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DESCRIPTION

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

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

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

Audio Coding
Block Processing S

The growing use of digital audio has tended to make it more difficult to edit audio
material without creating audible artifacts. This has occurred in part because digital audio is
frequently processed or encoded in blocks of digital samples that must be processed as a block.
Many perceptual or psychoacoustic-based audio coding systems utilize filterbanks or transforms
to convert blocks of signal samples into blocks of encoded subband signal samples or transform
coefficients that must be synthesis filtered or inverse transformed as blocks to recover a replica
of the original signal. At a minimum, an edit of the processed audio signal must be done at a
block boundary; otherwise, audio information represented by the remaining partial block cannot
be properly recovered.

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

includes generating pulse code modulation (PCM) samples to represent a signal and arranging
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information into patterns or formats according' to some speciﬁcation Terms such as “block” and
“frame” as used in this dlsclosure refer to groups or mtervals of information that may differ
from what those same terms refer to elsewhere such as in the ANSI S4.40- 1992 standard,
sometimes known as the AES-3/EBU digital audio standard. Terms such as “filter” and

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

such as quadrature mlrror ﬁlters (QMF) and transforms and | ‘_‘ﬁltered” informatxon 1s the result

of applymg such ﬁlters More partrcular mentlon lS made of .ﬁlterbanks 1mplemented by

transforms '

An additional limitation is imposed on editing by coding systems that use overlappmg- -

block structures to process and encode program matenal Because of the overlappmg nature of

the encoded blocks, an ongmal srgnal cannot properly be recovered from even a complete block -

of encoded samples or coefﬂcrents o _
" This hmrtatron is clearly 1llustrated by a commonly used overlapped—block transform the

modlﬁed discrete cosine transform (DCT) that is descnbed in Prmcen Johnson and Bradley,

"'Subband/Transform Codmg Usmg Frlter Bank Desrgns Based on Time Domam Alrasmg

Cancellatron " ICASSP 1987 Conf Proc May 1987 pp ’2161 64 Thrs transform 1s the tlme-
domain equivalent of an oddly-stacked crmcally samp edi smg,le srdeband analysrs-synthesrs |

system and is referred to herein as Oddly-Stacked 'T'me-Domam Aliasing Cancellation

(O-TDAC). The forward transform is apphed to bloc s £ amples that overlap one another by - -

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

coeﬁ'rcrents by two however the mformatron lost by thi crmatron creates trme—domam

| :alrasmg in the recovered srgnal The synthesrs process can ancel thls ahasmg by applymg an

inverse transform 1o the blocks of transform coefﬁcrents to generate blocks of synthesized

samples, applyrng a suitably shaped synthesrs window functron to the blocks of synthesxzed

- samples, and overlapplne and adding the windowed blocks For example ifa TDAC codmg

system generates a sequence of blocks Bl-Bz, then the allasmg artifacts in the last half of block o

B, and in the first half of block B, will cancel one another '
If two encoded information streams from a TDAC coding system are spliced at a block

boundary, the resultmg. sequence of blocks wrll not cancel each other s ahasmg artrfacts For

'example suppose one encoded 1nformat10n stream is cut so that it ends at a block boundary

between blocks B,-Bg and another encoded 1nformatron stream 1s cut so that 1t begms at a block

boundary between blocks A1~A2 I these two encoded mforrnatron streams are sphced so that
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block B; immediately precedes block Aa, then the aliasing artiféiits in the last half of block B;
and the first half of block A, will generally not cancel one another.

The methods and devices of the prior art have either ignored the problem or have
provided unsatisfactory solutions. One solution reduces the audibility of the uncancelled aliasing
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.

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
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.
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
region between passband and stopband, and not within what is regarded as the filter stopband;
hence, filterbanks that are designed to optimize general coding performance do not provide
enough attenuation of the spectral splatter created at splice edits. These artifacts are usually
audible because they are usually too large to be masked by the original signal.

Audio and Video Coding
Frame Synchronization

Even greater limitations are imposed upon editing applications that process both audio

and video information for at least two reasons. One reason is that the video frame length is

generally not equal to the audio block length. The second reason pertains only to certain video
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standards llke NTSC that have a vrdeo frame rae that is notan mteger multxple of the audro

sample rate. All of the examples in the followmg drscus51 _ '_

an audro sample rate of

48k samples per ‘second. Most professronal equrpment uses thxs ra rmrlar consxderatlons

apply to other sample rates such as 44 1 k samples per second whxch is typrcally used m _
S consumer equlpment o S ' _
The frame and block lengths for several vrdeo and audro codmg standards are shown in
Table I and Table II, respectrvely Entries in the tables for "MPEG 1" and "MPEG " refer to
MPEG-2 Layer II and MPEG—2 Layer 114 codmg techmques specrfied by the Motion Plcture '.
Experts Group of the Intematronal Standards Orgamzatron in standard ISO/IEC 13818-3. The
10 entry for "AC- 3" refers toa codmg techmque developed by Dolby Laboratones Inc. and
specxﬁed by the Advanced Telev151on Systems Commrttee in standard A-52, The “block length”
for 48 kHz PCM is the time mterval between adjacent samples ' '

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

DTV (30 Hz) 33.333 msec. PCM 20.8 psec.
- NTSC 33.367 msec. ' "MPEG II 24 msec.
PAL 40 msec. MPEG I 24 msec,
Film 41.667msec. ~  AC3  32msec.
Video Frames S ' - Audio Frames .
TableI EEE ~ Tablem =

In apphcatrons where video and audio information is bundled together audio blocks and

15 video frames are rarely synchromzed The trme interval between occurrences of audro/vrdeo e

synchromzatron is shown in Table IIL For example the table shows that motion chture ﬁ]m, at

24 frames per second, will be synchronized with an MPEG audio block boundary exactly once

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

Audio Standard | DTV (30 Hz) _NTSC _PAL Film
PCM 33.333 msec. 166.833 msec. 40 msec. 41, 667 msec
MPEG II - 600 mséc.  24.024sec. 120 msec. © 3sec.”
MPEG III 600 msec. 24.024 sec. 120 msec. 3 sec.
AC-3 800 msec. = = 32.032sec. 160 msec. 4 sec.

Tlme Interval Between Audro / V1deo Synchronxzatlon
' ‘Table III :
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The interval between odcurrences of synchronization, éxpressed 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 of NTSC video are required to synchronize with 8,008

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

Audio Standard | DTV (30 Hz) NTSC PAL Film
PCM 1600 : 1 8008 : 5 1920 : 1. -2000:1
MPEG II 25:18 1001 : 720 5:3 125:72
MPEG I 25:18 1001 : 720 5:3 125:72
AC3 25:24 1001 : 960 5:4 125 : 96

Numbers of Frames Between Audio / Video Synchronization
Table IV

When video and audio information is bundled together, editing generally occurs on a
video frame boundary. From the information shown in Tables III and IV, it can be seen that such
an edit will rarely occur on an audio frame boundélry. For NTSC video and AC-3 audio, for
example, the probability that an edit on a video boundary will also occur on an audio block
boundary is only 1 /960 or approximately 0.1 per cent. Of course, both edits on either side of a
splice must be synchronized in this manner, otherwise some audio information will be lost;
hence, it is almost certain that a splice of NTSC / AC-3 information for two random edits will
occur on other than an audio block boundary and will result in one or two blocks of lost audio
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
they have provided similar unsatisfactory solutions, i.e., perform “post processing” of the audio
by unbundling the audio information from the video information, decoding the encoded andio
information, editing the recovered audio information, and re-encoding and re-bundling the audio
information with the video information.

