdms(-TheMollowing

derivdQbR TR JWZ o flafu% %E&é{%eﬁn%d 0%\/&% tl%ﬁ%néo The impulse

response hl,11, tor a rectangular wind N=128 is illustrated
in Fig. 6. By substltutlng Shese e(pr?sgrofhf)lnto equation 42, equations
41a and 41b can be

A simplified expression for the 1mpu15e response Ay may be derived by using a

{(50)

lemma that postulates the following:

¢i2

—1
F(iry =

M

w(rulr + -ni)cms F (T r -+ no)}

]
yrodd,r #mN + 1,7 #mN -1

~E (-1t =mN 1 ‘

= ¢ --%1(——1}”“,7 =mN -1 (1)

(-1 %
E] sin ---(r+1] + Bin —-—(._.;—_{_1} . T EVel

o

\

where w(r) = si'n[%(\r + %}) . R

This lemma may be proven by first simplifying the expression for w(rjw(r + N/2) as

follows:
e, 1\ L 1Y, .
sin (%(r + 5)) mnﬁ (—;—(r + =+ )) = sn (% (r §)> sin (:}\;—(1 + -;—H- g)
. f o 1 'y 1 1. . 2% 1
= sin (ﬁ?(r + 5)) cos (Ff(r + 5)) = é»sm (?ﬁ(i‘-{— '2;) (52)



rewritten as: N-1 S(2v) = - > mlLlll (p)hr,117(2v - p) (49a) P=0 rnl,111(r) =
t(-L)r+1 I(r) + XII(r)] r=mN hl,11I(r) =0,r 74-'IVandreven 1 T odd 2 sin
re S(2v -I- 1) = S(N - 2(1 -1- v)) (49b) v C- 10, 11 15 -25- Using equations
49a and 49b, MDST coefficients for segment Il can be calculated from the
MDCT coefficients of segments | aRé HI assuming the use of a rectangular
window function. The computational complexity of this equation can be

Substitugdpekd bynpkploitingttsifacin that i impulsbtrespirse y§jiris equal to
zero for many odd yalues of T. 5 3. Sine Window Function The sine

window function has ettej uenqy elec%\g{vy propertles%han the

rectangfiar indg w @ TokECtiEEcoding (53)
systems. The followrﬂ‘b de |vat|on us a sine window function defined by
the expressmn w(r) = sin( (r +2)) (50) 10 A simplified expression for the
1[21 uIs esponse f%} |m t%ej: d r| by using a lemma that postulates
t I?(’31 0W|ng Wril x)J%\/ os[ no)i JJ D,Todd, T mrV 1,TTm.N-1
+ +1) +
4AmN+1 (_1)m T=mN-1 (511)[ rtT(4_rgsts Isrz,r%eu _slr}}l\l ,, reven 51

equation 53 can be rewritten as follows:

N -
-1

51 .
'I(r):i gsin_?}: (r + iz)dmww( ¥r +nﬂﬂ 2 :Zj_osmi[_-z—];(r+-;-) —{)(r+ny) (535)
N - -‘h_‘rwl
I i
I(r)=—i:§sm_‘zj<r STy +fn0)}+i~ gsin[%(r +~12~—~rr —»mo}]
l‘.\_,mi -]
2 x 1 11 Sy
J(T) =-i— 2 sm[zN ((r—&)i "L(f”(s wé))j*i g} 81N} gm((mfm ?)r m(rne —;))‘i
AT R e rng -t
I(r)=—1- S sing —(r+1)]| r+ G “’“i' Zsmlr i —rl)| v i )ﬂ (36)
4::‘(; +1 J 4r=O L]V -rl /J

Equation 55 can be simplified by substtution in both terms of /(7) according to
1
77’10 + ":)‘
equation 35, setting g=(t+ 1) and a= = in the first term, and setting g = (-t + 1)

(f+1)

Iy =

(WT+-1-)

and a =

in the second term. This yields the following:



1 where w(T) =s4'n(vr(r - 2)) This lemma may be proven by first
simplifying the expression for w(r)14,(r +N12) as follows: r1rlrdlrl.r
sin .~(r:2)) sill'N2)}sin(a}2)}siliN(T{2)}2) Dr112r1J=sin~N(r
+2}cos((r}2))=~911 ((r+ 1) (52),15 26 Substituting this simplified
expression into equation 51 obtains tl*? following: I() _sin | (r -{- )] cos
[(n(r --7EOEl (53) _0 z Using the following trigonometric identity sine,

cqst KQ -1- ), +Hisin (W,- 4) ti Sslcéﬁ(m Beljewritten as
) foilowd: Slp 42 'Ig(rj{ i )6;]33 Wn% i 0)-~... (55)
4.=0 N N 4. o L N N L r 2>t 127t I(r)—-~e|n~- r+= +rr+rnb) 1 i+-sin

-(r'rr-- @n 0N + 4 ]E) ﬂan? (§r+$) E)?:?‘r@(-))r% $in[27t

((r+.8r-(mo®¥))J 47 o1 N' 127 Nno 1(r) i (AL - + sin
-r+1

:--g§z+1r(6;VLN(r+1)r+4c~r+1 Lﬁr}o( o
. 18-S ¥
I{r) = _,—lsm( il (g+1)+§(r+1)—§(?)m

sin §{—7 4 1)
sin 3 (—7 + 1)

1f 2 ® T sin Z{~7
10 = (5043 (r+1))s—~—‘(?_—j—%+ (2(—r)+f2—(—-r+1))%‘( "

a1 sinZ (7 4 1} ' w\ sinZ{—7 41}
Ir) = Esm(r(*r) 2)m+ sm(( T)-{-—)_—_i_.—.mmm

Jsin (%{—rx—;"— P14 T or ) %(_.T})

2)sing(—+1) - (57)
‘ 1 cosEr 1 cns-‘-‘-'éfr
I{r) = ZCOS(WT} m-i-*CDS( wT) m
= G 3 (7 emen)
: 4  sind (T+1) 4 sing{-r+1)
N A !
Ifr) = 1 YT smE (r+])+sm——-( 7+ 1)
(-nF + TEUEN
i) = | 4| @Eem e | reve (59

|0, 7odd

Equation 58 is valid unless the denominator for either quotient is equal to zero. These
special cases can be analyzed by inspecting equation 57 to identify the conditions under
which either denominator is zero. It can be seen from equation 57 that singularities occur for
t=mN-+1 and 7=mN - 1, where ;n is an infeger. The following assumes N is an integer
multiple of four.

For r=mN +1 equation 57 can be rewritten as:



Equation 55 can be simplified by substitution in both terms of I(r)
according to 1 rno equation 35, setting q = (t + 1) and a = 2 in the first
term, and settingq = (-t + 1) (r+1) 1 rno and a = 2 in the second term.
This yields the following: 77 +I) -27- 1 (2rTalo { L { (rT I - (rr + sill (T + 1)
I(T) _ sinr lj1)~sul(T+1)+ 1 27r r sAST+ Sill (_Tno++(-T+1)N(-T+ Z 1))Sill
N(-T+1) IT NrIT Sill 2(T+1) I(z) = sin )V(T)(T ++ (T+1)- (T)Sill - (T+1) + (

risill;(-T+1) sing N(-T)( N +1)+1 @«{Eﬁ_’l.@mw(ﬂj I(-T+ 1 (G+(r+21))t1 13
sl Py +{}'F)+Tiﬂ€)’z;(mﬂ\fsﬂ§)(ﬂ'~+jl7—kzwg£% 1Sin) I(r) = 4sin

((T)+2)sint-Tr{F+1)+HT)+2~sin (T4 DBA™'CBS=T 1 COS =2"- I(T) =

cos(fiT) Sill E-f(T+1) +cos(-3rTj Silk NsfT£1)- -,;Iq)\;fjcpﬂrj))T:) = 4 sirs
((T+1)+ 4 sin g,iifréi?f (Y1) ¢ )Q@zﬁ%—%ﬁvj Sl N(T+1) Sill
N(-T+1) I(T) T ~Ii3) + sin n )] SPeven (28 16 Tddd

P =N
1 . o\ §In AL
=0 +—sint —wmN -~ M—-—zN—
4 2 Sm—”“—’li—,—i
s emNr
1 sin L _
= 2 (5%
4 gip =mNT

N
The value of the quotient is indeterminate because the numerator and denominator are both
equal to zero. L'Hospital's rule can be used to determine its value. Differentiating numerator

and denominator with respect to ‘m yields the following:

1 — N ooy mmiNs
ImN+1) = -2 2
(mN +1) 4 —wcos—mw
N, .
= -5 =07 (60}

For r=mN -1 equation 57 can be rewritten as:

1 B} 7, sinZ{mN+I-1)

N -1} = -—-smfs(mN-1)+=)- 2 |

mN -1 = g Do) N o T
I 7, snE—(mN-—1}4+1)
Ssin{—m(mN - 1)+ &y, 2z 9
gsinlmmN =1 = 3) sin & (- (mN — 1) £1)
1 7 sin TEE

F_1Y = emimmN o ZER o
I{mN -1} 4sm£rmf‘s E}sin 5 +0 1)

The value of the guotient in this equation is indeterminate because the numerator and
denominator are both equal to zero. L'Hoespital's rule can be used to determine its value.

Differentiating numerator and denominator with respect to m vields the following:



62.

