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DESCRIPTION 

Frame-Based Audio Coding With Additional Filterbank 
to Suppress Aliasing Artifacts at Frame Boundaries 

TECHNICAL FIELD 

PCT/US98/2075i 

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

I 0 information streams. 

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 segm.ents 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. 

20 

Audio Coding 

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 cocling systems utilize filterbanks or transforms 

25 to convert blocks of signal samples into bl()_cks of encoded sub band 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 informatfon represented by the remaining partial block cannot 
be properly recovered. 

30 Throughout the remainder of this di~cussion, 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 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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information into patterns or fonnats accor~ing to some specification. Terms such as "block" and 

"frame" as used in this disclosl1fe re~er t() groups or ir~t(!rvals of information that may differ 

from what those same terms refer to elsewhere, such as in the ANSI $4.40-199_2 standard, 

sometimes known as the AES-3/EBU digital audio st~4~d. Terms such as "filter" and 

"fi_lterbank" as used herein include es~e~t~ally any fo?U ~f recurs~ye and non-recursive filtering 

s~ch as quadr~ture nrlrror fllt~~s (QW')'~~ftr~~f~r~~~ ~~~-:'1flli~~~d;' i~form~tl~n i~ the result 
1: ~ :·. . '. .· . :·<· ·.,. 0 • .:.; :·,;·::. ;·:·: ·:.:1·:';.~· .. ·~r..•:=:··· .. ~' .;•·::.," 1[i:!_r:,·-;-;·:..°: ... : .. _;: 1·.~. ,_;.'·.~~::·:·; · .. < · .. .- .::<-::.J·:··;·. " .. , 

of applying such filters. More particular meritfon is made. ·of filterbanks imp!'eniented by 

transforms. 

An additional limitation is imposed on editing by coding systems that use overlapping;.. 
. .. 

block structures to process and encode program material. Because of the overlapping nature of 
• ' ···; ,.:~ ' , ... y ,~ ... l .. ···. ::: . . • . :. ·'.: ·' 

the encoded blocks, _an original sigriat caririo~ properly be 'recovered from even a complete block 

ofencod~d samples or coefflcients. ' '. . .. · ' : .. . . . ' . . . • . . . 

This "li~itatfon is cl~~ily i1iri~1i~tecl'"'by ~ 'co~Monl~ ~s~¥ 6~erl~pped-b"foc~ ~~sform, 'the 
...• .· .. ::-. •. :·· .•. i·. ' .:;.:·. •·· .. :···.·;, .:, .• : 

modified discrete cosine transform (DCT),that is d~scribed in Princen, Johnson, and Bradley, 

iiSubband/Transform Coding tJsfog Filter Bank Designs t~·a'sed on Time Domain Aliasing . 
·.· :'..' ·.,· . : . : ·· .. :·:.· .·:: .:. ·'-::· ·r_i:·:~/: : "i"; :.·.-.·:)-';:;:~.~:;::Ji·:~:···'.: .. :· ... :- · ~ · . . ·:· .. ··;.·. ·.~. ·. 

Cancellation," ICASSP 1987 Conf. Proc., May 1987, pp. 2161-64 .. This transform is the time-

domain equivalent of an oddly-stacked cr~~iccilly san1'~1!~l~irigie-si.deband ~~alysis-synthesi.s 
system and is referred to herein as Oddly~StackedTime-Domain Aliasing Cancellation 

· ;;- . .- .. ·H·~·i· .=. :··:.·:._:.'.".~!::~·- .. . .· . 
(0-TDAC). The forward transform is applied to blocks of samples that overlap one another by 

.' . '. :. : . ; :' i ·-. '. . . . .;·:=:.: .= i: ! :·. 1:' . ·~ . ~ ... · .. ·.' . 

one-halfthe bk>ck fongih ancf achlev'es criilcalsampllllg by "dedmatirig the"iransform 

coefficients by two; however, the· infohnati6n lo~t by.ihi~ d~d~at1on cr~ates time-do.main 
• I ' : • I . I ~ • • ' ' ' • • • • 

aliasing in the recovered signal. The synthesis process can cancel this aliasing by applying an 
' -·1.i.! ; __ ,, ... r .'·.· •• , • 

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 

system generates a sequence of blocks Bi-B2, then the aliasing artifacts in the last half of block 

Bi 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 resulting sequence of blocks will not cancel e~ch ~ther's aliasing artifacts. For 
. ;~,: ; ~. . .. . : .... :· 

example, suppose one encoded information stream is cut so tl}~t h ends at a block boundary . 

between blocks B1-B2 ·and another en~oded informatio~ st~ea~-is ~~t·s~ that it begins ~ta block 
. . - . . . .. : . . . . • ~ • . I . . ' .. I . . ' I . ' . • : . ~ ~ . ~. ' :; • ' •• i . ' . . .' . - . ·' - . . . : . . : . : .· . . ; . . . 

bound.ary between blocks'A.1-A2. If these twb encodecflrif'ormatiorisireams are. spiiced so th.at 
··:.: · ..... ·._. 

;j ! 

..•.. I.· . ·. i ; 1dl I 
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block B1 immediately precedes block Al, then the aliasing artifacts in the last half of block B1 

and the first half of block Al will generally not cancel one another. 

The methods and devices of the prior art have either ignored the problem or have 

provided unsatisfactory solutions. On_e solution reduces the audibility of the uncancelled aliasing 

.. S artifacts by recovering or decoding the original audio from each encoded audio stream, 

crossfading one audio stream into the other, and re-encoding the resultant crossfaded.stream into 

a new encoded audio stream. Unfortunately, the decode/re-encode process degrades the resulting 

signal, the process incurs a cost that is unattractive, and the original signal immediately on either 

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

10 Spectral Splatter 

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. 

30 

Audio and Video Coding 

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 len_S!h:_ The second.reason pertains only to certain video 



------,...;..:..:.....:.~~___:_:....:....:.;========----~===========--""iioiiiiiiiiii ........ ;..........------:'I' -- ·i 

. S 

10 

15 

20 

wo 99121.185 PCT/US98/207Sl 
-4-

standards like NTSC thaf ha:ve ·a ~ideo 1fazrie·'fate 'ilia.t ·1s no(aii i'nt6ger-mulilpt~·()rthe audio 
sample rate. All of the exampie~ hi the" foJiOwing" disc~ssibrt ~s~\tine ari '~tldiri" sampfe fate of ·' 

• . •• ·= : ··-·-~: ..... ·!~ .• ·;_~E.::·:.:~:;.'. .. : .. :· . ... ::~'j:~·~ .. ··,~-.-~ ... · ··= •. ~:~ :.~~-:-·· •. : • .- ·· .. .=:·:·. ~---.-~:-.·~.::}·> ~~~:·: ·:-~.·:· '. ._ ... ·• ~:.:::-:~· .-48 k samples per second. Most professional eqmpment uses this rate. Similar cons1derat1ons 
apply to other sample rates such as 44.Yk samples per second," which is typic~lly used. in 
consumer equipment . 