Data Synchronization |

It was noted above that S frames of NTSC video are required to'synchronize with 8008

samples of PCM audio at 48 k samples per second. In other words, NTSC video frames do not

divide the audio information into an integer number of samples. Each NTSC frame corresponds
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to 1601. 6 samples Sxmrlarly, NTSC frames do not d1v1de encoded audio mformatlon mto blocks '

of an integer number of samples or coefﬂcrents This can be accommodated by arranging the
audio samples into a repeating sequence of audio frames containing, for example, 1602 1601,
1602, 1601 and 1602 samples respectrvely, however, this imposes even greater restnctlons on
editing appltcatrons because edlts must be done only at the begmnmg of the ﬁve-ﬁ-ame T

sequence, referred to herem as a superframe ? Unfortunately, in many applrcatrons nexther the

' vxdeo mformatlon nor the audro mformatron bundled with the vrdeo conveys any mdxcatlon of

the superframe boundanes .
The varying length audro blocks w1th1n a superframe cause another problem for many

coding apphcatlons As explarned above, many codlng appllcatrons process encoded

information in blocks Unless the srgnal conveys some form of synchromzatron signai, a decoder -

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

a superframe. In other words the decoder cannot know where the boundary is for each audlo

frame or block. It may be possrble to reduce the uncertainty m the block boundary to as httle as
one sample; however when audlo 1nformatron is processed in blocks a one sample error is

enough to prevent recovery of the recovered audro mformatron

" DISCLOSURE OF INVENTION
It is an Ob_] ect of the present mventxon to 1mprove the quahtv of audro represented by an

audro mformatron stream formed by splrcmg two or more frame based audro mformatlon

" streams.”

Accordmg to the teachmgs of one aspect of the present mventron a method or dev1ce for
srgnal processmg recerves an 1nput srgnal compnsmg a sequence of frames that each contam a
start block, one or more 1nter1m blocks and an end block of srgnal samples representmg audlo :
lnformatron generates first flltered s1gnals by applylng a ﬁrst ﬁlterbank to start blocks _
generates second filtered srgnals by applymg a second ﬁlterbank to mtenm blocks generates _
third filtered s1gnals by applymg a third filterbank to end blocks ‘where the leng1 hs of the ﬁrst
and second filterbanks are not equal and the lengths of the second and third ﬁlte1banks are not
equal, and generates an output signal by assemblmg the ﬁrst second and third filtered srgnals
into respective output signal frames. o |

Accordmg to the teachmgs of another aspect of the present mventlon a method or devrce
for signal processmg receives an mput sxgnal comprrsmg a sequence of frames that each contam

a start block, one or more 1nter1m blocks and an end block of srgnal samples representxng audro
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information, generates first filtered signal blocks by applying a first 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
filterbank 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
the first, second and third filtered signals into respective output signal frames.

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

According to the teéchings of a further aspect of the present invention, a method or .
device for signal processing receives an input signal comprising frames of first, second and third
filtered signal blocks, generates, for a respective frame, a start block of signal samples by
applying a first synthesis filterbank to the first filtered signal blocks, one or more interim blocks
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
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 various features of the present invention and 1ts preferred embodtments may be
better understood by referrrng to the followmg dxscussxon and the accompanymg drawmgs in

which like reference numerals refer to like elements in the several figures. The drawings which

nlllustrate var:ous devices show maj or components that are helpful in understandmg the present

' mventton. For the sake of clanty, these drawmgs omxt many other features that may be o

1mportant in practrcal embodlments but are not tmportant to understandmg the concepts of the
present mventron The srgnal processmg requlred to practlce the present invention may be '
accomplished in a wide vartety of ways including programs executed by mlcroprocessors |

digital signal processors logic arrays and other forms of computmg 'cncurtry Slgnal filters may

be accomphshed in essentlally any way mcludlng recurswe non- recursive and lattice dlgltal
filters. Digital and analoo technology may be used in various combmattons accordmg to needs '

- and characterlsttcs of the apphcatron

More partxcular mentlon is made of condltlons pertammg to processmg audro and v1deo
information streams however aspects of the present invention may be pract1ced in applications

that do not include the processmg of v1deo mformatmn The contents of the followmg

- discussion and the drawmos are set forth as examples only and should not be understood to

represent 11m1tatrons upon the scope of the present mventnon

BRIEF DESCRIPTION OF DRAWINGS
Figs. 1a and 1b are schematlc representatlons of v1deo and audlo mformatlon arranged in
blocks, frames and superframes ; R R

Flgs 2ato 2c are schematlc representatlons of overlappmg blocks modulated by wmdow

functlons and the resultmg gam proﬁle for frames comprzsmg the w1ndowed blocks

Flg 3 illustrates sngnal and ahasmg components generated by an ahasmg cancellatton
transform. '

Figs. 4a to 4c illustrate functional biock diagrams of devices that create, change and
rcspond to gain control words in an encoded information stream N

F1gs 5a and 5b tllustrate functional block diagrams of devices that apply alternate
filterbanks to suppress aliasing artifacts at frame boundaries. |

Figs. 6 to 6d are schematic representattons of window ﬁmctlons that may be used to

suppress aliasing artifacts at frame boundarxes

Fzg 7 illustrates frequency response charactenstlcs that result from usmg various -

window functlons at frame boundaries.
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Fig. 8 illustrates a fufictional block diagram of a device that applies alternate filterbanks
to increase the attenuation of spectral splatter at splices.

Figs. 9, 10a and 11a are schematic representations of several window functions that
pertain to the device of Fig. 8.

Figs. 10b and 11b 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. 132 and 13b illustrate functional block diagrams of devices that provide for dynamic
audio frame alignment to achieve synchronization with video superframes across a splice.

Fig. 14 is a schematic representatibn 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. 1a illustrates a stream of encoded audio information arranged in a sequence of audio
blocks 10 through 18, and video information arranged in a sequence of video frames such as
video frame 1. In some formats such as NTSC video, each video frame comprises two video
fields that collectively define a single picture or image. Audio blocks 11 through 17 are grouped
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
superframes. An arrangement of five encoded signal frames 21 through 25 grouped into
superframe 31 is illustrated in Fig. 1b. This particular arrangement may be used for applications
using NTSC video and 48 k sample/sec. PCM audio.

