
EP 0 447 495 B1 Description Technical Field 5      The Invention relates in
general to the high-quality low bit-rate digital signal processing of audio
signals, such as music signals. More particularly, the invention relates to
transform encoders and decoders for such signals, wherein the encoders and
decoders have a short signal-propagation delay. Shortdelays are important
In applications such as broadcast audio where a speaker must monitor his
own voice. Adelay in voice feedback causes serious speech disruption unless
the delay is very short. 10 Background Art INTRODUCTION 15     Transform
coding of high-quality signals In the prior art have used long signal
sample block lengths to ach- ieve low bit-rate coding without creating
objectionable audible distortion. For example, a transform coder dis- dosed
in EP-A-0 251 028 uses a block length of 1024 samples. Long block lengths
have been necessary be- cause shorter blocks degrade transform coder
selectivity. Filter selectivity is critical because transform coders with
sufficient filter bank selectivity can exploit psychoacoustic masking
properties of human hearing to reduce 20  bit-rate requirements without
degrading the subjective quality of the coded signal. Coders using long
block lengths sufferfrom two problems: (1) audible distortion of signals
with large tran- sients caused by the temporal spreading of the transient's
effects throughout the transform block, and (2) ex- cessive propagation
delay of the signal through the encoding and decoding process. In prior art
coders, these processing delays are too great for applications such as
broadcast audio where a speaker must monitor his 25  own voice. A delay In
voice feedback causes serious speech disruption unless the delay Is kept
very short. The background art Is discussed in more detail in the following
Background Summary. BACKGROUND SUMMARY 30      There Is considerable
interest among those in the field of signal processing to discover methods
which minimize the amount of information required to represent adequately a
given signal. By reducing required in- formation, signals may be
transmitted over communication channels with lower bandwidth, or stored in
less space. With respect to digital techniques, minimal informational
requirements are synonymous with minimal binary bit-requirements. 35
Two factors limit the reduction of bit requirements: (1) A signal of
bandwidth W may be accurately represented by a series of samples taken at a
frequency no less than 2 x W. This is the Nyquist sampling rate. Therefore,
a signal T seconds in length with a band- width W requires at least 2 x W x
T number of samples for accurate representation. (2) Quantization of signal
samples which may assume any of a continuous range of values introduces In-
40      accuracies in the representation of the signal which are
proportional to the quantizing step size or resolu- tion. These
inaccuracies are called quantization errors. These errors are Inversely
proportional to the num- ber of bits available to represent the signal
sample quantization. If coding techniques are applied to the full
bandwidth, all quantizing errors, which manifest themselves as noise, are
spread uniformly across the bandwidth. Techniques which may be applied to
selected portions of 45  the spectrum can limit the spectral spread of
quantizing noise. Two known techniques, subband coding and transform
coding, are discussed In Tribolet and Crochiere, "Frequency Domain Coding
of Speech," IEEE Trans. on Acoust.. Speech. Signal Proc., vol. ASSP-27,
October, 1979, pp. 512-30. By using subband coding or trans- form coding,
quantizing errors can be reduced in particular frequency bands where
quantizing noise Is espe- cially objectionable by quantizing that band with
a smaller step size. 50      Subband coding may be implemented by a bank of
digital bandpass filters. Transform coding may be im- plemented by any of
several time-domain to frequency-domain transforms which simulate a bank of
digital bandpass filters. Although transforms are easier to Implement and
require less computational power and hard- ware than digital filters, they
have less design flexibility in the sense that each bandpass filter
"frequency bin" represented by a transform coefficient has a uniform
bandwidth. By contrast, a bank of digital bandpass filters 55  can be
designed to have different subband bandwidths. Transform coefficients can,
however, be grouped to- gethertodefine "subbands" having bandwidths which
are multiples of a single transform coefficient bandwidth. The term
"subband" Is used hereinafter to refer to selected portions of the total
signal bandwidth, whether im- plemented by a subband coder or a transform
coder. The term is used in this manner because, as discussed 2    



EP0447495B1 by Tribolet and Crochiere, the mathematical basis of subband
coders and transform coders are interchange- able, therefore the two coding
methods are potentially capable of duplicating each other. Asubband as
imple- mented by transform coder Is defined by a set of one or more
adjacent transform coefficients or frequency bins. The bandwidth of a
transform coderfrequency bin depends upon the coder's sampling rate and the
num- 5   ber of samples in each signal sample block (the transform length).
Tribolet and Crochiere observed that two characteristics of subband
bandpass filters are particularly crit- ical to the performance of subband
coder systems because they affect the amount of signal leakage between
subbands. The first is the bandwidth of the regions between the filter
passband and stopbands (the transition bands). The second Is the
attenuation level in the stop bands. As used herein, the measure of filter
"selectivity" 10  Is 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 rejection). It is known
from Tribolet and Crochiere that reducing leakage between subbands Is
Important to subband coder performance because such leakage distorts the
results of spectral analysis, and therefore adversely affects coding
decisions made in response to the derived spectral shape. Such leakage can
also cause fre- 15  quency-domaln aliasing. These effects are discussed in
more detail below. The two filter characteristics, steepness of transition
band rolloff and depth of stopband rejection, are also critical because the
human ear displaysfrequency-analysis properties resembling those of highly
asymmetrical tuned filters having variable center frequencies. The
frequency-resolving power of the human ear's tuned fil- ters varies with
frequency throughout the audio spectrum. The ear can discern signals doser
together in fre- 20  quency at frequencies below about 500 Hz, but widening
as the frequency progresses upward to the limits of audibility. The
effective bandwidth of such an auditoryfilter is referred to as a critical
band. An importantquality of the critical band is that
psychoacoustic-masking effects are most strongly manifested within a
critical band- -a dominant signal within a critical band can suppress the
audibility of othersignals anywhere within that critical band. Signals at
frequencies outside that critical band are not masked as strongly. See
generally, the Audio 25   Engineering Handbook, K. Blair Benson ed.,
McGraw-Hill, San Francisco, 1988, pages 1.40-1 A2 and 4.8-4.10.
Psychoacoustic masking is more easily accomplished by subband and 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 the
spectrum. This is because the critical bands of the human ear have variable
centerfrequencies that adapt to auditory stimuli, whereas subband and
transform coders typically have fixed subband centerfre- 3o  quencies. To
optimize the opportunity to utilize psychoacoustic-masking effects, any
distortion artifacts re- sulting from the presence of a dominant signal
should be limited tothe subband containing the dominant signal. If the
subband bandwidth is about half or less than half of the critical band (and
If the transition band rolloff Is sufficiently steep and the stopband
rejection is sufficiently deep), the most effective masking of the
undesired distortion products is likely to occur even for signals whose
frequency is near the edge of the subband pass- 35  band 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 so that some of the undesired distortion
products outside the ear's critical bandwidth are not masked. These effects
are most ob- jectionable at low frequencies where the ear's critical band
is narrower. Transform coding performance depends upon several factors,
including the signal sample block length, 40  transform coding errors, and
aliasing cancellation. Block Length Inasmuch as the transform function must
wait for the receipt of all signal samples in the entire block before 45
performing the transform, the fastest theoretical time delay in an
encode/decode system Is twice the time per- iod of the signal sample block.
In practical systems, computation adds further delays such that the actual
time delay is likely to be three or fourtimes the time period of the signal
sample block. If the encode/decode system must operate In an environment
requiring a short propagation delay, a short block length is therefore
required. As block lengths become shorter, transform encoder and decoder
performance is adversely affected not 50  only by the consequential
widening of the frequency bins, but also by degradation of the response
character- istics of the bandpass filter frequency bins: (1) decreased rate
of transition band rolloff, and (2) reduced level of stopband rejection.
This degradation in filter performance results in the undesired creation of
or contribution to transform coefficients In nearby frequency bins in
response 5 to a desired signal. These undesired contri- butions are called
sidelobe leakage. 55      Thus, depending on the sampling rate, a short
block length may result in a nominal filter bandwidth ex- ceeding the ear's
critical bandwidth at some or all frequencies, particularly lowfrequencies.
Even if the nominal subband bandwidth is narrower than the ear's critical
bandwidth, degraded filter characteristics manifested as a broad transition
band and/or poor stopband rejection may result in significant signal
components outside 



3    EP 0 447 495 B1 the ear's critical bandwidth. In such cases, greater
constraints are ordinarily placed on other aspects of the system,
particularly quantization accuracy. Another disadvantage resulting from
short sample block lengths is the exacerbation of transform coding errors,
described in the next section. 5 Transform Coding Errors Discrete
transforms do not produce a perfectly accurate set of frequency
coefficients because they work with only a finite segment of the signal.
Strictly speaking, discrete transforms produce a time-frequency rep- 10
resentation of the input time-domain signal rather than a true
frequency-domain representation which would require infinite transform
lengths. For convenience of discussion here, however, the output of
discrete trans- forms 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 submultiple of the
finite sample interval. This is equivalent to an assumption that the
finite-length signal is periodic. The assumption in general is not 15
true. The assumed periodicity creates discontinuities at the edges of the
finite time Interval which cause the transform to create phantom
high-frequency 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 Interval are dose to
zero. Samples at the center of the interval are generally passed unchanged,
i.e., weighted by a factor of one. This weighting 20  function is called an
analysis window" and may be of anyshape, but certain windows contribute
more favorably to subband filter performance. As used herein, the term
"analysis window" refers merely to the windowing function performed prior
to ap- plication of the forward transform. As will be discussed below, the
design of an analysis window used in the invention Is constrained by
synthesis window design considerations. Therefore, design and performance
prop- 25  erties of an "analysis window" as that term is commonly used in
the art may differfrom such analysis windows as implemented in this
invention. While there is no single criteria which may be used to assess a
window's quality, general criteria Include steepness of transition band
rolloff and depth of stopband rejection. In some applications, the ability
to trade steeper rolloff for deeper rejection level is a useful quality. 30
The analysis window is a time-domain function. If no other compensation is
provided, the recovered or "synthesized" signal will be distorted according
to the shape of the analysis window. There are several com- pensation
methods. For example: (a) The recovered signal interval or block may be
multiplied by an inverse window, one whose weighting factors are the
reciprocal of those for the analysis window. Adisadvantageof this technique
is that it clearly 35     requires that the analysis window not go to zero
at the edges. (b) Consecutive input signal blocks may be overlapped. 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 com-
pensated. (But see the following paragraph.) When used with certain types
of transforms such as the Dis- crete Fourier Transform (DFT), this
technique increases the numberof bits required to represent the signal 40
since the portion of the signal in the overlap interval must be transformed
and transmitted twice. For these types of transforms, it is desirable to
design the window with an overlap interval as small as possible. (c) Signal
synthesis or decoding performed in a decoder may also require synthesis
filtering. As discussed in Crochiere, "A Weighted Overlap-Add Method of
Short-Time Fourier Analysis/Synthesis," IEEE Trans. Acoust., Speech, and
Signal Proc., vol. ASSP-28, February, 1980, pp. 99-102, synthesis
interpolation fil- 45     tering can be implemented more efficiently by a
synthesis-window weighted overlap-add method. Thus, some subband coders
implemented with transforms, including one used in a preferred embodiment
of the present invention, use synthesis windowing with overlap-add.
Further, quantizing errors may cause the Inverse transform to produce a
time-domain signal which does not go to zero at the edges of the finite
time interval. Left alone, these errors may distort the recovered
time-domain signal most strongly within 50     the window overlap interval.
A synthesis window can be used to shape each synthesized signal block at
Its edges. In this case, the signal will be subjected to an analysis and a
synthesis window, i.e., the signal will be weighted by the product of the
two windows. Therefore, both windows must be designed such that the product
of the two will sum to unity across the overlap. See the discussion in the
previous paragraph. 



Short transform sample blocks impose greater compensation requirements on
the analysis and synthesis win- 55   dows. As the transform sample blocks
become shorter there is more sidelobe leakage through the filters tran-
sition band and stopband. A well shaped analysis window reduces this
leakage. Sidelobe leakage is undesirable because it causes the transform to
create spectral coefficients which mis- represent the frequency of signal
components outside the filter's passband. This misrepresentation is a dis-
4    EP 0 447 495 B1 tortion called ailasing. Aliasing Cancellation 5
The Nyquist theorem holds that a signal may be accurately recovered from
discrete samples when the in- terval between samples is no larger than
one-half the period of the signal's highest frequency component. When the
sampling rate is belowthis Nyquistrate, higher-frequency components are
misrepresented as lower- frequency components. The lower-frequency
component Is an "alias" for the true component Subband filters and finite
digital transforms are not perfect passband filters. The transition between
the 10  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 suggested by
the pass- band cut-off frequency, frequencies in the transition band above
the cutoff frequency will not be faithfully rep- resented. It is possible
to design the analysis and synthesis filters such that aliasing distortion
Is automatically can- 15  celled by the Inverse filter. Quadrature Mirror
Filters in the time domain possess this characteristic. The trans- form
coder technique used in a preferred embodiment of the present invention,
which Is discussed in Johnson and Bradley, "Adaptive Transform Coding
Incorporating Time Domain Aliasing Cancellation," Speech Commu- nications
vol 6, North Holland: Elsevier Science Publishers, 1987, pp. 299-308, also
cancels aliasing distor- tion. 20      Suppressing the audible consequences
of aliasing distortion in transform coders becomes more difficult as the
sample block length is made shorter. As explained above, shorter sample
blocks degrade filter perfor- mance: the passband bandwidth Increases, the
passband-stopband transition becomes less sharp, and the stopband rejection
deteriorates. As a result, aliasing becomes more pronounced. If the alias
components are coded and decoded with insufficient accuracy, these coding
errors prevent the inverse transform from com- 25   pletely cancelling
aliasing distortion. The residual aliasing distortion will be audible
unless the distortion Is psy- choacoustically masked. With short sample
blocks, however, some transform frequency bins may have a wider passband
than the auditory critical bands, particularly at low frequencies where the
ear's critical bands have the greatest resolution. Consequently, alias
distortion may not be masked. One way to minimize the distortion is to
increase quantization accuracy in the problem subbands, but that Increases
the required bit rate. 30 Bit-rate Reduction Techniques The two factors
listed above (Nyquist sample rate and quantizing errors) should dictate the
bit-rate require- ments for a specified quality of signal transmission or
storage. Techniques may be employed, however, to re- 35   duce the bit rate
required for a given signal quality. These techniques exploit a signal's
redundancy and irrel- evancy. A signal component is redundant if it can be
predicted or otherwise provided by the receiver. Asignal component Is
irrelevant if it is not needed to achieve a specified quality of
representation. Several techniques used in the art include: (1) Prediction:
a periodicor predictable characteristic of a signal permits a receiverto
anticipate some con- 40      ponent based upon current or previous signal
characteristics. (2) Entropy coding: components with a high probability of
occurrence may be represented by abbreviated codes. Both the transmitter
and receiver must have the same code book. Entropy coding and prediction
have the disadvantages that they increase computational complexity and
processing delay. Also, they In- herently provide a variable rate output,
thus requiring buffering if used in a constant bitrate system. 45      (3)
Nonuniform coding: representations by logarithms or nonuniform quantizing
steps allow coding of large signal values with fewer bits at the expense of
greater quantizing errors. (4) Floating point: floating-point
representation may reduce bit requirements at the expense of lost preci-
sion. Block-floating-point representation uses one scale factor or exponent
for a block of floating-point mantissas, and is commonly used in coding
time-domain signals. Floating point is a special case of non- 50
uniform coding. 



(5) Bit allocation: the receiver's demand for accuracy may vary with time,
signal content, strength, orfre- quency. For example, lower frequency
components of speech are usually more important for comprehen- sion and
speaker recognition, and therefore should be transmitted with greater
accuracy than higher fre- quency components. Different criteria apply with
respect to music signals. Some general bit-allocation cri- 56      teria
are: (a) Component variance: more bits are allocated to transform
coefficients with the greatest level of AC power. (b) Component value: more
bits are allocated to transform coefficients which represent frequency 5
EP 0 447 495 B1 bands with the greatest amplitude or energy. (c)
Psychoacoustic masking: fewer bits are allocated to signal components whose
quantizing errors are masked (rendered inaudible) by other signal
components. This method is unique to those applica- tions where audible
signals are intended for human perception. Masking is understood bestwith
respect 5         to single-tone signals rather than multiple-tone signals
and complex waveforms such as music signals. SUMMARY OF PROBLEM Although
the foregoing discussion applies to subband coders implemented with eithera
true subband filter 10  bankorwith a time-domain to frequency-domain
transform, mostof the following summary pertains more par- ticularly to
transform-Implemented coders in order to simplify the discussion and to
more clearly identify the problem in relation to a preferred embodiment of
the present Invention. Subband coding with adaptive bit allocation by
subband is known from Tribolet and Crochiere, however, this coding
technique has several limitations which make it unsuitable for use in a low
time-delay encoder/de- 15  coder system for high-quality audio signals such
as music. First, the coding technique is not well suited for high-quality
music because it relies upon characteristics of voiced and non-voiced
speech to adapt bit allocation and quantizing step size. Second, the
encoded signal includes overhead bits in the form of side information which
is required by a receiver/decoder to determine subband bit allocations. 20
Third, the coding technique does not fully exploit psychoacoustic masking
effects because it allocates bits according to only transform coefficient
variances. The bit allocation does not take account of psychoacoustic
masking thresholds which vary with signal content. Furthermore, the bit
allocation technique does not allocate bits to subbands adjacent to those
subbands with large spectral components where spectral leakage is likely,
therefore high filter bank selectivity is required. 25      Fourth,
although higherfilter selectivity can be realized by using longeranalysis
windows, the coding tech- nique Is constrained to use windows no longerthan
the transform block length to avoid time-domain allasing. Hence, the
required filter bank selectivity for a 3 kHz bandwidth signal is achieved
by using a sample block length of 256 samples sampled at a rate of 8 kHz.
In order to achieve the same filter bank selectivity for a 15 kHz bandwidth
signal, the coder must use a sample block length of at least 1280 samples
sampled at a rate 30  of 40 kHz. Therefore, the block delays through an
encoder/decoder system implemented by the Tribolet and Crochiere coding
technique is at least 64 msec. The total signal-propagation delay is
further increased by the time required to perform encoding and decoding.
This propagation delay is too long for use in applications requiring
real-time aural feedback to a human operator (such as for broadcast audio).
When a person's own voice is returned to his ears after a delay, speech 35
disturbances are created unless the delay is kept very short. See for
example Effects of Delayed Speech Feedback" by Bernard S. Lee, Journal of
the Acoustical Soc. of America. vol. 22, no. 6, November 1950, pp. 824-826.
Lee showed that delays in aural feedback of 40 msec caused noticeable
speech disturbances, and extrapolation of his empirical data suggests the
delay should be no more than approximately 10 msec to avoid such speech
disurbances. 40      Fifth, the encoded signal is vulnerable to corruption
by noise encountered during transmission or storage. The coding technique
makes no provision for error detection and correction, nor for formatting
the encoded signal In such a way to bound the effects of such noise. The
coding technique taught by Johnson and Bradley improves upon the Tribolet
and Crochiere coding technique by utilizing a time-domain to
frequency-domain transform which provides time-domain allasing can- 45
collation. This cancellation allows a coder to use an analysis window which
is longer than the transform length, thereby improving filter bank
selectivity. But this coding technique is intended to code speech signals
and is 



not well suited for coding high-quality music signals. It relies upon
spectral characteristics learned during a "training phase" which analyzes a
signal segment. Furthermore, although higherfilterselectivity can be
realized by using longeranalysis windows, the John- 50  son and Bradley
coding technique cannot use windows longer than twice the transform block
length. In the Implementation taught by Johnson and Bradley, however, a
coder is not able to use the longest possible ana- lysis window.
Asuboptimal window shorter than the theoretical maximum must be used In
order to reduce the size of a quantization code book to a practical length.
Hence, the required filter bank selectivity for a 3 kHz bandwidth signal is
achieved by using a sample block length of 128 samples sampled at a rate of
8 kHz. In 55   order to achieve the same filter bank selectivity for a 15
kHz bandwidth signal, the coder must use a sample block of at least 640
samples sampled at a rate of 40 kHz. Therefore, the block delays through an
encoder/de- coder system implemented by the Johnson and Bradley coding
technique Is at least 32 msec. The total signal- propagation delay is
further increased by the time required to perform encoding and decoding. As
discussed 6    EP 0 447 495 B1 above, this propagation delay is
unsuitableforuse in applicationsrequiring real-time auralfeedbacktoa human
operator. In patent application EP-A-0 176 243, Koh and Xydeas disclose an
adaptive bit allocation technique which may be used in transform and
subband coders. The allocation technique does not require any overhead in
the 5   encoded signal in the form of side information, but it does not
fully exploit psychoacoustic masking effects be- cause its bit allocation,
like that of Tribolet and Crochiere, is made according to only transform
coefficient va- riances. In addition, the coding technique is intended to
code speech signals and is not well suited for coding high-quality music
signals because it allocates bits to subbands according to a fixed
allocation pattern con- structed in response to a training signal segment.
10      Furthermore, the required filter bankselectivity for a 7 kHz
bandwidth signal is achieved by using a sample block length of 128 samples
sampled at a rate of 14 kHz. In order to achieve the same filter bank
selectivity for a 15 kHz bandwidth signal, the coder must use a sample
block of at least 274 samples sampled at a rate of 30 kHz. Therefore, the
block delays through an encoder/decoder system implemented with the Koh and
Xy- deas adaptive bit allocation technique Is at least 18 msec. The total
signal-propagation delay is further in- 15  creased by the time required to
perform encoding and decoding. As discussed above, this propagation delay
is unsuitable for use in applications requiring real-time aural feedback to
a human operator. In patent application EP-A-0 289 080, Veldhuis, Vand
DerWaal, and Breeuwer disclose a subband coding technique implemented with
a QMF filter bank. This coding technique is intended for high-quality music
en- coding. Adaptive bit allocation does not require any overhead In the
encoded signal in the form of side infor- 2o   mation, but it does not
fully exploit psychoacoustic masking effects because it allocates bits
according to sub- band audibility threshold which is fixed and independent
of signal content. Bit allocation is not always adaptive because bits are
reallocated from one subband to anotheronly when a subband is found to be
inaudible under all conditions. Furthermore, bit allocation Is suboptimal
because the coding technique is unable to allocate available bits 25
whenever the number of available bits is less than the total bits required
to allocate to all samples in the sub- band selected for allocation. The
technique also does not allocate bits to subbands adjacent to those
subbands with large spectral components where spectral leakage is likely.
The coding technique disclosed by Velduis, et al. is also unsuitable for
use in applications requiring real- time aural feedbackto a human operator.
Bit allocation is based upon information derived from a blockof signal 30
samples 46 msec in length. Hence, the block delays through an
encoder/decoder system implemented with the Velduis coding technique is at
least 92 msec. The total signal-propagation delay is further increased by
the time required to perform encoding and decoding. As discussed above,
this propagation delay is unsuitable for use in applications requiring
real-time aural feedback to a human operator. 35   Disclosure of Invention
It is an object of this invention to provide for the digi tal processing of
wideband audio information, partic- ularly music, using an encode/decode
apparatus having a signal propagation delay short enough as to be usa- ble
for real-time aural feedback to a human operator and having a high degree
of immunity against signal cor- 40  ruption by transmission paths. The
object is achieved with an encoder and a decoder according to claims I and
34, respectively. Additional objects are achieved by specific embodiments
of the invention according to the remaining 



claims, such as: to provide such an encode/decode apparatus suitable for
the high-quality transmission or storage and 45  reproduction of music,
wherein the quality of reproduction is suitable, for example, for broadcast
audio links; to provide a quality of reproduction subjectively as good as
that obtainable from Compact Discs; to provide such an encode/decode
apparatus embodied in a digital processing system having a low bit rate; to
provide such an encode/decode apparatus embodied in a digital processing
system requiring a small 50  amount of space to store the encoded signal;
to provide an encode/decode apparatus embodied in a digital processing
system employing transform coding having short transform blocks to achieve
a short signal propagation delay but which provides the high quality
reproduction of music while employing a low bit rate; to compensate for the
negative effects on transform coder performance resulting from the use of
short 55  transform blocks; to provide improved psychoacoustic-masking
techniques in a transform coder processing music signals; and to provide
techniques for psychoacoustically compensating for otherwise audible
distortion artifacts in 7    EP 0 447 495 B1 a transform coder. Further
details of the above objects and still other objects of the invention are
set forth throughout this document, particularly in the section describing
the Modes for Carrying Out the Invention, below. In accordance with the
teachings of the present invention, an encoder provides for the digital
encoding of 5   wideband audio information, the encoder having a short
signal propagation delay. The wideband audio signals are sampled and
quantized into time-domain sample blocks, the sample blocks having a time
period resulting In a signal propagation delay short enough so that an
encode/decode system employing the encoder is usable for real-time aural
feedback to a human operator. Each sample block is then modulated by an
analysis window. Frequency-domain spectral components are then generated in
response to the analysis-window weighted 10  time-domain sample block. A
transform coder having adaptive bit allocation nonuniformly quantizes each
transform coefficient, and those coefficients are assembled Into a digital
output having a format suitable for storage or transmission. Error
correction codes may be used in applications where the transmitted signal
is subject to noise or other corrupting effects of the communication path.
Also In accordance with the teachings of the present invention, a decoder
provides for the high-quality re- 15  production of digitally encoded
wideband audio signals encoded by the encoder of the invention. The decoder
receives the digital output of the encodervia a storage device
ortransmission path. It derives the nonuniformly coded spectral components
from the formatted digital signal and reconstructs the frequency-domain
spectral components therefrom. Time-domain signal sample blocks are
generated in response to frequency-domain spectral components by means
having characteristics inverse to those of the means in the encoder which
gen- 20  erated the frequency-domain spectral components. The sample blocks
are modulated by a synthesis window. The synthesis window has
characteristics such that the product of the synthesis-window response and
the re- sponse of the analysis-window in the encoder produces a composite
response which sums to unity for two adjacent overlapped sample blocks.
Adjacent sample blocks are overlapped and added to cancel the weighting
effects of the analysis and synthesis windows and recover a digitized
representation of the time-domain signal 25  which is then converted to a
high-quality analog output. Further In accordance with the teachings of the
present In vention, an encoder/decoder system provides forthe digital
encoding and high-quality reproduction of wideband audio information, the
system having a short signal propagation delay. In the encoder portion of
the system, the analog wideband audio signals are sampled and quantized
Into time-domain sample blocks, the sample blocks having a time period
resulting in a signal 30  propagation delay short enough so that an
encode/decode system employing the encoder is usable for real- time aural
feedback to a human operator. Each sample block is then modulated by an
analysis window. Fre- quency-domain spectral components are then generated
in response to the analysis-window weighted time- domain sample block.
Nonuniform spectral coding, including adaptive bit allocation, quantizes
each spectral component, and those components are assembled into a digital
format suitable forstorage ortransmission over 35  communication paths
susceptible to signal corrupting noise. The decoder portion of the system
receives the digital output of the encoder via a storage device or
transmission path. It derives the nonuniformly coded spec 



tral components from the formatted digital signal and reconstructs
thefrequency-domain spectral components therefrom. Time-domain signal
sample blocks are generated in response to frequency-domain transform coef-
ficients by means having characteristics inverse to those of the means in
the encoder which generated the 40  frequency-domain transform
coefficients. The sample blocks are modulated by a synthesis window. The
syn- thesis window has characteristics such that the product of the
synthesis-window response and the response of the analysis-window in the
encoder produces a composite response which sums to unity for two adjacent
overlapped sample blocks. Adjacent sample blocks are overlapped and added
to cancel the weighting effects of the analysis and synthesis windows and
recover a digitized representation of the time-domain signal which 45  is
then converted to a high-quality analog output. In an embodiment of the
encoder of the present invention, a discrete transform generates
frequency-do- main spectral components in response to the analysis-window
weighted time-domain sample blocks. Prefer- ably, the discrete transform
has a function equivalent to the alternate application of a modified
Discrete Cosine Transform (DCT) and a modified Discrete Sine Transform
(DST). In an alternative embodiment, the discrete 50  transform is
implemented by a Discrete Fourier Transform (DFT), however, virtually any
time-domain to fre- quency-domain transform can be used. In a preferred
embodiment of the invention for a two-channel encoder, a single FFT is
utilized to simulta- neously calculate the forward transform for one signal
sample block from each channel. In a preferred em- bodiment of the
invention for a two-channel decoder, a single  FFT is utilized to
simultaneously calculate the 55  inverse transform for two transform
blocks, one from each of the two channels. In the preferred embodiments of
the encoder and decoder, the sampling rate is 44.1 kHz. While the sam-
pling rate is not critical, 44.1 kHz is a suitable sampling rate and it Is
convenient because it is also the sampling rate used for Compact Discs. An
alternative embodiment employs a 48 kHz sampling rate. In the preferred em-
8    EP 0 447 495 B1 bodiment employing the 44.1 kHz sampling rate, the
nominal frequency response extends to 15 kHz and the time-domain sample
blocks have a length of 128 samples to provide an acceptably low
signal-propagation de- lay so that the system is usable for providing
real-time aural feedback to a human operator. The overall en- code/decode
system is assumed to have a delay of about three times the sample block
period orabout 10 mil- 5   liseconds (msec) or less which is sufficiently
short to overcome speech disturbance problems. In the preferred embodiment,
the serial bit rate of the encoderoutput is in the orderof 192 kBits
persecond (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. In a preferred
embodiment of the encoder, the nonuniform transform codercomputes a
variable bit-length 10  code word for each transform coefficient, which
code-word bit length is the sum of a fixed number of bits and a variable
number of bits determined by adaptive bit allocation based on whether,
because of current signal content, noise in the subband is less subject to
psychoacoustic masking than noise in other subbands. The fixed numberof
bits are assigned to each subband based on empirical observations regarding
psychoacoustic- masking effects of a single-tone signal in the subband
under consideration. The assignment of fixed bits takes 15  into
consideration the poorer subjective performance of the system at low
frequencies due to the greater se- lectivity of the ear at low frequencies.
Although masking performance in the presence of complex signals or-
dinarily is better than in the presence of single tone signals, masking
effects In the presence of complex signals are not as well understood nor
are they as predictable. The system is not aggressive In the sense that
most of the bits are fixed bits and a relatively few bits are adaptively
assigned. This approach has several advan- 2o  tages. First, the fixed bit
assignment inherently compensates for the undesired distortion products
generated bythe Inverse transform because the empirical procedure which
established the required fixed bit assignments included the inverse
transform process. Second, the adaptive bit-allocation algorithm can be
kept relatively simple. In addition, adaptively-assigned bits are more
sensitive to signal transmission errors occurring be- tween the encoder and
decoder since such errors can result in incorrect assignment as well as
incorrectvalues 25  for these bits in the decoder. The empirical technique
for allocating bits in accordance with the invention may be better
understood by reference to Figure 13 which shows critical band spectra of
the output noise and distortion (e.g., the noise and distortion shown is
with respect to auditory critical bands) resulting from a 500 Hz tone (sine
wave) for three different bit allocations compared to auditory masking. The
Figure is intended to demonstrate an empirical ap- 30  proach rather than
any particular data. 



