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(57) Abstract

Several audio signal processing techniques may be used in various combinations to improve the quality of audio represented by an
information stream formed by splice editing two or more other information streams. The techniques are particularly useful in applications
that bundle audio information with video information. In one technique, gain—control words conveyed with the audio information stream
are used to interpolate playback sound levels across a splice. In another technique, special filterbanks or forms of TDAC transforms are
used to suppress aliasing artifacts on either side of a splice. In yet another technique, special filterbanks or crossfade window functions are
used to optimize the attenuation of spectral splatter created at a splice. In a further technique, audio sample rates are converted according
to frame lengths and rates to allow audio information to be bundled with, for example, video information. In yet a further technique, andio
blocks are dynamically aligned so that proper synchronization can be maintained across a splice. An example for 48 kHz audio with NTSC
video is discussed.
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BACKGROUND ART The process of editing audio or video
material is ksl | y one of splicing or butting tog.%tl.l(}fsr -
segnent s of ggf??gilg]ﬁ. A sinple editing paradigmis the process 0 gﬁ}?{‘\’ig}lg
and 15 splicing notion picture film The two segnents of material to be
spliced may originate from different sources, e.g., different
channel s of audio information, or they may originate fromthe sane
source. In either case, the splice DESCRIPTION eates a discontinuity in the
audi o or video material that may or may not be percepti ble.

Audi o Codi ng 20 Frame-Based Audio Coding With Additional Filterbadl® ock Processi ng
The grow ng use of digi ttg/SupprdisAiiaing! Afieds AFramk Bouhddiese difficult to
editsaudi o material wthout creating audible artifacts. This has
occurred in part because digital audio is frequently processed or
encoded in blocks of digital sanplBEHNEGAIMRELR: processed as a bl ock.

Many perceptu ] sti.c-pased. audi o codi ng .systens utjlize .
filterbanks O?‘hg $§ﬁ§§é§%®§%’teiafegbt&ﬁlﬁalgrsfg%ﬁﬂ Saate ‘.Ei@lﬁ!a ﬂf%'énqt’r?!‘o

bl ocks obtresmsodte drrangeddn frafiieg 6 LinferaizEbe SinParticudSthe pfdsent inventioR § el LR S
that nmust be synthesis filtered or inverse transtormed as bl ocks to recover

a repl i cimproving the pudip quality gf pudio informationatreamsiformed by splicingl framefbasedaudio

pr oggsse ngﬂq ' nmust be done at a bl ock boundary; otherwi se,
aud?g ing’ornadlbg?fhrg%g%’esent ed by the remaining partial block cannot

BACKGROUND ART
The process of editing audio or video material is essentially one of splicing or butting
together two segments of material. A simple editing paradigm is the process of cutting and

15 splicing motion picture film. The two segments of material to be spliced may originate from
different sources, e.g., different channels of audio information, or they may originate from the
same source. In either case, the splice generally creates a discontinuity in the audio or video
material that may or may not be perceptible.

Audio Coding
20 Block Processing o
The growing use of digital audio has tended to make it more difficult to edit audio
material without creating audible artifacts. This has occurred in part because digital audio is
frequently processed or encoded in blocks of digital samples that must be processed as a block.
Many perceptual or psychoacoustic-based audio coding systems utilize filterbanks or transforms

25 to convert blocks of signal samples into blocks of encoded subband signal samples or transform
coefficients that must be synthesis filtered or inverse transformed as blocks to recover a replica
of the original signal. At a minimum, an edit of the processed audio signal must be done at a
block boundary; otherwise, audio information represented by the remaining partial block cannot
be properly recovered.

30 Throughout the remainder of this discussion, terms such as “coding” and “coder” refer to
various methods and devices for signal processing and other terms such as “encoded” refer to
the results of such processing. None of these terms imply any particular fdrm of processing such
as those that reduce information irrelevancy or redundancy in a signal. For example, coding

includes generating pulse code modulation (PCM) samples to represent a signal and arranging
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be properly recovered. 30 Throughout the remai nder of this
di scussion, terns such as "coding" and "coder" refer to vari ous
met hods andWeS9izss for si gnal processiing and other terns suRCH/ESIS207810ded"
refer to the results of such pr@ces& ng. None of these terms inply
any particular formof processing such . as those that reduce
information irrelevancy or redundancy in a . signal. For exanple, coding
L o SREBRRSA Rl il OF R ERAR 1 Wme SN ORER! Peinds Tl R H60E

gnal arran rrratl into patterns or tornats according
to soné‘ﬁapret |a§ umdtm tlns diseloswse safertto@sou‘psloomtérvals«bf information that A8/ #itiBB7 WO EP

-2 " t hi.s «di t
i nt er vAfam gqhat ber %Hle?‘%i‘f‘ustsrﬁgf Itorr:%lvvlgl%ﬁ’ Ié'?C &5 the Aﬁlsi \f\lﬁaﬁrggﬁ%é'\ga@ane terns
refer t@nRlimeYRESwh asSHE ABRS3/EBU lﬂgxtall"alﬁlho?starﬂQrd.l Y8 HRA48 FHiter” '

5 “ﬁlterbank” as used herem include essentlally any form of recursrve and non-recursrve ﬁltenng

such as quadrature mrrror ﬁlters (QMF) e d” informatxon 1s the result

of applymg such ﬁlters More partrcular S of fi ._erbanks 1mplemented by '
oo e | :
An additional limitation is imposed on editing by coding systems that use overlappmg- -
10 block structures to process and encode program matenal Because of the overlappmg nature of
the encoded blocks, an ongrnal s1gnal cannot properly be recovered from even a complete block
of encoded samples or coeffrcrents o '
 This hmrtatton is clearly rllustrated by a commonly used overlapped—block transform the

rnodlﬁed discrete cosine transform (DCT) that is descrlbed in Prmcen Johnson and Bradley,

15 "'Subband/Transform Codmg Usmg Frlter Bank Des1gns Based on Time Domam Ahasmg
Cancellatron " ICASSP 1987 Conf Proc May 1987 p- 21¢ 1-

domain equivalent of an oddly-stacked crmcally sampled smg,le srdeband analy51s-synthe51s |

64 Thrs transform 1s the tlme-

system and is referred to herein as Oddly-Stacked Trme—Domam Aliasing Cancellation

(O-TDAC). The forward transform is apphed to bloc

20 one—half the block length and achreves cntrcal samplmg by decrmatmg the transform

of samples that overlap one another by - o

coeﬁ'rcxents by two however the mformatmn lost by thlS decrmatlon creates trme—domam _
| :alrasmg in the recovered srgnal The synthesrs process can cancel thls ahasmg by applyrng an
inverse transform 1o the blocks of transform coefﬁcrents to generate blocks of synthesized
samples, applymg a suitably shaped synthesrs window functron to the blocks of synthesrzed
25  samples, and overlappma and adding the windowed blocks For example ifa TDAC codmg
system generates a sequence of blocks Bl-Bz, then the allasmg artifacts in the last half of block
B and in the first half of block B2 will cancel one another | _
If two encoded information streams from a TDAC coding system are spliced at a block
boundary, the resultmg. sequence of blocks. wrll not cancel each other s ahasmg artlfacts For
30 'example suppose one encoded 1nformatlon stream is cut so that it ends at a block boundary
between blocks B;-B, and another encoded 1nformatron stream 1s cut so that 1t beglns ata block

boundary between blocks A1~A2 I these two encoded mforrnatron streams are sphced so that
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soneti mes known as the AES-3/EBU digital audio standard. Terns such as
"filter" andwo.”m185 "filterbank" as used herein include esseg&&.&)sb%/ndalgy
rature

form of recursi'vée and non-recursive filtgring 5 such as qua

mrror filters (QW) and transforns, and "filtered" information is the
resul t of applying such filters. Mire particular nmention is nmade of
filterbanks inplenented by t ransf or ns. An addi ti onal

|'i mi t at islock B, immedietdlygpreeedes block Ay, themttheglissing ertifadihin the dast hal€ of blopk By -

bl ock structures,t 0CEeSS d encode program materi al. Because of the

over | app?’ﬁt}ilﬁgfsﬁlhél%%bi]@iﬂ “fa‘ﬁge’éeﬁég'd’é‘?} %P%ERE‘? a%mﬁ?fri gi nal signal cannot

properly be rerOmeheds iﬂd%@vﬁ:\éﬁaft_?jﬁf?ﬁmﬁhﬁhﬁv@éiﬂﬁk.ignoreid the F%l&ﬁ%?ﬁﬁ& sanpl es
i's

or coefficients. Imtation i's clear ilTustrated by a

cormonl| yprovided unsatisfaptossdiutions. Onesodttionnededes the audibilityrafithe tneandéliad: aliasing

” Subandr e PP eHEnN ob dBiering BF PRbbREMS o A hend BB prRBR o 1
Al i asi ngcrbSsfading-entcaidicaéticamm intol thA\56her, bA8 fe-Sattidingthe eesulth)erdR3fded Bizeam into
2161-64. This transformis the tine- onmai n_ equi val ent of an

oddl y- st hareaneaded pedip styeam infadunately the 5?@@5&9.@%& pyagess degradrsshe resulting
Chncel | Rl ant BloReds o a (6 P bt ShA MO TS et o i
of sanpl side bt splicercangotdeéndepeaideatly bacovered becaustithelvrddsfadb eammiod &k undegy. h
andmachi eves critical sanmpling by ds%%étr;ﬁtgpﬁgtetr he transform
Splice edits create another problem that the prior art has failed to address. This problem
is particularly troublesome with split-band perceptual coding techniques like perceptual coding.
Perceptual split-band encoding applies a filterbank to an input signal to generate subband signals
or groups of transform coefficients having bandwidths that are commensurate with the critical
15 bandwidths of the human auditory system. Ideally, each subband signal or group of transform
coefficients is quantized or encoded with just enough bits to render the resultant quantizing
noise inaudible by having the noise masked by spectral components in the original signal.
Coding performance is affected significantly by the frequency response characteristics of the
filterbank applied to the input signal to generate the subband signals or transform coefficients.
20 Generally, these characteristics are optimized by increasing the attenuation of frequencies in the
filter stopband in exchange for a broader filter passband. For example, see U.S. patent
5,109,417.
Splice edits tend to generate significant spurious spectral components or “spectral
splatter” within a range of frequencies that is usually within the filter passband or transition
25 region between passband and stopband, and not within what is regarded as the filter stopband;
hence, filterbanks that are designed to optimize general coding performance do not provide
enough attenuation of the spectral splatter created at splice edits. These artifacts are usually
audible because they are usually too large to be masked by the original signal.
Audio and Video Coding
30 Frame Synchronization
Even greater limitations are imposed upon editing applications that process both audio
and video information for at least two reasons. One reason is that the video frame length is

generally not equal to the audio block length. The second reason pertains only to certain video
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20 coefficients by tmo;.homever
creates tinme-donmain
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aliasing in the recovered si gnal .

the information lost by this deci mat i on
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the bl ocks of transform coefficients t-é-generate bl ocks -of synt hesi zed

sanpl es,
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applying a suitably shaped synt hesi s wi ndow function to the bl ocks

"and overl appl ng and - addi ng the w ndowed

bl ocks. r.generat.es .a.sequence of

bl ocks sﬁf‘g?‘?f ic%“[nglr‘ﬁf: tht‘r’f’éﬁe tA@eaﬁﬁaaeqms t&?tt'? F}' tand ger multiplesof theydiof bl ock'

B[ er r] sapleiratet AR of tHeSdxamplek e
It[ t\/\/%);grflgdeg |nfoor%t?ogestﬁgﬁlwgghgw%}gﬁ déé“’ﬁﬁg'? %dé‘? Qg%gpﬂf iced at

a bl ock® k samplesiper segand, Mess professional mrmemehmatbl Siitlar wrlsidemion@ance|
h ded
*nf or mapy 18 oftt SRl LCPES B | Khmples per sebBR Btfon ST REEn " bet ween

bl-®cks caisamet edlipmedt. and- anot her encoded i nf or mati-on streamis. cut--so t hat

it begins at,a.bl ock bet ween. bl ocks Alerr]-Alerr]. If t hese’
two enc odedtr?l frameand block ﬂ?"ggﬁgg%ﬁeé‘e@bl"idé‘é andsaudio, geding standards are ish@®jm in |

of "oy bp T e TRBITE AP EIE T il Syits B0 ISR ) LACIIPER (P SplR s, o'
cancel -gdg{ynrejl and MPEG-2 Layer Il codmg techmques specified by the Motion Picture
Thi's | Exxs ] érogp of &mlntemanonatl Standards Organlzatron in standard ISO/IEC 13818-3. The
10 entry for "AC- 3" refers toa codmg techmque developed by Dolby Laboratones Inc. and
specxﬁed by the Advanced Telev151on Systems Commlttee in standard A-52. The “block length”
for 48 kHz PCM is the time mterval between adjacent samples '

_Video= Standard _ Frame Length Audio S'tandard Block Length

DTV (30 Hz) 33.333 msec. PCM 20.8 psec.
. NTSC 33.367 msec. "MPEG II 24 msec.
PAL 40 msec. MPEG 1II 24 msec,
Film 41667msec.  AC3  32msec.
Vldeo Frames Audio Frames S
- TableT ~ Tablem =

In applxcatrons where video and audlo information is bundled together audio blocks and ”
15 video frames are rarely synchromzed The txme interval between occurrences of audxo/vrdeo e
synchromzatlon is shown in Table IIL For example the table shows that motion plcture ﬁlm, at
24 frames per second, will be synchronized with an MPEG audio block boundary exactly once

in each 3 second period and wnll be synchronized w1th an AC 3 audio block exactly once in each
4 second period.

Audio Standard | DTV (30Hz) _ NTSC PAL Film _
PCM 33.333 msec. 166.833 msec. 40 msec. 41 667 msec
MPEG II ~ 600 msec. ' 24.024 sec. 120 msec. " 3sec.
MPEG III 600 msec. 24.024 sec. 120 msec. 3 sec.
AC-3 800 msec. 32.032 sec. 160 msec. 4 sec.

| Tlme Interval Between Audlo / deeo Synchronxzatton
- ' ' ‘Table III
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99/ 26837 WO EP -3 -
The net hods %qgﬁgl ces of the prior art have either ignoredpdresesedisem or
have “%? A leq unsatisfactory solgtions. One solution reduces the
audi bility of the uncancelled aliasing artifacts by recovering or
decoding the original audio fromeach encoded audi o stream

crossfadi ng one audio streaminto the other, and re-encoding the resultant
crossfaded stTheadterval tletwéen occarréiees ef wyadkrdnization) expressedhin bombetswsfaiudioy, t he
decode/ re-encode process degrades the resulting . signal, the process
i ncurs Rlacksto videq frames, sshowads Tale IYnHox sampls, mﬁhror@%agwmocmwfyeweon

ei ther betwre nA%-g%l&ic%E&?P%g#eaﬁ?es%ﬂﬂﬁE%n RRe AORARAAY § ¥udi& BRERE B8Rl BofRYSe

the cros e cannot be un . e
Spect r affrafyes.a8ignificantly, five frames of NBBCivideoaui¢ tesjured ta synahronizerwitlr 8)0D8 m t hat

thegpri t iled,to. address.. Thi lem10 | ticularl
L1 ol o SBRBIenPLRCM A (i SeRiemien orAhs ab o Artased B8Rt copt ual

split-band encoding applies a filterbank to an input signal to
gener at eAgHRPHRHdR O 2DTVBEIFHUPS Of NTSC PAL Film

PCM 1600 : 1 8008 : 5 1920 : 1. . 2000:1

MPEG II 25:18 1001 : 720 5:3 125: 72

MPEG I 25:18 1001 : 720 5:3 125:72

AC-3 25:24 1001 : 960 5:4 125 : 96

Numbers of Frames Between Audio / Video Synchronization
Table IV
When video and audio information is bundled together, editing generally occurs on a
video frame boundary. From the information shown in Tables III and IV, it can be seen that such
an edit will rarely occur on an audio frame boundélry. For NTSC video and AC-3 audio, for
10 example, the probability that an edit on a video boundary will also occur on an audio block
boundary is only 1 / 960 or approximately 0.1 per cent. Of course, .both edits on either side of a
splice must be synchronized in this manner, otherwise some audio information will be lost;
hence, it is almost certain that a splice of NTSC / AC-3 information for two random edits will
occur on other than an audio block boundary and will result in one or two blocks of lost audio
15 information. Because AC-3 uses a TDAC transform, however, even cases ih Which no blocks of
information are lost will result in uncancelled aliasing distortion for the reasons discussed
above. |
This problem is analogous to the audio block-processing problems discussed above. The
methods and devices of the prior art have either ignored the video/audio framing problem or
20 they have provided similar unsatisfactory solutions, i.e., perform “post processing” of the audio
by unbundling the audio information from the video information, decoding the encoded andio
information, editing the recovered audio information, and re-encoding and re-bundling the audio
information with the video information.
Data Synchronization |
25 It was noted above that S frames of NTSC video are required to'synchronize with 8008
samples of PCM audio at 48 k samples per second. In other words, NTSC video frames do not

divide the audio information into an integer number of samples. Each NTSC frame corresponds
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transform coefficients havi ng bandwi dt hs That—are: conren

te with the
critical bandw dt hs of the human au | deal | y, each
subband si gw& 992118r oup of transform coefflil]lu;glreg{H§S¥§eer?lc‘neplaced ms%mﬂsmr
encoded with just enough bits to render® 1 helm lmﬂl:'pl zi ng noi se
I naudi bl e by 15 havi ng the noi se masked onents in the
original signal. Coding performance is ~affected significantly by the

-

| nput ST SRR B PN 8 s heR ol idercibctR bufRAt SR kS It sk
Gener al pfan 1hleg§renumber of sagpdésauricoeffisientss Thiseambé amoztnnlodaYed tt;c:{rmglnyhb he
attenuati on frequenC| es in the f Iter st opbandg hangg for a

br oaderaudio samplpsistomfeneating seqienfrplaudiofarns onffameetfose’twlmlﬁ%
Splice thllzt tséﬂ]ﬁ ts@z g‘nﬂﬁlbétrgslpg LfRly: tseeter fltr@uses%%ﬁgtat] r FIRAN 6

spectra ran e (o) quencl e 1S _USua Iy

withi n éditing appheatrqnabed:msejed)ts musahe; ddmemnly at the begtmyng of tlmt%dfnarpas sband -and

st opband, and n; what, i's ter sto
D et roin s b eT DRl Ot i sty apPhRPAL Teitherabance
do not Gy inéSimation nor BB 2HEH nﬁbhﬁdﬂéﬂtbuﬁﬂlle@fmﬂﬂﬁe 1aes khbde Iy§ Bhyrdedatioh @&t ed
at splice- ediits. These arti‘facts are usually 25 audl b

usual | ythecnpdrtra@ebomdlaeemsked by the ori gi nal SI gnal . _ R
DI SCLOSURE OI:‘he varytlr\llgnlength audlo blocks within a superframe cause another problem for many
10 coding apphcatrons As explatned above, many codtng appllcatrons process encoded
information in blocks Unless the srgnal conveys some form of synchromzatron signai, a decoder -
cannot know where the boundary is for each superframe or whether an edit has removed part of
a superframe. In other words the decoder cannot know where the boundary is for each audio
frame or block. It may be possrble to reduce the uncertainty m the block boundary to as little as
15 one sample; however when audlo mformatxon is processed in blocks a one sample error is

enough to prevent recovery of the recovered audlo mformauon

o i)'ISCIJ‘()SURE OFINVENTION
Itis an Ob_] ect of the present mventron to 1mprove the quahtv of audro represented by an
20 audlo mformatron stream formed by splrcmg two or more frame based audro mformatlon
' streams SN R |
Accordmg to the teachtngs of one aspect of the present mventron a method or dev1ce for
srgnal processmg recerves an 1nput srgnal comprrsmg a sequence of frames that each contam a
start block, one or more 1nter1m blocks and an end block of srgnal samples representrng audto :
25 rnformatton generates first flltered s1gnals by applyrng a ﬁrst ﬁlterbank to start blocks
generates second filtered srgnals by applyrng a second ﬁlterbank to interim blocks generates _
third filtered s1gnals by applymg a third filterbank to end blocks ‘where the leng1 hs of the ﬁrst
and second filterbanks are not equal and the lengths of the second and third ﬁltelbanks are not
equal, and generates an output signal by assemblmg the ﬁrst second and third filtered srgnals
30 into respective output signal frames. o '
Accordmg to the teachmgs of another aspect of the present mventron a method or devrce
for signal processmg receives an mput srgnal comprrsmg a sequence of frames that each contam

a start block, one or more 1nter1m blocks and an end block of srgnal samples representrng audro

e because they are"'
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It is an object of the present invention to | rove the quality of audlo
represent ed Qo sybi1ss audi o i nformation %)quﬁephyeds%trﬁ;ggg #

nore frame-based audi o i nformation 30 -7str g uncance? ed
aliasing artifacts on either side of the spl nts t hat
use aliasing-cancellation filterbanks to process the au |o I nformati on.
According to the teachings of one aspect of the present invention, a nethod
f or si gnanformation, g«pnemmr@targbsgn@éibkmks by ppplymg(ﬁﬁnst ﬁbcrbamlstomgambkxehs;ence

of franes res I, N ence of
bl ocke. oBeRfaREResTh BltEet ARk ok By soelyine o 1<BRE BRERG 4 Bftefn Bodks

99/ 26837 g¥fiérktes third filtered signal blocks by ap 1¥)mg a third filterbank to end blocks where"the
interim bI ocks and an end bl ock, sai | ocks .representing, over | appi ng

i nt er val $ecsmd filigrbgnk generates blpglsafispeand flieesdsyignalnhaying lfasing astifactsotheifirsts of
a | T15st Rk gbirkVBlcorfirS HRAY SEMTPMving aliasing artifacts that cancel aliasing

artifacts in a respective block of the second filtered signals but having substantially no other

"f

aliasing artifacts, and the third filterbank generates blocks of third filtered signals having

aliasing artifacts that cancel aliasing artifacts in a respective block of the second filtered signals

but having substantially no other aliasing artifacts, and generates an output signal by assembling
10 the first, second and third filtered signals into respective output signal frames.

According to the teachings of yet énother aspect of the present invention, a method or
device for signal processing receives an input signal comprising frames of first, second and third
filtered signals, generates, for a respective frame, a start block of signal samples by applying a
first synthesis filterbank to the first filtered signals, one or more interim blocks of signal samples

15 by applying a second synthesis filterbank to the second filtered signals, and a end block of signal
samples by applying a third synthesis filterbank to the third filtered signals, where the lengths of
the first and second synthesis filterbanks are unequal and the lengths of the second and third
synthesis filterbanks are unequal, and generates an output signal arranged in frames comprising
a start block, one or more interim blocks and an end block of samples representing audio

20 information.

According to the teéchings of a further aspect of the present invention, a method or .
device for signal processing receives an input signal comprising frames of first, second and third
filtered signal blocks, generates, for a respective frame, a start block of signal samples by
applying a first synthesis filterbank to the first filtered signal blocks, one or more interim blocks

25 of signal samples by applying a second synthesis filterbank to the second filtered signal blocks,
and a end block of signal samples by applying a third synthesis filterbank to the third filtered
signal blocks, where the second synthesis filterbank generates the interim blocks having aliasing
artifacts, the first synthesis filterbank generates the start block having aliasing artifacts that
cancel aliasing artifacts in a respective interim block but having substantially no other aliasing

30 artifacts, and the third synthesis filterbank generates the end block having aliasing artifacts that
cancel aliasing artifacts in a respective interim block but having substantially no other aliasing
artifacts, and generates an output signal arranged in frames comprising a start block, one or

more interim blocks and an end block of samples representing audio information.
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More partrcular mentlon is made of condmons pertammg to processmg audro and vrdeo

information streams however aspects of the present invention may be pract1ced in applications
15  that do not include the processmg of v1deo mformatlon The contents of the followmg R
- discussion and the drawmos are set forth as examples only and should not be understood to

represent 11m1tatrons upon the scope of the present 1nvent|on

: RIEF DESCRIPTION OF DRAWINGS
20 Figs. 1aand 1b are schemat1c representat1ons of v1deo and audlo mformatlon arranged in
blocks, frames and superframes e T '
Flgs 2ato 2c are schematlc representatlons of overlappmg blocks modulated by wmdow
functlons and the resultmg gam proﬁle for frames comprzsmg the wmdowed blocks
| Frg 3 illustrates srgnal and alxasmg components generated by an ahasmg cancellatton
25  transform. . ' '
Figs. 4a to 4c illustrate functional biock diagrams of devices that create, change and
respond to gain control words in an encoded information stream N | '
F1gs 5a and 5b Illustrate functional block diagrams of devices that apply alternate
filterbanks to suppress aliasing artifacts at frame boundaries. o
30 Figs. 6 to 6d are schematic representations of window functions that may be used to
suppress aliasing artifacts at frame boundarxes | o '
Fzg 7 illustrates frequency response charactenstlcs that result from usmg various -

window functlons at frame boundaries.
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10 audio frame alignment to achieve synchronization with video superframes across a splice.

Fig. 14 is a schematic representation of video frame characteristics and the effects of

dynamic audio frame alignment across a splice.

MODES FOR CARRYING OUT THE INVENTION
15 , Signals and Processing
Signal Blocks and Frames
'Fig. 1a illustrates a stream of encoded audio information arranged in a sequence of audio
blocks 10 through 18, and video information arranged in a sequence of video frames such as
video frame 1. In some formats such as NTSC video, each video frame comprises two video
20 fields that collectively define a single picture or image. Audio blocks 11 through 17 are grouped
with video frame 1 into an encoded signal frame 21.

As discussed above and shown in Table IV, some applications have video frames that do
not divide the encoded audio into an integer number of samples, transform coefficients, or the
like. This can be accommodated by arranging groups of encoded signal frames into respective

25 superframes. An arrangement of five encoded signal frames 21 through 25 grouped into
superframe 31 is illustrated in Fig. 1b. This particular arrangement may be used for applications
using NTSC video and 48 k sample/sec. PCM audio.