Equation 58 is valid unless the denominator for either quotient is equal to
zero. These special cases can be analyzed by inspecting equation 57 to
identify the conditions under which either denominator is zero. It can be
seen from equation 57 that singulargties occur for 5 r= mN+ 1 and r= mN-
1, where to is an integer. The following assumes N is an integer multiple
of four. For r= mN+ 1 equation 57 can be rewritten as: _2g_ | (mN+1) =1
sin~n(mN+l)+nsin . (MN+2) + 4 2 sin,(tnN+2) sin 2 (-(mMN+l)+) 1
sin-7r(MN+1)+~~ 4 2 sinN(-(mN+l)+l) | Sin -mN~r =0+ sin -;cmN-- Z 4
-niNr 1 sin-m Nn 2 (5¢)) 4 sin -MN7 T, The value of the quotient is
indeterminate because the numeratqy,and dengminator are both equal to
zero. L'Hospitaljg,gy}@ cap be.used tozleteriine ifs value. Differentiating
numerator and denominator with résgrect tecamyields the following: -MNw
I (MN + 1) .cos 2 4 -Ti- cos -mv (6Qy 0{ rr= mN- 1 equation 57 can be (62)
rewritten as: 1 li sinz(mN-}-171) (N~ ]2) =sin(z(raN-1)-4--)-4-42'

sinn, (m14'1-1)1sin (znN,- 1) 1) -71 size(-,r(rn_Y-1) +)
he lemma expresSed by eqguation 51 1s proven by combining equations 58, 60 and

A simplified expression for the impulse response /sy may be derived by using a

lemma that postulates the following:
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42sink, (-(mN-1)1)1itSiil inn'A" I(mN-1) = -sin(7rvnN--) a 0 4 2nN

(61) The value of the quotient in this equation is indeterminate because
the-numerator and denominator are both equal to zero. L'Hospial's e vvs~--
can be used to determine its value. Differentiating numerator and
denominator with respect to in ylelds‘ﬁf\% following: -28a- 1 Tncos Rnr |
(MN-1) -?4-ycos7rmr (_1)*n (62) The lemma expressed by

equation 51 is proventby combiningeguations 58, 60 and 62. A simplified —
expressidm or=the | lﬂe‘,e)retaﬁfsm{@(mﬂy Berigtiyed by using a lemma
that postulates thesfelowing: 29 I(r}k "~ v (Nu (r)sur L (r) (r+rao) 0,;rdd,r
MN-f1,rTmN-1 s ( )G Hgl;u%ga llr—_nl>|1 1 (63)t_3sin,yr+l) +
sin1r+l1)] > T eve w ,q —sm 2& +2)Y The prooft of this lemma is

similar to the previ us Thl ins by simplifying the

expression forw(r nTlt sm'?é\’:\ﬂ V2cos(2a),sothat:r111 (63)
21r1 2. sin (.(r+ )}_Zygc s(N(r{2)) (64) Usjng thig expression, equation

63 can be rewrittery asEI(T) | 5@ F{Z160S | INHE D [V ZFR) (7' 1710 a=0

where w{r) = sin(;,z-;(‘f‘ + %))

The proof of this lemma is similar to the previous proof. This proof begins by
simplifying the expression for w(r)w(7). Recall that sinza'—fyzw‘/zcos@a), so that:

sin? (—ﬁf( - 3) =53 cas(j,i}—«(=r+ §n (64)

Using this expression, equation 63 can be rewritten as:

-1
In) = [—é—m%cos(jvw >)} ' {i}f (+m)J
1%—1 B 1%_1 2r
= 50 sin (P 4 10) “52?“9 wr+s ) sin (T)(‘"+"a)](65}

-~ —From equation 37 and the associated lemma, it may be seen the first term in equation
65 is equal to zero. The second term may be simplified using the trigonometric identity

cos u* sin v = % [sin(u+v) - sin(u-v)], which obtains the following:

—1 ‘
i | 2w -
725 { (r+5 J - w_(ﬂ(r + ﬂ-u}] ' (66)

Referring to equation 66, its first term is equal to the negative of the first term in
equation 55 and its second term is equal to the second term of equation 55. The proof of the
lemma expressed in equation 63 may be proven in a manner similar to that used to prove the
lemma expressed in equation 51. The principal difference in the proof is the singularity

analyses of equation 59 and equation 61. For this proof, J(mN - 1) is multiplied by an
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12r 11 r}(r} no)j - [;(r+)] sun [;(r)cr+n0) (65) -9 V r=Q From equation 37

and the associated lemma, it may be seen the first term in equation 5 65

is equal to zero. The second term. may be simplified using the

trigonometric identity cos u' sin v = % [sin(:.a+V) - sin(u-v)], which obtains

the following: 1 2 ' rtar 1 2r . I(T) _ -4 31V (r 2}+ N (r)(r+no) + -r 1 [cr .sin
d# +) - (T)(r+'no}J (66) Referring to equg{t}’i{on 66, its first term is equal to the
additiweghtaetoobiherfitgbiermidn tion 58 andyits second term is equal to

the second term of equati’or@gﬁ Tf?g‘p gf 9[ thé%g?nwn'w%gegﬁféé%@éfﬁﬁe“w along
o that used to prove the

with heuaiion S31RY-RERIQNER L f.manner simila _
63 is 40 lemma expresseélplén eqdagt]tlc?ennglo. 'FH3agﬁﬂc§éaﬂ?ﬁﬁf@?‘€ﬂéé”iﬂlﬁ$éeﬁrmotquation
Pg%%"singularity analyses of equation 59 and equation 61. For this proof,

|(@iNeAaciseRpiRlisAAY ian,3%- additional factor of -1; therefore, I(mN -1)
= 8 Allowing for this diffe'?gﬁuc?’éear o 8’%%’ HiBSSign thie ke ivevever, it

needs ﬁystgqggﬁl@)qtgé gatiofrB6ltreslemsmfs expressedhd QasRIN SRS 1oV §Fhy in

equatiONA%3E! ign.for. impulse response hij(r) is given by this lenuna;
d however,6 %%I%%eaegg%l%re \7ag‘éféal}d*nﬁ))ﬁo‘?*%ﬁdmm@sﬁgha&mﬂﬂsdz&h@L*O

for odédnvsdifeed Eonertispofopf hinreqyatign 41 3,5 eyalyated only for r= (2v -
only u%%lv Hid): According to equation 63, ha(r) = 0 for (?(fga\}lasﬁjer}l'é’ggr‘éi’@é‘ﬁem for-
or 1= MNT | ‘artd'PITHNIse reweaseean béipmeredeso for only two values

of r, this impulse respons cq\;gbe expressed as: 1)'n T-mN-+ -1 hd7(T) _ -

s (-1)'n+l,r=mN - 1 (67) I()g .fﬁémié"ezr%*wl}lse responses h,,j,(r) and
h () for the A WinGow funtion!afid Nel-28ahe 10 illustrated in Figs. 7 (47,

and 8, respectively. Using thecelatytical expressions for the impulse
onses hiu, and h" provided by equations 51 and 67, equations 41a

. re
The 1mgﬁfgzwfﬁp@gﬁegeh,;eM(,mtgntbéwmR}ﬂthe sine window function and N=128 are
illustrated in Figs. 7 and 8, respectively.
Using the analytjcal expressions for the impulse responses Ay and by provided by
equations 51 and 67, equations 41a and 41b can be rewritten as:

5 N1

S(w) = N 2o mar(pbr (2 — p)
p=0

(68a)

Ly
8.
4 @
+ N ; mrr {20+ hyr (20 — (204 1)) , where
mygnr (7)) = {17 X7 (7)) + Xppy (7]
mr(r) = Xpp(r)
(0, 7odd, 7 EmMN 1,7 £ mN ~ 1
e
brprr(r) = - Ty s =mN — 1

(=1 1
[mn EN syl EWJ,T even
—§ (=" r=mN 41
hrp(r) = § —B(-1y™+ oy 1
S 0, otherwise
S2v +1) = S{N —2(1 + v)) (68b)

o]

o

o

b

\
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30

S(2v) _ m7,7rr(p)h,,7,,(2v -p) (68a) P=D 4 2-1 + N rn.77(21+1)hrr (2v -
(21 + 1)), where =D 77 'm7,Irl (T) _ [(-D)r+IX,(T)+X,7,(T)J .nnn7 (r) = X77
(T) 0, Todd, TTmN+1,r 34 mN -1 s (-1)n,r=mN -1-1 h1,777(T)_-8
(-1)'n, T =mN-1 Lift ~eiu Ir}1) + su, nl t£l) s T eveu 1-e (-1)'n,r=.mN+1
h7,(T) .m1V-1 0, othervvise S(2v + I)S(N - 2(1 + v)) (68b) -31 Using

equations 68 cients for segment Il can be
calt:ﬁ gon é;/}?g([:%e c%ﬁn 9% géegrtﬁgﬁfsg LU SRR A lpted
fromtie M@'aia:csuﬁﬁmmim&ségmm Thenddiihpasatifing ke meleRity abthigdow

fun ct?&‘r’aﬂ?@ %ﬁ{bﬁ% 189 cgoqf rthﬁrob?t% I0|th thef ctt t%‘ rz%ggt)rfﬁxrﬂmtmg

response IS equa O VAS) or many O V ues O
the fagbthpighenmgstimatipo:EgUatidn® klequahth4takprassyeoddlenlationfot:

exact MDST coefficie rom ’\Q; T coeffi nt,s for.an arbitrary window
function. Equations 45‘l f%t %%ﬁ’d’ %%%ng%ré’?s {caﬂculatlons of exact