Processed Signal Blocks

A sequence of blocks of encoded audio information may represent overlapping intervals
of an audio signal. Some split-band perceptual coding systems, for example, process blocks of
audio samples that overlap one another by half the block length. Typically, the samples in these

overlapping blocks are modulated by an analysis window function.
This Sheet Has Been Rep
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Frg 2a 1llustrates the modulatlon envelopes 61 through 67 of an analys1s wmdow

ﬁmctlon applied to each blo i a sequence of overlappmg audlo blocks The length of the

overlap is equal to one half the block length “This overlap mterval is commonly used by some
signal analysrs-synthesrs systems such as the 0 TDAC transform mentroned above.

Frg 2b rllustrates the'resultlng modulatlon envelope ofa wmdow function apphed toa
sequence of overlapptng blocks for an encoded signal frame. As illustrated in Flg 2b, the net
effect or gain profile 81 of thxs,_modulat_xo_n is the sum of the modulation envelopes 71 through
77 for adjacent blocks in the overl_ap intervals. Preferably, the net effect across each overlap
should be unity gain. . _ |

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

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

- modulation is equivalent to the modulatron effects of the analysis window function alone. The

ideal gain proﬁle can be achieved by ensuring that the modulation envelope of the analysis

window function overlaps and adds toa constant

In systems that use analysrs and synthesrs w1ndow ﬁmctlons the net effect of all window -

"':nt to that ofa “product Wmdow functlon formed from a product

function modulation is equw '

of the analysis window ﬁmct1on and the synthesis window functlon In such systems, the ideal

gain profile can be achieved by having the modulanon envelope of the product window functlon _ |

addtoa constant in the overlap mterval

Throughout thrs dxsclosure some mention is made of codmg systems and methods that o |

~use both analy51s and synthesns window functlons In this context the gain profile resulting from

overlapped analysrs window functions will sometimes be said to equal a constant. Slmrlarly, the
gain proﬁle resulting from overlapped synthesrs window functions will sometimes be said to
equal a constant. It should be understood that such descriptions are intended to refer to the net
modulation effect of all windowing in the system.
Window Function
The shape of the analysis window function not only affects the gain profile of the signal
but it also affects the frequency response characteristic of a corresponding filterbank.

Spectral Splatter

As mentioned above, many perceptual split-band coding systems use filterbanks having

frequency response characteristics optimized for perceptual coding by increasing the attenuation
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of frequencies in the filter stopband in exchange for a broader filter 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
to render inaudible these spectral artifacts created at splice edits.

| | | IDAC Transform Aliasing Cancellation

With respect to the O-TDAC transform, the analysis window function, together with a
synthesis window function that is applied after application of the synthesis transform, must also
satisfy a number of constraints to allow cancellation of the time-domain aliasing artifacts.

The signal that is recovered from the synthesis transform can be conceptualized as a sum
of the original signal and the time-domain aliasing components generated by the analysis
transform. In Fig. 3, curves 91, 93 and 95 represent segments of the amplitude envelope of an
input signal as recovered from the inverse or synthesis transform and modulated by analysis and
synthesis window functions. Curves 92, 94 and 96 represent the time-domain aliasing
components as recovered from the inverse or synthesis transform and modulated by analysis and
synthesis window functions. As may be seen in the figure and will be explained below, the time-
domain aliasing components are reflected replicas of the original input signal as modulated by
the analysis and synthesis window functions.

The kernel functions of the analysis and synthesis O-TDAC transforms are designed to
generate time-domain aliasing components that are end-for-end reflections of the windowed

signal in each half of a block. As disclosed by Princen, et al., the O-TDAC transform generates

time-domain aliasing components in two different regions. In region 2, the time-domain aliasing

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

. For example, aliasing component 94a is an end-for-end windowed reflection of signal
component 93a. Aliasing component 92b is also an end-for-end windowed re.ﬂecti-on of signal
component 91b except that the amplitude of the feﬂected_ component is inverted.

By overlapping and adding adjaceﬁtf blocks, the original signal is recovered and the
aliasing components are cancelled. For example, signal components 91b and 93a are added to
recover the signal without Window_function__ modulation effects, and aliasing components 92b

and 94a are added to cancel aliasing. Similarly, signal components 93b and 95a are added to

recover the signal and aliasing components 94b and 96a are added to cancel aliasing,
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Time-domain aliasing artifacts on either srde ofa sphce boundary wrll ge-nerally not be
cancelled because the aliasing artifacts in the ha]f block of sy |

1mmed1ately precedmg the sphce will not be the i inverse of the. ahasmg artrfacts '1n the half-block

of synthesized audro block immediately after the splice.

Similar considerations apply to other aliasing cancellatron ﬁlterbanks such as one
described in Princen and Bradley, "Analysxs/Synthesrs Fllter Bank Desrgn Based on Txme '
Domain Aliasing Cancellatxon IEEE Traris. on Acoust Speech Slgnal Proc 'vol. ASSP-34
1986, pp. 1153-1161. This ﬁlterbank system is the time-domain equivalent of an evenly-stacked

critically sampled smgle-s1deband analysrs-synthe51s system and is referred to herern as Evenly- '

Stacked Trme—Domaln Allasmg Cancellatlon (E-TDAC)

Gam Control to Attenuate Artlfacts at Sphces -

A technique that may be used to reduce the audlblllt}’ of artrfacts created by a spllce is to

incorporate into an encoded audlo srgnal a pluralrty of gam control words that'i mstruct a decoder |

or playback system to alter the amphtude of the playback srgnal Srmple embodlments of
devxces that use these gam-control words are discussed in the followmg paragraphs

Fig. 4a illustrates a functxonal block dragram of device 100 in Which format 111 _
generates along path 112 an output signal arranged in frames comprrsmg vrdeo tnformatlon
encoded audio information representmg multxple audro channels and gam—control words

Format 111 generates the output srgnal in response to a srgnal recelved from path 108 that is

arranged in frames conveying vxdeo mformatxon and encoded audro mformatron for the multtple |

audio channels, and in response foa sxgnal received from path 1 10 that conveys gam-control

'_ words. Process 109 receives multrple control sxgnals from paths 103a and 103b each assocxated

with one of the multxple audro channels and in response to each control srgnal generates along
path 110 a pair of gain-control words for an associated audio channel that represent a stamng |
gain and an ending gain within a respectxve frame. Only two control 51gnals 103 andtwo
associated audio channels 102 are shown in the ﬁgure for the sake of clarxty Thrs gam-control
technique may be applied to more that two channels 1f desnred |

~ In the embodiment shown encode 105 generates along paths 106a and 106b encoded
audio information for multlple audio channels in response to multlple audio channel srgnals
received from paths 102a and 102b, and frame 107 generates the srgnal along 108 by arrangmg

in frames video information received from path 101 and the encoded audio mforma’non received
from paths 106a and 106b.
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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 1035 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
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
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
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
representing an interpolation of the pair of gain-control words. The interpolation may follow any
desired trajectory such as linear, quadratic, logarithmic or exponential. With linear interpolation,
for example, a gain control signal would represent a gain that changes linearly across a
particular frame. y :