Processed Signal Blocks

A sequence of blocks of encoded audio information may represent overlapping intervals

30 of an audio signal. Some split-band perceptual coding systems, for example, process blocks of
audio samples that overlap one another by half the block length. Typically, the samples in these

overlapping blocks are modulated by an analysis window function.
This Sheet Has Been Repi

TS




representl ng the audio |nformat|on a respeetq—ve out_put Si gnal frame

conprising a plurality of si gnal” sanpi e bl ocks; “wherein said

gener at i ng wo®@pkaps adj acent synt hesi zed HPT(SH@sthHeeadd;saced PCT/US98/20751
|

correspondi ng overlapped sanples withi¥t hj Huﬁ 'mﬁm, mnt hesi zed bl ocks,

and wherein said I nterimsynt he ve aliasing
artifacts, said start synthesized bl ock has al 1asing 5; artifacts
‘that cancel _ali as I factg=in th bl ocky

representi ng}%t?é“l‘r‘F?réWélFe’B?&ﬁatmnem °pesa dhgaqul%?h f‘ﬁg‘f’n%%rl aps the

i Nt er v gindiRRlppReH 18¢abblbéi€intd degherick of Gva'tkp?ing&&dlolﬂl@ﬂ&s Dhé length of the

. havi ng substantially no . otiher. :alii;asi.ng artifacts, :and.said _end:synthesized
bl ock msrlau tsaguatgo one half the blocl; lengthy dhis Qverlap interval is &Ptna&nhgusaﬂtbwsames in

the i nt ?dh%?ig %Jt%?d‘sdcﬁ% g?'trﬁl&lc tﬂﬂsﬂbﬂ%ﬂt‘ﬁﬁoﬂﬁ abﬁve e audi 6

i nfor ver nterval represente ird

filter ed SI g?ig.Ithﬂl@sﬁﬁtdswhe resultlﬂg)modulatimn mgzeinpesrfaerdduw;fumOﬂmp}ﬂuecbda @asi ng

ZLBI T ? ;te;#eép@ of %‘G‘%PMB%!M‘?E‘F& @r ﬁ%ﬁ"%’ ed giggalfﬁ? o Ekessillustratddem Ii‘rlg theI nn\t/ent ion”

effect or gain profile 81 of this modulation is the sum of the modulation envelopes 71 through

77 for adjacent blocks in the overl_ap intervals. Preferably, the net effect across each overlap
should be unity gain. _ |
10 Fig. 2c illustrates the overall effect of window function modulatxon across adjacent
encoded signal frames. As illustrated, gain proﬁles 80 through 82 overlap and add so that the net
effect is unity gain. ) ' o '
In systems that use ontv'analysis window functions, the net effect of all window function
modulation is equivalent to the modulatron effects of the analysis window function alone. The
15 | ideal gain proﬁle can be achieved by ensuring that the modulation envelope of the analysis
window function overlaps and adds toa constant
In systems that use analysrs and synthesrs w1ndow ﬁmctrons the net effect of all window -
ﬁmctron modulation is equrvalent to that ofa product Wmdow funct1on formed from a product
of the analysis window ﬁmct1on and the synthesis window functron In such systems, the ideal
2 gain profile can be achieved by having the modulatlon envelope of the product window ﬁmctlon _ |
addtoa constant in the overlap mterval " T e
Throughout thrs dxsclosure some mention is made of codmg systems and methods that o |
~use both analysrs and synthesrs window functlons In this context the gain profile resulting from
| overlapped analysrs window functions will sometimes be said to equal a constant. Slmrlarly, the
25 gain proﬁle resulting from overiapped synthesrs window functions will sometimes be said to
equal a constant. It should be understood that such descriptions are intended to refer to the net
modulation effect of all windowing in the system.
Window Function
The shape of the analysis window function not only affects the gain profile of the signal
30 but it also affects the frequency response characteristic of a corresponding filterbank.
" ' Spectral Splatter
As mentioned above, many perceptual split-band coding systems use filterbanks having

frequency response characteristics optimized for perceptual coding by increasing the attenuation
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be understood to . . represent limtations upon_the scope of the
pret@nt i nveniThepignal that is recovered from the synthesis transform can be conceptualized as a sum

of the original signal and the time-domain aliasing components generated by the analysis
transform. In Fig. 3, curves 91, 93 and 95 represent segments of the amplitude envelope of an
input signal as recovered from the inverse or synthesis transform and modulated by analysis and
synthesis window functions. Curves 92, 94 and 96 represent the time-domain aliasing
15 components as recovered from the inverse or synthesis transform and modulated by analysis and
synthesis window functions. As may be seen in the figure and will be explained below, the time-
domain aliasing components are reflected replicas of the original input signal as modulated by
the analysis and synthesis window functions.
. The kernel functions of the analysis and synthesis O-TDAC transforms are designed to
20 generate time-domain aliasing components that are end-for-end reflections of the windowed
signal in each half of a block. As disclosed by Princen, et al., the O-TDAC transform generates
time-domain aliasing components in two different regions. In region 2, the time-domain aliasing
component is an end-for-end windowed reflection of the original signal in that region. In region
1, the time-domain aliasing component is an end-for-end windowed reflection of the input signal
25 within that region, but the amplitude. of the reflection is inverted.
~ For example, aliasing component 94a is an end-for-end windowed reflection of signal
component 93a. Aliasing component 92b is also an end-for-end windowed re.ﬂecti-on of signal
component 91b except that the amplitude of the feﬂected_ component is inverted.
By overlapping and adding adjaceﬁtf blocks, the original signal is recovered and the
30 aliasing components are cancelled. For example, signal components 91b and 93a are added to
recover the signal without Window_function__ modulation effects, and aliasing components 92b
and 94a are added to cancel aliasing. Similarly, signal components 93b and 95a are added to

recover the signal and aliasing components 94b and 96a are added to cancel aliasing,
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10 Stacked Trme-Domatn A]lasmg Cancellatlon (E-TDAC)

BRI EF DESCRI PTI ON OF DRAWNGS. 30 Fi gs. la and | b are schematlc
representations of video and audio information arranged in
bl ocks, fr qfgeossatigs superfranes. Fi gs. 2aPEBUSES2781
schematlc representations of overlappil2g bl ocks nodul ated by w ndow
functions and the resulting gain profile for frames conpri si ng t he wi ndowed
bl ocks This is the repl acenent sheet

Il u trates signal -and aliasing

conponent s Jimedamain aljpsing, a'alftcss%gﬂ@anésp BEplis boundary will generally not be
' cancelled because the aliasing artifacts in the half block of s syn _ ized 'audio sam s

1mmed1ately precedmg the sphce will not be the i inverse of the ahasmg artlfacts in the half-block
of synthesized audro block immediately after the splice. ' '

' : 5 Similar considerations apply to other aliasing cancellatton ﬁlterbanks such as one

described in Princen and Bradley, "Analysts/Synthesrs Ftlter Bank Des:gn Based on Txme '
Domain Aliasing Cancellatxon IEEE Traris. on Acoust Speech Slgnal Proc 'vol. ASSP-34
1986, pp. 1153-1161. This ﬁlterbank system is the time-domain equivalent of an evenly-stacked

critically sampled smgle-s1deband analysxs-synthems system and is referred to herem as Evenly- "

Gam Control to Attenuate Artlfacts at Spltces |
A technique that may be used to reduce the audrbtllty of artxfacts created by a spllce is to
incorporate into an encoded audlo s1gnal a plurahty of gam control words that'i mstruct a decoder |
or playback system to alter the amplttude of the playback srgnal Sxmple embodlments of
15 devrces that use these gam—control words are discussed in the followmg paragraphs
Fig. 4a illustrates a functxonal block dtagram of device 100 in Which format 111
generates along path 112 an output signal arranged in frames comprxsmg vrdeo tnformatton
encoded audio information representmg multxple audxo channels and gam—control words
Format 111 generates the output sxgnal in response to a sxgnal recetved from path 108 that is
20 arranged in frames conveymg vxdeo mformatxon and encoded audxo mformat:on for the multtple
audio channels, and in response toa sxgnal received from path 1 10 that conveys gam-control
'_ words. Process 109 receives rnultrple control sxgnals from paths 103a and 103b each assocxated
with one of the multxple audto channels and in response to each control stgnal generates along
path 110 a pair of gain-control words for an associated audio channel that represent a stamng |
25 gain and an ending gain within a respectxve frame. Only two control 51gnals 103 andtwo
associated audio channels 102 are shown in the ﬁgure for the’ sake of clanty Thls gam-control
technique may be applied to more that two channels 1f desnred | ' o
~ In the embodiment shown encode 105 generates along paths 106a and 106h encoded
audio information for multtple audio channels in response to multtple audio channel sxgnals
30 received from paths 102a and 102b, and frame 107 generates the sxgnal along 108 by arrangmg
in frames video information received from path 101 and the encoded audio mformatxon received
from paths 106a and 106b.
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transform Figs. 4a to 4c illustrate functional bl ock
di agrans of that create, change and resp oy
control vvord‘gs:ég §§ encoded informati onygtream 5 PE’FAJE&@?%)S
5a and 5b illustrate functional block diagrans of devices that apply
alternate filterbanks to suppress aliasing artifacts at frame
boundari es. Figs. 6 to 6d are schematic representations
of wi ndow f urithis gais-cofitas] techmigne maye used with input signals thatrype esalogdusas ithg

artifacts a fr oun i1 lustrates :
Fr equonciBRLBHLEoRBA P Hhérefors, neither sneadn 105 fa 1] warsid I 10
w ndow féﬁ‘i&;dhﬁélfts Hat incRdB eﬁé!id@qgfi 'e%éodmg may be applied to each aucﬁbQ:h ﬁl
illustrates a functional block ram of device that applies alternate

fi | t er bdndependently or it may be appilﬁd; tqm@ltlalet mdma@haanelngcsmampr thepA@t er

e S0 orEpding techmiaus may be spplied ibinfid e o AR RLhalc cifhnBl i fowelRonal |

t he devitaadeidtiig@uir®ments by reréving or reducing rédugidancid8ibetidtn thd Ehanhkldst r at e
frequency response characteristics that result from usin

g
vari ous w nddiies4filiusteates 3 fnetiamalddlocle diagranroidevige 140 that generates output signals
to reproduce or playback multiple audio channels according to gain-control words in an input

signal. Deformat 142 receives from path 141 an input signal arranged in frames comprising
10 video information, encoded audio information and gain-control words. Deformat 142 obtains
from each frame of the input signal encoded audio information representing multiple audio
channels and obtains a pair of gain-control words associated with each of the audio channels.
Process 148 receives the gain-control words from path 145 and in response generates gain
control signals along paths 149a and 149b. Decode 146 receives the multiple channels of
15 encoded audio information from paths 144a and 144b and in response generates an output signal
for each audio channel such that the amplitude or level of each output signal is varied in
response to an associated gain control signal.
A pair of gain-control words represents a starting gain and an ending gain for a
respective audio channel within a particular frame. Process 148 generates gain control signals
20 representing an interpolation of the pair of gain-control words. The interpolation may follow any
desired trajectory such as linear, quadratic, logarithmic or exponential. With linear interpolation,
for example, a gain control signal would represent a gain that changes linearly across a
particular frame. y :
‘Decoding may be applied to each audio channel independently or it may be applied
- 25 jointly to multiple audio channels. For example, decoding may be complementary to forms of
encoding that remove or reduce redundancies between the channels. In split-band coding
applications that use a synthesis filterbank and a synthesis window function, the output signal
may be effectively modulated according to a gain control signal by modifying encoded audio
prior to application of the synthesis filterbank, by modifying synthesized audio obtained from
30 the synthesis filterbank prior to synthesis windowing, or by modifying the audio information -
obtained from the application of the synthesis window function. _
Fig. 4b illustrates a functional block diagram of device 120 that modifies existing gain-

control words in a signal. Deformat 123 receives from path 121 an input signal arranged in

This Sheet Has Been Replac

[T




MODES FOR CARRYI NG ClJT THE | NVENTI ON'
Si gnals and Processing - 20

Si gnal Bl ookQ9%21d8%-r anes Fig. 1a illust rPa:trms98120;lsr eam -

of encoded audi o information arrangedlfln a sequence of audio

bl ocks 10 through 18, and video information arranged in a sequence of video
frames such as E - video frane 1 In some formats. such as NTSC

vi deo, seach video fr. aye] | t hat

col | octFE gpmaw@ew PR SRe 88 bt formation epresersinl BRI AR, 1,
are grghapfiéls, and inplie gam-ddhtrbl words Ddfornta 123 Iobtahtsa"fbtﬂtlmdptﬁ sigr@liahe fnf more 21.
Sone - appl i cati ons have. video frames t hat. do pot- di-vi.de the encoded audio

i nto asput gain-control word&ﬁsafgf@te Wihehe w@%ﬂd&qurmﬁsr franeobthe mpltiple,  or
the | 1 words glong paths P43

encode mgna?elg ﬁaﬂ@%@ﬁp@%ﬁ%&e@{éﬁg sNt?rr)esr? %‘r%a > nagdrﬁrgalggg?gralg&g#%
erfcod egbnermsalnefdr aoes oﬂjhutt gaicgitro? Srogisalqrepatn§ 27 by predlfymgmn& brinsore input

TG E RER-UNESAE AW T R

aUd' O along path 129 an output signal that is arranged in frames mcludmg ‘the viliORESERR ﬁlQa|
Bl o A sequence of bl ocks of encoded audio -

i nf or natqodcd md}o méqmeoen fordhemuhwlﬁ wghq ehtaanels, the output gain control gfordsmandidi o
signal thgfm gallral-contro word?ﬁ‘n ?88 blacorr%g RHQO the otu?ﬂﬁ galngdon?roﬁ% process

bl ocks
10 “Inan edmng apphcat1on control srgnal 122 mdlcates a sphce in mput v 1gnal 121. In i

response, process 126 generates one or more output gain- control words that will cause a device .
~ such as device 140 to attenuate a playback signal xmmedlatelv pnor to the sphce and to reverse
the attenuation 1mmed1ately after the sphce The change in gam may extend across several
frames; however, in many apphcatlons the change is limited to one frame on either side of the
15 splice. The gain-change interval may be determined by balarncing the audibility of modulation
products produced by the gain change with the audibility of the gam change itself. The gain-
control word technique is not hmxted to edrtmg apphcatxons S ' T
Filterbanks to Suppress Aliasing at Frame Boundaries -
In coding systems using a form of aliasing cancellation such as that provided by one of
20 the TDAC transforms, splice edits prevent aliasing artifacts from being cancelled on each side of
the splice for reasons that are discussed above. These uncancelled aliasing artifacts may be
avoided by applying alternate filterbanks to the audio blocks at the start and end of each frame.
Referring to frame 21 shown Fig la, for example a ﬁrst fi lterbank is applied to block 11,a -
second ﬁlterbank is applled to blocks 12 through 16, and a thxrd ﬁlterbank is apphed to block
25 17. The charactenstncs of these ﬁlterbanks is such that the audlo recovered from each frame -
contains substantially no uncancelled ahasmg artifacts. - © . < :
Referrmg to Fi ig. 5a devrce 200 compnses buffer 202 that recexves blocks of audlo
mformatron and generates along path 203 a ‘control srgnal mdrcatmg whether an audio block ls
the first or start block i m a frame the fast or end block m the frame or an ‘interim block in the

30 . frame.In response to the control srgnal recexved from path 203 ':sthch 204 directs the first of -

start block in each frame to ﬁrst ﬁlterbank 205, d1rects all mter s blocks in each frame to R
second filterbank 206, and drrects the last or end block i in each frame to thlrd ﬁltem___rl_kgﬂ_

et Has Been Replace .(-1':'?::--.'

\\ll\l\\ \lll\\ I \ll\




This is the replacenent sheet

7- npl es that overlap one another by half th I
| engt h. Typi ?ﬂg&ﬁ?he sanples in thesgys. over | appi ng b?g&ggsgg(;(gﬂ
nodul at ed by an anal ysis wi ndow functi on. Fig. 2a
Il lustrates the nodul ati on envel opes 61 through 67 of an anal ysis w ndow
function applied to each block in a sequence of overl appi ng audi o bl ocks.
The | enddmmat 208assembles the filteted mudio infpmabtidmoreceised fofn dabk oPthealirdeditaitbankshi s -

overlap.nterval is commonly use sone si gnal anal ysi s-synthesis
syst ens ‘E@&?W‘Fﬁ’&“@l’?ﬁﬁ%a{qn&ﬁé? T ment i oned above. .~ Fig.

ggp: : LSS{ ga;%g.tﬂbqllﬁﬁ%stde{)ﬁe 020'it Which definatl £PCrebtives i iﬂgﬁ’:"ﬁiéﬁé’ﬂ %irxPﬁath
221, obtains therefrom encoded audio information that is passed along path 224, and generates a
5 control signal along path 223 indicating whether the encoded audio information is the first or
start block in a frame, the last or end block in the frame, or an interim block in the frame. In
response to the control signal received from path 223, switch 225 directs encoded audio
information to one of three synthesis filterbanks. Switch 225 directs encoded audio infdrmation
for the first block to first synthesis filterbank 226, encoded audio information for interim blocks
10 to second synthesis filterbank 227, and encoded audio information for the last block to third
synthesis filterbank 228. Buffer 229 generates an output signal along path 230 in response to the
synthesized audio blocks received from the three synthesis filterbanks.
Second Filterbank
In one embodiment of an encoder, the second filterbank is implemented by an N-point
15 modified DCT and an N-point analysis window function according to the O-TDAC transform as
disclosed in Princen, et al., cited above. In a complementary decoder, the second filterbank is
implemented by an N-point modified inverse DCT and an N-point synthesis window function
according to the O-TDAC transform. The forward and inverse O-TDAC transforms are shown

in expressions 1 and 2, respectively:

20 X(k)=§x{n)cos!—i—4’£(k—-;—)(n+mT+lﬂ forOsk<M (1
n=0 b
x(n =‘AI7A§X(k)cos|:i4—” (k-‘r—;—)(n +—”%1):] forO<n<M | ' - .(.2)
k=0

where k= frequency index,
n = signal sample number,
M = sample block length,
25 m = phase term for O-TDAC,
x(r) = windowed input signal sample n, and
X(k) = transform coefficient k.
The second filterbanks are of length M = N and create two regions of aliasing reflection with a
boundary between the two regions at the mid-point of a block, as shown in Fig. 3. The TDAC

30 phase term required to create these two regions ism =N/ 2.
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sequence of overl apping blocks for an encoded signal frame. As illustrated
in Fig. 2b, the net effect or gain profile 81 of this nodulation-is
the sum of wbesnndsi ation envel opes 71 through 10 77 for PayuR9eMme7sbl ocks
in the overlap intervals. Pref erably, ¥6he net effect across each overlap

should be unity gain. : Fig. 2c illustrates the overall effect
. of wi ndow function m)dul ation across adj acent encoded signal frames.
As illustrated, -gain profiles:. rough, 82 .overl.a dd so that, the net
oot s R bprefaren Saspimen, B0 atal) 9k Sl SRRES iaford bRy 22 deol |
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modul ati on envel ope of - t he-anal ysﬁ” 1lter w- funct ion-overl.aps. and

adds to.a constant. de E MUse anal yS| s and _
sygthesi's vwmtlﬁyeafnw’eiﬁadansemttheﬁmnu” ' yietoder
nmodul ation .is equival.ent .to that of .a. product ‘window..functi.on..
a pr odae implemented;py thaenadifigdACE Smméb?‘te@ﬁétauWlﬁ%qul?é’fmd%@@tmndow -
functi fit C ed by
v g Tt Rug R R bR e shown in SR 2 mﬁ?&iv@ﬁl“ﬁg dd to

a consifisttfilierbankeare\of Iength M= 3?\7' Y2land create a s1ngle region ITof aliaginguefléction. -

di scl osure, some. nentiqn.i's: made:of. cqdin tems an ogs -t.hat -
Aliasing artifacts are. an mverted en: -to-end re ?lectlo 51gnal n %herb?odl( ?n effect;”

10 reflection region 2 i 1s s of length zero and the boundary between the two regton., is at the leadtng
' edge or right-hand. edge of the block The TDAC phase term requxred to create thlS smgle reglon '
The analysis and synthesxs wmdow functlons W, (n) for the first ﬁlterbank are identical.
The shape of this window functmn is illustrated by curve 241 in F ig. 6b. It is composed of three
15 pomons The ﬁrst and second port:ons desxgnated as segments 1 and 2, are 1dent1cal to wmdow
function W(x) descnbed above and shown in F1g 6a. The th1rd portlon desxgnated as segment
3,is equal to zefo, ' ' -
" This ﬁrst analysrs window functron Wl(n) ensures that the s:gnal in segment 3 is zero. As
a result, the aliasing artifacts that are reflected from segment 3 mto segment 1 are also zero. The
20 ahasmg artifacts that are reﬂected from segment 1 into segment 3 will not generally be zero;
| however, any artifacts that are reflected into segment 3 will be ehmmated when the first -
synthesns window function Wl(n) is app]xed to the synthesrzed audto block As a result ahasmg .
artifacts exist only in segment 2. | Lo
| Third Filterbank
25 | In this same embodlment the third filterbank in the encoder and complementary decoder
are xmplemented by the modified DCT shown above and a mod1ﬁed form of window function
Wz(n) The forward transform and inverse transforms are shown in expressrons 1and 2, '
respectively. The third ﬁlterbanks are of lengthM = 3N/ 2 and create a s1ngle reglon 2 of
aliasing reflection. Aliasing artifacts are an end-to-end reﬂect1on of the signal in the block. In
30 effect, reflection region 1 is of length zero and the boundary between the two regions is at the
trailing edge or left-hand edge of the block. The TDAC phase term requlred to create thlS single
region is m=3N/ 2.
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25 use both anal ysis and synthesis wi ndow functions. In this context,

the gain pro lting from over| apped anal ysis w ndow functions
will soneti mfggégpe/{ g??fd to equal a constggt. Similarly, the  FPCT/UR8ROpS1
profile resulting from overl apped synt hesis w ndow functions will sonetines
be said to equal a constant. It should be understood that such
descriptions are intended to refer to the net nodul ation effect of

all w ndow ngrhéhﬂalﬁlssahatsﬁﬁheszmdow functxons W:,(n) for the third ﬁlterbank are identical.
W ndow Functi on shape of the anal %/SI s w ndow functi on

not onl yIB§ ﬁhéBQ of eneesuisable windomy ﬁ’@"fé‘?n tshﬁu%ﬁ iy curve 243 ipKigi . &1 is oompbsadt s

he f
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portions, designated as segments 2 and 3, are identical to window function Wx(x) described
-5 above and shown in Fig, 6a.

This third analysis window function #3(r) ensures that the signal in segment 1 is zero.
As a result, the aliasing artifacts that are reflected from segment 1 into segment 3 are also zero.
The aliasing artifacts that are reflected from segment 3 into segment 1 will not generally be
zero; however, any artifacts that are reflected into segment 1 will be eliminated when the third

10 synthesis window function W3(n) is applied to the synthesized audio block. As a result, aliasing
artifacts exist only in segment 2,

Fig. 6d illustrates how window ﬁ.mctiéns Wi(n), Wa(n) and Ws(n) 241 through 243
overlap with one another. Gain profile 240 represents the net effect of end-to-end windowing
which, for TDAC, is a sequence of overlapping product window functions formed from the

15 product of corresponding analysis and synthesis window functions. The aliasing artifacts in
segment 2 of block 11 weighted by analysis-synthesis window functions W,(n) are cancelled by
the aliasing artifacts in the first half of block 12 weighted by analysis-synthesis window

- functions W>(n). The aliasing artifacts in segment 2 of block 17 weighted by analysis-synthesis
window functions W3(n) are cancelled by the aliasing artifacts in the last half of block 16

20 weighted by analysis-synthesis window functions W,(n). Signal recovery and aliasing
cancellation in interim block pairs such as blocks 12 and 13 or blocks 15 and 16 is accomplished
according to conventional TDAC.

By using this technique, splice edits may be made at any frame boundary and no aliasing
artifacts will remain uncancelled.

25 Derivation of Window Functions

Window function W2(n) may be derived from a basis window function using a technique
described in the following paragraphs. Although any window function with the appropriate
overlap-add properties may be used as the basis window function, the basis window functions

used in a preferred embodiment is the Kaiser-Bessel window function:
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As nentioned 'above,_ many per cept uaI split-band coding systens use |
filterbanks having frequency response characteristics optim zed for . |
per cept ual waxdovegidsy i ncreasing the attenuation of frRCIIEsas20951i n |
the filter stopband in exchange for a-B8cader filter passband. i
Unfortunately, 5 splice edrts tend to generate significant spectral ' |
artifacts or. "spectral splatter" vmthrn a range of - frequenci es that i
is not- wi,thin t is.rega filter: stopband. -Filterbanks that |
are Whered@'s"gﬂ’é%“’ossﬂb’l‘l“fﬁq’%é’ tS‘étf”c'rept ual codi ng “performance do | l
not provide GROKGRLAhEPIERLMBE:, to ‘render- rnaudr bl-e- t hese-spect T al a
artifacts created at splice. edrts . i ... . TDAC |
Transform Al ergio@dmhlmummrgﬁsamples and - Wi reSpect to the" O TDAC
transform -t he: anal W ndow f.unct i.of; toget her:;wi th . a: .- synthesis |
w ndow functn!opcltg appl ied after. appI i cation of the synt hesi s.

transform ok ~ - satisfy .a nunber of constrar nt s to- allows

cancel I'ati on of the time-donmi.n _alliasi:n artif.acts.. Th

si ghal that The rdermtnen gmeratmntamlyewym esissprog mwm @aﬁlCmeWB(ﬂhb}épt ual i-zed

as a sum the .oFri t n

conponeﬁ?%voévé%l"ﬁllgbsehy efsﬁgwgﬁ?a‘l'%l%gg&? mgl)&gﬁ]s ‘18&51“51%%%@‘1’ gﬁ‘ %hml?vg‘g o1,
93 and Y&vingRIAEaIYqualas MRIbIGckdéngtin A mifps iheoderlaprivehape; aof an " ~input
signal as recovered fromthe inverse or :synthesis transform and m:)dul at ed

by anal ysis a thesr S Wi ndow functrons Curves 92, 94 and 96
LM

represent. ( al:i asi % -gconponent’s.-as - recovered fromt he-
i nver se Y& ym-h'esrs—rr'a'nsfor ﬁd\ﬁul at ed by anaI ysr s and
_ ThlS may be smphﬁed to; e e T
v—l o
> Wm(n k) - )
10 WP(n)=-L= for0<n<N '
SHal)
k=0

where n= product-wmdow sample number _
- 'v number of samples wrthm wmdow overlap mterval
N= des1red length of the product-wmdow
.' WKB(n) ba51s wmdow functlon of length v+l _
5 WP(n) = derived product-window of length N, and
1 for0$k<N v —
For the O-TDAC transform, the overlap mterval v= N / 2 and the analys1 window

function and synthes1s wmdow ﬁmctlons are 1dent1cal therefore either wmdow func’non may be

‘obtained from: : B
et Has Been Replaced o
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The analysis and synthesis wmdow functions that are derxved in thlS manner are referred to.

‘Therein as a Kaiser-Bessel-Derived (KBD) wmdow functxon The product wmdow functxon is

r



replicas of the original input signal aslgm)d the ana ys S
and synthesis wi ndow functi ons. unctions of the
anal ysi s and synthesis O TDAC transforns are 5| gned to generate

ti me-domai n aliasing conponents that are end-for-end reflections of the

wi ndowedreferred to as a &BID p'rodueaahdhwtlfxﬁnqbibnaThﬂ dpha fadtordorsthe basisi KlajsefBiessebn, et

al., the O.JDAC transfo e S .25 dorral al i asi co onents
" o MASER AR ES SHRRE eegiAe coding bATRTAOHA R apy 28R Hegons,

conponengptirfurd Alpha FadtY fof Bsking RIRRIan®S fre@td 195, of the original si gnal in
that region. In region 1, the time-domain aliasing conponent is an

end- f or - end wiheiehserreraffuneanceliad alipsing artifagts threugheut the frame aliawséssentiadly any

|
o o, Wifdob/ ndt do NSt o sifcd, RebBitly Mol Ricinmnren + spediptor
si gnal 3freservescqumsiant gfBprofild dcaossnige mﬁp eteival 20 splced] the overightdrosl @Rd

wi ndowed ref] ection of, signal onponent 91b except that 't he
anpl i t udE¥teR %%%SSW«?@WS RQyrRySh s aP%‘“Pﬁ thapgany applications will useBy“sr)hce-

over | ap pb%laﬁnﬂeﬁgﬁ'tﬁﬂ i e ge BF 950 ndsbE PQ)F 5'%5&%' that \gi'ﬂade] dl?CJsgegobaq%w it

and t al 1'asi ng conponénts are cancel or exanple
corrponentssslgmﬁnaanﬁha%a oaeréapadkdsdl aaross a splice cacbemcrdabel. si gnal Wi t hout

w nﬂPW function modul atFLIPQrb%m(? ﬁeduce paelcltr%fggl%tt% nggﬁQetss 92b

An alpha factor within the range mentioned above is optimum for many coding

synthesi s wi ndow functions. As may be seen in the figur g wll be
expl ai ned bekgygedihgs tine- 20 domai n al i Ay mﬁf arge16éds ﬁ;sqd

applications in the sense that perceptual coding is optimized. As mentioned above, coding is
generally optimized by increasing the attenuation of frequencies in the filter stopband in
exchange for a broader filter passband. An example of a typical frequency response for a filter
15 that is optimized for perceptual coding is shown by curve 342 in Fig, 7. This curve represents
the frequency response of the frame gain profile of a O-TDAC analysis-synthesis system using
KBD window functions with o = 6 and having a frame overlap interval equal to 256 samples.
Although the boundary between passband and stopband is not sharply defined, in this example
the passband covers fi'equencies up to about 200 Hz and the stopband covers frequencies above
20 about 1 kHz. A transition region extends between the two bands. _ _

In applications using transforms applied to 256-sample blocks, splice edits tend to
generate significant spurious spectral components or “spectral splatter” within about 200 Hz to
1 kHz of a filter’s center frequency. For applications using blocks of other lengths, this
frequency range may be expressed in terms of two constants divided by the block length; hence,

25 significant spectral splatter occurs within a range of frequencies expressed in Hz from about
50,000 to about 256,000, each divided by the block length.

In the example shown in Fig. 7, these frequencies are outside of what is regarded to be
the filter stopband. Filterbanks that are designed to optimize perceptual coding performance do
not provide enough attenuation of the spectral splatter created at splice edits. These artifacts are

30 usually audible because they are usually too large to be masked by the signal.

Curve 341 and curve 343 in Fig. 7 illustrate the frequency responses of two other

analysis-synthesis systems that provides significantly less attenuation in the stopband but

provides more attenuation in a range of frequencies affected by the spectral splatter created at
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and 94a are added to cancel aliasing. Similarly, signal corrponents 93b and -

95a are added s9/21185 "~ recover the si gnal and al i asi CTOUSIBROTSAL S
-94b and 96a are added to cancel ali as@@g Ti me- domai n
aliasing artifacts on either side of a spl ice boundary wi |l generally not
be cancel | ed. because the ali asi ng artifacts in the hal f-bl ock

f d d |
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of SYynighQsiariateed PrefcibBs khe fiamenat resptmaé bpti‘mi‘zbetha attemetion of spectral ener
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ASSP— 34, Sometimes 2 comprormse can be reached satxsfymg ﬁequency response requxrements for
'_both general codmg and for crossfadmg frames at sphces In apphcatxons where such a
compromrse cannot be achleved a spllce is detected and the frequency response of the analysns-
" synthesis system is changed Thrs change must be accomphshed m conjunction w1th synthesrs
filtering because the ana1y51s ﬁlterbank cannot generally antrcrpate sphcmg operatlons '
10 * Fig. 8 illustrates devrce 320 that may be used to reduce spectral splatter at a spllce by
altering the end-to—end frequency response ‘of an analysxs synthesrs system In thts devxce
| deformat 322 recelves an mput srgnal from path 321 ‘obtains therefrom encoded audio S
information that is passed along path 324, ‘and generates a control si gnal along path 323"
indicating whether a splice occurs at either the start of the end of a frame The occurrence ofa
15  splice may be expressly conveyed in the mput s1gnal orit may be mferred from other -~
| information conveyed in the signal. ' R o e T e
For example, according to the AES- 3/EBU standard successive blocks of audio”
mformatlon contain block numbers that mcrement from zero to 255 and then wrap around to
_zero Two adjacent block numbers that are not sequentral could mdlcate a sphce however this
20 test is not rehable because some ‘devices which process | the AES/EBU data stream do not - - '
increment this number. If the audio stream is encoded the encodmg scheme may provide
sequenttal numberrng or some other form of predtctable mformatlon If the mformatlon does ot
conform to what is expected a srgnal can be generated to 1nd1cate the presence of a ‘splice. *
In response to the control stgnal recelved_from pa_th 323, _swrtch 325 directs encoded - |
25 audio information to one of three synthesis ﬁlterbanks. Sﬁvitch_325: directs encoded audio® " -
information for the first block in a frame following a:'spli'c'e"'to tlrst synthesis filterbank 326,
encoded audio information for the last block in a 'fra'rn'e preceding 4 splice to third synthesis
.ﬁlte.rbank 328, and encoded audio information for other blocks to Second synthesis filterbank -
327. Alternatively, encoded audio information for these other blocks could be directed to one of
30 three filterbanks according to the technique dlscussed above in connection with Fig. 5b. Buffer -

329 generates an output signal along path 330 i m response to the synthesrzed audio blocks

received from the three synthesrs ﬁlterbanks




10 1986, pp. 1153-1161. This filterbank systemis the tine-domain

equi val ent  ofyorenpiesn! - st acked critically sanpl ﬂ@TIUS98/20751

si ngl e- si deband anal ysi s-synthesis syst@h-and is referred to herein as .
Evenl y- St acked Ti me-Dormai n Aliasing Cancell ation (E-TDAC).
Filterbanks to Suppress Aliasing at Frame Boundaries In

codi ng systens using a formof aliasing cancellation such as that provided
by one of The fisst and third symhesis filigrbankspse designed do achieve pdesired freguencyi ng
artifactg frombein I | i Py jce for .
easons. TR LR Bt e A RE Busltfic th many popficaions, iRaARAS’C 01
be filterbank isal¢sipirltolvptimiue genagl edding perfornfantd withalnksecomd §ynthesisdi o
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signal recovered from the synthesis filterbank so that frames on either side of a splice crossfade
into one another. This may be accomplished in a device such as device 140 illustrated in Fig. 4c.
Decoder 146 reduces the amplitude of the synthesized signal in the frame preceding the splice

15 across a desired splice-overlap interval. In effect, the gain profile of the frame preceding the
splice decreases from unity to some lower level across this interval. Decode 146 also increases
the amplitude of the synthesized signal in the frame following the splice across the desired
splice-overlap interval. In effect, the gain profile of the frame following the splice increases
from the lower level to unity across this interval. If the effective changes in gain profiles account

20 for the modulation effects of analysis-synthesis windowing, the overall gain of the overlapped
frames can be preserved.