M sTtonsitiereiifdin (WMBDGT rodifideitis oSnga MDETgutdficddnddvm MDCT
coefffwaﬁmﬁm ASPEYnday. uncte A 168 &s%'ve 165 s FRICHIANNS ress

include 10 operations that are simi e convolutionf of jmpulse

calculpliphabexa @%ﬁ%@ﬁﬁf&h@l%ﬁ%lé@ﬁﬁf@lﬂﬁﬂm@@% a rectanguiar
wmd&@%ﬂ%@?&@%@ﬂ?ﬁ% %&Q&Cﬁne,% i 6le§e1 u%ac%ﬂig auOuS u uue

calculations those values of the |mpuls espon that are Known t

operafigns, thalearo ipilgitiorthe convolakiop @émmwte@medmnqh’éhdawwmgal
compif%‘ﬂytt?}?c&ﬁ%ﬁ’i@ﬂﬁ:%ﬁ%ﬁ%}?ﬂﬁ&ééﬁ {H)'hé I’%ﬁl}ggé greez%iu ing from
alcula y a %

lesser significance; however, this 15 resulting ¢ t|on provides on
the caleiatinasdhase KabsTodsksfisiohlecespenseiabaeinown to be zero,

The computational complexity can be reduced further by excluding from the
calculations those portions of the full responses that are of lesser significance; however, this
resulting calculation provides only an estimate of the MDST coefficients because an exact
calculation is no Jonger possible. By controlling the amounts of the impulse responses that
are excluded from the calculations, an appropriate balance between computational
comiﬂexity and estimation accuracy can be achieved.

The impulse responses themselves are dependent on the shape of the window function
that is assumed. As a result, the choice 0{ window function affects the portions of the impulse
responses that can be excluded from calculation without reducing coefficient estimation___
accuracy below some desired level.

An inspection of equation 49a for rectangular window functions shows the impulse
response Ay is symmetric about r=0 and decays moderately rapidly. An example of this
impulse response for N=128 is shown in Fig. 6. The impulse response Ay is equal to zero for
all values of .

An inspection of equation 68a for the sine window function shows the impulse
response hyy is symmetric about =0 and decays more rapidly than the corresponding
response for the rectangular window function. For the sine window function, the impulse

response /iy is non-zero for only two values of 7. An example of the impulse responses /;

and /iy for a sine window function and N=128 are shown in Figs. 7 and 8, respectively.
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calculation is no longer possible. By controlling the amounts of the
impulse responses that are excluded from the calculations, an
appropriate balance between computational complexity and estimation
accuracy can be achieved. The impulse responses themselves are
dependent on the shape of the wind@a function 20 that is assumed. As a
result, the choice of window function affects the portions of the impulse

regﬁ@ﬁﬁb@% ﬂkﬁ’ﬂmﬂdﬁeaemmaedddﬂﬁnd:ﬁiﬁulaﬁQuntbﬁyﬁ[@dhh@ﬂg b that provides

curacy below some |redl vel.
o es{%%%ggt?ﬁ%ﬂ?ua%éﬁ or tectang alaP ke fflﬁ"dﬂ R B%g){h!@ay be

expreggednsterres pbhse fllkistsyrnmestaicfabowtr= 0 and decays moderately
rapidly. An example of this 25 impulse response for N=128 is shown in

Fig. 6. The mpulSE{Zﬁ;p&Bseﬂilkﬁr%@#@ét@réej{?zfq,@ll values of r. An
inspection of equation 68a for the, sine win gn shows the impulse

response hill, is symmetric abott r= 0 anddecs re rapidly than the
c? %ndngg response for the’¥ tangul r window function. For the sine
win unction. the | pulse 0 fi R 155768521 for only two

values of z An example of the nﬁ’p Ise responses h1,iil and hlifor a sine

window functiBh HaémN=128 éﬁ*els)héwhn(ﬂ?l@sﬂraﬁdw respectively. -32-
Based on these observations{ g ifieck farm of egyatlgns 41;a and 4111

ncl

that provides an estimate of -goefficie ents f rany alafysi
synthesis winblowr fiiRgtior m 3&9 éé’ééﬁl'fn’ﬁé’rms of two fllter

structures as follows: S(2v) =jf ilter sir mrr%g,('gw “EJ(ESQ f

ilter_struc:ture_2(2v) 2 RIrl fiterstruct, anrn(p)hr rer(2v -p)
(70) P=p nir,rri(T) = 1(- 1)|}1Xr('® S trrr(T)) (71) O if T E Tt runcl,N-Ttrun }

Pi b T uctur D3 a)w(ri@ L oS )Y thpﬁﬁ‘n% (2 + 1))

I=0
mrr(r) = Xp(r)
0 'if TE ['Ttrunc.?‘l %E - 1— kat‘zf'u:'u:?.]
VS s [0} + )|
S(2u41) = S(N-21+v)

N g AEEy |
€0, — —~1|.ng = -2
’ [’2 J’”“ 2

fuld TEAPS; 045 Tryuneds Tiruncz 276 chosen to satisfy
N

:'2“]a Tiruncz € [13 "“il_ - E]sntapsint = Q'Ttruncl -1 + 27}'-:*mm2

kri(v) =

where

Terunel € [1 ]

(69)

(70)

(71)

(72)

(73)

(74}

(75)

(76)

(77)

(78)

An example of a device 30 that estimates MDST coefficients according to equation 69

is illustrated by a schematic block diagram in Fig. 3. In this implementation, the intermediate

component generator 32 receives MDCT coefficients from the path 1 and derives first

intermediate components myy from the MDCT coefficients X; and Xy of segmeﬁts I and

I, respectively, by performing the calculations shown in equation 71, and derives first

intermediate components ny; from the MDCT coefficients X, of segment II by performing

the calculations shown in equation 74. The intermediate component generator 34 derives

second intermediate components by forming a combination of first intermediate components

my yr -according to a portion of the impulse response hin received from the impulse

responses 33 by performing the calculations shown in equation 70, and derives second

intermediate components by forming a combination of first intermediate components ny
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filter-structure-2(2v) = 7V 'rrzrr(21+21)hrr(2v-(21+1)) (73) t=p mrr(T) =
Xrr(T) (74) O if T E ITtrune2v g- 1- T{runc2l () _rl T ~N(T?(r '{-71p)~
t w2(1)thl (75) S(2v+1) = S(N-2(1+")) (76) where N 12 + (77) vE In 2
no= 2 -and ntapstot, T:~. ,~i, ?e, nrs are chosen to satisfy Ttrunci E [1, Z
}, Ttrunc2 E 11, N - 1), mtapstot = 27-Bfuncl - 1 + 2r*ruuc2 (78) An

e 30 that estimates MDST coefficients according to

example of a.devi (
accoréﬁfe& i %@f*’é’?sqﬁf}mfaa’waseenﬁnémammﬁa%mqﬁwgisg erRARses 33 by

perfoiipigimeatalianathediemeniatfton PONAALGRAESAIOF B¢ IRCEINESIse responses
DCT, coefficients from the path | and derives first intermediate

may LB SO RERTEESE DY B e Do co8fticems Joelidingitheoruig rsnppses. The

use of fnthdiim@apRGiEphnsbY ineréasBaiBaipataalHHPEORPISRAWRIN RaiéadiBNincreases

" 71, and% r (Eljirst I termedjate.conﬁ)i[]ents_%ll from the MDCT .

the againteid SPERLHSBhETH B oM AR AhE B NRTRM SELRR AT pbtains

MDSauuaifiai¢dis Trad nkersoastiatheomabaenidagnaiaiey BApdefdyesngesobsculations

" intermed{'ate C@npgr}%ms by forming a combination of first intermediate

S 0Wgom‘m% HENtS 131~4 cording to a portion of the impulse response h1,11,
rethivach froitedberithphdse estsponsts Sldajaparfoemingthé malaiitatonsd phase

hown i tion.Z0 derives, second intermediate compongnts b e
o s e B IE SR h SEga, om the path 31

and paseortlinsgtoeapodichoofzttie athal38 aedich Shb MBSIvad ffimiartisenay also be
i Ise respanses.33.by. performing the calculations,shown in equation

pesse e T VNS G A B Ry o

perfoimyitigpthakesudattbngshef tndioding tymantire ré spdrdesoiltramysie. dbther

from gpeltsildesivigorert genenhtorSitolitams! dETacenifidegtedt-pnwitieh may be
obtaimCRAh HEHGURIR SOMRYERT M REIOMINg the calculations

Referring to the impulse responses shown in Figs. 6-8, for example, it may be seen
that the coefficient values obtained by the c'éiwblutionwtype operations of the two filter
structures are dominated by the portions of the responses that are near 7= 0. A balance
between computational complexity and estimatiﬁn accuracy may be achieved for a particular
implementation by choosing the total number of filter taps ntaps,,, that are used to
implement the two filter structures. The total number of taps ntaps,,, may be distributed
between the first and second filter structures as desired according fo the values of 7,1 and
Trune2, T€Spectively, to adapt MDST coefficient estimation to the needs of specific
applications. The distribution of taps between the two filter structures can affect estimation
accuracy but it does not affect computational complexity.

