
EP0524264B1 Description Technical Field 5       The invention relates in
general to high-quality low bit-rate digital transform coding and decoding
of infor- mation corresponding to audio signals such as music or voice
signals. More particularly, the invention relates to signal
analysis/synthesis in coding and decoding. The invention can optimize the
trade off in transform cod- ers between time resolution and frequency
resolution by adaptively selecting the transform block length for each
sampled audio segment, and/or can optimize coding gain by adaptively
selecting the transform and/or 10  by adaptively selecting the analysis
window or the analysis/synthesis window pair. The invention applies to all
discrete orthogonal transforms. Transform orthogonality assures that exact
signal reconstruction can be achieved by the forward/inverse transform
pair. Hence for orthogonal transforms, this invention permits adaptive
selection of the block length and/or adaptive selection of the transform
without loss of information, i.e., in the absence of quantization errors,
the original signal can be exactly recovered by 15  the decoder portion of
the invention. The preferred embodiment of the invention, however, uses
nonorthogonal transforms. In this preferred em- bodiment of the invention,
a transform coder adapts the transform, and/or the analysis/synthesis
window pair, and/or the block-length while retaining transform properties
of complete aliasing cancellation in the absence of coefficient
quantization errors and critical sampling. 20 Background Art Introduction
25      There Is considerable interest among those in the field of signal
processing to minimize the amount of in- formation required to represent a
signal without perceptible loss in signal quality. By reducing information
re- quirements, signals impose lower information capacity requirements upon
communication channels and stor- age media. With respect to digital coding
techniques, minimal Informational requirements are synonymous with minimal
binary bit requirements. 30      Bit requirements for digital signals coded
by techniques such as pulse code modulation (PCM) are pro- portional to the
number of digitized signal samples and to the number of bits used to
represent each digitized signal sample. The number of samples for a given
segment of signal is determined by the sampling rate. The minimum sampling
rate is dictated by the Nyquist theorem. The Nyquist theorem holds that a
signal may be accurately recovered from discrete samples when the interval
between samples is no larger than one- 35  half the period of the signal's
highest frequency component. When the sampling rate is below this Nyquist
rate, higher-frequency components are misrepresented as lower-frequency
components. The lower-frequency component is an "alias" for the true
component. The number of bits used to represent each digitized signal
sample determines the accuracy of the signal representation by the encoded
signal samples. Lower bit rates generally mean that fewer bits are
available to 40  represent each sample, therefore lower bit rates imply
greater quantizing inaccuracies or quantizing errors. In many applications,
quantizing errors are manifested as quantizing noise, and if the errors are
of sufficient mag- nitude, the noise will degrade the subjective quality of
the coded signal. Critical Bands and Psychoacoustic Masking 45 Some prior
art techniques forcoding audio signals intended for human hearing attempt
to reduce informa- tion requirements without producing any audible
degradation by exploiting psychoacoustic effects. The human ear displays
frequency-analysis properties resembling those of highly asymmetrical tuned
filters having vari- able center frequencies. The ability of the human ear
to detect distinct tones generally increases as the dif- 50  ference in
frequency between the tones increases, however, the ear's resolving ability
remains substantially constant for frequency differences less than the
bandwidth of the above mentioned filters. Thus, the frequen- cy-resolving
ability of the human ear varies according to the bandwidth of these filters
throughout the audio spectrum. The effective bandwidth of such an auditory
f liter is referred to as a critical band. Adominant signal within a
critical band is more likely to mask the audibility of other signals
anywhere within that critical band 55  than other signals at frequencies
outside that critical band. A dominant signal may mask other signals which
occur not only at the same time as the masking signal, but also which occur
before and after the masking signal. The duration of pre- and postmasking
effects within a critical band depend upon the magnitude of the masking
signal, but premasking effects are usually of much shorter duration than
postmasking effects. See generally, 2 



EP0524264B1 the Audio Engineering Handbook, K. Blair Benson ed.,
McGraw-Hill, San Francisco, 1988, pages 1.40-1.42 and 4.8-4.10. Signal
recording and transmitting techniques which divide the useful signal
bandwidth into frequency bands with bandwidths approximating the ears
critical bands can better exploit psychoacoustic effects than 5   wider
band techniques. Techniques which exploit psychoacoustic masking effects
can encode and reproduce a signal that is indistinguishable from the
original input signal using a bit rate below that required by PCM cod- ing.
Critical band techniques comprise dividing the signal bandwidth into
frequency bands, processing the sig- nal in each frequency band, and
reconstructing a replica of the original signal from the processed signal
in 10 each frequency band. Two such techniques are subband coding and
transform coding. Subband and transform coders can reduce transmitted
informational requirements in particular frequency bands where the
resulting coding inaccuracy (noise) is psychoacoustically masked by
neighboring spectral components without degrad- ing the subjective quality
of the encoded signal. Subband coding may be implemented by a bank of
digital bandpass filters. Transform coding may be im- 15 plemented by any
of several time-domain to frequency-domain discrete transforms which
implement a bank of digital bandpass filters. The remaining discussion
relates more particularly to transform coders, therefore the term "subband"
is used here to referto selected portions of the total signal bandwidth,
whether implemented by a subband coder or a transform coder. Asubband as
implemented by a transform coder is defined by a set of one or more
adjacent transform coefficients, hence, the subband bandwidth is a multiple
of the transform 20 coefficient bandwidth. The bandwidth of a transform
coefficient is proportional to the input signal sampling rate and inversely
proportional to the number of coefficients generated by the transform to
represent the input signal. Psychoacoustic masking may be more easily
accomplished by transform coders if the subband bandwidth throughout the
audible spectrum is about half the critical bandwidth of the human ear in
the same portions of 25 the spectrum. This is because the critical bands of
the human ear have variable center frequencies that adapt to auditory
stimuli, whereas subband and transform coders typically have fixed subband
center frequencies. To optimize the utilization of psychoacoustic-masking
effects, any distortion artifacts resulting from the pres- ence of a
dominantsignal should be limited to the subband containing the
dominantsignal. If the subband band- width is about half or less than half
of the critical band and if filterselectivity is sufficiently high,
effective mask- 30 ing of the undesired distortion products is likely to
occur even for signals whose frequency is near the edge of the subband
passband bandwidth. If the subband bandwidth is more than half a critical
band, there is the possibility that the dominant signal will cause the
ear's critical band to be offset from the coder's subband such that some of
the undesired distortion products outside the ear's critical bandwidth are
not masked. This effect Is most objectionable at low frequencies where the
ear's critical band is narrower. 36      The probability that a dominant
signal will cause the ear's critical band to offset from a coder subband
and thereby "uncover" other signals in the same coder subband is generally
greater at low frequencies where the ears critical band is narrower. In
transform coders, the narrowest possible subband is one transform coef-
ficient, therefore psychoacoustic masking may be more easily accomplished
if the transform coefficient band- width does not exceed one half the
bandwidth of the ears narrowest critical band. The transform coefficient 40
bandwidth may be decreased by increasing the length of the transform. One
disadvantage of increasing the length of the transform is an increase in
the processing complexity to compute the transform and to encode larger
numbers of narrower subbands. Other disadvantages are discussed below. Of
course, psychoacoustic masking may be achieved using wider subbands if the
center frequency of these subbands can be shifted to follow dominant signal
components in much the same way the ear's critical 45 band center frequency
shifts. The ability of a transform coder to exploit psychoacoustic masking
effects also depends upon the selec- tivity of the filter bank implemented
by the transform. Filter "selectivity," as that term is used here, refers
to two characteristics of subband bandpass filters. The first is the
bandwidth of the regions between the filter passband and stopbands (the
width of the transition bands). The second is the attenuation level in the
stop- 50   bands. Thus, filter selectivity refers to the steepness of the
filter response curve within the transition bands (steepness of transition
band rolloff), and the level of attenuation in the stopbands (depth of
stopband rejeo- 



tion). Fliterselectivity is directly affected by numerous factors including
the three factors discussed below: block length, window weighting
functions, and transforms. In a very general sense, block length affects
coder tem- 55 poral and frequency resolution, and windows and transforms
affect coding gain. 3    EP 0 524 264 B1 Block Length The input signal to
be encoded is sampled and segmented into "signal sample blocks prior to
subband filtering. The number of samples in the signal sample block is the
signal sample block length. 5       It is common for the number of
coefficients generated by a transform filter bank (the transform length) to
be equal to the signal sample block length, butthis is not necessary. For
example, the overlapping-blocktrans- form used in a preferred embodiment of
the present invention (discussed more fully below) is sometimes de- scribed
in the art as a transform of length N that transforms signal sample blocks
with 2N samples. But this transform can also be described as a transform of
length 2N which generates only N unique coefficients. Be- 10  cause all the
transforms discussed here can be thought to have lengths equal to the
signal sample block length, the two lengths are generally used here as
synonyms for one another. The signal sample block length affects the
temporal and frequency resolution of a transform coder. Trans- form coders
using shorter block lengths have poorer frequency resolution because the
discrete transform coef- ficient bandwidth is wider and filter selectivity
is lower (decreased rate of transition band rolloff and a reduced 15  level
of stopband rejection). This degradation In f ilter performance causes the
energy of a single spectral com- ponent to spread into neighboring
transform coefficients. This undesirable spreading of spectral energy is
the result of degraded filter performance called "sidelobe leakage."
Transform coders using longer block lengths have poorer temporal resolution
because quantization errors will cause a transform encoder/decoder system
to "smear" the frequency components of a sampled signal 20  across the full
length of the signal sample block. Distortion artifacts in the signal
recovered from the inverse transform is most audible for large changes in
signal amplitude which occur during a time interval much shorter than the
signal sample block length. Such amplitude changes are referred to here as
"transients." Such dis- tortion will manifest itself as pre- and
post-transient ringing. Thus, fixed block length transform coders must use
a compromise block length which trades off a priori 25  temporal resolution
against frequency resolution. A short block length will degrade subband
filter selectivity which may result in a nominal passband filter bandwidth
which exceeds the ear's critical bandwidth at lower or at all frequencies.
Even if the nominal subband bandwidth is narrower than the ear's critical
bandwidth, de- graded filter characteristics manifested as a broad
transition band and/or poor stopband rejection may result in significant
signal artifacts outside the ear's critical bandwidth. On the other hand, a
long block length may 30  improve filter selectivity but will reduce
temporal resolution, which may result in audible signal distortion oc-
curring outside the ear's temporal psychoacoustic masking interval. The
problems encountered in trading off frequency resolution and temporal
resolution are illustrated by the evolution in coder design by Krahe.
Krahe, in "New Source Coding Method for High Quality Digital Audio
Signals," Lecture, NTG Meeting on Sound Broadcasting, Mannheim, November,
1985, discloses an adaptive 35  transform coder which requires a block
length of 1024 samples for sufficient filter selectivity to successfully
exploit psychoacoustic masking effects. Pre-transient distortion in the
sample blocks, which are approximately 20 msec. long, may not be masked by
the transient. To improve pre-transient masking, Krahe subsequently teaches
in patent EP-C-0 251 028 an encoding method which high-pass filters the
input signal to improve tran- sient detection, and boosts signal samples in
a signal sample block prior to a transient. The use of transient 40
preprocessing Is passed as side information to the receiver/decoder which
attenuates recovered signal sam- ples in a signal sample block prior to a
transient by a corresponding amount. This method has several problems.
First, the pre-transient boost distorts the spectral shape of the sample
block and thereby distorts coding decisions based on this spectral shape.
This adversely affects the ability to exploit psychoacoustic masking.
Furthermore, in coders using adaptive bit allocation, the boost of
pre-transient 45  signal samples tends to increase quantizing errors of the
transient This increase in quantizing error results from the boost
amplifying spectral components other than those of the transient. Adaptive
bit allocation based upon psychoacoustic principles will allocate more bits
to these amplified spectral components than will other- 



wise be allocated to these spectral components without boost. This reduces
the number of bits available to encode the transients spectral components,
therefore transient quantizing noise may increase. 50      Second, the
pre-transient boost/attenuation process does not provide for the
psychoacoustic masking of any quantizing errors caused by the transient.
Atransient is likely to increase quantizing errors in coders using adaptive
bit allocation because bits that are otherwise available to quantize other
spectral components are allocated instead to the transient's spectral
components. The increased quantizing noise may be audible out- side the
ear's pre-transient masking interval because the boost/attenuation process
does not shorten the block 55  length prior to the transient. Third,
large-amplitude signal samples that are amplified by the pre-transient
boost may exceed the en- coder's capacity to represent them (exceed the
encoder's dynamic range). If the encoder's dynamic range Is increased to
handle the amplified components, the numberof bits required to encode the
signal also Increases. 4    EP0524264B1 This condition is particularly
likely where the large-amplitude signals are low-frequency spectral
components. Because they are low in frequency, these large-amplitude
signals will be blocked by the high-pass filter and will notinform
thetransientdetection process. Patent EP-C-0 251 028 suggests applying
afrequencyselective boost, boosting only those spectral components which
make up the transient, however, this requires more proc- 5   essing to
perform an additional filtering step over that needed to perform the
transform because the pre-tran- sient boost occurs in the time-domain prior
to transform filtering. Finally, patent EP-C-0 251 028 makes no provision
for post-transient processing, hence, post-transient distortion may not be
masked unless the signal sample block is shorter than the ear's
post-masking interval. Although this is not usually a problem in many
coding systems, it does impose an unnecessary limit upon a 10  coder's
maximum block length. Another method in Edler, "Coding of Audio Signals
with Overlapping BlockTransform and Adaptive Window Functions," Frequenz
vol 43, no. 9, 1989, pp. 252-56, discloses a method which can adaptively
select the transform length for an overlapping-block transform. Edler also
discloses adaptive selection of window weight- ing functions. 15      This
method has several problems. First, the design of the analysis/synthesis
window pair is highly con- strained, requiring windows which seriously
degradefilterselectivity. This problem is discussed in more detail below.
Second, real-time systems using this method require much faster signal
processors because analysis and synthesis filtering impose bursts of very
high signal processing requirements. During analysis filtering, certain 20
signal samples must be transformed three times, 50% more than the average
two transformations per signal sample. Third, the method does not establish
the time of transient occurrence in a block, only whether a transient has
occurred. Therefore, this method is unable to delay shifting down to a
short block length until just prior to the transient, and is unable to
shift back to a full-length block immediately after the transient has
subsided. 25   This method may degrade filter selectivity sooner than the
signal requires, or it may degrade filter selectivity longer than the
signal requires, or both. Fourth, Edler's method may shiftunnecessarily to
a shorter block length because itmayfalsely detecttran- slent conditions.
During silent and low-level passages, changes in music signal energy or
low-level noise may frequently meet Edler's criteria, but such passages
rarely if ever require shorter block lengths to mask pre- 30  transient
temporal distortion. Fifth, the method makes no distinction between pre-
and post-transient masking requirements. It is well known that the ear's
post-masking interval is much longer than its pre-masking interval, hence,
the criteria used to trigger a shift to a shorter block length, and the
length of that shorter block can be varied depending upon whether the
affected signal samples precede or follow the transient which triggered the
shift. The single 35  set of criteria used by the Edler method must be a
compromise, potentially calling for an unnecessary shift to a shorter block
following transient, or potentially failing to call for a needed shift
prior to a transient, or both. Similarly, the single short-block length
must be a compromise. It may be too short, causing unnecessary deg-
radation of filter selectivity, or it may be too long, failing to insure
transient temporal distortion is masked, or both. 



40 Window Weighting Function Discrete transforms do not produce a perfectly
accurate set of frequency coefficients because they work with only a
finite-length segment of the signal, the signal sample block. Strictly
speaking, discrete transforms 45   produce a time-frequency representation
of the input time-domain signal rather than a true frequency-domain
representation which would require infinite signal sample block lengths.
For convenience of discussion here, however, the output of discrete
transforms will be referred to as a frequency-domain representation. In
effect, the discrete transform assumes the sampled signal only has
frequency components whose periods are a sub- multiple of the signal sample
block length. This is equivalent to an assumption that the finite-length
signal Is 50   periodic. The assumption in general, of course, is not true.
The assumed periodicity creates discontinuities at the edges of the signal
sample block which cause the transform to create phantom spectral
components. One technique which minimizes this effect is to reduce the
discontinuity prior to the transformation by weighting the signal samples
such that samples near the edges of the signal sample block are zero or
close to zero. Samples at the center of the signal sample block are
generally passed unchanged, i.e., weighted by 55   a factor of one. This
weighting function is called an "analysis window." The shape of the window
directly affects filter selectivity. As used here, the term "analysis
window" refers only to the windowing function performed prior to appli-
cation of the forward transform. As will be discussed below, the design of
analysis windows used in a preferred    EP0524264B1 embodiment of the
invention may be constrained by synthesis window design considerations.
Therefore, de- sign and performance properties of an "analysis window" as
that term is commonly used in the art may differ from such analysis windows
as implemented in this invention. The analysis window is a time-domain
function. If no compensation for the window's effects is provided, 5   the
recovered or "synthesized" signal will be distorted according to the shape
of the analysis window. One com- pensation method known as overlap-add is
well known in the art. This method requires the coder to transform
overlapped blocks of input signal samples. By carefully designing the
analysis window such that two adjacent windows add to unity across the
overlap, the effects of the window will be exactly compensated. Window
shape affects filter selectivity significantly. See generally, Harris, "On
the Use of Windows for 10 Harmonic Analysis with the Discrete Fourier
Transform," Proc. IEEE, vol. 66, January, 1978, pp. 51-83. As a general
rule, "smoother" shaped windows and larger overlap intervals provide better
selectivity. For example, a Kaiser-Bessel window generally provides
forgreater filter selectivity than a sine-tapered rectangularwindow. When
used with certain types of transforms such as the Discrete Fourier
Transform (DFT), overlap-add increases the number of bits required to
represent the signal because the portion of the signal in the overlap 15
interval must be transformed and transmitted twice, once for each of the
two overlapped signal sample blocks. Signal analysis/synthesis for systems
using such a transform with overlap-add is not critically sampled. The term
"critically sampled" refers to a signal analysis/synthesis which over a
period of time generates the same number of frequency coefficients as the
number of input signal samples it receives. Hence, for noncritically
sampled systems, it is desirable to design the window with an overlap
interval as small as possible in order to 20   minimize the coded signal
information requirements. Some transforms, including one discussed below
which was disclosed by Johnson and Bradley, also re- quire that the
synthesized output from the inverse transform be windowed. The synthesis
window is used to shape each synthesized signal block. Therefore. the
synthesized signal will have been weighted by both an analysis and a
synthesis window. This two-step weighting is mathematically similar to
weighting the original 25  signal once by a window whose shape is equal to
a sample-by-sample product of the analysis and synthesis windows.
Therefore, in orderto utilize overlap-add to compensateforwindowing
distortion, both windows must be designed such that the product of the two
will sum to unity across the overlap-add interval. While there is no single
criterion which may be used to assess a window's optimality, a window is
generally considered "good" if the selectivity of the filter used with the
window is considered "good." Therefore, a well 30  designed analysis window
(for transforms which use only an analysis window) or analysis/synthesis
window pair (for transforms which use both an analysis and a synthesis
window) can reduce sidelobe leakage. As mentioned briefly above, the Edler
method imposes undesirable constraints upon window design and therefore
fails to preserve optimum filter selectivity. Edler teaches the use of
windows which are variations of 