The effective change in gain profiles can be linear. Curve 343 in Fig. 7 illustrates the
frequency response characteristics of a linearly tapered frame gain profile of about 5 msec. in
duration. At a sample rate of 48 k samples per second, this interval corres“p.onds to about 256

25 samples. In many coding applications, transforms are applied to sample blocks having 256
samples; therefore, in these particular applications, a ramp or linearly tapefed gain profile of 256
samples extends across an “end” block at the frame boundary and across part of an adjacent
block that overlaps this end block. This is equivalent to applying one filterbank to the end block,
applying another filterbank to the immediately adjacent block, and yet another filterbank to

30 other blocks in the interior of the frame. Referring to device 320 illustrated in Fig. 8, two

additional synthesis filterbanks would be required to process the blocks adjacent to and

overlapping the “end” blocks. Heobenn
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second filterbank 206, and directs the |ast or end-bleck-in-each frane to

third filterbank 207. For mat” 0 as enbl es the filtered audio
i nf or mat i onwos®e18ssd from each of the thre laced PCT/US98/20751nt o
an out put signal passed al ong path 20922 Fig. 5b

Il lustrates device 220 in which defornmat 22 I nput signal from

pat h : 221, obtains therefrom encoded audi o information that is

barh 223 | noMekrengRienare s Hned il umstsd ramp revpssefift Krkftrerttbibonft 010
start bir%‘iﬁ'ﬁ t Which oiHeﬁﬁEquénb}i‘rdsé&tseOmaﬁbd ebdl@a:tkd iGenketutlyf ﬁhﬂffbanlarthztrbptmhml m
bl ock i franme. respaonse, to the control nal received
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sheet reducing thﬁ fSB&%"f, 1l 'Ze{ Wgt o creafed ?;c sghces.

-10- e synthesis filterbanks. Sw tch 225
di rsect s encoded audi o i nf oMmﬁﬁenlrSynthesxs Window Function

Another way to alter the overall frequency response characteristics of an analysis-
synthesis system is to modify the synthesis window function so that the net effect of analysis-
synthesis windowing achieves the desired response. In effect, the overall frequency response is
changed according to the resulting analysis-synthesis product window function. '

10 Curve 341 in Fig. 7 represents a frequency response that attenuates spactral splatter at
splices to a greater extent than the frequenoy response of the 5 msec. linearly-tapered gain
profile represented by curve 343. The response of curve 341 is achieved by O-TDAC analysis-
synthesis system using 256-point transforms and KBD window functions with &.= 1. As
mentioned above, curve 342 corresponds to KBD window functions with o = 6.

15 | The end-to-end frequency 're.'s'pbnse“of these 'analysis-SYnthesis systems is equivalent to

 the frequency response of the window formed from the product of the analysis window function
and the synthesis window function. This can be represented algebraically as:
WPe(r1) = WAs(ri) WSs(n) | (52)
WPi(n) = WAl(n) WSi(n) ) ' - (5b)
20  where WAs(n) analysis KBD window ﬁmc’non thh a=6, " | - AR
.- WSs(n) = Synthe31s KBD wmdow functxon wnth o= 6 '. B

IWAl(n) analysxs KBD w1ndow funct1on thh'a.— L,
WS\(n) = synthesis KBD window function with a = 1, and
25 _ WP(n) = KBD product window function with . = 1.

If a synthesis window function is modified to convert the end-to-end frequency response
to some other desired response, it must be modified such that a product of itself and the analysis
window function is equal to the product window that has the desired response. If a frequency
response corresponding to WP is desired and analysis window function WA is used for signal

30 analysis, this relationship can be represented algebraically as:
WPi(n) = WAe(n) WX(n) (5¢)

where WX(n) = synthesis window function needed to convert the frequency response.



for the first block to first synthesis filterbank 226, encoded audi o

i nformati on W r| m bl ocks to second synt hesi s fil i’&‘i‘ﬁ%%/%(ﬁ

and encoded au |o |nfornat|on for the Last block to thir esi s
filterbank 228. Buffer 229 generates an output signal along pat h 230 in
response to the 5 synt hesi zed audi o bl ocks received fromthe three
synthesis filterbanks. o Second

Fi | t er bdPlds canbe writtenas: | n one enbodi nent of an encoder, the second
filterbank |s uﬁ? mented by an N- poi nt nodi fied DCT and an N poi nt
anal ysi syt tion according to the O-TDAC transform as Sd%
dlsclosed |n Pwnqggp, et al., cited above. In a conplenentary decoder, "the
second filterbank is 10 i mpl emented by an N-point nodified inverse DCT
and an N- poi nThesactnahelwips ofimintiow funetior W;(ls somewh@tcm@newpmglwa:ted thanoviemic

g ;gpzfsglr gl-rr\ge g%%[a%%r}dsecgig g&sﬁ’gg"{ gw?erf%p RAR'aE eﬁ@xﬁc&sﬂ ] efgh%oxs’x 8 audio block th'atn
5 overlaps the “end” block in the frame This will be discussed more fully below. In any case,
expression 5d accurately represents what is required of window function WX in that portion of
the end block which does not overlap any other block in the frame. For systems using O-TDAC,
that portion is equal to half the block length, orfor0 <n<N/2
If the synthesis window function WX is used to convert the end-to-end frequency
10 response from a higher alpha profile to a lower alpha profile, it must have very large values near
the frame boundary. An example is shown in Fig. 9 in which curve 351 illustrates aKBD
analysis or synthesis window function with o = 1, curve 352 illustrates a KBD product window
with & = 1, curve 356 illustrates a KBD analysis or synthesis window function with o. = 6, and
curve 359 illustrates a synthesis window function according to expression 5d. As curve 356
15 approaches the frame boundary, it becomes very much smaller than curve 352; 'therefore, curve
359 becomes very large. Unfortunately, a synthesis window function that has a shape like curve
359 having the large increase at the edge of window function WX has very poor frequency
response characteristics and will degrade the sound quality of the recovered signal. Two
techniques that may be used to solve this problem are discussed below.
20 Discarding Samples
The first technique for modifying a synthesis window function avoids large increases in
window function WX by discarding some number of samples at the frame boundary where the
analysis window function has the smallest values. By varying the number of samples discarded,
the bandwidth required to convey samples in the frame overlap interval can be traded off against
25 the decrease in system coding performance caused by poor frequency response characteristics in
the decoder.
For example, if the synthesis window functions for the first three blocks in a frame is
modified to achieve a desired frequency response corresponding to product window function
WP, and the window function used for signal analysis is WA, then the required modified

30 synthesis window functions are as follows: L
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15 where k= frequency index, B n = signal sanple nunber,

M= sanpl e bl ock | ength, m = phase term for O TDAC,

x(n) = wi noweed2118put si gnal sanple n, and 20 X( k)PCT/YS98:2875Hr m
coefficient k. The second filterddanks are of | engthM = N and create
two regions of aliasing reflection with a boundary between the two

regions at the mid-point of a block, as shown in Fig. 3. The TDAC

phase termrequired to create these two regions is m= N 2.

In a preferreg errbogi ment , pEQI,y,ggcs and synthesis w ndow functions are
derived 25 accordi ng to a echni que descri bed bel ow. The shape of .these
w ndow functi dns Wp@,].&ystrat ed by curve 242 in Fi g.- 6a. For ease of
di scussWXit(n)Fhes ' functflobﬁ§fa1< referred to as W2(n). (62)
First Filterbgn &{rp arre enbodi nent, the first '

filterbanks in e tary decoder are
i mpl enment edby W& gﬂ?ﬂ&) DC%’i{osl‘mvm ove and a nodified formof w ndow

function 30 ~W2(n). The forward . and |nverse transforns are shown i.n

expressions 1 find 2, remgpectively. The first filterbanks are of

| engt hMe 3N/ 2 R T Mo §in glog Q'%ﬁfo‘g'*lxof aliasing reflection.
WX2(n) = (6b)

WA, (n) for%—wcsn <N

WP (n-x+N)WAs(n) for0<n<x

WA (n) forx<sn<N (6¢)

WX3(n) = {

where WX1(n) = modified synthesis window function for the first block,
S o _WXZ(n) = modified syn_t_hesis window function for the secqngi_ blo-ck, _
o WXB(n) = ﬁodiﬂed syﬁthesis_window function for the third block, and
x = number of samples discarded at the frame boundary.
Fig. 10a illustrates, for several values of x, the shape of the modified synthesis window
function required to convert a 256-point O-TDAC analysis-synthesis system using a KBD o = 6
10 analysis window function into an analysis-synthesis system that has a frequency response
equivalent to that of a system using KBD o = 1 analysis and synthesis window functions with a
frame overlap interval equal to 256 samples. Curves 361, 362, 363 and 364 are the modified
synthesis window functions for x = 8, 16, 24 and 32 samples, respectively. .
_ The frequency responses of synthesis filterbanks using these modified window functions
15 is shown in Fig. 10b. Curves 372, 373 and 374 are the frequency responses for x = 8, 16 and 24
samples, respectively. Curve 371 is the frequency response of a synthesis filterbank using a -
KBD window function with o. = 1. As may be seen from this figure, a modified synthesis
window function with x = 16 attenuates frequencies above about 200 Hz to about the same
extent as that achieved by a synthesis filterbank using KBD window functions witha. = 1. In
20 other words, a synthesis ﬁltefb’ank that discards x = 16 samples, when used in conjunction with
an analysis filterbank and an o. = 6 analysis window function, is able to achieve an end-to-end
analysis-synthesis system frequency response that is equivalent to the end-to-end frequency

response of a system that uses o = 1 analysis and synthesis window functions and, at the same
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reflection t gnal in the block. In effect,

regi on 2 |so‘§gpgpeng%h zero and the boundgery between the two rféégf/gﬁbsﬁlhﬂ t
t he | eadi ng edge or right-hand edge of the block. The TDAC phase
termrequired to create this single region I sm=0. 5

The anal ysis and synthesis wi ndow functions W(n) for the first filterbanks
are i derdmegrovidea synthesi&tfdtes&mké‘reqﬁertdyl responsaitat etttanuaues)freqwencieh abdveadbantit by
of, three ortj The first

241 F
o e eaahg a%qum Figgbes & R BRSNS b 4 It Viadnw faartian
W ndow a&&%ﬁ, %%b maw'f&%,oﬂpexﬁ 1&99: mf'agbgﬁlf&r %&ﬁm The

third portlonys(fmgna as seg
coding will generally require a smaller modxﬁcatlon to the synthesxs window function and fewer

‘5 samples to be discarded at the end of the frame. The modified synthesis window functions
required at the end of a frame are similar to the window functions shown in expressions 6a
through 6c except with a time reversal.

Modulating the Frame Gain Profile
The second technique for modifying a synthesis window function avoids large increases

10 in window function WX by allowing the frame gain profile to deviate slightly from the ideal
level immediately on either side of a splice. By varying the deviation in the gain profile, the
audibility of the deviation can be traded off against the audibility of spectral splatter.

This technique smoothes the modified synthesis window function so that it has small
values at or near the frame boundary. When done properly, the resulting synthesis window

15 function will have an acceptable frequency response and the frame gain profile will deviate from
the ideal KBD product window function at or near the frame boundary where the gain is
relatively low. The attenuation of spectral splatter will be degraded only slightly as compared to
that provided by an ideal crossfade gain shape.

For example, if the synthesis window function for the first three blocks in a frame must

20 be modified to achieve a desired frequency response, the modified synthesis window functions
WX required for the second and third blocks are generally the same as shown above in
expressions 6b and 6c, for x = 0. The modified synthesis window function WX1 shown above in
expression 6a is smoothed by multiplying it point-by-point with a smoothing window function
over the first half of the smoothing window function’s length. The resultant modified synthesis

25 window function for the first block is:

'VW\ () WM () JorO<nm <£
WAg(n) _ 2 _ _
Wl(n) = :Vljl—((-’-:;); fOI' -g— Sn< —]22 _ (7)
WP, (n) WA,(n)  for -1;'—, <n<N

where WM(n) = the smoothing window function, and

p = length of the smoothing window function, assumed to be less than N.
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10 This first anal ysis wi ndow function Werr](n) ensures that
the signal in segnent 3 is zero. As a result, the aliasing
~artifacts wWoe9Huss refl ected fromsegnent 3 into segment 1 BEBUSISTSer 0.
The aliasing artifacts that at@-reflected fromsegment 1 into
segnent 3 wi.ll not generally be.zero; . -~however, any artifacts that
are reflected into segnent 3 will be el i ni nated when the first

th ti di
o ock. Themaaitid Syahesis w oy Tidioh Mol BRIl RS oF @ el 5 20UnilEdl oG Bl 27! ©
Thi rd Hirddo®rfiadtion exceptforaumereversﬁl this sane enbodi nent, the th| rd -
filterbanks in the encoder and conpl enent ecoder

i mpl errent edT bysmmhlngmmd%uﬁsmms a&@&@égf‘grﬂl‘ eés‘??ﬁdﬁl' P%’él“‘l"&fﬁ’?f?@l“cll?‘lidow
f unct ' lf)lgmytgmglbl{?&,& WA R éﬂgtd WAL T #$ ERiniPle ah€ Shown in

expres respectively. The third filterbanKs are of

| engt hMloo vﬂnd’dydﬁﬁkﬁ@iisad(BDrwjhéowﬁmomnzﬂnhgth 128 with al= 6.dniig. 11a,
reflection. Aliasing artifacts arg end- 1 o-.end reflectl nof t he, si gnal

an e

i n t hecurve3&l illustrates the shapgfof ﬂl’s’tm"dfl@#r%‘tqledﬁ Window functiog Wﬂl ouLSBRHINE 0 and
t he boun

ot t - nARGAYE 36 M5 Ruds e iBe bE B Bifcy Gnticss rwmmri%va BunclibAWH PR
single The fréqa_gnanespom for&hVaﬁalyﬁS—synthesrs system usihgtharsaioptlied maodified

synt hesi, s wi ndow functions. WertrkL(n) i t er banks:

dont | waRdow fincton i pPNUTBTIE U boGE IPY SERTERI ML UTIET [ORORE (T EitP ot co
byp CUr ¥GmAfkthe the EhBoth&f moliftiell WifidWPRM@Mon. Curve 341 represents the frequency

response of an analysis-synthesis system using KBD window functions with o = 1, and curve -

393 represents an envelope of the peaks for the frequency response that results from usmg
linearly-tapered frame crossfade window functions of about 5 msec. in duration, discussed
above and illustrated as curve 343. As may be seen from this figure, a smoothed modified
15 synthesis window function achieves a_'frequency response that is similar to the frequency
response achieved by an analysls—synthe“si's system using KBD window functions with o = 1.
Hybnd Analysrs Synthesrs Wmdow Functxon Modlﬂcatlon
In the techniques dlscussed above, all changes to the frame gain proﬁle are made in the
signal synthesis process. As an ‘alternative, the analysis process could use filterbanks with one
20 frequency response for blocks at frame boundaries and use another filterbank for 1ntenor blocks
The filterbanks used for blocks at the frame boundarles could be desxgned to reduce the amount
of modification requtred in the synthesxs process to achleve a sufﬁcxent attenuatnon of spectral

splatter at splxces

Data Synchromzatlon R _
25 In applications that process both video and audio mformatlon the video frame length
generally is not equal to the audio block length. For the standards shown in Tables III and IV,
video frames and audio blocks are rarely synchronized. Stated differently, an edit of video/audio
“information on a video frame boundary is probably not on an audio block boundary. As a result,
in block coding systems, the audlo 1nformatron represented by the remammg pamal block

30” cannot be properly recovered. Two techmques that may be used to solve th1s problem are

discussed below.
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of three portions The first portion, designated as segnment 1, is zero. The
second and t portions, designated as segnents 2 an

i denti cal towvm ngow function W2(x) descrpihed above andgscﬁlgmsnggl?or?sh g
6a. 30 This third anal ysis w ndow function WB(n) ensures that
the signal in segnent 1 is zero. As a result, the afiasing artifacts
that are reflected fromsegnent 1 into segnent 3 are al so zero. The
aliasing artifacts that are refidicSasiplerRate Cogversitri3 i nto segnent 1 will

not generally zer o; however, Pfggqa{]{'lfac s that are refl ected

into segnent 4 @F‘l techniaug| CORYSTLSABANRY, @iHdio eogpved at an externalggjeigtosanotlsr ep
Sy nt hes ! fat%&qqm‘fﬂeqﬁt‘&ﬁapi?mWS@Tng]o@me eoan@fo@g fefifl The 1ﬁtgﬁxalsx¥éﬂ§ ReRbsado ?ﬂgh&e a

bl o a resu | asing ts exist only in segnmen
sufficient bandwidth for the internal signal and to allow a convenient number of samples to be

5 grouped with each frame of video. At the time of decoding or playback, the output signal is
converted from the internal rate to an external rate, which need not be equal to the external rate
of the original input audio signal.

Table V shows for several video standards the video frame length, the number of audio
samples at 48 k samples per second that equal the video frame length, the internal rate required

10 to convert these audio samples into a target number of sample, and the internal audio frame
length in samples, discussed below. The number shown in parenthesis for each video standard is
the video frame rate in Hz. For video frame rates greater than 30 Hz, the target number of
samples is 896. For video frame rates not greater than 30 Hz, the target number of samples is
1792. These target lengths are chosen for illustration, but they are convenient lengths for many

15 coding applications because they can be divided into an integer number of 256-sample blocks

that overlap one another by 128 samples.

Video Standard Frame Length Audio Length  Internal Rate Internal
(msec.) (samples) (kHz) Audio Frame

_ Length
DTV (60) 16.667 800 53.76 1024
NTSC (59.94) 16.683 800.8 53.706 1024
PAL (50) 20 960 448 1024
DTV (30) 33.333 - 1600 53.76 1920
NTSC (29.97) 33.367 1601.6 53.706 - 1920
PAL (25) 40 1920 44.8 1920
Film (24) 41.667 2000 43 1920
DTV (23.976) 41.7 2002 42 965 1920

Video and Audio Rates
Table V

For example, an application that processes an input audio signal at 48k samples per
second and a PAL video signal at 25 frames per second could convert the input audio signal into
20 an internal signal having a rate of 43 k samples per second. The internal signal sarhples may be
arranged in internal audio frames for processing. In the example shown in Table V, the internal

audio frame length is 1920 samples. In these examples, the internal audio frame length is not
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Fig. 6d illustrates how wi ndow functions V_\[E'ﬁ('n) “"Werr](n) and Werr](n)

241 t hrough 243 overlap with one andihhlelieetfﬁ'glhg!E R ofi l e 240
represents twe ooretis®effect of end-to-end WI n & IPCTIUSYSAGAL, | S
a sequence of overl apping product wi ndo#8 !ﬂw fromthe

product of corresponding analysis and synthe5| CthﬂS. The

aliasing artifacts in segnent 2 of block 11 wei ght ed by

anal ysi s-s Si ndo n r are anc

al i asi ng® ‘Ef%{] ‘E%Y@e? ié"ﬁ%}' g{}“s}fﬁfﬂar\/& t#“gééthfé‘ e;q}/y which the
anal ysi saqiidsdngiiésin\Und #iae overlaps thé/ifdié @diﬁplWﬁralhbﬂﬁ? fraﬁbe al i asing '
artifacts in se ment 2 of block 17 vvela‘_ted by anal ysi s-synt hesis 10

wi ndow f unct i Beferring(ta thesgramplarillustrated ip
hal f of Smgna,{s; br of %am})l Vb ERePYE aﬂa,hessaoﬁstm&pg@me%mw Iewaﬁtiéfrg%,y

W2 (n). recov I'asi ng FOR IR et m
pai r$ sugppliestions thk frathd o&adhphﬁteosral hd eguklstothe avelaf Gntervabbstovetd adjiicegt audio
accordi ng to conventi onal TDAC tec

Pl oo obiotks WM BJSPRG e e Tt PuRRen A SFIRISS ok D 4 4eaaes 1638t s the
artifact Euﬂ%é{ &éﬁ@bﬁéw 852! ih@Fval from the beginning of one frame to the V\E%mfmr%ff

Derivation ons W ndow function

deri ved ﬂmmaxta‘rames (Thisiis eqimhtd the irteroal audionfgamae lengtivlessithe number ofctemp}estmﬁxel n
the foll ra p Al t hough any wi ndow function with the appropriate
over | ap- BY%EQ e@% may be used as the basis wi ndow function, the basis

wi neppw f unct | BNfie examples discussed above and shown in Table V, the number of samples that
equal the video frame length is either 1792 or 896, depending on the video frame rate. The
frame overlap interval is 128 samples. For video frame rates above 30 Hz, each internal audio
frame includes 1024 (896 + 128) samples, which may be arranged into 7 blocks of 256 samples
that overlap one another by 128 sample For lower video frame rates, each internal audio frame
15 includes 1920 (1792 + 128) samples which may be’ arranged into 14 blocks of 256 samples that
overlap one another by 128 samples.
If filterbanks are used which do not generate aliasing artifacts at frame boundaries, the
B _'ﬁ'ame overlap mterval is preferably mcreased to 256 samples, whxch increases the internal frame
. length to 1152 (896 + 256) for v1deo frame rates above 30 Hz and to 2048 (1792 + 256) for -

20  lower video frame rafes.

The internal sample rate required to synchronize an audio signal with a desired video
frame rate is equal to the product of that video frame rate and the number of samples that equal
the video frame length. This is equivalent to
Ri=Ry*(La-Lo) " ®)

25 where R;= internal sample rate,

Ry =video frame rate,

L, = internal audio frame length, and

Lo = frame 'overlapfinterval.

Fig. 12a illustrates a functional block diagram of device 400 in which convert 403

30  receives an input audio signal having an external sample rate from path 402, converts the input
audio signal into an internal signal having an internal sample rate, and passes the internal signal
to encode 404. In response to the internal signal, encode 404 generates along path 405 an

encoded signal arranged in internal audio frames. Format 406 receives video information

ig.176, eachoftheframes gverlap Orlfhamtbeﬂ.b}'st :

nrT



20 used in a preferred enbodi ment is the 15%'51?% Ha@gg,éﬁ%plg%dﬂdow function:
[err] wo sonziss (3) al SerReeIRS1
w ndow function a a factor, -29. u | e nunber, .

N= wi ndow | ength in nunber of sanples, and 2 [err]
The derivation generates an anal ysis-synthesis product wi ndow function
Werr](n) by convol vi ng the Kai ser-Bessel w ndow function Werr](n)

with a raerangcdgjmlﬁamesnfrmmnath dht andasserikles an internahaudin frame iveitiyedchoidenl fraroe t he

| ock length N n rI erval v, or:
bl oc % teneratera]gn o%ﬁ:u% sign ng%gth A{U?

Fig. 12b illustrates a functional block diagram of device 410 in which deformat 412
receives from path 411 an input signal arranged in frames comprising video information and
5 encoded audio information. Deformat 412 obtains from the input signal video information that is
passed along path 413, and obtains from the input signal encoded audio information arranged in
internal audio frames that are passed along path 414. Decode 415 decodes the encoded audio
information to generate an internal signal having an internal sarnple rate that is passed to convert
416. Convert 416 converts the internal signal into an output signal having an external sample
10 rate.
Essentially any technique for sample rate conversion may be used. Various
considerations and implementations for sample rate conversion are disclosed in Adams and
Kwan, “Theory and VLSI Architectures for Asynchronous Sample Rate Converters,” J. of
Audio Engr. Soc., July 1993, vol. 41, no. 7/8, pp. 539-553.
15 Dynamic Audio Frame Alignment
If sample rate conversion is not used, the audio frame rate must vary with the video
frame rate. The internal audio frame length may be set to a convenient length, say an integer
multiple of a reasonably large power of two, to facilitate block processing such as split-band
coding using transforms. The frame overlap interval is then set equal to the difference between
20 the internal audio frame length and the number of samples that exactly span a video frame. This
may be expressed as
Lo=L4-Ly 9)
where Lp= video frame length expressed in numbers of audio samples.
Unfortunately, as shown above in Table V, this technique is more complicated for those
25 applications that process NTSC video because the NTSC video frame rate is not an integer
multiple of the audio sample rate. As a result, the NTSC frame length is not equal to an integer
number of audio samples. As shown in Table IV, five frames of NTSC video are required to
synchronize with 8008 samples of audio at 48 k samples per second. A group of five frames is
referred to herein as a superframe.
30 The number of audio samples that corresponds with each video frame in a superframe is
not constant but varies. Many arrangements are possible but a preferred arrangement for
29.97 Hz NTSC video is a sequence of five frames that correspond to 1602, 1601, 1602, 1601
and 1602 samples, respectively. For 59.94 Hz NTSC video, an analogous sequence may be used
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in which a pair of 801-sample blocks are substltuted for each 1602 block and a 801/800-sample

block pair is substituted for each 1601 block The discussion below is directed toward a solution

This may be sinplified to:

WO 99/21185 30 *CT/US98/20751

for applications that process 29.97 Hz video frames. These concepts may be applied to other
video frame rates. o - ' o

As shown in expression 9, a decoder must be able to determine the video frame length Ly
so that it can correctly determine the length of the overlap interval. If a decoder is confronted
with a splice edit on a frame boundary, the frame following the splice may represent any one of

five possible superframe alignments. The decoder will not be able to recover the audio

- represented by the blocks followmg the sphce unless they conform to the superframe alignment

the decoder is using. This may be accomphshed by the followmg dynamic audio frame
alignment technique.
According to this technique, in device 420 as illustrated in Fig. 13a, encode 423 receives

audio information from path 422 and generates encoded audio information arranged in

_superframes in which each frame is identified by a label that is unique for each frame ina

" respective superframe. The superframes of encoded audio information are passed along path

425, and the frame labels are passed along path 424. Format 426 receives frames of video
information from path 421 and assembles this video information, the frames of encoded audio
information and corresponding labels into an output signal that is passed along path 427.

In device 430, illustrated in Fig. 13b, deformat 432 receives an input signal from path
431, obtains frames of video information that are passed along path 433, obtains superframe

sequences of encoded audio information that are passed along path 435, and obtains labels for

" each frame of encoded audio information that are passed along path 434. Process 436

determines a starting sample and frame length for each frame of encoded audio information in
response to the label and decode 438 generates along path 439 an output signal by decoding the
frames of encoded audio mformatlon accordmg to the starting sample and frame length
determined by process 436, i oo e T '

" Ina preferred embodlment the frames in each superframe are labeled 0, 1 2 3 and 4

" The starting sample in frame 0 is assumed to be exactly synchromzed w1th a ‘frame boundary of

the video signal. Each frame'in a superframe is generated with the same structure having an
“early sample,” a “nominal start sample,” and 1601 other samples for a total of 1603 samples. In
the preferred embodiment, the samples are numbered from 0 to 1602, where the nominal start

sample is sample number 1; thus, the video frame length is 1603. As discussed above, the

" internal audio frame length may be greater due to a frame overlap interval. One convenient

IIF-



[err] where n = product-w ndow sanple nunber, 5 vV = nunber

of sanpl es W&]Mhlg*gwdow overlap interval, . N= de?ﬁ‘ﬁi’%*’lﬁﬁg th

of the product-w ndow, Wergj(n) = basis w ndow

|l ength [err], WP(n) derived product-w ndow of length N, and
[err] 10 For the O-TDAC transform the overlap interval v = N 2
and the anal ysis w ndow function and synthesis w ndow functions are

i dent i calintemabmeiofreme tsngtteis 100 stomplés) The ifamengain pidfile is detephimidRgordinyTo a

video frame length of 1603. For the example just mentioned, the frame overlap interval is 189
(1792 — 1603) samples
| Device 430 assumes any desired superframe alignment and dynamically alters the

5 alignment of each audio frame so that proper synchronization is achieved with the video
information. The alignment is altered by dynamically selecting the starting sample and length
for each frame. As described above, the length varies between 1601 and 1602 samples according
to the 5-frame pattern in a superframe. The effect of this dynamic alignment is to immediately
achieve proper alignment following a splice that preserves synchronization with the

10 accompanying video information. |

In the preferred embodiment discussed here, the starting sample number and video frame
length may be obtained from a table according to the following key:

K=(Fg-Fp)modulo 5 (10)
where K = alignment table access key,
15 Fg = encoder frame label, and

Fp = decoder frame label.