The number and choice of taps for each filter structure can be selected using any
criteria that may be desired. For example, an inspection of two impulse responses #;;; and

hy will reveal the portions of the responses that are more significant. Taps may be chosen for

~ only the more significant portions: In addition, computational complexity may be reduced by

obtaining only selected MDST coefficients such as the coefficients in one or more frequency

ranges.

An adaptive implementation of the present invention may use larger portions of the

impulse responses to estimate the MDST coefficients for spectral components that are judged
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shown in equations 69 and 76. The magnitude and phase estimator 36
calculates measures of magnitude and phase from the calculated MDST
coefficients and the MDCT coefficients received from the path 31 10 and
passes these measures along the paths 38 and 39. The MDST
coefficients may also be passed along ##e path 37. Measures of spectral

to 108 pcitu%%gnd phase may be obtained by performing the calculations
Shown RBBVe UG EUHSH bina Percapiuakanped, Kotherampieyplesastire of

wh

permpamhséglﬂf%myf@ea%@mdﬁh?w de-sReaiRh Iwswhich may be _

the QRIajned from the first derivative of spectral mag%%%g?%ngma%e' amount by which
|

REORSFE RFRSFS Amerr TRy aaskion thisskoibthattie dwstulated by a

rﬁ)CC
stantaneo

perchptivitivedsll sPhetted phaks Bﬁfﬁé@ﬁhﬁﬁ%é%s%ﬂ%§%{£§gg ﬂ?&? t%h%%tY}’r?lé% MDST

ues obtaine

igs. 6-8, for example, it may be_seen that the coefficient va
e ot TR GTN  cn  erspR hbmed it s deions needed o

estinjermitRET lop¢tRcharticos nt hestasReReas HRLAE &%ﬁﬁéﬁegt&%?{%”ﬁ%ided.
e

| complexity and estimation accuracy may

betw en com utation? , S 1
achieved for & partiCHIEF S8 et Raiim wyertswigns Torar fisiies in
varigtsiftsntapsyntahbiodthat st nsadio mgﬂé%ﬁtm&{mﬂg%sﬂéﬂﬁ#g;v?ﬁose lengths

may he distributed between‘the fi

varv A€ 1otal number of taps ntaps,o, )
7o e L e b orahinatne derminetpreyimssly by an

and sec
anal ggiglof SxcomlreypeptaielyntmadeniddlRedi o st GRIMANAN OMNEN in lower
ﬂeq%%?%ﬁglﬁ&%%iﬁ%n% aﬁic tions. The distribution of taps between the two
it structurescan atrecraSirtiiaTrserinal wanifisanaedbas ssciteentent in
hlgh@bﬁmmmmelﬂt&e’ﬁh%@ﬂiﬁ&ﬁ@h@,%%ﬂ Jr=TaR o] ﬁﬁ%filter
impiéﬁ'ﬁgﬁ{y{j‘% fan be s ,Ilecttem]g any. criteria that may be desired. For
“example, an INSpactioh ir?ﬁﬁ%{ré%er’&ﬁ%ﬁ%éqﬁ Iiregng pariwitisrel/te impulse

respapepwihioied afgtievetpoinsesdhah aremBareqsianiicant. s may be
nt portions: In addition, computational

chosen for only the m'or%si ifica - c

complexity may be red‘uceﬁ‘%%qwaﬂ gﬁﬂrﬂ%@*‘é@%cted MDST

coblficiertsdughlasitereceficintizinApROLMAR HAMERTY SARges. An
entation. of the present invention may use larger portions

implAARAKGATIY oD DORELLYE LS B ReR ) the setrridnvettpapattrbe applied

. of the impulser

and ingplepentadtstay are yad gechf i R8dPEsRPHRLYIRRIR QR i&i@%&%{fa‘befow.
or

perceptual model. For examgl% % measure of perceptual significance
a spectral component could Be 4 PR/ A GARSEQERYE amount by which the

spurenaopiponientlexaeetioasniRREBIPII RS AL SN AN RLIRIDCT that is
expre&%!f&"xlxall&ﬂ]?%ﬁ the ODFT as applied to fixed-length segments of a source signal that
overlap one another by half the segment length. A variation of the examples discussed ;E;cwe
as well as a variation of the alternatives discussed below may be obtained by deriving
implementations from the MDST that is expressed in terms of the ODFT.

Additional implementations of the present invention may be derived from expressions
of other transforms including the DFT, the FFT and a generalized expression“of the MDCT
fifter bank discussed in the Princen paper cited above. This generalized expression is
described in U.S. patent 5,727,119 issued March 10, 1998.

Implementations of the present invention also may be derived from expressions of
transforms that are applied to vafying-length signal segnients and transforms that are applied

to segments having no overlap or amounts of overlap other than half the segment length.
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perceptual model. Shorter portions of the impulse responses may be used

to estimate MDST 5 coefficients for perceptually less significant spectral
components. Calculations needed to estimate MDST coefficients for the

least significant spectral components can be avoided. A non-adaptive
implementation may obtain estimates 33FMDST coefficients in various -

frequency subbands of a S|%n smg pgsélons of the impulse responses
whose lengths vary accord §-E§ f) ?glgnlflcance of the

suBlraedssn d&ﬁarmimeduy@smslmbylﬁiﬂ ci{danalip s eheyrRmpB W ention with a
specifl gp%ve mné a ioon% gtljn ?éa Ilcatlo S, sgectral content in lower
ncf}s genereﬂ%’ ?’dﬁe% P BRI dp T SR RRSH RSP apRotral

requency s u
compgpentraiagiedt thatmgh@mémmmcywubbmnﬂsodmﬂmsﬁtaﬂﬂ%amnﬁg &Band of

tv pIementaton could estimate
S_p eacoeﬁ%(?@]tﬁsl %?rsku bané se%té%.ri]ao&f)%%ns% ofSSHpRE S ’%oqﬁ%'é%){fs’r%é’efew
sinus¢edigthav ariesiveds Gymvithetheofheirefieyafiihie Tubpamelss ihat Bstimates spectral
[ i ns.T re dISC|OSU e sets forth examples
w38 15 e Y vaftigon accuracy
for Slmkﬁzibﬁé@whmmm%mwpmamme applied and implemented |n a

wigevare of way. _o_nal co |dera ions are disqussed belqw
Other Trayr?gféi?J L ﬁ% e e%’elrsn}aarr&; Pmpfje}/nlenr{l:traf1 OnE 4¥%s 8??588056%‘?/3“9"‘89
resporges deritved filden shedwm%thm is @xaateaséﬂ 0 thamam‘btht&;@ﬂﬁfoa@utanons

can b@ﬁ&lﬁﬂﬁ&{ El%ﬁﬁatﬁe %Sgégn%eggg engt AC\(I)grlanSrll Oﬁﬁ aaé%(ﬁ%%?? E’% g&.?é’ée %r more

ISOIaffabmﬁ@haé geelipmsentariation of the alternatives discussed below may be
ressed i

obtai b ivin lementati ns from the MDST that is ex
term%?% tr%ab%&?g%‘éjﬁ) gt S%Sasllllmﬁlg agﬁf’a%rl?gr ?’?ﬁlénﬁr@%él&mi‘}&ﬁﬂﬁ pod for
derivingespeetrdbrioag tromt expreission gk otited tpasfalmsripoluging The DEmhate
d ner lized.ex on of the MDCT _ il kdl ussed
el S BN 0 i T SeTheeat na e
additigiedsdbetispectis] patgrins7Lird i dsuebtdiiarcbaitied 998hagnitude and/or phase.

fth resent invention also ma bed r|v from
Thi
s a %{5 eigsgltr)}%%%oﬁ O{Ir%n ogr'rsfflcs{1 n‘Y%P& Asphed’ t%” ?&Pr? E%S?@H%'Fts of the

sourcesfegmémethndlmaﬁxfdnns E!Malsa@thpmm(d: megnmmdnmdr@mﬁm{baﬁf the
-35:.2. Adaptive

o TR G ST
above mesemambtmdmemﬂtaanethod Ifit is used, this method preferably is extended to
provide magnitude estimates for more than a single sinusoid. This may be done by
dynamically arranging MDCT coefficients into bands of frequencies in which each band has
a single dominant spectral component and applying the Merdjani method to each band of
coefficients.