The frame and block lengths for several video and audfo'coding standards are shown in 
Table I arid Table II, respectively. Entries in "the t~ble's for i

1MPEG tt1i and iiMPEG ID'' refer to 
MPEG-2 Layer II and MPEG~'.t Layer III ooding techniqu~s speCified by the Motion Picture 
Experts Group of the International Standards Organization in standard ISO/IEC 13818-3. The 
entry for "AC-3" refers toa coding technique devefoped by Dolby Laboratories, Inc. and 
specified by the Ad\-'anced Television Sysiems Ccmimihee in standard A-52. The "block length" 
for 48 kHz PCM is the time foierval between adjacent samples. ·. 

Video_ Standard 
DTV(30Hz) 

NTSC 
PAL 
Film 

~. ; ! ... 

Frame Length 
33.333 msec. 
33.367 msec. 

40msec. 
41.667 msec. 

Video Frames 
Table I 

Audio Standard 
PCM 

-l\1PEG II 
Jvfi>EG III 

AC~3 

Blo•:k Length 
20.8 µsec. 
24 msec. 
24 msec. 
32 ms~c. 

Audio Frames 
Table II 

In applications where video and audio information is .bundled together, audio blocks and 
video frames are rarely synchronized. The time int~rval betwee~ occurrences of audio/video 
synchronization is shown in Table In. For example, the table shows that motion picture film, at 
24 frames per second, will be syrichronized with ari :rv.tPEG audio block boundary exactiy once 
in ea,ch 3 second period and wiffbe synchronized with an AC-3 audio block exactly once in each 
4 second period. 

,, .. ,, .. 

Audi~ ·st~ndard I --DTV {30 ':HZ) 
PCM 1· 33.333 msec. 

MPEG IT . 600 msec. 
MPEG Ill I 600 msec. 

AC-3 I 800 msec. 

NTSC 
166.833 insec. 

24.024 sec. 
24.024 sec. 
32'.032 sec. 

PAL 
40 msec. 
120 insec. 
120 msec. 
160 msec. 

__ ;Film __ ,,-_-
41.667 msec. 

3 sec. ' 
3 sec. 
4 sec. 

Time Interval Between Audio I Video Synchronization 
Table III - . 

. . :..: ' ~- .. 

1il1iiiiiiITUr 
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The interval between oceurrences of synchronization, ~pressed in numbers of audio 

blocks to video frames, is shown in Table IV. For example, synchronization occurs exactly once 

between AC-3 blocks and PAL frames within an interval spanned by 5 audio blocks and 4 video 

frames. Significantly, five frames ofNTSC video are required to synchronize with 8,008 

S samples of PCM audio. The significance of this relationship is discussed below. 

Audio Standard DTV 30Hz NTSC PAL 
PCM 

:MPEG Il 
:MPEG Ill 

AC-3 

1600: 1 8008: 5 1920: 1. 
25: 18 1001 : 720 5:3 
25: 18 1001: 720 5:3 
25: 24 1001: 960 5:4 

Numbers of Frames Betvieen Audio I Video Synchronization 
Table IV 

Film 
2000: 1 
125: 72 
125: 72 
125: 96 

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 boundary. For NTSC video and AC-3 audio, for 

IO example, the probability that an edit on a video boundary wilJ also occur on an audio block 

boundary is only 1 I 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 ofNTSC I 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 in 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 audio 

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 5 frames ofNTSC 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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to 1601.6 samples. Similarly~ NTSC fr~mes ao riot qivide encoded audio informatfoll:into blocks 

of an integer number of samples or coefficients. This can be accommodated by arranging the 

audio samples into a repeating sequence of audio frames containing, for example, 1602, 1601, 

1602, 1601and1602 samples, respectively; however, this imposes even greater restrictions on 
editing applications because eqits must be done only at the beginning of the five-frame .· 

sequence, referred to herein as a "superframe." Unfortunately, in many applications, neither the 

video information nor the :a~dio informatio.ri huridled with the.video conveys a~yincH6~ti6n of 
: . : .. . · .. : :' . - •.: ... -~ _:: . .· . ' : : 

the superframe boundaries. : . ' .·. 

The varying length audio blocks within.a s·~perframe cause another proble~ for many 

10 coding applications. As expfained above, many coding applications process encoded 

15 

information in blocks. Unless the sign.al c~~vey~ soine for~'of sync.hr~~ization signal, a decoder 

cannot know where the boundary is for each superframe o~ whether an edit has removed part of 

a superframe. In other'words,'ihe decoder cannot k:now where the.boundary is for eachaudio 

frame or block. It may be possible to reduce the uncertainty in the block boundary to as little as 

one sample; howe~er, when audio i~f~'rmation is 'processed hi blocks, a o~e sample error is 

enough to p~event recovery of the recover~d. audio information, ... 
:f : ... :.-:. .. - . 

DISCLOSURE OF INVENTION 

It is an obje~t ofthe'.presenf invention to improve the qua~ity of audio represertted by an 

20 audio information st~eam f~imed by ·~pli~ing· two o~' rii~re fra~:~~based a~dlo inf o~~atk~n . . . 

· -streams'. 

According' to th~ iea6hings 'of one aspe~t of the p~~seht i;nvention, ~ meth~d or device for 

signal processing receives an input signal comprising a sequence of frames that each ~ontain a 

Start block, one or more interim ;bfocks,' and. an end b'I~ck. o~ signal 'sampl;~s· repres~nting audio 

25 information, generates first ·Ali~red signals by applyi~g, a' fi~st :fiite~b~nk ~~ s~ari bl~·cks, · · 
' . . . .:".: .. · .. ,.. .:: . .:· . ":-· ...... -... ,·. · .. :..=- <: · .. '..' :_:_:~:·.·:: ~:--:·,.:··.- ···1.·~ • .' ·. :. 

generates second filtered signals by applying a second filterbank to interim blocks, generates 

third filtered signals by ap:pt;ing a third fiherb~nk t~ end bloc.ks, ~here the l~~w:hs of the flrst 

and second filterbank:s are· n'~t equal arid the lengths. of the second. and th1~d filterbanks. are not : 
. ' 

equal, and generates an output signal by assembling the first, second and third filtered signals 

30 into respective output signal frames. 
:.... .·. ' 

According to the teachings of another aspect of the present invention, a method or device 

for signal. processing receives m inpui's'ign~i cornprisihg' a 'sequerice of frames that each ~~µtaip 
a start block, one or more interim bio~ks, and an e~d bl~~k ·~f ~igriaI 's~~ple~ 'representing audio 

. •I• 

I 
~~· i 
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information, generates first filtered signal blocks by applying a,~rst filterbank to start blocks, 

generates second filtered signal blocks by applying a second filterbank to interim blocks, 

generates third filtered signal blocks by applying a third filterbank to end blocks, where the 

second filterbank generates blocks of second filtered signals having aliasing artifacts, the first 

. S ftlterbank generates blocks of first 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 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 another 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 teachings 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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The vmous features of the present invention and its preferred embodimc;:nts may b~ · 
.. : ' · ...... · .· .... ·. 

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 

-11111stratevari~us devic~s show'iiiajor'ctintpon~rits that.arehetpful in ullderstandlng"ili~ present 

invention. For the sake of claniy, these drawings omit nia:riy other features that may be 
. . . 

important in praCticat embodfo1ents but are nodmportantto understanding the concepts of the 

present invention. The sign~l p~c)~essi'ng :required to. practice the pr~sent inventio~ may. he -
. . .· .. · .:\· . ·.::: :. . . . 