The decoder obtains the encoder frame label from the encoded signal. The decoder frame
label is generated by the decoder in a repeating sequence from 0 to 4 according to the
superframe alignment assumed by the decoder.

20 ' The decoder obtains the proper frame starting sample number and video frame length :

from Table VI using X as an access key to the table.
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(4) [err] The anal ysis and synt he5| S w ndow funct i ons
that are derived in this manner are referred to 15 herein as a

Kai ser - Besswb9merissed (KBD) wi ndow function. The product w PEIWSI8ReSIon i s
referred to as a KBD product wi ndow f#ction. The al pha factor for ‘the

basi s Kai ser - Bessel wi ndow function may be chosen to optim ze coding
performance. In many applications, an opti mum al pha factor for coding

isinth angefro : T se f cel

al i asi ng*¥ft¥f a §°‘{2nr g;fgﬁt ut OO frane all g%C&p ﬁﬁfo %@?‘; {,ﬁqowl ndow
functi on t%Ybe §é’&eat Bl i £E2 %enerally, ﬁzse W

shape that ghebsorves o bepgthy gai N—pe o~ -
interval. Bt spli Bes t hé overl@a i nt erval cah 0ext endlacros§6 B
franmes; ho@ever, ilt is aiticipki0dd that many &pplicalions wlll ust6@@
"splice- 0 over | ap i bterval602that is in the rang2 of 5 20 30 h&:. For

"reasons thgt wll 3be di sgussedidoal ow, it 1 is significadt that6dZhe
overlap ingerval across a splipg2can be increased. 4 2 1602
2 0 1 1601 3 0 1 1602
2 1 0 1601 3 1 - 1 1601
2 2 1 1602 3 2 1 1602
2 3 1 1601 3 3 1 1602
2 4 1 1602 3 4 2 1602
4 0 1 1601
4 1 0 1601
4 2 1 1601
4 3 0 1601
4 4 1 1602 Dynamic Audio Frame Alignment
Table VI

An example of dynamic alignment is illustrated in Fig. 14. In this example, a superframe
begins with frame 453 and is interrupted by a splice following frame 455. The last frame 456 in
a superframe follows the splice, with a new superframe beginning with frame 457. The ideal

| length of fhe audio infdrmation_ in each frame is shown in the boxes of row 450. The encoder
5 frame label Fg for each frame generated by an encoder is shown in row 461. Note that label 0
corresponds to the first frame in each superframe. The decoder label Fp assumed by the decoder,
in this example, is shown in row 462. The difference between these two labels, calculated
according to expression 10, determines the alignment table access key K which is shown in row
463. The starting and ending sample numbers, as determined from the alignment table, is shown
10 in row 464. The notation 0-1601, for example, denotes a 1602-sample frame that starts at sample
0 and ends at sample 1601.

In frame 451, the decoder processes a block that is 1602 samples long. This frame is one
sample longer than the “ideal” length according to the encoder superframe alignment.
Accordingly, frame 452 starts one sample late and is one sample shorter than the ideal length.

15 This results in frame 453 starting at sample number one, exactly synchronized with the first
frame of the superframe. The alignment of frames 454 and 455 agree with the ideal alignment.
| Immediately after the splice, the alignment of frame 456 zigrees'with the ideal aligmhent.
Frame 457 starts at sample number one, exactly synchronized with the start of the next

superframe. The length of frame 457 is one sample less than the ideal length, however, so frame

; Thls Sheet Has Been Rep
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Fi |l t er banks ﬁgﬂ Spectral Splatter at Splices
al pha fact orvR'\‘an | nyﬁgﬁe range mentioned.ghave is optimum for ngﬁ:;‘/%sgﬁéﬁél
applications in the sense that perceptual coding is optimzed. As nmentioned

above, coding is general ly optim zed by increasing the
attenuation of frequencies in the filter stopband in 5 exchange for a
br oader 458l starts gnesampleccarhpand kasglengthfona sampleg@ntatén thapitheddeal bengeh) Thelsturt a
filter that i, timzed for perceptual coding is shownp hy curve .
342 in Fefframe 45%%(_‘-@6&@@% Qi g one Eaf?&e sﬁwwm'éa%kﬁﬁmcesawx e
the frangsoopirs deQhinbR cafliePatdt SOAC sARBleShcer aRlthERied], SYSt em usi ng

KBD wi ndow functions with [err] = 6 and having a frame overlap interval
equal to 256 Asthiy example shows, the degadenagliicvien exasd aynthronizationeth tha starbofeashd
stopband_i s -not sharpl fine in this ex le .. 10 t he passband covers
fre§uenc§u8§rq?g’etr8g§8§ﬁ/°§8?)% lgw&ﬂpwgegfrgﬁt%gﬁa selb?fé‘rs frequenci es above
about 1 KHz. Devicu30 iise9B nicdifiedsyathesin induit Aol Rifadhieve M Skoper end-to-end

I n applications using transforns applied to 256-sanple bl ocks, splice edits
t end t o frame gain profile in a manner similar to that discussed above in connection with expressions 6a

through 6c. The modified synthesis window function at the start of each frame is determined
according to expression 6a where the number x of samples “discarded” at the frame boundary is

10 equal to the frame starting alignment offset relative to the early start sample. For a frame starting
at sample 2, for example, x = 2. The modified synthesis window function at the end of each

frame is also determined according to expression 6a except in a time-reversed manner.
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generate significant spurious spectral components or "spectral splatter"
Wit hin about 200 Hz to l1kHz of a filter's center frequency. For
appl i cati ongowsnnigs bl ocks of other lengths, this 15 f r PETAIR§/207dhge
may be expressed in terns of two cons'i@nts di vided by the bl ock |ength;

hence, . significant spectral splatter ocgurs w wi thin a range of
frequenci es ‘expressed in Hz from ali?ﬂ&IMS o ~000:"t0. about—256, 000,
each divided by the block |ength. L uM’M’” g"e shown in
Fig. 7, these frequenC| es are outside of what i W

the filter giﬁl-hglgzﬁlﬂ?&'é&lﬁé‘@m sﬁl esi- gned to opt”l neze* percept ual

codi ng performance ot “provi de enough attenuation of the
spectral spl att errecsiving enlinput sighal comprising 2 sgqussee of frames; agespeetive input

S opal | " signat e somprivig p 8 PSS a0 Bl Bnd B AGrTHRRBUG OF, |

frequency r IBRyck of signal 15 $a$d5}08k(§16 §sagpleens that - .
Sﬁ%}*&ﬂ?ﬁﬁlfg arld¥a enll BRIck of signal sampla) fHsigriad saypl

prOV| des si | ess.attenuat.ion’in the stopband . but ...
provi des rrorrepmt&ﬂngaudlomfoﬁnﬁlqnange of frequencies affected by the
spectral splatter cr @ﬁfgﬁlfﬁse%%%% ares ch.tfv%‘?ﬁput ﬂ?ﬁﬁé‘}fr i edﬁgnals

~ perceptual codi ngﬁqngf 1o |n rease ‘atténuati o o

spectral splgdgplyinds GFse ﬁ&bﬂbﬁnk tdwid st bleck pf slgazpicslmples,mecmctﬁkeredle
attenuati on of ‘spectral’ energ £ hi n:-a-r-ange . of lérl g enC|

i ndPudi ng 209gn4ls LiaPPEITE H§3°P6ﬁi ﬁge@g}f Té’rﬁafdﬁ‘le 9imereienme élgna
bl'acks, or fgaﬁﬂﬁ'eesnfﬂdetﬁlrﬁ’ hieRa %fgéléﬂ b?(ﬁgg@ﬂ% AR bARED sﬂh ¢hd Bﬁ)cmbf t he

bl ock Iength rom.se. can_be reached

satisfying fgignplieamples, edhpreirssaid S seecvmiramd thl@d ilterbanks each have a respective”

length, the respective lengths of said first and second filterbanks being unequal and

the respective lengths of said second and third filterbanks being unequal, and
15 generating an output signal suitable for transmission or storage by assembling
said first filtered signals, said second filtered signals and said third filtered signals into
a respective output signal frame, whereby a sequence of output signal frames is
generated by assembling first, second and third filtered signals generated in response
to said plurality of input signal frames. -
20
2. A method for signal processing comprising:
receiving an input signal comprising a sequence of frames, a respective input
s1gna1 frame comprxsmg a start block of 51gnal samples one or more interim blocks of .
) signal samples and an end block of s1gna1 samples sald blocks of signal samples
25 representing audio mforma’uon
generating, in response to a respective input signal frame, a first filtered signal
block by applying a first filterbank to said start block of signal samples, one or more
second filtered signal blocks by applying a second filterbank to said one or more
interim blocks of signal samples, and a third filtered signal block by applying a third
30 filterbank to said end block of signal samples, wherein said second filterbank
generates said second filtered signal blocks having aliasing artifacts, said first
filterbank generates said first filtered signal block having aliasing artifacts that cancel

aliasing artifacts in 2 respective second filtered signal block but having substantially
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30 bot h general coding and for crossfading frames at splices. In

applications_where such a . conprom se cannot be achi splice
i s detected WRPRHES ¢ requency response of the anal ysis- ' sﬁ’qrsgéji’?wg'esi S

systemis changed. This change nust be 3&cconplished in conjunction with
synt hesi s filtering because the analysis filterbank cannot
general |y ant h¢ bihet Slissing etifacts ondrsaidi third filtéfbank generates said ediihfilieres sighal are

described in this sectign, for reducing spectral spl.atter are the subject of -
a [err] block having glgqsmt;f[amth_qu cancel aliasing artifacts in a respective second
filtered signal block but having substantially no other aliasing artifacts, and
generating an output signal suitable for transmission or storage by assembling
5 said first filtered signal block, said one or more second filtered signal blocks and said
third filtered signal block into a respective output signal frame, whereby a sequence of
output signal frames is generated by assembling first, second and third filtered signal

blocks generated in response to said plurality of input signal frames.

10 3. A method according to claim 1 or 2 wherein said signal samplé blocksina .
respective input signal frame overlap one another by N/2 samples,
said first filterbank is of length 3N/2 and has aliasing characteristics such that,
in response to said first filtered signals, a complementary first synthesis filterbank
generates a recovered start block of signal samples having aliasing components in a
15 middle N/2 samples and having no aliasing components in a first N/2 samples,
said second filterbank is of length & and has aliasing characteristics such that,
in response to said second filtered signals, a complementary second synthesis
filterbank generates one or more recovered interim blocks of signal samples each
having aliasing components, and
20 said third filterbank is of length 3N/2 and has aliasing characteristics such that,
in response to said third filtered signals, a complementary third synthesis filterbank
generates a recovered end block of signal samples having aliasing components in a

middle N/2 samples and having no aliasing components in a last N/2 samples.

25 4. A method according to claim 3 wherein
said first filterbank is implemented by a first transform and a first analysis

window function of length 3N/2 samples, wherein said first window function has a
first portion of length N/2 and a second portion of length N/2 that are substantially not
equal to zero, and a third portion of length N/2 that is substantially equal to zero,

30 said second filterbank is implemented by a second transform and a second
analysis window function of length N samples, wherein said second window function
has a first portion of length N/2 samples and a second portion of length N/2 samples

that is substantially not equal to zero, and
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copendi ng application; however, they may be used advantageously in

conbi nation wth the technlques di scussed above for suppressing

al i asi ng arwébergtiss at frane boundari es. Fi g. ®CTNS98/2074t es
device 320 that may be used to reduceggpectral splatter at a splice by
altering the end-to-end frequency response of an analysis-synthesis system

In this device, t.322, receives an . I h 321,
obt ai ns therefrorﬁaé’rféggg“he ng]fbnmplemen 493 ¢ éﬁ“l%ﬁ%@tﬁag%ﬁég‘%yﬁ ong .
path 324, a'\ﬂmﬁ@ﬂ%ﬁ’&ﬁ)ﬁ R 1IN sarhgles| witdréingaifahird flow functior Religat i ng
whet her a splice occurs at.either.the start .of the end of a frame. The

occurrence dirseportion of leggth iNi2 thatis sabstentially $9na) t@ Ber0e3MKkR Se50RGROTHARGE si gnal
t b d f f I
To 't ™ b ir B T S of eneth 4 el EROA PRI KGRl B 1 20TV
bl ogks of audio - . ~information contain-bl ock :nunbers-that i ncrenment
fromzero to 255 and t hen.w ap,aroun bI ock
nunber s t hat5.afAdnsthed %ngﬁg}ﬁtpﬂal@(ﬁu‘lvgefPdeig{%a‘ﬁ%“-ﬁ?ﬁ‘%g mﬂﬁﬁ/\éﬁﬁcp
tsteftealms%ﬁr% sxsrvgihh&p lﬁ?ncggﬁ ﬁh's;fregaeéf? 1%%&3% Kﬂiée?JBeﬁie‘PGﬁﬁdiw& Retcfibn/skdV dat a

i'S nunb If the audio streamis encoded

t he encsbdomnamtgmrmmm funrction Has debn derm@iqfuemtsmdlemtBassqh gvindow Bmstiother
-form of pr dlctalelnfornat 0 t.he nfor conform
o what mshe sesend s i oginas OFsaid fird e hetPR Bt tore dgreednce of
a ggli omsade 1ser-Besselu)1ﬂHo'iheﬁxﬂ@c'ilﬁle to the control signal received from
path 32 swtch 325 di rects encoded

6. A method for s1gnal processmg comprlsmg
receiving an mput 51gnal comprising a sequence of frames, a respectlve input
signal frame compnsmg first filtered signals, second filtered signals and third filtered
15 signals, _ _
| generating, in resporise to a fespecti\}e input signal frame, a start block of
signal samples by applying a first synthesis filterbank to said first filtered signals, one
or more interim blocks of signal samples by applying a second synthesis filterbank to
said second ﬁ]tered signals, and an end block of signal samples by applying a third
20 synthe51s filterbank to said third filtered si ignals, wherein said ﬁrst second and third
synthes1s filterbanks each have a respectwe length, the respective lengths of said first
and second synthesis filterbanks being unequal and the respective Iengths of said
second and third synthesns filterbanks being unequal, and : ’ _
generating a sequence of output signal frames a respectlve output signal frame
25 comprlsmg a pluralxty of signal sample blocks wherem a respective frame comprlses
said start block, said one or more interim blocks and said end block, wherein said

signal sample blocks represents audio information.”

7. A method for signal processing comprising;:
30 receiving an input signal comprising a sequence of frames, a respective input
* signal frame comprising a first filtered signal block, one or more second filtered

L LI

signal blocks and a third filtered signal block,

[
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audio information to one of three synthesis filterbanks. Switch 325 directs
encoded audi o i nformation for the first block in a frang_follow ng a
splice to fi ™Q9MM¥hesis filterbank 326, 20 encoded audi o RGHG¥A2015n
for the last block in a frame precedi rd7a splice to third synthesis
filterbank 328, and encoded audio information for other blocks to second
synthesi s filterbapéerating, in réspbnseitotagesprictivecinput signad éachen bl iadt blodlosfat i on
for these other blocks could be directed t three filterbanks

accordi ng to Sigealisamples §yarRlyingadystsyatsyE %I‘Qﬁagﬁg ke eaid Sest\filteredrsignal 5

Buf f er [ ' I | eto
t ﬁe synt hesi Zglé%guch?gb? og Exé&%ﬂ%%?%é%%#%g&yﬁlgﬁqﬂ? ﬁgﬂ?&g}g&g@@t %@?P%{F
filterbanks. filterbank to said oneTrendre second fidtetedi sighabblotks; and afi ehd blokk ok sigaale
desi gned to achi eve, a desired.fyeqyenc respan i n,conjunction wth
s_o?r{eganal ysi ss*?qI‘P g%p% %‘g ﬁtkﬁﬁiﬁ ; %ﬁws@tgﬂ%go S*Pﬁ E}E"‘gﬁ%‘%’?@ ggnﬁl%loclé, "
filterbank i Sﬂ@&i@ﬁ%s&:h@%tﬁ&&%lﬁmgenmk 84id %Elfiﬁrm@ﬂ&%a‘ﬂn?hlﬁgﬁg

second synthesis ) filterbank. The first and third synthesi
filterbanks maspifints,isaidifisstesyntbesis filterbandngengrates saidstao block havingaliasing

provi des the desired overgll. f.re ney- respo . Cen I he two

FiTterbanks wATHECS fhat canﬁejvﬂbaﬁ%%i‘l?%i%ﬂﬁ%ﬁ&?@ﬁ‘ivﬁgﬁ%ﬂ"&kiﬁubfﬁwv&| | have
i mpul se r espopgRtantifidf nbtet AliABing AR & thnd said third epithesasfidrbailegaredtber . In
applications thatpgligg enent filterbanks using transforns and w ndow

fund@ ons, theaids ek heving pliasingtaaifestsdbat cpuce] alisingattibgtsip aussnegtive
synthesis w ”ﬂﬁ&ix}l%ﬁ‘&k'bﬂpﬁaving %xbstaﬁthf:é' ﬁ#‘&h@ﬁaﬁs%g%ﬂ%&%}ﬁﬂ | nterval
of "a splT1cCg.

\ 4
bet ween adj acen rames on eit’her Sio
generating a sequence of output signal frames, a respective output signal frame

comprising a plurality of signal sample blocks, wherein a respective frame comprises
said start block, said one or more interim blocks and said end block, wherein said

15 signal sample blocks represents audio information.

8. A method according to claim 6 or 7 wherein said signal sample blocks ina
respective output signal frame overlap one another by N/2 samples,
said first synthesis filterbank is of length 3N/2 generates said start block of
20 . signal samples having aliasing components in a middle N/2 samples and having no
aliasing components in a first N/2 samples,
said second synthesis filterbank is of length &V and generates said one or more
interim blocks of signal samples each having aliasing components, and
said third synthesis filterbank is of length 3MV/2 and generates said end block of
25 signal samples having aliasing components in a middle N/2 samples and having no

aliasing components in a last N/2 samples.

9. A method according to claim 8 wherein
said first synthesis filterbank is implemented by a first transform and a first
30 synthesis window function of length 3N/2 samples, wherein said first window
function has a first portion of length N/2 and a second portion of length N/2 that are
substantially not equal to zero, and a third portion of length N/2 that is substantially

equal to zero,
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may bq;v@gggrﬁg i shed in several ways. One way nodul at es PCrAIS9§/2a78Esi zed
o] signal recovered fromthg synthesis filterbank so that frames
Ither side of a splice .crossfade |nto one anot her. Th| s may be

lished in a deV|ce such ,a vi,.ce.l4 SS be
rsr}[:) rated in Fisald sgeondsypthesis 1&%@%‘56@8 n{ ge%g’ﬁ'}ﬂ ?J'b‘t s drﬂéanda
hesi zed Gi gy t]'h9s1§ %dfohﬁﬁlﬁctlon of le l‘f gﬂg NCsQﬁIl Rﬁ whereBi¥aidosecand wirklow

red spllce oV ap interval. I'n-e gai'n profile of the

frame precedumgionthas 8 first pertipesf MgﬁsNﬁrS@mplﬁﬁla!@ atseccs)érp@mqur epgth /2 5cr 0ss

this

. synt

de
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25

30

i nterval 146 es the. anplitude of the
hesi zed %WQ%%‘GQFF sphgant}ag l%&‘l%owl ir%g(;’ g splice  across the
red spli-ce-ovgidltaid sfﬁtl@dsis&llterﬁankeé fnqﬂémemtb@bgalthlrd)tmrlsfdm arid 4 thirdf r ane -
owi ng the
synthesis wmdow functlon of length 3N/2 samples Wherem said tlurd wxndow
function has a ﬁrst portlon of length N/2 that lS substantlally equal to zero and a
second portion of length N/2 and a third pOl'thI‘l of length N2 that are substantlally

 not equal to zero

10. A method accordmg to claim 9 wherein the ﬁrst and second portions of sa1d first
synthes1s window functlon have been derlved from a Kalser-Bessel wmdow function, said
second synthesis window ﬁmctlon has been denved from sald Kalser-Bessel window
function, and the second and third port1ons of said third synthesns wmdow ﬁmctlon have been

derived from said Kaiser-Bessel wmdow ﬁmctlon :

11. A device for signal processing compnsmg _
means for receiving an input signal comprxsmg a sequence of frames a
respective input signal frame compnsmg a start block of s:gnal samples, one or more
interim blocks of 51gnal samples and an end block of 51gnal samples sald blocks of -
signal samples representing audio mformatnon R
| means for generating, in response to0 a respective 1nput signal frame first
filtered signals by applying a first filterbank to said start block of signal samples,
second filtered signals by applying a second filterbank to said one or more interim
blocks of signal samples, and third filtered signals by applying a third filterbank to
said end block of s1gnal samples wherein said first, second and third ﬁlterbanks each
.have a respective length the respectxve lengths of sald ﬂrst and second ﬁlterbanks e
being unequal and the respective lengths of said second and third filterbanks being
unequal, and
means for generating an output signal suitable for transmission or storage by

assembling said first filtered signals said second filtered signals and said third filtered

P P s \\\\\\\\\\\\\\\\\\\\\\\\\\\\\\
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10 splice increases fromthe lower level to unity across this interval.

If the effecw anges In gain profiles account for the nodul ation
effects of a a(?§7 5ynt hesi s windowi ng, the overal | gain of PCT/USISRMSI
overl apped franes can be preserved. -39- The effective change in
gain profiles can be linear. Curve 343 in Fig. 7 illustrates the

frequency resframesis gbmerated by assbmbhngﬁrsi, decorebaridythird fittersd sigralegaheiatedinof i | e
of about 5 msec. in 15, : le rate of 48 k sanpl es per
second, this TSRQSG IR S%ﬂ}‘@@f}b?ﬁgp?toﬁ%gﬁ mgs; 6 sanpl es. In many
codi ng applications, transforns are applied to sanple bl ocks having 256
sanpl es; therefore, in these particular applications, a ranp or linearly

t apered gain b'%oAidlevicoforzs'@alprocessinga:npﬂpt‘isingxtends across an "end" bl ock at
t he ,%rarre boundary_and across. Eart. Ot ﬁcgn?cent ck that
overTaps this end BFEEROT FFRFEDE 0 AARH FEPENT p&“ﬁiﬁpﬂ‘iﬁqﬂﬁm&rﬁ’é 2M&Sed bank t o
the end bl ockgespidetive 1n§§pilyﬂam&aﬂlﬁ%h@hsihg|atﬁrbﬁl%k bPsipha shﬁﬁl%g' &Leedrﬁnore

adj acent bl ock, and yet another filterbank t ot her” blocks in the
interior of twterim hleeks ofsignal sampl @@@@numbmqflsngmstsmms said blagks ®f t wo
addi tional sy Ban quired to process the bl ocks
adj acent to aﬂ%&?%rﬁplg“e&/}ﬁ{s L%ﬁaﬁéﬁtﬁ r&%tlé'? bl ocks. - -~ The

frequency responsemednstfoi genkratiegyrih yespanertod respeptivesippesssias fiamech Grgnce
resg&nse 25 responses my be eval uat ed.

h f
al ly, (i FeErpsaR b‘ﬂ%mﬁ%ﬂeﬁgﬁeﬁe hiierbageio 14 A black ot isnelruomples
energy W th r&angchort Sedolll filteRHSIRRFREERCIRYIAL § sEchd Hide¥ink To said one

or more interim blocks of signal samples, and a third filtered signal block by applying

a third filterbank to said end block of signal samples, wherein said second filterbank
generates said second filtered signal blocks having aliasing artifacts, said first

15 filterbank generates said first filtered signal block having aliasing artifacts that cancel
aliasing artifacts in a respective second filtered signal block but having substantially
no other aliasing artifacts, and said third filterbank generates said third filtered signal
block having aliasing artifacts that cancel aliasing artifacts in a respective second
filtered signal block but having substantially no other aliasing artifacts, and

20 means for generating an output signal suitable for transmission or storage by
assembling said first filtered signal block, said one or more second filtered signal
blocks and said third filtered signal block into a respective output signal frame,
whereby a sequence of output signal frames is generated by assembling first, second

and third filtered signal blocks generated in response to said plurality of input signal
25 frames.

13. A device according to claim 11 or 12 wherein said signal sample blocks in a
respective input signal frame overlap one another by N/2 samples,
said first filterbank is of length 3N/2 and has aliasing characteristics such that,
30 in response to said first filtered signals, a complementary first synthesis filterbank
generates a recovered start block of signal samples having aliasing components in a

middle N/2 samples and having no aliasing components in a first N/2 samples,
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reduci ng the spectral splatter that is created at splices.
Modi fi ed Synthesis W ndow Function Anot her way to alter the
overal | - frqgy@payss esponse characteristics of an anal ysis- BOT/USS'%’Wﬁhem S
systemis to nmodify the synthesis w ng(gw function so that the net effect of" 1
anal ysis- = synt hesi s wi ndow.ng hi eves the desired response. In

effect, the overall, fre nc nse . . Ghanged ac¢cording to the
resul ti ng anal ysﬁé‘@ﬁ?ﬁ@f"’égﬁ;‘ anW‘ﬁ@%‘W has alipsipg characteristics such'thatgyr v e

341 in Fig. hil GlteR SPeHs Alary ectral
splatter at 1Zrés’59ﬁé%5tg@%r§g§cotg a grag nglr% ext eﬁteh?han %éﬁgﬂ?@erﬁg%sﬁsgy response

of the 5 nsduterbankeandérgtes amreuogaewvered interim blocks of gighabamplas@aR

%r '(I)'fDlAlCea:lglpr elsentatlalasm componenf% The res ponse of: Cur ve 341 is achi eved by.
5 said third filterbank is of length 372 and’ has alrasmg charactenstrcs such that,

in response to said thxrd ﬁltered srgnals a complementary thtrd synthesxs ﬁlterbank

generates a recovered end block of s1gnal samples havmg ahasmg components ina

middle N/2 samples and having no aliasing components in a last N/2 samples.

10 _ 14. A device accordmg to clalm 13 whereln SR
said first filterbank is implemented by a first transform and a first analyszs
~window function of length 3N/2 samples wherein said ﬁrst window ﬁmctlon has a
first portion of length NP2 and a second portion of length N/2 that are substantlally not
equal to zero, and a third portion of length N/2 that is substantlally equal to zero,
.15 . said second ﬁlterbank is rmplemented by a second transform and a second E
- : analySIS window functlon of length N samples wherem sard second w1ndow ﬁ.mctton
' has a first portion of length N/2 samples and a second portlon of length N2 samples
that is substantially not equal to zero, and
said third filterbank is implemented by a third transform and a third analysis
20 window function of length 3N/2 samples, Wh@féin said thrrd :Win'dow function has a
.ﬁrst portion of lérigth N/2 that is substantially equal to zero, and a second portion of

length N/2 and a third portion of length /2 that are substantially not equal to zero.

15. A device according to claim 14 wherein the first and second portions of said first
25 analysis window function have been derived from a Kaiser-Bessel window function, said
second analysis window function has been derived from said Kaiser-Bessel window function,
and the second and third portlons of said third analysis wmdow function have been derrved

from said Kaiser-Bessel window function.
30 16. A device for signal processing comprising:

means for receiving an input signal comprising a sequence of frames, a

respective iniput signal frame comprising first filtered signals, second filtered signals

TG "

and third filtered signals,




synt hesi s system using 256-point transfornms and KBD wi ndow functions with a

= 1. As nti oned above, curve 342 corresponds to
functions V\/i‘t"'f:l’%’n—ls?E The 'end-t o-end frequeﬁE@%Q%’g%‘se

of these anal ysis-synthesis systens i s4&quivalent to t he
frequency response of the wi ndow fornmed fromthe product of t he anal ysi s
wi ndow function  means for genarating,He responsedoiagespientivennputrsignab framEha stactan be

(58) el er ] (P w6 peyals b poplyips o frst Syhiedid SiKTeak Gogatd st Bl ¢ L

KBD wi ndow f Uﬁ%ﬁdl& %ﬁ%f on?e initefim blocksld¥ signal samples Bﬁﬁlﬁ}né ﬁ)semnﬁys?ﬁﬂﬁﬁks KBD

wi ndow functio g = KBD
wi ndow f unct |ﬂlzterbmtl¢toaald6pcond filtered signals, and anwx[ pl}@ ;1gnalaamp§®by KBD
Wi nd w function,w th

w funct | PIIPS A t}grdjsyilthegﬁ filterbank to said thxrdvgi erec{/#lé%ls?, wah Q%@Iﬁ‘s"ﬁ oduct

W ndow funct i @gond ardd third synthesis ﬁlﬂdibanks each have lafregpestive lhﬁgthsth‘éﬂrésiié&uw nction
is nmodified to convert the end-to-end uency respons to sonme

ot her desi r ediengtbpefisnd fi lrst amd@pomfbsymimsm L) hb@lnapn@gqg} anflithe respectivee| f
and the anal y%é s of said second m&‘@ﬁ"&’s;x'fﬁﬂ%é ﬁﬁeﬂb§nl&cﬂéﬁlg IRqhdiSadyf OduCt W ndow

that has the red response
means for generating a sequence of output signal frames, a respective output

10 signal frame comprising a plurality of signal sample blocks, wherein a respective
frame comprises said start block, said one or more interim blocks and said end block,

wherein said signal sample blocks represents audio information.