The presence of a source signal that has one dominant speciral component or a few
isolated dominant spectral components may be detected using a variety of techniques. One
technique detects local maxima in MDCT coefficients having magnitudes that exceed the
magnitudes of adjacent and nearby coefficients by some threshold amount and either
counting the number of local maxima or determining the spectral distance between local
maxima. Another technique determines the spectral shape of the source signal by calculating

an approximate Spectral Flatness Measure (SFM) of the source signal. The SFM is described

inN.J ayant et al., "Digital Coding of Waveforms," Prentice-Hall, 1984, p. 57, and is defined
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specified level of computational complexity is often able to derive
measures of spectral component magnitude that is more accurate for
spectral components representing a band of 5 spectral energy than it is for
~ spectral components representing a single sinusoid or a few sinusoids
that are isolated from one another in ¥equency. The process that
as theerstima ﬁﬁ’s ectral component mag.nitudq may be adapted in at least two
wayR 98 FEB%%WM%&MW@WE off st rgles igblhtepb wer spectral
densigpeftarsipeamponents. One way to adapt the process is by adaptively
increasing the length of the impulse 10 responses for two filter structures
shown in equation 69 so that%@@'&&&!?ﬁt@%mputations can be
péitferprefoiaerabiciesy 9ot eV RISH coelirignis éhgfcl%rga@é?%q' 19 Mtions
spectral components. Another way to adapt thid '

isolat
Scheriitf Bfomzﬁﬁéi%ﬁgﬁqurggmwﬁw LA TafeirRaAREIRE iRg Vasiduinspects of the

process Is
presenspetrdlccompshenh inelipiLdasdar isglatgdapectral components. The
alfﬁrr%gg 151 trtr{]:etrillod der'rlges %n, additional set of spectral components from
~ theM TTeoeticients Briddne umtiera betemsmitienrkompinBigs amnd
includegs e wsiobetir Ak ashicdsinfonagnits da0e pRASS ﬂy}gégﬁgmm on to
ovidaxh e by selecting the more appropriate method for segments o
provi thel)éso%urrg(:gegsfglr%gﬁl%a& ﬁgr(r}igf/}%g ‘HSHg%ﬁ PRI IR @S spestingke The
encodenéirsd foessanionsred theespecientofiangaricllan segrnRRtify MERd iy
potatdS iped in the Merdjani paper. cited 20 above is one possible
Cc’mpoalternaigt'gé% ﬁrﬁéﬁ%%nlﬁf ignﬁ?es ﬂ ﬁ‘“@ﬁﬁ%ad%mgﬁﬁ?%ﬁﬁé&% may be used

in the Proviereomubivbuierdtpatosidemamithan admingireio ysgitusthisRay be
percepgﬁpﬁlggelgmmé% l e%nrr%r%gé %\éﬁ&éﬁ%&%ﬁ%{%&f@%&d spectral

frequencies in which eac

cnveloppstioréinnaod lapplyind ihepMetdianbneetion 4 @ashaa0dees

flicl he presence of a source signal that has one dominant
Rt A ISR 8 ol 55 s et eopcpemtamiyis
the estipatgeddsredishimrarpariety eideshnifitias oD FRINIIHISBEHTS 969! de
ima.in MDCT coefficients having magnitudes that exceed the
“"e““r%??%%&“e@ and ol ea%ﬁ‘ﬁ&?ﬁ?%ﬁéﬁ?@%?s%@ﬁ%ﬁ@@%%dstimator 30
may alsgriasurdaMDSHepetbuitingatbestioyhen of ool RaxiRAR (eEiBINNG osures
0 maxima. Another technique

. t ist t lpcal
to Oi}.ta‘gg?é&% RIS %%évh%%%eﬁﬁ{g)wwgmyﬂ %gq@d}g{ié@fogﬁattcr 23. -

ermines the spectr

ExampleppforimeseeshacualFatnessiMaagese dSH) whibe rﬁ%@@pﬁgﬂ?ﬂ' thoe

measuregiﬂ#@éﬁ%ﬁ%}%ﬁg@éﬁgq?rgéfmgé%tga@l@?sogg t?)fdetaexg];g[:n;(siéptivc
quantization levels, spectral component synthesis from composite or coupled representations,
and spectral component regeneration.

Devices that incog'por_ate various aspects of the present invention may be implemented
in a variety of ways including software for execution by a computer or some other apparatus
that includes more specialized components such as digital signal processor (DSP) circuitry
coupled to components similar to those found in a general-pumosé computer. Fig. 9 is a
schematic block diagram of device 70 that may be used to implement aspects of the present
invention. DSP 72 provides computing resources. RAM 73 is system random access memory
(RAM) used by DSP 72 for signal processing. ROM 74 represents some form of persistent
storage such as read only memory (ROM) for storing programs needed to operate device 70 and
to carry out various aspects of the present invention. 1/O control 75 represents interface circuitry

to receive and transmit signals by way of communication channels 76, 77. Analog-to-digital
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as the ratio of the geometric mean and the arithmetic mean of samples of

the power spectral density of a signal. 3. Implementation The present

invention may be used advantageously in a wide variety of applications...5. . -

Schematic block diagrams of a transmitter and a receiver incorporating

various aspects of the present inventidn are shown in Figs. 4 and 5,

respectively. The transmitter shown in Fig. 4 is similar to the transmitter
convstiensanigh digatal-smdniefdes therestionbeon G0dedic i (i conpolstt asdebined io
N r [ ' Vi magnitude and
e R e S AR rmvonens
conngigbleebiifets iirbishorpsienescahtwde thanformphicriced buss nticyehe bus architecture
is noBRYGIFEA COmPpRBGMSTHEseEH [Fomdhg analysis filter bank 3. Examples of

processes that may be used in the encoder 6, which may depend on the

méasieadsnenipimpies ontehinse 2aerabidirpesespropkisrrysisusuiilidonal
compPRIEHENNG BeaRva QAR FRHAH A%\{S g HOLPING: AISPEGHA! PIVRIOPSd &

. estimation for later use by spectral regeneration decoding processes. 15
displaph and figertsplbing aForges devismitaring tiiaaesivmadsrm vcinasigagnatid tape or

disk, BICIHABaCHD %@M@@@QQM&%J&!%E}%&%&@@Pdlﬁeééﬁeﬁ}'ég%ﬁé%f instructions

present invention to provide measures of magnitude and phase along the

for opsapHassy srmS StHEipal aplivriows andkmyaochudy enbodrowdeolmegrams that

implesR&HficieRis aloReHNT IR Breenl MeLlaERAEr 26 uses these measures to
obtain spectral components from encoded information received from the

detBftntonsreanited dpipredion prévesepsraiiheprsen davantioe can be

perfofBEOHRESAPHIEAR MaaACRENEQRIRRNMSAGE ESief BRURING RIGRNAS crete
. include perc_ggual models used to determine adaptive quantization
logic opapongpisciriesiatif 6ﬁéﬁ‘6%m%%ﬁ%0ﬁ%ﬁ$b’émé‘zﬂém¢%ﬁbmﬁ‘ﬂﬂed processors.

The FRRFREENAIRNIHARESABEHALCARRAPAIL FRRNS A0 REMIFES dtpresent

) incorporate various aspects of the present invention may be implemented

mnveniigin g variety of ways including software for execution by a computer or
saspR iR mARBRG IR R RS AR ARG IRl %e&wep&mtﬁmt £
as digital siéﬂﬁrlgl processor.(DS circuitn{‘9 couplec?to components similaryo

machipegrgdablsamrilia sigh e basphapbeereahilsing compnuenisationmths Ao pebext the

spectitiagfRMdM HaviaeURibalineRaHsRd dedmRpleamest asParisRiii®hat convey
present invention. DSP 72 provides cowutlng resources. RAM 73 is

inforuglinnisiag asPRiibs T arRedi b erbRRlp ax ki ivg muaeniicdjisapards or disk,

opticaPEAEESH s RN deA LR SRANGSADE 1T Blegygisient storage such as
read only memory (ROM) for storing programs needed to operate device

70 and
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to carry out various aspects of the present invention. 1/0O control 75
represents interface circuitry to receive and transmit signals by way of
communication channels 76, 77. Analog-to-digital -37- converters and
digital-to-analog converters may bedtcluded in 1/0 control 75 as desired
to receive and/or transmit analog signals. In the embodiment shown, all
major system components conr%e s 71, which may represent more
than one physical bus; however, a bus architecture is not required to

iﬁ‘?p)i?[H@tﬂ%ﬁ‘&f@%@ékﬁmvﬁ@éh%&ﬁﬁsﬁeﬂi{ﬁg%@dm&%%ai%@ﬂ%@mg

general purposé computer system, ad nal components may be

contenfnulentiad for meradiaty wtbevidesatiBAbeOERByBYArd or mouse and a

diSplayT&Qﬂ,fQé fﬂ&t%@&%ﬁ%ﬁgﬁg?ﬂi&%@ NN R RRPGE PSEHEBN of an

such as magnétic tape or disk, or an optical medium. The storage

miesdlisin iaybpekusddecuis 8 Hrolg e BT e tusaes i copBiaRmmgs
g%g}@g@ﬁe gﬁg&i&% A Applicateps. anghmavinalude embadimants Rt of a

rograms that 10 implement various aspects of the present invention. The
fondtidmersipiirédP@spractice various aspects of the present invention can

be perfasmad by, LOMRABRANE ek SiRMRICERTISRLIR A NcR patiaty Rfeast

ways including discrete logic components, integrated circuits, one or
o ASIeandrcpr grirReitlled processors. The manner in which

these campanents AlsARRIE DeMed s Aahipparan dodheiRre senipbacnts

invention. Software implementations of the present invention may be '
cavediad toyhlvariapotionadiing PeBUAR I RIEHA STOR %S KaekiBHhengor more

@ggﬂ@gﬁg@@%@%{mm@s throughout the spectrum including from

supersonic to ultraviolet frequencies, or storage media that convey

informatonvirgrye SRt §eany SReTEh § ORI JYOMILRIFRS RidGAtC

tape GRS Ll diste &QWQW%QTHQ@SQ&%@%@M S MpFKNGS @Present
g

media like paper. _,g_ MS 1. A method of processing information
represdimgeat s dhecselgRa il eymeseuhit it SAteRd bRt Afdhe
PRIARRHAMLSRE MG RO ARSI G m BESiviR G igiaRectral components

that were generatéd by application of an a_naéﬁ,is filterbank to the source

signal, whieiainaRempstehmarares BRI dreprebast Yyaethy foshapiotal
of $he sucesianalexprassed:in adityichsnase of a multidimensional

space;
applying an adaptive process to the first spectral components to generate
processed information, wherein the adaptive process is responsive to the estimated

measures of magnitude or phase.