'Decoding may be applied to each audio channel independently or it may be applied
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
the synthesis filterbank prior to synthesis windowing, or by modifying the audio information -
obtained from the application of the synthesis window function. _

Fig. 4b illustrates a functional block diagram of device 120 that modifies existing gain-

control words in a signal. Deformat 123 receives from path 121 an input signal ax:ragged_ in
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frames compnsmg vxdeo mformat1on encoded audro 1nformatron representmg multxple audlo

channels, and input gam-control words. Deformat 123 obtams from the input signal orie or more -

input gam-control words assocrated thh the encoded audlo mformatlon for one of the multlple

audio channels and passes the 1nput gam control words along paths 124a and 124b ‘Process 126

. generates one or more output gam—control words along path 127 by modlfymg one or more input

gain-control words i in response to a control stgnal recelved from path 122 ‘Format 128 generates
along path 129 an output srgnal that is arranged in frames mcludmg the video 1nformatlon the
encoded audio information for the multxple audio channels, the output gain control words and
the input gam-control words that do not correspond to the output gam-control words.

“Inan edmng apphcat1on control 31gnal 122 mdlcates a spllce in mput v 1gnal 121. In i

response, process 126 generates one or more output gain- control words that will cause a device .

~ such as device 140 to attenuate a playback signal xmmedlatelv pnor to the spllce and to reverse

the attenuatron 1mmed1ately after the splrce The change in gam may extend across several

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

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

products produced by the gain change with the audibility of the gam change itself. The gain-

control word technique is not hmxted to edrtmg apphcattons S ' T
Filterbanks to Suppress Aliasing at Frame Boundaries -

In coding systems using a form of aliasing cancellation such as that provided by one of
the TDAC transforms, splice edits prevent aliasing artifacts from being cancelled on each side of
the splice for reasons that are discussed above. These uncancelled aliasing artifacts may be
avoided by applying alternate filterbanks to the audio blocks at the start and end of each frame.
Referring to frame 21 shown Fig la, for example a ﬁrst fi Iterbank is applied to block 11,a -

second ﬁlterbank is applled to blocks 12 through 16, and a thxrd ﬁlterbank is apphed to block

17. The charactenstncs of these ﬁlterbanks is such that the audlo recovered from each frame -
contains substantially no uncancelled ahasmg artifacts. - © . < :

Referrmg to Fi ig. 5a devrce 200 compnses buffer 202 that recetves blocks of audto
mformatton and generates along path 203 a control srgnal 1nd1cat1ng whether an audio block ls
the first or start block i m a frame the fast or end block m the frame or an ‘interim block in the
frame. In response to the control s1gnal recerved from path 203 swrtch 204 directs the first of -
start block in each frame to ﬁrst ﬁlterbank 205, d1rects all mtenm blocks in each frame to R
second filterbank 206, and drrects the last or end block i in each frame to thlrd ﬁltem___xl_kgﬂ_

\\ll\l\\ \lll\\ I \ll\
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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. 5b illustrates device 220 in whxch deformat 222 receives an input signal from path
221, obtains therefrom encoded audio information that is passed along path 224, and generates a
control signal along path 223 indicating whether the encoded audio information is the first or
start block in a frame, the last or end block in the frame, or an interim block in the frame. In
response to the control signal received from path 223, switch 225 directs encoded audio
information to one of three synthesis filterbanks. Switch 225 directs encoded audio infdrmation
for the first block to first synthesis filterbank 226, encoded audio information for interim blocks
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
modified DCT and an N-point analysis window function according to the O-TDAC transform as
disclosed in Princen, et al., cited above. In a complementary decoder, the second filterbank is
implemented by an N-point modified inverse DCT and an N-point synthesis window function
according to the O-TDAC transform. The forward and inverse O-TDAC transforms are shown

in expressions 1 and 2, respectively:

_M-l . I—Z” __1_ m_-l-l oo
X(k)-—nz:zox(n)coslj—d— (k - 2)(72+ 5 H forO<sk<M 1
e A0 ) [V

where k= frequency index,

n = signal sample number,

M = sample block length,

m = phase term for O-TDAC,

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

X(k) = transform coefficient k.
The second filterbanks are of length M = N and create two regions of aliasing reflection with a
boundary between the two regions at the mid-point of a block, as shown in Fig. 3. The TDAC

phase term required to create these two regions ism =N/ 2.
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In a preferred embod:ment the analysrs and synthesrs wmdow i‘unctlons are denved

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

- curve 242 in Flg 6a For ease of drscussmn these wmdow functrons are referred 10 as Wz(n)

Frrst Ftlterbank

In this same embodxment the ﬁrst ﬁlterbanks in the 'enco er and complementary decoder -

d 1 form of wmdow function -

Wz(n) The forward and i mverse transforms are shown m expres _ns:I and 2, respectlvely The '
first ﬁlterbanks are of lengthM 3N / 2 and create a smgle reglon 1 of ahasrng reﬂectlon o
'"m the block In effect,”

reflection regron 2i 1s 5 of length zero and the boundary between the two regron., is at the leadrng

Alxasrng amfacts are an mverted end-to-end reﬂectlon of the sr

' edge or right-hand. edge of the block The TDAC phase term requrred to create thlS srngle reglon '
The analysis and 'synt_h_e'si;s window functions W, () for the first filterbank are identical. -

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

portions. The ﬁr'stj and second portions designated as s'egments"'l and 2, are identlcal to window
function W(x) descnbed above and shown in Frg 6a. The thlrd portlon desxgnated as segment
3,is equal to zefo, ' ' '

" This ﬁrst analy51s window functron Wl(n) ensures that the s:gnal in segment 3 is zero. As

a result, the aliasing artifacts that are reflected from segment 3 mto segment 1 are also zero. The

ahasmg artifacts that are reﬂected from segment 1 into segment 3 will not generally be zero;

however, any artifacts that are reflected into segment 3 will be elxmmated when the first -

synthesrs window function Wl(n) is apphed to the synthes:zed audro block As a result ahasmg .

artifacts exist only in segment 2. | _
Third Filterbank :

In this same embodlment the third filterbank in the encoder and complementary decoder
are rmplemented by the modified DCT shown above and a modlﬁed form of window function
Wz(n) The forward transform and inverse transforms are shown in expressrons 1and 2, '
respectively. The third ﬁlterbanks are of lengthM = 3N/ 2 and create a smgle regton 2 of
aliasing reflection. Aliasing artifacts are an end-to-end reﬂect1on of the signal in the block. In
effect, reflection region 1 is of length zero and the boundary between the two regions is at the

trailing edge or left-hand edge of the block. The TDAC phase term requlred to create thlS single

region is m=3N/ 2.
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The analysis and synthesis window functions Ws(n) for the third filterbank are identical.
The shape of one suitable window function is illustrated by curve 243 in Fig, 6c. It is composed
of three portions. The first portion, designated as segment 1, is zero. The second and third
portions, designated as segments 2 and 3, are identical to window function Wx(x) described
above and shown in Fig. 6a.