Allocation A (the solid line) is a reference, showing the noise and
distortion products produced by the 500 Hz sine wave when an arbitrary
number of bits are allocated to each of the transform coefficients.
Allocation B (the short dashed line) shows the noise and distortion
products for the same relative bit allocation as allo- cation A but with 2
fewer bits per transform coefficient Allocation C (the long dashed line) Is
the same as al- 35  location A for frequencies in the lower part of the
audio band up to about 1500 Hz. Allocation C is then the same as allocation
B forfrequencies in the upper part of the audio band above about 1500 Hz.
The dotted line shows the auditory masking curve for a 500 Hz tone. It will
be observed that audible noise is present at frequencies below the 500 Hz
tone for all three cases of bit allocation due to the rapid fall off of the
masking curve: the noise and distortion product curves are above 40  the
masking threshold from about 100 Hz to 300 or400 Hz. The removal of two
bits (allocation Ato allocation B) exacerbates the audible noise and
distortion; adding back the two bits over a portion of the spectrum in-
cluding the region below the tone, as shown in allocation C, restores the
original audible noise and distortion levels. Audible noise is also present
at high frequencies, but does not change as substantially when bits are
removed and added because at that extreme portion of the audio spectrum the
noise and distortion products 45  created by the 500 Hz tone are relatively
low. By observing the noise and distortion created in response to tones at
various frequencies for various bit allocations, bit lengths for the
various transform coefficients can be allocated that result in acceptable
levels of noise and distortion with respect to auditory masking throughout
the audio spectrum. With respect to the example in Figure 13, in order to
lower the level of the noise and distortion products below the masking
thresh- 50  old In the region from about 100 Hz to 300 or 400 Hz,
additional bits could be added to the reference allocation for the
transform coefficient containing the 500 Hz tone and nearby coefficients
until the noise and distortion dropped below the masking threshold. Similar
steps would be taken for othertones throughout the audio spec- trum until
the overall transform-coefficient bit-length allocation resulted in
acceptably low audible noise in the presence of tones, taken one at a time,
throughout the audio spectrum. This is most easily done by way of 55
computer simulations. The fixed bit allocation assignment is then taken as
somewhat less by removing one or more bits from each transform coefficient
across the spectrum (such as allocation B). Adaptively allocated bits are
added to reduce the audible noise to acceptable levels in the problem
regions as required (such as allocation C). Thus, empirical observations
regarding the increase and decrease of audible noise with respect 9    EP 0
447 495 B1 to bit allocation such as in the example of Figure 13 form the
basis of the fixed and adaptive bit allocation scheme of the present
invention. In a preferred embodiment of the encoder, the nonuniformly
quantized transform coefficients are ex- pressed by a block-floating-point
representation comprised of block exponents and variable-length code 5
words. As described above, the variable-length code words are further
comprised of a fixed bit-length portion and a variable length portion of
adaptively assigned bits. For each signal sample block, the encoded signal
is assembled into frames composed of exponents and the fixed-length portion
of the code words followed by a string of all adaptively allocated bits.
The exponents and fixed-length portion of code words are assembled
separately from adaptively allocated bits to reduce vulnerability to noise
burst errors. 10      Unlike many coders in the prior art, an encoder
conforming to this invention need not transmit side infor- mation regarding
the assignment of adaptively allocated bits in each frame. The decoder can
deduce the cor- rect assignment by applying the same allocation algorithm
to the exponents as that used by the encoder. In applications where frame
synchronization is required, the encoder portion of the invention appends
the formatted data to frame synchronization bits. The formatted data bits
are first randomized to reduce the prob- 15  ability of long sequences of
bits with values of all ones or zeroes. This is necessary In many
environments such as T-1 carrier which will not tolerate such sequences
beyond specified lengths. In asynchronous appli- cations, randomization
also reduces the probability that valid data within the frame will be
mistaken for the block synchronization sequence. In the decoder portion of
the invention, the formatted data bits are recovered by removing the frame
synchronization bits and applying an inverse randomization process. 20
In applications where the encoded signal is subject to corruption, error
correction codes are utilized to pro- tect the most critical information,
that is, the exponents and fixed portions of the lowest-frequency
coefficient code words. Error codes and the protected data are scattered
throughout the formatted frame to reduce sen- sitivity to noise burst
errors, i.e., to increase the length of a noise burst required before
critical data cannot be corrected. 



25      The various features of the Invention and its preferred embodiments
are set forth in greater detail in a fol- lowing section describing the
Modes for Carrying Out the Invention and in the accompanying drawings.
Brief Description of Drawings 30      Figures 1a and lb are functional
block diagrams illustrating the basic structure of the invention, particu-
larly for the TDAC transform version of the Invention. Figures 2a through
2e are block diagrams showing the hardware architecture for one embodiment
of the invention, particularly for the TDAC transform version of the
invention. Figures 3a and 3b are block diagrams showing in greater detail
the serial-communications interface of the 35  processor for a two-channel
embodiment of the invention. Figure 4 is a hypothetical graphical
representation showing a time-domain signal sample block. Figure 5 is a
further hypothetical graphical representation of a time-domain signal
sample block showing discontinuities at the edges of the sample block
caused by a discrete transform assuming the signal within the block Is
periodic. 40      Figure 6a is a functional block diagram showing the
modulation of a function X(t) by a function W(t) to provide the resulting
function Y(t). Figures 6b through 6d are furtherhypothetical graphical
representations showing the modulation of a time- domain signal sample
block by an analysis window. Figure 7 is a flow chart showing the high
level logic for the nonuniform quantizer utilized in the Invention. 45
Figure 8 is a flow chart showing more detailed logic for the adaptive bit
allocation process utilized in the invention. Figure 9 is a graphical
representation showing a representative TDAC coder filter characteristic
response curve and two psychoacoustic masking curves. Figure 10 is a
graphical representation showing a TDAC coder filter characteristic
response with respect 50  to a 4 kHz psychoacoustic masking curve. Figure
11 is a graphical representation showing a TDAC coder filter characteristic
response with respect to a I kHz psychoacoustic masking curve. Figure 12 Is
a graphical representation illustrating a composite masking curve derived
from the psychoa- coustic masking curves of several tones. 55      Figure
13 Is a graphical representation showing the spectral levels of coding
noise and distortion of an encoded 500 Hz tone for three different bit
allocation schemes with respect to the psychoacoustic masking curve for a
500 Hz tone. Figures 14a through 14e are hypothetical graphical
representations illustrating a time-domain signal 10    EP 0 447 495 BI
grouped into a series of overlapped and windowed time-domain signal sample
blocks. Figures 15a through 15d are hypothetical graphical representations
illustrating the time-domain aliasing distortion created by the TDAC
transform. Figures 16a through 16g are hypothetical graphical
representations illustrating the cancellation of time- 5   domain aliasing
by overlap-add during TDAC transform signal synthesis. Figure 17 Is a
graphical representation comparing filter transition band rolloff and
stopband rejection of a filter bank using an analysis-only window with that
of a filter bank using the analysis window of an analysis- synthesis window
pair designed for the preferred TDAC transform embodiment of the Invention.
Figure 18 Is a hypothetical graphical representation showing the
overlap-add property of adjacent win- 10  dowed blocks. Figure 191sa
hypothetical graphical representation comparingtheshapeofseveral convolved
Kaiser- Bes- sel analysis windows for a range of alpha values 4 to 7 with a
sine-tapered window. Figure 20 is a schematic representation illustrating
the format of a frame of two encoded transform blocks without error
correction, particularly for the TDAC transform version of the invention.
15      Figure 21 is a schematic representation Illustrating the format of
a frame of two encoded transform blocks with error correction codes,
particularly for the TDAC transform version of the invention. Figures 22a
and 22b are functional block diagrams illustrating the basic structure of
the invention, par- ticularly for the DFT version of the invention. Figure
23 is a graphical representation comparing the shapes of two coder analysis
windows forthe TDAC 20  transform and DFT coders. 



Figure 24 is a graphical representation comparing the characteristic filter
response of a TDAC transform coder using windows with 100% overlap to the
response of a DFT coder using windows with 25% overlap. Figure 25 is a
schematic representation illustrating the format of a frame of two encoded
transform blocks without error correction, particularly for the DFT version
of the invention. 25      Figure 26 is a schematic representation
illustrating the format of a frame of two encoded transform blocks with
error correction codes, particularly for the DFT version of the invention.
Table I shows master exponents, subband grouping, and coefficient bit
lengths for the TDAC transform coder. Table II shows subband grouping and
coefficient bit lengths for the DFT coder. 30 Modes for Carrying Out the
Invention I. PREFERRED IMPLEMENTATION OF INVENTION 35      Figures 1a and
lb show the basic structure of the invention. The coder portion of the
invention shown in Figure 1a comprises time-domain signal input 100, signal
sampler and quantizer 101, signal sample buffer 102, analysis-window
multiplier 103 which modulates each digitized time-domain signal block,
digital filter bank 104 which transforms the quantized signal into
frequency coefficients, block-floating-pointencoder 105 which con- verts
each integer-valued transform coefficient into a floating-point
representation, adaptive bit allocator 106 40   which assigns bits to the
representation of each transform coefficient according to the total
signal's spectral composition, uniform quantizer 107 which rounds each
transform coefficient to an assigned bit length, and formatter 109 which
assembles the coded frequency coefficients into a bit stream for
transmission or storage. Figure 1a depicts a transmission path 110,
however, it should be understood that the encoded signal may be stored
immediately for later use. 45      The decoder portion of the invention
shown in Figure lb comprises encoded bit-stream signal input 111,
deformatter 112 which extracts each encoded frequency coefficient from the
assembled bit stream, linearizer 113 which converts each encoded
coefficient into an integer-valued transform coefficient, inverse digital
filter bank 114 which transforms the transform coefficients into a
time-domain -signal block, synthesis-window mul- tiplier 115 which
modulates the time-domain signal block, signal block overlap-adder 116
which recovers a digi- 50  tized representation of the time-domain signal,
analog signal generator 117, and analog signal output 118. Any one of
several discrete digital transforms may be used to implement the forward
and Inverse filter banks. The transform used in the 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 equiv- 55
alent of a critically sampled single-sideband analysis-synthesis system.
This transform is referred to herein as Time-Domain Aliasing Cancellation
(TDAC). The Discrete Fourier Transform (DFT) may be used In another
embodiment of the invention. The preferred embodiment for the DFT version
is discussed after the TDAC ver- sion has been fully described.    EP 0 447
495 B1 A. Processing Hardware The basic hardware architecture for the TDAC
transform version of the invention is illustrated In Figures 2a and 2b.
Empirical studies have shown that, unless special measures are taken,
transform computations 5 must be performed to an accuracy of at least20
significant bits to achieve stated performanceobjectives. One special
measure permitting implementation of a coder utilizing 16-bit arithmetic is
described later as part of the DFT embodiment. A practical Implementation
of a preferred embodiment of a single-channel version of the invention, em-
ploying either a 44.1 kHz or a 48 kHz sample rate, utilizes a 16-bit
analog-to-digital converter (ADC) with a 10  cycle time of no more than 20
microseconds to quantize the input time-domain signal. Each 16-bit
digitized sample is used to form the 16 most-significant bits of a 24-bit
word which is used in subsequent computations. A Motorola DSP56001 24-bit
digital-signal processor (DSP) operating at 20.5 MHz with no wait states is
used to perform the required computations and to control the encode and
decode processes. Static random access memory (RAM) provides program and
data memory for the DSP. A 16-bit digital-to-analog converter (DAC) 15
with a cycle time of no more than 20 microseconds is used to generate an
analog signal from the decoded digital signal. 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, programmable array logic (PAL) 205, and encoded serial-signal output
206. LPF 200A (a low-pass filter 20  which is not shown in Figure 1 a)
insures the input signal is bandwidth limited. ADC 201 digitizes (samples
and quantizes) the Incoming signal into a serial stream of 16-bit words.
DSP 202 receives and buffers the serial stream of digitized samples, groups
the samples into blocks, performs the calculations required to transform
the blocks into the frequency domain, encodes the transform coefficients,
formats the code words Into a data stream, and transmits the encoded signal
through serial data path 206. The programming and data work areas 25  for
the DSP are stored in one 24 kilobyte (KB) bank of static RAM 203 which is
organized into 8,192 24-bit words. 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. PAL 205 allows the encoder to
store program and data into a single 24 KB bank of RAM by translating pro-
30  gram and data addresses generated by DSP 202 into specific address
segments of RAM bank 203. Figures 2b and 2c provide more detail on two DSP
Interfaces. Figure 2b shows the serial-communication Interface for DSP 202,
ADC 201, and serial data path 206. Timing generator 202Agenerates the
receive clock, frame-synchronization, and transmit dock signals for the
encoder. Line SCO clocks a serial-bit stream of digi- tized input signal
samples along line SRD from ADC 201 into DSP 202. Line SCI provides the
frame- 35  synchronization signal to the ADC and the DSPwhich 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. Figure
2c shows the memory addressing interface. PAL205 translates addresses put
on address bus 205A by DSP 202, and passes the translated addresses to bus
205B which connects to RAM 203 and EPROM 204. Memoryforthe Motorola
DSP56001 is divided into three segments: program, X data, and Y data. The
memory 40  translation provided by PAL 205 permits these three segments to
be mapped into one 24 KB bank of RAM. The actual addresses for each of
these segments is determined by size and design of the encoder/decoder
software. In one embodiment, 4 K words (4096 or 100016 24-bit words) of
program memory are mapped into addresses 0000-[err], 2 K words [err] of
24-bit words) of X data memory are mapped Into addresses [err] and 2 K
words of Y data memory are mapped into addresses [err] 45      RAM 203 and
EPROM 204 are mapped into separate address spaces. Inverter 205C allows DSP
202 to select either RAM or EPROM according the state of address line A15.
When DSP 202 sets Al5 high, Inverter 205C sets the chip-select (CS) lines
of RAM 203 and EPROM 204 low. Only EPROM 204 is selected when CS is low.
When DSP 202 sets Al 5 low, inverter 205C sets the CS lines of RAM 203 and
EPROM 204 high. Only static RAM 203 is selected when CS is high. 50
The decoder hardware architecture, shown in Figure 2d, Is comprised of
encoded serial-signal input path 207, DSP 208, static RAM 209, EPROM 210,
PAL 211, DAC 212, LPF 213A, and analog signal output 213. DSP 208 receives
and buffers the encoded signal, deformats the signal into the encoded
transform coeffi- cents, performs the calculations required to transform
the coefficients into the time domain, groups the coef- ficients into
time-domain blocks, overlap-adds the blocks Into a time-domain sequence of
digital samples, and 55  transmits the digital samples in a serial-bit
stream to DAC 212. The programming and data work areas for the DSP are
stored in one 24 KB bank of static RAM 209 which is organized Into 8,192
24-bit words. EPROM 210 stores in a compressed format programming and
static data which the DSP unpacks Into usable form into RAM 209 when the
decoder is first powered on. PAL 211 allows the decoder to store program
and data into a single 12    EP 0 447 495 B1 24 KB bank of RAM by
translating program and data addresses generated by DSP 208 into specific
address segments of RAM bank 209. DAC 212 generates an analog signal
corresponding to the serial-data stream re- ceived from the DSP. LPF 213A
(a low-pass filter which is not shown In Figure 1b) insures signal output
213 is free of any spurious high-frequency components created by the
encode/decode process. 5      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, frame-synchronization, and transmit clock signals for the decoder.
Line SC0 clocks the encoded serial-bit signal along line SRD Into DSP 208.
Line SCK docks a serial- bitstream of the decoded digitized signal samples
along line STDfrom DSP 208 to DAC 212. Line SC2 provides 10  a
frarne-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 described
above for the encoder. See Figure 2c. 



A two-channel encoder requires LPF 200A and 200B, and ADC 201A and 201B,
connected as shown in Figure 3a. The interface between the DSP and ADC
components operates in a mannersimilarto thatdescribed 15  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 frame-synchronization
signal to control multiplexer 202B and Indicate to the DSP which of the two
ADC is currently sending digitized data. A two-channel decoder requires DAC
212A and 212B, and LPF 213A and 213B, connected as shown in Figure 3b. The
interface between the DSP and DACcomponents operates in a mannersimilarto
thatdescribed 20  above for a one-channel decoder. Timing generator 208A
provides an additional signal to line SCI of the DSP at one-half the rate
of the frame-synchronization signal to control demultiplexer 208B and
indicate to the DSP which of the two DAC is currently receiving digital
data. The basic hardware architecture may be modified For example, one
Motorola DSP56001 operating at 27 MHz with no wait states can implement a
two-channel encoder or decoder. Additional RAM is required. One 25  24 KB
bank is utilized for program memory. A second 24 KB bank is utilized for X
data and Y data memory. No PAL Is required for address translation when two
banks of RAM are used. Further, specialized hardware may be used to perform
certain functions such as window modulation or the Fast Fourier Transform
(FFT). The entire encoder/decoder may be implemented in a custom-designed
In- tegrated circuit. Many other possible implementations will be obvious
to one skilled in the art. 30 B. Input Signal Sampling and Windowing In the
TDAC embodiment of the invention, signal sampler and quantizer 101 is an
analog-to-digital con- verter which quantizes the input signal into 18 bits
which are subsequently padded on the right with 8 zero 36  bits to form a
24-bit integer representation. All subsequent transform calculations are
performed in 24-bit in- teger arithmetic. The analog input signal should be
limited in bandwidth to at most 15 kHz (20 kHz for a 20 kHz bandwidth
coder). This may be accomplished by a low-pass filter not shown in Figure
1a. As discussed above, the length of the signal sample block created by
signal sampling and quantizing means 101 is of critical importance. The
length must be chosen to balance signal propagation delaywith digital 40
filter performance. The forward transform (digital filter bank 104)
mustwaitforall of the block's samples before all transform coefficients may
be calculated. A similar delay is experienced by the inverse transform
(digital filter bank 114), waiting for all coefficients before the
time-domain signal may be recovered. As a result, as- suming both forward
and inverse transforms may be performed in a period of time equal in
magnitude to the block Interval, the delay for a signal passing through the
invention is three times the block length. Because 45  the desired overall
delay is no greater than approximately 10 milliseconds, the block length
should not exceed 3.3 milliseconds. It is desirable, however, to use as
long a block as possible because shorter block lengths reduce the filter
bandwidth and adversely affect the transition band rolloff and depth of
stopband rejection. Therefore, the chos- en block length should be as long
as possible, subject to the 3.3 millisecond limitation discussed in the
previous 50  paragraph. A music signal with at least Compact Disc (CD)
quality has, in addition to other qualities, a bandwidth in excess of 15
kHz. From the Nyquist theorem, it is known that a 15 kHz bandwidth signal
must be sampled at no less than 30 Khz. A sample rate of 44.1 Khz is chosen
for the current 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 55  such applications. (This sample rate also supports an
alternative 20 kHz bandwidth embodiment of the inven- tion.) Given this
sampling rate, a 3.3 millisecond block comprises 147 samples. Digital
filter transform calcu- lations aresimplified, however, If the numberof
samples is a powerof two. Consequently, the numberof sam- ples per block is
reduced to 128 which establishes the block length at 2.9 milliseconds. 13
EP 0 447 495 B1 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 coeffl-
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 5
be apparent to one skilled in the art. Assuming the input signal is not a
complex one, i.e., all imaginary components are zero, a frequency-do- main
transform of a 128 sample block produces at most 64 unique nonzero
transform coefficients. Hence, the 



invention shown in Figures la and l b is comprised of 64 frequency bins. In
this implementation, the bandwidth of each bin Is equal to 344.5 Hz (or
44.1 kHz I 1128). (For some discrete transforms such as TDAC, bin 0, the 10
DC or zero frequency component, has a bandwidth equal to half of this
amount.) Only coefficients 0-45 are used to pass a 15.7 kHz signal.
(Coefficients 0-62 are used in a 20 kHz version to pass a 21.5 kHz signal.)
The additional high-frequency coefficients above the input signal bandwidth
are used to minimize the adverse effects of quantizing errors upon aliasing
cancellation within the design bandwidth. Note that it Is assumed the input
signal is band-limited to 15 kHz (or 20 kHz) and the final output signal is
also band-limited to reject 15  any aliasing passed in the highest
coefficients. Unless the sample block Is modif led, a discrete transform
will erroneously create nonexistent spectral com- ponents because the
transform assumes the signal in the block is periodic See Figure 4. These
transform errors are caused by discontinuities at the edges of the block as
shown in Figure 5. These discontinuities may be smoothed to minimize this
effect. Figures 6a through 6d illustrate how a block is modified orweighted
such 2o  that the samples near the block edges are close to zero. The
multiplier circuit shown in Figure 6a modulates the sampled input signal
x(t) shown in Figure 6b by the weighting function shown in Figure 6c. The
resultant signal is shown in Figure 6d. This process is represented by box
103 in Figure 1a. This weighting function, called an analysis window, is a
sample-by-sample multiplication of the signal sample block, and has been
the subject of considerable study because its shape has profound affects
upon digital filter performance. See, for 25  example, Harris, "On the Use
of Windows for Harmonic Analysis with the Discrete Fourier Transform,"
Proc. IEEE, vol. 66, 1978, pp. 51-83. Briefly, a good window increases the
steepness of transition band rolloff for a given level of depth of stopband
rejection, and permits correction of its modulation effects by overlapping
and adding adjacent blocks. Window design is discussed below in more
detail. 30   C. Analysis Filter Bank - Forward Transform A discrete
transform implements digital filter bank 104 shown in Figure I a. Filtering
Is performed by con- verting the time-domain signal sample blocks into a
set of time varying spectral coefficients. The transform technique used in
one embodiment of the invention is Time-Domain Aliasing Cancellation
(TDAC). 35      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 the DST, shown in equation 2, are 40           [err]
(1) 45        [err]                         (2) where k = frequency
coefficient number, 50        n = input signal sample number, N = sample
block length, m = phase term for TDAC, x(n) = quantized value of input
signal x(t) at sample n, C(k) = DCT coefficient k, and 55        S(k) = DST
coefficient k. The 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 14    EP 0 447 495 B1 [err] (3) 5
(4) [err] where 10        i = signal sample block number, C(k) = DCT
coefficient (see equation 1), and S(k) = DST coefficient (see equation 2).
The computation algorithm used is the Fast FourierTransform (FFT). See
Cooley and Tukey, "An Algorithm for the Machine Calculation of Complex
Fourier Series," Math. Comput., vol. 19, 1965, pp. 297-301. Asingle 15  FFT
can be used to perform the DCT and DST simultaneously by defining them
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 sample blocks consist only of real-valued
samples. By factoring these trans- forms into the product of one FFT and an
array of complex constants, the DCT coefficients emerge from the transform
as the set of real values and the DST coefficients are represented by the
set of Imaginary values. 20  Therefore the DCT of one signal sample block
can be concurrently calculated with the DST of another signal sample block
by only one FFT followed by 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 FourierTransform,
Englewood Cliffs, NJ: Prentice-Hall, Inc., 1974. Ad- ditional information
regarding the concurrent calculation of the modified DCT and DST for the
TDAC transform 25   may be found In Lookabaugh, "Variable Rate and Adaptive
Frequency Domain VectorQuantization of Speech," Stanford, CA: Stanford
University, PhD Thesis, June, 1988. This concurrent process is especially
useful in two-channel applications where a transform block is gen- erated
concurrently for each channel, a DCT block for one channel and a DST
blockfor the other channel. The coded blocks for a given channel alternate
between the DCT and DST (see expression 5), and are always of 30  the
opposite typefrom thatof the otherchannel's blocks. Apairof blocks,
oneforeach channel, are transformed and formatted together. Princen showed
that with the proper phase component m (see equation 6) and a carefully
designed pair of analysis-synthesis windows, the TDAC technique can
accurately recover an input signal from an alternating sequence of cosine
and sine transform blocks of the form 35
[err] where each transform block represents one time-domain signal sample
block. This process is shown in Figures 14a-14e, 15a-15d, and 16a-16g.
Referring to Figure 14a, It may be seen that quantized input signal x(t) is
grouped into blocks. One set of blocks, modulated by the window function
[err] shown in Figure 14b, produces signal [err] shown In Figure 14d. 40
Signal [err] is input to the DCT. Another set of blocks of the sampled
input signal x(t), which overlap the first set by one-half block length,
are windowed bywindowfunction W. shown in Figure 14c (which windowfunction
is identical to [err] but shifted in time by one-half block length)
producing signal x,(t) shown in Figure 14e and subsequently passed to the
DST. Using only the alternate DCT and DST transform blocks results In a
loss of the information contained in 45  the discarded half of the
transform blocks. This loss produces a time-domain aliasing component, but
the dis- tortion may be cancelled by choosing the appropriate phase term m
forequations 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. 50   Figures 15a-15d and 16a-16g
illustrate this distortion. Signal [err] recovered from the Inverse DCT, is
shown in Figure 15a. Figure 15b illustrates that the recovered signal is
composed of two components: the original windowed signal (solid line), and
time-domain aliasing distortion (dotted line). Figures 15c and 15d
illustrate similar information for signal [err] recovered from the inverse
DST. To cancel this alias distortion and accurately recover the original
time-domain signal, TDAC requires the aliasing to be as follows. For the
DCT, the time- 55   domain alias component consists of the first half of
the sampled signal reversed in time about the one-quarter point of the
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 thatfor the DCT except its amplitude is inverted in
sign. See Figures 15b and 15d. The phase term required for alias
cancellation Is 15    EP 0 447 495 B1 [err] where N = sample block length.
TDAC also requires application of a pair of carefully designed
analysis-synthesis windows to overlapped 5   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 16a- 16g illustrate the
overlapping of signal sample blocks and the resulting cancellation of alias
distortion. Signals [err] shown in Figure 16a and 16d, recoveredfrom the
Inverse DCT and DST, are modulated bywindow functions [err] respectively,
shown in Figures 16b and 16e, to produce signals [err] shown 10  in Figures
16c and 18f. When the overlapped blocks of these windowed signals are
added, the alias compo- nents are cancelled and the resulting signal y(t)
shown in Figure 1 6g is an accurate reconstruction of the orig- 