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 

be accomplished in essentially_ any .way incl tiding recursive, non-rec~rsive and lattice dighal 

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 audiQ and-video 

information streams; however, aspects of the preserifinventiori may be practiced in appiicatiOns 

that do not include the proce~sing.of~ideo inforriiatio'n~ The ~onterits of the following 

discussion and the drawiI1gS are set forth is examples only and should not be understood to · · 

represent limitatfons upon the s:~op.e ~fihe present invention-. . . · ... 

. . BRIEF DESCRIPTION OF 'l)RA WINGS 

Figs. la and lb are schematic representations of video and audio information arranged in 

blocks, frames and superfratjleS. .- " 

Figs. 2a to 2c are schematic representations of overlapping blocksinodtilated by wfodow 

functions and the resulting gain profile for frames' comprising the windowed blocks~ 

Fig. 3 illustrates signal and aliasing co~ponerits geneiated by an aifasing cancellat'ion 

transform. 

Figs. 4a to 4c illustrate functional block diagrams of devices that create, charlge ancf 

respond to gairi control words in an encoded information stream: 
. . 

Figs. Sa and Sb illustrate functional block diagrams of devices that apply alternate 

filterbanks to suppress aliasing artifacts at frame boundaries. 

Figs. 6 to 6d are schematic representations of window functions that may be used to 

suppress aliasing artifacts at frame boundaries. 

Fig. 7 illustrates frequency response characteristics thafresult from using Vanous ·-· . 
window functio.ns at frame boundaries. 
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Fig. 8 illustrates a fufietional block diagram of a device that applies alternate filterbanks 

to increase the attenuation of spectral splatter at splices. 

Figs. 9, IOa and I la are schematic representations of several window functions that 

pertain to the device of Fig. 8. 

Figs. 1 Ob and 11 b illustrate frequency response characteristics that result from using 

various window functions in the device of Fig. 8. 

Fig. 12a and 12b illustrate functional block diagrams of devices that provide for sample 

rate conversion to achieve synchronization between audio samples and video frames. 

Fig. 13a and 13b illustrate functional block diagrams of devices that provide for dynamic 
10 audio frame alignment to achieve synchronization with video superframes across a splice. 

15 

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 

Signals and Processing 

Signal Blocks and Frames 

Fig. la 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. 1 b. 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. 
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Fig. 2a friustr~tes the !ilociulati~~ enyefop~s 6i thfo\lgh 67 of an analysis\vindow 
.. .. . 

function applied to each block ina seque~ce of overlapping.audio blocks. The length of the 
. . ~: •. ;· .. . , .. · . . . . . . . . 

overlap is equal to one half the.bl~~k: lenSth~ this overlap iriterval is commonly used by some 
. ·. ·. ; . . . . . 

signal analysis-synthesis sy~~ms such as th.e 0-TDAC transform mentioned above. 
. ,. . 

Fig. 2b.illustrates the'·i~sulting.iriodulatlon envelopeofa window function applied to a 
.·;;·:·· ·.... . .. :·. 

sequence of overlapping blocks for an encoded signal frame. As illustrated in Fig. 2b, the net 

effector gain profile 81 of this.modulation is the sum of the modulation envelopes 71 through 

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. 

In systems that use only analysis window functions, the net effect of all window function 

modulation is equivaieni to the modulation'efrects 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 an~ adds to a constant. 

In systems that use a11alysis and synthesis window functions, the net effect of all window 
.. :·:·~ ; .. - .. 

function moduiation 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 

20 gain profile can be achieved by having the modulation envelope of the product wiridow funct.ion 

add to a constant in the overl~p .interval. 

Throughout this discl~sure, s~me mentfon is made of coding systems and methods that 

use both analysis and synthesis window functions. In this context, the gain profile resulting rroi:n 

overlapped analysis window £Unctions will sometimes be said to equal a constant. Similarly, the 

25 gain profile resulting 'from o~eriapped 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. 

Window Function 

The shape of the analysis window function riot only affects the gain profile of the signal 

30 but it also affects the frequency response characteristic of a corresponding fllterbank. 

Spectral Splatter 

As mentioned above, many perceptual split-band coding systems use filt~:rbanks having 

frequency response characteristics optimized for perceptual coding by increasing the attenuation 

; 

·.:! ! 
'ii; -1. 
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of frequencies in the filter stcipband in exchange for a broader :ijl_ter passband. Unfortunately, 

splice edits tend to generate significant spectral artifacts or "spectral splatter'' within a range of 

frequencies that is not within the what is regarded as the filter stopband. Filterbanks that are 

designed to optimize general perceptual coding performance do not provide enough attenuation 

:.5 to render inaudible these spectral artifacts created at splice edits. 

10 

TDAC Transform Aliasing Cancellation 

With respect to the 0-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 

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 0-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 0-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 reflecti_on of signal 

component 9lb except that the amplitude of the reflected component is inverted. 

By overlapping and adding adjacent blocks, the original signal is recovered and the 

30 aliasing components are cancelled. For example, signal components 9lb and 93a are added to 

recover the signal without "".indow 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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Time-domain aliasing ·artifacts on either side of a splice boundary will generally not be 
. . ... ~ · ·· · • • ·· • ~r·· -~·· ··~· .. ·· ··-1- ·;···· • .-' ,,; i-•'··f.•:.:."·"!·~·1~_.!,).":~.-: •·;··. \' ., ~ .. i ,.: · .. ":; ,·· '. {-f:.-.·.-· ·:.;,\>.: • 

cancelled because the. aliasing artifacts in the ha]f-bfock of synthesized -audfo sampfes ---
immediately preceding the splice wili not be tli~ iiive~se of th~·Jiasing' ariltact~ i~ th~ half-block 

of synthesized audio block"imrriediately after the splice: 

.5 Similar considerations apply to other aliasing -canceliaifon filterbanks such as o~e 
described in Princen and Brach~:Y; -,;Ari~lysiS/$:yhiiles1~ :Flii~/s~;Design Based on Time 

Domain Aliasing Cancellatiozf;i•ffiEE Trans. on AcoJst.~ Sp~~~1t''sign~f:P~oc.,voi. ASSP-34, 

1986, pp. 1153-1161. This filterbank system is the time-doinaizi equivalent ofan evenJy~stacked 

critically sampled single-sideband analysis-synthesis' systeiri-a~d is re-ferred to-he~ei~ as Ev~nly-
10 Stacked Time-Domain Aliasirig-·ca:iicelfation (E~TDAC)'. ·: · · · ·- ---- -

· Gain· Coiifrol to Attenuate Artifacts a't'Sp)i~~s 
A technique that"rriay b~ used· to reduce the audibility oi arlifacts ~reated by a spii~'e is to 

incorporate into an encoded audib signal a plurality of gain-6ont~ol wo~ds. thafinstruCt a ·d~~cider 
or playback system to alter th~ amplitude o:f ~he playback: ~ig.nar, simpie :emboeiirrients ~r.: ---- · 

15 devices that use these gain-control \Vords are 'discuss~d in the followi~g· paragr~phs~ 
.Fig. 4a illustrates a functional block dfagram of de~ice' ·106 in .. which fonh;it n i 

generates along path 112 an output signal arranged In frames compris'li1g video informati~n. -- -

encoded audio information rep~esenting multiple audib channels, ~nd gain~control word~. -. 