This third an_alysi; window function W3(7) ensures that the signal in segment 1 is zero.
As a result, the aliasing artifacts that are reflected from segment 1 into segment 3 are also zero.
The aliasing artifacts that are reflected from segment 3 into segment 1 will not generally be
zero; however, any artifacts that are reflected into segment 1 will be eliminated when the third
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 Wy(n), W(n) and Ws(n) 241 through 243
overlap with one another. Gain profile 240 represents the net effect of end-to-end windowing
which, for TDAC, is a sequence of overlapping product window functions formed from the
product of corresponding analysis and synthesis window functions. The aliasing artifacts in
segment 2 of block 11 weighted by analysis-synthesis window functions W,(n) are cancelled by

the aliasing artifacts in the first half of block 12 weighted by analysis-synthesis window

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

window functions W3(n) are cancelled by the aliasing artifacts in the last half of block 16
weighted by analysis-synthesis window functions W,(n). Signal recovery and aliasing
cancellation in interim block pairs such as blocks 12 and 13 or blocks 15 and 16 is accomplished
according to conventional TDAC.

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

Derivation of Window Functions

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

used in a preferred embodiment is the Kaiser-Bessel window function:

n Y. .
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" where o= Kaxser-Bessel wmdow functlon alpha factOr o

n=window sample number AT SR

'N wrndow length rn number of samples and

Io[x] Z(xﬁ)— T L F T o

The derivation generates an analy51s-synthe51s productwmdow functlon W) by

convolvmg the Karser-Bessel wmdow ﬁmctron Wm(n) wrth a rectangular wmdow ﬁmctxon s(k) '

havxng a length equal to the block length N minus the overlap mterval v; or:

z.s' (k)WKB (n - k)

WP(n)=£2 forO<n<N

I

Thrs may be srmphﬁed to; T P ST R

v—l o

> Wm(n k)

WP(n)= 2=t for0<n<N

SHalk)

k=0

where n= product—wmdow sample number _
' 'v number of samples wrthm wmdow overlap mterval
N= desrred length of the product-wmdow
.' WKB(n) basrs wm_dow func_t_lon o_f l_en_gth vﬂ, _
" WP(n) = derived product-window of length N, and
1 for0$k<N v '
8= [0 otherwise. o
For the O-TDAC transform, the overlap mterval v= N / 2 and the analysr window

function and synthes1s wmdow ﬁmctlons are 1dent1cal therefore either wmdow functron may be

Has Been Replaced o
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_ The analysis and synthesis window functions that are derrved in thrs manner are referred 0.

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

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
that is optimized for perceptual coding is shown by curve 342 in Fig, 7. This curve represents
the frequency response of the frame gain profile of a O-TDAC analysis-synthesis system using
KBD window functions with o = 6 and having a frame overlap interval equal to 256 samples.
Although the boundary between passband and stopband is not sharply defined, in this example
the passband covers fi'equencies up to about 200 Hz and the stopband covers frequencies above
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,
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
usually audible because they are usually too large to be masked by the signal.

Curve 341 and curve 343 in Fig. 7 illustrate the frequency responses of two other
analysis-synthesis systems that provides significantly less attenuation in the stopband but

provides more attenuation in a range of frequencies affected by the spectral splatter created at
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sphces Some performance in perceptual codmg is sacrlﬁced to mcrease attenuatton of the
spectral splatter Preferably, the frequency response optlmrzes the attenuatron of spectral energy

within a range of frequencres 1nclud1ng 200 Hz and 600 Hz fora system that ﬁlters 256-sample

| blocks or frequencxes of about 50 000 and 150 000, each drvxded by the block length

Sometrmes a comprormse can be reached satrsfymg ﬁequency response requxrements for

'_both general codmg and for crossfadmg frames at splrces In apphcatrons where such a

compromrse cannot be achleved a sphce is detected and the frequency response of the analysns-

" synthesis system is changed Thrs change must be accomphshed m conjunction w1th synthesrs

filtering because the analy51s ﬁlterbank cannot generally antncrpate sphcmg operatlons
Fig. 8 illustrates devrce 320 that may be used to reduce spectral splatter at a spllce by

altering the end-to—end frequency response ‘of an analysxs synthesrs system In thrs devrce

| deformat 322 recerves an mput srgnal from path 321 obtams therefrom encoded audio -

information that is passed along path 324, ‘and generates a control si gnal along path 323"
indicating whether a splice occurs at either the start of the end of a frame The occurrence ofa
splice may be expressly conveyed in the mput srgnal orit may be mferred from other -
information conveyed in the signal. SRR ' '

For example, according to the AES- 3/EBU standard successive blocks of audio”

mformatron contain block numbers that mcrement from zero to 255 and then wrap around to

_zero Two adjacent block numbers that are not sequentral could mdlcate a splrce however this

test is not rehable because some ‘devices which process | the AES/EBU data stream do not - - '

increment this number. If the audio stream is encoded the encodmg scheme may provide
sequenttal numbermg or some other form of predrctable mformatlon If the mformatlon does ot
conform to what is expected a srgnal can be generated to 1nd1cate the presence of a ‘splice. ™

In response to the control srgnal recelved from path 323, swrtch 325 directs encoded
audio information to one of three synthesrs ﬁlterbanks Sw1tch 325 directs encoded audio"
information for the first block in a frame followmg a sphce to ﬁrst synthesrs filterbank 326,

encoded audio information for the last block in a frame precedmg a splice to third synthesrs o

.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 dlscussed above in connection with Fig. 5b. Buffer -

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

received from the three synthesrs ﬁlterbanks
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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 coding performance with the second'synthesis
filterbank. The first and third synthesis filterbanks may be implemented in essentially any
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.

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

The effective change in gain profiles can be linear. Curve 343 in Fig. 7 illustrates the
frequency response characteristics of a linearly tapered frame gain profile of about 5 msec. in
duration. At a sample rate of 48 k samples per second, this interval corres“p.onds to about 256
samples. In many coding applications, transforms are applied to sample blocks having 256
samples; therefore, in these particular applications, a ramp or linearly tapefed gain profile of 256
samples extends across an “end” block at the frame boundary and across part of an adjacent
block that overlaps this end block. This is equivalent to applying one filterbank to the end block,
applying another filterbank to the immediately adjacent block, and yet another filterbank to
other blocks in the interior of the frame. Referring to device 320 illustrated in Fig. 8, two
additional synthesis filterbanks would be required to process the blocks adjacent to and

overlapping the “end” blocks. T e
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The frequency response of this :finearly-tapered ramp represents a reference response
against which other frequency responses may be evaluated. Generally, filterbanks that optimize
the attenuatron of spectral energy with respect to this reference response are effectlve in
reducing the spectral splatter that is created at splices.