inal 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 15  100% window overlap required for TDAC during
signal synthesis doubles the required bit rate. Consequently, TDAC has a
neutral effect upon the required bit rate. D. Nonuniform Quantization 20
Each transform coefficient derived from filter bank 104 is encoded and
grouped into subbands by nonu- niform quantizer 108. (Table I shows the
assignment of transform coefficients to subbands.) The nonuniform quantizer
is composed of block-floating-point encoder 105, adaptive bit allocator
108, and uniform quantizer 107 shown in Figure la. As depicted in Figure 7,
nonuniform quantization is comprised of five major sections: (1)
calculating subband exponents, (2) determining the master exponents, (3)
initially setting the bit length of 25  each coefficient code word as
afunction of the coefficient's frequency, (4) adaptively allocating
additional bits to specific code words, and (5) rounding and truncating the
code word according to the bit length computed from the sum of the adaptive
bit allocations and the minimum bit length based on the coefficient's
frequency. Floating-point representation of numerical quantities is well
known in the art of digital data processing and is used to represent a
wider range of values with fewer bits than is possible with
integerrepresentation. Afloat- 3o  ing-point number is composed of a
mantissa and an exponent. In a preferred embodiment of the Invention, the
mantissa is a signed integer-valued expression expressed in two's
complement form. The corresponding ex- ponent Is an unsigned value equal to
the power of two of the multiplier required to convert the mantissa (either
normalized or unnormalized) Into the true value of the represented
numerical quantity. This representation can be expressed as 36
[err] where F = the value of the floating-point number, M = the signed
Integer-valued mantissa, and E = unsigned integer-valued exponent. 40   For
example, an exponent of three indicates the true value of the
floating-point number is obtained by multi- plying the integer-valued
mantissa by [err] This is equivalent to shifting a binary representation of
the mantissa three places to the right. A positive nonzero mantissa is said
to be normalized when its most significant data bit is nonzero. A neg-
ative-valued mantissa is normalized when its most significant data bit is
zero. A normalized mantissa insures 45  the greatest number of significant
bits for the numerical quantity is contained within the mantissa's limited
bit length Block-floating-point representation is also well known in the
art and is used to represent a set of floating- point numbers with fewer
bits than is possible with conventional floating-point representation. This
technique uses one exponent for a group of mantissas. Some mantissas in the
group may not be normalized. The man- 50  tissa for the quantity with the
largest magnitude in the group will be normalized provided it is not too
small, i.e., the exponent is incapable of expressing the multiplier
required for normalization. Whether the mantissas are normalized or not,
however, the exponent always represents the number of times each
integer-valued man- tissa In the group must be shifted to the right to
obtain the true value of the floating-point quantity. 55   1. Subband
Exponents The block-floating-point encoder comprises sections one and two
of the nonuniform quantizer. The func- tions performed by the first section
are shown in box 701 of Figure 7. This section calculates the subband ex-
16    EP 0 447 495 B1 ponentsforeach of several
subbandfrequencycoefficients. Thesubbands areshown in Table I. The
procedure is comprised of three steps. The first step finds the largest
transform coefficient in each subband. The second step determines the
number of left shifts required to normalize these largest 24-bit
coefficients. The third step saves these quantities as the exponent for the
corresponding subband. 6 2. Master Exponent The second section of the
nonuniform quantizer determines the value of a one-bit master exponent for
each of two subband groups. The master exponent is used to expand the
dynamic range of the coder. Referring 10  to Table I, it may be seen that
master exponent MEXPO represents the low frequency subbands zero through 



six. Master exponent MEXP1 represents high frequency subbands seven through
eighteen. (Fora 20 kHzcod- er, two additional subbands are required as
shown in Table I.) If all subband exponents in a group are three orgreater,
the masterexponent forthat group is set to one and all subband exponents in
that group are reduced by three. When a master exponent is set to one, it
Indicates that all coded coefficients within all subbands in 15  the group
are shifted to the left three more times than is indicated by the subband
exponent values. When a master exponent is zero, each subband exponent in
the group correctly represents the total left shifts for each transform
coefficient in the subband. These master exponents permit using shorter
subband exponents while allowing for a sufficient dynamic range. This step
in the process is shown in boxes 702a and 702b of Figure 7. 20      An
additional step can be taken which may reduce the total bits required to
represent the coded signal. In all subbands where an exponent represents a
single coefficient, the sign bit of a normalized mantissa is su- perfluous.
As discussed above, the sign bit and the most significant data bit in a
normalized mantissa are al- ways of opposite value. The sign bit can
therefore be dropped by the encoder and restored by the decoder. The
dropped sign bit is referred to herein as a "hidden bit." 25      Whether a
mantissa is nonmalized can be determined by examining the exponent If the
exponent is less than its maximum value (which is 15 after adjusting for
the master exponent in the floating point scheme used In the preferred
embodiment of the invention), the mantissa is normalized. If the exponent
is equal to its max- imum value, no conclusion can be drawn, therefore it
is assumed the mantissa is not normalized and there is no hidden bit. 30
This technique can be used only forthose mantissas representing transform
coefficients in subbands con- taining only one coefficient Assuming such
coefficients will usually be normalized, the reduction In bit require-
ments is realized by reducing the fixed or minimum bit length forthe
coefficients, as shown in Table I. If a trans- form coefficient happens to
be unnormalized, the reduced bit length is not likely to created audible
quantization noise because the frequency component will be of very low
amplitude. 35 3. Fixed-Bit Length The third section of the nonuniform
quantizer sets an initial minimum bit length for the representation of each
left-shifted transform coefficient. This length is set according to the
coefficient's frequency. Box 703 in 40   Figure 7 represents this section
of the process and Table I shows the minimum number of bits fixed for each
coefficient's code word. The minimum bit length was derived by comparing a
representative filter bank re- sponse curve to a psychoacoustic masking
threshold curve. Because filter performance Is a function only of the
difference in frequency between a signal and the coefficient's frequency,
any frequency coefficient may be used to represent the filter banks
response. The response curve shown In Figure 9 Is obtained from the 45
root mean square average of the filter's response to a range of frequencies
within the filter passband. As dis- cussed above, filter selectivity is
affected by the shape of the analysis window and the number of samples in
each time-domain signal block. It may be noted here that the overall coder
characteristic response is not as good as that shown in Figure 9 because an
additional selectivity loss occurs during the signal synthesis proc- ess.
This effect is discussed below and is also shown in Figure 17. 5D      Two
psychoacoustic masking curves are shown in Figure 9. These curves were
derived from Fielder, "Eval- uation of the Audible Distortion and Noise
Produced by Digital-Audio Converters," J. Audio Eng. Soc., vol. 35, 1988,
pp. 517-534. Auditory selectivity of the human ear varies greatly with
frequency, however, the I kHz curve is representative of ear
characteristics for frequencies between 500 and 2 kHz, and the 4 kHz curve
is representative of the ear's response to higherfrequencies. The rate of
transition band rolloff and depth of stop- 55   band rejection for a
transform coder must be as great as that for the psychoacoustic masking
curve to achieve the lowest bit rates. In particular, note that ear
selectivity for frequencies below a 1 kHz masking tone is very high. Other
transform coders in the art have achieved the required subband bandwidth
and selectivity by using time-domain block lengths of at least 512 samples.
For example, see Brandenburg, "OCF - A New Coding 17    EP0447495B1
Algorithm for High Quality Sound Signals," IEEE Int. Conf. on Acoust.,
Speech, and Signal Proc., 1987, pp. 141-144. Because of time delay
constraints discussed above, this invention uses a 128 sample block and
must over- come undesirably wide subband bandwidth and degraded filter
selectivity In otherways. This is accomplished 5   in part by reserving
additional bits for all coded frequency coefficients below 4 kHz. Figure 10
compares the 



filter response against the 4 kHz psychoacoustic masking curve. Because
coder bandwidth and selectivity im- prove relative to the psychoacoustic
masking curve as frequency increases, fewer bits are required to repre-
sent higher frequency transform coefficients above 4 kHz. This relationship
is reflected in the minimum bit length values as shown in Table I. 10
Figure 11 compares the I kHz masking curve against the filter response
curve which Is offset such that the psychoacoustic masking curve is always
higher. The offset for the filter response is due to the increased accuracy
afforded by additional bits reserved for the lower-frequency coefficients.
Each additional bit im- proves the signal-to-noise ratio approximately 6
db. The graph in Figure 11 indicates an offset of 42 dB (or approximately 7
additional bits of accuracy) may be necessaryto encode a
low-frequencytransform coefficient 15  if no other tones are present to
contribute to the masking effect. The minimum lengths suggested by the
masking curves shown in Figures 9, 10, and 11 are conservative, however,
because the curves shown in these figures represent the psychoacoustic
masking effect produced by a single tone or a very narrow band of noise.
Figure 12 shows a composite masking curve derived from a simple overlayof
the individual masking curves of three tones. Empirical evidence indicates
thateven this com- 20  posite curve is very conservative, understating the
actual masking effect of multiple tones. Furthermore, music Is generally a
more complex signal than a few discrete frequencies, and the resulting
increase in masking levels permits a reduction in the required accuracy of
transform coefficient code words. Consequently, the minimum bit lengths
shown in Table I are obtained by deducting two bits from the bit length of
each coefficient code word suggested by the masking curves in Figures 10
and 11. Adaptive-bit allocation provides additional bits 25  where needed
for increased accuracy of specific coefficients. 4. Adaptive Bit Allocation
a. Overview 30 The fourth section of the nonuniform quantizer performs the
adaptive bit allocation. Box 704 in Figure 7 provides an overview of this
allocation process. In general, for each transform block, bit allocation
assigns a fixed number of additional bits to specific coefficients in four
phases. The number of bits may be chosen to balance signal coding quality
and transmission bit rate. The preferred embodiment of the present
invention 35  sets the allocation at thirty-four bits. This limit is
referred to herein as the allocation maximum oras the number of allocable
bits. The current implementation assigns a maximum of 4 bits per
coefficient. This maximum represents a de- sign compromise between coding
accuracy and total bit rate. It will be realized by one skilled in the art
that this maximum and the total number of adaptively allocable bits may be
altered without changing the concept 40  or basic purpose of the invention.
Phase zero is an initialization process for the remaining phases. Phase one
assigns bits, up to a maximum of four per transform coefficient, to the
coefficients within the same critical band of those frequency compo- nents
with the greatest spectral energy. If all allocable bits are assigned
during phase one, the allocation proc- ess stops. If not, phase two
allocates additional bits to the transform coefficients which were
allocated bits 45  during phase one such that the total adaptively
allocated bits for each coefficient Is four. If all allocable bits are
assigned during phase two, the allocation process stops. If any bits
remain, phase three allocates bits to those coefficients which are
adjacentto coefficients that were allocated bits during phase one and two.
Amore detailed conceptual description of this procedure is provided in the
following paragraphs. The actual logic im- plementation of the procedure is
discussed later. 50      Figure 8 is a diagram of the conceptual process
used to adaptively allocate bits to specific transform coef- ficients. The
initialization steps of phase zero are shown in box 800. The first step
initializes the elements of an array AO to zero. The next step identifies
the smallest subband exponent, which is the exponent for the subband with
the largest spectral component, and saves the value as [err] All subband
exponents are sub- tracted from XMIN and the difference is stored in array
M(). Note that the smallest possible subband exponent 55  is zero and the
largest possible subband exponent is eighteen, which is the sum of a
maximum value of fifteen fora 4-bit high frequency subband exponent plus
the value of three forthe master exponent MEXPI. See Table I. Therefore,
the range of possible values in array M() is negative eighteen to zero. In
the next step, four is added to each element of array M() and all elements
below zero are set to zero. At the end of phase zero, array    EP 0 447 495
B1 M() consists of a set of elements, one for each subband, whose values
range from zero to four. The elements with a value of four represent those
subbands where at least one of the coefficients in the subband has one 



of the largest spectral coefficients in the total signal. Phase one
constructs another array AO, which represents the bits to be allocated to
the coefficients in 5   each subband, using the process shown in Figure 8
box 801. Each element in AO corresponds to a subband. Recall from Table I
that the higher subband exponents represent multiple transform
coefficients, therefore each element of AO represents the number of bits
assigned to all transform coefficients in the corresponding subband. For
example, referring to Table I, subband 7 represents coefficients 7 and 8.
If element A(7) has a value of one, this indicates that 2 bits are
allocated, one each to transform coefficients 7 and 8. Continuing 10  the
example, if element A(18) has a value of two, then 14 bits are allocated, 2
bits each to coefficients 39-45. During the allocation process, as each
element of A() is incremented, the number of allocated bits is deducted
from the number of bits remaining for allocation. When all of the allocable
bits are assigned during this or any following phase, that phase
Immediately ter- minates and all of the subsequent phases are skipped.
During the final step in which the allocation limit Is 15  reached, the
numberof bits assigned to a subband during thatstep will not exceed the
number of bits remaining forallocation. If the last of the allocable bits
are assigned while processing a subband with more than one ooef- ficient,
it is likely that not all of the coefficients in that subband will be
allocated the same number of bits. Starting with the M() array element
representing the lowest-frequency coefficient (M(0) for DCT blocks, or
element M(1) for DST blocks), each element of MO is examined in turn. As
many as four passes are made 20  through array MO, or until all allocable
bits are allocated. On the first pass, each element in array AO is incre-
mented by one if the corresponding element in array MO has a value equal to
four. The second pass Increments by one each element in A( which
corresponds to each element in MO which has a value equal to three or four.
On the third pass, array AO elements are incremented if the corresponding
MO element has a value within the range of two tofour. The final pass
increments those elements in array A() corresponding tothose MO elements 25
which have a value In the range between one and four. It may be noted that
If the elements in array MO sum to the allocation limit or less, the
contents of arrays MO and A( at this point will be identical. If the number
of bits assigned has reached the allocation limit, the bit-allocation
process is complete at the end of phase one. If any allocable bits remain,
allocation continues with phase two shown in box 802 of Figure 8. This
phase makes as many as three passes through array AO, stopping earlier if
and when the maximum allocable bits 30  are assigned. Each pass starts with
the lowestfrequency element (A(0) for DCT blocks, orA(1)for DST blocks) and
works upward in frequency. On the first pass through array A(), each
element which has a value between one and three is incremented by one. On
the second pass, elements with values of two or three are increment- ed. On
the third pass, elements equal to three are incremented. If this phase
completes without exceeding the allocation limit, every element in array
A() will have a value of either four or zero. 35     If any allocable bits
remain, allocation continues with phase three shown in box 803 of Figure 8.
Like the previous phases, phase three allocation will terminate as soon as
the allocation limit has been reached. This final phase assigns additional
bits to transform coefficients with lower spectral energy which are
adjacent to subbands of coefficients with higher energy. This assignment is
accomplished in four steps. The first step scans array AO starting with the
highest frequency element A(18) (element A(20) is the starting element in
20 40  kHz bandwidth coders) in search of a group of three adjacent
elements which have the values {O,0,4}. If found, the center element is set
to one such that the group values become {0,1,4). Two special cases
comprise the second step. The bit allocation of the lowest frequency
transform coeffi- cient Is set to one if the values of the two
lowest-frequency elements (A(0) and A(1) for DCT blocks, or A(1) and A(2)
for DST blocks) are {0,4). Then elements A(17) and A(18) are tested to
determine if their values are 45  (4,0). If so, the allocation for the
highest frequency subband is setto one. (Elements A(19) and A(20) are
tested in a 20 kHz coder.) If the allocation limit has not been reached,
step three of phase three begins by scanning array A( down- ward starting
with the highest frequency subband in search of a group of three adjacent
elements which have the values {4,0,0}. If found, the center element is set
to one to produce values {4,1,0}. 50      The fourth and final step of
phase three allocates additional bits to the coefficients in subbands
assigned bits in steps one through three of this phase. Starting at the
highest frequency element of array AO, each ele- ment modified in step one
is incremented. Any elements modified in step two are incremented next
Finally, elements modified in step three are incremented, starting with the
highest frequency subbands. This fourth step reiteratively Increments the
array elements in the same order discussed above until all allocable bits
are 55   assigned, or until all of the elements modified in steps one
through three are assigned a total of 4 bits each. If the latter condition
is met and any allocable bits remain to be assigned, phase three repeats
starting with step one. 19  



EP 0 447 495 B1 b. Adaptive Bit Allocation Logic The concept of the
adaptive bit allocation algorithm is represented In Figure 8 and described
above. An understanding of the algorithm's concept is helpful in gaining an
understanding of the actual logic of the adap- 5   tive bit allocation
routine. Phase zero begins by initializing all elements of array AO equal
to zero, and constructing four tables [err] through [err] The construction
of the tables is accomplished through the following steps: (1) identify the
smallest subband exponent and save this value as XMIN; (2) starting with
the lowest frequency subband (subband 0 for DCT blocks, or subband 1 for
DST blocks), subtract the subband exponent (see Table I) from [err] (3) If
the 10  difference Is zero, insert the subband number into tables [err] (4)
if the difference Is negative one, insert the subband number into tables
[err] (5) if the difference is negative two, insert the sub- band number
into tables [err]; (6) if the difference is negative three, insert the
subband number into table T1; (7) continue steps three through six for each
subband until all subbands have been processed. At the end of this step,
table [err] contains the numbers of all subbands that have exponents in the
range [err], 15  table T2 contains subbands with exponents from [err],
table [err] contains subbands with exponents from XMIN-1 to XMIN, and table
T4 contains subbands with exponents equal to XMIN. Of significance, subband
entries in each table are in ascending order according to frequency. Phase
one allocates bits to transform coefficients in subbands with the largest
subband exponents. Start- ing with the first (lowest frequency) entry in
table T4, one bit is allocated to each transform coefficient within 2o
each subband represented in the table. The allocation is repeated in turn
for table [err], and finally table T1. This process continues until all
allocable bits have been assigned or until all entries in tables [err] have
been processed. As a bit is assigned to all coefficients In a subband, an
entry in array AO corresponding to that subband is incremented by one such
that the elements in A( reflect the total bits allocated to each trans-
form coefficient in each subband. 25      As noted earlier, allocation
terminates immediately when all of the allocable bits are assigned. Each
table entry represents a subband which, in general, contains multiple
transform coefficients. Therefore, if the last of the allocable bits are
assigned to a table entry representing a subband with more than one
coefficient, it is probable that not all of the coefficients in that
subband can be allocated the same number of bits. In such sit- uations, the
allocation process notes which coefficients in the subband must have a bit
deducted from the sub- 30   band's allocation amount subsequently stored in
array AO. Phase two constructs four new tables, [err] through T4, using a
procedure similar to that used in phase zero: (1) XMIN still retains the
smallest subband exponent; (2) for the lowest frequency subband (subband 0
for DCT blocks, or subband I for DST blocks), subtract the subband exponent
from XMIN; (3) if the difference is zero, insert the subband number into
table T4; (4) if the difference is negative one, insert the subband number
into 35  table T3; (5) if the difference is negative two, insert the
subband number into table [err] (6) if the difference is negative three,
insert the subband number into table T; (7) continue steps three through
six for each subband until all subbands have been processed. At the end of
this step, table [err] contains the numbers of all subbands that have
exponents equal to[err], table [err] contains subbands with exponents equal
to [err] table [err] con- tains subbands with exponents equal XMIN-1, and
table T4 contains subbands with exponents equal to XMIN- 40  The entries in
all of the tables are in ascending order according to the frequency of the
transform coefficient. Phase two assigns bits to all coefficients
represented by subbands in tables [err]  until each coefficient has
received a total of four additional bits, or until the allocation limit has
been reached. Starting with the first (lowest frequency) entry in table T3,
one bit is assigned to each coefficient contained within each subband rep-
resented in the table. As each subband is processed, the entry is removed
from table [err] and inserted into table 45  T4. Next, coefficients
associated with entries in table T2 are allocated an additional bit, moving
each entry from table T2 to T3 as the additional bit is assigned. Then
entries in table [err] are processed, moving the entries from table [err].
If any allocable bits remain, allocation continues by repeating the process
for table T3, and then table T2. If bits remain to assign, a final pass is
made through the entries in table [err] If phase two does not assign all
remaining allocable bits, table T4 contains all of the coefficients, each
having received 4 bits, and 50  tables [err] through [err] are empty. If
all allocable bits have been assigned, array A() is rebuiltfrom the
information contained in tables [err]  through [err] to reflect the total
bits allocated to each transform coefficient Each element in array A()
corresponding to an entry in table T4 is assigned a value of four. Each A()
element corresponding to an entry in table [err] is assigned a value of
three; for table T2 a value of two; and for table [err] a value of one. All
other elements of A(), i.e., those subbands which are not represented by
entries In tables [err] through [err] 55   are zero. 



If any allocable bits remain, allocation continues with phase three. Table
T4 is sorted, ordering the subband numbers Into descending frequency. The
first step adds subbands to table [err] which are not in table T4 that are
lower infrequency and adjacentto subbands which are in tableT4. Starting
with thefirst (highestfrequency) 20    EP0447495B1 entry in table T4,
adjacent entries in the table are examined to determine if they are
separated by two or more subbands. If they are, the number of the subband
immediately below the higher subband is Inserted into table T1. For
example, suppose two adjacent entries in table T4 represent subbands 16 and
12. These two subbands are separated by three subbands. Therefore the
number 15, representing the subband below subband 16, 5   would be inserted
into table T1. Two special cases for subbands 0 and 18 (subbands 0 and 20
in the 20 kHz version) are handled next. If subband I is the last entry in
table T4, the number for subband 0 is inserted into table [err] If the
first entry in table T4 is subband 17 (subband 19 in the 20 kHz version),
the numberforsubband 18 (subband 20) is inserted into table T1. 10      The
third step adds subbands to table [err] which are not in table T4 that are
higher in frequency and adjacent to subbands which are in table T4.
Starting with the first (highest frequency) entry in table T4, adjacent
entries In the table are examined to determine if they are separated by two
or more subbands. If they are, the number of the subband Immediately above
the lower subband is inserted into table [err] For example, suppose two ad-
jacent entries in table T4 represent subbands 16 and 12. As discussed
above, these two subbands are sepa- 15  rated by 3 subbands. Thereforethe
number 13, representing the subband above subband 12, would be inserted
into table T1. Starting with the first entry in table [err] an additional
bit is assigned to each transform coefficientassociated with each subband
represented by an entry in table [err] As each subband entry is processed,
it Is moved from table [err] into table T2. If any allocable bits remain at
the end of processing table [err] a similar process repeats 20  for the
entries in table T2, moving each entry from table T2 into table T3.
Processing continues with table [err] entries If any bits remain to
allocate, moving entries from table T3 into table T4. If any bits remain
after this step, phase three repeats from the beginning bysorting table T4
entries into descending frequency order. When all allocable bits have been
assigned, array AO is built from the four tables as described above for
phase two. After all bits have been allocated, each transform coefficient
code word is rounded off to a bit length equal 25  to the value of the
element of array A( representing the subband in which the coefficient is
grouped. Some coefficients in one subband, however, may have one bit
deducted from their length as required to keep the total number of
allocated bits equal to the allocation maximum. 5. Code Word Truncation 30
The fifth section of the nonuniform quantizer, shown In box 705 of Figure
7, follows the adaptive bit allo- cation routine. Using the subband and
master exponents determined in previous sections, each transform
coefficient In a transform block is shifted to the left a number of times
equal to the value of the exponent for the subband in which the coefficient
is grouped, plus three more shifts if the associated master exponent is 35
set to one. Each coefficient's total bit length is then calculated by
adding its minimum bit length (see Table I) to the number of adaptively
allocated bits assigned to coefficients in each subband, found in array AO.
Each transform coefficient code word is rounded off to this bit length. As
described above, each element of array A( represents the number of bits
assigned to all coefficients within a subband. Some coefficients in one
subband may have one bit deducted from their length as required 40  to keep
the total number of bits allocated to the transform block equal to the
allocation maximum. E. Formatting The formatting process prepares the
encoded transform blocks for transmission or storage. This process 45  is
represented by box 109 in Figure Ia. The following description discusses
the formatting of a two-channel signal such as that used in stereophonic
applications. The basic scheme, however, can be utilized in single- channel
or multiple-channel systems without departing from the basic invention.
Afixed length representation of each transform coefficient code word is
formed bytruncating the rounded code word to a length equal to the minimum
bit length shown in Table I. Any additional bits allocated to the 50  code
word are formatted separately in an adaptive bit block. The master
exponents, subband exponents, trun- cated coefficient code words, and
adaptive bit blocks are then assembled according to the grouping shown in
Figure 20. 