Format 11 l generates the outpu{si'gnar iii response to ·a signal re·~~i~ed fr~ri1 path 1 ()g .tbat is 

20 arranged in frames conveying tid,eo informatfon ·a.hd eh.coded audi61nronl1~tion fi;r the m~itiple 
audio channels, and in respons~ fo a 'signal received "f'r~m path 110 that conveys gain~contrcil 

-_words. Process 109 receives m\lltiple control" sign~ls from paths lOJa and 103b~ ~ach~s~ociated 
with one of the multiple audio. ch~nnels, and in' response to each. :control signal, gen~r~tes along 

path 110 a pair of gain-control words for" an associated audfo channel" that represent a st-artirtg 

25 gain and an ending gain within a respective fram~. Orily two bnt~ol signals I 03 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 des.ired.·;: -·:;, 

30 

In the embodiment sh~wn, encode lOS generates atOng paths 106a and lo'6b e~coded· 
audio information for multiple audio channels in response to mult°iple audio channd signals 

received from paths 102a and 102b, and ftaine 107 geriefates the signal along 108"t;'.~/ arranging 

in frames video information received from path i 01 and the encoded audio information r~ceived 
from paths 106a and 106b. 

.. . -··"''··°"'"'·'• .. ~i: ...• =·. ;,,,....:.; ··,o:,_·, ... ,,.;,. , •. , .• ~:,. ···" ·.i =· . .:.: .. ,. :.··_. .. ·. ·: ·;. · '"· r ;... :· .• · •. · :. """ : ·!· .. :·.,:~ .·~ · · · ... 
.. 1 
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This gain-control technique may be used with input signals that are analogous to the 

signal passed along path 108; therefore, neither encode 105 nor frame 107 are required. In 

embodiments that include encode 105, encoding may be applied to each audio channel 

independently or it may be applied jointly to multiple_ audio channels. For example, the AC-3 

-5 encoding technique may be applied jointly to two or more audio channels to lower total 

bandwidth requirements by removing or reducing redundancies between the channels. 

Fig. 4c illustrates a functional block diagram of device 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. 

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 wiridowing, 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 signa! a'!_~~~~_in __ 
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. . : . . . 

frames comprising video information, encoded· audio information representing multiple· audio 
.. . .. ·.::·.···: . ..·. .. ··.· .. :: .. ··· 

channels, and input gain~coritrol words. t>.efoririat 123 obtains rroi:Il.'the iriptit"signal"orie'ofrilore ' 

input gain-control words associ~ted with the enooded audio inf~rrnation. for one of the multiple 
.. : : \·: .. : ·.._'.. ~ . ·. < ;._;_:=:·;_ : .• ~.:;; ·'···· .. · ·.:.·. ·~ .. . :-·:~:~ -~-: :· k~~·.:.: · .. ·': .;: . · ... · ... : . . 

audio channels and passes theinput gain control words ~long pa~h~ 124a and l24b. Process 126 

generates one or more output gairi~control words along path 127 by modifying one' or more input 

gain-control words inr~spons~·to·a control° signal recel\red rrom·p~ih 122. Format 128 generates 

along path 129 an output sigI1ai that is· iirranged iri 'frames' inchid'r~g '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 ~ain-control words. 

· In an editing application,.control signal 122 indicates a splice in input dgnal 121. In 

response, process 126 generates one or more output gain-control \Vords that' will cause a deVice' . 
. ~ . 

such as device 140 to attenuate a playback signaliinmediately prior to the splice and to reverse 

the attenuation immediately after the spfice. The change in gai~ may extend across several 
:··,: . 

frames; however, in many applicatforis the change is limited to one frame on either side of the 

splice. The gain-change interval niay be determined by balancing the audibility of modulation 

products produced by the gain change with the audibility of the gain change itself The gain­

control word technique is not limited to editing application's .. ·· · · · ·· · · · 

Filterbanks to Suppress Aliasing at Frame Boundaries · 

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

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 th¢ start and end of each frame. 

Referring to frame 21 shown Fig. la, for example, a first filterbank is applied to block 11, a · 

second fllterbank is applied\obfocks 12 through 16, and a third fi'iterbailk is applied to block · 
. . -· . . . -

17. The characteristics of these fllterbanks is such that the audio recovered from each frame 

contains substantially no uncancelled aliasing artifacts. '·· ' 

Referring to Fig. Sa, device 200 comprises buffer 202 that receives blocks of audio 
. . . . . . .· . . ... 

information and generates along.path 203 'a control signal iildicating whether an audio block is-· 
. . . . ; . 

the first or start block in a frame, the last or end block in the frafu~. C>r an 'interim blOck in the···.::~ 

frame. In response to the ccmt~ol signal received fro~ path 2~J'.,'s}Vitc:h 204 directs the first ·or ' 

start block in each frame to first filterbank 205, directs ~U interim ~locks in each frame to ·· 

second fiiterbank 206, and dfrects the !~st.or end blo~k iri e~ch·fy~rri~ to third filterbank:207. 

.. · .•. 

.<I · .. ···I .·; 111: 
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Format 208 assembles the filtered audio information received from each of the three filterbanks 

into an output signal passed along path 209. 

Fig. Sb 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 

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 information 

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 0-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 0-TDAC transform. The forward and inverse 0-TDAC transforms are shown 

in expressions I and 2, respectively: 

20 

25 

X(k) = ~ x(n) cos r 27r (k """..!.) (n + m + 
1 
)] 

n=O LM 2 2 

x(n)=-
1 ~X(k)cos[ 21t (k +..!.)(n + m+ 

1
)] 

Mk=O M 2 2 

where k = frequency index, 

n = signal sample number, 

M = sample block length, 

m =phase term for 0-IDAC, 

x(n) =windowed input signal sample n, and 

X(k) =transform coefficient k. 

for O $.k<M (1) 

for 0 5.n<M (2) 

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 is m =NI 2. 
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.. In a pr~ferred embodiment, tlie analysis and syn~h~sis w~nqow functions. are. derived 
. . ·: . " ;;~ . . ·. ::·~ ·!; .. · . ~ 

according to a technique described below. The shape of these window functions is illustrated by 

curve 242 in Fig. 6a. For eas'e otdiscussion, these wi#dow functions 'are referred to as W2(n). 
. ·~ 

· ·· ·- · Ffrsi F11teibank · ' · · · · · · · · · · · · 

In this same embodim~rit: tlie:fi~si fi'1tci-1'a.liks':in tli~ 'eiigod~~ ·mia 'C:ompl~m~iitary decoder 

are i~plemented by the ~od~~~d DCT shown above arid. a .mod'ifl.ed .. form of wfudow function 

W2(n). The forward and iriv~~s~ ·t~alisrorms ~r~ ~ho~· in exp~·e~~i~~s '{and 2,' resp~ctively. 'The 
. . .. .... . -· . ... .. ·:.: . ·.. . . . 

first filterbanks are of'lerigthM= 3N I 2 and create a single region 1 of aliasing reflection. 
. . . ... . .. ·. . . . ·. . . ,, '.· . ·' .. 