the rectangular window, but does not teach the use of better windows with
maximum overlap such as the Kai- 36  ser-Bessel window. Furthermore, the
Edler method cannot adapt a window sufficiently to prevent pre-transient
distortion from propagating into a previous block if a transient occurs at
certain places in a subsequent over- lapped block. Transform 40 Although
transform coders may be implemented with any of several time-domain to
frequency-domain transforms, some transforms perform better than others for
high-quality low-hit rate coding of audio signals, particularly wideband
music signals. One measure of transform coding performance is the "coding
gain" or the increase In signal-to-noise ratio 45  (SNR) of transform
coding over that achieved by PCM coding. Coding gain is equal to the ratio
of the arithmetic mean to the geometric mean of transform coefficient
variances. See Zelinski and Noll, "Adaptive Transform Coding of Speech
Signal," IEEE Trans. Acoust., Speech, and Signal Proc., ASSP-25, August,
1977, pp. 299- 309. Although the coding gains of different transforms for a
given signal sample block will vary, there is gen- erally no one
signal-independent transform which provides the maximum coding gain for all
signal sample 50  blocks. For example, the Discrete Cosine Transform (DCT)
generally provides higher coding gains than the Discrete Fourier Transform
(DFT) for steady-state signals, that is, signals with predominantly
low-frequency spectral components. On the other hand, the DFT generally
provides higher coding gains than the DCT for signals with transients or
predominantly high-frequency spectral components. See Jayant and Noll,
Digital Coding of Waveforms, Englewood Cliffs, NJ: Prentice-Hall, Inc.,
1984, pp. 554-56. 55      According to Zelinski and Noll, the
Karhunen-Loeve transform (KLT) gives the best performance in trans- form
coding, its main disadvantage being the lack of a fast algorithm for
computation of the transform coeffi- cients. In addition, for
non-stationary signals, a different KLT must be used for each time-domain
signal sample block because the KLT is signal-dependent To avoid the
computational complexities of the KLT for coding 6    EP 0 524 264 B1
speech signals, Zelinski and Noll suggest using what they call a suboptimum
signal-independent transform, more specifically the Discrete Cosine
Transform in combination with adaptive bit assignments and adaptive
quantization. Another measure of transform performance is the avoidance of,
or the cancellation of, frequency-domain 5   aliasing and time-domain
aliasing. Finite-length digital transforms are not perfect passband
filters. The tran- sition between the passband and stopband is not
Infinitely sharp, and the attenuation of signals in the stopband Is not
infinitely great. As a result, even if a passband-filtered input signal is
sampled at the Nyquist rate sug- gested by the passband cut-off frequency,
frequencies above the filter's nominal cutoff frequency which are able to
pass the filter, although attenuated, will be aliased. 10      Even if the
forward and inverse transforms provide frequency-domain aliasing
cancellation in principle, quantizing errors will prevent the inverse
transform from completely cancelling frequency-domain aliasing. The
residual frequency-domain aliasing distortion may be audible unless the
distortion is psychoacoustically masked. With short signal sample blocks,
however, psychoacoustic masking may be more difficult to achieve. As
discussed above, shorter signal sample blocks degrade filter selectivity,
and some transform coefficients 15  may have a wider bandwidth than the
auditory critical bands, particularly at low frequencies where the ear's
critical bands have the greatest resolution. Consequently, frequency-domain
alias distortion may not be masked. Longer windows as well as longer block
lengths can improve filter selectivity, thereby reducing frequency- domain
aliasing and improving psychoacoustic masking. As the window length
increases beyond the coder 20  system decimation factor, however,
time-domain aliasing will occur. An overlapping-block transform which can
cancel frequency-domain and time-domain aliasing is disclosed in Johnson
and Bradley, "Adaptive Transform Coding incorporating Time Domain Aliasing
Cancellation," Speech Communications, vol. 6, North Holland: Elsevier
Science Publishers, 1987, pp. 299-308. An analy- sis/synthesis system using
the Johnson and Bradley transform is critically sampled. Edler utilizes
this trans- 25  form in his adaptive technique discussed above. This
transform is also used in a preferred embodiment of the present invention. 



Johnson and Bradley do not disclose how a transform coder which uses this
transform can adaptively se- lect different block lengths or
analysis/synthesis windows, and how such adaption can preserve the
transform's properties of aliasing cancellation and critical sampling. They
also do not teach how to adaptively select dif- 30  ferent transforms.
Disclosure of Invention It is an object of this invention to provide an
encoder/decoder for digital transform processing of audio In- 35
formation, particularly wideband music, by means of signal
analysis/synthesis which adaptively optimizes the trade off between
transform temporal resolution and frequency resolution without incurring
the problems and limitations discussed above. This object is achieved with
an encoder according to claim 3 and a decoder ac- cording to claim 20. It
is a furtherobject of this invention to provide an
encoder/decoderfordigital transform processing of audio 40  information,
particularly wideband music, by means of signal analysis/synthesis which
adaptively optimizes transform coder gain and which, for certain
overlapping block transforms, retains frequency-domain and time- domain
aliasing cancellation and critical sampling, without incurring the problems
and limitations discussed above. This object is achieved with an encoder
according to claim 1 and a decoder according to claim 20. Additional
objects are achieved by specific embodiments of the invention according to
the remaining 45  claims, such as: to provide for the adaptive selection of
an optimum analysis window function, or an optimum analy- sis/synthesis
window pair function; to provide for high-quality transmission orstorage
and reproduction of wideband audio signals, wherein the quality of
reproduction is suitable, for example, for broadcast audio links; 50
to provide a quality of reproduction subjectively as good as that
obtainable from Compact Discs; to provide an encoder/decoder embodied in a
digital processing system requiring a low capacity channel to transmit the
encoded signal; and to provide an encoder/decoder embodied in a digital
processing system requiring a small amount of space to store the encoded
signal. 55      Further details of the above objects and still other
objects of the invention are set forth throughout this document,
particularly in the Modes for Carrying Out the Invention, below. It should
be appreciated that the present invention relates to the high-quality
encoding and decoding of audio signals such as music or voice, however, a
preferred embodiment relates more particularly to the encoding and decoding
of wideband music 7    EP 0 524 264 B1 signals. In accordance with the
teachings of the present invention in a preferred embodiment, an encoder
provides for the digital encoding of wideband audio information. The
wideband audio signals are sampled, quantized, and grouped into time-domain
signal sample blocks N samples in length. A signal analyzer evaluates the
cur- 5   rent signal sample block to determine an appropriate transform,
block length, and analysis-window function to optimize coding performance.
In this preferred embodiment the signal analyzer is a transient-signal
detector that determines if any signal transient is present which requires
the encoder to use shorter block lengths to avoid audible temporal
distortion. Sample blocks with such transients are subdivided into sample
subblocks of optimum length to preserve sufficient transform frequency
selectivity yet insure psychoacoustic masking 10  of coding distortion
caused by the transient. Each sample block, whether of normal or of reduced
length, is weighted by an analysis-window function chosen according to the
output of the transient detector. Frequency- domain transform coefficients
are then generated in response to the analysis-window weighted time-domain
signal sample block by a discrete forward transform selected according to
the output of the transient detector. Information needed to define the
signal sample block length, analysis-window function, and forward transform
15  used by the encoder is passed to the decoder. In accordance with the
teachings of the present invention in alternate embodiments, the signal
analyzer may establish other input signal characteristics in addition to or
instead of the presence of transients. In alter- nate embodiments, the
signal analyzer determines at least one of the transform, the block length,
and the ana- lysis-window function in response to the results of the input
signal analysis. 20      Also in accordance with the teachings of the
present invention in a preferred embodiment, a decoder pro- 



vides for the high-quality reproduction of digitally encoded wideband audio
signals encoded by the encoder of the invention. The decoder extracts from
the encoded signal the information defining the signal sample block length,
the analysis-window function, and the forward transform used by the
encoder. This information is used to set the length of the inverse
transform, Inform the choice of the synthesis-window function, and select
the 25  discrete inverse transform. Time-domain signal sample blocks are
generated in response to frequency-domain transform coefficients by a
discrete transform having characteristics inverse to those of the discrete
transform used in the encoder which generated the frequency-domain
transform coefficients. The time-domain signal sample blocks are weighted
by a synthesis window. The encoder analysis window and the decoder
synthesis window are shaped such that the composite window function sums to
unity fortwo adjacent overlapped sample 30  blocks. Adjacent sample blocks
are overlapped and added to cancel the weighting effects of window
weighting and to recover a digitized representation of the time-domain
signal which is then converted into a high-quality analog output. In
accordance with the teachings of the present invention in alternate
embodiments, the decoder extracts from the encoded signal the information
defining at least one of the signal sample block length, the analysis- 35
window function, and the forward transform used by the encoder. The
extracted information is used to set the length of the inverse transform,
inform the choice of the synthesis-window function, and select the inverse
transform, respectively. In embodiments of the invention using discrete
transforms which require it, the time- domain signal sample blocks are
weighted by a synthesis window. The encoder analysis window and, if used,
the decoder synthesis window, are shaped such that the composite window
function sums to unity for two ad- 40  jacent overlapped sample blocks. In
accordance with the teachings of the present Invention, in a specific
embodiment a transient detector adaptively selects signal sample block
lengths shorter than the maximum block length normally used by the
invention when shorter block lengths are needed to insure psychoacoustic
masking of distortion artifacts cre- ated by transient signals. The
digitized signal samples are passed through a high-pass filter and grouped
into 46  subblocks. The peak amplitude within each subblock is compared
with the peak amplitude of the previous sub- block. If the change between
peak amplitudes of adjacent subblocks does not exceed specific thresholds,
the coder utilizes the maximum signal sample block length. If the change in
amplitude between adjacent subblocks does exceed the specific thresholds, a
shorter block length is selected. In a specific embodiment, an analysis
window function is chosen for each signal sample block which Is 50
appropriate for the signal sample block signal content and block length
selected by the transient detector. As discussed above, this analysis
window function weights the samples within the signal sample block in order
to improve the overall performance of the discrete transform. In one
embodiment of the encoder of the present invention, the analysis window is
chosen from a multiplicity of window functions from the same class or type
of windows which differ in length. 55      The present invention may also
adaptively select a window function type, or may adaptively vary para-
meters of a window function in accordance with the block length or input
signal characteristics. For example, an embodiment of the invention may
adaptively select for each signal sample block the "al- pha" parameter of a
Kaiser-Bessel window function, offering higher stopband rejection at the
expense of shal-    EP 0 524 264 B1 lower transition band rolloff for
signal sample blocks with transients. The Kaiser-Bessel window function Is
discussed below in more detail. An embodiment of the invention may also
adaptively select the window type, adaptively selecting a function such as
the Kaiser-Bessel or Dolph-Chebychev window. The choice of window function
may not violate any constraints, however, such as overlap-add
characteristics. 5      In a specific embodiment of the encoder of the
present invention, the length of the discrete transform is set equal to the
signal sample block length selected by the transient signal detector. The
present invention may use any orthogonal time-domain to frequency-domain
transform. But a prefer- red embodiment of the invention uses a
nonorthogonal discrete transform which is equivalent to the alternate
application of a modified Discrete Cosine Transform (DCT) and a modified
Discrete Sine Transform (DST). In 10 another embodiment, a nonorthogonal
discrete transform is implemented by a single modified Discrete Cosine
Transform (DCT). The present invention may also adaptively select a
transform in accordance with the block length or input signal
characteristics. 



For example, an embodiment of the invention may adaptively select for each
signal sample block from 15 among the set of orthogonal transforms the
transform which yields the largest coding gain. An embodiment of the
Invention could normally use a conventional DCT and select a Discrete
Fourier Transform (DFT) for use with signal sample blocks with transients.
It is known in the art that the coding accuracy of lower-frequency
components is verysignificantto achieving a given subjective quality for
most music signals. The conventional DCT possesses superior coding gain for
lower-frequency signals. On the other hand, coding accuracy of high- 20
er-frequency components is very Important to achieving a given level of
subjective quality for transient signals. The DFT possesses superior coding
gain for higher-frequency signals. Therefore, an embodiment of the pres-
ent invention may adaptively select the transform best suited for the
coding of each signal sample block. In a preferred embodiment of the
encoder and decoder, the sampling rate is 44.1 kHz. While the sampling rate
Is not critical, 44.1 kHz is a suitable sampling rate and it is convenient
because it is also the sampling rate 25 used for Compact Discs. An
alternative embodiment employs a 48 kHz sampling rate. In a preferred
embodi- ment employing the 44.1 kHz sampling rate, the nominal frequency
response of the invention extends to 20 kHz and the time-domain sample
blocks have a maximum length of 1024 samples. Shorter lengths of 512, 256,
or 128 samples may be adaptively selected. In a preferred embodiment of the
invention using encoding techniques such as those described in the
documentWO-A-90/09022 (published August9,1990), musiccoding 30 at
subjective quality levels suitable for professional broadcasting
applications may be achieved using serial bit rates of no more than 96 kbs
(including overhead information such as error correction codes). Other bit
rates yielding varying levels of signal quality may be used without
departing from the basic spirit of the invention. The various features of
the Invention and its preferred embodiments are set forth in greater detail
in the following Modes for Carrying Out the Invention and in the
accompanying drawings. 35 Brief Description of Drawings Figures 1a and 1b
are functional block diagrams illustrating the basic functional structure
of a preferred embodiment of the invention. 40      Figures 2a through 2e
are block diagrams showing the hardware architecture for one embodiment of
the invention. Figures 3a and 3b are block diagrams showing in greater
detail the serial-communications interface of the processor for a
two-channel embodiment of the invention. Figures 4a through 4e are
hypothetical graphical representations illustrating a time-domain signal
grouped 45 into a series of overlapped and windowed time-domain signal
sample blocks. Figures 5a through 5d are hypothetical graphical
representations illustrating the time-domain allasing dis- tortion created
by the E-TDAC transform. Figures 6a through 6g are hypothetical graphical
representations illustrating the cancellation of time- domain aliasing by
overlap-add during E-TDAC transform signal synthesis. 50      Figure 7a is
a hypothetical graphical representation illustrating a pair of signal
sample blocks which con- stitute a frame in a single-channel system. Figure
7b is a hypothetical graphical representation illustrating a pair of signal
sample blocks which con- stitute a frame in a two-channel system. Figure 8a
is a graphical representation of an analog music signal segment with a
transient 55      Figure 8b is a graphical representation of the
synthesized music signal segment recovered from one signal sample block
through an encoder/decoder system using a fixed signal sample block length
of 512 samples. Figure 8c is a graphical representation of the synthesized
music signal segment recovered by an embodi- ment of the present invention
using the Fixed-Frame Alignment technique with a maximum signal sample
block 9    EP 0 524 264 B1 length of 512 samples. Figure 9 is a schematic
representation of a recursive filterwhich implements the high-pass
filterused with- in a transient detector of one embodiment of the
invention. Figure 10 is a hypothetical graphical representation of the way
in which one embodiment of a transient 5   detector segments one-half of a
signal sample block into a hierarchy of shorter length subblocks. Figure 11
is a hypothetical graphical representation of the way in which one
embodiment of a transient 



detector identifies peak amplitude values In each of the subblocks within a
hierarchical subframe. Figure 12 is a hypothetical graphical representation
of a binary tree illustrating the nodes constructed by the comparator
section of one embodiment of a transient detector. 10      Figure 13 is a
flow chart showing the logic for part of the comparator section of a
transient detector utilized In one embodiment of the invention. Figure 14
is a hypothetical graphical representation of the modification process of a
binary tree by the comparator section of a transient detector utilized in
one embodiment of the invention. Figure 15 is a hypothetical graphical
representation of the subblock lengths selected by a transient detector 16
In accordance with the illustrated binary tree. Figure 16 is a graphical
representation of a music waveform superimposed with subblock length
intervals selected by a transient detector utilized in one embodiment of
the invention. Figure 17 is a hypothetical graphical representation showing
a time-domain signal sample block. Figure 18 is a further hypothetical
graphical representation of a time-domain signal sample block showing 20
discontinuities at the edges of the sample block caused by a discrete
transform assuming the signal within the block is periodic. Figure 19a is a
functional block diagram showing the weighting of a function X(t) by a
function W(t) to pro- vide the resulting function Y(t). Figures 19b through
19d are further hypothetical graphical representations showing the
weighting of a 25  time-domain signal sample block by an analysis window.
Figure 20 is a graphical representation of a family of analysis-synthesis
windows suitable for use with a preferred embodiment of the invention.
Figures 21a through 21c are hypothetical graphical representations of a
sequence of signal sample blocks illustrating the Fixed-Frame Alignment
technique. 30      Figure 22a is a graphical representation of transition
band rolloff and stopband rejection of a filter bank using a complete
symmetrical analysis-only window compared with that of a filter bank using
only the first half of such a window. Figure 22b is a graphical
representation of transition band rolloff and stopband rejection of a
filter bank using a complete symmetrical analysis-only window compared with
that of a filter bank using an asymmetric 35  analysis-only window. Figure
23a is a hypothetical graphical representation illustrating the
time-reversal regions of the time- domain aliasing component signal created
by the E-TDAC transform using the conventional phase term. Figure 23b is a
hypothetical graphical representation illustrating the time-reversal
regions of the time- domain aliasing component signal created by the E-TDAC
transform using the phase term required by the 40   Fixed-Frame Alignment
technique. Figure 23c is a hypothetical graphical representation
illustrating the time-reversal regions of the time- domain aliasing
component signal created by the E-TDAC transform using the phase term
required to cancel time-domain aliasing in a signal sample subblock. Figure
24 is a hypothetical graphical representation of a bridge transform,
illustrating the time-reversal 45  regions of the time-domain aliasing
component signal. Figure 25 is a hypothetical graphical representation of a
sequence of signal sample blocks illustrating the Enhanced Fixed-Frame
Alignment technique. Figures 26a through 26f are flowcharts showing logic
forframe control as required by the Enhanced Fixed- Frame Alignment
embodiment of the invention. 50      Figure 27 is a hypothetical graphical
representation of a sequence of signal sample blocks of varying length
Illustrating the Dynamic-Frame Alignment technique. Figure 28 is a
hypothetical graphical representation showing the overlap-add property of
adjacent win- dowed blocks. Figures 29a through 29e are hypothetical
graphical representations illustrating a time-domain signal 55   grouped
into a series of overlapped and windowed time-domain signal sample blocks,
particularly as imple- mented for the O-TDAC transform. Figures 30a through
30d are hypothetical graphical representations illustrating the time-domain
aliasing distortion created by the O-TDAC transform. 10   