The formatted frame of transform blocks in Figure 20 depicts a structure
where channel A has encoded a DCT block and channel B has encoded a DST
block. If the frame will be subject to bit errors such as those 55   caused
by noise during transmission, error correction codes are intermixed with
the data as shown in Figure 21. Additional overhead bits may be required,
such as frame synchronization bits if the digital signal is Intended for
transmission, or database pointers or record keys if the frames are
intended for storage. If frame synchron- ization bits are required, the
formatted frame is randomized using a technique described in Smith, Digital
Trans- 21    EP 0 447 495 B1 mission Systems, New York, NY: Van Nostrand
Reinhold Co., 1985, pp. 228-236. Randomization is performed to reduce the
probability that valid data within the frame will be mistaken for the
synchronization pattern. The randomized frame is then appended to the frame
synchronization bits. Note that each transform coefficient may be
represented in as many as two distinct parts or segments. 5   Thefirst part
represents the coefficient's minimum length and is composed of a fixed
number of bits. See Table I. The second part of the representation, if
present, is of varying length and is composed of the adaptively al- located
bits. This two-part representation scheme is chosen over one which
represents each coefficient as a variable length word because itis more
immune to corruption by noise. If a noise burstoccurs in aframe utilizing
the preferred scheme, the effects of the noise will be confined to the
value of the exponents, code words, or 10  allocated bits directly affected
by the noise. If a noise burst occurs in a frame utilizing variable length
code words, the effects of the noise can be propagated through the
remainder of the frame. This propagation may occur because the noise burst
will alter not only the value of the exponents and code words hit directly
by the noise, but also the information needed to determine the length of
each variable length code word. If the length of one code word is in error,
the remainder of the frame will be misinterpreted. 15      Table I shows
that an encoded DCT block is composed of two master exponent bits, nineteen
subband exponents for 69 bits, and forty-six coefficient code words for 163
bits. An additional 34 adaptively allocated bits bring the total DCT block
length to 268 bits. (For the 20 kHz version of the invention, an encoded
DCT block is composed of two master exponents, twenty-one subband exponents
of 77 bits, sixty-three coefficient code words of 197 bits, and 34
adaptively allocated bits, for a total of 310 bits.) As noted In Table I
and shown 20  in expression 4, the code word for DST coefficient S(0) is
always zero, therefore the codeword and its exponent need not be
transmitted or stored. This reduces an encoded DST block by a total of 8
bits (three exponent bits and 5 coefficient code word bits) to a length of
260 bits (302 bits for the 20 kHz version). The total length for an encoded
frame of a DCT-DST block pair is 528 bits. No side-information is required
to Indicate the coefficients to which additional bits have been allocated.
25  The deformatting process is able to determine the proper allocation
from the transmitted subband exponents by performing the same allocation
algorithm as that used in the encoding process. When data corruption is not
a problem, a preferred structure for formatting a frame of transform blocks
Is one which places the exponents first, coefficient code words second, and
finally the adaptively allocated bits. This reduces processing delays
because, after all subband exponents have been received, the deformat- 30
ting process is able to determine bit allocations made to each transform
coeff icientwhile the adaptive bit blocks are being received. The
formatting structure used in the preferred embodiment of the invention is
shown in Figure 20. The bit stream is formatted with the master and subband
exponents for one channel assembled in ascending frequency order, followed
by the master and subband exponents of the other channel. Next, the fixed
length portion of the transform coefficient code words for the first
channel are assembled in ascending 35  frequency order, followed by the
coefficient code words of the other channel. Finally, the adaptive bit
blocks for the first channel are appended to the bit stream, followed by
the adaptive bit blocks for the other channel. In applications where
potential data corruption is of concern, an error correction scheme is
necessary. Errors in subband exponents, and to the lesser extent, errors in
the lower-frequency coefficient code words generally produce the
greatestaudible distortion. This information is the most critical data to
protect. Apreferred 40  scheme protects these values with error detection
and correction codes, and separates these values as much as possible to
improve their immunity to noise burst errors. Such a scheme Is shown in
Figure 21. It will be obvious to one skilled in the art that other frame
formats and correction codes may be utilized without departing from the
basic invention. The total length for one frame of a DCT/DST block pair is
528 bits (612 bits for the 20 kHz version). Of 45  this length, 139 bits
are subband and master exponents (155 bits forthe 20 kHzversion). Three
(15,13) Reed- Solomon error correction codes are added to the bit stream.
Each of these codes provide single-symbol error 



detection/correction foras many as thirteen 4-bit symbols (nibbles), or 52
bits. See, forexample, Peterson and Weldon, Error-Correcting Codes,
Cambridge, Mass: The M.I.T. Press, 1986, pp. 269-309, 361-362. Three of
these error correction codes are inserted into each frame to protect up to
39 nibbles (156 bits) of data, bringing 50  the total frame length to 552
bits (636 bits for the 20 kHz version). Because the three codes may protect
up to 156 bits, yet there are only 139 subband exponent bits in the 15 kHz
version, protection may also be provided to the three lowest-frequency
coefficient code words in the block-pair frame (coefficients C(0) and C(1)
for the DCT block, and coefficient S(1) for DST block). The re- maining
errorcorrection capacity is utilized by providing redundant protection
forthe two lowfrequency master 55   exponents (MEXPO shown in Table I) of
each transform block. Assignment of the three error codes to specific data
elements is somewhat arbitrary, however, the DCT master exponents should be
assigned to one code, the DST master exponents should be assigned to
another code, and the two low frequency master exponents from each
transform block should be assigned to the third code. 22    EP 0 447 495 B1
The Reed-Solomon codes process data in nibbles, therefore the error codes,
protected data, and unpro- tected data are grouped into 4-bit nibbles for
ease of processing. The ratio of protected data to unprotected data in each
block-pair frame is approximately two-to-one. This permits scattering
protected data throughout the formatted frame, each 4-bit nibble of
protected data separated by two nibbles of unprotected data. In ad- 5
dition, because each error code itself can sustain a singlesymbol error,
protected nibbles are assigned to each of the three codes In sequence. For
example, the first five protected nibbles are assigned to error codes 1, 2,
3, 1, and 2, respectively. See Figure 21. With this technique, a single
burst error of as many as 33 bits may occur anywhere in the frame without
corrupting more than a single nibble from each error code. Therefore,
protected data can be recovered from any single noise burst no longer than
33 bits in length. 10      Subject to the constraints discussed above,
exponents and transform coefficient code words are assem- bled in ascending
frequency order, and are followed by the adaptive bit blocks. F.
Transmission or Storage 16      The formatted frame is now ready for
transmission or for storage. Figure la illustrates transmission means 110.
Transmission media include public dissemination such as broadcasting,
internal use such as studio mon- itoring orsignal mixing, and interfacility
or telephonic use via terrestrial orsatellite links. Storage media include
magnetic tape and magnetic or optical disks. 20   G. Deformatting A
deformatting process takes place when the digitized and coded signal is
received from transmission means 111 either by receipt of a transmitted
signal or retrieved from storage. The process is represented by box 112 In
Figure lb. If the formatted frame of code words was randomized priorto
transmission, the formatted 25  frame is recovered by an inverse
randomizing process. Then the frame is split into the component parts of
each transform block: the master exponents, subband exponents, fixed length
portion of transform coefficient code words, and adaptively assigned bits.
Error correction codes, if present, may be used to rectify errors in-
troduced during transmission or storage. Each of the master exponent bits
are checked with its corresponding redundant bit to verify accuracy. If 30
this check fails, i.e., a master exponent and its redundant counterpart are
not equal, the value of the master exponent is assumed to be one. If the
correct value of the master exponent is actually zero, this assumption will
reduce the amplitude of all transform coefficients within the subbands
grouped under the errant master exponent. This assumption produces less
objectionable distortion than erroneously setting a master exponent to zero
(when it should be one) which would increase the amplitude of all affected
coefficients. 35      The exponent for all single coefficient subbands are
also checked to determine if any hidden bit adjust- ments are necessary.
The adaptive bit allocation routine discussed above is used to process the
exponents extracted from the received signal, and the results of this
process are used to determine the proper allocation of the adaptive bit
blocks to the transform coefficients. The portion of each transform
coefficient whose length equals the mini- 40   mum bit length plus any
adaptively allocated bits are loaded into a 24-bit word and then shifted to
the right a number of times equal to the value of the appropriate subband
exponent plus three additional shifts if the as- soclated master exponent
Is set to one. This process is represented by box 113 in Figure lb. H.
Synthesis Filter Bank - Inverse Transform 45 



Box 114 in Figure lb represents a bank of synthesis filters which transform
each set of frequency-domain 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 104 in Figure Ia
implements synthesis filter bank 114. The inverse transforms for the TDAC
technique used in this embodiment of the invention are 50  alternating
applications of a modified inverse DCT and an inverse DST. Because half of
the transform blocks are omitted from transmission or storage (see
expression 5), those blocks must be recreated for the inverse transforms.
The missing DCT blocks may be recreated from the available DCT blocks as
shown In equation 8. The missing DST blocks may be recreated as shown in
equation 9. The inverse DCT is expressed in equation 10, and the inverse
DST is expressed in equation 11. 55                              [err]
[err] 23    EP 0 447 495 B1 [err] 5 [err]                            (11)
10  where k = transform coefficient number, n = signal sample number, K =
number of transform coefficients, N = sample block length, 15         m =
phase term for TDAC (see equation 6), C(k) = quantized DCT coefficient k,
S(k) = quantized DST coefficient k, and [err] = recovered quantized signal
x(n). Calculations are performed using an FFT algorithm. The same
techniques as those employed in the for- 20  ward transform are used in the
inverse transform to permit concurrent calculation of both the DCT and DST
using a single FFT. Figures 14a-14e and 16a-16g illustrate the transform
process of the analysis-synthesis filter banks. The analysis 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 25  halfof the blocks. As
shown in Figures 1 5a-1 5d, the recovered signal contains aliasing
distortion. This distortion Is cancelled during a subsequent time-domain
block overlap-add process represented by box 116 in Figure l b. The
overlap-add process is discussed below. I. Synthesis Window 30 Figures
16a-16g illustrate cancellation of time-domain aliasing by the overlap-add
of adjacent time- domain signal sample blocks. As derived by Princen, to
cancel time-domain alasing distortion, the TDAC trans- form 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. 35  Synthesis-window
modulation is represented by box 115 in Figure lb. Analysis-synthesis
windowdesign must considerfilter bank performance. Because both windows are
used to modulate the time-domain signal, the total effect upon filter
performance Is similar to the effect caused by a single window formed from
the product of the two windows. Design of the analysis-synthesis window
pair, therefore, is accomplished by designing a suitable product-window
representing a point-by-point multiplication 40  of the analysis and
synthesis windows. This design is highly constrained, reducing flexibility
in trading off the steepness of transition band rolloff and the depth of
stopband rejection. As a result, filter performance is de- graded to a
greater extent than it is by an analysis-only window designed without this
constraint. For example, see Figure 17. While analysis windows have
received much attention, the prior art teaches little about
analysis-synthesis 45  window pairs. The technique described below derives
a good analysis-synthesis window pair from a known good analysis-window
design. A window pair derived by this technique Is substantially the same
as a window pair derived from a computer-based optimization technique
discussed in more detail later. While any analysis window may be used as a
starting point, several windows permit design of a filter bank with good
selectivity, 



and they offer a means to trade off steepness of transition band rolloff
against depth of stopband rejection. 50  Three examples are the
Kaiser-Bessel window, the Dolph-Chebyshev window, and a window derived from
fin- ite impulse filter coefficients using the Parks-McClellan method. See
Parks and McClellan, "Chebyshev Ap- proximation for Nonrecursive Digital
Filters with Linear Phase," IEEE Trans. Circuit Theory, vol. CT-19, March
1972, pp. 189-94. Only the Kaiser-Bessel window is discussed here. This
window allows the trade off men- tioned above through the choice of a
single parametric alphavalue. As a general rule, lowalphavalues improve 55
transition band rolloff, and high alpha values increase the depth of
stopband rejection. See Harris, cited above. An alpha value in the range of
4 through 7 is usable in the preferred embodiment of the invention. This
range provides a good compromise between steepness of transition band
rolloff at mid-frequencies (1-2 kHz), and depth of stopband rejection for
low frequencies (below 500 Hz) and high frequencies (above 7 kHz). The 24
EP 0 447 495 B1 range of acceptable alpha values was determined using
computer simulations by Identifying the lowest alpha values which have
sufficient stopband rejection to keep quantizing noise below the
psychoacoustic masking threshold. The Kaiser-Bessel window function is 5
[err]              (12) where a = Kaiser-Bessel alpha factor, 10        n =
window sample number, N = window length in number of samples, and [err] 15
To satisfy the overlap-add criteria, an analysis-synthesis product-window
WP(n) of length N is derived by convolving window W(n) of length v+1 with a
rectangularwindow of length N-v. The value v is the window over- lap-add
interval. The overlap-add process cancels alias distortion and the
modulation effects of the analysis 20  and synthesis windows. The
convolution which derives the product window is shown In equation 13, where
the denominator of the expression scales the window such that its maximum
value approaches but does not exceed unity. This expression may be
simplified to that shown in equation 14. 25 [err] (13) 30 [err] (14) 35
where n = product-window sample number, 40        v = number of samples
within window overlap interval, N = desired length of the product-window,
W(n) = beginning window function of length v+1, WP(n) = derived
product-window of length N, and 45
[err] The analysis and synthesis windows shown in equations 15 and 16  are
obtained by taking the derived prod- 50  uct-window WP(n) to the A and S
powers respectively. WA(n) = WP(n)A     for [err]   (15) WS(n) = [err]
for O [err] n < N  (16) where WP(n) = derived product-window (see equations
13 and 14), 55        WA(n) = analysis window, WS(n) = synthesis window, N
= length of the product-window, and A + S = 1. 



25    EP 0 447 495 B1 In the current embodiment of the invention, the
analysis and synthesis windows have a length of 128 sam- ples with a 100%
window overlap, or an overlap interval of 84 samples. The values of A and S
are each set to one-half which produces a pairof identical analysis and
synthesis windows as required by the TDAC transform. Substituting these
values into equation 14, the resulting analysis window is seen to be 5
[err] (17) 10 where W(n) = Kaiser-Bessel function of length 65, and the
alpha factor is in the range 4 to 7. 15  J. Overlap-Add An additional
requirement is placed upon window design: the analysis and synthesis
windows must be de- signed such that the analysis-synthesis product-window
always sums to unity when two adjacent product-win- dows are overlapped.
This requirement is imposed because an overlap-add process Is used to
cancel the time- 20  domain effects of the analysis- and synthesis-window
modulation. This process is represented by box 116 in Figure 1 b, and
illustrated in Figures 16a-16g. Signals [err] and [err] recovered from the
inverse DCT and DST respectively, are shown in Figures 16a and 16d. Each
signal is grouped into a series of blocks. Each signal block Is modulated
by the synthesis-window functions shown in Figures 16b and 16e. The
resulting blocks of signals [err]  and [err] are shown in Figures 16c and
16f. The two signals, overlapped by one-half block length, 25  are added to
produce signal [err] shown in Figure 16g. Signal y(t) is an accurate
reconstruction of the original Input signal. As shown in Figure 18, 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 not is seen to be the sum of the samples from windowed
blocks k 30  and k+1, which may be expressed as [err]         (18) where
[err] =  [err] [err]  = analysis window in block k at time not, 35
[err]  = synthesis window in block k at time not, and [err]  = [err] as
required by the TDAC transform. The product-window modulation 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] = 1  for [err] < N  (19) 40  for all time samples nt
within the overlap interval between block k and block k+1. It Is difficult
to work with the product-window as a function of time, so it is desirable
to translate the re- quirement as expressed in equation 19 into a function
of window sample number n. Equations 20 through 23 express this requirement
for a product-window created from the product of a pair of 128 sample
analysis and synthesis windows with 100% overlap. Equation 20 represents
the overlap of the f irst half of window WPk and 45  the last half of the
previous window [err]  Equation 21 represents the overlap of the last half
of window WPk and the first half of the following window [err]  Equations
22 and 23 show the equivalent expressions in terms of the analysis window.
Note thatthe analysis and synthesis windows must be identical forthe
TDACtransform. WPk 1(n + 64) + WPk(n) = I    for 0 [err] n < 64  (20) [err]
= 1      for 64[err] 128  (21) 50                   [err]  = 1     for
[err]  (22) [err] + [err] = 1  for 64 [err] < 128  (23) where [err] = [err]
[err]  = analysis window value for sample n in block k, 55        WSk(n) =
synthesis window value for sample n in block k, and WAk(n) = WSk(n) as
required by the TDAC transform. 26  



EP 0 447 495 B1 K. Signal Output Box 117 in Figure lb represents a
conventional digital-to-analog converter which generates a varying vol-
tage analog signal in response to a digital input. The digital input is
obtained from the 18 most significant bits 5   of the 24-bit integer words
produced by the overlap-add process. The analog output should be filtered
by a low-pass filter with a passband bandwidth of 15 kHz (20 kHz for the 20
kHz coder) to remove spurious high- frequency components. This filter is
not shown in Figure l b. II. ALTERNATIVE DFT IMPLEMENTATION OF INVENTION 10
The TDAC transform is preferred for most applications, however, the signal
processing resources required for a TDAC coder are greater than that
required for Discrete Fourier Transform (DFT) based coders. Using a DFT, a
coder may be implemented which requires less memory, processing speed, and
arithmetic accuracy to only 16 significant bits. The design objectives for
the DFT coder are the same as thatforthe TDAC version; 15   CD quality
signal, minimal bit rates, and low time delay through the coder. The
following discussion assumes a sample rate of 48 kHz although other rates
such as the 44.1 kHz sample rate discussed above for the TDAC version may
also be used. Figures 22a and 22b show the basic structure of the DFT
embodiment of the invention. This structure is similar to that of the TDAC
version. Four differences are required to compensate for the loweraccuracy
of 16- 20  bit arithmetic: (1) a preemphasis gain is applied to the analog
input signal by a network represented by box 2219, (2) block-floating-point
encoder represented by box 2220 operates priorto analysis-window modulation
represented by box 2203, (3) block-floating-point decoder represented by
box 2222 operates to recover the time-domain signal samples into 16-bit
integerform, and (4) a complementary postemphasis boostrepresented by box
2224 Is applied to the analog output signal. 25      The signal samples are
converted to block-floating-point form to increase the number of
significant bits because otherwise the DFT calculations, performed with
only 16 significant bits of accuracy, produce audible levels of noise due
to cumulative round-off errors and an inability to represent the required
dynamic range. Forfurther information on round-off noise accumulation in
FFT algorithms, see Prakash and Rao, Fixed-Point Error Analysis of Radix-4
FFT," Signal Processing 3, North-Holland Publishing Co., 1981, pp. 123-133.
By ex- 30  pressing each signal sample in block-floating-point form with a
4-bit exponent, the effective dynamic range of each transform coefficient
is increased. The block-floating-point encoder represented by box 2220 in
Figure 22a first finds the magnitude of the largest sample in the digitized
signal block. The number of left shifts required to normalize this value is
deter- mined. The number of shifts, which will be in the range 0-15,
establishes the value of the master exponent 35   MEXP See Table II.
Finally, all samples in the block are shifted to the left an amount equal
to the value of the master exponent. During decode, block-floating-point
linearizer 2222 shown in Figure 22b shifts each sample to the right an
amount equal to the master exponent and the sample block is derived from
its block-floating- point representation. The use of block-floating-point
representation provides a lower noise floor for low level signals because
40  all samples are left shifted on encode and right shifted on decode,
reducing the effects of arithmetic round- off errors. Unfortunately,
modulation of the arithmetic noise floor occurs with high signal levels
similar to that created by a broadband audio signal compander. But
empirical evidence shows that the major audible effects of this modulation
occur at frequencies below 300 Hz. Because 1 6-bit transform coder
distortion and round- off noise below 300 Hz are inaudible, the input
signal (and consequently the noise floor) may be reduced by 45  a special
preemphasis attenuation before ADC quantizing, and compensated by a
postemphasis boost after digital-to-analog conversion. The preemphasis
attenuation represented by box 2219 in Figure 22a and the post- emphasis
boost represented by box 2224 in Figure 22b provide a large reduction in
audible modulation noise forlowfrequencysignals. The preemphasis
characteristic is complementarytothe postemphasis characteristic so that
the frequency response of the coder remains flat. The preemphasis gain
characteristic is a low fre- 50  quency attenuation given by G(s) = [err]
where G(s) = preemphasis gain 55       [err] j = [err] and f = input
frequency in radians/sec. 



This preemphasis gain is a second order shelf with I 9 dB attenuation at DC
(0 Hz) and unity gain at high 27    EP 0 447 495 B1 frequencies. The
uppercutofffrequency is 300 Hz and the lower cutofffrequency is 100 Hz.
Forfurtherdetails on the use of pre- and postemphasis, see Fielder, "Pre-
and Postemphasis Techniques as Applied to Audio Recording Systems," J.
Audio Eng. Soc., vol. 33, September 1985, pp. 649-657. The following
description discusses the differences between the DFT and TDAC transform
versions of the 5   invention. A. Processing Hardware The basic hardware
architecture of the DFTversion of the invention is the same as thatforthe
TDAC trans- 10  form version of the invention, illustrated in Figures 2a
and 2d. A practical Implementation of a preferred em- bodiment of a
single-channel DFT version of the invention, employing either a 44.1 kHz or
a 48 kHz sample rate, utilizes a 16-bit ADC with a cycle time of no more
than 20 microseconds to quantize the inputtime-domain signal. Any of
several 16-bit digital signal processors such as the AT&T DSP-16 or Texas
Instruments TMS32020 may be used to perform the required computations and
to control the encode and decode proc- 15  eases. Static RAM provides
program and data memory for the DSR A 16-bit DAC with a cycle time of no
more than 20 microseconds is used to generate an analog signal from the
decoded digital signal. Design of the coder hardware and configuration of
the DSP serial ports is not unlike that described above for the TDAC
transform version of the invention, and will be obvious to one skilled in
the art. 20  B. Input Signal Sampling and Windowing As discussed above, the
input signal is attenuated by preemphasis gain prior to sampling and
quantization. The sampling in the DFT embodiment under discussion here
occurs at 48 kHz. The quantized values from the ADC are 16 bits In length
and are buffered into blocks 128 samples in length. One block is received
every 2.67 25  milliseconds, which provides for a short propagation delay
through the coder. The buffered block of samples is then converted into a
block-floating-point representation using one 4-bit master exponent. The
block of 128 samples, left shifted by an amount equal to the value of the
master expo- nent, is then modulated by an analysis window. This analysis
window is different from that used by the TDAC coder because of differences
between the 30  TDAC transform and the DFT. Unlike the TDAC transform, the
DFTcreates a sequence of one type of transform block. Each transform block
is comprised of a pair of values for each of 41 transform coefficients; a
real value component and an imaginary value component. (Coefficient 0 is an
exception, represented by a single real value component.) See Table II. It
is important to choose a window design which reduces the amount of input
signal sample block overlap because the transmission rate or data storage
requirements is doubled for the 36  signal samples in the overlap interval.
The DFT coder using an analysis window with 100% overlap requires
approximately two times the bit rate as that required by the TDAC coder.
Unlike the TDAC window, the DFT window exhibits a gain of unity over a
large interval, thereby reducing the block overlap length from 64 to 16
samples. See Figure 23. This reduction degrades the digital filter stop-
band rejection, but it incurs an increase in data rate of only 14.3%
(128/(128-16)) over that of the TDAC coder. 40      The DFT window is
generated in a manner similar to that of the TDAC embodiment except that
the kernel Kaiser-Bessel function is 17 samples in length and has an alpha
factorwithin the range of 1.5 to 3. See equation 12. The range of
acceptable alpha values was determined in the same manner as that discussed
above for the TDAC transform windows. Substituting these values into
equations 13 through 16, the analysis and syn- thesis windows are obtained
from the square root of the convolution product of the Kaiser-Bessel window
and 45  a rectangularwindow of a length 112 (the block length of 128 minus
the overlap length of 16). The DFT analysis window is [err] (25) 55  where
W(n) = Kaiser-Bessel function of length 17, and the alpha factor is in the
range 1.5 to 3. The DFT and TDAC analysis windows are shown in Figure 23.
As shown in Figure 24, the DFT window has poorer frequency selectivity than
the TDAC window because of the reduced amount of overlap. 28    



EP 0 447 495 BI C. Analysis Filter Bank - Forward Transform The DFT
implements the filter bank and is expressed as 5 [err]      for 0 [err] n <
N                                 (26) 10 [err]
(27) where 15        k = frequency coefficient number, n = input signal
sample number, N = sample block length, x(n) = quantized value of input
signal x(t) at sample n, C(k) = real value or cosine coefficient k, and 20
S(k) = imaginary value or sine coefficient k. D. Nonuniform Quantization
The first three sections of the nonuniform quantizer are similar to the
corresponding sections of the non- 25  uniform quantizerforthe TDAC coder.
The majordifference isthatthe master exponent is determined by block-
floating-point encoder 2220 priorto analysis windowing and frequency-domain
transformation, and not by sec- tion two of the nonuniform quantizer as is
done in the TDAC coder. Other minor differences are attributable to the
differences in the structure of the block-floating-point representation,
i.e., subband exponent lengths, number and length of coefficients. Compare
Tables I and 11. The evaluation of subband exponents in the DFT 30  coder
is based on pairs of transform coefficient values except for coefficient 0
(DC or 0 Hz) whose imaginary term Is always zero and is ignored Each
subband exponent value is determined from the largest component, real or
imaginary, forany coefficientwithin the subband. The minimum bit lengths
forthe DFTcoderare greater than that for the TDAC coder because the DFT
filter frequency selectivity is poorer in this embodiment. As for the TDAC
coder, the minimum bit lengths for the DFT coder were determined
empirically using sinewave input 35  and comparing filter selectivity to
auditory masking characteristics. E. Adaptive Bit Allocation The
adaptive-bit allocation for the DFT coder differs from that used in the
TDAC coder, but most of the 40   differences stem from the structure of the
transform block. Only 32 bits (rather than 34) are available for al-
location. Allocation is made to both components of the real-imaginary pair
for each coefficient. To simplify the allocation scheme, no dynamic bit
allocations are made to coefficient 0. Its length is fixed equal to its
minimum bit length as shown in Table II. Therefore, 32 bits are assigned to
40 coefficients pairs. In contrast to the TDAC coder, roughly the same
number of bits are available to assign to approximately 45  twice as many
code words. Consequently, the maximum number of bits that may be assigned
to any code word is limited to 2 bits. Whereas the TDAC allocation scheme
assigns as many as 4 bits to a coefficient using four tables or arrays, the
DFT assignment scheme utilizes only two tiers. F. Formatting 50 The
structure of the formatted data is similar to that used for the TDAC coder,
and Is shown in Figures 25 and 26. The principle differences between the
DFT format and the TDAC transform format arise from differ- ences in the
block-floating-point structure and the number of bits assigned to exponents
and transform coef- ficients. 55      Referring to Table II, it may be seen
that DFT nonuniform quantizer 2208 shown in Figure 22a produces 65subband
exponent bits, 331 transform coefficient bits, and 32 bits
foradaptive-bitallocation. Block-floating- point encoder 2220 passes a
4-bit master exponent directly to formatter 2209 along path 2221. The total
length of all encoded data for a single channel is 432 bits. In two-channel
applications where data corruption is not 29    EP0447495B1 a problem, the
preferred formatting structure is that shown in Figure 25. For two-channel
applications in which data corruption is of concern, an error correction
scheme Is neces- sary. A preferred structure is shown in Figure 26. The
most critical data to protect are the master exponents and coefficient
exponents which comprise 138 bits (69 bits per channel). Three Reed-Solomon
codes are suf- 5   ficient to protect these bits, providing the capacity to
protect an additional 18 bits. This extra capacity is split 



equally between the two channels to provide redundant protection for the
master exponent (4 bits), protection for the three most-significant bits of
transform coefficient 0, and protection for the most-significant bit of the
real and imaginary components of coefficient 1. Protection of the lowest
frequency coefficients is desirable because the low frequency boost
provided by postemphasis (see equation 24) makes any errors in code words
10  below 300 Hz more audible. Ill. COMPUTER OPTIMIZED WINDOW DESIGN An
"optimum window permits a transform-based digital filter to have the
steepest transition band rolloff 15  for a given level of ultimate
rejection. This relationship between a window and the resultant filter
frequency response is referred to in a shorthand manner as simply the
window frequency response. As discussed above, these filter characteristics
permit a transform coder to achieve lower bit rates for a given subjective
level of encoded signal quality. For purposes of this invention, window
optimization must consider the analysis-syn- thesis window pair rather than
just an analysis-only window. 20      Analysis-only window design has
received considerable attention but the prior art teaches little about the
design of analysis-synthesis window pairs. The convolution technique
described above derives a window pair from a known analysis-only window,
however, it remains to be shown whether the technique can derive an op-
timum window pairfrom an optimum analysis-only window. A numerical
optimization method described below, when constrained to design a window
pairfor use with the TDAC transform that has aspecified level of ultimate
25  rejection, creates a pair of windows in which each window has a shape
substantially the same as an identically constrained window pair produced
by the convolution technique. The optimization method establishes two
facts: (1) it is possible to design an "optimum" window for a specified
level of ultimate rejection, and (2) the convolution technique is much more
computationally efficient and yet derives a window pair which is substan-
tially optimum. 30      This result is very useful because it converts the
problem of designing analysis-synthesis window pairs into the better
understood problem of designing analysis-only windows. If an optimum
analysis-only window is used as the starting point, the convolution
technique will derive a window pairwhich is substantiallyoptimum. In
general, the optimization process identifies an N-point analysis window
whose corresponding frequency response curve bestfits a target selectivity
curve, subject to the constraints imposed by the TDAC transform. 35  As
discussed above, these constraints require that the square of the analysis
window (the analysis-synthesis product-window), shifted by one-half block
length and overlapped with itself, must add to unity within the over- lap
interval. Implemented as a digital computer program, the optimization
process consists of the following steps: (1) initialize, (2) generate a set
of points which define an analysis window, (3) construct a trial analysis
window from the generated set of points, (4) determine the trial window
frequency response, (5) calculate an 40  error value for the trial window
response, and (6) decide whether to continue the process. The
initialization step reads data from files which define the target or
desired selectivity frequency re- sponse curve and specify a starting
window shape. The target selectivity curve Is derived empirically from
listening tests, but its rate of transition band rolloff generally follows
the lower slope of the human ear's psy- choacoustic masking curve within a
critical band. 45      The second step generates a set of points which
define a trial analysis window. When the optimization process begins, the
firsttrial window is constructed from the values specified byinitialization
data. As the proc- ess continues, successive trial windows are constructed
by an optimization routine. The optimization routine maintains a list of
the best N14+1 trial windows. The bestwindow is thattrial win-
dowwhosefrequency response curve conforms most closelyto the targetresponse
curve. ANewton-Raphson 60  technique has been used although most any
multidimensional optimization method could be used. The basic strategy of
the Newtonian method is to use the N/4+1 best windows to calculate the
slope of a surface in an N/4 dimensional space and extrapolate the slope of
the surface to its zero crossing. See, for example, Press, Numerical
Recipes: The Art of Scientific Computing, New York: Cambridge University
Press, 1986, pp. 254- 59. 55      The third step constructs a trial
analysis window N points in length from the set points generated in the
second step. Each trial window is defined by only N/4 points. Because the
window is symmetric and must add to unity with an adjacent window shifted
by one-half block length, only the first N/4 points are independent. This
relationship is expressed as: 30    EP 0 447 495 B1 [err]    for 0 [err] <
N/4  (28) 