17. A device for signal processing comprising:

15 means for receiving an input signal comprising a sequence of frames, a
respective input signal frame comprising a first filtered signal block, one or more
second filtered signal blocks and a third filtered signal block,

means for generating, in response to a respective input signal frame, a start
block of signal samples by applying a first synthesis filterbank to said first filtered

20 signal block, one or more interim blocks of signal samples by applying a second
synthesis filterbank to said one or more second filtered signal blocks, and an end
block of signal samples by applying a third synthesis filterbank to said third filtered
signal block, wherein said second synthesis filterbank generates said interim blocks
having aliasing artifacts, said first synthesis filterbank generates said start block

25 having aliasing artifacts that cancel aliasing artifacts in a respective interim block but
having substantially no other aliasing artifacts, and said third synthesis filterbank
generates said end block having aliasing artifacts that cancel aliasing artifacts in a
respective interim block but having substantially no other aliasing artifacts, and

means for generating a sequence of output signal frames, a respective output

30 signal frame comprising a plurality of signal sample blocks, wherein a respective
frame comprises said start block, said one or more interim blocks and said end block,

wherein said signal sample blocks represents audio information,
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response corresponding to WP[err] is desired and anal ysis w ndow function

WAlerr] is used for signal analysis, this relationship can be
repr esent edwalogaiyssai cal | y as: 20 WP[err] (n)= WAl err] (rQT/t/8682p751

(5c) where WX(n) = synthesjss. wi ndow function needed to convert
the frequency response. -~ Thi's can be witten as: VWA( n)
= [err] .

(5d) 18. A device accordw ) cl(amx 16 or 17 wherem saxd &gnaﬁgm{lﬂe ?18819 ig ﬁape of

Wi nd0Wrééﬁ@&iﬂe%tﬁ&(s1'g§al$£§ﬁﬁlﬁ\i%flaﬂ6ﬁ8amm|bymeﬁknphan what is. 25
shown in expression 5d if .the_ splice-overlap:interval .extends tq a

nei ghbori ng audi caidifissisynthesis filterbank is of length 3% ggepqgtes &d stah legk of, ¢ he
f Th |
expr essi on_ SipealsePiF iRPHEAREPEnddlehs i Tl SbipEEAR Y havingmo -

i n§ hat DOFTa'li@si\n%éomponents in a first W2 sampled, ock whi ch does not overl ap any
other block in t

T R 43 el i S
|T the synthgsis %Jﬁg%‘f"s%ifﬂ%h‘n %h%a%ﬁ%chlitaﬂngQ&’ﬁﬁéﬁenﬁshﬁn&nd to-end '

frequency onse Tro her ro Ifeto | ower alpha
profile, it nust stld\ﬂnrd/smghelsmtf@tsrhaakuﬁe@flﬁ@h3 /2 an eneratqsrseldfqndrbéOMﬁmary

An exampl e is o Ovmée[s%avmg ahasmg cgrvxtx]po%rént%li'ﬁ\a/?m gll N/& lséinple? gn%s ha"’\‘rngBl% This is

the repl acefi&it! ¥
10 aliasing components in a last N/2 san;ple,s,“ '

19. A device accordmsz to claim 18 wherein =

said first synthesis filterbank is implemented by a first transform and a first
synthesis window function of length 3N/2 samples, wherein said first window
15 function has a first portion of length N/2 and a second portion of length N/2 that are
~ substantially not équal to zero, and a third portion of length N/2 that is substantially
equal to zero, B S -
said second synthesis filterbank is implemented by a second transform and a
second synthesis Window function of length N samples, wherein said second window
20 function has a first portion of length N/2 samples and a second portion of length N/2
samples that is substantially not equal to zero, and ' '
| said third synthesns filterbank is 1mplemented by a third transform and a third
synthesis window function of length 3N/2 samples, wherein said third window
function has a first portion of length N/2 that is substantxally equal to zero, and a
25 - second pomon of length N/2 and a third portion of length N/2 that are substantlally

not equal to zero.

20. A device according to claim 19 wherein the first and second portions of said first
synthesis window function have been derived from a Kaiser-Bessel window function, said
30  second synthesis window function has been derived from said Kaiser-Bessel window
function, and the second and third portions of said third synthesis window function hdve been

derived from said Kaiser-Bessel windowf‘u-f\ction. \\“\
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anal ysis or synthesis w ndow function with a =1, c %
i 11 ustrates ¥ R%ﬂlﬁ?oduct wi ndow with a =1, curve 356 i ustrazes a
KBD anal ysis or synthesis wi ndow function W|th a =6, and curve 359
illustrates a synthesis wi ndow functidry %#0cordi ng to expression 5d. As
curve 356 approaches the frane boundary It beconmes very nmuch smaller
t han curve 352; therefore, curve %rbecones very | arge.
Unf ort unat el M—a.S\n hesi s window fnnnf:n that—has strapr\ IS Tr RV
359 having {he largejincrease at the edge of wi ndow function WX has very §
poor frequeffy res oMracterlstlcs and w [T, degrade the,  soun

quality of the r/eclﬁ/er 7si T A6 m?5 /'74t e(‘/ﬁrf u?s”t%atfn’é’y tf‘l@ed_to
sol ve t hips—probptenrare—drsgussedr et UT
Di scardi Mn es

: J
\ -~

- 21 J

FIG. 1a

/-26 FZS -f24 /-23 /22 r21 r20

- J
Y
31

FIG._1b

67 66 65 64 62 61
A A Al f Naala
Ve N NS N ~/ \/ \/ N
/ /N AN AN 7\ /N 7\ AN
/ / N/ N s A N s N s N N
y / N/ \/ A4 N N N N )

FIG._2a t

.: 'l /'81 ; '1’

S~ NS N ~ N A
N 7N AN 7N 7 N\ AN

Ve N 7 N /./ N _// \\// AN // \\
/ A4 N AN N . )

FIG._2b t

/82 /81 /80
DG x \_)

F’G- _ZC Has Bee en Replaced

\\\\\\\\\\\\\\\\\\\\\\\\\




10 : The first technique for nodifying a synthesis w ndow funct.i on.
avoids large increases in w ndow function WKby di scardi ng sonme nunber
of sanpl es wo Phe1skr ane boundary where the anal ysi s W rehousdsporsii on
has the snall est values. By varying the nunber of sanples discarded, :
the bandwi dth required to convey sar’zl e@)i n the franme overlap interval can
be traded of f agai nst t he decr és I n system codi ng performance
caused by poor frequency response characteristics in 15 t he decoder.

For exanple, if the synthesis w ndow functions for the first three bl ocks
inaframe is nodi fied to achieve a desired frequency response

cor r espondjerg REGIONd uedlent REGION Bct REGIONWP} erxHe—aREGIDN Ri-repw
function used for signall anal é%l S is [err], then tHe rqui red nodjfied
synt hesi s Jai ndowggynct i ohs 4s fol |l pws: l 1a :
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[err]

where WKI (n)

nodi fi ed synt ' L ndow function for the first bl ock,
ﬁ%ﬁu‘ﬁ% .

= nodi fied syn

VWK3( n)

heSi's wi ndow function for the second bl ock, 2
nodi fied synthesis wi ndow function for the third bl ock, and

x=number of sanples discarded at the fr3del®oundary.

K2 ( n)
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Fi g.

10a il Iustrates,

shape of the nodified synthesis w ndow

for several

val ues of x,

t he

function required to

convert a p6owgpites O TDAC anal ysi s-synt hesi s system usi ng ®CiKR398r20756
anal ysis wi ndow function into an anal ysi s-synthesis systemthat has a

frequency respo

anal ysis and synt hesis wi ndow functi

nse

equi val e% tmthat of a systemusing KBD a = 1
oé frame overl ap

th a

i nterval equal to 256 sanples. Curves 361, 362, 363 and 364 are the
nmodi fi ed synt hesi s* wi ndow functions for x,=285 16, 24_and 32
sanpl es, respectively. The—f-r-eq-u-eéy responst f

synthesis filterbanks using08hese nodifigd wi pgow f tpons are
shown in Fig. 10b. Cu Y3 and|374 are the frequency respopses for
x = 8, 16 and 2202 sarrpl e espectrvery. YO63[’/1l is the requency

response %?&a symﬂs ter ba k Usi ng ndow f unc vath
a =1 As y Yoe ong t hi nodigi ed |
W ndow f $iCTTON M ﬁﬁgéh | jﬁﬁl\/‘%o%’%
about the same : hesis fil}erbank
usi ng KBD wi ndow functi on204th a =CT: er] words, a pynthesis
filterbank that discards x = 16 sanpl e§, e n conjunction pMth ;
200
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b

an analysis filterbank and an a = 6 analysis window function, is able to

achi eve an anal ysi s-synt hesi s systen1frequenc response
that is eqw{;’gﬁ%ﬁl‘ﬁ?o the end-to-end frequency respo QEXJ ’%{’p
systemthat uses a = 1 analysis and synthesis w ndow functions and, at the
sane tinme, provide a synthesiS/fiQterbank frequency response that
attenuat es frequenci es above about 200 Hz nearly as nuch as a
synthesis filterbank using an a = 1 synthesis w ndow functi on.

Systens which use KBD w with | ower values of alpha for

nor mal 20 codi ng w ly require a smaller nodification to the
synt hesi s wi ndow funcyi on and fewe sanples to be discarded at the
end of the frane. Th€e nodified syntWsis w ndow functions required
at the end of a frAnme are simlar to e w ndow functions shown in
expressi ons 6a through 6¢c excegt wth a tinme reversal.

Modul at i ng range CGain Panin 25 t echni que for

nodi fyi ng a 'synt hesi s wi ndow f unction avoi d | arge increasgs in
wi ndow f unctd on WKby allomné% the frame gain'profile to deviate slightly
fromthe ideal | ev i medj y on_either side of a splice. By
varying the deviation in the gain e, audibility of the
devi ati on can be traded off against the audi ity of spectral splatter.
Thi s techni que snoot hes the nodified syntheS|s wi ndow function so that it
has small 30 val ues at or near the frame boundary. \Wen done properly,
the resulting synthesis w ndow
241
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function will have an acceptabl e frequency response and the frame gain -

profile will deviate from the i deal KBD product w ndow function at |
or near thewosgsmsgsoundary where the gain is This is the regrasesmsi
sheet - 20- :
relatively |low. The attenuation of sp?’c}ﬁ splatter will be degraded only
slightly as conpared to - tha vided by an ideal crossfade gain
shape. 0 ' ‘
the first three blodks in a frame nust be nodified to achieve 3
desired frequency 2ro_gs onse, the nodified synthesis w ndow functions
40 |-
€0 -
LEVEL
(dB)
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-140 bt
10 100
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5 WKrequi red for the second and third bl ocks are generally the sane as
shown above i expressions 6b and 6c¢,- for x = 0. Th L LI

synt hesi s w r??j%\?\?qldasction WK1 shown above in expresgq(gﬁg%gg}zﬁgl
snoot hed by nultiplying it point-by-point with a snoothing wi ndow function
over the first half of the snoothing wifldd® function's length. The

resul tant nodifi eg gpert-hesis

i S:

p = length of thep$r
The nodified synthegi d

i denti cal

[err]

w ndow function required at the end of a franme is':
to thisggh 361 ndow function except for a time reversal.
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15 The snoot hi ng wi ndow functi on WM .may be based on essentially

any w ndow functi on; however, a KBD snoot hi ng wi ndow function

seens to wowbeiiss In this exanple, the snoot hi NPOW/USHe 20751

function is a KBD wi ndow function of length 128 with a = 6. In Fig. 1la,

curve 381 illustrates the shape of tQp ggplfied synt hesi s wi ndow function
3

W t hout snoot hi ng and curve illustrates the shape of the
nodi fi ed synthesis w ndow functl on w t h snoot hi ng. 20 _ The
frequency resporﬂi‘e t—erth—artad yol ~) cyllL hest-5 SYst dAtha ng ~the—breeth
nodi fi ed witndow function is shown in Fig. 1 Ib. Curve 391
represents the frefugncy response that results from usi ng thhe

snoot hed nodi fi ggg i ndowggunction. Curve 341 represents the frequency,
response of an analysgs-synthesis system using KBD. wi ndow functions wWith a-

= 1, and curve 1 393 represents an envel ope of the peaks for i he
frequency respo\rgqe that results from using 25 |l inearly-tapered fjrane
crossfade wi ndo ynctions of about 5 nmsec. in duration, discussed [

above and L%VF traj edias curve 343. As nay be seen fromthis figure, [a
snoot hed e synt hesi s wi ndow function achi eves a frequency

response that i 5151 m ljar to the frequency response achi eve@¢ by an’
anal ysi s- synt hesi s|sysfem usi ng KBD wi ndow functions with a = 1.
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-21- Hybrid Anal ysis-Synthesis Wndow Function
Modi fi cation In the techni ques di scussed above es
to the frameWI% 1 ¥%file are made in the si gnal synt hggﬁ'}sdsa&gégp

As an alternative, the analysis process could use filterbanks with one
frequency response for blocks at frarregle‘learl es and usea
filterbank for i nter4r bI ocks. 5
the frame bougdarife |

attenuati on of spectral splatter at splices.
Gain Control to Attenuate Artifg@gs at Spllceé
that may be used to reduce_thg ibility ?‘fif‘l’ﬂﬁ created by afsplice

is to 10 incorpom info an encofled au«;llo si gnal pl uyal ity of
gai n-control N QONVERT precodey ENCODEo whack systeto

alter the anplitude of the_playbackl]si gnal ' ent s of
devices that u _/hg(s)e gai n-contr ol éds are di scussed iR

par agr aphs. Th FI ._123
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t echni ques that use gain-control words as described in this section are the
subj ect of a copending application; however, they nmay be used
advant ageouwloysiznssonbi nati on with the techni ques 15 di srcIusbsabmsie f or
suppressing aliasing artifacts at franme boundaries and for reducing
‘spectral " splatter. r}@[g. 4a illustrates a functional

bl ock di agram of device 100 in whi ch 1fQ>( 111 generates al ong path
112 an output signal arranged in frames conprising video information,
encoded audi o information representing nultiple audio channel s, and

gai n-control words. 20 Format 111 generates the output si gnal in
response to a signal received frompath 108 that is arranged in
frames conveying video informtion and encoded :audio information for the
mul tiple audi o fhannel'¢, and 1| respofjse to a received from
path 110 that congeys pai xzcontr ol wonjds. Pro receives
mul tiple control gi‘gm S om}pat®Rs 1pp3a¥and {1035, each-.-.ass ci ated
with one of the nultip}je dudi ¢ channe] s, and}in resp each control
signal, generates al onfg~25— patiT I parof gdi n-u_glnul ‘words for an”
associ ated audi o ghannpl fthat jrepresent a starting © ggin and an
endi ng gain vm'thi@-a—rasp@ti e fawanel Gy gwo<tont} ol Egi grjal s 103 and two’
associ ated audi o channpl s+t02fare shopn in the figurp fQr tihe sake of
clarity. This gain-conp~oe4 -eerhH ay—be—appt-ed—Ho nore that two
channel s if desired. — In the ernbodi meng s@wn, encode 105
generates al ong p%th.s,l%%anc 108b encoged < © '
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?

?;0"' digasm tdon for multiple audio channels in res to multiple
ha 226837 TP i TREDS3B07 Y ane

audi*o chann Signal's received from p'fat hs 102a and *I d’e.
107 generates the signal along 108 by arrangi ng Jin franes-video
i nformati on received frompath 101 and~fhe encoded audio informati ons

recei ved from paths 106a and 106b. Ii??p _
-22 - Thi s gai n- cont r BESCRIPTION nay %@ga)wq)ﬁ § 7
signals that are anal ogous to the si gnal passed al ong pa] P’GSB

therefore, neither encoBmudBasedAudicOoditg Wit Additignil Rillerbark

enmbodi nent s that i ncl ude teSapptesslAfasinpARTAAdat ¥ mPE BoaRdlresd t 0 each audio
channgl I ndependently or it may be applied jointly to multiple audio

channel s. For exanple, the AC3 5 encodi ng techni que may be applied
jointly to two or nore audi o channEECBNICALFIEL al

The present invention is related to audio signal processing in which audio information
streams are arranged in frames of information. In particular, the present invention is related to
improving the audio quality of audio information streams formed by splicing frame-based audio

10 information streams.

BACKGROUND ART
The process of editing audio or video material is essentially one of splicing or buttixig
together two segments of material. A simple editing paradigm is the process of cutting and

15 splicing motion picture film. The two segments of material to be spliced may originate from
different sources, e.g., different channels of audio information, or they may originate from the
same source. In either case, the splice generally creates a discontinuity in the audio or video
material that may or may not be perceptible. '

_ Audio Coding
20 ' Block Processing
The growing use of digital audio has tended to make it more difficult to edit audio
material without creating audible artifacts. This has occurred in part because digital audio is
frequently processed or encoded in blocks of digital samples that must be processed as a block.
Many perceptual or psychoacoustic-based audio coding systems utilize filterbanks or transforms

25 to convert blocks of signal samples into blocks of encoded subband signal samples or transform
coefficients that must be synthesis filtered or inverse transformed as blocks to recover a replica
of the original signal. At a minimum, an edit of the processed audio signal must be done at a
block boundary; otherwise, audio information represented by the remaining partial block cannot
be properly recovered.

30 Throughout the remainder of this discussion, terms such as “coding” and “coder” refer to
various methods and devices for signal processing and other terms such as “encoded” refer to
the results of such processing. None of these terms imply any particular form of processing such
as those that redu.ce information irrelevancy or redundancy in a signal. For example, coding
includes generating pulse code modulation (PCM) samples to represent a signal and arranging

35 information into patterns or formats according to some specification. Terms such as “block” and

This is the replacement sheet
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bandw dthgme%rﬁﬁ by renmoving or reducing redundanm.ﬁgfﬁ}k, Zﬁ’fiiheof

charmnel s. Fig. 4c illustrates a functional : |

devi ce 140 that generates output signals .. to reproducg or :phayback
mul ti pl e audi o channels according to gaier-cont rol- words*inan input >
signal . Deformat 142 recei ves frompath 141 an input signal arranged in
franmes conprems @gusel in thisdisclosurefrefento gronps ar ofimformatidmthatamaydifen d

Paput ot orfm Whet BostBrl (Gihe e 18 i, ot s i the AN Ak BB, apcards
channel s~ abghetifics kiowe apttier ARS-3 BB xli%gmr dudio SMRdARd, AAE bithed “Mthd afgch of

t he audi o channel s. . Process ecei ves the gain-control words from

path 145 afidterbankcagised berginiachide essgatially any form efrecunsive sng nob-secarsivegfilperidgs

; ) ) - q
audi 031 nf Shcibes dRBGe Lifrof Ry OV 459 PlbiroBs o8 PSR Blrimation e Sopat
out put si @iiapplying such filierselore pusticutaratientionlis fdééiof filbérbadks iRpRIrentidbyOr

| evel of each, output signal is varied in response to an associ at ed
gai n cont FEPSIOMES | A pair of gain-control words represents

a startin al N PRl i Is s | i nnel -
wthin a ga?t I cul ar n?‘?haagrrg.ﬂﬁ tgg%xggssp %%g °3‘e°r‘?‘e“rn§tbé’;s°r°g§' es?%ﬂgn r"g# %ggaﬁegﬁgp%

r epr esent blagkatructuresitp provessand ehcddeprogram méterizli Becaass 6ftthe ﬁ@ért@rﬁn'éhﬁture of

: ; h ’ N
B0 C BB RS Bl b e BTk e ol ook
for exanmpbgencddedsimplenbf Qeffidiéma! woul d represent a gain that changes

linearly across a . . . . .
This limitation is clearly illustrated by a commonly used overlapped-block transform, the

modified discrete cosine transform (DCT), that is described in Princen, Johnson, and Bradley,
"Subband/Transform Coding Using Filter Bank Designs Based on Time Domain Aliasing

15 Cancellation," ICASSP 1987 Conf. Proc., May 1987, pp. 2161-64. This transform is the time-
domain equivalent of an oddly-stacked critically sampled single-sideband analysis-synthesis

system and is referred to herein as Oddly-Stacked Time-Domain Aliasing Cancellation
(O-TDAC). The forward transform is applied to blocks of samples that overlap one another by
.one-half the block length and achieves critical sampling by decimating the transform

20 coefficients by two; héwever, the information lost by this decimation creates time-domain
aliasing in the recovered signal. The synthesis process can cancel this aliasing by applying an
inverse transform to the blocks of transform coefficients to generate blocks of synthesized
samples, applying a suitably shaped synthesis window function to the blocks of synthesized
samples, and overlapping and adding the windowed blocks. For example, if a TDAC coding

25 system generates a sequence of blocks B;-B,, then the aliasing artifacts in the last half of block
B; and in the first half of block B, will cancel one another.

If two encoded information streams from a TDAC coding system are spliced at a block
boundary, the resulting sequence of blocks will not cancel each other’s aliasing artifacts. For
example, suppose one encoded information stream is cut so that it ends at a block boundary

30 between blocks B1-B; and another encoded information stream is cut so that it begins at a block
boundary between blocks A;-Ag. If these two encoded information streams are spliced so that
block B immediately precedes block Ay, then the aliasing artifacts in the last half of block B;
and the first half of block A, will generally not cancel one another.

This is the replacement sheet



partlcul a Decodi ng nay be applied tg h_au
channel %éé@%ﬂﬁ? or it may be applied-25 jointly mBC?FZ‘f’%?W%bdudl 0

channel s. For exanple, decoding nay be conplenentary to *fopms (o) b
encodi ng that renove or reduce redundarii es ‘between the channel s. |
split-band coding applications that use a synthesis filterbank and a

synthesi s wi nd’@heﬁlethnﬂhamnidévln&smﬂthmpnoshgrha% elther ignorailthe prodldne 6 havel y
nodul at ed acgcor. di n in co troI si g y. modj. f.vi ng, encoded dio.
prior to %Fﬁﬁﬂdieé Fosistagtory g@ﬂ%@% Be F%lqu edhes he mudibilitytithe 9«?@
audi o obt giipesl omﬁg gm?l Juldsy keal¥ L
w ndowi ng, or by%@?lngr%la?%e tg or mt?gﬁ éﬁbd&@a@ﬁﬁ om t he
appl i cat | @mssfdding)ensgudid stedas intmﬂhewﬂfeqrmmre-mcodmg the resultant crﬁs@dedktream into
illu ratesafu i onal bl o m devi ce 120, t hat d|f exi St.i ng
gai nsst eWSB‘Fﬁ Fu%;ggqféfgg&@y eﬁ%derpéeﬁs "p"ﬁ‘ﬁ g 1
an i nput ﬁgmathe ?ch%MﬁéhrbHcost that is ﬁﬂa&%ﬁv@%&&l&éé fisind sl ﬂnﬁﬁéﬁxﬁ@éﬁ;‘ éileither
encoded audi o_information representing mul t'i pl e audT o

side of the splice cannot be independently recovered because the crossfade cannot be undone.

Spectral Splatter
Splice edits create another problem that the prior art has failed to address. This problem

10 is particularly troublesome with split-band perceptual coding techniques. Perceptual split-band

encoding applies a filterbank to an input signal to generate subband signals or groups of
transform coefficients having bandwidths that are commensurate with the critical bandwidths of
the human auditory system. Ideally, each subband signal or group of transform coefficients is
quantized or encoded with just enough bits to render the resultant quantizing noise inaudible by

15 having the noise masked by spectral components in the original signal. Coding performance is
affected significantly by the frequency response characteristics of the filterbank applied to the
input signal to generate the subband signals or transform coefficients. Generally, these
characteristics are optimized by increasing the attenuation of frequencies in the filter stopband in
exchange for a broader filter passband. For example, see U.S. patent 5,109,417.

20 Splice edits tend to generate significant spurious spectral components or “spectral
splatter” within a range of frequencies that is usually within the filter passband or transition
region between passband and stopband, and not within what is regarded as the filter stopband;
hence, filterbanks that are designed to optimize general coding performance do not provide
enough attenuation of the spectral splatter created at splice edits. These artifacts are usually

25 audible because they are usually too large to be masked by the original signal.

DISCLOSURE OF INVENTION

It is an object of the present invention to improve the quality of audio represented by an

audio information stream formed by splicing two or more frame-based audio information
30 streams by avoiding uncancelled aliasing artifacts on either side of the splice in embodiments

that use aliasing-cancellation filterbanks to process the audio information.

According to the teachings of one aspect of the present invention, a method for signal
processing receives an input signal comprising a sequence of frames, a respective input signal
frame comprising a sequence of blocks of signal samples including a start block, one or more
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In an editrng application, control signal 122 indicateS a splice 1n input

si gndl 1 first filtergdysignaldlpekbseapplying tossaid start flogk adfirstanalysis dilterhank thas ppavides

2t anuat dop iRl Mits iy ibe de AOH feRond Frere i) FRelY Abriteinfid
t he att ergirtor@sore iftediniledky agbdond ainkigsis filterbank THae privides for tin@domaiiealiag Xt end
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10 blocks have aliasing artifacts, said first filtered-signal block has aliasing artifacts of the audio
information in the second segment of the start block that provide for cancellation of aliasing

artifacts in a second filtered-signal block representing the interval of audio information that
overlaps the second segment of the start block and has substantially no aliasing artifacts of the
audio information in the first segment of the start block, and said third filtered-signal block has
15 aliasing artifacts of the audio information in the second segment of the end block that provide
for cancellation of aliasing artifacts in a second filtered-signal block representing the interval of
audio information that overlaps the second segment of the end block and has substantially no
aliasing artifacts of the audio information in the third segment of the end block; and generates an
output signal suitable for transmission or storage by assembling said first filtered-signal block,
20 said one or more second filtered-signal blocks and said third filtered-signal block into a
respective output signal frame, whereby a sequence of output signal frames is generated by
assembling first, second and third filtered-signal blocks generated in response to said plurality of
input signal frames.
According to the teachings of another aspect of the present invention, a method for
25 signal processing receives an input signal comprising a sequence of frames each comprising a
plurality of filtered-signal blocks of signal samples representing overlapping intervals of audio
information, a respective input signal frame comprising a first filtered-signal block, one or more
second filtered-signal blocks and a third filtered-signal block; generates, in response to a
respective input signal frame, a start synthesized block by applying to said first filtered-signal
30 block a first synthesis filterbank that provides for time-domain aliasing cancellation, one or
more interim synthesized blocks by applying to said one or more second filtered-signal blocks a
second synthesis filterbank that provides for time-domain aliasing cancellation, and an end
synthesized block by applying to said third filtered-signal block a third synthesis filterbank that
provides for time-domain aliasing cancellation; generates a sequence of output signal frames
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pro ed by the gain change with the audi bj €, gain
change |t§§ﬁl6§%ﬂ§9§ cont rol- word techni que-is:? r#&llwls%ﬁzég
editing applications. 99/ 26837 WO EP . '* o8~
- 24- -5- . CLAi V5 ss” 3,
1. A nethod for signal processing conprising:
recei vi ng represmpngtlmaydmlmfmamom @rpspestivecoudput signal ftame Comprising a pRAalRgpf a
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or nore i RbkdpBndingWveridppéd bhplREehithih tBE Gv&laﬁﬁgd $yhthesized blocks, and wherein sald
interim synthesized blocks have aliasing artifacts, said start synthesized block has aliasing

5 artifacts that cancel aliasing artifacts in the interim synthesized block representing the interval of
audio information that overlaps the interval represented by the first filtered-signal block but
having substantially no other aliasing artifacts, and said end synthesized block has aliasing
artifacts that cancel aliasing artifacts in the interim synthesized block representing the interval of
audio information that overlaps the interval represented by the third filtered-signal block but
10 having substantially no other aliasing artifacts.

The various features of the present invention and its preferred embodiments may be
better understood by referring to the following discussion and the accompanying drawings in
which like reference numerals refer to like elements in the several figures. The drawings which
illustrate various devices show major components that are helpful in understanding the present

15 invention. For the sake of clarity, these drawings omit many other features that may be
important in practical embodiments but are not important to understanding the concepts of the
present invention. The signal processing required to practice the present invention may be
accomplished in a wide variety of ways including programs executed by microprocessors,
digital signal processors , logic arrays and other forms of computing circuitry. Signal filters may

20 be accomplished in essentially any way including recursive, non-recursive and lattice digital
filters. Digital and analog technology may be used in various combinations according to needs
and characteristics of the application.

More particular mention is made of conditions pertaining to processing audio and video
information streams; however, aspects of the present invention may be practiced in applications

25 that do not include the processing of video information. The contents of the following
discussion and the drawings are set forth as examples only and should not be understood to

represent limitations upon the scope of the present invention.