EP0524264B1 Figures 31a through 31g are hypothetical graphical
representations illustrating the cancellation of time- domain aliasing by
overlap-add during O-TDAC transform signal synthesis. Figure 32 is a
hypothetical graphical representation illustrating the O-TDAC transform
phase term required by Fixed-Frame Alignment to cancel time-domain
aliasing. 5      Figures 33a and 33b are hypothetical graphical
representations of the transform coefficient bandwidths for the E-TDAC and
O-TDAC transforms. Table I shows the coefficients of a 2 kHz high-pass
filter used in the first section of one embodiment of the transient
detector. Table II shows the coefficients of a 4 kHz high-pass filter used
in the first section of one embodiment of 10 the transient detector. Table
Ill shows a preferred set of single attack/decay thresholds used in the
fourth section of one embodi- ment of the transient detector to define the
amount of signal amplitude change necessary to constitute both a rising and
falling transient condition. Table IV shows a preferred set of distinct
attack and decay thresholds used in the fourth section of one 15 embodiment
of the transient detector to def ine different thresholds for the amount of
signal amplitude change necessary to constitute a rising and a falling
transient condition. Modes for Carrying Out the Invention 20 I. HARDWARE
IMPLEMENTATION OF INVENTION Figures 1a and 1b show the basic functional
structure of a preferred embodiment of the invention. A pre- ferred
embodiment of an encoder shown in Figure 1a comprises time-domain signal
input 102, low-pass filter 104 which low-pass filters the input signal,
signal sampler and quantizer 106 which samples the low-pass fil- 25 tered
input signal, signal sample buffer 108 which buffers the input signal
samples, transient detector 110 which selects the number of input signal
samples that constitute a signal sample block thereby selecting the signal
sample block length, analysis window 112 which weights each digitized
time-domain signal block by an ana- lysis-window function, digital filter
bank 116 which transforms the sampled and quantized signal into frequency
coefficients, frame controller 114 which controls the analysis window and
filter bank in accordance with the 30 selected signal sample block length,
quantizer 118 which encodes the transform coefficients in accordance with
the desired level of subjective signal quality and psychoacoustic effects,
and formatter 120 which assem- bles the encoded frequency coefficients and
selected signal sample block length into a bit stream for trans- mission or
storage. Figure Ia depicts a transmission path 122, however, it should be
understood that the en- coded signal may be stored for later use. 36      A
preferred embodiment of a decoder shown in Figure 1b comprises encoded
bit-stream signal input 132, deformatter 134 which extracts each encoded
frequency coefficient and signal sample block length from the assembled bit
stream, linearizer 136 which converts each encoded coefficient into a
linear-valued transform coefficient, frame controller 140 which selects the
inverse filter bank and synthesis-window in accordance with the extracted
signal sample block length, inverse digital filter bank 138 which
transforms the transform coef- 40 ficients Into a time-domain signal block,
synthesis-window 142 which weights each synthesized time-domain signal
block by the selected synthesis-window function, signal block overlap-adder
144 which recovers a digi- tized representation of the time-domain signal,
analog signal generator 146, low-pass filter 148, and analog signal output
150. 45 A. Processing Hardware The basic hardware architecture of a
preferred embodiment of the invention is illustrated in Figures 2a- 2e and
3a-3b. A practical implementation of a preferred embodiment of a
single-channel version of the inven- tion, employing either a 44.1 kHz or a
48 kHz sample rate, utilizes a 16-bit analog-to-digital converter (ADC) 50
to quantize the input time-domain signal. Each 16-bit digitized sample is
used to form the 16 most-significant bits ofa 24-bit word which is used in
subsequent computations. A Motorola DSP56001 24-bit digital-signal proc-
essor (DSP) is used to perform the required computations and to control the
encode and decode processes. Static random access memory(RAM) provides
program and data memoryforthe DSP. A16-bitdigital-to-analog converter (DAC)
is used to generate an analog signal from the decoded digital signal. 55
The encoder hardware architecture, shown in Figure 2a, is comprised of
analog signal input 200, low-pass filter (LPF) 200A, ADC 201, DSP 202,
static RAM 203, erasable programmable read-only memory (EPROM) 204, and
encoded serial-signal output 206. LPF 200A insures the input signal is
bandwidth limited. ADC 201 samples and quantizes the incoming signal into a
serial stream of 16-bit words. DSP 202 receives and buffers 



EP 0 524 264 B1 the serial stream of digitized samples, analyzes the input
signal, selects the signal sample block length, groups the samples into
blocks, weights the blocks with an analysis-window function, performs the
calculations re- quired to transform the blocks into the frequency domain,
encodes the transform coefficients, formats the en- coded coefficients and
any other side information into a data stream, and transmits the encoded
signal through 5   serial data path 206. The programming and data work
areas for the DSP are stored in static RAM 203. The DSP requires
fast-access-time program memory which can be implemented more cheaply in
RAM than it can be in programmable ROM. Consequently, EPROM 204 stores
programming and static data in a compressed format which the DSP unpacks
into a usable form into RAM 203 when the encoder is first powered on.
Figures 2b and 2c provide more detail on two DSP interfaces. Figure 2b
shows the serial-communication 10  interface for DSP 202, ADC 201, and
serial data path 206. Timing generator 202Agenerates the receive clock,
word-synchronization, and transmit clock signals for the encoder. Line SC0
clocks a serial-bit stream of digi- tized input signal samples along line
SRD from ADC 201 into DSP 202. Line SC1 provides the word- synchronization
signal to theADC and the DSP which marks the beginning of each 16-bitword.
Line SCKclocks a serial-bit stream of the encoded signal along line STD
from the DSP to serial data path 206. 15      Figure 2c shows the memory
addressing interface. Memory for the Motorola DSP56001 is divided into four
segments: program ROM, program RAM, X data, and Y data. Only program RAM
203 or EPROM 204 are se- lected when line PS is low, but they are mapped
into separate address spaces. Invertor 205C allows DSP 202 to select either
RAM or EPROM according the state of address line A15. When DSP 202 sets A15
high, invertor 205C sets the chip-select (CS) lines of RAM 203 and EPROM
204 low. EPROM 204 is selected when lines 20  CS and PS are low. When DSP
202 sets A15 low, invertor 205C sets the CS lines of RAM 203 and EPROM 204
high. Program RAM 203 is selected when lines CS is high and line PS is low.
The X data bank of RAM 203 is selected whenever the DSP brings line DS low
and line XY high. The Y data bank of RAM 203 is selected whenever the DSP
brings line XY low and line CS high. The decoder hardware architecture,
shown in Figure 2d, is comprised of encoded serial-signal input path 25
207, DSP 208, static RAM 209, EPROM 210, DAC 212, LPF 213A, and analog
signal output 213. DSP 208 receives and buffers the encoded signal,
deformats the signal into the encoded transform coefficients and any side
information, recovers unencoded transform coefficients, performs the
calculations required to trans- form the coefficients into the time domain,
groups the coefficients into time-domain blocks, weights the blocks with a
synthesis-window function (synthesis windowing need not be performed if the
discrete transform used 30  in the encoder/decoder does not require the use
of a synthesis window), overlap-adds the blocks into a time- domain
sequence of digital samples, and transmits the digital samples in a
serial-bit stream to DAC 212. The programming and data work areas for the
DSP are stored in static RAM 209. EPROM 210 stores in a com- pressed format
programming and static data which the DSP unpacks into usable form into RAM
209 when the decoder is first powered on. DAC 212 generates an analog
signal corresponding to the serial-data stream re- 35  ceived from the DSP.
LPF 213A insures signal output 213 is free of any spurious high-frequency
components created by the encode/decode process. Figure 2e shows the
serial-communication interface for DSP 208, serial-signal input path 207,
and DAC 212. Timing generator 208A, using a phase-locked loop circuit to
extract a timing reference from the encoded serial-bit input signal.
generates the receive clock, word-synchronization, and transmit clock
signals for the de- 40  coder. Line SC0 clocks the encoded serial-bit
signal along line SRD into DSP 208. Line SCK clocks a serial- bitstream of
the decoded digitized signal samples along line STDfrom DSP 208 to DAC 212.
Line SC2 provides a word-synchronization signal to the DAC and to the DSP
which marks the beginning of each 16-bit word. The interface between DSP
208 and the memory-address bus is implemented in the same manner as that
descri- bed above for the encoder. See Figure 2c. 45      A two-channel
embodiment of the encoder requires LPF 200A and 200B, and ADC 201A and 201
B, con- nected as shown in Figure 3a. The interface between the DSP and ADC
components operates in a manner similarto that described above for a
one-channel encoder. Timing generator 202A provides an additional signal to
line SC2 of the DSP at one-half the rate of the word-synchronization signal
to control multiplexer 202B and indicate to the DSP which of the two ADC is
currently sending digitized data. 50      Atwo-channel embodiment of the
decoder requires DAC 212A and 212B, and LPF 213Aand 213B. con- nected as
shown in Figure 3b. The interface between the DSP and DAC components
operates in a manner 



similarto that described above fora one-channel decoder. Timing generator
208A provides an additional signal to line SC1 of the DSP at one-half the
rate of the word-synchronization signal to control demultiplexer 208B and
indicate to the DSP which of the two DAC is currently receiving digital
data. 55      Specialized hardware may be used to perform certain functions
such as windowing or the Fast Fourier Transform (FFT). The entire
encoder/decoder may be implemented in a custom-designed integrated circuit.
Many other possible implementations will be obvious to one skilled in the
art. 12    EP 0 524 264 B1 B. Input Signal Sampling and Buffering In a
preferred embodiment of the invention, signal sampler and quantizer 106,
shown in Figure 1a, Is an analog-to-digital converter which quantizes the
input signal into 16 bits which are subsequently padded on the 5   right
with 8 zero bits to form a 24-bit integer representation. All subsequent
transform calculations are per- formed in 24-bit integer arithmetic. The
analog input signal is limited in bandwidth by a LPF illustrated by box 104
in Figure 1a. In a preferred embodiment of the Invention. the nominal
cutoff frequency of this filter is 20 kHz. A music signal with at least
Compact Disc (CD) quality has, in addition to other qualities, a bandwidth
of 10  20 kHz. From the Nyquist theorem, it is known that a 20 kHz
bandwidth signal must be sampled at no less than 40 kHz. A sample rate of
44.1 kHz is chosen for one embodiment of the invention because this rate Is
used in CD applications and such a choice simplifies the means necessary to
use this invention in such applications. Other sampling rates, such as 48
kHz which is a rate common to many professional audio applications, may be
utilized. If an alternate rate is chosen, the frequency separation between
adjacent transform coeffi- 15  cients will be altered and the number of
coefficients required to represent the desired signal bandwidth will
change. The full effect that a change in sampling rate will have upon the
implementation of the invention will be apparent to one skilled in the art.
II. PREFERRED IMPLEMENTATION OF INVENTION 20 A. Analysis Filter Bank -
Forward Transform The details of implementation are influenced by the
choice of the discrete transform used to perform the digital filter bank
function represented by box 116 in Figure 1a. Any one of several transform
techniques may 25  be used to implement the filter bank. The transform
technique used in a preferred embodiment of the invention was first
described in Princen and Bradley, "Analysis/Synthesis Filter Bank Design
Based on Time Domain Aliasing Cancellation," IEEE Trans. on Acoust.,
Speech, Signal Proc., vol. ASSP-34,1986, pp. 1153-1161. This technique is
the time-domain equivalent of an evenly-stacked critically sampled
single-sideband analysis-syn- thesis system. This transform is referred to
herein as Evenly-Stacked Time-Domain Aliasing Cancellation (E- 30  TDAC).
An alternative form of the TDAC transform may be used in another embodiment
of the invention. The technique is described in Princen, Johnson, and
Bradley, "Subband/Transform Coding Using Filter Bank De- signs Based on
Time Domain Aliasing Cancellation," ICASSP 1987 Conf. Proc., May 1987, pp.
2161-64. This alternate transform is the time-domain equivalent of an
oddly-stacked critically sampled single-sideband ana- lysis-synthesis
system. It is referred to herein as Oddly-Stacked Time-Domain Aliasing
Cancellation (O-TDAC). 35      Embodiments of the invention using other
transforms such as the O-TDAC transform and the Discrete Fourier Transform
(DFT) as implemented by the Fast Fourier Transform (FFT) are discussed
after the E-TDAC embodiment has been fully described. E-TDAC utilizes a
transform function which is equivalent to the alternate application of a
modified Discrete Cosine Transform (DCT) with a modified Discrete Sine
Transform (DST). The DCT, shown in equation 1, and 40  the DST, shown in
equation 2, are [ERR] 50 where k = frequency coefficient number, n = input
signal sample number, 55        N = signal sample block length, m = phase
term for E-TDAC, 



x(n) = quantized value of input signal x(t) at sample n, C(k) = DCT
coefficient k, and 13    EP 0 524 264 B1 S(k) = DST coefficient k. The
E-TDAC transform alternately produces one of two sets of spectral
coefficients or transform blocks for each signal sample block. These
transform blocks are of the form [ERR] 10 where i = signal sample block
number, C(k) = DCT coefficient (see equation 1), and 20        S(k) = DST
coefficient (see equation 2). Princen and Bradley showed that with the
proper phase component m (see equation 6) and a carefully designed pair of
analysis-synthesis windows, the E-TDAC technique can accurately recover an
input signal from an alternating sequence of fixed-length cosine and sine
transform blocks of the form [ERR] 25  where each transform block
represents one time-domain signal sample block. This process is shown in
Figures 4a-4e, 5a-5d, and 6a-6g. Referring to Figure 4a, it may be seen
that quantized input signal x(t) is grouped into blocks. One set of blocks,
weighted by the window function [err] shown in Figure 4b. produces signal
[err](t) shown in Figure 4d. Sig- nal [err](t) is input to the DCT. Another
set of blocks of the sampled input signal x(t), which overlap the first set
30  by one-half block length, are windowed by window function W, shown in
Figure 4c (which window function is identical to [err] but shifted in time
by one-half block length) producing signal [err](t) shown in Figure 4e and
sub- sequently input to the DST. Using only the alternate DCT and DST
transform blocks results in a loss of the information contained in the
discarded half of the transform blocks. This loss produces a time-domain
aliasing component, but the dis- 35  tortion may be cancelled by choosing
the appropriate phase term m for equations 1 and 2, applying the forward
transform to overlapped time-domain signal sample blocks. and by
overlapping and adding adjacent time- domain signal sample blocks recovered
by the inverse transform. The phase term m in equations I and 2 controls
the phase shift of the time-domain aliasing distortion. Fig- ures 5a-5d and
6a-6g illustrate this distortion. Signal [err](t), recovered from the
inverse DCT. is shown in Figure 40  5a. Figure 5b illustrates that the
recovered signal is composed of two components: the windowed original
signal (solid line), and time-domain aliasing distortion (dotted line).
Figures 5c and 5d illustrate similar information for signal [err](t)
recovered from the inverse DST. To cancel this alias distortion and
accurately recoverthe orig- inal time-domain signal, E-TDAC requires the
aliasing to be as follows. For the DCT, the time-domain alias component
consists of the tirst half of the sampled signal reversed in time about the
one-quarter point of the 45  sample block. and the second half of the
sampled signal reversed in time about the three-quarter point of the sample
block. For the DST. the alias component is similar to that for the DCT
except its amplitude is inverted in sign. See Figures 5b and 5d. The phase
term required for alias cancellation is [ERR] where N = signal sample block
length. E-TDAC also requires application of a pairof carefully designed
analysis-synthesis windows to overlapped signal sample blocks. The signal
sample blocks must have a 100% overlap, i.e., 50% of a given block is over-
lapped by the previous block, and 50% of the same block is overlapped by
the following block. Figures 6a-6g 55    illustrate the overlapping of
signal sample blocks and the resulting cancellation of alias distortion.
Signals [err](t) and [err](t) shown in Figure 6a and 6d, recovered from the
inverse DCT and DST, are weighted by window func- tions [err](t) and
[err](t) respectively, shown in Figures 6b and 6e, to produce signals
[err](t) and [err](t) shown in Fig- ures 6c and 6f. When the overlapped
blocks of these windowed signals are added, the alias components are 14   



EP0524264B1 cancelled and the resulting signal y(t) shown in Figure 6g is
an accurate reconstruction of the original input signal x(t). Window design
and overlap-add used during the synthesis process is discussed below in
more detail. It is sufficient at this point to notice that omitting half
the transform blocks halves the required bit rate, but the 5
100%windowoverlap required for E-TDAC during signal synthesis doubles the
required bit rate. Consequently, E-TDAC is critically sampled and has a
neutral effect upon the required bit rate. The computation algorithm used
for E-TDAC is the Fast Fourier Transform (FFT). See Cooley and Tukey, "An
Algorithm for the Machine Calculation of Complex Fourier Series," Math.
Comput., vol. 19, 1965, pp. 297- 301. A single FFT can be used to perform
concurrently the modified DCT and modified DST of equal length 10  signal
sample blocks by defining each block respectively as the real and imaginary
components of a single complex transform. This technique exploits the fact
the FFT is a complex transform, yet both input signal sam- ple blocks
consist only of real-valued samples. By factoring these transforms into the
product of one FFT and an array of complex constants, the DCT coefficients
emerge from the FFT as the set of real values and the DST coefficients are
represented bythe set of imaginary values. Therefore the DCT of one signal
sample block 15  can be concurrently calculated with the DST of another
signal sample block of equal length by only one FFT followed by complex
array multiplication and additions. The basic technique of using one FFT to
concurrently calculate two transforms is well known in the art and is
described in Brigham, The Fast Fourier Transform, Englewood Cliffs, NJ:
Prentice-Hall, Inc., 1974. Ad- ditional information regarding the
concurrent calculation of the modified DCT and modified DST for the E- 20
TDAC transform may be found in Lookabaugh,"Variable Rate and Adaptive
Frequency Domain Vector Quan- tization of Speech, "Stanford, CA: Stanford
University, PhD Thesis, June, 1988. In one embodiment of a one-channel
version of the invention, two adjacent overlapped maximum length signal
sample blocks are stored in buffers and transformed together into a DCT/DST
block pair. As shown in Figure 7a, this block pair constitutes a frame.
Both blocks within the frame are subsequently quantized and 25  formatted
for transmission or storage. In two-channel systems, concurrent block
transforms may be calculated by processing a maximum length signal sample
blockfrom each of the two channels: a DCT block is generated for one
channel, and a DST block is generated for the second channel. This block
pair constitutes a frame. See Figure 7b. The coded blocks for a given
channel alternate between the DCT and DST (see expression 5), and are
always of the opposite type 30  from that of the other channel's blocks.
Both blocks in the frame are transformed and formatted together. For a
preferred embodiment of the invention, however, concurrent processing of
the forward transform Is more complex because the present invention may
adaptivelyselectthe signal sample block length, the analysis window or
analysis-synthesis window pair, and the transform. As will be discussed
below, adaptive changes in the block length may also require changes in the
forward transform phase term (see equation 6) and the 35  transform length.
The basic methods which may be used to switch between block lengths are
described below. B. Signal Analysis: Transient Detection The transient
detector depicted by box 110 in Figure Ia for a preferred embodiment of the
invention rep- 40  resents a specific implementation of input signal
analysis. An embodiment using only transient detection will be described
before other forms of signal analysis are discussed as alternative
embodiments. The transient detector monitors the Input signal for rapid
changes in amplitude and selects short signal sample blocks when
sufficiently large changes in amplitude are detected. As discussed above,
quantization errors will cause a discrete transform coder to smear spectral
components of transient signals throughout the 46  signal sample block
interval. For example, compare Figures 8a, 8b, and 8c. The signal graph in
these figures is scaled to clearly show the low-level signal preceding the
transient. The extreme amplitude of the transient signal exceeds the range
of the graph and is not shown. Figure 8a shows the original signal before
transform coding. Figure 8b illustrates the recovered signal from a
nonadaptive block length transform coder using a 512 sample block length.
The transient's high-frequency component modulates the music signal
throughout the 50  sample block, but it is most apparent prior to the
transient. This distortion is not objectionable in coders using short
signal sample blocks because the distortion is contained within the shorter
block and is psychoacoustically masked by the transient. The transient
detector may select higher temporal resolution in exchange for poorer
transform f liter bank selectivity by adaptively se- lecting a shorter
block length when it determines that a shorter block is required to insure
temporal psychoa- 55  coustic masking of transient signal distortion
artifacts. Acomparison of Figures 8b and 8c illustrates this effect. 