2. The method of claim 1, wherein:

the first spectral components are transform coefficients arranged in one or
more blocks of transform coefficients that were generated by application of one or
more transforms to one or more segments of the source signal; and

the portions of the one or more impulse responses are based on frequency

response characteristics of the one or more transforms.
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obtaining one or more first intermediate components that represent at
least 10 some of the first spectral components; forming a combination of
the one or more first intermediate components according to at least a
portion of one or more impulse responRses to obtain one or more “second
intermediate components; deriving one or more second spectral
companeris fiemohefong Qranetekh ke grguatierresiaisccmReReRifs of the
wherein the second spectral components represent spectral content of

OBPS B g @i&%@f@&ﬂ%@%&hﬂ%ﬁ%@f@&%@r more analysis window

fumedsainBasionel pphied thiak didessltemdherfiisifoHhspRoR: OMAINMGIe segments

timated measyres of magnitude or phase using the first spectral
OO pONERE Y the second spectral components; and 20 applying an

adaptiveTieaashdo dfelfist spettriconprnesis Orgenehater HOeassedorms
sponsive to the estimated

. infrmation, wherein.the adaptjve process is r )
TP S AR GP LA S RS SPEREEA COMHIEHS i time-
ddhediratiapiegiral components are transform coefficients arranged in one or

more blocks of transform coefficients that were generated by application

of one or more transforms to one or more segments of the source signal;

and thhe partiorthof ihbctie G; Mioseinpuiast RPOOL a5 it PASRE©f-ansforms

freque response characterjstics of the one or more transforms. 30 39
e R P R e S oA L e, nd

whirntia tiresecomdepdeanbicins awdpaitentalueharpetesistins it gaeran
ore analysis window functions that were applied with the one or more

Sug]%a%rms to the one or more segments of the source signal. 5 4. The
method of claim 3, wherein at least some of the one or more transforms

imple t an analysis filter pank that generates the first specir
comn bR RbC i FSeih R OPREAH SrRGEA At
coatjeashsdmeind thel onbier erprestednisftraiisifubgnersiecliDiésproladine.

components havipg,real values expressed in the first subspace, and
Trans IS Or O lﬁgd Elscreleecsosm% TansIiorms. p

7. The method of claim 1, wherein:

the first spectral components are transform coefﬁcie‘nts arranged in one or
more blocks of transform coefficients that were generated by application of one or
more transforms to one or more segments of the source signal,

the one or more second intermediate components are obtained by
combining the one or more first intermediate components according to a portion
of the one or more impulse responses, cach of the one or more impulse responses
compfi_se'a respective set of elements arranged in order, and

the portion of each of the one or more imp;lse responses excludes every

other element.in the respecffirc set of elements.

8. The method according to claim 1 that further comprises obtaining estimated

measures of magnitude or phase using one or more third spectral components that are

derived from at least some of the one or more first spectral components.

9. The method according to claim 8, wherein:
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wherein the second spectral values have imaginary values expressed in

the second subspace. 6. The method of claim 5, wherein the transforms

that generate first spectral 15 components having real values expressed

in the first subspace are Discrete €o6sine. Transforms or Modified

Discrete CoO LABSIT Sortnd N SDOL OF AT LIS SIS, ore or
spectral components are transform coe icients arranged’in one or
moretsiekipok srafhistmafo o efiidideits th dalvere geererated by amphlbagéarnt one or

of ong Q& M orms.to or mare s ents of the source signal,
the one or mo%@%%&é%%rnrﬁé} it cgrrlﬁsbg?r?egnﬁtgogfgeo%gaqaﬁgd by
combining tihe Sriedsipactré firstrintentsediadercon fume ntscatimeding &d ewo or

portag LR OBE LIAIR IAYISEISaAgses; each of the one or more

impulse responses 25 comprise a resbeptlve set of elements arranged in
order, and e pineiedmeraskres efarmsaisrdnorebaniscarespertdessegment of

exclydes,auarigihes e ment dn s esReRtve aﬁ{eﬂ)ftﬁé%ﬁl?&‘@e&r&he

method according to claim | that further comprises obtaining estimated 30
meaSUTROBFHYItIAE oF Hissiswd spiguherertrbrernmpaaspactral
components that are. derived from at least some of the one or more first
spectral components. 9. The method according to claim 8, wherein: 40
the &t dpecnsthedrapending relaiamssorhereistiicients arranged in one or

more blockgeiransiQimicQeiicieaia thal )RR IR G IBIRT0V; %B%Lk‘g%ﬁ% one 0-1'

of one or_more transforms to one or more segments of the source signal;

the TAREF Sk toamsBrantedticisatnibatrie gesnsddnorptisadcorof one or
mormofdhedisRacitHCcannBaBis and sheestimategomgasures of

magnitude or phase for a respective segment of the source signal are
obtained alfptNENSOEsHA! SRRt dsEradreBnipambirptpn siht ieor
firstianet FenBdSPepbal AARARPRAIE; 4AdL0. The method according to
claim 8, Whgéein; the first spectral components are transform coefficients

arranged ir} S UPALSE R EIBURS OF MARRIMIA QoRimsREAsRs apae spectral
genesatest by arpieatoB RBNAQEF the source signal are obtained usin g the third

spectral components and the estimated measures of magnitude or phase for at least
some of the spectral content of the respective segment of the source si gnal are

obtained using the first and second spectral components.
11. The method according to clainx 8 or 10 that comprises obtaining measures of

magnitude or phase adaptively using either the third spectral components or using the first |

and second spectral components.

12. The method of claim 1 that comprises adapting the portion of the one or more

impulse responses in response to a measure of spectral component significance.

13. The method of claim 12, wherein the measure of spectral component

. significance is provided by a perceptual model that assesses perceptual significance éf the

spectral content of the source signal.
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more transforms to one or more segments of the source signal; the third
spectral components are derived from a combination of two or 15 more of
the first spectral components; and the estimated measures of magnitude

or phase for at least some spectrat “ontent of a respective segment of the
source signal are obtained using the third spectral components and the

etimthe anatbed afebim rhagiheidedhp REss s At gedis ehepksignificance

reflectSROENALLANERAL AL IDS FERPRCIME-SeEEEAT Al ihRsaukce signal are 20

obtained using the first and second spectral components. 11. The method
according to claim 8 or 10 that comprises obtaining measures of

MagRitide o RNeE8 Adaptivglydiging either the third spectral components

or using the first and second spectral components. 25 12. The method of
claim | thet{Eshopreed seRIpARENSSISIRS AT BITRETB DR HfFS afffgdin one o
RO TRES N ESRANSEIR PRSP U IRL-3RBCH AL OB PRNE R HIONKIE A Be or

13. The method of claim 12, wherein the measure of spectral component
30Ty EBATER 95 BPOIHEE Barbartepiril mbgskiiar e sl sumber of first

peraeRiaksignificanrce of the spectral content of the source signal. -41-
14. The method of claim 12, wherein the measure of spectral component

significhe s aesctBasErATE AP REHE BT BIshiEess itk apidictians:
componepts, 4%, Mg methedRf ¢ /A inwhsrsimsthe Hsteratidlepresent

components are first transform coefficients arranged in one or more__ )
biveREAranivaidhgb e R B BRI AloR Bt Gh&s b fetdnaRrridiisients in
Ofg Rl JNQIE-SR6LReRts of the. source signal, a respective block having a

first number of first” transform coefficients; the second spectral
comporéaticaradeepRar talisfofcEsiER AR a second number of
second transform coefficients are derived that represent spectral content
that is also represented by some of the first transform coefficients in the
réépeliivepienk ohrgiRd sBESHA number is less than the first number. 15

16. The spgthed A claimele - Whekeediate components differ from the first spectral
components from which they are derived; and
the second subspace of the multidimensional space includes a portion of the

multidimensional space not included in the first subspace.

17. The method according to claim 1, 2, 9, 10 or 12 that comprises:

applying the adaptive process to the first spectral components to generate
synthesized spectral components;

deriving one or more third intermediate components from the first spectral
components and/or the second spectral components and from the synthesized spectral
components; and

generating one or more output signals conveying content intended for human
perception by applying one or more synthesis filterbanks to the one or more third

intermediate components.