W[i] = W[N - i - 1]    for [err] (29) where W[i] = the analysis window
function value for point i, and 5         N = the window length. The fourth
step determines the trial window's frequency response curve. The response
curve may be de- termined in any of several ways, however, the method used
here is analogous to a swept-frequency FFT spec- trum analyzer. Each
pointof the response curve is calculated from the average of the
root-mean-square (RMS) of the corresponding transform coefficients obtained
from the FFTof 100 overlapped sample blocks of a digi- 10  tized input
signal. The input signal is a sinusoid which sweeps through a band of
frequencies one transform coefficient in width, centered about the
frequency equal to one-half the Nyquistfrequency. The amountof over- lap
between sample blocks is 50%. Forexample, one embodimentof the codersamples
the inputsignal ata44.1 kHz rate into 128 pointsample blocks. The bandwidth
of one transform coefficient is 344.5 Hz (44.1 kHz / 128), and half of this
bandwidth is 15 172.27 Hz. The Nyquist frequency is 22.05 kHz (44.1 kHz 1
2), therefore one-half the Nyquist frequency is 11.025 kHz. The frequency
response of a trial window is constructed from the RMS average of responses
to a digitized sinusoidal signal which sweeps from a frequency of 10.85 kHz
(11,025 - 172.26 Hz) to a frequency of 11.20 kHz (11,025 + 172.26 Hz). The
length of the digitized signal is one hundred blocks of 128 points with a
50% overlap, or 6464 points. 20      The fifth step calculates an error
value for the trial window response. The error value is calculated as a
modified RMS of the point-by-point difference between the trial window
response and the targe response curve. The modified RMS error calculation
may be expressed as: 25            [err] (30) where 30        E = the
modified RMS error value, N = the window length, [err] 95
otherwise. [err] = calculated response at point i for the trial window (in
dB), and [err] = response at point i of the target response curve (in dB).
The modified RMS error value is a logarithmically scaled measure because
the response values are ex- 40  pressed in dB. Alogarithmic measure is used
because the numberof bits required to represent transform coef- ficient Is
proportional to the logarithm of the desired signal-to-noise ratio. The
sixth step decides whether to continue the optimization process. The
process continues until It has converged upon a solution or until the rate
of convergence is sufficiently low. Entries in Table III show the
characteristics of several analysis windows derived by the convolutio
techni- 45  que, starting from Kaiser-Bessel windows with alpha values
within a range between 4 and 7. See equations 12through 17 above. TheTable
Illustrates the trade off between the rate of transition band rolloff and
the depth of stopband rejection. The rate of transition band rolloff,
expressed in Hertz pe dB, is a linear approximation to the frequency
response curve in the middle of the transition region Lowerfigures
represent steeper rolloff. The level of ultimate rejection expressed in dB
represents the response of the filterwithin the stopband relative 50  to
the frequency response at the center of the passband. 55 31    EP0447495B1
Tables Master             Subband               Coefficient
Minimum Exp         Exp        Exp Ln           Numbers                 Bit
Ln 10                 MEXPO         EXPO        3 bits             0
S bits* EXP1                           1 EXP2                           2
EXP3                           3 15                               EXP4
4 EXP5                           5 



EXP6                           6 MEXP1         EXP7        4 bits
7-8                 5 bits EXP8                          9-10 EXP9
11-12 EXP10                        13-14                4 bits 25 EXP1l
15-16 EXP12                        17-18 EXP13                        19-22
3 bits 30                               EXP14                        23-26
EXP15                        27-30 EXP16                        31-34 EXP17
35-38 35                               EXP18                        39-45
2 bits 20 kHz        EXP19                        46-54 Only         EXP20
55-62 40 The TDAC Discrete Sine Transform produces a coefficient S(O) value
of zero for every block. This 45     is known a priori by the transform
decoder, therefore the DST exponent and code word for coefficient S(O) need
not be transmitted or stored. Table I 50
Frequency Coefficients for TDAC Coder 55 32    EP 0 447 495 B1 Master
Subband              Coefficient           Minimum 5                  Exp
Exp        Exp Ln          Numbers                Bit Ln MEXP
4 bits 10                             EXPO        3 bits              0
11 bits EXP1                          1                 9 bits EXP2
2 EXP3                          3 EXP4                          4 EXP5
5                 8 bits EXP6                            6 20
EXP7        4 bits            7-8                6 bits EXP8
9-10 EXP9                        11-12 EXP10                       13-14
4 bits 25                             EXP11                        15-16
EXP12                       17-18 EXP13                       19-20 21-22
2 bits 30                             EXP14                        23-26
EXP15                       27-30 EXP16                       31-34 EXP17
35-40 35 * Each transform coefficient is a complex number with a real and
an imaginary component. The 40     minimum bit length values shown are for
each component The imaginary component of coefficient 0 is always zero.
This is known a priori by the transform decoder, therefore only the real
component of coefficient 0 need be transmitted or stored. 45 Table II 



Frequency Coefficients for DFT Coder 50 55 33    EP0447495B1 Kaiser-Bessel
Transition Band         Stopband Ultimate Alpha Factor     Rolloff (Hz/dB)
Rejection (dB) 5 4                25                       -89 5
27.5                      -99 6                31                      -111
10                      7                 33                      -122
Table III Frequency Response Characteristics for Derived Analysis Windows
20 Claims 1. An encoderforthe high-quality digital encoding of wideband
audio Information comprising signal samples, 25      comprising subband
means (104, 108), including adaptive bit allocation means (106), for
defining frequency subbands and for generating subband information in
response to said signal samples, said subband in- formation including for
each of said subbands one or more digital words, each of said digital words
com- prising an adaptive portion and a non-adaptive portion, wherein coding
accuracy of said adaptive portion so      is determined by said adaptive
bit allocation means, and formatting means (109) for assembling digital
information including said subband information into a digital output having
a format suitable for transmission or storage. 2. An encoder according to
claim 1 wherein said subband means further comprises means (103) for gener-
35      ating analysis-window weighted signal sample blocks by weighting
blocks of said signal samples with an analysis window, and wherein said
subband means generates said subband information by applying a discrete
transform to said analysis-window weighted signal sample blocks. 3. An
encoder according to claim 1 or2 wherein said subband means (104,108)
comprises filter bank means 40      (104), and wherein coding accuracy of
said non-adaptive portion is determined on the basis of a compar- ison of a
representative frequency response for said filter bank means for each
subband to a psychoa- coustic masking threshold representative of each
subband produced by a single tone or a very narrow band of noise. 45  4. An
encoder according to claim 3 wherein a psychoacoustic masking threshold
having a relatively high se- lectivity for frequencies below the masking
tone or noise band is taken as representative of masking in lower frequency
subbands and a psychoacoustic masking threshold having a relatively low
selectivity for frequencies below the masking tone or noise band is taken
as representative of masking in higher fre- quency subbands. 50  5. An
encoder according to claim 4 wherein a psychoacoustic masking threshold for
a single tone or very narrow band of noise at about 1 kHz is taken as
representative for subbands within the frequency range of about 500 Hz to 2
kHz and a psychoacoustic masking threshold for a single tone or very narrow
band of noise at about 4 kHz is taken as representative for subbands above
about 2 kHz. 55   6. An encoder according to claim 3, 4, or 5 wherein
coding accuracy of said non-adaptive portion is set such that the numberof
bits used to representsaid non-adaptive portion is less than the numberof
bits required to have substantially no quantizing noise in excess of the
representative psychoacoustic masking thresh- 34    EP 0 447 495 B1
Kaiser-Bessel   Transition Band          Stopband Ultimate Alpha Factor
Rolloff (Hz/dB)           Rejection (dB) 



5 4                25                        -89 5               27.5
-99 6                31                       -111 10
7                33                       -122 Table III 15 Frequency
Response Characteristics for Derived Analysis Windows 20 Claims 1. An
encoderforthe high-quality digital encoding of wideband audio information
comprising signal samples, 25      comprising subband means (104, 108),
including adaptive bit allocation means (106), for defining frequency
subbands and for generating subband information in response to said signal
samples, said subband in- formation including for each of said subbands one
or more digital words, each of said digital words com- prising an adaptive
portion and a non-adaptive portion, wherein coding accuracy of said
adaptive portion 30      is determined by said adaptive bit allocation
means, and formatting means (109) for assembling digital information
including said subband information into a digital output having a format
suitable for transmission or storage. 2. An encoder according to claim 1
wherein said subband means further comprises means (103) for gener- 35
ating analysis-window weighted signal sample blocks by weighting blocks of
said signal samples with an analysis window, and wherein said subband means
generates said subband Information by applying a discrete transform to said
analysis-window weighted signal sample blocks. 3. An encoderaccording to
claim 1 or2 wherein said subband means (104,108) comprises filter bank
means 40      (104), and wherein coding accuracy of said non-adaptive
portion is determined on the basis of a compar- ison of a representative
frequency response for said filter bank means for each subband to a
psychoa- coustic masking threshold representative of each subband produced
by a single tone or a very narrow band of noise. 45   4.  An encoder
according to claim 3 wherein a psychoacoustic masking threshold having a
relatively high se- lectivity for frequencies below the masking tone or
noise band is taken as representative of.masking In lower frequency
subbands and a psychoacoustic masking threshold having a relatively low
selectivity for frequencies below the masking tone or noise band is taken
as representative of masking in higher fre- quency subbands. 50  5. An
encoder according to claim 4 wherein a psychoacoustic masking threshold for
a single tone or very narrow band of noise at about 1 kHz is taken as
representative for subbands within the frequency range of about 500 Hz to 2
kHz and a psychoacoustic masking threshold for a single tone or very narrow
band of noise at about 4 kHz is taken as representative for subbands above
about 2 kHz. 55   6. An encoder according to claim 3,4, or 5 wherein coding
accuracy of said non-adaptive portion is set such that the numberof bits
used to represent said non-adaptive portion is less than the numberof bits
required to have substantially no quantizing noise in excess of the
representative psychoacoustic masling thresh- 34    EP 0 447 495 B1 old. 7.
An encoder according to claim 6 wherein the number of bits used to
represent said non-adaptive portion is two fewer than the amount required
to have substantially no quantizing noise in excess of the repre- 5
sentative psychoacoustic masking threshold. 8. An encoder according to any
one of claims 1 through 7 wherein said subband information for each subband
is expressed in block-floating-point form comprising one or more mantissas
and a subband exponent, each of said digital words representing a mantissa
wherein the coding accuracy of said adaptive portion 10      is based on an
effective exponent value, said effective exponent value equal to the value
of the subband exponent. 9. An encoder according to any one of claims I
through 7 wherein said subband information for all subbands is expressed in
block-floating-point form comprising one or more mantissas for each
subband, a subband 



15      exponent for each subband, and a master exponent for a set of
subbands, whereby the range of subband exponent values is extended, each of
said digital words representing a mantissa wherein the coding ac- curacy of
said adaptive portion is based on an effective exponent value, said
effective exponent value equal to the value represented by the subband
exponent in combination with the associated master ex- ponent. 20  10. An
encoder according to any one of claims 1 through 9, wherein the generated
subband information cor- responding to an interval of said audio
information constitutes a subband information block, said subband means
further comprising means for estimating the relative energy level of each
subband represented in a subband information block, said adaptive bit
allocation means comprising means for allocating bits to the digital words
of a first group of subbands possessing the greatest 25      energy levels,
said allocating continuing until a maximum number of bits has been
allocated to each of the digital words of said first group of subbands or
until the number of bits adaptively allocated equals or exceeds a limited
number of adaptively allocatable bits, and means for allocating bits to the
digital words of a second group of subbands each adjoining a sub- band in
which each of the digital words have been allocated said maximum number of
bits, each of the 30     subbands of said second group of subbands
constituting one subband of a pair of subbands adjoining one another, said
allocating continuing until the maximum number of bits has been allocated
to each of the digital words of said second group of subbands or until the
number of bits adaptively allocated equals or exceeds said limited number
of adaptively allocatable bits. 35  11. An encoder according to claim 10
wherein said means forallocating bits to the digital words of said second
group of subbands allocates bits to the digital words of all adjoining
subbands on the low-frequency side before bits are allocated to the digital
words of all adjoining subbands on the high-frequency side. 12. An encoder
according to claim 10 or II further comprising means for reducing the
number of bits adap- 40      tively allocated to selected digital words
until the number of bits adaptively allocated equals said limited number of
adaptively allocatable bits. 13. An encoder according to any one of claims
10 through 12 in combination with claim 8 or 9 wherein said means for
establishing the relative energy level of each subband represented in a
subband information 45      block establishes said relative energy level
based upon the effective exponent value. 14. An encoder according to claim
13 wherein said means for establishing the relative energy level of each
subband represented in a subband information block comprises means for
ascertaining the effective exponent value of the subband which contains the
maximum 50      of the values represented by each mantissa in combination
with its associated effective exponent value, and means for assigning a
level number to each of all subbands represented in a subband information
block, said level number equal to said maximum number of bits allocatable
to each digital word reduced by the absolutevalue of the difference between
the ascertained effective exponentvalue and the effective exponent value
corresponding to the subband for which a level is to be assigned, but in no
case assigning a level number less than zero. 15. An encoder according to
any one of claims I through 14 wherein said formatting means (109)
represents 35 I    EP 0 447 495 B1 each digital word in as many as two
segments, a first segment representing the digital word's minimum length
being composed of a fixed number of bits and a second segment, If present,
of varying bit length composed of adaptively allocated bits. 5   16. An
encoder for the high-quality digital encoding of wideband analog audio
information having a short sig- nal propagation delay, comprising means
(101, 2201) for sampling and quantizing said wideband analog audio
information Into time- domain signal sample blocks, said signal sample
blocks have a time period resulting in a signal propa- gation delay short
enough so that an encodeldecode system employing the encoder is usable for
real- 10      time aural feedback to a human operator, analysis-window
means (103,2203) for modulating each signal sample blockwith a weighting
funo- tion, means (104, 2204) for generating frequency-domain transform
coefficients in response to analy- 



sis-window weighted time-domain signal sample blocks, said means for
generating frequency-domain 15      transform coefficients comprises means
for applying a discrete transform function to the analysis-window weighted
time-domain signal sample blocks, nonuniform subband quantizer means, (108,
2208) including adaptive bit allocation means, (108, 2206) forquantizing
each frequency-domain transform coefficientandforgrouping such quantized
trans- form coefficients into subbands, and 20           formatting means
(109,2209) for assembling the nonuniformly quantized and grouped transform
coefficients into a digital output having a format suitable for
transmission or storage. 17. An encoder according to claim 16 wherein said
analysis-window means (103, 2204) comprises the ana- lysis window of an
analysis-synthesis window pair. 18. An encoder for the high-quality digital
encoding of wideband analog audio information comprising means (101, 2201)
forsampling and quantizing said wideband analog audio information into
time- domain signal sample blocks, analysis-window means (103,2203) for
modulating each signal sample blockwith a weighting funo- 30      tion,
wherein said weighting function is an analysis window of an
analysis-synthesis window pair, means (104, 2204) for generating
frequency-domain transform coefficients in response to analy- sis-window 5
weighted time-domain signal sample blocks, said means for generating
frequency-domain transform coefficients comprises means forapplying a
discrete transform function to the analysis-window weighted time-domain
signal sample blocks, 35            nonuniform subband quantizer means,
(108, 2208) including adaptive bit allocation means, (108, 2206) for
quantizing each frequency-domain transform coefficient and for grouping
such quantized trans- form coefficients into subbands, and formatting means
(109, 2209) for assembling the nonuniformly quantized and grouped transform
coefficients into a digital output having a format suitable for
transmission or storage. 40  19. An encoder according to claim 17 or 18
wherein said means for applying a discrete transform function alternately
applies a Discrete Cosine Transform function and a Discrete Sine Transform
function to the analysis-window weighted time-domain signal sample blocks
in accordance with the Time-Domain Alias- ing Cancellation technique and
wherein said analysis window is derived from a Kaiser-Bessel window hav-
ing an alpha value in the range of four through seven. 45 20. An encoder
according to claim 17 or 18 wherein said means for applying a discrete
transform function applies a Discrete Fourier Transform and wherein said
analysis window is derived from a Kaiser-Bessel window having an alpha
value of in the range of one and one-half through three. 50  21. An encoder
according to claim 17 or 18 wherein said analysis-synthesis window pair Is
derived from sub- stantially any window in the class of analysis windows
permitting the design of a filter bank in which the transform-based digital
filters have desired selectivity characteristics and the ability to trade
off steep- ness of transition band rolloff against depth of stopband
rejection in the filter characteristics. 55   22. An encoder according to
claim 21 wherein said class of analysis windows includes the Kaiser-Bessel
and Dolph-Chebyshev windows and windows derived from finite impulse filter
coefficients using the Parks- McClellan method. 36    EP 0 447 495 B1 23.
An encoderforthe high-quality digital encoding of wideband audio
information comprising signal sample blocks, said encoder comprising
analysis-window means (103, 2203) for generating analysis-window weighted
sample blocks by weighting each signal sample block with a weighting
function, wherein said weighting function is the ana- 5       lysis-window
within a pair of analysis-/synthesis-windows, each of length N, and the
product of both win- dows in said pair is a product window of length Nwith
an overlap interval of length V, said productwindow when overlapped and
added o with itself across the overlap interval sums to a constant value,
means (104, 2204) for generating frequency-domain transform coefficients by
applying a discrete transform function to said analysis-window weighted
sample blocks, 10            nonuniform subband quantizer means, (108,
2208) including adaptive bit allocation means, (106, 2206) for quantizing
each frequency-domain transform coefficient and for grouping such quantized
trans- form coefficients into subbands, and 



formatting means (109, 2209) for assembling the nonuniformly quantized and
grouped transform coefficients into a digital output having a format
suitable for transmission or storage, 15      wherein said
analysis-synthesis window pair is determinable by a method comprising (1)
generating an initial window having a length of 1+V, (2) generating an
interim window by convolving said initial window with a unit pulse function
of length [err] (3) defining a scaling factor by convolving said initial
window with a unit pulse function of length one, 20        (4) obtaining
said product window by dividing said interim window by said scaling factor,
and (5) obtaining said analysis-window by taking the Ath power of said
product window, and obtaining said synthesis-window by taking the Bth power
of said product window, wherein A+B equals one. 24. An encoder according to
claim 21 wherein the steepness of the transition band rolloff of the
analysis win- 25       dow is maximized for the desired level of stopband
rejection. 25. An encoderaccording to claim 24 wherein the desired level of
stopband rejection isdetermined empirically by listening tests. 30  26. An
encoder according to claim 24 wherein the transition band rolloff generally
follows the lower slope of the human ear's psychoacoustic masking curve
within a critical band. 27. An encoder according to claim 21 wherein the
product of said analysis-synthesis window pair is derived from
substantially any window in said class of analysis windows with the aid of
a general purpose computer by a numerical optimization method comprising 35
initializing by reading data from files which define the desired frequency
selectivity characteristics and specify a starting window shape, generating
a trial analysis window initially from values specified in the
initialization dataforthe first trial window and subsequently for
successive trial windows from values specified by a multidimensional
optimization routine, 40            determining the frequency response
characteristics of the digital filters that result from the use of the
constructed trial analysis window in a transform coder, calculating an
error value for such frequency response characteristics with respect to the
desired selectivity frequency characteristics of the digital filters, and
determining whether to continue the optimization process. 28. An encoder
according to claim 17 or 18 wherein said analysis-synthesis window pair is
derived from an analysis window derived from a numerical optimization
method. 29. An encoder according to claim 16 or 18 further comprising
preemphasis means (2219) for treating the 50       wideband analog audio
information prior to the sampling and quantizing of the information,
wherein said means for applying a discrete transform function applies a
Discrete Fourier Transform. 30. An encoder according to claim 29 wherein
said preemphasis means (2219) has a second order shelf char- acteristic
with about 19 dB attenuation at DC (0 Hz) and unity gain at high
frequencies. 55 31. An encoder according to claim I wherein said formatting
means places subband information represented by an invariant number of bits
in pre-established positions within said digital output.    EP 0 447 495 B1
32. An encoder for the high-quality digital encoding of wideband analog
audio information comprising means (101, 2201) for sampling and quantizing
said wideband analog audio information into time- domain signal sample
blocks, analysis-window means (103,2203) for modulating each signal sample
blockwith a weighting func- 5       tion, means (104,2204) for generating
frequency-domain transform coefficients in response to analysis- window
weighted time-domain signal sample blocks, nonuniform subband quantizer
means, (108, 2208) including adaptive bit allocation means, (106, 2206) for
quantizing each frequency-domain transform coefficient and for grouping
such quantized trans- form coefficients into subbands, and 10
formatting means (109,2209) for assembling the nonuniformly quantized and
grouped transform coefficients into a digital output having a format
suitable for transmission or storage, said formatting means employs
errorcorrection and detection codes to reduce the sensitivity of critical
data to noise burst errors, said formatting means assembles the error
correction and detection codes and data into formatted blocks and scatters
the error correction and detection codes and the critical data throughout
the formatted 



15      blocks to reduce the sensitivity of critical data to noise burst
errors. 33. An encoder for the high-quality digital encoding of two
channels of wideband analog audio information comprising means (101,
2201)forsampling and quantizing said two channels of wideband analog audio
infor- 20      mation into time-domain signal sample blocks, said
time-domain sample block samples are pure real val- ues, analysis-window
means (103,2203) for modulating each signal sample blockwith aweighting
func- tion, means (104, 2204) for generating frequency-domain transform
coefficients in response to analy- 25      sis-window weighted time-domain
signal sample blocks, said means comprises means forapplying a dis- crete
transform function to the analysis-window weighted time-domain signal
sample blocks, said means for applying a discrete transform function is
implemented by a single fast Fourier transform applied against two
concurrent time-domain signal sample blocks, nonuniform subband quantizer
means, (108, 2208) including adaptive bit allocation means, (106, 30
2206) for quantizing each frequency-domain transform coefficient and for
grouping such quantized trans- form coefficients into subbands, and
formatting means (109, 2209) for assembling the nonuniformly quantized and
grouped transform coefficients into a digital output having a format
suitable for transmission or storage. 35  34. Adecoderforthe high-quality
reproduction of wideband audio information from a coded signal, comprising
deformatting means (112), including adaptive bit allocation means, for
receiving said coded signal, for deriving subband information from said
coded signal, and for reconstructing digital words using said derived
subband information, said digital words comprising an adaptive portion and
a non-adaptive por- tion, wherein coding o accuracy of said adaptive
portion is determined by said adaptive bit allocation 40      means, and
inverse subband means for generating full-band signal samples in response
to said derived sub- band information. 35. A decoder according to claim 34
wherein said inverse subband means generates said full-band signal 45
samples by applying a discrete inverse transform to said derived subband
information. 36. Adecoder according to claim 34 or35 wherein said inverse
subband means (113,114) comprises inverse filter bank means (114), and
wherein coding accuracy of said non-adaptive portion is determined on the
basis of a comparison of a representative frequency response for said
inverse filter bank means for each subband to a psychoacoustic masking
threshold representative of each subband produced by a single tone or a
very narrow band of noise. 37. A decoder according to claim 36 wherein a
psychoacoustic masking threshold having a relatively high se- lectivity for
frequencies below the masking tone or noise band is taken as representative
of masking in lower frequency subbands and a psychoacoustic masking
threshold having a relatively low selectivity for 55     frequencies below
the masking tone or noise band is taken as representative of masking in
higher fre- quency subbands. 38. A decoder according to claim 37 wherein a
psychoacoustic masking threshold for a single tone or very 38     -    EP 0
447 495 B1 narrow band of noise at about I kHz is taken as representative
for subbands within the frequency range of about 500 Hz to 2 kHz and a
psychoacoustic masking threshold for a single tone or very narrow band of
noise at about 4 kHz is taken as representative for subbands above about 2
kHz. 5   39. A decoder according to claim 36, 37, or 38 wherein coding
accuracy of said non-adaptive portion Is set such that the number of bits
used to represent said non-adaptive portion is less than the number of bits
required to have substantially no quantizing noise in excess of the
representative psychoacoustic masking threshold. 10  40. A decoder
according to claim 39 wherein the number of bits used to represent said
non-adaptive portion is two fewer than the amount required to have
substantially no quantizing noise in excess of the repre- sentative
psychoacoustic masking threshold. 41. A decoder according to any one of
claims 34 through 40 wherein information for each subband In said 15
derived subband information block is expressed in block-floating-pointform
comprising one or more man- tissas and a subband exponent, each of said
digital words representing a mantissa wherein the coding 



accuracy of said adaptive portion is based on an effective exponent value,
said effective exponent value equal to the value of the subband exponent.
42. A decoder according to any one of claims 34 through 40 wherein said
information for all subbands In said 20      derived subband information
block is expressed in block-floating-point form comprising one or more man-
tissas for each subband, a subband exponent for each subband, and a master
exponent for a set of sub- bands, wherebythe range of subband
exponentvalues is extended, each of said digital words representing a
mantissa wherein the coding accuracy of said adaptive portion is based on
an effective exponent value, said effective exponent value equal to the
value represented by the subband exponent in combination 25      with the
associated master exponent 43. A decoder according to any one of claims 34
through 42 wherein said subband Information derived from an interval of
said coded signal constitutes a subband information block, said
decoderfurther comprising means for estimating the relative energy level of
each subband represented in a subband Information 30      block, and
wherein said adaptive bit allocation means assigns bits to at least some
digital words, said adaptive bit allocation means comprising means for
allocating bits to the digital words of a o first group of subbands
possessing the greatest energy levels, said allocating continuing until a
maximum number of bits has been allocated to each of the digital words of
said first group of subbands or until the number of bits adaptively
allocated equals or 35      exceeds a limited number of adaptively
allocatable bits, and means for allocating bits to the digital words of a
second group of subbands each adjoining a sub- band in which each of the
digital words have been allocated said maximum number of bits, each of the
subbands of said second group of subbands constituting one subband of a
pair of subbands adjoining one another, said allocating continuing until
the maximum number of bits has been allocated to each of 40      the
digital words of said second group of subbands or until the number of bits
adaptively allocated equals or exceeds said limited number of adaptively
allocatable bits. 44. A decoder according to claim 43 wherein said means
for allocating bits to the digital words of said second group of subbands
allocates bits to the digital words of all adjoining subbands on the
low-frequency side 45      before bits are allocated to the digital words
of all adjoining subbands on the high-frequency side. 45. Adecoder
according to claim 43 or44 further comprising means for reducing the
numberof bits adaptively allocated to selected digital words until the
numberof bits adaptively allocated equals said limited number of adaptively
allocatable bits. 50 46. A decoder according to any one of claims 43
through 45 in combination with claim 41 or 42 wherein said means for
establishing the relative energy level of each subband represented in a
derived subband infor- mation block establishes said relative energy level
based upon the effective exponent value. 47. Adecoderaccording to claim 46
wherein said means forestablishing the relative energy level of each sub-
band represented in a derived subband Information block comprises means for
ascertaining the effective exponent value of the subband which contains the
maximum of the values represented by each mantissa in combination with its
associated effective exponent value, 39    EP 0 447 495 B1 and means for
assigning a level number to each of all subbands represented in a derived
subband in- formation block, said level number equal to said maximum number
of bits allocatable to each digital word reduced by the absolute value of
the difference between the ascertained effective exponent value and 5
the effective exponent value corresponding to the subband for which a level
Is to be assigned, but in no case assigning a level number less than zero.
48. An decoder according to any one of claims 34 through 47 wherein said
deformatting means (112) recon- structs each digital word from as many as
two segments, a first segment representing the digital word's 10
minimum length being composed of a fixed number of bits and a second
segment, if present, of varying bit length composed of adaptively allocated
bits. 49. A decoder for the high-quality reproduction of digitally encoded
wideband analog audio information, wherein the information was digitally
encoded by an encoder that samples and quantizes said Information 15
into time-domain signal sample blocks, modulates each sample block in an
analysis windowwith a weight- ing function, generates frequency-domain
transform coefficients in response to analysis-window weight- 