Aliasing artifact~ are ari irtverted end~fo-end retl'~cdoii'"ofihe s'1gnaf1n the'block. lil' effe~t;:: " -;• 

reflection region 2 is of length. zero arid the.·bou~dary between :th~· iwo ·'regi~ris is a~ the leading·· 
: .. . .· ·. : . 

edge or right-hand edge of the.block tlie-TDAC phase term requfred to' create this 'single region· 

ism= 0. 
:· .:·,· ·:. : .... . : . ·. . .. :· .· ·.·· .. 

The analysis and .synthesi.~ window funcii~ns W1(n) for the first· filterbank are identical. 

The shape of this window function'is illustrated by curve 241 in Fig. 6b. It is composed ofthree 

porti~ns. The fir~t: and second portions, designated as segments I a~d 2, ilfe identl~al to window 
. . ~ 

function W2(x) described above arid shown in"F"ig. 6a. The 'third ·portion, ·desigifated as segment 

3, is equal tc:i zero: 

This first analysis wi~dow function W1(n) ensures that the 'signaf in segment 3 is iero. 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 W1(n) isapplied to the ~ynthesized audio bl~clc. As a res\llt, aliasing 

artifacts exist only in segment 2. 

Third Filterbank 

In this same embodiment, the third filterbank in the encoder and complementary decoder 

are implemented by the modified DCT shown above and a modified form of window function 

W2(n). The forward transform and inverse transforms are shownin expressions 1 and 2, 

respectively. The third filterbanks are of length M = 3N I 2 and create a single region 2 of 

aliasing reflection. Aliasing artifacts are an end-to-end reflection of the signal in the bfock.·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 

region is m = 3N I 2. 
.. ·-·. ...... . ... - . 
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The analysis and synthesis window functions W3(n) for the third filterbank are identical. 

The shape of one suitable window function is illustrated by ci.Irve 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 W2{x) described 

5 above and shown in Fig. 6a. 

This third analysis window function W3(n) 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 I 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 functions W1(11), W2(n) and W3(11) 241through243 

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 function:s 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 W1(n) are cancelled by 
the aliasing artifacts in the first half of block 12 weighted by analysis-synthesis window 

functions W2(n). The aliasing artifacts in segment 2 of block 17 weighted by analysis-synthesis 

window functions W3(n) are cance1led by the aliasing artifacts in the last half of block 16 

20 weighted by analysis-synthesis window functions W2(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. 

25 

30 

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

Derivation of Window Functions 

Window function W2(n) may be derived from a basis window function using a technique 
described in the fo1lowing 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: 

for 0 s,n <N (3) 
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10 

is 
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where ex. = Kaiser-Bessef'Window fuhction alpha factot~ ··' ···· · ;:;,: :: . <;: e > · , ' · :: 
n=Window sa~pie.nuinber,. ,:' ·· · · · ·.· · : ,.,_ '·::: ·· · 

. N =window lenith in numbef of's.amples, and: : , '· .. .: : . :. · ·• · '· .. · :• · . ·.· . ·, . - .: ~ 

. co (Xl2t ' .. · . 
Io[x]= ~ kl 

_;· ·;;:·: ' '.· .... 
·' . . :. -. ·. -". -~ .: .'. : • ' . :·:_,: <·. ·.·. 

•. i ·. -·, . . . I:·,:;·,! 

Th~ denvation generates ail anaiy'sis-sy~tb:esis'prodhcit Window functlon-Wp(~) 'by 

convolving the Kaiser-Bessel ~indow:functi6n W~(n) with a rect~giilar\viridow furletion· s(k) 

having a length equal to the block Ie~gth ii minus the overlap interval v; ot: .. • · · " · -
·N-1 • 

· ... ··;,:_·.:. .•J' 

Ls (k) W KB (n - k) 
WP(n),,;,, k=o " ...•. for.o::;n.<N 

LWKB(k) 
k=o 

This may be simplif1~d to: .. . . . . .. 
.· ··:·.· . . ···'. . . . 

.··. ; : ; :· . ~ . . .. :•. .····.:" ., 

N-v-1 

L WKB(n-k) 
WP(n )= -=k-==o~,. .---

~ . ·. ' : . ; ; . ·. 

LW KB (k) 
k=O 

where n ::::: product-window sa~ple number, .· 

.... v = number of samples withiil window overlap i~terval, 

N =desired length of the product-window, 
W' : • : . :I . 

WK8(n) = basis window function of length v+ 1, 

·'· wP(n),.:, derived p~oducH.~ind~woflengthN, and 
.:.•·. .. , ... :;" 

"• .. 'I 

s(k)= ·. . ... 
[

I for 0 5. k < N - v 

0 otherWise. 
. . ~. . ' . 

For the 0-IDAC transform, the overlap interval v =NI 2 and the analysis window 
. .. . . 

function and synthesis window functions are identical; therefore, either window function may be 

obtained from: 

N/2-1 

L WKB(n-k) 
k=O for 0 5. n <N 

k=O 

The analysis and synthesis window functions. that are derived in this manner are referred .to. 

herein as a Kaiser-Bessel-Derived (KBD) wind~w functi~n. The pr~d~Ct ~nd~~, fu~di~n is 

(4) 

ii 
II 
Ii 
11 
11 
11 
! ! 
! ! 

11 
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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 

'S 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. 

10 Filterbanks to Reduce Spectral Splatter at Splices 

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

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 0-TDAC analysis-synthesis system using 

KBD window functions with ex. = 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 frequencies 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 respons~s 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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spiices. Some p~rforriiance i~ percepiu~f ~od'h1g iS- s'acriflced:to iiic~ease atten~atiori of the_ · . 
spectral splatter.· Preferably, the frequency response optimizes the attenuation of spectral energy 

within a range of frequencies includiDg:~200HZ and.600HZ for a.·system'that filters '.is6~satl1ple 
blocks, or frequenci~s of'about.50,000 mid 150,0bb, eachdivicled by the-block Ieilgih. 

Sometimes a compronuse Cail be reached' satisfying frequency response req\iirements-for 

both general coding and for cro~sfadfog~frairi~s-at spli~es·: 1~-~pp1Ici'ations'where ~\l.ch a'" .. - ..... -
compromise c~nnot be a~hfeved,a splic'e is'Cietected a~d'thitfequency response' ofthe analysfs­

synihesis syste~ is changed. Thisch~nge.-musi be acc'ornpl1she·d·fo.'c0-~jlinciionwith sy~thesis' 
. . .. . 

filtering because the analysis filterbank cannot generally anticipate splicing operations. : ;, -·' 

Fig. 8 illustratesd~vice32b that may be used to reduce'spectrai splatter at a splice by­

altering the end~to-end frequency response ofan analysis-synthesis system.' Iii .this device, 

defonnat 322 receives an input signal from path 3 2 i .. obtains therefrom encoded audio 

informati'on that is passedalong path 324,'and geherates a control sigri~t'along'path 323'' '. ;_· ,;· 

indicating whether a splice o~c~rs at either the start of th~ ~nd -~fa 'fr~e. the occurrence ~f-a 

splice may be expressly conveyed in the' input signal' or it may h-i inferred from other -

information conveyed in the signal. ' ~ . : ·•. ; 

For example, according to the AES-3/EBU standard, successive bfocks of audio·­

information contain block numbers that increment froin zero to 255 and then wrap around to' 

zero. Two adjacent block numbers that are not sequ~nti~I couid indicate a ·splice; however, this 

test is not reliable because some.devices which process the AEStEBU data stream dc)ndt -· · 

increment this number. If the audio stream is encoded, the encoding scheme may' provide 

sequential numbering or some other form ofpredictab_le information. If the information does ilot 

conform io what is expected, a signill call be generated to indicate thepresence-of a'spiice.: :-· 
. ' . 