As shown in Figure 8c, the high-frequencydistortion component preceding the
transientextends overa shorter period of time for a signal recovered from
an embodiment of the invention which has shifted to a 256 sample block than
is the case shown in Figure 8b for a coder using a 512 sample block. 15
EP 0 524 264 B1 Decreased filter bank selectivity is generally not
objectionable within the signal sample subblock which contains the
transient because the poorer filter bank performance will be masked by the
transient signal. De- graded coder performance may be audible, however, in
shorter subblocks which precede or follow the block containing the
transient. It is important, therefore, to minimize the interval during
which the coder utilizes a 5   shorter block length. A preferred embodiment
of the transient detector is comprised of four sections. The first section
is a high- pass filter (HPF) which excludes lower frequency components from
the transient detection process. The HPF Is implemented as a fourth-order
recursive digital filter. The filter, shown schematically in Figure 9, may
be expressed as a pairof difference equations as shown in equations 7 and 8
below. The equivalent transferfunc- 10  tion is shown in equation 9. [ERR]
The HPF cutoff frequency is 2 kHz for a preferred embodiment of the
invention with a 1024 sample maximum 20   block length. This cutoff
frequency was established empirically with listening tests. The values of
the coeffi- cients for the difference equations and the transfer function
are shown in Table I. A preferred embodiment of the invention with a
maximum block length of 512 samples uses an HPF with a cutoff frequency of
4 kHz. The coefficients for this filter cutoff frequency are shown in Table
II. The second section of the transient detector segments the high-pass
filtered signal samples Into a hier- 25  archical subframe of subblocks. In
a preferred embodiment of the invention, a three-level hierarchy is used.
See Figure 10. Half of a 1024 sample maximum length block is placed on
level 1. On level 2, half of the signal sample block is segmented into two
subblocks of 256 samples each. On level 3, half of the signal sample block
is segmented into four subblocks of 128 samples each. In general, the
subblock length may be expressed as [ERR] where NJ = length of subblock on
level j, N = length of maximum length signal sample block, and M = number
of levels in the segmentation hierarchy. 35  Although level 0 is not used
by the transient detector, it conceptually represents the maximum length
signal sample block. Hence, [err] = N. The third section of the transient
detector is a peak amplitude detector. The time-domain signal sample with
the largest magnitude is identified for each subblock in all hierarchical
levels within the current subframe. The subblock peak amplitudes are
represented as 40 [ERR] 45 where [err] = the nth signal sample of a
subblock N/2 samples long, j = the subframe hierarchical level number, k =
the subblock number within level j, and so        N = length of maximum
length sample block. The notation [err] is used to represent the peak
amplitude of the last subblock on level j in the prior subframe immediately
preceding the first subblock on level j in the current subframe. See Figure
11. For example, [err] in the preceding subframe is represented as [err]
for the current subframe. The fourth section of the transient detector is a
threshold comparator. The first stage of this section pre- 55   vents the
transient detector from changing block lengths during signal passages with
only low amplitude sig- nals. This is accomplished by setting the block
length to its maximum value for all signal sample blocks whose peak value
[err] does not exceed a "silence threshold" [err]. This threshold is
expressed as [ERR] 



16    EP 0 524 264 B1 where [err] = saturation value for signal samples
[err]. This value is the largest value a signal sample can attain before it
exceeds the representation range of the coder. For example, the saturation
value is 8,388,607 for a 24-bit binary integer two's complement
representation. The remainder of the transient detector is bypassed if the
peak value [err] does not exceed the silence 5   threshold. Otherwise, if a
transient is present, the comparator selects a smaller signal sample block
length appropriate for the transient present in the sampled signal. The
process performed in stages two and three of the comparator is better
understood if a conceptual description is given first. Conceptually, stage
two com- putesa setof ratios between peak amplitudesof adjacentsubblocks on
each level of the hierarchical subframe. These ratios are expressed as
[ERR] where j = the subframe hierarchical level number, k = the subblock
number within level j, and 15       - [err] = the subblock peak amplitude
(see equation 11). Each ratio [err] is compared to two thresholds. [err]
and  [err] represents the attack threshold for level j and is always
greater than one. [err] represents the decay threshold for level j and is
always less than one. Two sets of values for these thresholds are shown in
Tables III and IV. If the ratio of peak amplitudes crosses either
threshold, the transient detector will select a shorter signal sample block
length. This adaptive process is per- 20  formed by stage three and is
described in the following paragraphs. Before discussing the third stage,
it may be helpful to explain the differences between the sets of thresh-
olds shown in Tables III and IV. The thresholds in Table III implement a
transient detector which treats rising and falling transients identically,
that is, a specific increase in amplitude will result in selecting the same
block length as the same decrease in amplitude. The thresholds shown in
Table IV, however, require largerdecreases 25  in amplitude for a given
choice of shorter block length than is required for increases in amplitude.
This is be- cause, as discussed above, the ear's post-transient masking
interval is generally much longer than its pre- transient masking interval.
The third stage of the comparator constructs a tree of binary-valued nodes
as shown in Figure 12. Each node in the tree represents a potential
subblock length that may be selected within the current subframe. The 30
value for each node of this tree is determined from the expression [ERR] 35
where j = the subframe hierarchical level number, k = the subblock number
within level j, and [err] = the subblock peak amplitude ratio (see equation
13). 40   The nodes of the tree are then modified. Starting with the "leaf"
nodes of the tree (at level 3 in a preferred embodiment of the invention),
for each node whose value is equal to one, its parent node and all sibling
nodes are also set to one. An actual implementation of stages two and three
of the comparator differs from the conceptual descrip- tion given above
only in the form of the mathematical expressions. It should be appreciated
that the value of 45   the ratio expressed in equation 13 is undefined when
[err]  is zero. This problem is resolved by avoiding divi- sion, redefining
expression 14 to be [ERR] where j = the subframe hierarchical level number,
k = the subblock number within level j, and 55         [err] = the subblock
peak amplitude (see equation 11). The logic which constructs and modifies
the tree is illustrated by the flowchart in Figure 13. An example of a tree
before and after modification is shown in Figure 14. 17 



EP 0 524 264 B1 The fourth stage of the comparator prunes all zero nodes
from the tree. If the tree is comprised only of zero nodes,
thetransientdetectorwill indicatethattheframe controller, represented by
box 114 shown in Figure Ia, is allowed to use a maximum length sample block
if possible. Otherwise, the remaining leaf nodes determine the subblock
lengths. The subblock length for leaf nodes on level j is [err] as defined
in equation 10. Referring 5   to Figure 14forexample, the leaf nodes
remaining afterthe pruning process are  [err], and [err]. In a preferred
embodiment of the invention, the length for each of these subblocks will be
as shown in Figure 15. Figure 16 provides an example of the subblock
lengths selected for a signal segment containing a transient waveform. Note
thatfor a preferred embodiment of the invention using the E-TDAC transform,
the sum of the subblock lengths represented by the leaf nodes of the tree
constructed by the transient detector is always equal to N/2 10  samples.
This total equals the number of signal samples advanced during each pass
through the transient de- tector. Consequently, the transient detector has
to process a particular signal sample only once. It should be realized by
one skilled in the art that other transient detection and subblock length
selection schemes may be utilized without departing from the scope or
spirit of the invention. Furthermore, in a preferred embodiment of the
present invention which is described below, window funo- 15  tions and
transforms are selected according to the signal sample block length
specified by the transient de- tector portion of the invention. The
windowing function or the transform may be selected directly from transient
characteristics without departing from the scope or purpose of the present
invention. C. Windowing 20 Unless the signal sample block is modified, a
discrete transform will erroneously create nonexistent spec- tral
components because the transform assumes the signal in the block is
periodic. See Figure 17. These trans- form errors are caused
bydiscontinuities atthe edges of the block as shown in Figure 18. These
discontinuities may be smoothed to minimize this effect. Figures 1 9a
through 1 9d illustrate how a block is modified orweighted 26  such that
the samples nearthe block edges are close to zero. The multiplier circuit
shown in Figure 1 9a weights the sampled input signal x(t) shown in Figure
1 9b by the weighting function shown in Figure 1 9c. The resultant signal
is shown in Figure 19d. This process is represented by box 112 in Figure
Ia. This weighting function, called an analysis window, is a
sample-by-sample multiplication of the signal sample block. As discussed
above, analysis windows have been thesubjectof considerable study because
its shape has significanteffects 30  upon digital filter performance.
Briefly, a good window permits steeper transition band rolloff for a given
level of depth of stopband rejection, and permits correction of its
weighting effects. Window design is discussed below in more detail. The
choice of window is also affected by the signal sample block length
selected by the transient detector. Because the coder adapts the signal
sample block length according to transient signal conditions, the coder 35
must also chose an analysis window with the appropriate shape and length.
This process of choosing an ana- lysis window in response to the signal
sample block length selected by the transient detector is performed by the
frame controller represented by box 114 in Figure Ia. The frame controller
is discussed in more detail below. It should be noted at this point
thatwhen the transient detector calls fora reduced block length, the window
selected for subblocks may degrade filter selectivity below that achievable
with a window for a full-length block 40  because it may not be symmetric
or go to zero at both of its edges. As discussed above, use of a suboptimal
windowwill degrade filterselectivity in the forward and inverse transforms.
Nevertheless, suboptimal windows must be chosen for two reasons as will be
shown below: (1) the discrete forward and inverse transforms used in the
preferred embodiment of the invention impose requirements upon the window
shape in order that time- domain aliasing distortion may be cancelled, and
(2) the composite analysis/synthesis window shape must be 45  such that
adjacent overlapped windows sum to unity across the overlap interval. For a
given window function W (a preferred window function will be discussed in
more detail below), the notation [err] will be used to represent a complete
window which starts at or near zero, rises to a value at or nearone after
[err]/2 samples, and falls to a value at or nearzero after [err]/2 samples.
The total length of a window [err] may be expressed as [ERR] where notation
[err] = subblock length on level x (see equation 10). Window [err] is
symmetric if a equals b. Con- sistent with this notation, the full-length
window used to weight a maximum length signal sample block will be 



denoted by Woo. 55      A partial window which starts at or near a value of
zero and rises to an ending value at or near one after [err]/2 samples is
represented by the notation [err]. A partial window which starts at or near
a value of one and falls to an ending value at or near zero after [err]/2
samples is represented by the notation [err]. A family of windows is shown
in Figure 20. For example, window [err] is represented by the curve formed
18    EP 0 524 264 B1 by the union of windows [err] and [err]. Window W32
is represented by the union of windows [err] and [err]. D. Frame Control 5
Box 114 in Figure Ia represents the processes which control the choice of
an analysis window and the se- lection of transform in accordance with the
output of the transient detector. These processes control the ac- tivities
needed to process a signal frame and are described below. Considerations
for performing concurrent transforms with a single FFT are discussed
briefly. 10 1. Fixed-Frame Alignment In one embodiment of the invention
using the E-TDAC transform, Fixed-Frame Alignment (FFA) permits concurrent
processing of transforms for not only pairs of full-length signal sample
blocks, but also for pairs of subblocks. FFA produces constant length
frames, therefore the alignment of frame boundaries is fixed or syn- 15
chronous. FFAis limited, however, to choosing subblock lengths which are
one-half the maximum signal sample block length. The transient detector for
FFA, therefore, is simpler than that described above in that the hier-
archical subframe has only one level. Figures 21 a through 21c each
illustrate a sequence of windowed signal sample blocks in a single-channel
system. Block A and block B represent two blocks that have been transformed
concurrently by a single FFT. 20   Blocks C and D would have been
transformed concurrently were it not for the selection of a shorter block
length due to the occurrence of a transient. In Figure 21a, a transient
occurs in the second half of block C (in subblock [err]) and the first half
of block D (in subblock [err]). The coder need only shift to a N/2 point
transform for the four subblocks within blocks C and D. The window that is
used for subblocks [err] and [err] is [err], and the window that is used
for subblocks Cb 25 and Db is [err]. Windows [err] and [err] are suboptimal
because they do not go to zero at both edges. As shown in Figure 22a, use
of a suboptimal window causes significant degradation in filter bank
selectivity. Although poorer coder performance in the subblock containing
the transient will generally be masked by the transient, degraded
performance may be audible in the shorter length subblocks preceding and
following the subblock containing the transient. It is desirable,
therefore, to resume use of the maximum length signal sample blocks 30 as
quickly as possible after the transient condition subsides. Two different
E-TDAC transform phase terms are required by FFA for aliasing cancellation.
Figure 23a shows two adjacentoverlapped full-length signal sample blocks
recovered from the inverse modified DCTand Inverse modified DST before
overlap-add of the adjacent blocks has cancelled time-domain aliasing. The
re- covered signal is composed of two components: the windowed original
signal (solid line), and time-domain ali- 35 asing distortion (dotted
line). The aliasing component is a time-reversed replica of the windowed
original signal, but time reversal occurs in two separate regions. The
phase term m for the E-TDAC transform (see equations 1 and 2) controls the
location of the boundary between these two regions. For normal E-TDAC, the
boundary is located at the mid-point of the signal sample block. The
required phase term is shown in equation 6. Figure 23b shows two adjacent
overlapped transform blocks recovered from an embodiment of the present 40
invention using FFA as it shifts to a shorter subblock length. A
full-length block has been recovered from the inverse modified DCT. A
half-length block has been recovered from the inverse modified DST. The
allasing component in the DCT block is the same as before. But if
overlap-add of adjacent blocks is to cancel aliasing, the aliasing
component in the first DST subblock must be completely time-reversed
end-for-end. Hence, a dif- ferent phase term m is required for the
subblock. End-for-end reversal of the aliasing component is required 45 for
all subblocks. The appropriate phase term is [ERR] It can be shown that the
phase term may be written in the more general form [ERR] where [err] =
location of boundary between time-reversal regions, expressed as a number
of samples from the 



right-hand or trailing edge of the sample block. This equation represents
an expression for a case more general than is required for FFA, but it is
necessary for other frame control techniques discussed below. For example,
Figure 23c illustrates a signal sample block divided into two subblocks and
weighted by two 55 windows. The right-hand subblock and window are N/4
samples in length. Within this subblock, the boundary between regions is at
a point N/8 samples from the right-hand or trailing edge of the subblock.
The phase term required to cause time-reversal of the aliasing component
within each region of the N/4 sample subblock is 19    EP 0 524 264 B1
[ERR] where N = maximum signal sample block length. 5      Forthe example
shown in Figure 21a, asingle FFTcan be used to concurrently process a
DCTforsubblock [err] and a DST for sub block [err]. Likewise, a single FFT
can concurrently process a DCT for subblock [err] and a DST for subblock
[err]. Concurrent processing of maximum length blocks can resume with
blocks E and F. The example shown in Figure 21b is only slightly different
from that shown in Figure 21a. The transient shown in Figure 21b occurs in
the second half of block D (in subblock Db). In this case, the concurrent
proc- 10 essing of transforms by a single FFT requires that the shorter
subblock length be used over a longer interval than the case shown in
Figure 21 a. Hence, poorer coder performance caused by degraded f ilter
bank selec- tivity is Impaired over a longer interval. DCT/DST block pairs
can be concurrently processed for subblock pairs [err], and [err].
Concurrent processing of maximum length blocks can resume with blocks G and
H (blocks G and H not shown). The phase term forthe subblocks required by
E-TDAC foralias cancellation 15 is the same as that shown above in equation
16. The position of the transient shown in Figure 21c is the same as that
shown in Figure 21b, but the proc- essing sequence is slightly different.
For the example shown in Figure 21c, the full-length block C is trans-
formed alone. Subblock pairs [err] and [err] are transformed concurrently.
Concurrent processing of maxi- mum length blocks can resume with blocks F
and G, however, the earlier block of the block pair is now trans- 20 formed
by a DST. This sequence permits an embodiment of the invention to resume
maximum block-length coding more quickly, however, a faster processor is
required because the number of calculations required to transform blocks C
through F is about 20 % greaterthan that required forcoding the sequence
using concurrent transforms for fixed length blocks. 25 2. Enhanced
Fixed-Frame Alignment A preferred embodiment of the present invention uses
a technique called Enhanced Fixed-Frame Align- ment (EFA) which produces a
fixed orsynchronous frame alignment, but allows use of subblock lengths
which are power-of-two submultiple of the maximum signal sample block
length. In one embodiment of the invention, 30 the EFAtechnique may use
signal sample block lengths of 1024, 512, 256, and 128 samples. (As will be
shown below, a 64 sample subblock length will also be used in certain
cases.) This limitation in length to power-of- two submultiples is not very
restrictive in actual practice, however, because FFT implementations of
discrete transforms perform more efficiently for block lengths which are a
power of two. Before EFAcan be fully described, it is necessary to
introduce the concept of a "bridge transform." Abridge 35 transform is one
which bridges the shiftfrom one signal sample block length to another. For
example, as shown in Figure 24, suppose the present invention is called
upon to process one subblock of N/2 samples followed by another subblock of
N/4 samples. It would be possible to perform a separate transform for each
subblock. Note, however, that the N/2 subblock would be windowed by [err],
and the N/4 subblock would be windowed by [err]. Both windows are clearly
suboptimal, causing significant degradation in filter selectivity. See
Figure 40 22a for example. Abridge transform minimizes filterselectivity
degradation by avoiding the use of [err] and [err] type windows. Forthe
example shown in Figure 24, a bridge transform allows a single transform to
use one [err] window rather than requiring two transforms using separate
[err] and [err] windows, respectively. The bridge transform, in ef- fect,
transforms a single subblock of 3N/4 samples. As may be seen by comparing
Figures 22a and 22b, the 45 filter response curve for a [err] window
function is superior to that for window function [err] or other partial
win- dow. Figure 24 also shows the time-reversal regions required by the
bridge transform for time-domain aliasing cancellation. The boundary
between time-reversal regions is at the mutual edges of the two subblocks
con- 