ed time-domain signal sample blocks, nonuniformly quantizes each
frequency-domain transform coeffi- cient and groups such quantized
transform coefficients into subbands, and assembles the nonuniformly
quantized and grouped transform coefficients into a digital output having a
format suitable for transmis- 20      sion or storage, comprising
deformatting means (112, 2212) receiving said digital output for deriving
said quantized transform coefficients therefrom, linearization means (113,
2213) for reconstructing decoded frequency-domain transform coeffi- cients
from the deformatted nonuniformly quantized transform coefficients, 25
means (114,2214) forgenerating time-domain signal sample blocks In response
tofrequency-do- main transform coefficients, said means having
characteristics inverse to those of the means in the en- coder for
generating frequency-domain transform coefficients, said time-domain signal
sample blocks having a time period resulting in a signal propagation delay
short enough so that an encode/decode sys- tem employing the decoder is
usable for real-time aural feedback to a human operator, said means for 30
generating time-domain signal blocks comprises means for applying an
inverse discrete transform func- tion to the frequency-domain transform
coefficients, synthesis window means (115, 2215) for modulating the
time-domain signal sample blocks to re- duce the effects of quantizing
errors at the block boundaries created during the encode/decode process,
said synthesis window means having characteristics such that the product of
its response and the re- 35      sponse of said analysis window is unity
when two adjacent signal sample blocks are overlapped and add- ed, signal
block overlap-add means (116,2216) for cancelling the weighting effects of
the analysis win- dow and the synthesis window means to recover a digitized
representation of the time-domain signal, and time-domain signal output
means (117, 2217) for converting the digital time-domain signal to ana- 40
log form. 50. A decoder according to claim 49 wherein said analysis window
and said synthesis window comprise an analysis-synthesis window pair. 51. A
decoder for the high-quality reproduction of digitally encoded wideband
analog audio Information, 45      wherein the information was digitally
encoded by an encoder that samples and quantizes said information into
time-domain signal sample blocks, modulates each sample block in an
analysis window with a weight- ing function, generates frequency-domain
transform coefficients in response to analysis-windowweight- ed time-domain
signal sample blocks, nonuniformly quantizes each frequency-domain
transform coeffi- cient and groups such quantized transform coefficients
into subbands, and assembles the nonuniformly quantized and grouped
transform coefficients into a digital output having a format suitable for
transmis- sion or storage, comprising deformatting means (112, 2212)
receiving said digital output for deriving said quantized transform
coefficients therefrom, linearization means (113, 2213) for reconstructing
decoded frequency-domain transform coeffi- cients from the deformatted
nonuniformly quantized transform coefficients, means (114,2214) for
generating time-domain signal sample blocks in response to frequency-do-
main transform coefficients, said means having characteristics inverse to
those of the means in the en- 40    EP 0 447 495 B1 coder for generating
frequency-domain transform coefficients, said means for generating
time-domain signal blocks comprises means for applying an inverse discrete
transform function to the frequency-do- main transform coefficients,
synthesis window means (115, 2215) comprising a synthesis window for
modulating the time- 5       domain signal sample blocks to reduce the
effects of quantizing errors at the block boundaries created during the
encodeldecode process, said synthesis window means having characteristics
such that the productof its response and the responseofsaid analysiswindow
is unitywhen twoadjacentsignal sample blocks are overlapped and added,
wherein said synthesis window is the synthesis window of an analysis-
synthesis window pair, 10            signal block overlap-add means
(116,2216) for cancelling the weighting effects of the analysis win- dow
and the synthesis window means to recover a digitized representation of the
time-domain signal, and time-domain signal output means (117, 2217) for
converting the digital time-domain signal to ana- 



log form. 15  52. Adecoder according to claim 50 or 51 wherein said means
forapplying an inverse discrete transform func- tion alternately applies an
Inverse Discrete Cosine Transform function and an inverse Discrete Sine
Trans- form function to the frequency-domain transform coefficients in
accordance with the Time-Domain Ali- asing Cancellation technique and
wherein said windows are derived from a Kaiser-Bessel window having an
alpha value in the range of four through seven. 20 53 A decoder according
to claim 50 or 51 wherein said means for applying an discrete transform
function applies an inverse Discrete FourierTransform and wherein said
windows are derived from a Kaiser-Bessel window having an alpha value of in
the range of one and one-half through three. 2 54. A decoder according to
claim 50 or 51 wherein said analysis-synthesis window pair is derived from
sub- stantially any window in the class of analysis windows permitting the
design of a filter bank in which the transform-based digital filters have
desired selectivity characteristics and the ability to trade off steep-
ness of transition band rolloff against depth of stopband rejection in the
filter characteristics. 55. A decoder according to claim 54 wherein said
class of analysis windows includes the Kaiser-Bessel and 30
Dolph-Chebyshev windows and windows derived from finite impulse filter
coefficients using the Parks- McClellan method. 56. Adecoderfor the
high-quality reproduction of digitally encoded wideband audio information,
wherein the information was digitally encoded by an encoder that generates
analysis-window weighted sample blocks 35       by weighting blocks of
audio information samples with an analysis windowfunction, generates
frequency- domain transform coefficients by applying a forward transform to
said analysis-window weighted sample blocks, and encodes said transform
coefficients into a digital output having a format suitable for trans-
mission or storage, said decoder comprising deformatting means (112,2212)
receiving said digital outputfor reconstructing said frequency-do- 40
main transform coefficients therefrom, means (114, 2214) for generating
time-domain signal sample blocks in response to said recon- structed
frequency-domain transform coefficients by applying an inverse transform
having characteris- tics inverse to those of said forward transform, and
synthesis window means (115, 2215) for weighting the time-domain signal
sample blocks with a 45      synthesis-window function, wherein said
synthesis window function is the synthesis-windowwithin a pair of
analysis-/synthesis-windows, each of length N, and the product of both
windows in said pair is a product window of length Nwith an overlap
interval of length V, said product window when overlapped and added with
itself across the overlap interval sums to a constant value, and signal
block overlap-add means (116,2216) for cancelling the weighting effects of
the analysis win- 50      dow and the synthesis window means to recover a
digital representation of said audio information, wherein said
analysis-synthesis window pair is determinable by a method comprising (1)
generating an initial window having a length of 1+V, (2) generating an
interim window by convolving said initial window with a unit pulse function
of length N-V, 55         (3) defining a scaling factor by convolving said
initial window with a unit pulse function of length one, (4) obtaining said
product window by dividing said interim window by said scaling factor, and
(5) obtaining said analysis-window by taking the Ath power of said product
window, and obtaining said 41    EP 0 447 495 B1 synthesis-window by taking
the Bth power of said product window, wherein A+B equals one. 57. A decoder
according to claim 54 wherein the steepness of the transition band rolloff
of the analysis and synthesis windows are maximized for the desired level
of stopband rejection. 5 58. A decoder according to claim 57 wherein the
desired level of stopband rejection is determined empirically by listening
tests. 59. A decoder according to claim 57 wherein the transition band
rolloff generally follows the lower slope of 10      the human ear's
psychoacoustic masking curve within a critical band. 60. A decoder
according to claim 54 wherein the product of said analysis-synthesis window
pair is derived from substantially any window in said class of analysis
windows with the aid of a general purpose computer 



by a numerical optimization method comprising initializing by reading data
from files which define the desired frequency selectivity characteristics
15      and specify a starting window shape, generating a trial analysis
window initially from values specified in the initialization dataforthe
first trial window and subsequently for successive trial windows from
values specified by a multidimensional optimization routine, determining
the frequency response characteristics of the digital filters that result
from the use of 20      the constructed trial analysis window in a
transform coder, calculating an error value for such frequency response
characteristics with respect to the desired selectivity frequency
characteristics of the digital filters, and determining whether to continue
the optimization process. 25  61. A decoder according to claim 50 or 51
wherein said analysis-synthesis window pair is derived from an analysis
window derived from a numerical optimization method. 62. A decoder
according to claim 49 or 51 further comprising deemphasis means (2224) for
treating the wi- deband analog audio information output from said
time-domain signal output means, (2217) wherein said 30      means for
applying an inverse discrete transform function applies an inverse Discrete
FourierTransform. 63  A decoder according to claim 62 wherein said
deemphasis means (2224) has a characteristic which Is the inverse of a
second order shelf characteristic with about 19 dB attenuation at DC (0 Hz)
and unity gain at high frequencies. 35 64  A system for the high-quality
processing of wideband analog audio information comprising an encoder
according to any one of claims 1-33 and a decoder according to any one of
claims 34-63. 65. Asystem according to claim 84 wherein the signal
propagation delay through the system, comprising the 40       period of
said time-domain signal sample blocks in the encoder, the period of said
time-domain signal sample blocks in the decoder, the processing time of
said encoder, and the processing time of said de- coder, is short enough
that the system is usable for real-time aural feedback to a human operator.
66. Adecoder according to claim 34 wherein said coded signal comprises
digital Information represented by an invariant number of bits and digital
information represented by an adaptive numberof bits, and wherein 45
said deformatting means further comprises means for deriving said subband
information from said digital Information represented by an invariant
number of bits which is placed in pre-established positions within said
coded signal. 67. An encoder according to claim 1 wherein said subband
means generates said subband information by 50       applying a filterbank
to said signal samples, and wherein the coding accuracy of said nonadaptive
portion is determinable by a method comprising (1) comparing a
representative frequency response for a frequency subband of said
filterbank to a rep- resentative psychoacoustic masking threshold for
spectral energy within said frequency subband, (2) generating a subband
value equal to the number of bits required to encode spectral energy within
55         said frequency subband such that substantially no quantizing
noise exceeds said representative psy- choacoustic masking threshold, (3)
setting said nonadaptive coding accuracy for said frequency subband less
than said subband value, 42    EP 0 447 495 B1 and (4) reiterating the
previous steps for each of said plurality of frequency subbands, wherein
the respec- tive nonadaptive coding accuracy is set less than the
corresponding subband value. 5   68. A decoder according to claim 34
wherein said inverse subband means generates said full-band signal samples
by applying an inverse filterbank to said derived subband information, and
wherein the coding accuracy of said nonadaptive coding portion is
determinable by a method comprising (1) comparing a representative
frequency response for a frequency subband of said inverse filterbank to a
representative psychoacoustic masking threshold for spectral energy within
said frequency sub- 10         band, (2) generating a subband value equal
to the number of bits required to encode spectral energy within said
frequency subband such that substantially no quantizing noise exceeds said
representative psy- choacoustic masking threshold, 



(3) setting said nonadaptive coding accuracyforsaid frequencysubband less
than said subband value, 15        and (4) reiterating the previous steps
for each of said plurality of frequency subbands, wherein the respec- tive
nonadaptive coding accuracy is set less than the corresponding subband
value, and means for generating said reproduction of audio information in
response to said subband information. 20  69. An apparatus according to
claim 23 or 56 wherein A and B are equal. Patentanspruiche 25  1.
Codiererfurdie hochqualitative digitale Codierung von Signalabtastwerten
enthaltender breitbandigerAu- dioinformation, umfassend Teilbandmittel
(104, 108), die adaptive Bitzuweisungsmittel (106) enthalten, zur
Festlegung von Frequenzteilbandern und zur Erzeugung von
Teilbandinformation als Antwort auf die Signalabtastwerte, wobei die
Teilbandinformation fir jedes der Teilbander ein oder mehrere digitale
Worter enthilt, wobel >    30  jedes der digitalen Worter einen adaptiven
Tell und einen nicht-adaptiven Tell umfast, und wobel die Co-
dierungsgenauigkeit des adaptiven Tells von den adaptiven
Bitzuweisungsmittein bestimmt wird, und Formatierungsmittel (109) zum
Zusammensetzen von digitaler Information einschliellich der Tell-
bandinformation zu einem digitalen Ausgangssignal mit einem zur Obertragung
oderSpeicherung geeig- neten FormaL 2.  Codierer nach Anspruch 1, bei dem
die Teilbandmittel ferner Mittel zur Erzeugung von mit einem Analy-
sefenster gewichteten Signalabtastwertbl6cken durch Gewichten von Blocken
der Signalabtastwerte mit elnemAnalysefensterumfassen, und bei dem die
Teilbandmittel die TeilbandinformationdurchAnwenden einer diskreten
Transformation auf die mit einem Analysefenster gewichteten
Signalabtastwertblocke er- zeugen. 3. Codierer nach Anspruch I oder2, bei
dem die Teilbandmittel (104, 108) Filterbankmittel (104) umfassen, und bel
dem die Codierungsgenauigkeit des nicht-adaptiven Tells auf der Basis eines
Vergleichs elnes reprasentativen Frequenzgangs fir die Filterbankmittel f~r
jedes Teilband mit einem psychoakustischen Maskierungs-Schwellenwert
bestimmt wird, der fur jedes Teilband reprasentativ lst und von einem Ein-
zelton oder einem sehr schmalen Gerauschband erzeugt wird. 4.  Codierer
nach Anspruch 3, bei dem ein psychoakustischer Maskierungs-Schwellenwert
mit elner relativ hohen Selektivitit fOr Frequenzen unterhalb des
Markierungstons oder Markierungsgeriuschbandes als reprasentativ fur die
Maskierung in Teilbandern niedrigerer Frequenz genommen wird, wahrend eln
pay- so      choakustischer Maskierungs-Schwellenwert mit einer relativ
niedrigen Selektivitat fur Frequenzen unter- halb des Maskierungstones oder
des Maskierungsgerauschbandes als reprasentativ fir die Maskierung in
Teilbindern hoherer Frequenz genommen wird. 5.  Codierer nach Anspruch 4,
bei dem ein psychoakustischer Maskierungs-Schwellenwertfuir einen Einzel-
55      ton oder ein sehr schmales Gerauschband be! etwa 1 kHz als
reprasentativ fOr Teilbinder innerhalb des Frequenzbereichs von etwa 500 Hz
bis 2 kHz genommen wird, wihrend ein psychoakustischer
Maskierungs-Schwellenwert fOr einen Einzelton oder ein sehr schmales
Gerauschband be! etwa 4 kHz als reprasentativ fur Teilbander oberhalb etwa
2 kHz genommen wird. 43    EP 0 447 495 B1 6.  Codierer nach Anspruch 3,4
oder 5, bei dem die Codierungsgenauigkeit des nicht-adaptiven Tells so ein-
gestellt ist, daB die zur Darstellung des nicht-adaptiven Tells verwendete
Anzahl von Bits geringerals die Anzahl von Bits ist, die dazu erforderlich
ist, im wesentlichen kein Quantisierungsrauschen Oberden re- prasentativen
psychoakustischen Maskierungs-Schwellenwert hinaus zu haben. 6 7.  Codierer
nach Anspruch 6, bei dam die Anzahl von zur Darstellung des nicht-adaptiven
Tells verwendeten Bits zwei weniger betragt, als die Menge, die dafur
erforderlich ist, daM im wesentlichen kein Quantisie- rungsrauschen uber
den reprasentativen psychoakustischen Maskierungs-Schwellenwert hinaus vor-
handen ist. 10 8.  Codierer nach einem derAnspruche I bis 7, bei dam die
Teilbandinformation fOrrjedes Teilband In Block- Gleitkomma-Form
ausgedruckt ist, umfassend eine oder mehrere Mantissen und einen
Teilbandexponen- ten, wobei jades der digitalen W6rtern eine Mantissa
reprisentiert und die Codierungsgenauigkeit des adaptiven Tells auf einem
effektiven Exponentenwert basiert, der gleich dem Wert des Teilbandexponen-



15      ten st. 9.  Codierer nach einem der AnsprOche 1 bis 7, bea dem die
Teilbandinformation fur alle Teilbander in Block- Gleitkomma-Form
ausgedruckt ist, umfassend eine oder mehrere Mantissen fOr jedes Teilband,
einen Teilbandexponenten fOrjedes Teilband und eanen Masterexponenten
fOreinen Satz von Teilbindern, wo- durch der Bereich der
Teilbandexponentenwerte ausgedehnt wird, wobei jedes der digitalen W8rter
sine Mantisse reprasentiert und die Codierungsgenauigkeit des adaptiven
Tells auf einem effektiven Exponen- tenwert basiert, dergleich dam von dam
Teilbandexponenten in Verbindung mitdemzugeh6rigen Master- exponenten
reprasentierten Wert ist. 10. Codierer nach einem derAnsprOche 1 bis 9, be!
dam die erzeugte Teilbandinformation, die einem Intervall 25
derAudioinformation entspricht, eanen Teilband-Informationsblock darstellt,
wobei die Teilbandmittel fer- ner Mittel zum Bewerten des relativen
Energiepegels jedes in dom Teilband-lnformationsblock reprasen- tierten
Teilbandes umfassen und die adaptiven Bitzuweisungsmittel aufweisen Mittel
zur Zuweisung von Bits zu den digitalen W6rtern eaner ersten Gruppe von
Teilbandern, die die gr6lten Energiepegel besitzen, wobei die Zuweisung
fortschreitet, bis eine maximaleAnzahl von Bits K.-   ~30     jedem der
digitalen W6rter der ersten Gruppe von Teilbandern zugewiesen wurde oder
bis die Anzahl adaptiv zugewiesener Bits einer begrenzten Anzahl adaptiv
zuweisbarer Bits gleicht oder diese Ober- steigt, und Mittel zur Zuweisung
von Bits zu den digitalen Wortern einer zweiten Gruppe von Teilbander, von
denen jedes an ein Teilband angrenzt, innerhalb dessen jedem derdigitalen
Worterdie maximaleAnzahl 35      von Bits zugewiesen wurde, wobei jedes
derTeilbanderderzweiten Gruppe von TeilbAndern ein Teilband eines Paares
von aneinander angrenzenden Teilbindern darstellt und die Zuweisung
fortschreitet, bis die maximale Anzahl von Bits jedem der digitalen Worter
der zweiten Gruppe von Teilbandern zugewiosen wurde oder bis die Anzahl
adaptiv zugewiesener Bits der begrenzten Anzahl adaptiv zuwoisbarer Bits
gleicht oder diese Obersteigt. 40 11. CodierernachAnspruch 10, bei dam die
Mittel zurZuweisung von Bits zu den digitalen W8rtern derzwei- ten Gruppe
von Teilbandern den digitalen Wortern aller angrenzenden Teilbinder auf der
niederfrequen- ten Seite Bits zuweisen, bevor Bits den digitalen Wortern
aller angrenzender Teilbinder auf der hochfre- quenten Seite zugewiesen
werden. 45 12. Codierer nach Anspruch 10 oder 11, ferner umfassend Mittel
zurVerringerung derAnzahl von ausgewihl- ten digitalen W6rtern adaptiv
zugewiesenen Bits, bis die Anzahl von adaptiv zugewiesenen Bits der be-
grenzten Anzahl von adaptiv zuweisbaren Bits gleicht. 50  13. Codierer nach
einem der Ansprache 10 bis 12 in Verbindung mit Anspruch 8 oder 9, be! dem
die Mittel zur Ermittlung des relativen Energiepegels jedes in einem
Teilband-Informationsblock reprisentierten Teilbandes den relativen
Energiepegel auf der Basis des effektiven Exponentenwerts ermitteln. 14.
Codierer nach Anspruch 13, bei dem die Mittel zur Ermittlung des relativen
Energiepegels jedes in einem 5S       Teilband-Informationsblock
reprasentierten Teilbandes umfassen Mittel zur Ermittlung des effektiven
Exponentenwerts desjenigen Teilbandes, des das Maximum der von den
einzelnen Mantissen in Verbindung mit ihrem zugehorigen effektiven
Exponentenwert repra- sentierten Warte enthilt, und 44    EP 0 447 495 B1
Mittel zur Zuweisung einer Stufenzahl zu jedem einzelnen aller Teilbander,
die in einem Teilband- Informationsblock reprasentiert sind, wobel die
Stufenzahl gleich der maximalen Anzahl von Bits Ist, die jedem Digitalwort
zuweisbar ist, verringert um den Absolutwert der Differenz zwischen dem
ermittelten effektiven Exponentenwert und dem effektiven Exponentenwert
entsprechend dem Teilband, dem ein Pe- 5       gel zuzuweisen ist, wobei
jedoch in keinem Fall eine Stufenzahl kleiner als null zugewiesen wird. 15.
Codierer nach einem der AnsprOche 1 bis 14, bei dem die Formatierungsmittel
(109) jedes digitale Wort in bis zu zwei Segmenten darstellen, einem ersten
Segment, welches die minimale LAnge des digitalen Worts reprasentiert und
aus einer festen Anzahl von Bits zusammengesetzt ist, und einem zweiten
Seg- 10      ment, sofern vorhanden, mit variierender Bitlange, das sich
aus adaptiv zugewiesenen Bits zusammen- setzt. 16. Codiererfir die
hochqualitative digitale Codierung von analoger
breitbandigerAudloinformation mit einer 



kurzen Signaldurchlaufverz6gerung, umfassend 15            Mittel (101,
2201) zum Abtasten und Quantisieren der analogen breitbandigen
Audioinformation zu Zeitbereichs-Signalabtastwertbilcken, die eine
Zeitperiode aufweisen, welche zu einer Signaldurch- laufzeitfuhrt, die kurz
genug ist, damit ein den Codierer verwendendes Codier/Decodier-System
fOreine Echtzeit-H6rruckkoppIung zu einem menschlichen Operator verwendbar
ist, Analysefenstermittel (103, 2203) zur Modulation jedes
Signalabtastwertblocks mit einer Gewich- 20      tungsfunktion, Mittel
(104,2204) zur Erzeugung von Frequenzbereichs-Transformationskoeffizienten
alsAntwort auf die mit einem Analysefenster gewichteten
Zeitbereichs-Signalabtastwertblocke, wobei die Mittel zur Erzeugung von
Frequenzbereichs-Transformationskoeffizienten, Mittel zum Anwenden einer
diskreten Transfbrmationsfunktion auf die mit einem Analysefenster
gewichteten Zeitbereichs-Signalabtastwertbick 25      ke umfassen,
ungleichf6rmige Teilbandquantisiermittel (108, 2208), die adaptive
Bitzuweisungsmittel (106, 2206) enthalten, zur Quantisierung jedes
Frequenzbereichs-Transformationskoeffizienten und zur Grup- pierung dieser
quantisierten Transformationskoeffizienten in Teilbander, und
Formatierungsmittel (109, 2209) zum Zusammensetzen der ungleichformig
quantisierten und gruppierten Transformationskoeffizienten zu einem
digitalen Ausgangssignal mit elnem zur Obertragung oder Speicherung
geeigneten Format. 17. Codierer nach Anspruch 16, bei dem die
Analysefenstermittel (103,2204) das Analysefenstereines Ana-
lyse-Synthese-Fensterpaares umfassen. 35  18. Codierer zur hochqualitativen
digitalen Codierung von analoger breitbandiger Audioinfbrmation, umfas-
send Mittel (101, 2001) zum Abtasten und Quantisieren der breitbandigen
analogen Audloinformation zu Zeitbereichs-Signalabtastwertblocken,
Analysefenstermittel (103, 2203) zum Modulieren jedes
Signalabtastwertblocks mit einer Gewich- 40      tungsfunktion, wobei die
Gewichtungsfunktion ein Analysefenster elnes Analyse-Synthese-Fensterpaa-
res ist, Mittel (104, 2204) zum Erzeugen von
Frequenzbereichs-Transformationskoeffizienten als Antwort auf die mit einem
Analysefenstergewichteten Zeitbereichs-Signalabtastwertblocke, wobel die
Mittel zum Erzeugen von Frequenzbereichs-Transformationskoeffizienten
Mittel zum Anwenden einer diskreten A5      Transfbrmationsfunktion auf die
mit einem Analysefenster gewichteten Zeitbereichs-Signalabtastwertbl~k ke
umfassen, ungleichformige Teilbandquantisaiermittel (108, 2208), die
adaptive Bitzuweisungsmittel (106, 2206) enthalten, zur Quantisierung jedes
Frequenzbereichs-Transformationskoeffizienten und zum Gruppieren dieser
quantisierten Transformationskoeffizienten in Teilbinder, und
Formatierungsmittel (109, 2209) zum Zusammensetzen der ungieichf8rmig
quantisierten und gruppierten Transformationskoeffizienten zu einem
digitalen Ausgangssignal mit einem zur Obertragung oder Speicherung
geeigneten Format. 19. Codierer nach Anspruch 17 oder 18, bei dem die
Mittel zum Anwenden einer diskreten Transformations- u5      funktion
abwechselnd eine diskrete Cosinus-Transformationsfunktion und sine diskrete
Sinus-Transfor- mationsfunktion auf die mit einem Analysefenster
gewichteten Zeitbereichs-Signalabtastwertblocke ent- sprechend der
Zeitbereichs-Aliasing-Ausi8schtechnik (Time Domain Aliasing Cancellation)
anwenden, 45 l11i 111111 IIIJI 11111 111111 * C   L   M   S *    EP 0 447
495 BI und bei dem des Analysefenster von einem Kaiser-Bessel-Fenster mit
elnem Alpha-Wert im Bereich von 4 bis 7 abgeleitet ist. 20. Codierer nach
Anspruch 17 oder 18, bei dem die Mittel zum Anwenden elner diskreten
Transformations- 5       funktion sine diskrete Fourier-Transformation
anwenden und bei dem das Analysefenstervon elnem Kal- ser-Bessel-Fenster
mit elnem Alpha-Wert im Bereich von anderthalb bis drem abgeleitet let. 21.
Codierer nach Anspruch 17 oder 18, bei dem des
Analyse-Synthese-Fensterpaarabgeleitot ist von Im we- sentlichen
irgendeinem Fenster der Kiasse von Analysefenstern, die die Gestaltung
elner Filterbank go- 10      statten, bei der die auf elner Transformation
basierenden digitalen Filter gewinschtb Selektivitatscharak- 