18. The method according to claim 17, wherein at least some of the synthesized

spectral components are generated by spectral component regeneration.
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at least some of the first intermediate components differ from the first
spectral components from which they are derived; and the second
subspace of the multidimensional space includes a portion of the
multidimensional space not includedn the first subspace. 20 17. The
method according to claim 1, 2, 9, 10 or 12 that comprises: applying the

dfaptivepriretacermingria Jpueitdl RarRISEhRNE S YBePhlEe syRtRedY
spectraf? 93&%@5@9@ RRNGINS: AEIIKINGLHR s MBI i BHRINAABISRABHORRDES
rom

om the first spectral 25 components and/or the second spectral

second SpRANGMEPRDANETIOFARIFECSYINEh & SPERSHE A AP HRDERTERRS fefrgplurality of

source 98REI@ting one or more output signals conveying content intended for
hdman perception by applying one or more synthesis filterbanks to the
one or more third intermediate components. 30 18. The method

agrorging. i clainblabeseinial leastinomes afithe: syntbesiarctyshecial

components are generated by spectral component regeneration. 35 -42-

spectral gompeNeRithE SRRIRIgbIocORINNIE (VRBRERTERSaReaREsGPder second
spectra? WOHESHEEA IR HAEAMBARRRAIR %dﬁr@%iﬁéﬁtﬁﬁo@)é&%@@ﬂm%ﬂ@Eb@fzﬁﬂl%frality

spectral components and/or second spectral components representing a

of sourggHpdite of spectral content for a plurality of source signals. 5 20. The
method according to claim 17, wherein at least some of the synthesized
spectral components are generated by combining first spectral

compdseneshaddrerasdiahty dpettalc8mpdiichd praviaEss composite
represe%ﬂgﬁﬁiﬁé sheetal centantior Riuraliy a;%faﬁ%@ﬁ&&%@lﬁs H¥dbank to

The method according to claim 1, 2, 9, 10 or 12 that comprises:
JenapaRRystEBirst spectral components by applying the analysis filter

bank toapplying the adaptive process to the first spectral component {o generate
encoded information representing at least some of the first spectral components; and

generating an output signal conveying the encoded information.

22. A medium conveying a program of instructions that is executable by a device 1o
perform a method of processing information representing a source signal conveying content
intended for human perception, the method comprising:

receiving first spectral components that were generated by application of an
analysis filterbank to the source signal, wherein the first spectral components

represent spectral content of the source signal expressed in a first subspace of a

multidimensional space:

obtaining one or more first intermediate components that represent at least
some of the first spectral components;

forming a combination of the one or more first infermediate components
according to at least a portion of one or more impulse responses to obtain one or more
second intermediate components;

deriving one or more second spectral components from the one or more
second intermediate components, wherein the second spectral components represent

spectral content of the source signal expressed in a second subspace of the
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the source signal; applying the adaptive process to the first spectral
component to generate 15 encoded information representing at least
some of the first spectral components; and generating an output signal
conveying the encoded information?22. A medium conveying a program
of instructions that is executable by a device to perform a method of
probidisngsinnsiraisr e Sendry ke et WBiRscEonveying content 20

intendeghiar ManRAECERUOM RS MeiBath CRMPHEIG s P GifiSipectral
spectral components that were generated by application of an analysis

fileaPpantaEo 2nd B8 sreeRIgRSL e BIR P iist¥hectral components
represe 3peeiral Koot gliheseuIcesg @gb&%@i@@ﬁ%ﬂﬁrﬁsﬁt@‘generme
subspace of a” multidimensional space; 25 obtaining one or more first,
interasseldrs B enis THAT RE SHESENE A RESSE 1SOFBOOFtHR Hrdtesddnaipd
GRPARQARE BSHIRFMING 8:Gmkination of the one or more first intermediate
components according to at least a portion of one or more impulse
responses to obtain one or more second intermediate components; 30

deyiving angianere-secend,spegtial components from the one or more
second intermediate components, wherein the second spectral

comporiBaiErrepesiercepeeRars SHdHI B Sotlie WL ea5e"
a,secandkeubspaseraiing 35 cA3ndmmidinensionalanacepihataifiers o

the first subspace; obtaining estimated measures of magnitude or phase
Ui trRaTirsmsiearsI R BHpOTRES IR A Y serrdigsabiitcomponents;

and applying.a.adantive Rresessioihafistspeeial semrRuaHFiQuency
generate 5 processed information, wherein the adaptive process is

rESPORENA ARSI TR ALIRL SR HREdRtEr s s Psadsen

redim OfRlain 22 Whesinith ol st SRe G RIcARROREINS-A @ rARElOHIM the
coefficients arranged in one or 10 more blocks of transform coefficients

{108 WEROTCHE? YOI RARIBNTBPERE BRERTS A RARSISIRS B Bne or

more segments of the source signal; and

24. The medium according to claim 22, wherein the method further comprises

obtaining estimated measures of magnitude or phase using one or more third spectral

~components that are derived from at least some of the one or more first speciral components.

25. The medium according to claim 24, wherein:

the first spectral components are transform coefficients arranged in one or
more blocks of transform coefficients that were generated by application of one or
‘more fransforms to one or more segments of the source signal;

the third spectral components are derived from a combination of two or more
of the first spectral components; and

the estimated measures of magnitude or phase for a respective segment of the
source signal are obtained adaptively using either the third spectral components or

using the first and second spectral components.

26. The medium according to claim 24, wherein:
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the portions of the one or more impulse responses are based on
frequency response characteristics of the one or more transforms, which
are dependent on characteristics of one or more analysis window
functions that were applied with thef's one or more transforms to the one
or more segments of the source signal. 24, The medium according to
~ claim 2thadigrensehal iR gntes 8’@%&@&06%%51%@3%%%?@60% or

measussebMagniiyas ornaseNsing vae gLerredhidspesiiah of one or

components that are derived from at least some of the one or more first

SpOHEIEMBS e RS FUTIEE TREGHIEI0NS COOrIMY $8281aim 24, wherein:
the first,spagtial CAmRPASALL AR aRsierMaqeiisie Bt A RRBRY IMvANE: Fore

more blocks of transform coefficients that were generated by application
off dhe Tt ARSFETBIISTRPRSIS:GWE or more segments of the source signal,

25 the third spagiial GOMRRREAS AR ARV G fram@:camhinatipr gldwaor

more of the first spectral components; and the estimated measures of
R AUk oP paEE TSP EnreRRCHre QUGB AR BF Ao Bl Wiga dhagird
obtained adaptivety ssingLitheniha 1 SRe G LaMBONEN R HYRGlcast

the first and 'second spectral components. 30 26. The medium according

terataint the, spperalromsnuef fHaerRed e tPAMShpoRE HR R IR B Fm
casfficiantsAraRgadinRne Qnngsehladknafdiansiorm coefficients that

were generated by application of one or more transforms to one or more
segments of the source signal; the third spectral components are derived

from-A,combINAtan.Qfdwe & neke25, ofrheifiratspratial ComPREEHL:ANE

the estimated measures of magnitude or phase for at least some spectral

measugsIEmEER HHEspRElive SEgRIBIRI RS SHFEANS Shiaf SPSEBIARBRUGR or
using dPerird, sReCIR spmpaneRisanddhe estimated measures of magnitude

or phase for at least some of the spectral content of the respective
segment of the source signal are 10 obtained using the first and second

SPECH AL CRIRPASMSaim 22, wherein the method comprises adapting the portion of
the one or more impulse responses in response to a measure of spectral component

significance.

29. The medium of claim 28, wherein the measure of spectral component
significance is provided by a perceptual model that assesses perceptual significance of the

spectral content of the source signal.

30. The medium of claim 28, wherein the measure of spectral component

significance reflects isolation in frequency of one or more spectral components.

31. The medium of claim 22, wherein:

the first spectral components are first transform coefficients arranged in one or
more blocks that were generated by application of one or more transforms fo one or
more segments of the source signal, a respective block having a first number of first
transform coefficients:

the second spectral components are second transform coefficients;
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27. The medium according to claim 24, wherein the method comprises
obtaining measures of magnitude or phase adaptively using either the

~ third spectral components or using the first and second spectral

components. 15 28. The medium oftdlaim 22, wherein the method
comprises adapting the portion of the one or more impulse responses in

respon<EStE M ARRBE Grspent- A0S iRpB reRtlSighIficEnter vl sbatFraresent

resdivm QfiflainneBiswherriprthenpeasuient sparmlcampenentoefficients in
significance is i)rovided by a perceptual model that assesses perceptual

Shmimensiy obipgs9ectral content of the source signal. 30. The medium

of claimy@28; wheseiibernaasuie.aftseestiaheapaponent 25 significance
reflects isolation in frequency of one or more spectral components. 31.

The medium of claim 22, wherein: the first spectral components are first

transiormeaafficiantz@irangereizigne or more blocks that were
generated by application of one or mare transforms to one qr 30 maqre

segmerftsl BT EGEICH ST TR BIRRREANG A RS AbfiBat Fectral

fisshansiermsogificientsy the sacent spectral components are second
transform coefficients; 35 - 45 a second number of second_transform

coefficiehtsaiendeterpasatiisBudHtsastPRptsPAEnthLERS iggrtion of the

reprreemMiadibysepaeofsha frstdramsior mreosffigiapds in the respective
block; and the second number is less than the first number. 5 32. The

medium of claim 22, wherein at least some of the first intermediate

compapentsidiffer-romithaditsiispectahaempanenis st miiebsthey are
derived; and the second subspace of the multidimensional space includes

a portioARHIEHE: 6 ABRIHIMRINSTIAP<PaBhIRTHERIFEF R HE g senerate
sgyﬁg@ﬁgeégjegﬁg@@gmﬁggording to claim 22, wherein the method
Compnsggr:iving one or more third intermediate components from the first spectral
components and/or the second spectral compenents and from the synthesized spectral
components; and
generating one or more output signals conveying content intended for human
perception by applying one or more synthesis filterbanks to the one or more third

intermediate components.

34. The medium according to claim 22, wherein the method comprises:

generating the first spectral components by applying the analysis filter bank to
the source signat;

applying the adaptive process to the first spectral component to generate
encoded information representing at least some of the first spectral components; and

generating an output signal conveying the encoded information.