taining the signal samples to be transformed by the bridge transform. This
boundary is located N/4 samples 50 from the right-hand edge of the two
bridged subblocks. Hence, from equation 17 the required phase term for a
N/2 to N/4 bridge transform is seen to be [ERR] 55 where N = maximum signal
sample block length. The single bridge transform shown in Figure 24 may be
calculated by using an FFT to compute the trans- form for three N/4
subblocks followed by a recombination operation. This technique is well
known in the art. See Oppenheim and Schafer, Digital Signal Processing,
Englewood Cliffs, N.J.: Prentice-Hall, Inc., 1975, pp. 20    EP 0 524 264
B1 307-314. The FFT with this recombination operation can also be used to
concurrently process two E-TDAC bridge transforms. The pre- and
postprocessing required for concurrent processing is the same for bridge
trans- forms as that described by Brigham and Lookabaugh for normal
full-length E-TDAC transforms. It is Important to note, however, that
concurrent processing in E-TDAC is possible onlyfor a modified DCT and
modified DST 5   which have the same length and the same phase terms.
Concurrent processing is often used to permit an embodiment of the
invention to use slower processors. There Is little advantage gained,
however, by concurrent processing for a single-channel version of the
Inven- tion using EFA. The processor chosen for an embodiment using
concurrent processing should be capable of handling aworst-case
single-transient event. The separate transformation of all full-length
blocks imposes only 10   a slightly greater work load upon the processor
than does the worst-case single-transient event. Therefore, only a slightly
faster processor is needed to implement a single-channel version of the
current invention using EFAwithout concurrent processing than would be
required to implement the invention using EFA with concur- rent processing.
Concurrent processing can be advantageous in two-channel systems if both
channels are always coded 15  using the same block lengths. This may be
accomplished by selecting subblock lengths for both channels from one
binary tree. This tree is constructed from a Boolean "or" combination of
corresponding nodes in two sep- arate trees, each separate tree built by
processing each channel through its own transient detector. The following
explanation of EFApertains to a single-channel embodimentof the invention,
and Itassumes that concurrent processing is not performed. 20      The
flowcharts shown in Figures 26a through 26f illustrate a logic flow which
can be used to control the frame control process for EFA. An overview of
the process is shown in Figure 26a. The initialization step rep- resented
by box 2600 is shown in Figure 26b. The body of the process is comprised of
four main sections. The first section of frame control, shown in Figure
26c, sets the subblock length. A queue is examined to determine if any
transient detector binary tree nodes remain unprocessed. If not, the
transient detector proc- 26   esses the next N/2 signal samples, constructs
the binary tree as described above, and places into the queue the level of
each leaf node. The first entry is removed from the queue and assigned to
[err]. This value defines the desired length for the "current" subblock.
Symbol [err] represents the tree node level for the "previous" sub- block.
If no transients were detected and the transient detector has indicated a
block length of N samples may be used, i.e., [err] = 0, then flag PARTIAL
must be tested to determine if the encoder is permitted to resume full- 30
length block processing. If not, J, is forced to a value of one setting the
subblock length to N/2 samples. Section two of frame control, shown in
Figure 26d, determines the required analysis window, transform length, and
E-TDAC phase term. The chosen window is [err], where is established by the
value of [err] and y is established by the value of [err]. The transform
length and phase term are determined in a similar fashion as shown In
Figure 26d. 35      Section three is illustrated in Figure 26e. This
section selects the type of transform required by examining flag TYPE. This
binary flag indicates whether the modified DCT or modified DST should be
performed. The fourth section of frame control is shown in Figure 26f. If
[err] and [err] are both zero, then it is known that a full-length
transform was just performed. Both flags PARTIAL and BRIDGE are cleared.
Otherwise, flag BRIDGE is toggled. Immediately prior to the
clearing/toggling step, this flag indicates whether a normal or 40 bridge
transform was used for the current transform. The flag TYPE is toggled, and
the current subblock length [err], is assigned to Jo. As shown in Figure
26a, if flag BRIDGE is clear, processing continues with section one by
getting the next 



subblock length. Otherwise, the PARTIAL flag Is toggled and processing
continues with section two. Figure 25 illustrates a sequence of windowed
signal sample blocks in a single-channel system. Atransient 45   occurs in
the second half of block C and the first half of block D. The binary tree
constructed by the transient detector for this subframe is shown in Figure
14. The corresponding lengths specified for each subblock are shown in
Figure 15. The coder processes block C by first using a bridge transform of
length 9N/16 samples with a [err] window. Next, one transform of length N/8
samples is used with a W33 window. Next, a bridge trans- form of length
3N/1 6 samples is used with a W32 window. The remaining N/8 samples in
block C are held for 50   processing in a bridge transform in the following
subframe with the start of block E. The coder transforms the first half of
block D with two transforms of length N/8 samples and one transform of
length N/4 samples. A W33 window is used for both N/8 sample subblocks and
a W22 window is used for the N/4 sample subblock. The second half of block
D is transformed by one N/2 length transform using a [err] win- dow. All
windows used in the D subblock are optimal. 55      The use of bridge
transforms and asymmetric windows permits E-TDAC to cancel time-domain
aliasing by using a phase term as calculated by equation 17. The
time-reversal regions and corresponding phase terms required for this
sequence of blocks are shown in Figure 25. 21    EP0524264B1 3.
Dynamic-Frame Alignment Dynamic-Frame Alignment (DFA) with the E-TDAC
transform is able to select any subblock length L pro- vided Lis even and
greaterthan orequal to four, however, a practical embodimentof the
invention implemented 5   by a FFTuses only subblock lengths which are a
power-of-two submultiple of the maximum signal sample block length. This is
because the FFT performs most efficiently for transform lengths which are
powers of two. DFA does not permit concurrent processing of transforms for
pairs of subblocks in most cases, but DFA does im- prove coder performance
overthat possible with FFAor EFAby allowing the coderto return to maximum
length signal sample blocks immediately after the transient condition has
passed. Therefore, DFA will generally pro- 10 duce transform block frames
of varying length. DFA is very similar to EFA. The major difference between
the two techniques is that unlike EFA, DFA is not constrained to maintain a
fixed or synchronous frame alignment. DFA is free to truncate the current
block frame and immediately shift back to a full-length signal sample
block. EFA, on the other hand, must insure that appropriate subblock
lengths are used to finish the current frame before resuming full-length
block proc- 15 essing. The DFAframe control process differs from EFA frame
control in only a few respects. These differences are explained with
reference to the flowcharts shown in Figures 26a, 26c, and 26f. First, flag
PARTIAL is not toggled as shown in box 2660 of Figure 26a, but is always
set to zero. Second, no test is required to determine If the tree-node
queue is empty as shown in box 2611 of Figure 26c because the queue will
always be empty. 20 Third, flag BRIDGE is not toggled as shown in box 2644
of Figure 26f, but rather is always set to zero. The DFAdetectordoes not
always advance through N/2 newsamples for each iteration. Assuming the
tran- sient detector selected a shift to a subblock length of N/8 samples
for the current subblock, the transient de- tector advances by only N/8
signal samples before processing the next subframe. Thus, unlike for EFA,
the DFA transient detector may examine a given signal sample more than
once. 26      Figure 27 illustrates a sequence of windowed signal sample
blocks in a single-channel system. Blocks A and B are full-length blocks. A
transient occurs in the second half of block C. The following discussion
assumes that the transient detector selected a shift to two subblocks of
length N/8 samples. The coder begins processing block C with a bridge
transform of length 9N/16 samples using a [err] window. Block C, which is a
truncated block, is finished by a transform of length N/8 samples using a
W33 window. A 30   bridge transform of length 9N/16 samples is used with a
[err] window in block E to shift back to full-length block processing. The
coder transforms truncated block D with two transforms of length N/8
samples. Block F, a full-length block, begins immediately after the
truncated block D. Note that the block frame boundary has shifted by 314 of
a full-block length. 35 F. Coefficient Quantization and Formatting 



Frequency coefficients as generated by the forward transform are generally
not suitable for low bit-rate transmission or efficient storage. Various
quantization techniques may be used to reduce bit requirements by 40 taking
advantage of a signal's redundancy and irrelevancy. For example, see Jayant
and Noll, Digital Coding of Waveforms, Englewood Cliffs, N.J.:
Prentice-Hall, Inc., 1984, pp. 563-576. This process is represented by box
118 in Figure 1a. The formatting process assembles the quantized transform
coefficients and signal sample block length for transmission or storage.
This process is represented by box 120 in Figure 1a. In a preferred
embodiment 45   of the invention, a specific sequence of subblock lengths
are represented by an index into a table of all possible sequences of
subblock lengths. For example, one table entry would represent the sequence
of subblock lengths N/2, N/8, N/8, and N/4 samples. Another entry would
represent the sequence of eight N/8 sample sub- blocks. Frame
synchronization bits and errordetection/correction codes may be used as
needed fordata formatted 50 for transmission. Database pointers or keys may
be added as needed for data formatted for storage. The for- matted frame is
now ready for transmission or for storage along path 122 shown in Figure
1a. The DFAtechnique imposes greater complexity upon signal formatting. A
preferred implementation of DFA formatting utilizes a circular buffer. When
the appropriate number of data bits representing transform coeffi- cients
and side information have been buffered, that data may be formatted,
appended to frame synchroni- 55   zation bits, and transmitted or stored.
This permits the formatted frame to have a constant length. Consequent- ly,
with DFA the formatted frame is no longer equivalent to a transform-block
frame. A DFA formatted frame is not guaranteed to contain the same number
of transform blocks. Hence, accuracy of transform block length information
as received by the decoder is very critical and should be protected by some
method such as re- 22    EP 0 524 264 B1 dundancy or error correction
codes. Corruption of the transform block length will prevent the decoder
from properly decoding that transform block and all subsequent blocks until
transform block synchronization is re- established. 5   G. Deformatting and
Coeff icient Linearization A deformatting process takes place when the
digitized and coded signal is received from signal channel 132, either by
receipt of a transmitted signal orretrieved from storage. The deformatting
process is represented by box 134 in Figure 1b. Deformatting extracts the
quantized transform coefficients and any side information 10   passed by
the encoder. The transform coefficients are converted into a linear form of
representation by using a process which is the inverse of that used to
quantize the coefficients in the encoder. This process Is repre- sented by
box 136 in Figure 1 b. The signal sample block length is used to choose the
appropriate synthesis window function and set the length of the inverse
transform. 15   H. Synthesis Filter Bank - Inverse Transform Box 138 in
Figure 1 b represents a bank of synthesis filters which transform each set
of frequency-domain transform coefficients recovered from the deformatting
and linearization procedures into a block of time- domain signal samples.
An inverse transform from that used in analysis filter bank 116 in Figure
1a implements 20  synthesis filter bank 138. The inverse discrete
transforms for E-TDAC used in an embodiment of the invention are
alternating applications of a modified inverse DCT and a modified inverse
DST. The length of each trans- form Is set equal to each signal sample
block length extracted from the formatted signal. The required phase term
Is calculated in the same manner as that done in the encoder portion of the
invention, described above. Because half of the transform coefficients are
omitted from transmission or storage (see expressions 3 25  and 4), those
coefficients must be recreated for the inverse transforms. The missing DCT
coefficients may be recreated from the available DCT coefficients as shown
in equation 19. The missing DST coefficients may be recreated as shown in
equation 20. The inverse modified DCT is expressed in equation 21, and the
inverse modif led DST is expressed in equation 22. [ERR] 35 where k =
transform coefficient number, n = signal sample number, 



45        N = sample block length, m = phase term for E-TDAC (see equation
6), [err](k) = quantized DCT coefficient k, [err](k) = quantized DST
coefficient k, and [err](n) = recovered quantized signal x(n). 50
Figures 4a-4e and 6a-6g illustrate the transform process of the
analysis-synthesis filter banks. The ana- lysis filter bank transforms the
time-domain signal into an alternating sequence of DCT and DST blocks. The
inverse transform applies the inverse DCT to every other block, and applies
the inverse DST to the other half of the blocks. As shown in Figures 5a-5d,
the recovered signal contains aliasing distortion. This distortion is
cancelled during a subsequent time-domain block overlap-add process
represented by box 144 in Figure 1b. 55   The overlap-add process is
discussed below. Calculations for the inverse transform are performed using
an FFT algorithm. The same techniques as those employed in the forward
transform may be used forthe inverse transform to permit
concurrentcalculation of both the inverse modified DCT and the inverse
modified DST using a single FFT. 23    EP 0 524 264 B1 The frame control
process represented by box 140 in Figure 1b controls the alignment of
subblock pairs and the choice of the phase term required by the inverse
E-TDAC transform to cancel time-domain allasing. This process is
substantially the same as the frame control process used in the encoder
portion of the inven- tion. 5 1. Synthesis Window Figures 6a-6g illustrate
cancellation of time-domain aliasing by the overlap-add of adjacent
time-domain signal sample blocks. As derived by Princen and Bradley, to
cancel time-domain aliasing distortion, the E- 10  TDAC transform requires
the application of a synthesis window identical to the analysis window and
an overlap- add of adjacent blocks. Each block is overlapped 100%; 50% by
the previous block and 50% by the following block. Synthesis-window
weighting is represented by box 142 in Figure 1b. The analysis and
synthesis windows must be designed such that the analysis-synthesis
product-window always sums to unity when two adjacent product-windows are
overlapped. The overlap-add process is repre- 15 sented by box 144 in
Figure 1b, and illustrated in Figures 6a-6g. Signals [err](t) and [err](t),
recovered from the inverse DCT and DST respectively, are shown in Figures
6a and 6d. Each signal is grouped into a series of blocks. Each signal
block is weighted by the synthesis-window functions shown in Figures 6b and
6e. The re- suiting blocks of signals [err](t) and [err](t) are shown in
Figures 6c and 6f. The two signals. overlapped by one- half block length.
are added to produce signal y(t). shown in Figure 6g. Signal y(t) is an
accurate reconstruction 20  of the original input signal. As shown in
Figure 28, a signal sample at some time not within the overlap interval
between block k and block k+1 is represented by a sample in each of the two
blocks. Following an overlap-add of the two windowed blocks, the recovered
signal sample at time [err] is seen to be the sum of the samples from
windowed blocks k and k+1, which may be expressed as [ERR] where [ERR]
[err] = analysis window in block k at time [err], [err] = synthesis window
in block k at time [err], and 30     [err] = [err] as required by the
E-TDAC transform. The product-window weighting effects are cancelled if the
sum of the two adjacent product-windows across the window overlap interval
equals unity. Therefore, signal x(nt) may be accurately recovered if [ERR]
for all time samples nt within the overlap interval between block k and
block k+1. 36      Although any window with the appropriate overlap-add
properties may be used as a basis for deriving an analysis-synthesis window
pair, the window used in a preferred embodiment of the invention is derived
from a Kaiser-Bessel window with an alpha value in the range of from 4 to
7. See equation 25. 



[ERR] where a = Kaiser-Bessel alpha factor, n = window sample number, N =
window length in number of samples, and 45 [ERR] The derivation convolves a
Kaiser-Bessel window with a rectangular window of length equal to the block
length minus the overlap interval. See equation 26. This equation may be
simplified to that shown in equation 27. 55 24    EP0524264B1 [ERR] 15
where n = product-window sample number, v = number of samples within window
overlap interval, N = desired length of the product-window, W(n) =
beginning window function of length v+1, 20        WP(n) = derived
product-window of length N, and [ERR] 26 Fora preferred embodimentofthe
invention using the E-TDAC transform, the analysis and synthesiswin- dows
are obtained by taking the square root of the derived product-window WP(n).
The analysis and synthesis windows have adaptive lengths of 1024, 512, 256,
and 128 samples with a 100% window overlap (N/2 sam- ples). The analysis
window function is shown in equation 28. 30 [ERR] where 40        N [err]
{128, 256, 512, 1024}, and W(n) = Kaiser-Bessel function of length N+1; the
alpha factor is in the range 4 to 7. J. Signal Output 45 Box 146 in Figure
1 b represents a conventional digital-to-analog converterwhich generates a
varying ana- log signal in response to a digital input. The digital input
is obtained from the 16 most significant bits of the 24-bit integer words
produced by the overlap-add process. The analog output should be filtered
by a low-pass filter, shown in box 148 of Figure 1b, to remove spurious
high-frequency components. In a preferred embodi- 50   ment of this
invention, the nominal cutoff frequencyfor this filter is 20 kHz. The
recovered audio signal, suitable for amplification, is available at output
terminal 150 shown in Figure 1b. III. ALTERNATIVE O-TDAC IMPLEMENTATION OF
INVENTION 55      An alternative embodiment of the invention employs a
transform referred to as Oddly-Stacked Time- Domain Aliasing Cancellation
(O-TDAC). The following description discusses the differences between the
E- TDAC and O-TDAC implementations of the invention. 25    EP 0 524 264 B1
A. Forward Transform O-TDAC utilizes a transform function which is a
modified Discrete Cosine Transform (DCT), shown in equation 29. 