Modified Synthesrs Window Function

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

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

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:

WPq() = WA(ri) WSe(n) | (5a)
WPi(n) = WAl(n) WSl(n) ' (5b)
where WAs(n) analysis KBD window ﬁmctron w:th o= 6 ' : R

WSs(n) = synthesrs KBD wmdow functron wnth a= 6

o "WPs(n) KBD product wmdow functron w1th Ol_ 6

WAl(n) analysrs KBD wurdow funeu.on!thh (.1..— l o
WS\(n) = synthesis KBD window function with a = 1, and
WP, () = KBD product window function with o = 1.

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

WPi(n) = WAe(n) WX(n) (5¢)

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

T
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This can be written as:
WE (n)
WX(n)=—1= 5d
(n W4, (n) (5d)

The actual shape of window function WX is somewhat more complicated than what is
shown in expression 5d if the splice-overlap interval extends to a neighboring audio block that
overlaps the “end” block in the frame. This will be discussed more fully below. In any case,
expression 5d accurately represents what is required of window function WX in that portion of
the end block which does not overlap any other block in the frame. For systems using O-TDAC,
that portion is equal to half the block length, orfor0 <n<N/2

If the synthesis window function WX is used to convert the end-to-end frequency
response from a higher alpha profile to a lower alpha profile, it must have very large values near
the frame boundary. An example is shown in Fig. 9 in which curve 351 illustrates aKBD
analysis or synthesis window function with o = 1, curve 352 illustrates a KBD product window
with & = 1, curve 356 illustrates a KBD analysis or synthesis window function with o. = 6, and
curve 359 illustrates a synthesis window function according to expression 5d. As curve 356

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.
Discarding Samples

The first technique for modifying a synthesis window function avoids large increases in
window function WX by discarding some number of samples at the frame boundary where the
analysis window function has the smallest values. By varying the number of samples discarded,
the bandwidth required to convey samples in the frame overlap interval can be traded off against
the decrease in system coding performance caused by poor frequency response characteristics in
the decoder.

For example, if the synthesis window functions for the first three blocks in a frame is
modified to achieve a desired frequency response corresponding to product window function
WP, and the window function used for signal analysis is WAs, then the required modified

synthesis window functions are as follows: R
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0 . for0sn<x
WX1(n) =1 % forxSn<-1;—, o (6a)
6 : .
WP, (n—x) WA;(n) 'for-]-;,—sn<N
W(n—x+—]Y—)WA6(n) forOSn<—A—r+x
WX2(n) = 2 N (6b)
WA, (n) for'?—-l-'x <n<N
N WP (n-x+N)WAs(n) for0<n<x
WXS(n)-{ WA (n) forx<sn<N (€e)

where WX1(n) = modified synthesis window function for the first block,
_ _WXZ(n) = modified syn_t_hesis window function for the second blo-ck, _

WXB(n) = ﬁodiﬂed syﬁthesis_window function for the third Block, and

x = number of samples discarded at the frame boundary.

Fig. 10a illustrates, for several values of x, the shape of the modified synthesis window
function required to convert a 256-point 0-TDAC analysis-synthesis system using a KBD a =6
analysis window function into an analysis-synthesis system that has a frequency response
equivalent to that of a system using KBD o = 1 analysis and synthesis window functions with a
frame overlap interval equal to 256 samples. Curves 361, 362, 363 and 364 are the modified
synthesis window functions for x = 8, 16, 24 and 32 samples, respectively. .

_ The frequency responses of synthesis filterbanks using these modified window functions
is shown in Fig. 10b. Curves 372, 373 and 374 are the frequency responses for x = 8, 16 and 24
samples, respectively. Curve 371 is the frequency response of a synthesis filterbank using a -
KBD window function with o. = 1. As may be seen from this figure, a modified synthesis
window function with x = 16 attenuates frequencies above about 200 Hz to about the same
extent as that achieved by a synthesis filterbank using KBD window functions witha. = 1. In
other words, a synthesis ﬁltefbank that discards x = 16 samples, when used in conjunction with
an analysis filterbank and an o. = 6 analysis window function, is able to achieve an end-to-end
analysis-synthesis system frequency response that is equivalent to the end-to-end frequency

response of a system that uses o = 1 analysis and synthesis window functions and, at the same

ot Has Been Replaced

i




10

15

20

25

WO 9921185 ’s o PCT/US98/20751

time, provide a synthesis filtérbank frequency response that att&hibiates frequencies above about
200 Hz nearly as much as a synthesis filterbank using an o. = 1 synthesis window function.

Systems which use KBD window functions with lower values of alpha for normal
coding will generally require a smaller modification to the synthesis window function and fewer
samples to be discarded at the end of the frame. The modified synthesis window functions
required at the end of a frame are similar to the window functions shown in expressions 6a
through 6c except with a time reversal. _

Modulating the Frame Gain Profile

The second technique for modifying a synthesis window function avoids large increases
in window function WX by allowing the frame gain profile to deviate slightly from the ideal
level immediately on either side of a splice. By varying the deviation in the gain profile, the
audibility of the deviation can be traded off against the audibility of spectral splatter.

This technique smoothes the modified synthesis window function so that it has small
values at or near the frame boundary. When done properly, the resulting synthesis window
function will have an acceptable frequency response and the frame gain profile will deviate from
the ideal KBD product window function at or near the frame boundary where the gain is
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
be modified to achieve a desired frequency response, the modified synthesis window functions
WX required for the second and third blocks are generally the same as shown above in
expressions 6b and 6c, for x = 0. The modified synthesis window function WX1 shown above in
expression 6a is smoothed by multiplying it point-by-point with a smoothing window function
over the first half of the smoothing window function’s length. The resultant modified synthesis
window function for the first block is:

(WP, (n)WM ()

Jfor0<n< d
WA, (n) | . | |
Wl(n) = :Vljl—((-’-:;); fOI' -g— Sn< —]22 _ (7)
WP, (n) WA,(n)  for -1;'—, <n<N

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

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

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

The frequency response for an analysrs-synthesrs system usmg the smoothed modified
window function is shown in Frg llb Curve 391 represents the frequency response that results
from using the smoothed modified wmdow_functron. Curve 341 represents the frequency
response of an analysis-synthesis system using KBD window functions with o = 1, and curve -
393 represents an envelope of the peaks for the frequency response that results from using
linearly-tapered frame crossfade window functions of about 5 msec. in duration, discussed
above and illustrated as curve 343. As may be seen from this figure, a smoothed modified
synthesis window function achieves a_'frequency response that is similar to the frequency
response achieved by an analysls— synthésis system using KBD window functions with o = 1.