35. An apparatus for processing information representing a source signal conveying

content intended for human perception, the apparatus comprising:

means for receiving first spectral components that were generated by
application of an analysis filterbank to the source signal, wherein the first spectral
components represent spectral content of the source signal expressed in a first

subspace of a multidimensional space;
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applying the adaptive process to the first spectral components to generate
synthesized spectral components; 15 deriving one or more third

intermediate components from the first spectral components and/or the
second spectral components and fréthe synthesized spectral

components; and generating one or more output signals conveyin

content MABHUEY PHEHBIRG ANP EFCBPTRBY MEPRAAGGOBP ISR YAt RRgsent

fillerbanksiio dre.ong@Lpeeratbisg gdhitgrmediate components. 34. The

medium according to claim 22, wherein the method comgises: generating
the first Gaetr Bt dompOES RSB EHINIAG H5cCRR Ay SIS s bR Weee
SQIHER AN SR @RRIYING %&%@Qdﬁ&@l‘é% prosRsS: R Reifist P& Rhses to obtain
component to generate encoded information representing at least some
oPIREHIRPISEERR] BYRTPUHEHECARBOYEBrating an output signal
conveyipg.the gpaeHe s nfRAtaRe32c AN ApRAatUS fRREAEERSINGhe one or

information representing a source signal conveying 30 content intended

fRAEFEATSEIEPTBRIR S UPPArSHlS BORTEHSIAE SPReRth SR TR CIMRGTRRLS
sperlaleoprPeResthabVEieHeRe atati ARRIAANON O Y RRINSIS of the

filterbank to the source signal, wherein the first spectral components
repriEimespenahsRasEt e JRm B e igirareREeSsed in a first

subspacgQf auitidimensional shaeewhfesmeans i bR BINgaNenethe first
more first intermediate components that represent at least some of the

fiFEESFEPARBHAS FEAE BT RASKSRY FRITR QRFRISHRSoN of the one or
more firgtdnte %&eﬂiﬁi‘j’ilfgoéﬁpﬂagﬂ% aesarding e atleast arpociapalanen
or more impulse responses to obtain' 5 one or more second intermediate
OB ATecFHEAHE fom KiinY el b iR Bre R BEoa S S rEsEBMpSHarts
framthe one Q. MAbe secendiinigrppgeiate components, wherein the
second spectral components represent spectral content of the source
signal expressed in a second subspace of the multidimensional space

thet differs,ftamnibe fialistbspraei-i9 means for obtaining estimated

.measures of magnitude or phase usin? the first
¢

the first spectral components are fransform coefficients arranged in one or
more blocks of transform coefficients that were generated by application of one or
more transforms to one or more segments of the source signal; and

the portions of the one or more impulse responses are based on frequency
response characteristics of the one or more transforms, which are dependent on
characteristics of one or more analysis window functions that were applied with the

one or more transforms to the one or more segments of the source signal.

37. The apparatus according to claim 35 that further comprises means for obtaining

estimated measures of magnitude or phase using one or more third spectral components that

are derived from at least some of the one or more first spectral components.

38. The apparatus according to claim 37 wherein:
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spectral components and the second spectral components; and means for
applying an adaptive process to the first spectral components to generate
processed information, wherein the adaptive process is responsive to the
estimated measures of magnitude'éWp‘hase. 15 36. The apparatus of
claim 35, wherein: the first spectral components are_transform coefficients

arrangeefiEH EnSFINGIRTBIORRE B ATRHARs e seRT G RE IR b N one or
generpied.byappligaiion lene.Af Maredransiunmede PRgICANLELf one or

segments of the source signal; and 20 the portions of the one or more

impislsarekppldesBrebaNEE BEReRiei e rapeh e aracteristics of
the oneypr mﬂﬁﬁm&%%% A& HeReNdRNL AN EhSkRELERISHes:Obr more

one or more analysis window functions that were applied with the one or-
wiblectfapsTBrRER GUPOPRE Aidre segments of the source signal. 25 37.

The appgraiys,aceiHing e Ciaim-3aithat b ercaspRisqs MeaRsdRknt of the

obtaining estimated measures of magnitude or phase using one or more

thirdospeenal aembeinediadit vake werR sty b e sPeimbGREGRE o
Qs PoEdirstspertal HerepeRanismRBeddesapparatus according to claim

37 wherein: 30 -47- the first spectral components are transform
coefficients arranged in one or more blocks of transform coefficients that

weregenerated by arplicationcefianerokmeasm transforms to one or more
segments of the source signal; the third spectral components are derived

~ from a ¢BerBIFERSAIET GO5IBPRSBI 25 SRIREOR CopEI I SRRk 28R 4T
the estimated Maastes A mrRuNiNERORhASE ORI BSROBINGREOFTORL or

of the source signal are obtained adaptively using either the third spectral

OBATPAERTETENS RIS METRES SHRISOEDALEH SRWAF SSiPonents. 10 39.
The appgtatiaaceRRiniRlalR e MbaiRinihe firsh8BREHAL of two or more

components are transform coefficients arranged in one or more blocks of
tedfribrofinstomerisib ASPRISHER Y nerated by application of one or more

transforgs 1:QR8LF MeLeSeIMenimahithe spHEsE HgRakast some spectral
content of a reséective segment of the source signal are obtained using the third
spectral components. and the estimated measures of magnitude or phase for at least
some of the spectral content of the respective segment of the source signal are

obtained using the first and second spectral components.

40. The apparatus according to claim 37 that comprises means for obtaining measures
of magnitude or phase adaptively using either the third spectral components or using the first

and second spectral components.

41. The apparatus of claim 35 that comprises means for adapting the portion of the

one or more impulse responses in response to a measure of spectral component significance,

42. The apparatus of claim 41, wherein the measure of spectral component

 significance is provided by a perceptual model that assesses perceptual significance of the

spectral content of the source signal.
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the third spectral components are derived from a combination of two or
more 15 of the first spectral components; and the estimated measures of
magnitude or phase for at least some spectral content of a respective
segment of the source signal are obitdined using the third spectral
components and the estimated measures of magnitude or phase for at

|43stThe arrRiHe QrdeardoMBHE DY e PeapEeRie REGRrRIBPaREnt

sienifi SRINCR AiIgnel 31820 abtainechLpinghedirshanshsesand aRReALs.

components. 40. The apparatus according to claim 37 that comprises
means for obtaining measures of magnitude or phase adaptively using

elther-the fhird spestralicomongpts:.or using the first and second spectral
components. 25 41. The apparatus of claim '35 that comprises means for

adaptindrenBrHomRsT e SRBPSHENST FoFeSripaRerre peRkae s rEgpERddane OF
ARRASING OleR A LEARReR SN SIFRIHERNCE: o Ao T RBRARM @RIt 0 one or

claim 41, wherein the measure of spectral component 30 significance is
prOVRIEE By HSpE Beptomich sgaptratersse e blpekduping slynimunber of first
thenspesiraleaptent of the source signal. 35 -48- 43. The apparatus of

claim 41, wherein the measure of spectral component significance reflects

isolatiorili fPERRE MRS BRLIRIBIONIEIE S5eErAILERSEEntocAsionty
apparatysRbalimmR whetehhd:tha fish spesttacompeRentsiaka igesent

transform coefficients arranged in one or more blocks that were

gesEEHSP By HPRCEA PP IEBIE B sh SRS S idis e gprmsrstTicients in

seamepts @fdhg.spuiae signal, a respective block having a first number of
first transform coefficients; the second spectral components are second

transforfhecBeRRIentabeD 18 ket gt HimiBer3maddond transform

coefficients are derived that represent spectral content that is also
represented by some of the first transform coefficients in the respective
bfoekF aharprsadecedithdmBEeEiss than the first number. 15 45. The

apparatys|claimbaR ¥MBEeiRst intermediate components differ from the first spectrat
components from which they are.derived; and
the second subspace of the multidimensional space includes a portion of the

multidimensional space not included in the first subspace.

46. The apparatus.according to claim 35 that comprises:

means for applying the adaptive process to the first speciral components to
oenerate .synthesized spectral components;

means for deriving one or more third intermediate components from the first
spectral components and/or the second spectral components and from the synthesized
spectral components; and

means for generating one or more output signals conveying content intended
for human perception by applying one or more synthesis filterbanks to the one or

more third intermediate components.

47. The apparatus according to claim 35 that comprises:
means for generating the first spectral components by applying the analysis

filter bank to the source signal;



at least some of the first intermediate components differ from the first
spectral components from which they are derived; and the second
subspace of the multidimensional space includes a portion of the
multidimensional space not includedn the first subspace. 20 46. The
apparatus according to claim 35 that comprises; means for applying the
adaptivB\prBT ESsARPHE &8 SHBEHEP BEPRBOEHS Y herte SRmBSHda
SRectal carRenshisHReaNsdpr-datiMingoRes0sMRr e thitdintamediate
components from the first 25 spectral components and/or the second
SpERREIESIPdhents and from the synthesized spectral components; and
means QL GRTBFYIAG ARROBAIBP UM iSRRI GRS VNG GaNBREmation.
intended for human perception by applying one or more synthesis
filterbanks to the one or more third intermediate components. 30 47. The
apparatus according to claim 35 that comprises: means for generating the
first spectral components by applying the analysis filter bank to the
source signal; -49- means for applying the adaptive process to the first
spectral component to generate encoded information representing at least
some of the first spectral components; and means for generating an
output signal conveying the encoded information. 5