5 [ERR] 10 where k = frequency coefficient number, n = Input signal sample
number, N = sample block length, 15        m = phase term for O-TDAC (see
equation 6), x(n) = quantized value of input signal x(t) at sample n, C(k)
= DCT coefficient k. The O-TDAC transform produces a set of spectral
coefficients or transform blocks of the form 20 [ERR] 25 where I = signal
sample block number, and C(k) = DCT coefficient (see equation 29). 30
The computation algorithm used is the Fast Fourier Transform (FFT). Unlike
the E-TDAC version, the 0- TDAC implementation cannot use a single FFT to
concurrently transform two signal sample blocks. The N2 computational
complexity of the transform can be reduced to [err], however, by employing
a technique sim- ilar to the premultiply-transform-postmultiply process
used In the E-TDAC version. The premultiply step con- verts the real valued
sequence of signal samples x(n) into a complex valued sequence by
multiplying the signal 35  samples by the complex function [ERR] where j=
[err] n = input signal sample number, and N = sample block length. A
Discrete Fourier Transform implemented by a FFT converts the modified
signal samples into a set of transform coefficients. Because the FFT is a
complex transform, the real and imaginary parts of the modified signal
sample set can be transformed concurrently. Finally, a postmultiply step
obtains the DCT coefficients. This process is represented below in
equations 32 and 33. [ERR] where 50        j=[err], n = input signal sample
number, N = sample block length, k = frequency coefficient number, m =
phase term for O-TDAC (see equation 6), 55        R(k) = real part of
coefficient X*(k), Q(k) = imaginary part of coefficient X*(k), and C(k) =
DCT coefficient k. In a preferred embodiment for a one-channel version of
the invention, each signal sample block is trans- 26    EP 0 524 264 B1
formed separately using an FFT. One block constitutes a frame. In
two-channel systems, signal sample blocks from each of the two channels are
transformed by two FFT processes into a [err] block pair. This block pair
constitutes a frame. Princen, Johnson, and Bradley showed that with the
proper phase component m (see equation 6) and a 5   carefully designed pair
of analysis-synthesis windows, the O-TDAC technique can accurately recover
an input signal from a sequence of cosine transform blocks of the form
[ERR] 



The O-TDAC transformation and alias cancellation process is very similar to
that for the E-TDAC trans- form, and is illustrated in Figures 29a-29e,
30a-30d, and 31a-31g. The principal difference is the form of the 10  alias
component. For the first half of the sampled signal block, the alias
component is a time reversed image of the input signal about the
one-quarter point of the sample block, but the sign of its amplitude is
inverted from that of the input signal. For the second half of the sampled
signal block, the aliasing is time reversed about the three-quarter point
of the sample block with no change in sign. See Figures 30b and 30d. The
design and use of analysis and synthesis windows is identical to that for
E-TDAC. See Figures 31a- 15  31g. The frame alignment techniques discussed
above for E-TDAC apply equally well here. No additional considerations to
those needed for E-TDAC are required to use adaptive signal sample block
lengths with O-TDAC except the choice of transform phase term used for the
FFA technique. The phase term required for aliasing cancellation is
illustrated in Figure 32 which shows signal sample blocks C through E, a
sequence of three overlapped full-length transform blocks recovered from
the inverse O-TDAC transform. 20  Blocks D and E are segmented into
subblocks according to the FFA technique. To accomplish aliasing
cancellation by overlap-add, the aliasing component in subblocks [err] and
[err] must be reversed in time and inverted in amplitude from that of the
windowed original signal. Note in Figure 31a that this reversal/inversion
property is manifested by the aliasing component in the left-hand region
for 0- TDAC. Therefore, the boundary between reversal regions must be
placed at the right-hand edge of the sub- 25  block. From equation 17, we
know that the phase term required for subblocks [err] and [err] is [ERR]
The aliasing component in subblocks Db and Eb is reversed in time only.
This property is manifested in the right-hand region for O-TDAC. Therefore,
the boundary between reversal regions must be placed at the 30  left-hand
edge of the subblock. From equation 17, the required phase term is seen to
be [ERR] where N = maximum signal sample block length. 35      The general
rule for determining the phase term for O-TDAC using FFA is as follows. The
transform for the first subblock within each full-length block uses the
phase term shown in equation 35. The transform for all full-length blocks
and for the second subblock within each full-length block uses the phase
term shown In equation 36. 40  B. Inverse Transform Half of the DCT
coefficients are omitted from transmission or storage, and are recreated
from the available DCT blocks using the relationship shown in equation 37.
The inverse modified DCT is shown in equation 38. 45 [ERR] so  where k =
transform coefficient number, n = signal sample number, N = sample block
length, m = phase term for E-TDAC (see equation 6). 55        [err](k) =
quantized DCT coefficient k. and [err](n) = recovered quantized signal
x(n). The O-TDAC implementation of the inverse transform may reduce
computational complexity from N2 to [err] by employing a similar
premultiply-transform-post multiply process as that described above for the
27    EP0524264B1 forward O-TDACtransform. This process converts the
real-valued DCTcoefficients into asetof modified com- plex valued
coefficients. concurrently transforms the real and imaginary parts of the
modified coefficients using a single inverse FFT (IFFT), and obtains the
time-domain signal from postmultiplication. as shown In the following
equations. [ERR] where j= [err] 10        m = phase term for O-TDAC (see
equation 6), 



N = sample block length, k = frequency coefficient number. n = input signal
sample number, r(n) = real part of sample x*(n), 15       q(n) = imaginary
part of sample x*(n), and [err](n) = recovered quantized signal x(n).
Subsequent windowing, overlap-adding, and signal output processing is
identical to that described above for the E-TDAC implementation of the
invention. 20  C. Adaptive Use of the E-TDAC and O-TDAC Transforms From the
foregoing discussion, it should be appreciated by one skilled in the art
that it is also possible to adaptively select between the E-TDAC and the
O-TDAC transforms. The process of choosing analysis and synthesis windows
is the same as that described above. The calculation of the phase terms
required for time- 25  domain aliasing cancellation conforms to the same
principles discussed above. In orderto insure aliasing can- cellation,
however, the form of the time-domain alias component restricts the manner
in which the present in- vention can shift between the two TDAC transforms.
Generally stated, a shift to the O-TDAC modified DCT following the E-TDAC
modified DCT, or to the E- TDAC modified DST following the O-TDAC modified
DCT may be made at any time. A shift to the O-TDAC 30  modified DCT
following the E-TDAC modified DST, or to the E-TDAC modified DCT following
the O-TDAC modified DCT may not be made unless it is accompanied by a shift
to a half-block length with appropriate ad- justments to the transform
phase term as discussed above. Transform selection may be used to improve
coder performance fortransients orforany othersignal char- acteristic of
interest. For example, by switching between these two TDAC transforms, a
coder/decodersystem 35  can improve the coding of single-tone signals by
adaptively shifting the nominal frequency of the transform coefficients. As
discussed above, the ear's critical bands have variable center frequencies
that adapt to au- ditory stimuli. A coder that can shift the center
frequency of its subbands may be able to improve psychoa- coustic masking
effects for single-tone signals or signals dominated by a single frequency.
An encoder or decoder thatshifts between O-TDAC and E-TDAC will shift the
centerfrequency of its sub- 40  bands because of the difference in
transform coefficient bandwidthsforthe two transforms. As shown in Figure
33a, E-TDAC transform coefficient zero (the DC component) and coefficient
N/2 have bandwidths equal to one-half the bandwidth of all othertransform
coefficients. Forthe O-TDAC transform, however, each transform coefficient
is of equal bandwidth. See Figure 33b. In a preferred embodiment of the
invention using a 1024 sample block sampled at 44.1 kHz, it is possible to
move the nominal frequency of transform coefficient one, 45   for example,
from 21.5 Hz to 43 Hz by merely shifting from the E-TDAC transform to the
O-TDAC transform. Asignal analyzer, represented by box 110 in Figure 1a,
that may be used in an embodiment of the invention which selects between
the E-TDAC and O-TDAC transforms may be implemented by another transform
with a length twice that of the transforms used in the analysis filter
bank. Using the spectral information from the signal analyzer transform,
frame controller 114 can establish which if any spectral components are
dominant, 50   and whatthefrequency of that component is within one-half
the bandwidth of a filter banktransform coefficient. The frame controller
can then select the TDAC transform whose subband center frequency is
closest to that of the dominant component. IV. ALTERNATIVE IMPLEMENTATIONS
OF INVENTION 55 The E-TDAC transform is preferred for most applications,
however, the signal processing resources re- quired for a E-TDAC coder are
greater than that required for coders using other transforms such as the
Discrete 28    EP 0 524 264 B1 Fourier Transform (DFT). Using a DFT, a
coder may be implemented which requires less memory and proc- essing speed.
The basic structure of the DFT embodiment of the invention is identical to
that shown in Figures 1a and 1b except that synthesis window 142 is not
used. The following description discusses the differences between the DFT
and E-TDAC transform embodi- 5   ments of the invention. A. Transient
Detector and Frame Control 



The logic of the transient detector described above for the E-TDAC
embodiment is identical in concept to 10  thatforthe DFT embodiment except
that the detector analyzes the samples for an entire block ratherthan only
for one-half of a block. Hence, the frame control process, while similar in
concept to that of E-TDAC, selects the subblock lengths for one full block
length at a time rather than just for the half-block subframe length. B.
Windowing 15 This analysis window is different from that used by the E-TDAC
coder because of differences between the E-TDAC transform and the DFT. It
is important to choose a window design which reduces the amount of input
signal sample block overlap because an analysis system implemented by a DFT
is not critically sampled, I.e., the transmission rate or data storage
requirements is doubled forthe signal samples in the overlap interval. 20
Thus, a preferred window fora full-length 1024 sample block as used in a
DFT embodiment of the Invention exhibits a gain of unity over a large
interval, thereby reducing the block overlap length from N/2 (512) samples
to 16 samples. This reduction degrades the digital filterstopband
rejection, but it incurs only a modest increase in data rate over that for
non-overlapping windows. Awindow in a family of DFT windows is derived
similarly to that used to derive the product window WP(n) 25  for the
E-TDAC embodiment. For the DFT embodiment, the kernel Kaiser-Bessel
function is 17 samples In length and has an alpha factor within the range
of 1.5 to 3. See equation 25. The DFT analysis window Is ob- tained from
the convolution product of the Kaiser-Bessel window and a rectangular
window. For window WOO, the length of the rectangular window is 1008
samples (the block length of 1024 samples minus the overlap interval of 16
samples). Similarly for window [err], the length of the rectangular window
is 112 samples (or 128 30  - 16). Substituting these values into equation
27, the two window functions are seen to be [ERR] 45 where W(n) =
Kaiser-Bessel function of length 17, and the alpha factor is in the range
1.5 to 3. C. Analysis Filter Bank - Forward Transform 50      The DFT
implements the filter bank and is expressed as [ERR] 55 where j = [err], k
= frequency coefficient number, 29    EP0524264B1 n = input signal sample
number, N = maximum signal sample block length, x(n) = quantized value of
input signal x(t) at sample n, and X(k) = transform frequency coefficient
k. 5 D. Synthesis Filter Bank - Inverse Transform The DFT implements the
inverse filter bank and is expressed as [ERR] where 15 k = frequency
coefficient number, n = input signal sample number, N = maximum signal
sample block length, x(n) = recovered quantized signal x(t) at sample n,
and 20        X(k) = transform frequency coefficient k. E. Synthesis Window
As mentioned above, the DFT does not require the use of a synthesis window.
25 F. Other Transforms 



Any orthogonal transform may be used without departing from the spirit or
purpose of the invention. Ap- plying the considerations discussed above for
the DFT, it is also possible to adaptively select any orthogonal 30
transform according to the presence of signal transients or any other
signal characteristic. For example, an embodiment of the present invention
may normally employ the conventional DCT shown in equation 45, but select
the conventional DST shown in equation 46, or the DFT discussed above, to
encode subblocks with transient signals. The inverse DCT and inverse DST
are shown in equations 47 and 48, respectively. 35 [ERR] where k =
frequency coefficient number, n = input signal sample number, 55        N =
maximum signal sample block length, x(n) = quantized value of input signal
x(t) at sample n, X(k) = transform frequency coefficient k, and 30    EP 0
524 264 B1 [ERR] 5 As discussed earlier, the DCT generally provides
superior coder gain for signals characterized by low-fre- quency
components, but the DFT generally performs better for signals characterized
by high-frequency com- ponents. More particularly, as discussed by Jayant
and Noll. a DCT provides superior coding gain for a signal 10  whose first
normalized autocorrelation coefficient is 0.95 or higher, but a DFT
provides superior coding gain for a signal whose first normalized
autocorrelation coefficient is -0.95 or lower. The first normalized
autocor- relation coefficient is defined as [ERR] 15   where [err](1) and
[err](0) are the first and zeroth autocorrelation coefficient,
respectively, the [err] autocorrelation coefficient is defined as [ERR] 20
An embodiment of the present invention which adaptively selects the DCT and
DFT may be implemented using a signal analyzer, represented by box 110 in
Figure 1a, which calculates the first normalized autocorre- lation
coefficient for each signal sample block, and a frame controller,
represented by box 114 in Figure 1a, 25   which selects the DCT for a block
whenever p, for that block exceeds a threshold such as 0.8, but otherwise
selects the DFT. G. Enhanced Filter Selectivity 30      The preceding
discussion of preferred and alternate embodiments of the invention have
discussed encod- ers and decoders which adaptively shift to shorter block
lengths when higher than normal temporal resolution Is required. Yet
another alternative embodiment of the invention shifts to longer block
lengths when higherthan normal frequency resolution is required. One
measure of signal characteristics which indicates that higher frequency
resolution is required is the 35  Inverse of the "Spectral Flatness
Measure" (SFM) as described by Jayant and Noll, Digital Coding of Wave-
forms, Englewood Cliffs, NJ: Prentice-Hall, Inc., 1984, pp. 56-58. The SFM
describes the shape of a signal's powerspectral density by a single number
which ranges in value from 0 to 1. The SFM is inversely proportional to
waveform predictability. A value of 1 describes an unpredictable signal
with the properties of white noise. A value of zero describes a signal
which is perfectly predictable. 40      An embodiment of the present
invention which adaptively selects longer block lengths may be implement-
ed using a signal analyzerwhich calculates the SFM, and a frame controller
which selects a longer block length whenever the inverse of SFM exceeds a
threshold in the range of 10 to 15. It should be appreciated by one skilled
in the art that it is possible to detect and analyze many input signal
characteristics, and for adapting the block length, analysis window or
analysis-synthesis window pair, and the 45  transform in response thereto.
50 



55 31    EP 0 524 264 B1 Tables 5                           [err]
-1.641731            0.678759 [err]    -1.809110            0.853238 [err]
[err] 10               [err]   0.830277             -1.659936
0.830277 [err]   0.941365            -1.878653                0.941365
Table I Coefficients for 2 kHz High-Pass Filter 15 [err]     [err] 20
[err]     -1.266438             0.416893 [err]     -1.517035
0.709569 [err]               [err]                      [err] [err]
0.671333            -1.340665                0.671333 [err]   0.852569
-1.690380                0.852569 Table II Coefficients for 4 kHz High-Pass
Filter Subframe Subblock        Threshold Ratios Level No. Length
[err]        [err] 1       512          5.0        0.2000 35
2        256         10.0       0.1000 3       128          13.3
0.0752 Table III Transient Detector Attack-Decay Thresholds Subframe
Subblock        Threshold Ratios Level No. Length         [err]
[err] 1       512          10.0       0.1000 2       256          13.3
0.0752 3       128          15.8       0.0625 50
Table IV Transient Detector Attack-Decay Thresholds 55 Claims 1. An
encoderfor the encoding of input samples representing a discrete time
signal and particularly a music 32    EP 0 524 264 B1 Tables [err] [err]
-1.641731            0.678759 [err]     -1.809110            0.853238 [err]
[err]                       [err] 10               [err]   0.830277
-1.659936               0.830277 [err]   0.941365           -1.878653
0.941365 Table I Coefficients for 2 kHz High-Pass Filter 15 



[err] [err]    -1.266438            0.416893 20
[err]      -1.517035            0.709569 [err]                [err]
[err] [err]   0.671333           -1.340665                0.671333 25
[err]   0.852569            -1.690380                0.852569 Table II
Coefficients for 4 kHz High-Pass Filter 30 Subframe Subblock
Threshold Ratios Level No. Length        [err]         [err] 1       512
5.0        0.2000 35                     2        256         10.0
0.1000 3       128         13.3       0.0752 Table III Transient Detector
Attack-Decay Thresholds Subframe Subblock       Threshold Ratios Level No.
Length        [err]       [err] 45 1       512         10.0       0.1000 2
256          13.3       0.0752 3       128          15.8      0.0625 50
Table IV Transient Detector Attack-Decay Thresholds 55 Claims 1. An encoder
for the encoding of input samples representing a discrete time signal and
particularly a music 32    EP0524264B1 signal, comprising control means
(110,114) for grouping said input samples into sample blocks having a
length equal to a sample block length, analysis-window means (112) for
generating analysis-window weighted blocks by weighting said 5       sample
blocks with one or more analysis-window functions, and transform means
(116) for generating spectral information by applying a discrete transform
to said analysis-window weighted blocks, wherein said control means
comprises a transform adapting means responsive to one or more char-
acteristics of said discrete time signal for selecting said discrete
transform from a plurality of discrete 10      transforms and/or adapting
said discrete transform which is a signal-independent transform. 2.  An
encoder according to claim 1 wherein said control means (110,114) comprises
means for segmenting each of said sample blocks into subblocks, and means
(110) for detecting in which of said subblocks an event having said one or
more character- 15      istics occurs. 3.  An encoder for the encoding of
input samples representing a discrete time signal and particularly a music
signal, comprising control means (110,114) for grouping said input samples
into sample blocks having a length equal 20      to a sample block length,
said means comprising either a) first means for segmenting each of said
sample blocks into one or more levels of subblocks having different
subblock lengths, and a first means for detecting the occurrence of a
transient whenever an amount of increase in amplitude or decrease in
amplitude between a high-pass filtered representation of said discrete time
signal in adjasent subblocks in each of said one or more levels of
subblocks ex- 25         ceeds one or more trigger thresholds, or 



b) second means for detecting the occurrence of a transient whenever an
amount of increase In am- plitude of a high-pass filtered representation of
said discrete time signal over an interval substantially the same as or
less than said sample block length exceeds one or more attack thresholds,
oran amount of decrease in amplitude of said high-pass filtered
representation of said discrete time signal over an 30        interval
substantially the same as or less than said sample block length exceeds one
or more decay thresholds, and analysis-window means (112) for generating
analysis-window weighted blocks by either weighting one ormore of said
subblocks with one or more analysis-windowfunctions if said control means
comprises said first means, or 35            weighting said sample blocks
with one or more analysis-window functions if said control means comprises
said second means, and transform means (116) for generating spectral
information by applying a discrete transform to said analysis-window
weighted blocks, 40            wherein said control means, in response to
the output of either said first means for detecting or said second means
for detecting, controls at least one of adapting said sample block length,
adapting a subblock length, adapting said one or more analysis windows,
adapting said discrete transform, and se- lecting said discrete transform
from a plurality of transforms. 45   4.  An encoder according to claim 3
wherein said control means comprises a transform adapting means for
adapting said discrete transform and/orselecting said discrete transform
from a plurality of discrete trans- forms. 5.  An encoder according to
claim 3 or 4 wherein said one or more trigger thresholds comprise a
hierarchy of thresholds, each level of said hierarchy of thresholds
corresponding to a respective one of said one or more levels of subblocks.
6. An encoder according to claim 3, 4 or 5 wherein said first means for
detecting detects the occurrence of a transient whenever said increase in
amplitude exceeds said one or more trigger thresholds which con- stitute
one or more attack thresholds, or said decrease in amplitude exceeds one or
more trigger thresh- 55       olds which constitute one or more decay
thresholds. 7.  An encoderaccording to anyof claims 1 through 6 wherein
said control means (110,114) is notresponsive to the occurrence of said one
or more characteristics or said transient, respectively for portions of
said 33    EP 0 524 264 B1 discrete time signal having an amplitude which
does not exceed a silence threshold. 8. An encoder according to any of
claims 1 through 7 wherein said control means (110,114) comprises a means
for adapting a subblock length, wherein said means segments each of said
sample blocks into sub- 5       blocks and said analysis-window means
weights each subblock with one or more analysis-window func- tions. 9. An
encoder according to any of claims 1 through 8 wherein said control means
(110,114) comprises a length adapting means for adapting said sample block
length. 10. Anencoderaccording to claim 8 or 9wherein said control means
(110,114) comprises awindowadapting means for adapting said one or more
analysis-windowfunctions in response to the adapted sample block length and
the adapted subblock length, respectively. 11. An encoder according to any
of claims 1 through 9 wherein said control means (110,114) comprises a 15
window adapting means for adapting said one or more analysis-window
functions. 12. An encoder according to claim 10 or 11 wherein said window
adapting means adapts said one or more analysis-window functions by
adapting one or more parameters affecting the shape of said one or more
analysis-window functions and/or selecting said one or more analysis-window
functions from a plurality 20      of functions. 13. An encoderaccording to
claim 8 or9 oranyof claims 10 through 12 in combination with claim 8
or9where in said control means comprises a meansforadapting and/orselecting
said discretetransform in response to the adapted sample block length and
the adapted subblock length, respectively. 25 