In response to the co_ntiol 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 splicetO first synthesis filterbank 326, 

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. Sb. Buffer -

329 generates an output signal along path 330 in response to the synthesized audio blocks 

received from the three synthesis filterbanks. · -· - . ,.._·-_-~:·--'---,· ~ -~:: __ ; i; .-.-.. _: .·. ·· .. _.,_ . . -· 
':-."~:~:-···· 
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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 cod~ng performance with the second synthesis 

filterbank. The first and third synthesis filterbank~ may be implemented in essentially any 

5 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. 

10 Modulation of Synthesized Audio 

This may be accomplished in several ways: One way modulates the synthesized audio 

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 corresponds 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 tapered gain profile of256 

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

against which other frequency responses may be evaluated. Generally, fllterbanks that optimize 

the attenuation of spectral energy with respecfto this reference response are ~ffective in 

reducing the spectral splatter that is created at splices. 

Modified Synthesis Window Function 

Another way to alter the overatl 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. 

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 

profile represented by curve 343. The response of curve 341 is achieved by 0-TDAC analysis­

synthesis system using 256-point transforms and KBD window functions with a = 1. As 

mentioned above, curve 342 c~~espond~to K.BD window functions with a= 6. 

The end~to-end frequency response 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: 

WP6(n) = WA6(n) WS6(n) 

WP1(n) =' WA1(n) WS1(n) 

where WA6(k) = analysis KBD window fllnc~ion ~ith cr = 6, 

WS6(n) = syn_thesis KBD window function with cr = 6, 

WJi6(n) = iffiti product wind.oyv. fµncti~~·~ith_cr ~ 6, 
. .... .: :;: ·.:. ·,~ ; ·-~<> ·:· <·· ·:.:,;~:: .. :-;·: :.~:...:i: ; .. ) .:= . ·: .. ~: ~·· •... · •. : . 

WA 1(n) = analysis.~D window £.Unction with~= 1, 

WS1(n) =synthesis KBD window function with cr =I, and 

'WP1(n) = KBD product window function with a= 1. 

: .. ·.· .. : : 

._.,(•·:·:·,, 

(Sa) 

(Sb) 

·i .;:;: 

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 WP1 is desired and analysis window function WA6 is used for signal 

30 analysis, this relationship can be represented algebraically as: 

'WP1(n) = WA6(11) WX(n) (Sc) 

where WX(n) =synthesis window function needed to convert the frequency response. 
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WX(n) = WPi (n) 
WA6 (n) 
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(Sd) 

The actual shape of window function WX is somewhat more complicated than what is 

shown in expression Sd if the splice-overlap interval extends to a neighboring audio block that 

S 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 0-TDAC, 

that portion is equal to half the block length, or for 0 ~ n < NI 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 3 51 illustrates a KBD 

analysis or synthesis window function with a.= 1, curve 352 illustrates a K.BD product window 

with a.= 1, curve 356 illustrates a KBD analysis or synthesis window function with a.= 6, and 

curve 3 59 illustrates a synthesis window function according to expression Sd. As curve 3 56 

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 WXby 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 

WP1 and the window function used for signal analysis is WA6, then the required modified 

30 synthesis window functions are as follows: 

This Sheet Has Been R I 
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forO '5.n <x 

N 
forx'5.n<-

2 
N 

for-Sn<N 
2 

N 
for 0'5.n<-+x 

2 

forN +x~n<N 
2 

{
WPi (n- x+N) WA6 (n) for Os n < x 

WX3(n)= 
WA6 (n) for x $ n < N 

where WX1(n) =modified synthesis window function for the first block, 

WX2(n) =modified synthesis wind9yv function for the secon~ block, 

WX3(n) = modified synthesis window function for the third block, and 

x =number of samples discarded at the frame boundary. 

i>ctitrs9s1201s1 

(6a) 

(6b) 

(6c) 

Fig. lOa illustrates, for several values ofx, the shape of the modified synthesis window 

fil~ction required to convert a 256-point 0-TDAC analysis-synthesis system using a KBD ex. = 6 

10 analysis window function into an analysis-synthesis system that has a frequency response 

equivalent to that of a system using K.BD a = 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. lOb. 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 a.·= 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 a = I. In 

20 other words, a synthesis tilterbank that discards x = 16 samples, when used in conjunction with 

an analysis filterbank and an ex.= 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 ex. = 1 analysis and synthesis window functions and, at the same 

J .. 
DIDI 
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time, provide a synthesis filterbank frequency response that att~fihates frequencies above about 

200 Hz nearly as much as a synthesis filterbank using an a. = I synthesis window function. 

Systems which use KBD window functions with lower values of alpha for normal 

coding will generally require a smaller modification to the synthesis window function and fewer 

· S 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 

I 0 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 WXI 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: 

WXI(n)= 

~(n)WM(n) 

WA6 (n) 
WP. (n) 
WA6(n) 

~(n) WA6 (n) 

forO '5.n < p 
2 

P N for-'5.n<-
2 2 
N 

for-'5. n < N 
2 

where w.M(n) =the smoothing window function, and 

p = length of the smoothing window function, assumed to be less than N. 

(7) 
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The modified synthesis window function required at the end of a frame is identical to this 

window function except for a time reversal. 

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 

· S smoothing window function is a KBD window function of length 128 with a. = 6. In Fig. I la, 

curve 381 illustrates the shape of the modified synthesis window function without smoothing 

and curve 382 illustrates the shape of the modified synthesis wiridow function with smoothing. 

The frequency response for an analysis~synthesis system using the smoothed modified 
. ., . . 

window function is shown in Fig. 11 b. Curve 391 represents the frequency response that results 

10 from using the smoothed modifled window function. Curve 341 represents the frequency 

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

393 represents an envelope of r'lie peaks for the frequency response that results from using 

linearly-tapered frame crossfade window functions ofabou.t 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 resp.onse that is similar to the frequency 

response achieved by an analysis-synthesis system using KBD window functions with ex = 1. 

Hybrid Analysis-Synthesis Window Function Modification 

In the techniques discussed 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 interior blocks. 

The filterbanks used fo~ block~ at the fr~~e 'houndari~s ~oufcfhe desighed to r~d~ce ihe amount 
·. : ·. ... . ·. ·-

of modification required in the' synthesis process ~o achieve a suffident attenuation of spectral 

splatter at splices. ·· · · · ' · ' ·- . · · · .. ·· · ... ,. '····· . ··· · 

~ .~ :· -~;-._.,:~l .. ·· .. :,: .. ··:·.~·;:.· .: .. : .. 1.:~.;~,.~--.>1!:.:~ .. --~·-·.,·, ;-.·.~- .·· 
Data Syn.chro:Q.-ia~i.Q.i(" _·;.::.-' -~ ·-'.·-· ·. ··· · 

- . ' . 

25 In applications that process both video and audio information, the video frame length 

30 

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 audio information represented by the remaining partial block 
. • . ·:: .. ••: • .. . '! 

cannot be properly recovered. Two techniques that may he ·~sed to solve this problem are 

discussed below. 
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Audio Sample Rate Conversi6ri. 