BRIEF DESCRIPTION OF DRAWINGS
30 Figs. 1a and 1b are schematic representations of video and audio information arranged in
blocks, frames and superframes. '
Figs. 2a to 2¢ are schematic representations of overlapping blocks modulated by window
functions and the resulting gain profile for frames comprising the windowed blocks. |
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by applyi H§o$18Mai d start block a first analysis filterbank (205) that
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e e s oo arfEHR o
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said second filtered-signal ave alrasing artifacts, 20

said first fil Figseltsddare schématic representitions nfjwindows finctions that mayhedised to

information in the.second. s nt, of .t he start bl ock that provide for
cancel | at FHpress aj}asmg drtificts 8t frkme bo(sxpd%msasi ng artifacts in a second

filtered-si gnalFigl7afilistratdr es@endytesponise éHatRteriticsthat result from using various
audi o information that overlaps the second segnment of the start bl ock and
has 10 window functions at frame boundaries.

Fig. 8 illustrates a functional block diagram of a device that applies alternate filterbanks

to increase the attenuation of spectral splatter at splices.
Figs. 9, 10a and 11a are schematic representations of several window functions that
pertain to the device of Fig. 8.
15 Figs. 10b and 11b illustrate frequency response characteristics that result from using

various window functions in the device of Fig. 8.

MODES FOR CARRYING OUT THE INVENTION
Signals and Processing
20 Signal Blocks and Frames

Fig. 1a illustrates a stream of encoded audio information arranged in a sequence of audio
blocks 10 through 18, and video information arranged in a sequence of video frames such as
video frame 1. In some formats such as NTSC video, each video frame comprises two video
fields that collectively define a single picture or image. Audio blocks 11 through 17 are grouped

25 with video frame 1 into an encoded signal frame 21.

Some applications have video frames that do not divide the encoded audio into an
integer number of samples, transform coefficients, or the like. This can be accommodated by
arranging groups of encoded signal frames into respective superframes. An arrangement of five
encoded signal frames 21 through 25 grouped into superframe 31 is illustrated in Fig. 1b. This

30 particular arrangement may be used for applications using NTSC video and 48 k sample/sec.
PCM audio. -
Processed Signal Blocks
A sequence of blocks of encoded audio information may represent overlapping intervals

of an audio signal. Some split-band perceptual coding systems, for example, process blocks of
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substantially no aliasing artifacts of the audio information in the first
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cancel l ation of aliasing artifacts in a second

filtered- asEnnﬁ r t | &
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into & resyenin sequalitpone bilfjthelbldakdength. \Ihis exleylap interval is commony @8 dy sofeEP
signal analysis-synthesis systems such as the O-TDAC transform mentioned above.
Fig. 2b illustrates the resulting modulation envelope of a window function applied to a

-1

sequence of overlapping blocks for an encoded signal frame. As illustrated in Fig. 2b, the net
effect or gain profile 81 of this modulation is the sum of the modulation envelopes 71 through

10 77 for adjacent blocks in the overlap intervals. Preferably, the net effect across each overlap
should be unity gain.

Fig. 2c illustrates the overall effect of window function modulation across adjacent
encoded signal frames. As illustrated, gain profiles 80 through 82 overlap and add so that the net
effect is unity gain.

15 In systems that use only analysis window functions, the net effect of all window function
modulation is equivalent to the modulation effects of the analysis window function alone. The
ideal gain profile can be achieved by ensuring that the modulation envelope of the analysis
window function overlaps and adds to a constant.

In systems that use analysis and synthesis window functions, the net effect of all window

20 function modulation is equivalent to that of a “product” window function formed from a product
of the analysis window function and the synthesis window function. In such systems, the ideal
gain profile can be achieved by having the modulation envelope of the product window function
add to a constant in the overlap interval.

Throughout this disclosure, some mention is made of coding systems and methods that

25 use both analysis and synthesis window functions. In this context, the gain profile resulting from
overlapped analysis window functions will sometimes be said to equal a constant. Similarly, the
gain profile resulting from overlapped synthesis window functions will sometimes be said to
equal a constant. It should be understood that such descriptions are intended to refer to the net
modulation effect of all windowing in the system.

30 Window Function

The shapé of the analysis window function not only affects the gain profile of the signal
but it also affects the frequency response characteristic of a corresponding filterbank.
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2. A nethod according to claim1 wheret$- 5 - "7 said’ fhpst
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anal yai o oplcB Uaed Bl 10 el A st S aRRCRE! o oS5, YRk ¢ i of

(242) conpeqeshciRs thatds Bt Githid thetviitfat is regarded as the filteP§t6pthRg) F&&bhﬁksttﬁ@t are
correspondi ng segments of said one or nore interimblocks (12-16),

wher ei n afesigneddo aptimizeaeneral pereeptuat ceding perfonmance do nok provide enanghatignuation
Segment s, ; Mfder inaudible these spectral artifacts created at splice edits.

IDAC Transform Aliasing Cancellation
10 With respect to the O-TDAC transform, the analysis window function, together with a

synthesis window function that is applied after application of the synthesis transform, must also
satisfy a number of constraints to allow cancellation of the time-domain aliasing artifacts.

The signal that is recovered. from the synthesis transform can be conceptualized as a sum
of the original signal and the time-domain aliasing components generated by the analysis

15 transform. In Fig. 3, curves 91, 93 and 95 represent segments of the amplitude envelope of an
input signal as recovered from the inverse or synthesis transform and modulated by analysis and
synthesis window functions. Curves 92, 94 and 96 represent the time-domain aliasing
components as recovered from the inverse or synthesis transform and modulated by analysis and
synthesis window functions. As may be seen in the figure and will be explained below, the time-

20 domain aliasing components are reflected replicas of the original input signal as modulated by
the analysis and synthesis window functions.

The kernel functions of the analysis and synthesis O-TDAC transforms are designed to
generate time-domain aliasing components that are end-for-end reflections of the windowed
signal in each half of a block. As disclosed by Princen, et al., the O-TDAC transform generates

25 time-domain aliasing components in two different regions. In region 2, the time-domain aliasing
component is an end-for-end windowed reflection of the original signal in that region. In region
1, the time-domain aliasing component is an end-for-end windowed reflection of the input signal
within that region, but the amplitude of the reflection is inverted.

For example, aliasing component 94a is an end-for-end windowed reflection of signal

30 component 93a. Aliasing component 92b is also an end-for-end windowed reflection of signal
component 91b except that the amplitude of the reflected component is inverted.

By overlapping and adding adjacent blocks, the original signal is recovered and the
aliasing components are cancelled. For example, signal components 91b and 93a are added to

recover the signal without window function modulation effects, and aliasing components 92b
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bei ng>uned®a e'ﬁ?ate%(r)écea%gc%hes se (ilond ggé%édmélegssmthfgﬂ%naﬁwf Bingthe halfibleck)
t hr ough 3WQ%W%IQ%M%aQI )a(;ﬁei]thesphce sai d respective input

signal fra represent 1 nte audi o information that overlap
one anot her by Similasconsidesations apply to other aliasing cancellation filterbanks such as one

described in Princen and Bradley, " Analysis/Synthesis Filter Bank Design Based on Time
Domain Aliasing Cancellation," IEEE Trans. on Acoust., Speech, Signal Proc., vol. ASSP-34,

10 1986, pp. 1153-1161. This filterbank system is the time-domain equivalent of an evenly-stacked
critically sampled single-sideband analysis-synthesis system and is referred to herein as Evenly-
Stacked Time-Domain Aliasing Cancellation (E-TDAC).

Filterbanks to Suppress Aliasing at Frame Boundaries

In coding systems using a form of aliasing cancellation such as that provided by one of

15 the TDAC transforms, splice edits prevent aliasing artifacts from being cancelled on each side of
the splice for reasons that are discussed above. These uncancelled aliasing artifacts may be
avoided by applying alternate filterbanks to the audio blocks at the start and end of each frame.
Referring to frame 21 shown Fig. 1a, for example, a first filterbank is applied to block 11, a
second filterbank is applied to blocks 12 through 16, and a third filterbank is applied to block

20 17. The characteristics of these filterbanks is such that the audio recovered from each frame
contains substantially no uncancelled aliasing artifacts.

Referring to Fig. 5a, device 200 comprises buffer 202 that receives blocks of audio
information and generates along path 203 a control signal indicating whether an audio block is
the first or start block in a frame, the last or end block in the frame, or an interim block in the

25 frame. In response to the control signal received from path 203, switch 204 directs the first or
start block in each frame to first filterbank 205, directs all interim blocks in each frame to
second filterbank 206, and directs the last or end block in each frame to third filterbank 207.
Format 208 assembles the filtered audio information received from each of the three filterbanks
into an output signal passed along path 209,

30 Fig. 5b illustrates device 220 in which deformat 222 receives an input signal from path
221, obtains therefrom encoded audio information that is passed along path 224, and generates a
control signal along path 223 indicating whether the encoded audio information is the first or
start block in a frame, the last or end block in the frame, or an interim block in the frame. In

response to the control signal received from path 223, switch 225 directs encoded audio
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t h 3N/ 2
and has a??/%@ﬁ? WQERe| | ati on » characterist] Eg% 0{1’%
response to sai d first filtered-si gnal bl ock, a conpl ementary s }
first synthesis filterbank (226) generé@es ‘a-recovered start bl eck of
si gnal sanpl es havi ng al i asing conmponents in the mddle N2
sanpl es anfbrimationtp ome af the synghcsmﬁitan&:ﬂ:s Switch 225 directs encodddrandio informb¥ién

sanpl es,

6. °" for the first block to fist synthes filtsrbanka26, easaled quio information fopintsrim blogks
I engt hN agdeliiy Shitsis fillebRAE 837, 3hd Bfboded audio information for the last block to third

synthesis filterbank 228. Buffer 229 generates an output signal along path 230 in response to the
5 synthesized audio blocks received from the three synthesis filterbanks.
Second Filterbank
In one embodiment of an encoder, the second filterbank is implemented by an N-point
modified DCT and an N-point analysis window function according to the O-TDAC transform as
disclosed in Princen, et al., cited above. In a complementary decoder, the second filterbank is
10 implemented by an N-point modified inverse DCT and an N-point synthesis window function
according to the O-TDAC transform. The forward and inverse O-TDAC transforms are shown

in expressions 1 and 2, respectively:

X&) = Zx(n)cos[ (k+ )(n+—'%l-)] forO0<k<M ¢))
x(n)——ZX(k) os[M (k+2)(n+ﬂ2il):| lforOSn<M (#))

15 where k= frequency index,
n = signal sample mumber,
M = sample block length,
m = phase term for O-TDAC,
x(n) = windowed input signal sample », and
20 X(k) = transform coefficient k.
The second filterbanks are of length A/ = N and create two regions of aliasing reflection with a
boundary between the two regions at the mid-point of a block, as shown in Fig. 3. The TDAC
phase term required to create these two regions is m =N/ 2.
In a preferred embodiment, the analysis and synthesis window functions are derived
25 according to a technique described below. The shape of these window functions is illustrated by
curve 242 in Fig. 6a. For ease of discussion, these window functions are referred to as Wa(n).
First Filterbank
In this same embodiment, the first filterbanks in the encoder and complementary decoder
are implemented by the modified DCT shown above and a modified form of window function
30 Wa(n). The forward and inverse transforms are shown in expressions 1 and 2, respectively. The

first filterbanks are of length A/ =3N/ 2 and create a single region 1 of aliasing reflection.
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| engt h N Portions. Thefirst bud maomhpduﬁompgesigmnéd dsGegments latfid 2parelidénticalas Wandovd f

ubst a Q zeraq,

sai'd secontel Waird describes shatk 64 P 8 Hig e 07 i neyion deoEmied staegmint
transf or m3aiceqaak@gens] anal ysis window function (242) of |length N sanples,
wher elb i This first analysis window function Wy(n) ensures that the signal in segment 3 is zero. As
a result, the aliasing artifacts that are reflected from segment 3 into segment 1 are also zero. The
aliasing artifacts that are reflected from segment 1 into segment 3 will not generally be zero;
however, any artifacts that are reflected into segment 3 will be eliminated when the first
synthesis window function Wi() is applied to the synthesized audio block. As a result, aliasing
15 artifacts exist only in segment 2.
Third Filterbank
In this same embodiment, the third filterbanks in the encoder and complementary
decoder are implemented by the modified DCT shown above and a modified form of window
function W3(n). The forward transform and inverse transforms are shown in expressions 1 and 2,
20 respectively. The third filterbanks are of length M = 3N/ 2 and create a single region 2 of
aliasing reflection. Aliasing artifacts are an end-to-end reflection of the signal in the block. In
effect, reflection region 1 is of length zero and the boundary between the two regions is at the
trailing edge or left-hand edge of the block. The TDAC phase term required to create this single
regionism=3N/2. |
25 The analysis and synthesis window functions #s(n) for the third filterbanks are identical.
The shap_e of one suitable window function is illustrated by curve 243 in Fig. 6c. It is composed
of three portions. The first portion, designated as segment 1, is zero. The second and third
portions, designated as segments 2 and 3, are identical to window function Wa(x) described
above and shown in Fig. 6a.
30 This third analysis window function #3(n) ensures that the signal in segment 1 is zero.
As a result, the atiasing artifacts that are reflected from segment 1 into segment 3 are also zero.
The aliasing artifacts that are reflected from segment 3 into segment 1 will not generally be
zero; however, any artifacts that are reflected into segment 1 will be eliminated when the third
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sanpl es afd288 second ‘segrent of | ength N 2: SRV b/izﬂaﬁtl i's
substantially not equal to zero, and : : 'sai d- thl rd=
analysis filterbank (207) is inpl ement-d@ - by a third anal ysi s transferm
and a third anal ysis wi ndow function (243) of length 3N 2 sanples, wherein

sai d t hi r gynthesis window functionrR(y)pisapplieddo thed syathiesiaed fntio blotk.r As amahﬁﬂas'm’g
| engt h N/2 that |s bstantlal |y equal to zero, and a second
segnent ofrtif: eptd.r d segnent of length N2 that are 25

R 1L R e grg8 e e i) O o P B,
anal ysi s woverthpwwithiomd amnhe(rZGam phafile 24@ repretents thechet effeot@f kad-teendBwiietving
e . bl S o O 54 R A
third segpruahst ﬁcoﬁesﬁnaﬁgraﬂaﬁaa la kﬁxtﬂ!si%%%éw "f&ﬁdti%ﬁs (Pitd 3)iadiRY Ertifacts in
been derived from sai'd Kaiser-Bessel™ w ndow functi on. 7. A
met hod f osegoiapt 3lof blask dd sveightedby analysisysynthesis window functions #;(n) are cancelled by
the aliasing artifacts in the first half of block 12 weighted by analysis-synthesis window
functions W>(n). The aliasing artifacts in segment 2 of block 17 weighted by analysis-synthesis
10 window functions W3(n) are cancelled by the aliasing artifacts in the last half of block 16
weighted by analysis-synthesis window functions Wa(n). Signai recovery and aliasing
cancellation in interim block pairs such as blocks 12 and 13 or blocks 15 and 16 is accomplished
according to conventional TDAC.
By using this technique, splice edits may be made at any frame boundary and no aliasing
15 artifacts will remain uncancelled.
Derivation of Window Functions
Window function W,(n) may be derived from a basis window function using a technique
described in the following paragraphs. Although any window function with the appropriate
overlap-add properties may be used as the basis window function, the basis window functions
20 used in a preferred embodiment is the Kaiser-Bessel window function:

Io |7 (1- ( d )2

’ N/2
Wn)=
= () Tl
where o = Kaiser-Besse] window function alpha factor,

n = window sample number,
N = window length in mumber of samples, and

25 Llx}= ZM.

for0<n<N 3)

The derivation generates an analysis-synthesis product window function Wp(n) by
convolving the Kaiser-Bessel window function #xp() with a rectangular window function s(%)
having a length equal to the block length N minus the overlap interval v, or:
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synt 's | | terbank (226) that provi des for
eal®)
e

N-v-1

>, W (n—k)

WP(n)=-+=-  for0<n<N

;wn ®)

where 7= product-window sample number,
5 v = number of samples within window overlap interval,
N = desired length of the product-window,
Wys(n) = basis window function of length v+1,
WP(n) = derived product-window of length N, and
1 forO<k<N-v
0 otherwise.

]
10 For the O-TDAC transform, the overlap interval v =N/ 2 and the analysis window
function and synthesis window functions are identical; therefore, either window function may be

obtained from:

N/2-1

> Wea(n—k)

W, ()= |2 for0<n<N @

N/2

> W)

The analysis and synthesis window functions that are derived in this manner are referred to
15 herein as a Kaiser-Bessel-Derived (KBD) window function. The product window function is
referred to as a KBD product window function. The alpha factor for the basis Kaiser-Bessel
window function may be chosen to optimize coding performance. In many applications, an
optimum alpha factor for coding is in the range from 2 to 6.
The absence of uncancelled aliasing artifacts throughout the frame allows essentially any
20 window function to be used at a splice. Generally, these window functions have a shape that
preserves a constant gain profile across the overlap interval. At splices, the overlap interval can
extend across many frames; however, it is anticipated that many applications will use a “splice-
| overlap interval” that is in the range of 5 to 30 msec. For reasons that will be discussed below, it

is significant that the overlap interval across a splice can be increased.
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filterbank (227) that provides for tinme-donain aliasing cancellation, and
an end 1099/26837 WO EP synt hesi zed bl ock by appl yi ng to saF§ETVURS&20751,
filtered-signal block a third synthesis ' filterbanks (228)
that provides for tine-domain aliasingjdancellation, 10’ el
generating a sequence of output signal frames representing the audio

i nf or mat i on, FilterBal 10 SGute SPitcri Sphieftak splil> compr i sing a

plurality of signal sanple blocks, wher ) sai d generating
over | aps adj acémtalphafattos witbin the tange mentiozedchboveisraptipmmiforgnamyeodingped 15

| i thin.th | hesi zed. bl ock d . L
wherei n s araiepnbuindHE B BB oAl ShREin otz Al mentiopsd shove, coding iy ar ¢
synt hesi z gghelpdIBdptitaisediby Bivteasing tie dtRfbfion/bTfregaetehs idttedHiep Stopbindiact s in

the interirm synt hesi zed bl ock representing the
i nt erval e¥changs foriatrondenfilterpassband. Aveexample oftypical frequency response for a filter

I nterval e . Lir Sty £ I -S| | . !

substanti @P{f oﬁ)@ﬂﬁg&ﬂp &Qgp&“ c%&mg 14 “Eh%%’t%%é’f alT a%%b‘#%q 'rﬁﬁ#ﬁ%e %ﬁffsgg?d
end synt hefifFegieidyaekpdias ofthe faimega profikcdfa O{TDAC analfrsis-synthesis system using
cancel aliasing artifacts in the interimsynthesized bl ock representing the
i nt erval KBD window functions with o = and hvipg afremaaveriap inteaval equal [ 236 samples.

e A5 bt b Sy i g in, n iR
10 the passband covers frequencies up to about 200 Hz and the stopband covers frequencies above
about 1 kHz. A transition region extends between the two bands.

In applications using transforms applied to 256-sample blocks, splice edits tend to
generate significant spurious spectral components or “spectfal splatter” within about 200 Hz to
1 kHz of a filter’s center frequency. For applications using blocks of other lengths, this

15 frequency range may be expressed in terms of two constants divided by the block length; hence,
significant spectral splatter occurs within a range of frequencies expressed in Hz from about
50,000 to about 256,000, each divided by the block length. |

In the example shown in Fig. 7, these frequencies are outside of what is regarded to be

the filter stopband. Filterbanks that are designed to optimize perceptual coding performance do
20 not provide enough attenuation of the spectral splatter created at splice edits. These artifacts are
usually audible because they are usually too large to be masked by the signal.

Curve 341 and curve 343 in Fig, 7 illustrate the frequency responses of two other
analysis-synthesis systems that provides significantly less attenuation in the stopband but
provides more attenuation in a range of frequencies affected by the spectral splatter created at

25 splices. Some performance in perceptual coding is sacrificed to increase attenuation of the
spectral splatter. Preferably, the frequency response optimizes the attenuation of spectral energy
within a range of frequencies including 200 Hz and 600 Hz for a system that filters 256-sample
blocks, or frequencies of about 50,000 and 150,000, each divided by the block length.

Sometimes a compromise can be reached satisfying frequency response requirements for

30 both general coding and for crossfading frames at splices. In applications where such a
compromise canfiot be achieved, a splice is detected and the frequency response of the analysis-
synthesis system is changed. This change must be accomplished in conjunction with synthesis
filtering because the analysis filterbank cannot generally anticipate splicing operations. The

techniques that are described in this section for reducing spectral splatter are the subject of a
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25 A nmethod according to claim?7 wherein

said fi r599@§8\371m§31‘f| | terbank (226) i's inplenmented by aFGT/URSHRAEST,
synt hesi s transformand:a first synthesis.wihdow: furiesi on
(241), wherein said first synthesis -i5- .. w ndows funct heh bs®
conposed of three segnents that are applied to three correspondi ng

Segment s eépehding ag)bﬁéétxoﬁ, hdwevRl xﬁéycm;l bohsedladvaiiagedail{ il EdhbinSGHHith el t he

first synthesis wi ndow function is’zero thereby preventl ng
ali asi ng technifjaes disqusead above for suppressingraligsing) artifacts at frame boundatiesst segment

0 g 1 0 S Rls e 12 s may sy el DS HAUPDERiBr
t r ansf or NhRéithgths esd aslesd/ féduent bre¥pdd v dnlitalysivsynihbsis spREMROmaHisdevichO
5 deformat 322 receives an input signal from path 321, obtains therefrom encoded audio
information that is passed along path 324, and generates a control signal along path 323
indicating whether a splice occurs at either the start of the end of a frame. The occurrence of a
splice may be expressly conveyed in the input signal or it may be inferred from other
information conveyed in the signal.

10 For example, according to the AES-3/EBU standard, successive blocks of audio
information contain block numbers that increment from zero to 255 and then wrap around to
zero. Two adjacent block numbers that are not sequential could indicate a splice; however, this
test is not reliable because some devices which process the AES/EBU data stream do not
increment this number. If the audio stream is encoded, the encoding scheme may provide

15 sequential numbering or some other form of predictable information. If the information does not -
conform to what is expected, a signal can be generated to indicate the presence of a splice.

In response to the control signal received from path 323, switch 325 directs encoded
audio information to one of three synthesis filterbanks. Switch 325 directs encoded audio
information for the first block in a frame following a splice to first synthesis filterbank 326,

20 encoded audio information for the last block in a frame preceding a splice to third synthesis
filterbank 328, and encoded audio information for other blocks to second synthesis filterbank
327. Alternatively, encoded audio information for these other blocks could be directed to one of
three filterbanks according to the technique discussed above in connection with Fig. 5b. Buffer
329 generates an output signal along path 330 in response to the synthesized audio blocks

25 received from the three synthesis filterbanks.

The first and third synthesis filterbanks are designed to achieve a desired frequency
response in conjunction with some analysis filterbank. In many applications, this analysis
filterbank is designed to optimize general coding performance with the second synthesis
filterbank. The first and third synthesis filterbanks may be implemented in essentially any

30 manner that provides the desired overall frequency response. Generally, the two filterbanks will
have identical frequency responses but will have impulse responses that are time-reversed
replicas of one another, In applications that implement filterbanks using transforms and window
functions, the appropriate filterbanks can be implemented by using synthesis window functions

that increase the overlap interval between adjacent frames on either side of a splice.
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-se-rrents t iled to two correspondi ng segnents of '
fi Igt er ed- ﬁ%&?l}%&p& bl Q‘GES, anr ebg al i as-ifrﬁg;é@#‘&ggg:@?;g?‘drge

reflected within said first and second segnents, DY 1t eeand:
said third synthesis filterbank (228) 161 npl enent-ed by ra»thi-rd TDAC oo
synt hesi s 5 transformand a third synthesis w ndow function

(243), wherein said third synt Medwation of Synthesized Audio wi ndow function is

comesed o (e segtentey Ul pre o1 ed do e coirempendln L
third syntigs| fecovered from the synthesis filVérHiR Wo ki Sahias oh%itg&r sitiel ST pli¥e crossfade

preventing aliasing artifacts fromreflecting fromsaid
t hi rd segnutotoneranothen This maybe aesgmplished in a dgvice such as device 140 discuss@i below and

rechog. ALl g PRl AR50 0 A B e SR S
t he respegirécédingah¢ bplive @troash dedired Splicnsverlap interval. In effer€, Ahélg4iy prdTé bSthe
filterbanks bei ng unequal  and the respective |engths of said second and
third frame precedgs}g]gﬁ Splice decrepses MIg,mB@qorpgmgdgyggralpvel agrosggls intgrval. Decode
L0 "o 19 skl 6 B4l WO i B0

i nt er val s ativas thewiesiredsplice-onertdpiateryay. Ihieffectathelgam profile of the frame following the

10 splice increases from the lower level to unity across this interval. If the effective changes in gain
profiles account for the modulation effects of analysis-synthesis windowing, the overall gain of
the overlapped frames can be preserved.

The effective change in gain profiles can be linear. Curve 343 in Fig. 7 illustrates the
frequency response characteristics of a linearly tapered frame gain profile of about 5 msec. in

15 duration. At a sample rate of 48 k samples per second, this interval corresponds to about 256
samples. In many coding applications, transforms are applied to sample blocks having 256
samples; therefore, in these particular applications, a ramp or linearly tapered gain profile of 256
samples extends across an “end” block at the frame boundary and across part of an adjacent
block that overlaps this end block. This is equivalent to applying one filterbank to the end block,

20 applying another filterbank to the immediately adjacent block, and yet another filterbank to
other blocks in the interior of the frame. Referring to device 320 illustrated in Fig, 8, two
additional synthesis filterbanks would be required to process the blocks adjacent to and
overlapping the “end” blocks.

The frequency response of this linearly-tapered ramp represents a reference response

25 against which other frequency responses may be evaluated. Generally, filterbanks that optiniize
the attenuation of spectral energy with respect to this reference response are effective in
reducing the spectral splatter that is created at splices.

Modified Synthesis Window Function
Another way to alter the overall frequency response characteristics of an analysis-

30 synthesis system is to modify the synthesis window function so that the net effect of analysis-
synthesis windowing achieves the desired response. In effect, the overall frequency response is
changed according to the resulting analysis-synthesis product window function.

Curve 341 in Fig. 7 represents a frequency response that attenuates spectral splatter at

splices to a greater extent than the frequency response of the 5 msec. linearly-tapered gain
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said first | ilterbank (226) is of length SN2 g es said
start bl ocﬁ?%%p%bsﬁl; si gnal - sanpl-es having Qfﬁmiw%bnqnt S

inthe mddle N2 sanples and having no. = 20 2 mliasing; »»;

conponents in the first N2 sanples, =17- as Tsa’ sard second

synthesis filterbank (227) is of length N and generates said one or
mor e i nt erprofillelrepriesentsfd by apmed 343aThé esspamse of turve A4 & dchieived) by O TDA¢hamlysisad

said third synthesis filt ank (22 IS nqgt h -3\ 2 .and generates said
end synthesis system usigg 35&?8@1 %&m&%ﬂﬁ "%&‘5‘?‘% Sangtions; %%%ent s
in the m . . | Ligasing :
conponent y‘%@%&%ﬁ%ﬁ%%%’fegg&smmD window m&i&g ‘ﬂ%l& E met hod

accordi ng to clEieend@owhd fieqiency response of these analysis-synthesis ?'Bﬂ'e'_dxsfié édilivalent to
synthesis filterbank (226) .is inplenented by a first sgé; esis transform

) .
and adfi r $he Soqueney responss @6therwindew dormes fom ghe pradupt of the/apalysiswindow fisnstienn
said firs e wh mﬁgﬁ ' ] ' L rst segment of
|l ength N grtlh(f ghgglgmn%%vanen ng.fsfh?s %%Q%Je%%dﬁ&b%gﬁgﬁ "N 2 that are
subst ant i @ Py(nyroWAG)WSém) zero, and a third segment of length N 2 that (5a)

Isflntsﬁ(ta):lt 2%1%? %faﬂ%l(@&‘)‘)ziol npl emented by a second synt hzgz g second (5%)
where WAq(n) = analysis KBD window function with oo = 6,
10 WSe(n) = synthesis KBD window function with o =6,
WP¢(n) = KBD product window function with . =6,
WA:(n) = analysis KBD window function with o. = 1,
WSi(n) = synthesis KBD window function with . = 1, and
WP1(n) = KBD product window function with oo = 1.

15 If a synthesis window function is modified to convert the end-to-end frequency response
to some other desired response, it must be modified such that a product of itself and the analysis
window function is equal to the product window that has the desired response. If a frequency
response corresponding to WP; is desired and analysis window function A4 is used for signal
analysis, this relationship can be represented algebraically as: _

20 WP:(n) = WAs(n) WX(n) (5¢)
where WX(n) = synthesis window function needed to convert the frequency response.
This can be written as:

#R@)
WAg(n)
The actual shape of window function #X is somewhat more complicated than what is
25 shown in expression 5d if the splice-overlap interval extends to a neighboring audio block that
overlaps the “end” block in the frame. This will be discussed more fully below. In any case,
expression 5d accurately represents what is required of window function #X in that portion of

WX (n) = (5d)

the end block which does not overlap any other block in the frame. For systems using O-TDAC,
that portion is eq‘ual to half the block length, orfor 0 < n <N/ 2.

30 If the synthesis window function WX is used to convert the end-to-end frequency
response from a higher alpha profile to a lower alpha profile, it must have very large values near

the frame boundary. An example is shown in Fig. 9 in which curve 351 illustrates a KBD
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transf or synt hesis wi ndow function (242) of I es,
wher ei n. Tﬁ?&%P?W@%&epl acenent sheet -- - 99/ 26837 P{@[}%E%}\IG‘?