14. An encoder according to claim 1, 2 or4 or any of claims 5 through 13 in
combination with claim 1, 2 or4 wherein said transform adapting means
adapts said discrete transform by adapting one or more para- meters
affecting the kernel function of said discrete transform. 30  15. An
encoder according to any of claims 1 through 14 wherein said control means
(110,114) further com- prises means forestablishing the frequency of a
dominant spectral componentofsaid discrete time signal, means for
determining a difference frequency between the frequency of said dominant
spectral component and the center frequency of a subband for each transform
in a set of transforms comprising 35     a plurality of discrete
transforms, and means for selecting said discrete transform from said set
of transforms such that said difference frequency is substantially
minimized. 16. An encoder according to any of claims 1 through 15 wherein
said analysis-window weighted blocks com- 40      prise real valued samples
and the application of said discrete transform substantially corresponds to
the Evenly-Stacked Time-Domain Aliasing Cancellation technique, said
transform means comprising means for multiplying real valued samples in
pairs of said analysis-window weighted blocks by a first complex function
to obtain complex-valued modified sample sets, means for applying a Fast
Fourier Transform against said complex-valued modified sample sets, and
means for multiplying the results of the transformation by a second
complexfunction to obtain said spectral information. 17. An encoder
according to any of claims 1 through 15 wherein said analysis-window
weighted blocks com- prise real valued samples and the application of said
discrete transform substantially corresponds to the 50      Oddly-Stacked
Time-Domain Aliasing Cancellation technique, said transform means
comprising means for multiplying real valued samples in said
analysis-window weighted blocks by a first com- plex function to obtain
complex-valued modified sample sets, means for applying a Fast Fourier
Transform against said complex-valued modified sample sets, and 55
means for multiplying the results of the transformation by a second complex
function to obtain said spectral information. 34    EP 0 524 264 B1 18. An
encoder according to any of claims 8 or 9 or any of claims 10 through 17 in
combination with claim 8 or9 wherein said transform means effectively
applies a single discrete transform to pairs of said analysis- window
weighted blocks. 5   19. An encoderaccording to claim 1, 2 or4 orany of
claims 5 through 18 in combination with claim 1, 2or4 wherein said discrete
transform is a TDAC transform and said transform adapting means adapts a
TDAC transform phase parameter of said discrete transform. 20. Adecoderfor
the decoding of a coded signal comprising representations of spectral
components of a dis- 10      crete time signal and particularly a music
signal, wherein said decoder comprises inverse control means (140) for
grouping said representations of spectral components into spectral blocks
having a length equal to a spectral block length, and transform means for
generating sample blocks by applying an inverse discrete transform to said
spectral blocks, 15            wherein said control means comprises a
transform adapting means responsive to said coded signal forselecting said
inverse discrete transform from a plurality of inverse discrete transforms
and/or adapting said inverse discrete transform which is a
signal-independent transform. 21. A decoder according to claim 20 wherein
said inverse control means (140) further comprises a means for adapting
said spectral block length. 20 22. A decoder according to claim 20 or 21
wherein said inverse control means (140) further comprises a means
foradapting one or more synthesis-window functions, said
decoderfurthercomprising a synthesis- window means for generating output
samples by weighting said sample blocks with said one or more syn- 



thesis-window functions. 26 23. A decoder according to claim 20 through 22
wherein said inverse control means (140) further comprises a means for
adapting a subblock length, wherein said means segments said spectral
blocks into subblocks and said transform means applies said inverse
discrete transform to each of said subblocks. 30  24. A decoder according
to any of claims 20 through 23 wherein said representations of spectral
components are real valued and the application of said inverse discrete
transform substantially corresponds to the Evenly-Stacked Time-Domain
Aliasing Cancellation technique, said transform means comprising means for
multiplying said representations of spectral components in pairs of said
spectral blocks by a first complex function to obtain complex-valued
modified spectral sets, 35            means forapplying an Inverse
FastFourierTransform against said complex-valued modified spec- tral sets,
and means for multiplying the results of the transformation by a second
complex function to obtain pairs of said sample blocks. 40 25. A decoder
according to any of claims 20 through 23 wherein said representations of
spectral components arerealvalued and the application of said inverse
discretetransformsubstantiallycorrespondstotheOdd- ly-Stacked Time-Domain
Aliasing Cancellation technique, said transform means comprising means for
multiplying said representations of spectral components by a first complex
function to obtain complex-valued modified spectral sets, 45
means for applying an Inverse Fast Fourier Transform against said
complex-valued modified speo- tral sets, and means formultiplying the
results of the transformation by a second complexfunction toobtain said
sample blocks. 50   26. Adecoderaccording to claim 21 oranyof claims 22
through 25 in combination with claim 21 wherein said transform means
effectively applies a single inverse discrete transform to pairs of said
spectral blocks. 27. Adecoder according to claim 23 or any of claims 24
through 25 in combination with claim 23 wherein said transform means
effectively applies a single inverse discrete transform to pairs of said
subblocks. 55   28. A decoder according to any of claims 20 through 27
wherein said inverse discrete transform is a TDAC transform and said
transform adapting means adapts a TDAC transform phase parameter of said
inverse discrete transform. 35    EP0524264B1 PatentansprOche 1.
Codiererfurdie Codierung von Eingangsabtastwerten, die ein diskretes
Zeitsignal, und insbesondere ein Musiksignal, reprasentieren, umfassend: 5
Steuermittel (110, 114) zur Gruppierung der Eingangsabtastwerte in
Abtastwertblocke mit einer Lange gleich einer Abtastwertblocklange,
Analyse-Fenstermittel (112) zur Erzeugung von Analyse-Fenster-gewichteten
Blacken durch Ge- wichtung der Abtastwertbl6cke mit einer oder mehreren
Analyse-Fensterfunktionen, und Transformationsmittel (116) zur Erzeugung
von Spektralinformationen durch Anwenden elner dis- 10      kreten
Transformation auf die Analyse-Fenster-gewichteten Blacke, wobei die
Steuermittel Transformationsanpassungsmittel umfassen, welche auf elne
odermehrere Charakteristiken des diskreten Zeitsignals ansprechen, um die
diskrete Transformation aus elnerVielzahl diskreter Transformationen
auszuwahlen und/oder die diskrete Transformation, die eine signalunabhan-
gige Transformation ist, anzupassen. 15 2.  Codierer nach Anspruch 1, bei
dem die Steuermittel (110, 114) umfassen: Mittel zur Segmentierung jedes
der Abtastwertbl6cke in Teilbl6cke und Mittel (110) zur Ermittlung, in
welchem der Teilbl8cke ein Ereignis, weiches die eine oder mehreren
Charakteristiken aufweist, auftritt. 20 3.  Codierer fur die Codierung von
Eingangs-Abtastwerten, die ein diskretes Zeitsignal, und insbesondere 



sin Musiksignal, reprasentieren, umfassend: Steuermittel (110, 114) zum
Gruppieren der Eingangs-Abtastwerte in Abtastwert-Bl6cke mit einer Lange
gleich einer Abtastwertblockliange, wobei die Mittel umfassen entweder 25
a) erste Mittel zur Segmentierung jedes der Abtastwertbl6cke in eine oder
mehrere Ebenen von Tell- blocken mit unterschiedlichen Teilblocklangen, und
erste Mittel zur Feststellung des Auftretens einer Transienten, wann immer
der Betrag einer Amplitudenzunahme oder Amplitudenabnahme zwlschen siner
hochpassgefilterten Reprasentation des diskreten Zeitsignals in
benachbarten Teilblocken in je- dem dereinen odermehreren Ebenen von
Teilblocken einen odermehrere Triggerschwellenwerte Ober- 30
steigt, oder b) zweite Mittel zur Feststellung des Auftretens
einerTransienten, wann immer der Betrag sinerAmp- litudenzunahme einer
hochpassgefilterten Reprasentation des diskreten Zeitsignals Ober sin
Intervall Imrwesentlichen gleich derodergeringerals dieAbtastwertblocklange
einen odermehrere Einschwing- schwellenwerte ubersteigt, oder der Betrag
einerAmplitudenabnahme der hochpassgefilterten Repri- 35         sentation
des diskreten Zeitsignals Ober ein Intervall im wesentlichen gleich der
oder geringer ale die Abtastwertblocklange einen oder mehrere
Ausschwingschwellenwerte Obersteigt, und Analyse-Fenster-Mittel (112) zur
Erzeugung von Analyse-Fenster-gewichteten Blocken durch ent- weder
Gewichten eines oder mehrerer der Teilblocke mit einer oder mehreren
Analyse-Fensterfunktlo- 40       nen, wenn die Steuermittel die ersten
Mittel umfassen, oder Gewichten der Abtastwertbl6cke mit einer oder
mehreren Analyse-Fensterfunktionen, wenn die Steuermittel die zweiten
Mittel umfassen, und Transformationsmittel (116) zur Erzeugung von
Spektralinformation durch Anwenden elnerdlskre- ten Transformation auf die
Analyse-Fenster-gewichteten Blcke, 45            wobei die Steuermittel,
als Antwort auf die Ausgabe entweder der ersten Mittel zur Feststellung
oderderzweiten Mittel zur Feststellung, wenigstens eines von Anpassung
derAbtastwertblocklinge, An- passung einer Teilblocklange, Anpassung des
einen oder der mehreren Analyse-Fenster, Anpassung der diskreten
Transformation und Auswahl der diskreten Transformation aus einer Vielzahl
von Transforma- tionen steuert. 4.  Codierernach Anspruch 3, bei dem die
Steuermittel Transformationsanpassungsmittel zurAnpassungder diskreten
Transformation und/oder zur Auswahl der diskreten Transformation aus einer
Vieizahl diskrster Transformationen umfassen. 5.  Codierer nach Anspruch 3
oder 4, bei dem der sine oder die mehreren Triggerschwellenwerte sine Hier-
archie von Schwellenwerten umfassen, wobei jede Ebene der Hierarchie von
Schwellenwerten einerJe- weiligen der einen oder mehreren Ebenen von
Teilbl8cken entspricht. 36 I 11111llllll 11     I.1 11I11    EP 0 524 264
B1 S. Codierer nach Anspruch 3, 4 oder 5, bei dem die ersten Mittel zur
Feststellung das Auftreten einer Tran- sienten feststellen, wann immer die
Amplitudenzunahme den einen oder die mehreren Triggerschwellen- werte
Obersteigt, die einen oder mehrere Einschwingschwellenwerte darstellen,
oder die Amplitudenab- nahme einen oder mehrere Triggerschwellenwerte
Cbersteigt, die einen oder mehrere Ausschwingschwel- 5       lenwerte
darstellen. 7.  Codierer nach einem derAnspruche 1 - 6, bei dem die
Steuermittel (110, 114) nicht aufdas Auftreten der einen oder mehreren
Charakteristiken bzw. der Transienten bei Teilen des diskreten Zeitsignals
anspre- chen, die eine Amplitude aufweisen, welche einen Ruheschwellenwert
nicht Gbersteigt. 10 S.  Codierer nach einem derAnsprOche 1 - 7, bei dem
die Steuermittel (110, 114) Mittel zurAnpassung einer Teilblockiange
umfassen, wobei die Mittel jeden der Abtastwertbl6cke in Teilbl6cke
segmentieren und die Analyse-Fenster-Mittel jeden Teilblock mit einer oder
mehreren Analyse-Fensterfunktlonen gewichten. 9.  Codierer nach einem der
Anspruche 1 - 8, bei dem die Steuermittel (110, 114) Langenanpassmittel zur
Anpassung der Abtastwertblocklange umfassen. 10. Codierer nach Anspruch 8
oder 9, bei dem die Steuermittel (110, 114) Fensteranpassmittel
zurAnpassung 



der einen oder mehreren Analyse-Fensterfunktionen als Reaktion auf die
angepallte Abtastwertblocklan- ge bzw. die angepal3te Teilblocklinge
umfassen. 20 11. Codierer nach einem der Anspruche 1 - 9, bei dem die
Steuermittel (110, 114) Fensteranpassmittel zum Anpassen der einen oder
mehreren Analyse-Fensterfunktionen umfassen. 12. Codierer nach Anspruch 10
oder 11, bel dem die Fensteranpassmittel die eine oder mehreren Analyse- 25
Fensterfunktionen dadurch anpassen, daft sie einen oder mehrere die Form
der einen oder mehreren Analyse-Fenster beeinflussende Parameter anpassen
und /oder die eine oder mehreren Analyse-Fen- sterfunktionen aus
einerVielzahl von Funktionen auswahlen. 13. Codierer nach Anspruch 8 oder 9
oder irgendeinem derAnspruche 10 bis 12 in Verbindung mitAnspruch 30
8oder9, bei dem die Steuermittel Mittel zumAnpassen und/oderAuswahlen
derdiskreten Transformation ale Antwort auf die angepalMe
Abtastwertblocklange bzw. die angepalte Teilblocklange umfassen. 14.
Codierer nach Anspruch 1, 2 oder 4 oder irgendeinem der Anspruche 5 - 13 in
Verbindung mit Anspruch 1, 2 oder4, bei dem die Transformationsanpassmittel
die diskrete Transformation dadurch anpassen, dal 35      sle einen oder
mehrere die Kernfunktion der diskreten Transformation beeinflussende
Parameter anpas- sen. 15. Codierer nach einem der Ansprache 1 - 14, bei dem
die Steuermittel (110, 114) ferner umfassen Mittel zur Ermittlung der
Frequenz einer dominanten Spektralkomponente in dem diskreten Zeit- 40
signal, Mittel zur Bestimmung einer Differenzfrequenz zwischen der Frequenz
der dominanten Spektral- komponente und der Mittenfrequenz eines Teilbandes
fOr jede Transformation in einem Satz von Trans- formationen umfassend eine
Vielzahl diskreter Transformationen, und Mittel zur Auswahl der diskreten
Transformation aus dem Satz von Transformationen derart, daB 45      die
Differenzfrequenz im wesentlichen minimiert wird. 16  Codierer nach einem
der AnsprOche 1 - 15, bei dem die Analyse-Fenster-gewichteten BlWoke reale
Ab- tastwerte enthalten und die Anwendung der diskreten Transformation im
wesentlichen der Evenly- Stacked Time-Domain Aliasing Cancellation Technik
entspricht, wobei die Transformationsmittel umfas- sen 60            Mittel
zum Multiplizieren realerAbtastwerte in Paaren
derAnalyse-Fenster-gewichteten BI8cke mit einer ersten komplexen Funktion
zum Erhalt komplexwertiger modifizierter Abtastwertsatze, Mittel zum
Anwenden einerschnellen Fourier-Transformation auf die komplexwertigen
modifkzier- ten Abtastwertsatze, und Mittel zum Multiplizieren der
Ergebnisse der Transformation mit einer zweiten komplexen Funktion c5
zum Erhalt der Spektralinformation. 17. Codierer nach einem der Anspruche 1
- 15, bei dem die Analyse-Fenster-gewichteten Bl8cke reale Ab- 37 1
L|11  111111111111    EP 0 524 264 B1 tastwerte enthalten und das Anwenden
der diskreten Transformation im wesentlichen der Oddly-Stacked Time-Domain
Aliasing Cancellation Technik entspricht, wobel die Transformationsmittel
umfassen Mittel zum Multiplizieren realerAbtastwerte in Paaren
derAnalyse-Fenster-gewichteten Bl8cke mit einer ersten komplexen Funktion
zum Erhalt komplexwertiger modifizierter Abtastwertsatze, 5
Mittel zum Anwenden einerschnellen Fourier-Transformation auf die
komplexwertigen modifizier- ten Abtastwertsatze, und Mittel zum
Multiplizieren der Ergebnisse der Transformation mit einerzwelten komplexen
Funktlon zum Erhalt der Spektralinformation. 10  1. Decoder nach einem der
Ansprulche 8 oder 9 oder einem der Anspriche 10 - 17 in Verbindung mit An-
spruch 8 oder9, bei dem die Transformationsmittel effektiv eine einzige
diskrete Transformation auf Paare derAnalyse-Fenster-gewichteten Bl6cke
anwenden. 19. Codierer nach Anspruch 1 , 2 oder 4 oder einem der Anspr~che
5 - 18 in Verbindung mit Anspruch 1, 2 16      oder 4, bei dem  die
diskrete  Transformation  eine  TDAC-Transformation  ist und  die
Transformationsanpassmittel einen TDAC-Transformations-Phasenparameter der
diskreten Transforma- 