teristiken aufweisen, sowie die Fihigkeit, die Steilheit des
Obergangsbandabfalls gegen die Sperrband- untbrdrulckung in der
Filterkennlinie auszuhandeln. 22. Codierer nach Anspruch 21, bei dem die
Klasse von Analysefenstorn die Kaiser-Bessel- und Dolph- Chebyshev-Fenster
sowie Fenster enthilt, die unter Verwendung der Parks-McClellan-Methode von
15      nichtrekursiven Filterkoeffizienten abgeleitet wurden. 23. Codierer
fir die hochqualitative digitale Codierung von Signalabtastwertbl6cke
umfassender breitbandi- K.             gerAudioinformation, umfassend
Analysefenstermittel (103,2203) zur Erzeugung von mit einem
Analysefenstorgewichtetn Abtast- ao       wertbl6ocken durch Gewichten
jedes Signalabtastwertblocks mit einer Gewichtungsfunktion, wobei die
Gewichtungsfunktion des Analysefenster eines Paares von
Analysefenster/Synthesefenster, je der Lange N, ist und das Produkt beider
Fenster des Paares ein Produktfenster der Lange N mit einem Oberlap-
pungsintervall der Lange V ist und sich des Produktfenster, wenn es
uberlappt und Ober das Oberlap- pungsintervall mit sich selbst addiert
wird, zu einem konstanten Wert summiert, 25            Mittel (104, 2204)
zum Erzeugen von Frequenzbereichs-Transformationskoeffizienten durch An-
wenden elner diskreten Transformationsfunktion auf die mit einem
Analysefenstbr gewichtoten Abtast- wertblocke, ungleichformige
Teiibandquantisiermittel (108, 2208), die adaptive Bitzuweisungsmitbl (106,
2206) enthalten, zum Quantisierenjedes
Frequenzbereichs-Transformationskoeffizienten und zum Grup- 1     30
pieren dieser quantisierten Transformationskoeffizienten in Teilbander, und
Formatierungsmittel (109, 2209) zum Zusammensetzen der ungleichformig
quantisierten und gruppierton Transformationskoeffizienten zu elnem
digitalen Ausgangssignal mit einem zur Obertragung oder Speicherung
geeigneten Format, wobei das Analyse-Synthese-Fensterpaar bestimmbar ist
durch ein Verfahren umfassend 35        (1) Erzeugen sines Ausgangsfensters
mit einer Lange 1 + V, (2) Erzeugen eines Zwischenfenstsrs durch Faltung
des Ausgangsfenstbrs mit einer Einheitsimpuls- KY               funktion
der Lange N-V, (3) Definieren sines Skaiierungsfaktors durch Faltung des
Ausgangsfensters mit einer Einheitsimpuls- funktion der Lange 1, 40
(4) Gewinnen des Produktfensters durch Teilen des Zwischenfensters durch
den Skalierungsfaktor, und (5) Gewinnen des Analysefensters durch
Potenzieren des Produktfensters zur A-tn Potbnz und Ge- winnen des
Synthesefensters durch Potenzieren des Produktfensters zur B-ton Potenz,
wobei A + B = 1. 46 24. Codierer nach Anspruch 21, bei dem die Steliheit
des Obergangsbandabfalls des Analysefensters f~rrden geownschten Wert der
Sperrbandunterdrackung maximiert ist. 25. Codierer nach Anspruch 24, bei
dem der gewfnschte Wert der Sperrbanduntordrfckung empirisch durch 50
H6rtests ermittelt ist. 26. Codierer nach Anspruch 24, bei dem der
Obergangsbandabfall aligemein der unteren Neigung der pay- choakustischen
Maskierungskurve des menschlichen Ohres innerhalb eines kritischen Bandes
fblgt. 55   27. Codierer nach Anspruch 21, bei dem das Produkt des
Analyse-Synthese-Fensterpaares von im wesent- lichen irgendeinem Fenster
der besagten KMasse von Analysefenstern mit Hilfe sines Allzweckoomputers
durch ein numerisches Optimierungsverfahren abgeleitet ist, umfassend
Initialisierung durch Lesen von Daten aus Dateien, die die gewOnschten
Frequenzselektivititscha- 46      _ III       IIII, Hlll 1111111 fIIU    EP
0 447 495 B1 rakteristiken definieren und eine Startfensterform
spezifizieren, Erzeugen eines Versuchs-Analysefensters, anfanglich aufgrund
von in den Initialisierungsdaten fOr das erste Versuchsfenster
spezifizierten Werten und nachfolgend fur aufeinanderfolgende Versuchs-
fenster aufgrund von Werten, die durch eine multidimensionale
Optimierungsroutine spezifiziertwerden, 5             Bestimmen der
Frequenzgangscharakteristi ken der digitalen Filter, die aus der Verwendung
des konstruierten Versuchs-Analysefensters in elnem Transformationscodierer
resultieren, Errechnen eines Fehlerwerts fur solche
Frequenzgangscharakteristiken in bezug auf die ge- 



wunschten Selektivitatsfrequenzcharakterstiken der digitalen Filter,
Bestimmen, ob der Optimierungsprozess fortgesetzt werden soil. 28. Codierer
nach Anspruch 17 oder 18, be! deam das Analyse-Synthese-Fensterpaarvon
einemAnalysefen- ster abgeleitet ist, welches durch ein numerisches
Optimierungsverfahren abgeleitet !st. 29. Codierer nach Anspruch 16 oder
18, ferner umfassend Preemphasismittel (2219) zur Behandlung der
breitbandigen analogen Audioinformation vorderAbtastung und Quantisierung
der Information, wobel die Mittel zum Anwenden einer diskreten
Transformationsfunktion eine diskrete Fourier-Transformation an- wenden.
30. Codierer nach Anspruch 29, bei dem die Preemphasismittel (2219) eine
Shelfcharakteristik zweiter Ord- 20       nung mit etwa 19 dB Abschwachung
bel Gleichstrom (0 Hz) und derVerstarkung eins bei hohen Frequen- zen
aufweisen. 31. Codierer nach Anspruch 1, bei dem die Formatierungsmittel
Telibandinformation, die von einerinvarianten Anzahl von Bits
reprasentiertwird, an vorgegebenen Positionen innerhalb des
digitalenAusgangssignals plaziert. 25 32. Codiererfur die hochqualitative
digitale Codierung von breitbandiger analogerAudioinformation, umfas- send
Mittel (101, 2001) zurAbtastung und Quantisierung der breitbandigen
analogen Audloinformation zu Zeitbereichs-Signalabtastwertbi6cken, 30
Analysefenstermittel (103, 2203) zur Modulation jedes
Signalabtastwertblocks mit einer Gewich- tungsfunktion, Mittel (104,2204)
zur Erzeugung von Frequenzbereichs-Transformationskoeffizienten alsAntwort
auf mit einem Analysefenster gewichtete
Zeitbereichs-Signalabtastwertblocke, ungleichformige
Teilbandquantisiermittel (108, 2208), die adaptive Bitzuweisungsmittel
(105, 35       2206) enthalten, zur Quantisierung jedes
Frequenzbereichs-Transformationskoeffizienten und zum Gruppieren dieser
quantisierten Transformationskoeffizienten in Teiibander, und
Formatierungsmittel (109, 2209) zum Zusammensetzen der ungleichformig
quantislerten und gruppierten Transformationskoeffizienten zu einem
digitalen Ausgangssignal mit einem zur Obertragung oder Speicherung
geeigneten Fonmat, wobei die Formatierungsmittel Fehler-Korrektur- und
-Erken- 40       nungscodes einsetzen, um die Empfindlichkeit kritischer
Daten gegenriber GerauschbOndelfehiern zu verringern, und die
Formatierungsmittel die Fehler-Korrektur- und -Erkennungscodes und Daten zu
for- matierten Bl6cken zusammensetzen und die Fehier-Korrektur- und
Erkennungscodes und die kritischen Daten uber die formatierten Bl6cke
verstreuen, um die Empfindlichkeit kritischer Daten gegenuber Ge-
rauschbundelfehlern zu verringern. 45 33. Codierer far die hochqualitative
digitale Codierung von zwei Kanalen breitbandiger analoger Audloinfor-
mation umfassend Mittel (101, 2201), zum Abtasten und Quantisieren der
beiden Kanale breitbandiger analogerAu- dioinformation zu
Zeitbereichs-Signalabtastwertblocken, wobei die
Zeitbereichs-Abtastwertbl8cke reine 50      reelle Werte sind,
Analysefenstermittel (103, 2203) zur Modulation jedes
Signalabtastwertblocks mit elner Gewich- tungsfunktion, Mittel (104,2204)
zur Erzeugung von Frequenzbereichs-Transformationskoeffizienten als Antwort
auf miteinemAnalysefenstergewichtete Zeitbereichs-Signalabtastwertblocke,
wobel die Mittel Mittel zum 55       Anwenden einer diskreten
Transformationsfunktion auf die mit dem Analysefenster gewichteten Zeitbe-
reichs-Signalabtastwertbl6cke umfassen und die Mittel zum Anwenden
einerdiskreten Transformations- funktion durch eine einzige schnelle
Fourier-Transformation implementiertsind, die auf zwei gleichzeitige
Zeitbereichs-Signalabtastwertbi6cke angewendet wird, 47 ' ' I
1111111111111111    EP 0 447 495 B1 ungleichformige
Teilbandquantisiermittel (108, 2208), die adaptive Bitzuweisungsmitel (106,
2206) enthalten, zur Quantisierung jedes
Frequenzbereichs-Transformationskoeffizienten und zum Gruppieren dieser
quantisierten Transformationskoeffizienten in Teilbander, und 



Formatierungsmittel (109, 2209) zum Zusammensetzen der ungleichformig
quantisierten und 6       gruppierten Transformationskoeffizienten zu einem
digitalen Ausgangssignal mit einem zur Obertragung oder Speicherung
geeigneten Format. 34. Decoderfurdie hochqualitative Reproduktion
breitbandigerAudioinformation von einem codierten Signal, umfassend 10
Deformatierungsmittel (112), die adaptive Bitzuweisungsmittel enthalten,
zum Empfang des co- dierten Signals, zurAbleitung von Teilbandinformation
aus dem codierten Signal und zur Rekonstruktion digitalerWorter
unterVerwendung derabgeleiteten Teilbandinformation, wobei die digitalen
Worter enen adaptiven Teil und einen nicht-adaptiven Tell umfassen, und die
Codierungsgenauigkeit des adaptiven Tells von den adaptiven
Bitzuweisungsmitteln bestimmt wird, und 15           inverse Teilbandmittel
zur Erzeugung von Vollband-Signalabtastwerten als Antwort auf die abge-
leitete Teilbandinformation. 35. Decoder nach Anspruch 34, bei dem die
inversen Teilbandmittel die Vollband-Signalabtastwerte durch Anwenden einer
diskreten inversen Transformation auf die abgeleitete Teilbandinformation
erzeugen. 20 36. Decoder nach Anspruch 34 odor 35, bei dem die inversen
Teilbandmittel (113, 114) inverse Filterband- mittel (114) umfassen und bei
dem die Codierungsgenauigkeit des nichtadaptiven Teils aufder Basis eines
Vergleichs elnes reprasentativen Frequenzgangs fur die inversen
Filterbankmittel fOr jedes Teilband mit einem psychoakustischen
Maskierungs-Schwellenwert, der fOr jedes Teilband reprasentativ ist und von
26      elnem Einzelton oder einem sehr schmalen Gerauschband erzeugt ist,
bestimmt ist. 37. Decoder nach Anspruch 36, bei dem ein psychoakustischer
Maskierungs-Schwellenwert mit einer relativ hohen Selektivitat fOr
Frequenzen unterhalb des Markierungstons oder Markierungsgerauschbandes als
reprasentativ fOr die Maskierung in Teilbandern niedrigerer Frequenz
genommen wird, wahrend ein pay- choakustischer Maskierungs-Schwellenwert
mit einer relativ niedrigen SelektivitatfOr Frequenzen unter- 30      halb
des Maskierungstones oder des Maskierungsgerauschbandes als reprAsentativ
fOr die Maskierung in Teilbandern hoherer Frequenz genommen wird. 38.
Decoder nach Anspruch 37, bei dem ein psychoakustischer
Maskierungs-Schwellenwert fMr einen Emn- zelton oder ein sehr schmales
Gerauschband be! etwa 1 kHz als reprasentativ fur Teilbander innerhalb S6
des Frequenzbereichs von etwa 500 Hz bis 2 kHz genommen wird, wahrend ein
psychoakustischer Maskierungs-Schwellenwert fOr eonen Einzelton oder ein
sehr schmales Gerauschband be! etwa 4 kHz als reprasentativ fOr Teilbander
oberhalb etwa 2 kHz genommen wird. 39. Decoder nach Anspruch 36, 37 odor
38, bei dem die Codierungsgenauigkeit des nicht-adaptivon Tells so 40
eingestellt ist, dal3 die zur Darstellung des nicht-adaptiven Teils
verwendete Anzahl von Bits geringer als die Anzahl von Bits ist, die dazu
erforderlich ist, im wesentlichen kein Quantisierungsrauschen Ober den
reprasentativen psychoakustischen Maskierungs-Schwellenwert hinaus zu
haben. 40. Decoder nach Anspruch 39, bei dem die Anzahl von zur Darstellung
des nicht-adaptiven Tells verwende- 45      ten Bits zwei weniger betragt,
als die Menge, die dafur erforderlich ist, dal& im wesentlichen kein Quan-
tisierungsrauschen Ober den reprasentativen psychoakustischen
Maskierungs-Schwellenwert hinaus vorhanden ist. 41. Decoder nach einem
derAnspruche 34 bis 40, bei dem Information furjedes Teilband in dem
abgeleiteten so      Teilband-Informationsblock in Block-Gleitkomma-Form
ausgedruckt ist, umfassend eine oder mehrere Mantissen und einen
Teilbandexponenten, wobel jedes der digitalen W6rter eine Mantisso
reprasentiert und die Codierungsgenauigkeit des adaptiven Teils auf einem
effektiven Exponentenwert beruht, der gleich ist dem Wert des
Teilbandexponenten. 42. Decoder nach einem der AnsprOche 34 bis 40, bei dom
die Information fOr alle Teilbander in dem abge- leiteten
Teilband-Informationsblock in Block-Gleitkomma-Form ausgedrOckt ist,
umfassend eine odor mehrere Mantissen fOr jedes Teilband, eonen
Teilbandexponenten fur jedes Teilband und eonen Master- exponenten fOr
einen Satz von Teilbandern, wodurch der Bereich der Teilbandexponentenwerte
ausge- 48 1   1111111111111 1111    EP0447495B1 dehnt wird, wobel jedes der
digitalen W6rter eine Mantisse reprasentiert und die Codierungsgenauigkeit
des adaptiven Tells auf elnem effektiven Exponentenwert beruht, der gleich
ist dem Wert, der von dem Teilbandexponenten in Verbindung mit dem
zugeh8rogen Masterexponenten reprisentiert wird. 43. Decoder nach einem der
Anspruche 34 bis 42, bei dem die Teilbandinformation, die von einem
Intbrvall 



des codierten Signals abgeleitet ist, elnen Teilband-Informationsblock
darsteilt, der Decoder ferner Mittel zur Bewertung des relativen
Energiepegels jedes Teilbandes, das in dem Teilband-Informationsblock re-
prasentiert ist, enthalt und be! dem die adaptiven Bitzuweisungsmittel Bits
wenigstens einigen der digi- talen W8rter zuweisen, wobel die adaptiven
Bitzuweisungsmittel umfassen 10            Mittel zur Zuweisung von Bits zu
den digitalen W6rtern einer ersten Gruppe von Teilbandern, die die gr6o~ten
Energiepegel besitzen, wobel die Zuweisung fortschreitet, bis eine maximale
Anzahl von Bits jedem der digitalen Wdrter der ersten Gruppe von
Teilbandern zugewiesen wurde oder bis die Anzahl adaptiv zugewiesener Bits
einer begrenzten Anzahl adaptiv zuweisbarer Bits gleicht oder diese Ober-
steigt, und 15            Mittel zur Zuweisung von Bits zu den digitalen
W6rtern einer zweiten Gruppe von Teilbander, von denen jedes an ein
Teilband angrenzt, innerhalb dessen jedem der digitalen W6rtor die maximale
Anzahl von Bits zugewiesen wurde, wobei jedes der Teilbander der zweiten
Gruppe von Teilbandem ein Teilband eines Paares von aneinanderangrenzenden
Teilbandern darstellt und die Zuweisung fortschreitet, bis die maximale
Anzahl von Bits jedem der digitalen Worter der zweiten Gruppe von
Teilbandern zugewiesen 20      wurde oder bis die Anzahl adaptiv
zugewiesener Bits der begrenzten Anzahl adaptiv zuweisbarer Bits gleicht
oder diese ubersteigt. 44. Decoder nach Anspruch 43, bei dem die Mittel
zurZuweisung von Bits zu den digitalen Wortern derzwel- ten Gruppe von
Teilbandern den digitalen W6rtern aller angrenzenden Teilbander auf der
niederfrequen- 25      ten Seite Bits zuweisen, bevor Bits den digitalen
W6rtern aller angrenzender Teilbander auf der hochfre- quenten Seite
zugewiesen werden. 45. Decoder nach Anspruch 43 oder44, fernerumfassend
Mittel zurVerringerung derAnzahl von ausgewahl- ten digitalen Wortern
adaptiv zugewiesenen Bits, bis die Anzahl von adaptiv zugewiesenen Bits der
be- grenzten Anzahl von adaptiv zuweisbaren Bits gleicht. 46. Decoder nach
einem der Anspriuche 43 bis 45 in Verbindung mit Anspruch 41 oder 42, bel
dem die Mittel zur Ermittlung des relativen Energiepegels jedes in einem
abgeleiteten Teilband-Informationsblockrepra- sentierten Teilbandes den
relativen Energiepegel auf der Basis des effektiven Exponentenwerts
ormittelt. 35  47. Decoder nach Anspruch 46, bei dem die Mittel zur
Ermittlung des relativen Energiepegels jedes in einem abgeleiteten
Teilband-lnformationsblock reprasentierten Teilbandes umfassen Mittel zur
Ermittlung des effektiven Exponentenwerts desjenigen Teilbandes, das das
Maximum der von den einzelnen Mantissen in Verbindung mit ihrem zugeh6rigen
effektiven Exponentenwert repra- sentierten Werte enthalt, und 40
Mittel zur Zuweisung einer Stufenzahl zu jedem einzelnen aller Teilbander,
die In einem abgslel- teten Teilband-informnationsblock reprasentiert sind,
wobei die Stufenzahl gleich der maximalen Anzahl von Bits ist, die jedem
Digitalwort zuweisbar ist, verringert um den Absolutwert der Differenz
zwischen dem ermittelten effektiven Exponentenwert und dem effektiven
Exponentenwert entsprechend dom Teil- band, dem ein Pegel zuzuweisen ist,
wobei jedoch in keinem Fall eine Stufenzahl kleiner als null zuge- 45
wiesen wird. 41. Decodernach einem derAnsprOche 34 bis47, beidem die
Deformatierungsmittel (112)jedesdigitale Wort aus bis zu zwei Segmenten
rekonstruiert, elnem ersten Segment, das die Minimallange des digitalen
Worts reprasentiert und sich aus einer festen Anzahl von Bits
zusammensetzt, und einem zweitn Seg- 50      ment, falls vorhanden, einer
varlierenden Bitlinge, das sich aus adaptiv zugewiesenen Bits zusammen-
setzt. 49. Decoderzur hochqualitativen Reproduktion digital codierter
breitbandiger analogerAudloinformation, bei dem die Information mittels
eines Codierers digital codiert wurde, der die Information zu
Zeitberebchs-Si- 55       gnalabtastwertblocken abtastet und quantisiert,
jeden Abtastwertblock in elnem Analysefenster mit einer Gewichtungsfunktion
moduliert, als Antwort auf die mit einem Analysefenster gewichteten
Zeitbereichs- Signalabtastwertblocke
Frequenzbereichs-Transformationskoeffizienten erzeugt, jeden Frequenzbe-
reichs-Transformationskoeffizienten ungleichformig quantisiert und diese
quantisierten Transformations- 49 I IIIC 1111111 1111111  li 1111I    EP 0
447 495 B1 koeffizienten in Teilbander gruppiert, und die ungleichformig
quantisierten und gruppierten Transforma- tionskoeffizienten zu einem
digitalen Ausgangssignal mit einem zur Obertragung odor Speicherung go-
eigneten Format zusammensetzt, umfassend 



Deformatierungsmittel (112,2212), die das digitale Ausgangssignal erhalten,
um daraus die quan- 5       tisierten Transformationskoeffizienten
abzuleiten, Linearisierungsmittel (113, 2213) zur Rekonstruktion
decodierter Frequenzbereichs-Transormna- tionskoeffizienten aus den
deformatierten, ungleichfdrmig quantisierten Transformationskoeffkzienten,
Mittel (114, 2214) zur Erzeugung von Zeitbereichs-Signalabtastwertblacken
ale Antwort auf die Frequenzberelchs-Transformationskoeffizienten, wobei
die Mittel inverse Charakteristiken zu jenen der 10       Mittel in dem
Codierer zur Erzeugung der Frequenzbereichs-Transformationskoeffizlenten
aufweisen, wobel die Zeitbereichssignalabtastwertbl6cke eine Zeitperiode
aufweisen, die in einer Signaldurchlauf- zeit resultiert, die kurz genug
ist, damit ein den Decoder einsetzendes Codier/Decodiersystem fOr eine
Echtzeit-H6rruckkopplung zu einem menschlichen Operator verwendbar ist,
wobei die Mittel zur Erzeu- gung von Zeitbereichs-Signalblbcken Mittel zum
Anwenden einer inversen diskreten Transformations- 15      funktion auf die
Frequenzbereichs-Transformationskoeffizienten umfassen,
Synthesefenstermittel (115, 2215) zum Modulieren der
Zeitbereichs-Signalabtastwertblocke zur Verringerung der Effekte von
Quantisierungsfahlern an den Blockgrenzen, die wahrend des
Codier/Decodierprozesses entstehen, wobei die Synthesefenstermittel
Eigenschaften aufwelsen, derart, daf das Produkt ihrer Antwort und der
Antwort des Analysefensters Bins ergibt, wenn zwei benachbarte 20
Signalabtastwertbl6cke uberlappt und addiert werden,
Signalblock-Oberlappungs-Addierungsmittel (116, 2216) zur Aufhebung der
Gewichtungseffekte derAnalysefenster- und der Synthesefenstermittel zur
Wiedergewinnung einer digitalisierten Reprasen- tation des
Zeitbereichssignals, und Zeitbereichssignalausgangsmittel (117, 2217) zur
Umsetzung des digitalen Zeitberelchesignals in 25      analoge Form. 50.
Decoder nach Anspruch 49, bei dem das Analysefenster und das
Synthesefenster em Analyse-Synthese- Fensterpaar umfassen. 51. Decoder fur
die hochqualitative Reproduktion digital codierter breitbandiger analoger
Audioinformation, bel dem die Information mittels eines Codierers digital
codiert wurde, der die Information zu Zeitbereichs- Signalabtastwertblocken
abtastet und quantisiert, jeden Abtastwertblock in einem Analysefenster mit
ei- ner Gewichtungsfunktion moduliert, als Antwort auf mit einem
Analysefenster gewichtete Zeitbereichs- Signalabtastwertblbcke
Frequenzbereichs-Transformationskoeffizienten erzeugt, jeden Frequenzbe- 35
reichs-Transformationskoeffizient ungleichformig quantisiert und diese
quantisierten Transformationsko- eff izienten in Teilbander gruppiert, und
die ungleichf6rmig quantisierten und gruppierten Transformati-
onskoeffizienten zu einem digitalen Ausgangssignal mit einem zur
Obertragung oder Speicherung geeig- neten Format zusammensetzt, umfassend
Deformatierungsmittel (112, 2212), die des digitale Ausgangssignal
empfangen, urn daraus die 40       quantisierten
Transformationskoeffizienten abzuleiten, Linearisierungsmittel (113, 2213)
zur Rekonstruktion decodierter Frequenzbereichs-Transforma-
tionskoeffizienten aus den deformatierten ungleichf6rmig quantisierten
Transformationskoeffizienten, Mittel (114, 2214) zur Erzeugung von
Zeitbereichs-Signalabtastwertblocken als Antwort auf die
Frequenzbereichs-Transformationskoeffizienten, wobei die Mittel
Eigenschaften invers zujenen der Mit- ;        btel in dem Decoder zur
Erzeugung von Frequenzbereichs-Transformationskoeffizienten aufweisen, wo-
bei die Mittel zur Erzeugung von Zeitbereichs-Signalbl6cken Mittel zum
Anwenden einer inversen diskre- ten Transfbrmationsfunktion auf die
Frequenzbereichs-Transfbrmationskoeffizienten umfassen,
Synthesefenstermittel (115, 2215) umfassend ein Synthesefenster zum
Modulieren der Zeitbe- reichs-Signalabtastwertbl6cke zur Verringerung der
Effekte von Quantisierungsfehlern an den Block- co       grenzen, die
wihrend des Codier/Decodierprozesses auftreten, wobei die
Synthesefenstermittel Eigen- schaften aufweisen derart, dalf das Produkt
ihrer Antwort und der Antwort des Analysefensters emns er- gibt, wenn zwei
benachbarte Signalabtastwertblocke Oberlappt und addiert werden, wobei das
Synthe- sefenster des Synthesefenster eines Analyse-Synthese-Fensterpaares
ist, Signalblock-Oberlappungs-Addierungsmittel (116, 2216) zur Aufhebung
der Gewichtungseffekte 55       derAnalysefenster- und der
Synthesefenstermittel zur Wiedergewinnung einer digitalisierten Reprasen-
tation des Zeitbereichasignals, und Zeitbereichssignalausgangsmittel (117,
2217) zur Umsetzung des digitalen Zeltbereichssignals in analoge Form. so



EP 0 447 495 B1 52. Decoder nach Anspruch 50 oder 51, bei dem die Mittel
zum Anwenden einer inversen diskreten Trans- formationsfunktion abwechselnd
eine inverse diskrete Cosinus-Transformationsfunktion und eine inverse
diskrete Sinus-Transformationsfunktion auf die
Frequenzbereichs-Transformationskoeffkzienten ent- sprechend
derZeitbereichs-Aliasing-Ausloschtechnik umfassen, und be! dem die
Fenstervon einem Kal- 5       ser-Bessel-Fenster mit einem Alpha-Wert im
Bereich von 4 bis 7 abgeleitet sind. 53. Decoder nach Anspruch 50 oder 51,
bei dem die Mittel zum Anwenden einer diskreten Transformations- funktion
eine inverse diskrete Fourier-Transformation anwenden, und be! dem die
Fenstervon sinem Kal- ser-Bessel-Fenster mit einem Alpha-Wert im Bereich
von anderthalb bis drei abgeleitet sind. 10 54. Decoder nach Anspruch 50
oder 51, bei dem das Analyse-Synthese-Fensterpaar abgeleitet ist von im we-
sentlichen irgendeinem Fenster der Klasse von Analysefenstern, die die
Gestaltung elner Filterbank ge- statten, bei derdie auf einerTransformation
basierenden digitalen Filter gewOnschte Selektivitatscharak- teristiken
aufweisen, sowie die Fahigkeit, die Steliheit des Obergangsbandabfalls
gegen die Sperrband- 15      unterdrrckung in der Filterkennlinie
auszuhandeln. 55. Decoder nach Anspruch 54, bei dem die Klasse von
Analysefenstern die Kaiser-Bessel- und Dolph- Chebyshev-Fenster sowie
Fenster enthalt, die unter Verwendung der Parks-McClellan-Methode von
nichtrekursiven Filterkoeffizienten abgeleitet wurden. 20 5. Decoder zur
hochqualitativen Reproduktion digital codierter
breitbandigerAudioinfbrmation, bei dem die Information von einem Codierer
digital codiert wurde, der mit einem Analysefenster gewichtete Abtast-
wertblocke durch Gewichten von Bl6cken von Abtastwerten der
Audioinformation mit einerAnalysefen- sterfunktion erzeugt, durch Anwenden
einerVorwartstransformation auf die mit einem Analysefensterge- wichteten
Abtastwertblocke Frequenzbereichs-Transformationskoeffizienten erzeugt und
die Transfor- 25       mationskoeffizienten zu einem digitalen
Ausgangssignal mit einem zur Obertragung oder Speicherung geeigneten Format
codiert, wobei der Decoder umfaI~t Deformatierungsmittel (112,2212) die das
digitale Ausgangssignal empfangen, urn daraus die Fre-
quenzbereichs-Transformationskoeffizienten abzuleiten, Mittel (114,2214)
zur Erzeugung von Zeitbereichs-Signalabtastwertblocken als Antwort auf die
re- K0       konstruierten Frequenzbereichs-Transformationskoeffizienten
durch Anwenden einer ROcktransformati- on mit Eigenschaften invers zu jenen
der Vorwartstransformation, und Synthesefenstermittel (115,2215) zur
Gewichtung derZeitbereichs-Signalabtastwertblocke mitei- ner
Synthesefensterfunktion, wobei die Synthesefensterfunktion das
Synthesefenster eines Paares von AnalysefensterlSynthesefenster, je der
LAnge N, ist und das Produkt beider Fenster des Paares ein Pro- 36
duktfenster der LAnge N mit einem Oberlappungsintervall der LAnge V ist,
wobei das Produktfenster, wenn es Ober das Oberlappungsintervall uberlappt
und mit sich selbst addiert wird, sich zu einem kon- stanten Wert summiert,
und Signalblock-Oberlappungs-Addierungsmittel (116, 2216) zur Aufhebung der
Gewichtungseffektb derAnalysefenster- und der Synthesefenstermittel zur
Wiedergewinnung einer digitalen Reprasentation derAudioinformation, wobei
das Analyse-Synthese-Fensterpaar durch ein Verfahren bestimmbar ist,
umfassend (1) Erzeugen eines Ausgangsfensters mit einer Lange 1 + V, (2)
Erzeugen eines Zwischenfensters durch Faltung des Ausgangsfensters mit
einer Einheitsimpuls- funktion der Lange N-V, 45         (3) Definieren
eines Skalierungsfaktors durch Faltung des Ausgangsfensters mit einer
Einheltsimpuls- funktion der Lange 1, (4) Gewinnen des Produktfensters
durch Teilen des Zwischenfensters durch den Skallerungsfaktor, und (5)
Gewinnen des Analysefensters durch Potenzieren des Produktfensters zur
A-ten Potenz und Ge- winnen des Synthesefensters durch Potenzieren des
Produktfensters zur B-ten Potenz, wobei A+ B = 1. 57. Decoder nach Anspruch
54, bei dem die Steilheit des Obergangsbandabfalls des Analyse- und des
Syn- thesefensters fur den gewinschten Pegel der Sperrbandunterdruckung
maximiert ist. 55 58. Decoder nach Anspruch 57, bei dem der gewOnschte Wert
der Sperrbandunterdruckung empirisch durch H8rtests ermittelt ist. 51
SIS IS  3113  iih  