A first technique converts an input audio signal received at an external rate into another 

rate used in the internal processing of the coding system. The internal rate is chosen to provide a 

sufficient bandwidth for the internal signal and to allow a convenient number of samples to be 

S 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 of256-sample blocks 

that overlap one another by 128 samples. 

Video Standard 

DTV (60) 
NTSC (59.94) 

PAL (50) 
DTV (30) 

NTSC (29.97) 
PAL(25) 
Film (24) 

DTV (23.976) 

Frame Length 
(msec.) 

16.667 
16.683 

20 
33.333 
33.367 

40 
41.667 

41.7 

Audio Length 
(samples) 

800 
800.8 
960 
1600 

1601.6 
1920 
2000 
2002 

Video and Audio Rates 
TableV 

Internal Rate 
(kHz) 

53.76 
53.706 
44.8 
53.76 
53.706 
44.8 
43 

42.965 

Internal 
Audio Frame 

Len th 
1024 
1024 
1024 
1920 
1920 
1920 
1920 
1920 

For example, an application that processes an input audio signal at 48 k 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 samples 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 

. Thi 
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equal to the video frame length. This ·disparity is due to the number of samples by which the 

audio samples in one frame overlaps the audio samples in another frame. 

Referring to the example illustrated in Fig. 2c, each of the frames overlap one another by 

some number of samples. This number of samples constitute the frame overlap intervaJ.. In many 

. S applications, the frame overt'ap interval is equal fo the overlap interval between adjacent audio 

blocks within a respective frame. The number of samples that equal a video frame length are the 

number of samples that span the interval from the beginning of one frame to the beginning of 

the next frame. This is equal to the internal audio frame length less the number of samples in the 

frame overlap interval. 

10 In the 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 I 024 (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 of256 samples that 

overlap one another by 128 samples. 

20 

If filterbanks are used which do I10t generate aliasing artifacts at frame boundaries, the 

fra~e overlap interval is preferabiy increased to 256 samples, which increases the internal frame 
. ,. ·.: : ·. '. . ·. '. . .. .. . . ~ : .. . ' : ~- . ' . . . : . . . . 

length to 1152 (896 + 256) forv~deo fr~me rate~ above 30 Hz and to 2048 (1792 + 256) for 
. . ·: .: >· .'· ;~ .· _)·' . . : ·. : ~·: :.:· . ' ~ . ,. ' . . : . . ... ·•_. . ·. . .• .. 

lower video frame rates. ; .,·· 
: _ _.:,· 

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 ofsamples that equal 

the video frame length. This is equivalent to 

R1=Rv* (LA -Lo) (8) 

25 where R1 = internal sample rate, 

Rv = video frame rate, 

LA = internal audio frame length, and 

Lo = frame overlap interval. 

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 

.,j. 

! 
! . 

nrT 
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arranged in frames from path.401 and assembles an internal audio frame with each video frame 

to generate an output signal along path 407. 

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 in{onnation and 

.S 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 sa~ple rate that is passed to convert 

416. Convert 416 converts the internal signal into an output signal having an external sample 

IO rate. 

15 

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. 539-555. 

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=LA-Lv 

where Lv= video frame length expressed in numbers of audio samples. 

(9) 

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 ofNTSC 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 of801-sarnple bfocks are substituted for each 1602 block and a 801/800-sample 
. . ... .. . 

block pair is substituted for each 1601 block. The discussfon below is dfrected toward a solution 

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

video frame rates. 

,~s 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 following the splice unless they conform to the superframe alignment 

IO the decoder is using. This may be accomplished by the following 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 in a 

15 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 

20 431, 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 

25 frames of encoded audio information according to the starting sample and frame length 

determined by process 436. ',: ' , · · . · ', · · 

In a preferred e~bodlm"ent, the frames iri''each superfra'me are labeied'0,·1,'2,J aiid'4~',•' 

The starting sample in frame Ois assumed to be exactly sy~chro~ized with. a ttaine bound~cy 'of . 

the video signal. Each frame in a superframe is generated with the same structure, having an 

30 "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 
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internal audio frame length fs-1792 samples. The frame gain prhfile is determined according to a 
video frame length of 1603. For the example just mentioneg, the frame overlap interval is 189 

(1792- 1603) samples 

Device 430 assumes any desired superframe alignment and dynamically alters the 
.'S 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 160 I and 1602 samples according 
to the 5-frame pattern in a su,perframe. The effect of this dynamic alignment is to immediately 
achieve proper alignment following a splice that preserves synchronization with the 

10 accompanying video information. 

15 

20 

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= (FE-FD) modulo 5 (10) 
where K = alignment table access key, 

FE= encoder frame label, and 

FD= 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. 

The decoder obtains the proper frame starting sample number and video frame length 
from Table VI using K as an access key to the table. 

l1iii[i~Ur 
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Access Encode Start Video 
Key Frame Sample Frame 

Label Length 
0 0 1 1602 
0 1 1 1601 
0 2 1 1602 
0 3 1 1601 
0 4 1 1602 
2 0 1 1601 
2 1 0 1601 
2 2 I 1602 
2 3 1 1601 
2 4 1 1602 
4 0 1 1601 
4 1 0 1601 
4 2 1 1601 
4 3 0 1601 
4 4 1 1602 

- 32-
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Access Encode Start 
Key Frame Sample 

Label 
1 0 1 
1 1 1 
1 2 2 
1 3 1 
1 4 2 
3 0 1 
3 1 1 
3 2 1 
3 3 1 
3 4 2 

Dynamic Audio Frame Alignment 
Table VI 

Video 
Frame 
Leng!h 

1602 
1602· 
1602 
1602 
1602 
1602 
1601 
1602 
1602 
1602 

An example of dynamic alignment is illustrated in Fig. 14. Iri 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 the audio information in each frame is shown in the boxes of row 450. The encoder 

5 frame label FE for each frame generated by an encoder is shown in row 461. Note that label O 

corresponds to the first frame in each superframe. The decoder label FD 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 agrees with the ideal alignment. 

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 
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458 starts one sample early arid has a length one sample greater ihan the ideal length. The start 

of frame 459 agrees with the ideal but it is one sample shorter than the ideal. Accordingly, frame 

460 starts one sample earlier and is one sample longer than the ideal. 

As this example shows, the decoder achieves exact synchronization with the start of each 

S superframe regardless of the any discontinuities created by splices. 

Device 430 uses a modified synthesis window function to achieve the proper end-to-end 

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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CLAIMS 
.. /If El~ llll~flll/11111111111 

. M S * 
1. A method for signal processing comprising: .. 

receiving an input signal comprising a sequence of frames, a respective input 

sigrial. frame comprising a start block of signal samples, one or more interim blocks of 

signal samples and an·e:nd block of signal samples, said blocks of signal samples 

representing audio information, 

generating, in response to a respective input signal frame, first filtered signals 

by applying a first fiii~ibank to ·s~1cl start block ofsi~narsimpfos, second filtered . ' 

signals by applying· a. s~cond fi~terbank to said one or more interim blocks of sisnal 

samples, and" thfrd fifrered sfgnals by applying a third filte~bank t~ said end block of 

signal samples, wherein said first, second and thii-d fiiterbariks 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 

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. 