tion anpassen. 20. Decoder zum Decodieren elnes codierten Signals, das
Reprasentationen von Spektralkomponenten ei- nes diskreten Zeitsignals, und
insbesondere eines Musiksignals, enthalt, wobei der Decoder umfait inverse
Steuermittel (140) zum Gruppieren der Reprasentationen der
Spektralkomponenten in Spektralblocke mit einer LAnge gleich einer
Spektralblocklange, und Transformationsmittel zum Erzeugen von
Abtastwertblicken durch Anwenden einer inversen dis- kreten Transformation
auf die Spektralblocke, 25            wobei die Steuermittel
Transformationsanpassmittel umfassen, die auf das codierte Signal anspre-
chen, um die inverse diskrete Transformation aus einer Vielzahl inverser
diskreterTransformationen aus- zuwahlen und/oder die inverse diskrete
Transformation, die eine signalunabhangige Transformation ist, anzupassen.
21. Decodernach Anspruch 20, bei dem die inversen Steuermittel (140) ferner
Mittel zumAnpassen derSpek- 30      tralblocklange umfassen. 22. Decoder
nach Anspruch 20 oder 21, bei dem die inversen Steuermittel (140) ferner
Mittel zum Anpassen von einer oder mehreren Synthese-Fensterfunktionen
umfassen und der Decoder ferner Synthese-Fen- ster-Mittel zur Erzeugung von
Ausgangsabtastwerten durch Gewichtung der Abtastwertblocke mit elner 35
oder mehreren Synthese-Fensterfunktionen aufweist. 23. Decoder nach
Anspruch 20 - 22, bei dem die inversen Steuermittel (140) ferner Mittel zum
Anpassen einer Teilblocklange umfassen, wobei diese Mittel die
Spektralbl6cke in Teilbl6cke segmentieren und die Trans- formationsmittel
die inverse diskrete Transformation auf jeden der Teilbl6cke anwenden. 40
24. Decoder nach einem der AnsprUche 20 - 23, bei dem die Reprasentationen
von Spektralkomponenten realwertig sind und das Anwenden der inversen
diskreten Transformation im wesentlichen der Evenly- Stacked Time-Domain
Aliasing Cancellation Technik entspricht, wobei die Transformationsmittel
umfas- sen 45            Mittel zum Multiplizieren der Reprasentationen von
Spektralkomponenten in Paaren der Spektral- blocke mit einer ersten
komplexen Funktion zum Erhalt komplexwertiger modifizierter Spektralsatze,
Mittel zum Anwenden einer inversen schnellen Fourier-Transformation auf die
komplexwertigen modifizierten Spektralsitze, und Mittel zum Multiplizieren
der Ergebnisse der Transformation mit einer zweiten komplexen Funktion so
zum Erhalt von Paaren der Abtastwertblocke. 25. Decoder nach einem der
Ansprfche 20 - 23, bei dem die Reprasentationen von Spektralkomponenten
realwertig sind und das Anwenden der inversen diskreten Transformation im
wesentlichen der Oddly- Stacked Time-Domain Aliasing Cancellation Technik
entspricht, wobei die Transformationsmittel umfas- 5s       sen Mittel zum
Multiplizieren der Reprasentationen von Spektralkomponenten in Paaren der
Spektral- blocke mit einer ersten komplexen Funktion zum Erhalt
komplexwertiger modifizierter Spektralsatze, Mittel zum Anwenden einer
inversen schnellen Fourier-Transformation auf die komplexwertigen 38 C  L
S _    EP0524264B1 modifizierten Spektralsatze, und Mittel zum
Multiplizieren der Ergebnisse der Transformation mit einerzweiten komplexen
Funktlon zum Erhalt von Paaren der Abtastwertbl6cke. 26. Decoder nach
Anspruch 21 oder elnem der Anspruche 22 - 25 in Verbindung mit Anspruch 21,
be! dem die Transformationsmittel effektiv eine einzige inverse diskrete
Transfonmation auf Paare der Spektral- blocke anwenden. 27. Decoder nach
Anspruch 23 oder einem der Anspruche 24 - 25 in Verbindung mit Anspruch 23,
bei dem 10      die Transformationsmittel effektiv eine einzige inverse
diskrete Transformation auf Paare der Teilbl8cke anwenden. 28. Decoder nach
einem der Anspruiche 20 - 27, bei dem die inverse diskrete Transformation
eine TDAC- Transformation ist und die Transformationsanpassmittel einen
TDAC-Transformations-Phasenparameter 



der Inversen diskreten Transformation anpassen. 15 Revendications 1.
Codeur pour le codage d'6chantillons d'entr~eerepresentant un signal
discret dans le temps et en parti- culler, un signal de musique comprenant:
- des moyens de commande (110, 114) pour grouper lesdits echantillons
d'entr6e en blocs d'echan- tillonnage ayant une longueur egale A une
longueur de bloc d'echantillonnage; - un moyen de fenetre d'analyse (112)
pour generer des blocs A ponderation parfenetre d'analyse en 25
ponderant lesdits blocs d'echantillonnage par une ou plusieurs fonctions de
fenAtre d'analyse; et - un moyen de transformee (116) pour gen6rer une
information spectrale en appliquant une transfor- mee discrete auxdits
blocs ponderes par fen~tre d'analyse; codeurdans lequel lesdits moyens de
commande comprennent un moyen adaptatifde transfbrm6e sensible A une ou
plusieurs caracteristiques dudit signal discret dans le temps pour choisir
ladite trans- form6e discrete A partir d'une pluralite de transformees
discretes et/ou pour adapter ladite transform6e 30      discr~te qui est
une transformee dependant du signal. 2.  Codeurselon la revendication 1,
dans lequel lesdits moyens de commande (110, 114) comprennent un moyen de
segmentation de chacun desdits blocs d'echantillonnage en sous-blocs stun
moyen (110) pour detecter dans lequel desdits sous-blocs survient un
evenement ayant ladite ou lesdites caracteristiques. S5 3.  Codeur pour le
codage d'echantillons d'entr6e representant un signal discret dans le temps
et en parti- culler, un signal de musique, comprenant: - des moyens de
commande (110, 114) pour grouper lesdits echantillons d'entr6e en blocs
d'echan- tillonnage ayant une longueur egale A une longueur de blocs
d'echantillonnage, lesdits moyens 40          comprenant: - soit un premier
moyen poursegmenterchacun desdits blocs d'echantillonnage en un ou
plusleurs niveaux de sous-blocs ayant des longueurs differentes de
sous-bloc et un premier moyen pour detecter l'apparition d'une transitoire
chaque fois qu'une valeur d'augmentation d'amplitude ou de diminution entre
une representation filtree par passe-haut dudit signal discret dans le
temps 45             dans des sous-blocs adjacents de chacun dudit ou
desdits niveaux de sous-bloc d6passe un ou plusleurs seuils de
declenchement; - soit un second moyen pour detecter l'occurrence d'une
transitoire chaque fois qu'une valeur d'augmentation en amplitude d'une
representation filtree par passe-haut duditsignal discretdans le temps sur
un intervalle pratiquement 6gal ou inf6rieur a ladite longueur de blocs
d'6chantillon- 5D            nage depasse un ou plusieurs seuils d'attaque,
ou de diminution en amplitude de ladite repr6- sentation filtr6e par
passe-haut dudit signal discret dans le temps sur un intervalle
pratiquement egal ou inferieur A ladite longueur de bloc d'6chantillonnage
depasse un ou plusieurs seuils de declin; et - un moyen de fenetre
d'analyse (112) pourgenererdes blocs ponderes parfenetred'analysesoitpar 55
ponderation d'un ou de plusieurs desdits sous-blocs par une ou plusieurs
fonctions de fenetre d'ana- lyse si lesdits moyens de commands comprennent
ledit premier moyen, soit par pond6ration desdits blocs d'echantillonnage
par une ou plusieurs fonctions de fenatre d'analyse si lesdits moyens de 39
C 111111111111111 .    EP0524264B1 commande comprennent ledit second moyen;
et - un moyen de transformee (116) pourgen6rer une information spectrale
par application d'une trans- form6e discrete auxdits blocs ponderes par
fenetre d'analyse; codeur dans lequel lesdits moyens de commande, en
reponse A la sortie soit du premier moyen 5      de detection, soit dud it
second moyen de detection, commandent au moins une parmi l'adaptatbon de
ladite longueur de blocs d'echantillonnage, I'adaptation d'une longueur de
sous-bloc, I'adaptation de ladito ou desdites fenAtres d'analyse,
I'adaptation de ladite transformee discrete et la selection de ladite
transfor- m6e discrete a partir d'une pluralite de transformees. 



10  4.  Codeur selon la revendication 3, dans lequel lesdits moyens de
commando comprennent un moyen d'adaptation de transform6e pour adapter
ladite transformeo discrete et/ou pour choisir laditb transfor- mee
discrete A partir d'une pluralite de transformees discretes. S. Codeur
selon la revendication 3 ou 4, dans lequel ledit ou lesdits seuils de
declenchement comprennent 15      une hierarchie de seulls, chaque niveau
de ladite hierarchie de seulls correspondant A un niveau respectif dudit ou
desdits niveaux de sous-blocs. 6.  Codeurselon la revendication 3,4 ou 5,
dans lequel ledit premier moyen de detection detecte l'apparition d'une
transitoire chaque fois quo ladite augmentation d'amplitude depasse ledit
ou lesdits seuils de de- clenchement constituant un ou plusieurs seuils
d'attaque ou ladite diminution d'amplitude depasse un ou plusieurs seuils
de declenchement constituant un ou plusieurs seuils de declin. 7.
Codeurselon l'une quelconque des revendications I A 6, dans lequel lesdits
moyens de commando (110, 114) ne sont pas sensibles A l'apparition de
ladite ou lesdites caracteristiques ou de ladite transitoire, res-
pectivement pour des parties dudit signal discret dans lo temps ayant une
amplitude ne depassant pas 25      un soull de silence. 8. Codeurselon
l'une quelconque des revendications I A 7, dans lequel lesdits moyens de
commando (110, 114) comprennent un moyen d'adaptation d'une longueurde
sous-bloc, dans lequel ledit moyen segments chacun desdits blocs
d'echantillonnage en sous-blocs et ledit moyen de fenetre d'analyse pondere
cha- 30      quo sous-bloc par une ou plusieurs fonctions de fenetre
d'analyse. 9. Codeurselon l'une quelconque des revendications 1 A 8, dans
lequel lesdits moyens de commando (110, 114) comprennent un moyen
d'adaptation de longueur pour adapter ladite longuourde bloc d'echantillon-
nage. 35 10. Codeurselon les revendications 8ou 9, dans lequel lesdits
moyens de commando (110, 114) comprennent un moyen d'adaptation de fenetre
pour adapter laditb ou lesdites fonctions de fenetre d'analyse en re- ponse
respectivement a la longueur adaptee de bloc d'echantillonnage et A la
longueur adaptee de sous- bloc. 40 11. Codeurselon l'une quelconque des
revendications 1 A 9, dans lequel lesdits moyens de commando (110, 114)
comprennent un moyen d'adaptation de fenetre pour adapter ladite ou
lesdites fonctions de fenetre d'analyse. U   12. Codeur selon la
revendication 10 ou 11, dans lequel ledit moyen d'adaptation de fenetre
adapto laditb ou lesdites fonctions de fenetre d'analyse en adaptantun ou
plusieurs parametres affectant la forme de ladite ou desdites fonctions de
fenetre d'analyse et/ou en choisissant ladite ou lesdites fonctions de
fenetre d'analyse A partir d'une pluralite de fonctions. 13. Codeur selon
la revendication 8 ou 9 ou selon l'une quelconque des revendications 10 A
12 en combinal- 50      son avec la revendication 8 ou 9, dans lequel
lesdits moyens de commando comprennent un moyen pour adapter et/ou pour
choisir ladite transformee discrete en reponse respectivement a la longuour
adaptee de bloc d'echantillonnage et A la longueur adaptee de sous-bloc.
14. Codeur selon la revendication 1, 2 ou 4 ou selon l'une quelconque des
revendications 5 A 13 on combi- 55       nabson avec la revendication 1, 2
ou 4, dans lequel ledit moyen d'adaptation de transformeo adapto ladito
transform6e discrete par adaptation d'un ou de plusieurs parametres
affectant la fonction kernel de ladito transformee discrete. 40
__ I   1111-111  141111 S1111    EP 0 524 264 B1 15. Codeurselon lune
quelconquedesrevendications 1 a 14, dans lequel lesdits moyensdecommande
(110, 114) comprennent de plus: - un moyen pour etablir la frequence d'une
composante spectrale principale dudit signal discret dans le temps; 6
- un moyen pour determiner une difference de frequence entre celle de
ladite composante spectrale principals et la frequence centrale d'une
sous-bande pour chaque transform6e dans un ensemble de transformees
comprenant une pluralite de transformees discretes; et 



- un moyen pour choisir ladite transformes discrete A partir dudit ensemble
de transformees de tile facon que ladite difference de frequence soit
pratiquement minimisee. 10 16. Codeurselon l'une quelconque des
revendications 1 A 15, dans lequel lesdits blocs pond6r6s parfenetre
d'analyse comprennent des echantillons A valeur reelle et l'application de
ladite transformee discrteb correspond pratiquement a la technique
d'Annulation d'Alias dans le Temps A Empilage Pair (E-TDAC), lodit moyen de
transformee comprenant: 15        - un moyen pour multiplier les
echantillons A valeur reelle dans la pairs desdits blocs ponderes par
fenetre d'analyse par une premiere fonction complexe pour obtenir des
ensembles d'echantillons mo- difies A valeur complexe; - un moyen pour
appliquer une FFT A l'encontre des ensembles d'echantillons modifies A
valeur complexe; et 20         - un moyen pour multiplier les resultats de
la transformation par une seconde fonction complexe pour obtenir ladite
information spectrale. 17. Codeurselon l'une quelconque des revendications
1 A 15, dans lequol lesdits blocs ponderes parfonetre d'analyse comprennent
des echantillons A valeur reelle et l'application de ladite transformee
discrteb 25      correspond pratiquement ala technique d'Annulation d'Alias
dans le Temps A Empilage Impair(O-TDAC), ledit moyen de transformes
comprenant: - un moyen pour multiplier les echantillons A valeur reelle
dans la pairs desdits blocs ponderes par fenetre d'analyse par une
premierefonction complexe pourobtenirdes ensembles d'echantillonsmo- difids
A valeur complexe; 30         - un moyen pour appliquer une FFT A
l'encontre des ensembles d'echantillons modifies a valeur complexe; et - un
moyen pour multiplier les resultats de la transformation par une seconds
fonction complexe pour obtenir ladite information spectrale. 36  18. Codeur
selon l'une quelconque des revendications 8 ou 9 ou selon l'une quelconque
des revendications 10 A 17 on combinaison avec la revendication 8 ou 9,
dans lequel ledit moyen de transformee applique effectivement une souls
transformee discrete A des paires desdits blocs ponderes par fenetre
d'analyse. 19. Codeurselon l'une quelconque des revendications 1, 2 ou 4 ou
selon 'une quelconque des revendicatlons 5 A 18 en combinaison avec la
revendication 1, 2 ou 4, dans lequel ladite transformee discrbt est une 40
transformee TDAC et ledit moyen d'adaptation de transformse adapt. un
parametre de phase de trans- formee TDAC de ladite transformee discrute.
20. Decodeur pour le decodage d'un signal code comprenant des
representations de composantbs spectrales d'un signal discret dans le temps
et on particulier, d'un signal de musique, ledit decodeur comprenant: 45
- un moyen de commando inverse(140) pourgrouperlesdites
representationsdescomposantesspec- trales en blocs spectraux ayant une
longueur egale A une longueur de bloc spectral; et - un moyen de
transformee pour generer des blocs d'echantillonnage en appliquant une
transformee discrete inverse auxdits blocs spectraux; decodeur dans lequol
ledit moyen de commande comprend un moyen d'adaptation de transformbe 60
sensible audit signal code pour choisir ladite transformee discrete inverse
A partir d'une pluralite de trans- formees discretes inverses et/ou en
adaptant ladite transformee discrete inverse qui est une transfonrme
dependante du signal. 21. Docodeur selon la revendication 20, dans lequel
ledit moyen de commando inverse (140) comprend, de 55       plus, un moyen
pour adapter ladite longueur de bloc spectral. 22. Decodeurselon la
revendication 20 ou 21, dans lequel ledit moyen de commando inverse (140)
comprend, de plus, un moyen pour adapterune ou plusieurs fonctions de
fenotre de synthese, leditdecodeurcompre- 41                         __ I
!I~fl 1111111   IlI 11111 111111    EP 0 524 264 B1 nant, de plus, un moyen
de fenetre de synthese pour generer des echantillons de sortie par
pond6ratlon desdits blocs d'echantillonnage avec ladite ou lesdites
fonctions de fenatre de synthese. 23. D6oodeurselon la revendication 20 ou
22, dans lequel ledit moyen de commando inverse (140) comprend, 



6       de plus, un moyen pour adapter une longueur de sous-bloc, dans
lequel ledit moyen segments lesdits blocs spectraux en sous-blocs et ledit
moyen de transformee applique ladite transformee discrbte Inverse a chacun
desdits sous-blocs. 24. Decodeur selon l'une quelconque des revendications
20 A 23, dans lequel lesdites representations des 10      composantes
spectrales sont des valeurs reelles et I'application de ladite transform6e
discrteb inverse correspond pratiquement A la technique d'Annulation
d'Alias dans le Temps A Empilage Pair (E-TDAC), ledit moyen de transformee
comprenant: - un moyen pour multiplier iesdites representations des
composantes spectrales dans des palres des- dits blocs spectraux par une
premiere fonction complexe pour obtenir des ensembles spectraux mo- 1S
difies A valeur complexe; - un moyen pour appliquer une IFFT aux ensembles
spectraux modifids A valour complexe; et - un moyen pour multiplier les
resultats de la transformation par une seconde fonction complexe pour
obtenir lesdits blocs d'echantillonnage. 25. Decodeur selon l'une
quelconque des revendications 20 A 23, dans lequel lesdites representations
des 20      composantes spectrales sont des valeurs reelles et
l'application de ladite transform6e discrteb inverse correspond
pratiquement A la technique d'Annulation d'Alias dans le Temps A Empilage
Impair (O-TDAC), ledit moyen de transformee comprenant: - un moyen pour
multiplier lesdites representations des composantes spectrales dans des
paires des- 25           dits blocs spectraux par une premiere fonction
complexe pour obtenir des ensembles spectraux mo- difies A valeur complexe;
- un moyen pour appliquer une IFFT aux ensembles spectraux modifies A
valeur complexe; et - un moyen pour multiplier los resultats de la
transformation par une secondo fonction complexe pour obtenir lesdits blocs
d'echantillonnage. 30  26. Decodeur selon la revendication 21 ou selon
l'une quelconque des revendications 22 A 25 en combinalson avec la
revendication 21, dans loquel ledit moyen de transformee applique
effectivement une seule trans- form6e discrete inverse aux paires desdits
blocs spectraux. 27. Decodeurselon la revendication 23 ou selon l'une
quelconque des revendications 24 A 25 en combinaison 36      avec la
revendication 23, dans lequel ledit moyen de transformee applique
effectivement une seule trans- form6e discrete inverse aux paires desdits
blocs spectraux. 2& Decodeur selon l'une quelconque des revendications 20 A
27, dans lequel ladite transform6e discrteb in- verse est une transformeo
TDACetleditmoyen d'adaptation de transformee adapts un parametre de pha- 40
se de transformee TDAC de ladite transformee discrete inverse. 45 50 55 42