Hybrrd Analysrs Synthesrs Wmdow Functron Modlﬂcatlon

In the techniques drscussed 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
frequency response for blocks at frame boundaries and use another filterbank for 1nter10r blocks

The filterbanks used for blocks at the frame boundartes could be desxgned to reduce the amount

of modification requrred in the synthesrs process to achreve a sufﬁcrent attenuatron of spectral

splatter at splrces

Data Synchromzatlon _ R
In applications that process both video and audio mformatlon the vrdeo frame length
generally is not equal to the audio block length. For the standards shown in Tables III and IV,

video frames and audio blocks are rarely synchronized. Stated differently, an edit of video/audio

“information on a video frame boundary is probably not on an audio block boundary. As a result,

in block coding systems, the audro 1nformatron represented by the remammg partral block

cannot be properly recovered. Two techmques that may be used to solve thrs problem are

discussed below.
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Audio Sample Rate Conversiéti

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

that overlap one another by 128 samples.

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

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

Video and Audio Rates
Table V

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

audio frame length is 1920 samples. In these examples, the internal audio frame length is not
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equal to the video frame length. This'clisparity 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 interval. In many

applications, the frame overlap interval is equal to 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 beginnlng of
the next frame. This is equal to the internal audio frame length less the number of samples in the
frame overlap interval.

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 1024 (896 + 128) samples, which may be arranged into 7 blocks of 256 samples

that overlap one another by 128 sample For lower video frame rates, each internal audio frame

 includes 1920 (1792 + 128) samples which may be’ arranged into 14 blocks of 256 samples that

overlap one another by 128 samples.

If filterbanks are used which do not generate aliasing artifacts at frame boundaries, the

B _'ﬁ'ame overlap mterval is preferably mcreased to 256 samples whxch increases the internal frame
o length to 1152 (896 + 256) for v1deo frame rates above 30 Hz and to 2048 (1792 + 256) for -

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

Ry =video frame rate,

L, = internal audio frame length, and

Lo = frame 'overlapfinterval.

Fig. 12a illustrates a functional block diagram of device 400 in which convert 403
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
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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 information and
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 sample rate that is passed to convert
416. Convert 416 converts the internal signal into an output signal having an external sample
rate.

Essentially any technique for sample rate conversion may be used. Various
considerations and implementations for sample rate conversion are disclosed in Adams and
Kwan, “Theory and VLSI Architectures for Asynchronous Sample Rate Converters,” J. of
Audio Engr. Soc., July 1993, vol. 41, no. 7/8, pp. 539-553.

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
the internal audio frame length and the number of samples that exactly span a video frame. This
may be expressed as
Lo=L4-Ly 9)
where Lp= video frame length expressed in numbers of audio samples.

Unfortunately, as shown above in Table V, this technique is more complicated for those
applications that process NTSC video because the NTSC video frame rate is not an integer
multiple of the audio sample rate. As a result, the NTSC frame length is not equal to an integer
number of audio samples. As shown in Table IV, five frames of NTSC video are required to
synchronize with 8008 samples of audio at 48 k samples per second. A group of five frames is
referred to herein as a superframe.

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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represented by the blocks beloWing the splice unless they conform to the superframe alignment

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

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

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

" The starting sample in frame 0 is assumed to be exactly synchromzed w1th a ‘frame boundary of
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in which a pair of 801-sample blocks are substltuted for each 1602 block and a 801/800-sample

block pair is substituted for each 1601 block The discussion below is directed toward a solution
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for applications that process 29.97 Hz video frames. These concepts may be applied to other
video frame rates. - - ' ' o ' i
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

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

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

425, and the frame labels are passed along path 424. Format 426 receives frames of video

information from path 421 and assembles this video information, the frames of encoded audio
information and corresponding labels into an output signal that is passed along path 427.

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

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

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

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

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

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

" internal audio frame length may be greater due to a frame overlap interval. One convenient
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internal audio frame length is 1792 samples. The frame gain pofile is determined according to a
video frame length of 1603, For the example just mentioned, the frame overlap interval is 189
(1792 — 1603) samples

Device 430 assumes any desired superframe alignment and dynamically alters the
alignment of each audio frame so that proper synchronization is achieved with the video
information. The alignment is altered by dynamically selecting the starting sample and length
for each frame. As described above, the length varies between 1601 and 1602 samples according
to the 5-frame pattern in a superframe. The effect of this dynamic alignment is to immediately
achieve proper alignment following a splice that preserves synchronization with the
accompanying video information.

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

K=(Fg—Fp)modulo 5 (10)
where K = alignment table access key,

Fg = encoder frame label, and

Fp = decoder frame label.

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

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

from Table VI using X as an access key to the table.
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Access Encode Start Video “Access  Encode Start Video
Key Frame Sample Frame Key Frame Sample Frame
Label _ Length Label Length
0 0 1 1602 1 0 1 1602
0 1 1. 1601 1 1 1 1602
0 2 1 1602 1 2 2 1602
0 3 1 1601 1 3 1 1602
0 4 1 1602 1 4 2 1602
2 0 1 1601 3 0 1 1602
2 1 0 1601 3 1 1 1601
2 2 1 1602 3 2 1 1602
2 3 1 1601 3 3 1 1602
2 4 1 1602 3 4 2 1602
4 0 1 1601
4 1 0 1601
4 2 1 1601
4 3 0 1601
4 4 1 1602 Dynamic Audio Frame Alignment
Table VI

An example of dynamic alignment is illustrated in Fig. 14. In this example, a superframe

begins with frame 453 and is interrupted by a splice following frame 455. The last frame 456 in

a superframe follows the splice, with a new superframe beginning with frame 457. The ideal

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

This results in frame 453 starting at sample number one, exactly synchronized with the first

frame of the superframe. The alignment of frames 454 and 455 agree with the ideal alignment.

Immediately after the splice, the alignment of frame 456 zigrees'with the ideal aligmhent.
Frame 457 starts at sample number one, exactly synchronized with the start of the next

superframe. The length of frame 457 is one sample less than the ideal length, however, so frame
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458 starts one sample early afid has a length one sample greater than 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
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
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

. Hllllll Illllllllll i llll

receiving an mput s1gnal compnsmg a sequence of frames a respectlve mput

" 1. A method for signal processing comprising:

signal frame compnsmg a start block of 51gnal samples, one or more interim blocks of

s1gnal samples and an end block of sxgnal samples sald blocks of s1gnal samples

© representing audio information,

generatmg, in response to a respective input signal frame, first filtered signals
by applymg a ﬁrst ﬁlterbank to sa1d start block of mgnal samples second filtered -
signals by applymg a second ﬁlterbank to sald one or more 1nter1m blocks of s1gnal .
'samples and thll‘d ﬁltered s1gnals by applymg a third ﬁlterbank to said end block of
signal samples, wherein said first, second and third ﬁlterbanks 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 sultable 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 51gna1 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

_ s1gna1 frame comprlsmg a start block of s1gnal samples one or more interim blocks of .

| signal samples and an end block of s1gnal samples sald blocks of signal samples

representing audio 1nformat10n

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 2 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 samplé blocksina .

respective input signal frame overlap one another by N/2 samples,

said first filterbank is of length 3N/2 and has aliasing characteristics such that,
in response to said first filtered signals, a complementary first synthesis filterbank
generates a recovered start block of signal samples having aliasing components in a
middle N/2 samples and having no aliasing components in a first N/2 samples,

said second filterbank is of length & and has aliasing characteristics such that,
in response to said second filtered signals, a complementary second synthesis
filterbank generates one or more recovered interim blocks of signal samples each
having aliasing components, and

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 of length N/2 samples and a second portion of length N/2 samples
that is substantially not equal to zero, and

H!ﬂ'lf!ﬂl]mmmmm
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said third ﬁlterb_ahk is implemented by a third transform and a third analysis
window function of length 3NI2 séinples; wherein sa1dth1rd window function has a
first portion of length 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.