2. A method for signal processing comprising: 

receiving an input signal comprising a sequence of frames, a respective input 

signal frame comprising a start block of signal samples, one or more interim blocks of 
~ . . . . . . . . . - . . . . . 

signal samples ;:i.nd an end block of signal samples, said blocks of signal samples 

representing audio information, 

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 

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 a respective second filtered signal block but having substantially 
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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 

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 frames. 

3. A method according to claim 1 or 2 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, 

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, 

said second filterbank is of length N 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 

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. 

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, 

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 oflength N/2 samples and a second portion oflength N/2 samples 

that is substantially not equal to zero, and 

I If Ill~ 1111~ 11~111111111111 
s * 



:S 

· WO 99121185 PCT/US98/20751 

-36-

said third filterbank is implemented by a third transform and a third analysis 

window function oflenifu 3N/2 samples, wherein said third window function has a 

first portion of length 'fi112 tliat is subsiantfail}' ecjuat-to zero, arici a second portion of 

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

5. A method according to claim 4 wherein the first and second portions--of said first 

analysis wi~dow 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 portions of said third analysis window function have been derived 

10 from said Kaiser-Bessel window function. 

15 

20 

25 

30 

6. A method for signat°processing comprising: 

receiving an input signal comprising a sequence of frames, a respective input 
- - -

signal frame comprising first filtered signals, secorid filtered signals and third filtered 

signals, 

generating, in response to a respective input signaf 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 filtered signals, and an end block ·or signal samples by applying a third 

synthesis filterbank to said third filtered signals, whereiri. said first, second and third 

synthesis filterbanks 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, and 

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 

signal sample blocks represents audio information. 

7. A method for signal processing comprising: 

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, 
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generating, in response to a respective input signal frame, a start block of 

signal samples by applying a first synthesis filterbank lti' ~aid first filtered 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 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 

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 

signal sample blocks represents audio information. 

8. A method according to claim 6 or 7 wherein said signal sample blocks in a 

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 

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 N and generates said one or more 

interim blocks of signal samples each having aliasing components, and 

said third synthesis filterbank is of length 3N/2 and generates said 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. 

9. A method according to claim 8 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 

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, 

11111111111111 1111111111111111 
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said second synthesis filterbank is implemented by a second transform and a 
: . . . . . .. : : ~ .. . . . . 

second synthesis window (Un~ion of letj~h 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 no~ equal to z~ro, and 

said third syntlt~sis filt~b~nk r~ "implein~nted by ~ third transfom and a third 

synthesis window function of iength-3N/2 sampl~~. -~herei~ said tliiid window 

function has a first portio~ of l~ngth :N12 that is substantially equal to zero, -and a 

second portion of length N/2 and a third-portiOn of length N/2 that are substantially 

not equal to zero. 

I 0. A method according to claim 9 wherein the first and second portions of said first 

s)'nthesis window function have been derived from a Kaiser-Bessel window function, said 

second synthesis window function h~s been derived from said i<.a1ser~Bessel window 
- -

function, and the second and third portions of said third-synthesis window function have been 

15 derived from said Kaiser-Besse] window function. 

20 

25 

30 

11. A device for signal processing comprising: -

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

respective input signal frame comprising a start block of signal samples, one or more 

interim blocks of signal sa~ples and an end block of signal samples, said blocks of 

signal samples representing audio information, , -' --_ :;. : ~ :. . . . . . ~. 

means for gen-eratiilg, in response to a respective input 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 signal samples, wherein said first, second and tP,ird filterbariks each 

have a respective length, the respective lengths of s~i~ first and second filierbanks 

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 

signals into a respective output signal frame, whereby a sequ_:n~e_o.f_outnnt -:gnal 
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frames is generated by assembling first, second and third :filtered signals generated in 

response to said plurality of input signal frames. 

12. A device for signal processing comprising: 

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

respective input signal frame comprising a start block of signal samples, one or more 

interim blocks of signal samples and an end block of signal samples. said blocks of 

signal samples representing audio information, 

means for 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 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 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 

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 

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, 

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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said second filterbank is of length N and has aliasing characteristics such that, 

in response to said second filtered signals, a complementary second synthesis 

filterbank generates one or more recovered interim bloc~s of signal samples each 

having aliasing compo~ents, and ·.· 

said third filierbalik is of length. 3Ar12 Eincthas aii~siiig characteristics such that, 

in response to said third filtered-signals~· a"compiementacy third··~~th~~is fllt~ibank 
generates a recov~rJd ~rid block of signal s~mples havin.g aliasing comp~ne~ts in a 

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

14. A deviCe according to dalin d wherei~· . 

said first filterbank is implemented by a first transform and a first analysis 

window function of iength "3N!2 samples, wherei~ said fi~st windo~ 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 poriio11 of length N/2 that is ·s~hstaritially equal to '~~fo, 
15 said second filterbank is implemented by a second fraiisfonn and a second 

20 

· analysis window function of le~gth N samples, .wherein sa,id second wind~w fimctlon 

' has a first portion of Ierigih N/2 samples' and a second portion of length Nii s~riiples 
that is substantially not equal to zero, and 

said third filterbank is implemented by a third transform and a third analysis 

window function oflengthJf/12 samples, wherein said thi~d window function has a 

first portion oflerigthN/2 that is substantially equal to zero, and a second portion of 

length N/2 and a third portion of length N/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 portions ofsaid third analysis window function have been derived 

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 input signal frame comprising first filtered signals, second filtered signals 

and third filtered signals, 
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means for generating, in response to a respective input signal frame, a start 

block of signal samples by applying a first synthesis filt,erbank to said first filtered 

signals, one or more interim blocks of signal samples by applying a second synthesis 

filterbank to said second filtered signals, and an end block of signal samples by 

applying a third synthesis filterbank to said third filtered signals, wherein said first, 

secQnd and third synthesis filterbanks 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, and 

means for 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 signal sample blocks represents audio information. 

17. A device for signal processing comprising: 

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 

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 

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 

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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18. A device according to claim 16 or 17 wherein said signal sample blocks in a 
. - .. ·~: ·. - . . : . : . . : :-~·: ... ':·. : .. : . : . :~: .... =-... ·. 

respective output signal frame overlap one another by N/2 samples; 

said first synthesis fiiterbank 1s of lerigih· 3N/2 ·generates said. start block of 
. . . . 

signal samples haVing 'alfasing· coinponents in a middle N/2 samples and having no 

aliasing components in a first N/2 samples, 

said second synthesis filterbank is of length N and generates said one or more 
. . . 

interim blocks of signal samples each having aliasing components, and · 

said third synthesis filterbank is of length 3N/2 and generates said 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. 

19. A device according to claim 18 wherein·· 

said first synthesis filterbank is implemented by a first transform and a first 

synthesis window function of length 3N/2 sampies', whe~ein said. first windo~ 

function has a first portion oflength 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, 

said second synthesis filterbank is implemented by a second transform and a 

second synthesis 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 iength N/2 

samples that is substantially not equal to zero, and 
" . 

said third synthesis filterbank is implemented by a third transforni and a third 

synthesis window function of length 3N/2 samples, wherein said third window 

function has a first portion of lerigth N/2 that is substantially equal to zero, and a 

second portion of length N/2 and a third portion of length N/2 that are substantially 

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 have been 

derived from said Kaiser-Bessel window function. 
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