29 sai d second synt he5| s w ndow funct ion: has a fi r@t' °"
segnent of length N2 sanples and a =18~ .second 'segnent «of Isength
N 2 sanples that is substantially not equal to zero, and

sai d t hi r dnalysis besynthesis|wiaddw fiknctid 2 $jithi o6 =i lyplrve 862 dlhstmeaatKlBD gragivot window
transformand a third sgnt hesi s wi ndow function (243) of length 3N 2

sanpl es, W@, curve 356 illustrates 3 KBD epalyss ox synthesis windomw Swmction withen=18asnd

first s eg to

vero, and v 288 i BRMA atvubf rideb Rprion ppoordjng to PR € o' R B

| engt h N @pproathes tiee ﬁathsbmﬂdu@l, itybetsthesedbrp mutch s@ell €. than curve 352; therefore, curve
5 359 becomes very large. Unfortunately, a synthesis window function that has a shape like curve

359 having the large increase at the edge of window function WX has very poor frequency
response characteristics and will degrade the sound quality of the recovered signal. Two
techniques that may be used to solve this problem are discussed below.
Discarding Samples
10 The first technique for modifying a synthesis window function avoids large increases in
window function WX by discarding some number of samples at the frame boundary where the
analysis window function has the smallest values. By varying the number of samples discarded,
the bandwidth required to convey samples in the frame overlap interval can be traded off against
the decrease in system coding performance caused by poor frequency response characteristics in
15 the decoder.
For example, if the synthesis window functions for the first three blocks in a frame is
modified to achieve a desired frequency response corresponding to product window function
WP, and the window function used for signal analysis is WA, then the required modified

synthesis window functions are as follows:

r

0 JorO<sn<x
20 WX1(n) = %)f-)- Jorx<n <§ (6a)

WP, (n— x) WA (n) for-];iSn<N
\

Wﬂ(n—x+-zy-) WA, (n) for OSn<-J-V—+x
WX 2(n) = 2 N 2 (6b)
WA (n) far?+x5n<N

WX3(r) = WP(n-x+N)WA,n) for0<n<x
WA, (n) forx<n<N
where WX1(n) =modified synthesis window function for the first block,
WX2(n) = modified synthesis window function for the second block,
25 WX3(n) = modified synthesis window function for the third block, and
replace X erh{xgwgg of samples discarded at the frame boundary.

(6¢)
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12. A net lag to claim8 or 11 wherein the first . .

segnent s g?gég?g%gﬂ' first synthesis- w ndow function (23%3@@@&% .
derived froma Kai ser-Bessel w ndow function, sai d gecprmd synt hesi s
wi ndow function (242) has been derivedProm said Kai ser-Bessel w fdow®**
function, and the second and third segnents of said third synthesis w ndow
function (243) Figa\l@a illustrates,forseveral vahees df xpthe shape dfahesmodified spithedisraindow
function. one of, cl aj

) ) h di \
e ugn: fanchign reaired iy comyR g goint O TDAL iialyis-sy2ustits s emtsing A kAD o = 6

control SE%_J’ SRR : ord J_qa ﬁ.§-_ nggg '

and a secon slFame inﬁung |%dtigﬁﬁy&#o oﬁ%ﬁgﬁggggw?’?% ramﬂ;’eéﬁe'g1 |1r.1ésgg¥g
sequence eduivalent to that of a systemnsing KB oret h asalysis dnd symthiesia windove fimctibng with a
filtered-gignal hlock that follows an interim second .

fil teﬁed@a@ﬁav # eip to RS pamples. (Cunyas JGAP62a368 suck¥ideare e modifisd o
first 20 P | | I : I nteri msecond
filtered- ?lmélrll?fs b ggﬁzﬂ\}mﬁﬁo?xﬁf%?ﬁﬂ, lé?b@‘iﬁd §f§§m@é§g§s§€§}v§%, and wherein
said first fil The fequéngy aéspbhses bf symthesisSfilterhiinks usifgthese inodified window functions

];ijlntlg;gd ab i8 ov]:vinrix;s ig?qa’tlu.yaixéesfyi ? ’Hoa?n% 74Sa?ci=, et ejqagngyi rleép%;:see%_fgxi' 9 gaé’ lg lagg 54
samples, respectively. Curve 371 is the frequency response of a synthesis filterbank using a
10 KBD window function with o = 1. As may be seen from this figure, a modified synthesis
window function with x = 16 attenuates frequencies above about 200 Hz to about the same
extent as that achieved by a synthesis filterbank using KBD window functions with e = 1. In
other words, a synthesis filterbank that discards x = 16 samples, when used in conjunction with
an analysis filterbank and an o = 6 analysis window function, is able to achieve an end-to-end
15 analysis-synthesis system frequency response that is equivalent to the end-to-end frequency
response of a system that uses o, = 1 analysis and synthesis window functions and, at the same
time, provide a synthesis filterbank frequency response that attenuates frequencies above about
200 Hz nearly as much as a synthesis filterbank using an o = 1 synthesis window function.
Systems which use KBD window functions with lower values of alpha for normal
20 coding will generally require a smaller modification to the synthesis window function and fewer
samples to be discarded at the end of the frame. The modified synthesis window functions
required at the end of a frame are similar to the window functions shown in expressions 6a
through 6c except with a time reversal.
Modulating the Frame Gain Profile
25 The second technique for modifying a synthesis window function avoids large increases .
in window function WX by allowing the frame gain profile to deviate slightly from the ideal

level immediately on either side of a splice. By varying the deviation in the gain profile, the
audibility of the deviation can be traded off against the audibility of spectral splatter.
This technique smoothes the modified synthesis window function so that it has small
30 values at or near the frame boundary. When done properly, the resulting synthesis window
function will have an acceptable frequency response and the frame gain profile will deviate from
the ideal KBD product window function at or near the frame boundary where the gain is
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I nf or mat i by a third analysis filterbank, and said interi

second fi 8&3?&'}&6% bl ocks convey audio ?ﬁfWﬁﬁg 1‘6715' |

filtered by a second analysis filterbank; and 25 NN

generating in response to the fil t er ed-28i- gnal - bl ocks vvlthrn the f|'r°st sand

second frames a first synthesis frane of synthesized bl ocks

i nedi at etqtatpzegcbm’ The attermationl of spectral splatter wilkhedegemied ohlyastightly asyortypeeed wed

bl ocks, agflrs nth siis. fr havi ng an endi ng

synt hesi z 1del o ga,u,lgl}ap nt eri m synt hesi zed bl ock within the

first synthesig rexamepée, the s B&g‘uﬁ n%@%ﬁ%@@ﬁicﬁsﬂ%@ﬁiﬂsﬂg
at precedes

a starting synt esl zéd bl ock™ t a second rnterim
synt hesi zbelmodifted toiathieve 4 dmrsda frequensy ntspamesthh mmﬂ,’xed/wymthesm wihdow functions

startjin the5| d. bl ock js gen ted by a bng a fo nt hesi s
711t o banf i tedged ot e sbEcnd dna BT ey pa e nie R e S oS Miavon BAARR I ¢ e
endi ng sy gidtedsions Gblkn@ Gk, fob x S The bitdifid syRIMENS Winddw function WX1 showhlabbve in
synthesis filterbank (328) to the third filtered-signal block, the first

interi m expression 6a is smogthed by nmbtiplying dkpains-hyeprintwishi asyoathing window fandtion
synthesi s i \dhSHRE Bt g?&x@smtogﬂﬁ&%ndow function’s length. The resultant modified synthesis

window function for the first block is:

WP, (m) WM (n) P
WA, () Jor0<n <-5 _
_] WR® p. _N
10 WX1(n) =< W4, () Jor 5 <n< 5 @)
WP, (n) WA, (n) for§3n<N

where WM(n) = the smoothing window function, and

p = length of the smoothing window function, assumed to be less than V.
The modified synthesis window function required at the end of a frame is identical to this
window function except for a time reversal.

15 The smoothing window function WM may be based on essentially any window function;
however, a KBD smoothing window function seems to work well. In this example, the
smoothing window function is a KBD window function of length 128 with o = 6. In Fig. 11a,
curve 381 illustrates the shape of the modified synthesis window function without smoothing
and curve 382 illustrates the shape of the modified synthesis window function with smoothing.

20 The frequency response for an analysis-synthesis system using the smoothed modified
window function is shown in Fig. 11b. Curve 391 represents the frequency response that results
from using the smoothed modified window function. Curve 341 represents the frequency
response of an analysis-synthesis system using KBD window functions with o = 1, and curve
393 represents an envelope of the peaks for the frequency response that results from using

25 linearly-tapered frame crossfade window functions of about 5 msec. in duration, discussed
above and illustrated as curve 343. As may be seen from this figure, a smoothed modified
synthesis window function achieves a frequency response that is similar to the frequency
response achieved by an analysis-synthesis system using KBD window functions with a = 1.
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- 30- i nterimsecond filtered-signal bl ock w.thi first
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Te)
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| i nearly-tapered ranp over an interval of about 5

mi | | i secof@iatter at splices. attenuation of spectral energy
by a third frequency respgiig . . si xth
synthesis filterbank in cﬁur@@]tﬁkﬁ%ﬂtﬁﬁgﬁﬁﬁs g%g?l)l/csefs filterbank is

A technique that may be used to reduce the audibility of artifacts created by a splice is to

10 incorporate into an encoded audio signal a plurality of gain-control words that instruct a decoder
or playback system to alter the amplitude of the playback signal. Simple embodiments of
devices that use these gain-control words are discussed in the following paragraphs. The
techniques that use gain-control words as described in this section are the subject of a copending
application; however, they may be used advantageously in combination with the techniques

15 discussed above for suppressing aliasing artifacts at frame boundaries and for reducing spectral
splatter. _

Fig. 4a illustrates a functional block diagram of device 100 in which format 111
generates along path 112 an output signal arranged in frames comprising video information,
encoded audio information representing multiple audio channels, and gain-control words.

20 Format 111 generates the output signal in response to a signal received from path 108 that is
arranged in frames conveying video information and encoded audio information for the multiple
audio channels, and in response to a signal received from path 110 that conveys gain-control
words. Process 109 receives mmitiple control signals from paths 103a and 103b, each associated
with one of the multiple audio channels, and in response to each control signal, generates along

25 path 110 a pair of gain-control words for an associated audio channel that represent a starting
gain and an ending gain within a respective frame. Only two control signals 103 and two
associated audio channels 102 are shown in the figure for the sake of clarity. This gain-control
technique may be applied to more that two channels if desired.

In the embodiment shown, encode 105 generates along paths 106a and 106b encoded

30 audio information for multiple audio channels in response to multiple audio channel signals
received from paths 102a and 102b, and frame 107 generates the signal along 108 by arranging
in frames video information received from path 101 and the encoded audio information received
from paths 106a and 106b.
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Coni unct | HESERRR RSB 0% Merofore, itier oot 04 Abr Bé 0 peeShang,

f requency embodiments that include encode 1653 R¢tUengAR8ly b& Sppliel 16 eddhSRAUR ChinAdSPONSE;
wherei n output signal franmes are generated by overl appi ng and addin

cor r espontfidepensently apit spyderapplied jointlydp zudtinle eydio ishannelsdFen exarple lﬂ!ﬁgﬁﬁéﬁ

1.1 ot RSRAinEemions 4Y 05 sppled Ipdffh o BhB Shindels'tb bl
obt ai ni ngbiddwidthaeguifenichts By RffovingUryedicidgredinddncios berwesérnthe hargiels( 145)
t hat represent a fi gain_level and a first

endi ng gain | efig 45/ tea Owg?iﬁt@%%%%dewce 140 that generatep qutpHtsigaals
82: ﬁr al i t Y RbrdiRbdorRaYYatk S abdid ShadnlRlact GBINE 36 Bhindonfr6 ARG iR hd {nplt
signal. Deformat 142 receives from path 141 an input signal arranged in frames comprising
10 video information, encoded audio information and gain-control words. Deformat 142 obtains
from each frame of the input signal encoded audio information represenﬁng multiple audio
channels and obtains a pair of gain-control words associated with each of the audio channels.
Process 148 receives the gain-control words from path 145 and in response generates gain
control signals along paths 149a and 149b. Decode 146 recetves the multiple channels of )
15 encoded audio information from paths 144a and 144b and in response generates an output signal
for each audio channel such that the amplitude or level of each output signal is varied in
response to an associated gain control signal.
A pair of gain-control words represents a starting gain and an ending gain for a
respective audio channel within a particular frame. Process 148 generates gain control signals
20 representing an interpolation of the pair of gain-control words. The interpolation may follow any
desired trajectory such as linear, quadratic, logarithmic or exponential. With linear interpolation,
for example, a gain control signal would represent a gain that changes linearly across a
particular frame.
Decoding may be applied to each audio channel independently or it may be applied
25 jointly to muitiple audio channels. For example, decoding may be complementary to forms of
encoding that remove or reduce redundancies between the channels. In split-band coding
applications that use a synthesis filterbank and a synthesis window function, the output signal
may be effectively modulated according to a gain control signal by modifying encoded audio
prior to application of the synthesis filterbank, by modifying synthesized audio obtained from
30 the synthesis filterbank prior to synthesis windowing, or by modifying the audio information
obtained from the application of the synthesis window function.
Fig. 4b illustrates a functional block diagram of device 120 that modifies existing gain-
control words in a signal. Deformat 123 receives from path 121 an input signal arranged in
frames comprising video information, encoded audio information representing multiple audio
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| evel and- ndi ng gain | evel; nerating.a
first gai ﬂglggﬁﬁ)% gnal (149a, 149b) representing an in?gr ) $%§’?6?_§bf:
the first starting and first ending gain |evels and generating a secomes
gain control signal 99/ 268323WD EP : RS so  ee

- 31-- (149a, 149b) representing an interpolation of the
second st ehannels, anddnputcgaimdcantnhl wgrdsaDeformat 123 obtains fromlthe mipat sigmad one or more

nodul ating said endi synt hesj zed .bl ock agcordj.ng: 40 said, first, gain_.
Cont 1ol | Hhpaf ain SOt s aspocintod it B EaFOCD G bRttt FRliplenk
(328) and ehatinl ' Fifd ; ' C

accor di ngal'gmggsal dbls%g'gg d Sgihﬁ %%ﬂri:%rmgﬁzog?gl%?rd? (a)l oﬂ?@ﬁggﬁg?&.?@ bl%l}otc ﬁss 126
synt hesi sgénerates dnee ni@2®ptput gain-control words along path 127 by modifying one or more input

5 gain-control words in response to a control signal received from path 122. Format 128 generates
along path 129 an output signal that is arranged in frames including the video information, the

encoded audio information for the multiple audio channels, the output gain control words and
the input gain-control words that do not correspond to the output gain-control words.
In an editing application, control signal 122 indicates a splice in input signal 121. In
10 response, process 126 generates one or more output gain-control words that will cause a device
such as device 140 to attenuate a playback signal immediately prior to the splice and to reverse
the attenuation immediately after the splice. The change in gain may extend across several
frames; however, in many applications the change is limited to one frame on either side of the
splice. The gain-change interval may be determined by balancing the audibility of modulation
15 products produced by the gain change with the audibility of the gain change itself. The gain-
control word technique is not limited to editing applications.
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15. An i nf ocessi ng nmet hod conprising the conbi im1l
and claim 8HB%JI%&)%%nerei n the step for receiving said i mﬁg?%ﬂ%f(ﬁlzzn
receives said output signal (230) as said 10 |nput S|gnal »oasa2

16. A device for signal processing coﬁ%ﬂi'si ng: s’ means

(202) for receiving an input signal (201) conprising a sequence of frames
(20-26), a respective input signal fraGLAJMSrising a sequence of bl ocks

(11-17) of 15 signal samples including a start block (11), one
or nore interimblocks (12-16) and an end bl ock (17), said
bl ocks represent iAghethod fordi@ial grocedsti] udi o information,

wher ei n sai start bl ock consists of a first

segment fol | owed by receiaRgaminputsignel (201) comprising a sequence of framgs|(0:29).18y a
a 1113t SeqmenfRer iy sgeal e comarising s peanendt USRS (1-PHfor SRR b
by a third segimibiding a start block (11), one or more interim blocks (12-16) and an end block (17),
said blocks representing overlapping intervals of audio information, wherein
said start block consists of a first segment followed by a second segment
followed by a third segment, and

10 said end block consists of a first segment followed by a second segment
followed by a third segment,
generating, in response to said respective input signal frame, a first filtered-signal

block by applying to said start block a first analysis filterbank (205) that provides for
time-domain-alias cancellation, one or more second filtered-signal blocks by applying to

15 said one or more interim blocks a second analysis filterbank (206) that provides for time-

domain-alias cancellation, and a third filtered-signal block by applying to said end block
a third analysis filterbank (207) that provides for time-domain-alias cancellation,
wherein

said second filtered-signal blocks have aliasing artifacts,

20 said first filtered-signal block has aliasing artifacts of the audio
information in the second segment of the start block that provide for cancellation
of aliasing artifacts in a second filtered-signal block representing the interval of
audio information that overlaps the second segment of the start block and has
substé.ntially no aliasing artifacts of the audio information in the first segment of

25 the start block, and |

said third filtered-signal block has aliasing artifacts of the audio
information in the second segment of the end block that provide for cancellation
of aliasing artifacts in a second filtered-signal block representing the interval of
andio information that overlaps the second segment of the end block and has

30 substantially no aliasing artifacts of the audio information in the third segment of
the end block, and
generating an output signal (230) suitable for transmission or storage by

assembling said first filtered-signal block, said one or more second filtered-signal blocks

and said third filtered-signal block into a respective output sxgnal frame, whereby a
This is the replacement sheet . —___
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means (20 B for generating, in response to said (g ' |_nput
si gnal 69"2'%95373"%)51’frama, a first fiLtéred-signaI blockﬁgﬁﬁgg%%§gﬁg to
.said start block a first analysis s fil.terbank: (205) that»>»;
provi des for time-donmain-alias cancel F#Fon, one or nore ssecond 25 ss
filtered-signal blocks by applying to said one or nore interim blocks a
second anal ysi sequence of output signéli framestisigénet2@bby sssemblimgfivst| secandrand third

ti me-domai n-al i,as gancellation, and.a third fil.teted: . . si gna
bl ock by appl yi Fﬁ’eﬁo‘“@&h ial%@‘%s 1 respPRsg t%ﬁ%%%’}’@!’gmyiqubélﬁ%a‘( - t hat
provi des for tinme-domain-alias cancellation, wherein

said second filtered-signal blocks have aliasing artifacts, 30
sai d first fil 2ereniethodaatordingdkclaing 1 ahiesginng artifacts of the audio

inforgamtion in the sg f art. bl ock .t ha A f OL
cancet | ation SRA%N AT %itexﬁ;pnl%&%gﬁs JRE:] ﬁ“?egc‘fysa W@&@Wﬂs
filtered-si gnatrahdfess asid#® fifst andlysiowindow MhctiondD4 ) wherein said first analysis window
audi o information that overlaps the second segnent of the start block and
has function is apmppserhof thpge segments that are applied to the respective segments of
said start block (11), and the third segment of the first analysis window function is zero

thereby ensuring aliasing artifacts that are reflected from the third segment into the first

10 segment are zero,
said second analysis filterbank (206) is implemented by a second TDAC analysis

transform and a second analysis window function (242) composed of two segments that
are applied to two corresponding segments of said one or more interim blocks (12-16),
wherein aliasing artifacts are reflected within the first and second segments, and

15 said third analysis filterbank (207) is implemented by a third TDAC analysis
transform and a third analysis window function (243), wherein said third analysis
window function is composed of three segments that are applied to the respective
segments of said end block (17), and the first segment of the third analysis window
function is zero thereby ensuring aliasing artifacts that are reflected from the first

20 segment into the third segment are zero.

3. A method according to claim 1 or 2 wherein said first, second and third analysis
filterbanks (205-207) each have a respective length, the respective lengths of said first and
second analysis filterbanks being unequal and the respective lengths of said second and third

25 analysis filterbanks being unequal.

4. A method according to any one of claims 1 through 3 wherein said blocks (11-17) in
said respective input signal frame (20-26) represent intervals of audio information that overlap
one another by N/2 samples,

30 ' said first analysis filterbank (205) is of length 3/N/2 and has aliasing-cancellation
characteristics such that, in response to said first filtered-signal block, a complementary
first synthesis filterbank (226) generates a recovered start block of signal samples having
aliasing components in the middle /2 samples and having no aliasing components in
the first N/2 samples,

This is the replacement sheet 4 | o
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-32 - " substantially no aliasijjg artifacts of
the audi o THEa MU PER in the first segment of - > Prisog 25751

the start block, and e - - sakd third,, ..
filtered-signal block has aliasing ar ti404ct s of: t’rl:e ﬁudho, v . f,, oo
information in the second segnent of the end bl ock that provide for )
cancel | ati on Sgld Second anaIYSIS ﬁlterbank 6206&'.& QfslemhM andmalmsurg—mdmm

i1t d- si gnal Qc - ' | nt er val ig, o g e
];:Jdi grfnforgrat ARt °§%ﬁ§8§@%§°@§%&ﬁ‘{%§?@‘ﬁ@tﬁﬂﬂ%ﬂﬁﬁk& bck and has
substantial |y complenfaitary sevohd kpithésisfilterbikRT)ehsrafts 6RE bPRotdYebdVRrdd i rd
i
segnent of t he end "bl ock, and

neans (229) fohtaéw&l%kﬁﬁgsmwemwngm@gf@pmnﬁ,?nﬁ éra_nsm' Ission
0 :d 16 : ' ' ' red-signal .

glrocks, saild one or %Pﬁs&éco%lwégﬁg?bhw&ﬁhgm:’J_Mfan&hasa%??‘_ﬂﬁ'é‘ﬂg‘iﬁﬁéﬂ%

and sai d t hi r dcharacteristits sucinthat, inl responiseroosaidl thizd filtetedsberdUbIRYk, StcRimERERE,

wher eby a sequegncg of, output, Sj frames is generated by assenbling
first, ys econg gmiesynthesw fllterbank %;']2%5 generaies yracpyered end blpefef signad saraples having

generated in I GEAGHSGOMIdEAs tn te'thidtileW2 mpiBPMd Fivii}Ao Ma@ﬁ@sc'omponents in
the last N/2 samples.

Q.

10
3. A method according to claim 4 wherein
said first analysis filterbank (205) is implemented by a first analysis transform
and a first analysis window function (241) of length 3N/2 samples, wherein said first
analysis window function has a first segment of length N/2 and a second segment of
15 length N/2 that are substantially not equal to zero, and a third segment of length N/2 that
is substantially equal to zero,
said second analysis filterbank (206) is implemented by a second analysis
transform and a second analysis window function (242) of length N samples, wherein
said second analysis window function has a first segment of length N2 samples and a
20 second segment of length N/2 samples that is substantially not equal to zero, and
said third analysis filterbank (207) is implemented by a third analysis transform
and a third analysis window function (243) of length 3N/2 samples, wherein said third
analysis window function has a first segment of length N/2 that is substantially equal to
zero, and a second segment of length N/2 and a third segment of length N/2 that are
25 substantially not equal to zero.

6. A method according to claim 2 or 5 wherein the first and second segments of said
first analysis window function (241) have been derived from a Kaiser-Bessel window function,
said second analysis window function (242) has been derived from said Kaiser-Bessel window

30 function, and the second and third segments of said third analysis window function (243) have
been derived from said Kaiser-Bessel window function.

e

7. A method for signal processing comprising; I

L

*
" S
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VI ce according to claim 16 wherein T
said fi rs@/&ﬁgﬁ?‘é’g\’@ I 1 terbank (205) |vs hrrpl enent ed by a» PQ’%PS%@SJ
anal ysi s transformand a f| rst ~anal y8| s WI ndow’§ unc:{ i on
(241), wherein said first analysis Wi nddw ey 000 funetiome s

conmposed of three segnents that are applied to the respectlve segnents of
said start block (1rdceivimgian input signali(22d)cemprisifg 2 bequencesof frawssieaclscamprising

function is zerag ens rin allasm artlfats
that are refl egpggdpwa%%}tﬁgdfwb@glg,@mﬁk g ing ifferv

segment are zepPaydio information, a res ecuve input si &ﬁp?ﬁﬂlgad‘ﬂ:lsi{ﬁlt&ed-slgnal
filterbank (206} I s i nplenented d a secon TDAC anal yS| S
transform and hloskcenepranere gedond filtared blocks-andaathird filteredssignad blocko

segnents that are appl ied to two correspondi ng segnents

gr | Z?l ggog(rat |O1[ a(r:r!t);eée w %ﬁ\% %dl{é%%c?v mpagngn Second gggr%gﬁt&‘gzand

said third anabloekbyfapplyingtenkid (28 Hiteral-sigmil dloektaditstyynthelis filterbhblA(226) that
oSl e o et e ay il Wy & 208l gl wpiow [y o
Combosed o L SpagagR s hebe s REGL ksl USSR e
anal ysi s wi ndofilterbank €x27) that provides fdrdime-domain alizsing catceilation, adsan éndg
all afd ng artif ?}%{tﬁesmegtbl c&%yra%Hy‘laant t%dsafdrtglﬁ Eij]e e]:i-lsggntal block a third synthesis
filterbank (228) that provides for time-domain aliasing cancellation,
generating a sequence of output signal frames representing the audio information,
a respective output signal frame comprising a plurality of signal sample blocks, wherein
said generating overlaps adjacent synthesized blocks and adds corresponding overlapped
15 samples within the overlapped synthesized blocks, and
wherein said interim synthesized blocks have aliasing artifacts, said start
synthesized block has aliasing artifacts that cancel aliasing artifacts in the interim
synthesized block representing the interval of audio information that overlaps the
interval represented by the first filtered-signal block but having substantially no
20 other aliasing artifacts, and said end synthesized block has aliasing artifacts that
cancel aliasing artifacts in the interim synthesized block representing the interval
of audio information that overlaps the interval represented by the third filtered-
signal block but having substantially no other aliasing artifacts.

25 8. A method according to claim 7 wherein
said first synthesis filterbank (226) is implemented by a first TDAC synthesis = .
transform and a first synthesis window function (241), wherein said first synthesis
window function is composed of three segments that are applied to three corresponding
segments of said first filtered-signal block, and said third segment of the first synthesis
30 window function is zero thereby preventing aliasing artifacts from reflecting from said
first segn;ent into said third segment,
said second synthesis filterbank (227) is implemented by a second TDAC

synthesis transform and a second synthesm wmdow functlon (242) composed of two
This is the replacement sheet 2)
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ségnent [ LLd segnent are zero.. _ devi ce
accor di ngﬁ/%s%*ia or 17 wherein said first, second 'anﬁptrm$9g??%ﬂ§jlysi S
filterbanks (205-207) each have a respective |ength, the riespectiae |®engths

of said first and This is the replacen%%r sheet AT
- 33- second anal ysis filterbanks being unequal and the respective

| engt hs of sai stgmeotsrtbataneiapphied to two correspanding segments|of eai) aedond Ifidtieray-signal
unequal . blocks, whereby aliasing artifacts are reflected within said first and second segments,
and
said third synthesis filterbank (228) is implemented by a third TDAC synthesis
5 transform and a third synthesis window function (243), wherein said third synthesis
window function is composed of three segments that are applied to three corresponding
segments of said third filtered-signal block, and said first segment of the third synthesis
window function is zero thereby preventing aliasing artifacts from reflecting from said
third segment into said first segment.
10
9. A method according to claim 7 or 8 wherein said first, second and third synthesis
filterbanks (226-228) each have a respective length, the respective lengths of said first and
second synthesis filterbanks being unequal and the respective lengths of said second and third
synthesis filterbanks being unequal.
15
10. A method according to any one of claims 7 or 9 wherein said signal sample blocks
in a respective output signal frame represent intervals that overlap one another by N/2 samples,
said first synthesis filterbank (226) is of length 3N/2 generates said start block of
signal samples having aliasing components in the middle A/2 samples and having no
20 aliasing components in the first N/2 samples,
said second synthesis filterbank (227) is of length N and generates said one or
more interim blocks of signal samples each having aliasing components, and
said third synthesis filterbank (228) is of length 3N/2 and generates said end
block of signal samples having aliasing components in the middle N/2 samples and
25 having no aliasing components in the last N/2 samples.