5 A met_hod_acéordiigé _'_cb_ dpé\im: 4 w_herein_ the ﬁrst and second pdﬁioxis_ of said first
analysis window function have been derived from a Kaiser-Bessel window function, said
second analysis window functlon has been derived from said Kaiser-Bessel window fuinction,
and the second and third portlons of said third analysis wmdow function have been derived

from said Kaiser-Bessel window function.

6. A method for s1gnal processmg comprlsmg

receiving an mput 51gnal comprising a sequence of frames, a respectlve input -
signal frame compnsmg first filtered signals, second filtered signals and third filtered
signals, _ _
| generatmg, in responise to a respectlve input signal frame a statt block of
s1gnal samples by applymg a first synthesis filterbank to said first filtered signals, one
or more interim blocks of signal samples by applymg a second synthesis filterbank to
said second ﬁ]tered signals, and an end block of signal samples by applying a third
synthe51s filterbank to said third filtered si ignals, wherein said ﬁrst second and third
synthes1s filterbanks each have a respectwe length, the respective lengths of said first
and second synthesis filterbanks being unequal and the respective Iengths of said
second and third synthesns filterbanks being unequal, and : _

generating a sequence of output signal frames a respectlve output signal frame
comprlsmg a pluralxty of s1gnal sample blocks wherem a respective frame comprlses
said start block, said one or more interim blocks and said end block, wherein said

signal sample blocks represents audio information.”

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

L LI

signal blocks and a third filtered signal block,

e

cet Has Been Replace

il lIIIl i |I|




10

15

20

25

30

WO 99/21185 - PCT/US98/20751
-37-

generating, in response to a respective input signal frame, a start block of
signal samples by applying a first synthesis filterbank 10 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

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 ina

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

said first synthesis filterbank is of length 3N/2 generates said start block of
signal samples having aliasing components in a middle N/2 samples and having no
aliasing components in a first N/2 samples,

said second synthesis filterbank is of length &V and generates said one or more
interim blocks of signal samples each having aliasing components, and

said third synthesis filterbank is of length 3MV/2 and generates said end block of
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

iy u@ﬁwﬂj I
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said second Synthesis ﬁlterbank is implemented by a second transform and a
second synthesis window functlon of length N samples wherem satd second wmdow
function has a first portion of length NP2 samples and a sécond pO!‘thIl of length N/2

~ samples that is substanttally not equal to zero and

said third synthes1s ﬁlterbank is nnplemented by a third transform and a thl!'d |

| synthes1s w1ndow functton of length 3N/2 samples Wherem said tlurd wmdow
function has a ﬁrst portlon of length N/2 that IS substantlally equal to zero and a
second portion of length N/2 and a third pOl'thI‘l of length N2 that are substantlally

 not equal to zero

10. A method according to claim 9 wherein the first and second portions of said first
synthes1s window functlon have been derlved from a Kalser-Bessel w1ndow function, said
second synthesis window ﬁmctlon has been denved from sald Kalser-Bessel window
function, and the second and third port1ons of said third synthesns wmdow ﬁmctlon have been

derived from said Kaiser-Bessel wmdow ﬁmctlon :

11. A device for signal processing compnsmg _
means for receiving an input signal comprxsmg a sequence of frames a
respective input signal frame compnsmg a start block of s:gnal samples, one or more
interim blocks of 51gnal samples and an end block of 51gnal samples satd blocks of -
signal samples representing audio mformatnon R R I E
| means for generating, in response to a respective 1nput signal frame first
filtered signals by applying a first filterbank to said start block of signal samples,
second filtered signals by applying a second filterbank to said one or more interim
blocks of signal samples, and third filtered signals by applying a third filterbank to |
‘said end block of signal samples, wherein said first, second and third filterbanks each
have a respective length the respecttve lengths of satd ﬂrst and second ﬁlterbanks o
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

B e \\\\\\\\\\\\\\\\\\\\\\\\\\\\
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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, o o

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, 2 complementary second synthesis
filterbank generates one or more recovered interim blocks of srgnal samples each
having aliasing components, and- T R

said third filterbank is of length 372 and’ has ahasmg charactenstlcs such that,
in response to said thrrd ﬁltered srgnals a complementary thtrd synthesxs ﬁlterbank
generates a recovered end block of s1gnal samples havmg ahasmg components ina

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

14. A device accordrng to cla1m 13 wherem SR
said first filterbank is implemented by a first transform and a first analyszs
~window function of length 3N/2 samples wherein said ﬁrst window ﬁmctlon has a
first portion of length NP2 and a second portion of length N/2 that are substantlally not
equal to zero, and a third portion of length N/2 that is substantlally equal to zero,
said second ﬁlterbank is 1mplemented by a second transform and a second E
: analySIS window functlon of length N samples wherem saxd second w1ndow ﬁ.mctxon
' has a first portion of length N/2 samples and a second portlon of length N2 samples
that is substantially not equal to zero, and
said third filterbank is implemented by a third transform and a third analysis
window function of length 3N/2 samples_, =v_vhc_:rt':in said thrrd wmdow function has a
.ﬁrst portion of lérigth N/2 that is substantially equal to zero, and a second portion of

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

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

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

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

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

TG "

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 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 of signal samples by
applying a third synthesis filterbank to said third filtered signals, wherein 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

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 accordmg to clarm 16 or 17 wherem sard srgnal sarnple blocks ina

respective output signal frame overlap one another by N2 samples .

said first synthesis ﬁlterbank is of length INI2 generates said start block of

signal samples havmg ahasxng components in a middle N/2 samples and having no

aliasing components in a first N/2 samples,

said second synthesrs filterbank is of length N and generates saxd one or more

interim blocks of srgnal samples each havxng ahasmg components and -

said third synthesxs filterbank is of length 3N/2 and generates said end block of

signal samples having ahasmg components in a middle N/2 samples and havmg no

aliasing components in a last N/2 samples.

19. A device accordmsz to claim 18 wherein =

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

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

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 synthesis filterbank is implemented by a second transform and a

second synthesis window function of length NV samples, wherein said second window

function has a first portion of length N/2 samples and a second portion of length N/2

samples that is substantially not equal to zero, and

said third synthesrs filterbank is 1mplemented by a third transform and a third

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

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

second pOI’thl‘l of length N/2 and a third portion of length N/2 that are substantlally

not equal to zero.

20. A device according to claim 19 wherein the first and second portions of said first

synthesis window function have been derived from a Kaiser-Bessel window function, said

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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