11. A method according to claim 10 wherein
said first synthesis filterbank (226) is implemented by a first synthesis transform
and a first synthesis window function (241) of length 3N/2 samples, wherein said first -
30 synthesis window function has a first segment of length N/2 and a second segment of
length N/2 that are substantially not equal to zero, and a third segment of length N/2 that
is substantially equal to zero, _
said second synthesis filterbank (227) is implemented by a second synthesis

transform and a second synthesis window function (242) of length N samples, wherein
This is the replacement sheet RS
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19. A devi CE ccordlEPq to any one of claims 16 through 18 \/\herel n said

bl ocks (192 in said respective | 80751
represent intervals of audio informati on t mmmllﬁ"l" "HIE[“Iap one anot ‘her
by N 2 sanpl es, 29 d *fi st tantl ysi s filterbank»¢205)
is of length 3N'2 and has ali asi ng- cancel | ation

characteristi csaﬂtseénﬂdmhthesmwﬁmmwﬂmeudmhﬁal fitst sepmient oft exptle N5 sagmisies dndark,
a conpl enentary rst s nhﬂ;sl S fl|1; bank (226) generates a
recovered star tse‘Eﬂnééﬁ%Fmﬁf&ﬂ‘SFhM é not equal to Z8rpcatidng

conponents in the m Qﬂ'tﬁr&%ﬂm@b&ﬂ@m‘ﬁ e&E& B f nts I n
second anal’ysi's

the first V2 sarrple
filterbank (ZOGx)ansﬁmnfandi e tinjtddyatiksis adnddw ﬁmctlgn (2alr3¢ef leagth®N/2 samples, wherein

grggﬁgterl stics .%u h th%ltlf‘égl n res onse i‘é‘% ggé&%ﬁ%@gfp I %ﬁY d- si, n?I227)
generates one QhbdiEMtRAIY G & sé}olaid a second seﬁmehﬂ'aﬁédg%m@% mird%bgﬂédt it of

sanpl es each having aliasing conponents
third anal ysi slmglthM‘Zo&Akar@mmsﬂjbﬁotleangtmzm 2 and has

al i asi ng-cancel | ation characteristics such that, in response
to said third filtered-signal block, a conplenentary ' third
synthesis filt qabanniﬁe(haa&);ccﬁ&ag rt@blaﬁn 8 of @ ¢ hefedsl R Tt stdnd Glcaild segiBmsb of said
sanpl es havi ng i asing conponents in_the mddl e N2 sanples

and Bvi nérﬁ@ymhpagwngiogbﬁ;p@mﬁzgl) have been derived from a Kaiser-Bessel window function,
said second synthesis window function (242) has been derived from said Kaiser-Bessel window

function, and the second and third segments of said third synthesis window function (243) have

been derived from said Kaiser-Bessel window function.

15 13. A method according to any one of claims 7 through 12 that further comprises:
receiving a control signal (323) that identifies a boundary between a first frame

and a second frame immediately following said first frame within said sequence of
frames, wherein said first frame has a third filtered-signal block that follows an interim
second filtered-signal block within the first frame and said second frame has a first

20 filtered-signal block that precedes an interim second filtered-signal block within the
second frame, and wherein said first filtered-signal block conveys audio information
filtered by a first analysis filterbank, said third filtered-signal block conveys audio
information filtered by a third analysis filterbank, and said interim second filtered-signal
blocks convey audio information filtered by a second analysis filterbank; and

25 generating in response to the filtered-signal blocks within the first and second
frames a first synthesis frame of synthesized blocks immediately preceding a second
synthesis frame of synthesized blocks, the first synthesis frame having an ending
synthesized block that follows a first interim synthesized block within the first synthesis
frame, and the second synthesis frame having a starting synthesized block that precedes

30 a second interim synthesized block within the second synthesis frame, wherein the
starting synthesized block is generated by applying a fourth synthesis filterbank (326) to
the first filtered-signal block, the ending synthesized block is generated by applying a
sixth synthesis filterbank (328) to the third filtered-signal block, the first interim

synthesized block is generated by applying a fifth synthesis filterbank (327) to the
This is the replacement sheet
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' th t V2. samples. 20. evi ce .
accor di ng994¥6837di%¥g) wher ei n o - said fP%&PSaﬁlaP@"sf
filterbank (205) is inplenented by a first analysis tr ansf(?f:srrﬁ v ves wen
and a first analysis w ndow function 30+ of-length 3N-2- sanpl essenhesein
said first 25 anal ysis wi ndow function has a first segnent of

IeBgth N/2I i’indilaeﬁmcse’ n?hm@mmignﬂblockwithl.ﬁnéheﬁrst&img?dlthﬂls&dnﬂh éil\?teﬁme e
substantially not_equ tqQ zero, a athird s nt. o engt I hat

i's substantial Wﬂf@ﬁﬁ%aad blgek i generated by Sppiying the mwthesyaél&rg@&dﬁ SRR S
filterbank (20Qlcdnd f ﬁF&g %ﬁ&? 'iﬁh%@ . '
transf orm and gé%dgggir%{c] éﬁa ys?g)c%hrl] ow Sﬁ%tnlaon 2&%Wg?refnéngth N sanpl es,
wherein 30 s attemmtion nfispeotralyepergy\byradiinst frequencyorespanse §341) of the
segnept of length N anpl.es. and .a , . R . egond se t .of Jength
N 2 sanpl es that |sf§ %meplgﬁf?r%%%@c%n%gh&ﬁeﬁfﬂga_najysqggﬂerbankx.s
said third analysis ofpﬁﬁ&aan (tj%a%ﬁes;?er%o thit dfARbRPENEE Bdqibhc rdsPbhsd émltbf Pbiin

transform athird analdy5| s wi ndow funtction ; 43)" of
| ength 3N/ 2 sanpl es lesgiatienniation ifi the stopband of the first frequency respguse but\prenisey more

function has a first, SRalBRbr PectrA Wfalelbuftsilil e stopbBiPSE BE'Hr Hfufy?’ ¢ ©

response as compared to the attenuation obtained by the reference frequency

10 response, wherein the reference frequency response corresponds to an impulse
response substantially conforming to a linearly-tapered ramp over an interval of
about 5 milliseconds,

attenuation of spectral energy by a third frequency response (341) of the
sixth synthesis filterbank in conjunction with the third analysis filterbank is

15 optimized with respect to that of the reference frequency response to obtain less
attenuation in the stopband of the second frequency response but provide more
attenuation of spectral splatter outside the stopband of the second frequency
response as compared to the attenuation obtained by the reference frequency
response, and

20 a second frequency response (342) of the fifth synthesis filterbank in
conjunction with the second analysis filterbank differs from the first frequency
response and the third frequency response;
wherein output signal frames are generated by overlapping and adding

corresponding overlapped samples in adjacent synthesized blocks obtained from said

25 fourth, fifth and sixth synthesis filterbanks.

14. A method according to claim 13 that comprises:
obtaining from said first frame a plurality of gain-control words (145) that
represent a first starting gain level and a first ending gain level and obtaining from said
30 second frame a plurality of gain-control words (145) that represent a second starting gain
level and-a second ending gain level; ‘
generating a first gain control signal (149a, 149b) representing an interpolation of
the first starting and first ending gain levels and generating a second gain control signal

* [ L M S *
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zero, andygzgggdw&)gggrmnt of length N/ 2 and-a third segn%ﬁﬂmgqu&ﬂh I\V2

that are substantially not equal to zero. =
21. A device according to claim17 or-3b-wherein-the first and secvondn
segnents of said 5 first analysis wi ndow function (241) have been

derived from a(148a,skiObBreprasentingrandntef pofation @i the second startingl andesesond emdihgy gaia
w ndow functi o]gﬂézg@ has been derived from sai d Kai ser-Bessel w ndow
function, and ond and third segnents of said third anal ysis w ndow

]f 32& : on (243) havempdulating S6€Bndifg sytelbsized BlotRbtbdidihg B8 sdRE BRe kaifficBARY
signal to implement said sixth synthesis filterbank (328) and modulating said starting
5 synthesized block according to said second gain control signal to implement said fourth
synthesis filterbank (326).

15. An information processing method comprising the combination of claim 1 and claim
7, wherein the step for receiving said input signal (221) receives said output signal (230) as said
10 input signal.

16. A device for signal processing comprising:

means (202) for receiving an input signal (201) comprising a sequence of frames
(20-26), a respective input signal frame comprising a sequence of blocks (11-17) of

15 signal samples including a start block (11), one or more interim blocks (12—16) and an
end block (17), said blocks representing overlapping intervals of audio information,
wherein
said start block consists of a first segment followed by a second segment

followed by a third segment, and

20 said end block consists of a first segment followed by a second segment
followed by a third segment,
means (204, 205-207) for generating, in response to said respective input signal

frame, a first filtered-signal block by applying to said start block a first analysis
filterbank (205) that provides for time-domain-alias cancellation, one or more second

25 filtered-signal blocks by applying to said one or more interim blocks a second analysis

filterbank (206) that provides for time-domain-alias cancellation, and a third filtered-
signal block by applying to said end block a third analysis filterbank (207) that provides
for time-domain-alias cancellation, wherein

said second filtered-signal blocks have aliasing artifacts,

30 ' said first filtered-signal block has aliasing artifacts of the audio
information in the second segment of the start block that provide for cancellation
of aliasing artifacts in a second filtered-signal block representing the interval of
audio information that overlaps the second segment of the start block and has
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10 , vice for signal processing conprising. _ _
neans (Zzﬁgl?%%%rg@egﬁi ng an input signal (221) conpri si nggglgéiﬂWQ?éloff
frames each conprising a ;SJI urality of fil te_re_;d-sgl gnal.- bl ocks
of signal sanples representing -32- over l-appi ng i-nt-erval s. of audi o
information, a respective input signal frame conprising a

first filtered-si gnambblmﬁﬂlymﬁiasingrafﬁfgcl:tseﬁthndudiolihm%&lﬁftﬁé fifst 86gtsent Of
athird filtered- 15 . i gna ock, nmeans
(225, 226-228) for g@ﬁé?aéttql?f& a‘i“i response to said respective input signal

frame, a start synthesizegiPinpg ' ﬁﬁ'gﬂngd'rﬁ'ﬁ flield e - si gnal
bl ock a first egu _synﬁ@s%@%?%ggi a pro%é’ggﬁef%lrag
ti me- domai n al i asi nginformation i the second eegmentrof the end block that providefoe canellation

synt hgsi zed bl ocks b | vi 0. sai d ong. or.nor econd filfered-signal
bl ocks 20 O 88 e i EheFer it P SanAl tipek ropreskntigdhe ipferval of
time-domain al i asi ngaudaiaedrimatio® that 8Vetaps'the second se Cﬁntaof?w?lg!ygéérheﬁiggllﬁg

bl ock by applying to said third filtered-signal blQG 1 '
filterbank that proubgantiably nojakigsiog adtifacts:0f the awdjo duformaticnt indhs third segment of

means (229) for gen | uence of output signal frames representing
t he aﬁ%?%ﬁclf]ﬁf’glﬁﬁgi on, a respective output signal frane

conprising a plural ithyans{228) §oregenerating an output signal (230) suitable for transmission or
10 storage by assembling said first filtered-signal block, said one or more second filtered-
signal blocks and said third filtered-signal block into a respective output signal frame,
whereby a sequence of output signal frames is generated by assembling first, second and
third filtered-signal blocks generated in response to said plurality of input signal frames.

15 17. A device according to claim 16 wherein
said first analysis filterbank (205) is implemented by a first TDAC analysis
transform and a first analysis window function (241), wherein said first analysis window
function is composed of three segments that are applied to the respective segments of
said start block (11), and the third segment of the first analysis window function is zero
20 thereby ensuring aliasing artifacts that are reflected from the third segment into the first
segment are zero,
said second analysis filterbank (206) is implemented by a second TDAC analysis
transform and a second analysis window function (242) composed of two segments that
are applied to two corresponding segments of said one or more interim blocks (12-16),
25 wherein aliasing artifacts are reflected within the first and second segments, and
said third analysis filterbank (207) is implemented by a third TDAC analysis
transform and a third analysis window function (243), wherein said third analysis
window function is composed of three segments that are applied to the respective
segments of said end block (17), and the first segment of the third analysis window
30 function is zero thereby ensuring aliasing artifacts that are reflected from the first
segment into the third segment are zero.

18. A device according to claim 16 or 17 wherein said first, second and third analysis
filterbanks (205-207) each have a respective length, the respective lengths of said first and
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25 . pl ocks, wherein said generating overlaps adj acent
synt hesi ze%gl%?mogﬁ]j adds cor respondi ng OVB;EWW%?@@:%

wi thin the overl apped synt hesi zed bl ocks, and : L2 " . 2 Taes
wherein said interimsynthesized bl ocks3have aliasiing arti-fact's, Sai"d t'art
synt hesi zed bl ock has aliasing artifacts that cancel aliasing artifacts in
t he i nt er iserond analysis filterbanks being unequal imkthe eespedtive Henptipy of3aidi sebéhd ddd third

interval of audig information that overlaps the 30 _
i nt erval raé‘ﬂfyé%ﬁ{eé%”‘gg’/g?%“f‘?%ﬁ filtered-signal block but having _
substantially no other aliasing artifacts, and said

end synthesi zed bl ock has aliasing artifacts that o .
cancel al i asi ngl%rAdewee sccordingto dnytoseiofickims Methrawgh 18 whéreinespidebdockisi(hl-17)1e

| 55578 in said respective inpi gl gy Cub) epropet inservel of i infaraion thae
interval roverlgsond atbtiie by!N2 shimplds f i | t er ed-
said first analysis filterbank (205) is of length 3N/2 and has aliasing-cancellation
characteristics such that, in response to said first filtered-signal block, a complementary
first synthesis filterbank (226) generates a recovered start block of signal samples having

¢ ] MLy

10 aliasing components in the middle N/2 samples and having no aliasing components in
the first N/2 samples,
said second analysis filterbank (206) is of length N and has aliasing-cancellation
characteristics such that, in response to said second filtered-signal blocks, a
complementary second synthesis filterbank (227) generates one or more recovered
15 interim blocks of signal samples each having aliasing components, and
said third analysis filterbank (207) is of length 3N/2 and has aliasing-cancellation
characteristics such that, in response to said third filtered-signal block, a complementary
third synthesis filterbank (228) generates a recovered end block of signal samples having
aliasing components in the middle N/2 samples and having no aliasing components in
20 the last N/2 samples.

20. A device according to claim 19 wherein
said first analysis filterbank (205) is implemented by a first analysis transform
and a first analysis window function (241) of length 3N/2 samples, wherein said first
25 analysis window function has a first segment of length N/2 and a second segment of
length N/2 that are substantially not equal to zero, and a third segment of length N72 that
is substantially equal to zero,
said second analysis filterbank (206) is implemented by a second analysis
transform and a second analysis window function (242) of length N samples, wherein
30 said second analysis window function has a first segment of length N/2 samples and a
second segment of length N/2 samples that is substantially not equal to zero, and ,
said third analysis filterbank (207) is implemented by a third analysis transform
and a third analysis window function (243) of length 3N/2 samples, wherein said third
analysis window function has a first segment of length N/2 that is substantially equal to
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si gnal bl %ésgﬁﬁﬁgg substantially no ot her al5i asi ng Iiztdlflﬁgbfl’zngxal g

23. A dev to claim 22 wherein 2o s

first synthesis filterbank (226) is inplenented by a’first; TDAC syt hesi s
transformand a first synthesis w ndow3ftanct ion (241), wherein satd fier st
synt hesi s wi ndow function is conposed of three segnents

that are appl i @eros and ssesond sagmenpofiangth N2 and a third segment of lengtind¥2 thatdresai d
first filtered- igngilgubhoc .and said third segnent of the first synthesis

wi ndow f uncti ofi® B0k zﬁ’F"eventi ng aliasing artifacts from
reflecting fromsaid 10 first segnent into said third
segnent, sai d second synthesis filterbank (227)

i s i mpl enent ed2by Asdeyisedserriimgdo claim 17 or 20 wherein thedirsh andseepndsegrmenss of said a

seco sy 11S: WY Al g . .
cegnoht o PrAEIATsY SR Bed OAr} 5 belt BBRRA %M o Kifer Bessel wipdow fyperion

fi H er ed;jsiid ﬁdond anal(}jrsi? window ﬁ.mctld 'oxb@dg)d‘ias bebre derixeddrom 9aid K atvet-Blessel Gririd 4 o
refl ected wi thin ' irst second s S, .15 . an

sai d thi r ostignpedithe secpp @ég‘gademsﬂt% %fe mgaéﬁ#&ﬂswndﬂmm@@ have
synt hesi Syeen derived said KaisbBESLIHBUGR fuiktibl] rd synthesis w ndow function
(243), whereln sal goﬂ'n rd synthesis '

10 22. A device for signal processing comprising:
means (222) for receiving an input signal (221) comprising a sequence of frames
each comprising a plurality of filtered-signal blocks of signal samples representing
overlapping intervals of audio information, a respective input signal frame comprising a
first filtered-signal block, one or more second filtered-signal blocks and a third filtered-
15 signal block,

means (225, 226-228) for generating, in response to said respective input signal
frame, a start synthesized block by applying to said first filtered-signal block a first
synthesis filterbank that provides for time-domain aliasing cancellation, one or more
interim synthesized blocks by applying to said one or more second filtered-signal blocks
20 a second synthesis filterbank that provides for time-domain aliasing cancellation, and an
end synthesized block by applying to said third filtered-signal block a third synthesis
filterbank that provides for time-domain aliasing cancellation,
means (229) for generating a sequence of output signal frames representing the
audio information, a respective output signal frame comprising a plurality of signal
25 sample blocks, wherein said generating overlaps adjacent synthesized blocks and adds
corresponding overlapped samples within the overlapped synthesized blocks, and
wherein said interim synthesized blocks bave aliasing artifacts, said start
synthesized block has aliasing artifacts that cancel aliasing artifacts in the interim
synthesized block representing the interval of audio information that overlaps the
30 interval represented by the first filtered-signal block but having substantially no
ot‘her aliasing artifacts, and said end synthesized block has aliasing artifacts that
cancel aliasing artifacts in the interim synthesized block representing the interval
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correspon segnents of said thi rd fil
bl ock, and said first segnent of the thﬁ'l rd synthesis’ _
wi ndow function is zero t her eby prevent 5rTg al i asi ng artlfact’s from »e
reflecting fromsaid third segnment into said first

segnent . of audio informationthat ©yedaps{be intervalgepresented; by the third figered-

wherein said first, t hi t er banks
(226-228) each have Si;g%r&f)@gcw @%5‘?%%?@2“88%%8?% mﬁ{shs of said
first and 25 second synthesis filterbanks bei ng unequal and the

respective lengths of said second and third synt hesi s
filterbanks berkdgAdavigsaccording to claim 22 wherein 25 A device according to

any oge of clainms 22,4r. gﬁw g,g:ﬁﬁe,ggﬁgi bj?{},%%n %&&lﬁfﬂ%ﬁ/erﬁ%synthems .

a respective output signal “frane repres I nterva one
anot her by Ni12 tnansfpfmand a ﬁrstSﬁhthesm wmdow functlon (24 b mdledein smid figsh syntledsis

filterbank (226) h 3N 2 rates sajd start.blo

i gnal  sanp es PR gHOn 8 ORI Bine sesRerh ot g dpplisd 5 thieh porwespanting

having no segments of said firsPfilt&@84-8InSIOBTO) GAY Saidl thifd RglehtSSf thE first SyRh&GH
window function is zero thereby preventing aliasing artifacts from reflecting from said

!1"

w ndow fu_gﬁ}ﬁigggb%ﬁ,nposed of three segnments that are ap@Fﬁ@&bglgaﬂgee

10 first segment into said third segment,
said second synthesis filterbank (227) is implemented by a second TDAC
synthesis transform and a second synthesis window function (242) composed of two
segments that are applied to two corresponding segments of said second filtered-signal
blocks, whereby aliasing artifacts are reflected within said first and second segments,
15 and
said third synthesis filterbank (228) is implemented by a third TDAC synthesis
transform and a third synthesis window function (243), wherein said third synthesis
window function is composed of three segments that are applied to three corresponding
segments of said third filtered-signal block, and said first segment of the third synthesis
20 window function is zero thereby preventing aliasing artifacts from reflecting from said
third segment into said first segment.

24. A device according to claim 22 or 23 wherein said first, second and third synthesis
filterbanks (226-228) each have a respective length, the respective lengths of said first and
25 second synthesis filterbanks being unequal and the respective lengths of said second and third
synthesis filterbanks being unequal.

25. A device according to any one of claims 22 or 24 wherein said signal sample blocks
in a respective output signal frame represent intervals that overlap one another by N/2 samples,
30 said first synthesis filterbank (226) is of length 3N/2 generates said start block of
signal samples having aliasing components in the middle N/2 samples and having no
aliasing components in the first N/2 samples,
said second synthesis filterbank (227) is of length N and generates said one or

more interim blocks of signal samples each havmg ahasmg components and
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sai d second._s lg filterbank (227) is of length N and ai d
one or ggﬁﬁ%&é%aﬁ’ nore interim bl ocks -of signal %—%2@ §é(§}§’r7 Vi ng

aliasing conponents, and This is the replacenent sheet Tover
- 36- sai d third36nthesis Filterbank >(228)us m‘
| ength 3N 2 and generates said end bl ock of signal sanples

havi ng al i asi ng conpaidehird synthesisefilterbink228)3s efalathhQM.hdnd generates said end

havi I t he |ast N 2 26
Aa\é |e\r) ,g c 20 agc Iofli qeg qcf 5@9!? . I%ggpppaxgg componsegts In the mlddle Ni2 samples and
having no aliasing components in the last N/2 samples.

5 26. A device according to claim 25 wherein
said first synthesis filterbank (226) is implemented by a first synthesis transform
and a first synthesis window function (241) of length 3N/2 samples, wherein said first
synthesis window function has a first segment of length N/2 and a second segment of
length N/2 that are substantially not equal to zero, and a third segment of length N/2 that
10 is substantially equal to zero,
said second synthesis filterbank (227) is implemented by a second synthesis
transform and a second synthesis window function (242) of length N samples, wherein
said second synthesis window function has a first segment of length N/2 samples and a
second segment of length N/2 samples that is substantially not equal to zero, and
15 said third synthesis filterbank (228) is implemented by a third synthesis
transform and a third synthesis window function (243) of length 3N/2 samples, wherein
said third synthesis window function has a first segment of length N/2 that is
substantially equal to zero, and a second segment of length N/2 and a third segment of
length N/2 that are substantially not equal to zero.
20
27. A device according to claim 23 or 26 wherein the first and second segments of said
first synthesis window function (241) have been derived from a Kaiser-Bessel window function,
said second synthesis window function (242) has been derived from said Kaiser-Bessel window
function, and the second and third segments of said third synthesis window function (243) have

25 been derived from said Kaiser-Bessel window function.

28. A device according to any one of claims 22 through 27 that further comprises:
means for receiving a control signal (323) that identifies a boundary between a

first frame and a second frame immediately following said first frame within said

30 sequence of frames, wherein said first frame has a third filtered-signal block that follows
an interim second filtered-signal block within the first frame and said second frame has a
first filtered-signal block that precedes an interim second filtered-signal block within the
second frame, and wherein said first filtered-signal block conveys audio information
filtered by a first analysis filterbank, said third filtered-signal block conveys audio
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sai'd first nthesis filterbank (226) is inplenented by a first synthesis
trar‘1sform997i/6837%‘%]3P and a first synthesis window fundGof¥S08i29ySbt -
length 3N 2 sanples, wherein said first + synthesi's w ndow
function has a first segment of lengthr3¥2 and a second:segment of: 23
length N2 that are substantially not equal to zero, and a third segnent of
| ength N 2 t hatinfofination filtered by a shitd duatysistfiliekbankcanddaid mtetini second filtered-signal

said second synthesis filterhapk (227) is jnplenmented b econd synt hesi s
t ransf orm and &E%%EGHH’@?HEW&FW‘M%\W‘%&TEPW ?ﬂg)’s‘gﬁﬁf%ﬁ@lﬁ@nﬂl sanpl es,
wherein ' ;S s ' | kSt
segnent of |ength hﬂeagggrgp#égfggggaﬁy%&ahgMégmgfé%gﬁgi@gefﬁ%%’%ﬁg;d*gngth
N 2 sanpl es t hatithis thefirst andtsecdndyframs acfipatedynthesiz frame ofisginth&sized blocks

said third synthesi,s filterhank (22 i.s iL.npl emepted b hi rd. synt hesi s
transhor m and DENHIAEIE PICFUCE & SH4CA0 SR RERLRTER of Bpshealzed plagls ikt
sanpl es, wher eigpnthesis frame havin, m%iﬁ%iﬂgkﬂtﬁ&iz%bl'ﬁld&%hﬁf%ﬂm‘ﬁf#ﬂﬁéﬁzﬁn has a

first segnment o ength N 2 that substantially equal to

zero, and a secywbesizagrhlock withinghefitst synthesisdrame, and thesecpndrsynthesis frame having
length N2 that are su antially not _equal to zero.. 20 . e Al
A devi ce accor & sﬁaéﬁg%sy%?lgqs %% glo(# pwﬁ:g&eg iarf'e??fgﬁ erig} sypthesized Blogk ?éﬁ‘ffbﬁ’tes
of said sédondlsynthedi§ fains, Whdreia\thd starding SPnthesided HlGokeis gemratde bl upslyfogom
a Kai ser-Bessel w ndow function, ) )
10 a fourth synthesis filterbank (326) to the first filtered-signal block, the ending
synthesized block is generated by applying a sixth synthesis filterbank (328) to the third
filtered-signal block, the first interim synthesized block is generated by applying a fifth
synthesis filterbank (327) to the interim second filtered-signal block within the first
frame and the second interim synthesized block is generated by applying the fifth

15 synthesis filterbank to the interim second filtered-signal block within the second frame,

e

and wherein, _
attenuation of spectral energy by a first frequency response (341) of the
fourth synthesis filterbank in conjunction with the first analysis filterbank is
optimized with respect to that of a reference frequency response (343) to obtain
20 less attenuation in the stopband of the first frequency response but provide more
attenuation of spectral splatter outside the stopband of the first frequency
response as compared to the attenuation obtained by the reference frequency
response, wherein the reference frequency response corresponds to an impulse
response substantially conforming to a linearly-tapered ramp over an interval of
25 about 5 milliseconds,
attenuation of spectral energy by a third frequency response (341) of the
sixth synthesis filterbank in conjunction with the third analysis filterbank is
optimized with respect to that of the reference frequency response to obtain less
attenuation in the stopband of the second frequency response but provide more
30 attenuation of spectral splatter outside the stopband of the second frequency
response as compared to the attenuation obtained by the reference frequency

response, and
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sai d sec Ls W ndow function (242) has been deriyg m.sai. g

Kai ser - Beé;gs}%@s}{zt function, and the second and %ﬁ?f[&gg%éﬁf?ghw of
said third synt he5| s wi ndow function (243) have 25 ¢ b.ee@ deri vedaf Pégn
sai d Kai ser-Bessel window function. =3%- 28. A #tvi ce”accdrfding

to any one of clains 22 thropgh 27 that further conprises:
means for receiving a congecond Sequeacy respase (3) Qfdmﬁﬂhsw@lmﬂﬁiwbmkyn

ol lowi ng sai d 11 r sSouEHph Ntiihe b ogyols iEebonk’ §fEes AHFE thstick Soqpency

wherein said first f*@memmt&fuﬁwehwﬁg gi gnal bl ock that follows
an interimsecond fil ed-signal_ bl ock "W thhin the first frane and said

second frane has a Wherein output signal framestar¢ genegatediby, pvstlapping ot adding precedes

an interi msec oy
frarrg and wherei nﬁéﬂgﬁ%%@#ﬁ&%k&g&%ﬁ\ﬂ E&@ttlge%geg%o\?lé%gbt%madgoﬁn

i nformation fourth, fifth and sixthi syhthesisifilbarbankisi r st anal ysis filterbank, said
third filtered-signal block conveys audi o

;-

29. A device according to claim 28 that comprises:
means (142) for obtaining from said first frame a plurality of gain-control words
10 (145) that represent a first starting gain level and a first ending gain level and obtaining
from said secox'ld frame a plurality of gain-control words (145) that represent a second
starting gain level and a second ending gain level;
means (148) for generating a first gain control signal (149a, 149b) representing
an interpolation of the first starting and first ending gain levels and generating a second
15 gain control signal (149a, 149b) representing an interpolation of the second starting and
second ending gain levels; and ,
means (146) for modulating said ending synthesized block according to said first
gain control signal to implement said sixth synthesis filterbank (328) and modulating
said starting synthesized block according to said second gain control signal to implement
20 said fourth synthesis filterbank (326).

30. A combination of information processing devices comprising the device of claim 16
and the device of claim 22, wherein the means for receiving said input signal (221) receives said
output signal (230) as said input signal.

N )
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-37- - information filtered by, g thlrd anal ysi s,fi |l terbank,

and said interimsecond filtered- signal »2 ’g "blpcks cbidvey audio
information filtered by a second analy5|s ¥i|terbanky and: » °% *°*3
" means (325, 326-328) for generating in réﬁﬁonse to the filteréd- S|gnal
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frame and-the second interimsynthesized block is generated by . applylng the
fifth 15 synthesis filterbank-to the |nter|n1second M
filtered-signal block within the second frame, - ‘an d mbereln
“attenuation of spectral ener gy by-a flrsLJﬁrequency response 0341Y‘of t he
fourth synthesis filterbank in conjunction with the first analysis
filterbank is optimzed with respect to that of a
ref erence frequency response (343) to obtain .20 | ess
attenuation in the stopband of the first frequency response but provide
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_response ‘as conpared to the attenuation obtained by the reference frequency

response, and 99/ 26837 WD EP
-3 8 - " a second frequency response (342) of
"the fifth synthesis filterbank in. . 2/ -+ conjumction with

t he second analysis filterbank differs fronrthe first frequency
response and the third frequency response; wher ei n

output signal frames are generated by overlagg[néognd adding 5
~correspondi ng overl apped sanples i n adj agent synt h¢si zed bl ocks obt ai ned

fromsaid © fFoortt—frfttehd sixth synthesis filt nks.
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29. A device according to claim28 that conprises:
nmeans (142) for obtaining fromsgi.d first.frane a pIurallty Of.ghld-contro
words 10 (145) that represent a first start}ng galh’ﬂev
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a plurality of gain-contro
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“and-the device of claim 22, wherein the nmeans for receiving saikd haput

si-gnal (221) receives said out put signal (230) as said ihgutssignal.
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