EP0447495B1 59. Decoder nach Anspruch 57, be! dem der Obergangsbandabfail
aligemein der unteren Neigung der psy- choakustischen Maskierungskurve des
menschlichen Ohres innerhalb eines kritischen Bandes folgt. 60. Decoder
nach Anspruch 54, bei dem das Produkt des Analyse-Synthese-Fensterpaares
von im wesent- 5       lichen irgendeinem Fenster der besagten lKasse von
Analysefenstern mit Hilfe eines AlIzweckeomputers durch sin numerisches
Optimierungsverfahren abgeleitet ist, umfassend Initialisierung durch Lesen
von Daten aus Dateien, die die gewunschten Frequenzselektivitatscha-
rakteristiken definieren und sine Startfensterform spezifizieren, Erzeugen
sines Versuchs-Analysefensters, anffinglich aufgrund von in den
Initialisierungsdaten 10      far das erste Versuchsfenster spezifizierten
Werten und nachfolgend fur aufeinanderfolgende Versuchs- fenster aufgrund
von Werten, die durch sine multidimensionale Optimierungsroutine
spezifiziert werden, Bestimmen der Frequenzgangscharakteristiken der
digitalen Filter, die aus der Verwendung des konstruierten
Versuchs-Analysefensters in einem Transformationscodierer resultieren,
Errechnen eines Fehlerwerts fur solche Frequenzgangscharakteristiken In
bezug auf die ge- 1C      wflnschten Selektivitatsfrequenzcharakteristiken
der digitalen Filter, Bestimmen, ob der Optimierungsprozess fortgesetzt
werden soil. 61. Decoder nach Anspruch 50 oder 51, bei dem das
Analyse-Synthese-Fensterpaar von einem Analysefen- ster abgeleitet ist,
weiches durch ein numerisches Optimierungsverfahren abgeleitet ist. 2   62.
Decoder nach Anspruch 49 oder 51, ferner umfassend Deemphasismittel (2224)
zur Behandlung des breitbandigen analogen Audioinformationsausgangssignals
von den Zeitbereichs-Signalausgangsmitteln (2217), wobei die Mittel zum
Anwenden einer inversen diskreten Transformationsfunktion eine inverse
diskrete Fourier-Transformation anwenden. 25  63. Decoder nach Anspruch 62,
bei dem die Deemphasismittel (2224) sine Charakteristik aufweisen, die das
Inverse einer Shelfcharakteristik zweiter Ordnung mit etwa 19 dB
Abschwachung bei Gleichstrom (0 Hz) und der Verstfrkung eins bei hohen
Frequenzen ist. 64. System fur die hochqualitative Verarbeitung von
breitbandiger analogerAudioinformation, umfassend ei- 30       nen Codierer
nach einem der Anspruche 1 bis 33 und elnem Decoder nach einem der
Anspriche 34 bis 63. 65. System nach Anspruch 64, bei dem die
Signaldurchlaufverz6gerung durch das System, umfassend die Periode der
Zeitbereichs-Signalabtastwertbl6cke in dem Codierer, die Periods der
Zeitbereichs-Signal- 35      abtastwertblocke in dem Decoder, die
Verarbeitungszeit in dem Codierer und die Verarbeitungszeit in dam Decoder,
kurz genug ist, damit das System fur eine Echtzeit-Horruckkopplung zu einem
menschlichen Operator verwendbar ist. 66. Decoder nach Anspruch 34, be! dem
das codierte Signal digitale Information umfalt, die von einer inva- 40
rianten Anzahl von Bits reprisentiert wird, und digitale Information, die
von einer adaptiven Anzahl von Bits reprasentiert wird, und be! dem die
Deformatierungsmittel ferner Mittel umfassen zur Ableitung der
Telibandinformation aus der durch sine invariante Anzahl von Bits
reprasentierten digitalen Information, die an vorgegebenen Positionen
innerhalb des codierten des Signals plaziert !St. 45   67. Codierer nach
Anspruch 1, bei dem Teilbandmittel die Teilbandinformation durch Anwenden
einer Filter- bank auf die Signalabtastwerte erzeugen, und bei dem die
Codierungsgenauigkeit des nicht-adaptiven Teils durch sin Verfahren
bestimmbar ist, umfassend (1) Vergleichen eines reprasentativen
Frequenzgangs fur sin Frequenzteilband der Filterbank mit ei- nem
reprasentativen psychoakustischen Maskierungs-Schwelienwert fur
Spektralenergie innerhalb des Frequenzteilbandes, (2) Erzeugen sines
Teilbandwerts gleich der Anzahl von Bits, die zum Codieren der
Spektralenergie innerhalb des Frequenzteilbandes erforderlich ist derart,
daf& im wesentlichen kein Quantisierungsge- rausch den reprasentativen
psychoakustischen Maskierungs-Schwellenwert Gbersteigt, (3) Einstellen der
nicht-adaptiven Codierungsgenauigkeit fur das Frequenzteilband auf
wenigerals den sc         Teilbandwert, und (4) Wiederholen der vorherigen
Schritte far jedes der Vielzahl von Frequenzteilbandern, wobel die je-
weilige nicht-adaptive Codierungsgenauigkeit geringer als der entsprechende
Teilbandwert eingestelit wird. 52 1 1111111 111111 1111111111111111 *   C
L   "4  S   * 



EP 0 447 495 B1 68. Decoder nach Anspruch 34, bel dem die inversen
Teilbandmittel die Vollband-Signalabtastwerte durch Anwenden einer inversen
Filterbank auf die abgeleitete Teilbandinformation erzeugen, und bei dem
die Codierungsgenauigkeit des nicht-adaptiven Codierteils durch ein
Verfahren bestimmbar let, umfassend (1) Vergleichen eines reprasentativen
Frequenzgangs fOr ein Frequenzteilband der inversen Filterbank s
mit einem reprasentativen psychoakustischen Maskierungs-Schwellenwert fOr
Spektralenergle inner- halb des Frequenzteilbandes, (2) Erzeugen eines
Teilbandwerts gleich der Anzahl von Bits, die zum Codieren der
Spektralenergie innerhalb des Frequenzteilbandes erforderlich ist derart,
dalB im wesentlichen kein Quantislerungsge- rausch den reprasentativen
psychoakustischon Maskierungs-Schwellenwert fberstoigt, 10        (3)
Einstellen der nicht-adaptiven Codierungsgenauigkeitfurdas Frequenzteilband
aufwenigerals den Teilbandwert, (4) Wiederholen dervorherigen Schritte fOr
jodes der Vieizahl von Frequenzteilbandern, wobei die Je- weilige
nicht-adaptive Codierungsgenauigkeit geringer als der entsprechende
Teilbandwert singostelit wird, und 15            Mittel zur Erzeugung der
Reproduktion der Audioinformation als Antwort auf die Teilbandinforma-
tion. 69. Vorrichtung nach Anspruch 23 oder 56, bel derA und B gleich sind.
20 Revendications 1. Codeur pour le codage digital de haute qualite d'une
information audio a large bando comprenant des 6chantillons de signal,
codeur comprenant: . 2S       - un moyen de sous-bande (104,108) comprenant
un moyen d'allocation binaire adaptative (108) pour definir des sous-bandes
de frequences et pour generer une information de sous-bande en r6ponse
auxdits 6chantillons de signal, ladite information de sous-bande comprenant
pour chacune desdites sous-bandes un ou plusleurs mots num6riques, chacun
desdits mots numeriques comprenant une partie adaptative et une partie non
adaptative, moyen dans lequel la precision de codage de ladite >   ~3
partie adaptative est determine par ledit moyen d'allocation binaire
adaptative; et - un moyen de formatage 109 pour assembler linformation
numerique comprenant ladite information de sous-bande on une sortie
numerique presentant un format adapte A la transmission ou au stocka- ge.
3S  2.  Codeur selon la revendication 1, dans lequel ledit moyen de
sous-bande comprend, de plus, un moyen (103) pour generer des blocs
d'6chantillons de signal ponderes par fenetre d'analyse en ponderant des
blocs desdits echantillons de signal A l'aide d'une fenetre d'analyse et
dans lequel ledit moyen de sous- K?            bando genbre ladite
information de sous-bande en appliquant une transformee discrete auxdits
blocs d'echantillons de signal ponderes par fenetre d'analyse. 3.  Codeur
selon la revendication I ou 2, dans lequel ledit moyen de sous-bande (104,
108) comprend un moyen de banque de filtrage (104) et dans lequel la
precision de codage de ladite partie non adaptative est d6terminee sur la
base d'une comparaison entre une reponse en frequence representative pour
ledit moyen de banque de filtrage pour chaque sous-bande et un seuil de
masquage psycho-acoustique re- 45      presentant chaque sous-bande
produite par une seule frequence audible ou une bando tres etroibt de bruit
4.  Codeur selon la revendication 3, dans lequel un seuil de masquage
psycho-acoustique presentant une selectivite relativement grande pour des
frequences en dessous de la frequencoe audible de masquage 5u      ou de la
bando de bruit est considere comme reprdsentant Is masquage dans des
sous-bandes de plus basses frequences et un soull de masquage
psycho-acoustique presentant une selectivitA relativement basso pour des
frequences en dessous de la frequence audible de masquage ou de la bands de
bruit oet considere commo representant le masquage dans des sous-bandes de
plus hautes frequences. 5.  Codeur selon la revendication 4, dans lequel un
seuil de masquage psycho-acoustique pour une seule 55      frequence
audible ou une bands tres Atroite de bruit d'environ I kHz est considere
comma representant les sous-bandes dans la gammo de frequences d'environ
500 Hz A 2 kHz et un seull de masquage psycho- acoustique pour une souls
frequence audible ou une bande tres etroito de bruit d'onviron 4 kHz est
consi- 53 1   1111  111  111111S111 



EP 0 447 495 B1 d6er comme representant les sous-bandes au dessus d'environ
2 kHz. 6.  Codeurselon la revendication 3,4 ou 5, dans lequel la precision
de codage de ladite partie non adaptative est telle que le nombre de bits
utilises pour representer ladite partie non adaptative est inferieure au
nom- 5       bre de bits requis pour obtenir pratiquement aucun bruit de
quantification en plus du seuil de masquage psycho-acoustique
representatif. 7.  Codeur selon la revendication 6, dans lequel le nombre
de bits utilises pour representer ladite partie non adaptative ost deux
fois inferieur A la valeur requise pour n'obtenir pratiquement pas de bruit
de quanti- 10      fication en plus du seull de masquage psycho-acoustique
representatif. 8.  Codeur selon l'une quelconque des revendications 1 A 7,
dans lequel ladite information de sous-bande pour chaque sous-bande est
exprimee sous la forme d'un bloc A virgule flottante comprenant une ou plu-
siours mantisses et un exposantde sous-bande, chacun desdits mots
numeriques representant une man- 15      tisse dans laquelle la precision
de codage de ladite partie adaptative est basee sur une valeur effective
d'exposant, ladite valeur effective d'exposant etant egale A la valeur de
l'exposant de sous-bande. 9.  Codeur selon l'une quelconque des
revendications 1 A 7, dans lequel ladite information de sous-bande k -~
pour toutes les sous-bandes est exprimee sous la forme d'un bloc A virgule
flottante comprenant une ou plusieurs mantisses pour chaque sous-bande, un
exposant de sous-bande pour chaque sous-bande et 20      un exposant
principal pour un ensemble de sous-bandes, la gamme des valeurs d'exposant
de sous- bande etant ainsi etendue, chacun desdits mots numbriques
representant une mantisse dans laquelle la precision de codage de ladite
partie adaptative est basee sur une valeur effective d'exposant, ladite
valeur effective d'exposant etant egale A la valeur representea par
l'exposant de sous-bande en combinaison avec l'exposant principal associe.
25 10. Codeurselon l'une quelconque des revendications 1 A 9, dans loquel
l'information desous-bandegen6r6e correspondant A un Intervalle de ladite
information audio constitue un bloc d'information de sous-bande, ledit
moyen de sous-bande comprenant, de plus, un moyen pour estimer le niveau
d'energie relatif de chaque sous-bande represente dans un bloc
d'information de sous-bande, ledit moyen d'allocation binaire 30
adaptative compronant: - un moyen pour allouer des bits aux mots numeriques
d'un premiergroupe de sous-bandes possedant les plus hauts niveaux
d'energie, ladite allocation se poursuivantjusqu'A co qu'un nombre maximal
de bits soit allou6s a chacun des mots numeriques dudit premier groupe de
sous-bandes ou jusqu'A ce que le nombre de bits allou6s, de faQon
adaptative, solt egal ou depasse un nombre limite de bits 35
pouvant Atre alloues de fagon adaptative; et - un moyen pour allouer des
bits aux mots numeriques d'un second groupe de sous-bandes, voisin chacun
d'une sous-bande dans laquelle chacun des mots numeriques regoit ledit
nombre maximal de bits, chacune des sous-bandes dudit second groupe de
sous-bandes constituant une sous-bande d'uno paire de sous-bandes
attenantes, ladite allocation se poursuivant jusqu'a ce quo le nombre 40
maximal de bits soit alloue A chacun des mots numeriques dudit second
groupe de sous-bandes ou jusqu'A ce quo le nombre de bits alloues, de fagon
adaptative, soit egal ou depasse ledit nombre llmite de bits pouvant etre
alloues de fagon adaptative. 11. Codeurselon la revendication 10, dans
loquel ledit moyen d'allocation de bits aux mots numeriques dudit 45
second groupe de sous-bandes alloue des bits aux mots numeriques de toutes
les sous-bandes attenan- tes sur le cote basse frequence avant que des bits
soient alloues aux mots numeriques de toutes les sous- bandes attenantes
sur le cote haute frequence. 12. Codeur selon la revendication 10 ou 11,
comprenant, de plus, un moyen pour reduire le nombre de bits 50
allou6s, de fagon adaptative, aux mots numeriques choisis jusqu'3 ce que le
nombre de bits alloues, de fagon adaptative, soit egal audit nombre limite
de bits pouvant atre alloues de fagon adaptative. 13. Codeur selon l'une
quelconque des revendications 10 A 12, en combinaison avec la revendication
8 ou 9, dans lequel ledit moyen pour etablirle niveau relatif d'enorgie
pourchaque sous-bands represente dans C5       un bloc d'information de
sous-bande etablit ledit niveau relatif d'energie sur la base de la valeur
effective d'exposant. 14. Codeurselon la revendication 13, dans loquel
ledit moyen pour etablirle niveau relatif d'nergie de chaque 54 1
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EP0447495B1 sous-bande repr6sent6 dans un bloc d'information de sous-bande
comprend: - un moyen pour v6rifier la valeur effective d'exposant de la
sous-bande contenant le maximum des valeurs repr6sent6es par chaque
mantisse en combinaison avec sa valeur effective d'exposant as- sociee; et
5         - un moyen pour assigner un nombre de niveau A chacune de toutes
les sous-bandes repr6sente dans un bloc d'information de sous-bande, ledit
nombre de niveau etant egal audit nombre maximum de bits pouvant etre
alloues A chaque mot numerique reduit de la valeur absolue de la difference
entre la valeur effective d'exposant verifiee et la valeur effective
d'exposant correspondant A la sous- bande pour laquelle un niveau doit etre
assigne mais dans aucun cas, pour assigner un nombre de 10          niveau
inf6rieur A z6ro. 15. Codeur selon l'une quelconque des revendications I a
14, dans lequel ledit moyen de formatage (109) represente chaque mot
numerique jusque dans deux segments, un premier segment reprssentant la
Ion- gueur minimum du mot numerique composee d'un nombre fixe de bits et un
second segment, si c'est le 15      cas, de longusur binaire variable
compose des bits allou6s de facon adaptative. 16. Codeur pour le codage
numerique de haute qualite d'une information audio analogique de large
bande possedant un court retard de propagation de signal, codeur
comprenant: - un moyen (101, 2201) pour echantillonner et quantifier ladite
information audio analogique de large 20          bande en blocs
d'echantillons de signal dans le temps, lesdits blocs d'echantillons de
signal posA- dant une periode de temps entratnant un retard de propagation
du signal assez court pourqu'un sys- teme de codage/decodage utilisant le
codeur puisse etre utilise pour une retroaction orale en temps r6el vers un
operateur humain; - un moyen de fenetre d'analyse (103,2203) pour moduler
chaque bloc d'echantillons de signal A l'aide 2S          d'une fonction de
ponderation; - un moyen (104, 2204) pour generer des coefficients de
transformee en frequence en reponse aux blocs d'schantillons de signal dans
le temps ponderes par fenetre d'analyse, ledit moyen de gens- ration des
coefficients de transformee en frequence comprenant un moyen pour appliquer
une fono- tion discrete de transformee aux bloc d'echantillons de signal
dans le temps ponderes par fenOtre i 0 tOd'analyse; - un moyen de
quantificateur non uniforme de sous-bande (108, 2208) comprenant un moyen
d'allo- cation binaire adaptative (106,2206) pour quantifier chaque
coefficientde transformme en frequence et pour grouper de tels coefficients
de transformee quantifies en sous-bande; et - un moyen de formatage (109,
2209) pour assembler les coefficients de transformee quantiffis et t6
groupes, de fagon non uniforms, en une sortie numerique presentant un
format adapte a la trans- mission ou au stockage. 17. Codeur selon la
revendication 16, dans lequel ledit moyen de fen~tre d'analyse (103, 2204)
comprend Ia fenbtre d'analyse d'une pairs de fen~tres d'analyse/synthese.
40  18. Codeur pourle codage digital de haute qualite d'une information
audio analogique de large bande compre- nant: - un moyen (101, 2201) pour
echantillonner at quantifier ladite information audio analogique de large
bande en blocs d'echantillons de signal dans le temps; - un moyen de
fen~tre d'analyse (103,2203) pour moduler chaque bloc d'echantillons de
signal A l'alde 45          d'une fonction de ponderation, moyen dans
lequel ladite fonction de ponderation est une fenetre d'analyse d'une paire
de fen~tres d'analyse/synthese; - un moyen (104, 2204) pour generer des
coefficients de transformee en frequence en reponse aux bloc d'echantillons
de signal dans le temps ponderes par fen~tre d'analyse, ledit moyen de
ghn6ra- tion des coefficients de transformee en frequence comprenant un
moyen pourappliquerunefonction so          discrete de transformee aux bloc
d'echantillons de signal dans le temps pond6res parfenitre d'ana- lyse; -
un moyen de quantificateur non uniforms de sous-bande (108, 2208)
comprenant un moyen d'allo- cation binaire adaptative (106,2206) pour
quantifier chaque coefficientde transformee en frequence et pour grouper de
tels coefficients de transformse quantifies en sous-bande; et ss         -
un moyen de formatage (109, 2209) pour assembler les coefficients de
transformee quantifies et groupes, de fagon non uniforme, en une sortie
numerique presentant un format adapte A la trans- 
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19. Codeurselon la revendication 17 ou 18, dans lequel ledit moyen pour
appliquer une fonction discrete de transform6e applique, de facon alternee,
une fonction de Transformee Discrbte en Cosinus et une fonc- tion de
Transform6e Discrete en Sinus aux blocs d'echantillons de signal dans le
temps ponderes par fenetre d'analyse selon la technique d'Annulation
d'Alias dans le Temps et dans lequel ladite fenitre 5       d'analyse est
d6riv6e d'une fenetre de Kaiser-Bessel possedant une valeur alpha comprise
entre 4 et 7. 20. Codeurselon la revendication 17 ou 18, dans lequel ledit
moyen pour appliquer une fonction discrbte de transform6e applique une
Transformee Discrete de Fourier et dans lequel ladite fenetre d'analyse est
d6- riv6e d'une fenetre de Kaiser-Bessel poss6dant une valeur alpha
comprise entre 1,5 et 3. 10 21. Codeur solon la revendication 17 ou 18,
dans lequel ladite paire de fenetres d'analyse/synthese est d6- riv6e de
pratiquement une quelconque fenetre de la classe des fenetres d'analyse
permettant la concep- tion d'une banque de filtrage dans laquelle les f
iltres digitaux A base de transform6e presentent une ca- racteristique de
selectivite desir6e et la capacite de faire un compromis entre la pente de
decrochage de 15      bande de transition et la profondeur de rejet de la
bande d'arrAt dans les caracteristiques du filtre. 22. Codeurselon la
revendication 21, dans lequel ladite classe des fenetres d'analyse comprend
les fenetres de Kaiser-Bessel et Dolph-Chebyshev et des fenetres derivees
de coefficients finis de filtre par Impul- sions utilisant le procede de
Parks-McClellan. 20   23  Codeur pour le codage digital de haute qualite
d'une information audio a large bande comprenant des blocs d'6chantillons
de signal, ledit codeur comprenant. - un moyen de fenetre d'analyse (103,
2203) pour generer des blocs d'echantillons ponderes parfe- netre d'analyse
en ponderant chaque blocs d'echantillons de signal A l'aide d'une fonction
de pon- deration, moyen dans lequel ladite fonction de ponderation est la
fenetre d'analyse d'une pairs de 25          fenAtres d'analyse/synthese,
chacune d'une longueur N et le produit de chaque fenetre de ladite pal- re
est une fenfetre produit de longueur N avec un intervalle de recouvrement
de longueur V, ladite fenitre produit, une fois superposee et ajoutee A
elle-meme sur l'intervalle de rscouvrement, s'ajou- tent A une valeur
constants; - un moyen (104,2204) pour genererdes coefficients de
transformee en frequence en appliquantune i..-   ~30        fonction
discrete de transformee auxdits blocs d'echantillons ponderes par fenetre
d'analyse; - un moyen de quantificateur non uniforms de sous-bande (108,
2208) comprenant un moyen d'allo- cation binaire adaptative (106,2206) pour
quantifier chaque coefficientde transformme en frequence et pour grouper do
tels coefficients de transformee quantifies en sous-bandes; et - un moyen
de formatage (109, 2209) pour assembler les coefficients de transformee
quantifles et groupes, de fagon non uniforms, en une sortie numerique
presentant un format adapte A la trans- mission ou au stockage, codeurdans
lequel ladite paire defenetres d'analyse/synthese peutAtredetormine parun
pro- cede comprenant les etapes suivantes: (1) la generation d'une fenetre
initials presentant une longueur de 1 + V; (2) la gen6ration d'une fen8tre
par interim par convolution de ladite fenetre initials avec une fonction
d'impulsion unitaire de longueur N- - (3) la definition d'un facteur de
cadrage par convolution de ladite fenetre initials avec une fonction
d'impulsion unitaire de longueur unitaire; (4) I'obtention de ladite
fenetre produit en divisant ladite fenetre par interim avec ledit facteur
de 45            cadrage; ot (5) I'obtention de ladite fenetre d'analyse en
prenant la puissance de ladite fenetre prodult et I'ob- tention de ladite
fenetre de synthese en prenant la puissance B de ladite fenetre produit, A
+ B etant egal A 1. 50   24. Codeur selon la revendication 21, dans lequel
la pente du decrochage de la bande de transition de la fe- netre d'analyse
est maximise pour le niveau desire de rejet de la bande d'arret. 25  Codeur
solon la revendication 24, dans lequel le niveau desire de rejet de la
bande d'arret est determine, de fagon empirique, par des tests d'ecoute. 



55 26  Codeur selon la revendication 24, dans lequel la pente de la bande
de transition suit globalement la pentb Inferieure de la courbe de masquage
psycho-acoustique de l'oreille humaine dans une bande critique. 56
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revendication 21, dans lequel le produit de ladite pairs de fenAtres
d'analyselsynthese est derive d'une quelconque fenetre de ladite classe des
fenetres d'analyse A l'aide d'un ordinateur A usa- ge general selon un
proc6d6 d'optimisation num6rique comprenant les 6tapes suivantes: -
I'initialisation par la lecture de donn6es de fichiers definissant les
caracteristiques desirees de s6- 5           lectivite en frequence et
specifiant une forms de fenetre de depart; - la generation d'une fenetre
d'analyse d'essai initialement A partirde valeurs sp6cifiees dans les don-
nees d'initialisation pour la premiere fen~tre d'essai puis pour les
fenatres d'essai successives A par- tir de valeurs specifioes par un
programme d'optimisation A plusieurs dimensions; - la determination des
caracteristiques de reponse en frequence des filtres digitaux resultant de
l'utl- 10          lisation de la fenetre d'analyse d'essai construite dans
un codeur A transformee; - le calcul d'une valeur d'erreur pour de telles
caracteristiques de reponse en fr6quence par rapport aux caracteristiques
desirees de selectivite en frequence des filtres digitaux; et - la
determination pour savoir si on poursuit le processus d'optimisation. 15
28. Codeur selon la revendication 17 ou 18, dans lequel ladite pairs de
fenetres d'analyse/synthese est de- rivee d'une fenetre d'analyse derivee
d'un procede d'optimisation numerique. 29. Codeurselon la revendication 16
ou 18, comprenant, de plus, un moyen de pre-amplification (2219) pour
traiter l'information audio analogique de large bando avant
l'echantillonnage et la quantification de I'in- 20      formation, codeur
dans lequel ledit moyen d'application d'une fonction discrute de
transformee applique une Transformee Discrete de Fourier. 30. Codeur selon
la revendication 29, dans lequel ledit moyen de pre-amplification (2219)
possede une ca- racteristique de plateau du second ordre avec une
attenuation d'environ 19 dB A DC (0 Hz) et un gain 25       unitaire aux
hautes frequences. 31. Codeur selon la revendication 1, dans lequel ledit
moyen de formatage place une information de sous- bands representee par un
nombre invariable de bits dans des positions preetablies dans ladite sortie
nu- merique. 30  32. Codeur pourle codage digital de haute qualitb d'une
information audio analogique de large bands compre- nant: - un moyen (101,
2201) pour echantillonner et quantifier ladite information audio analogique
de large bands en blocs d'echantillons de signal dans Is tamps; - un moyen
defenetre d'analyse (103,2203) pour modulerchaque bloed'6chantillons
designal al'ade 35           d'une fonction de ponderation; - un moyen
(104, 2204) pour generer des coefficients de transformee on frequence en
reponse aux bloc d'echantillons de signal dans le temps ponderes par
fenatre d'analyse; - un moyen de quantificateur non uniforms de sous-bande
(108, 2208) comprenant un moyen d'allo- cation binaire adaptative
(106,2206) pourquantifierchaque coefficientde transformee enfrequence 40
et pour grouper de tels coefficients de transformea quantifies en
sous-bande; et - un moyen de formatage (109, 2209) pour assembler les
coefficients de transformra quantifies et groupes, de facon non uniforms,
en une sortie numbrique presentant un format adapte A la trans- mission ou
au stockage, ledit moyen de formatage utilisant des codes de correction et
de detection d'erreur pour reduire la sensibilite des donnees critiques aux
erreurs brusques de bruit, ledit moyen 45           de formatage assemblant
les codes et les donnees de correction et de dteoction d'erreur en blocs
formates et dispersant les codes de correction etde detection d'erreur et
les donnees critiques dans les blocs formates afin de reduire la
sensibilite des donness critiques aux erreurs brusques de bruit. 33. Codeur
pour Is codage digital de haute qualite d'une information audio analogique
de large bands a deux 50       canaux comprenant: - un moyen (101, 2201)
pour echantillonner et quantifier ladits information audio analogique de
large band. A deux canaux en blocs d'echantillons de signal dans le temps,
lesdits echantillons de blocs dans le temps Atant des valeurs reelles
pures; 



- un moyen de fenetre d'analyse (103,2203) pour moduler chaque bloc
d'echantillons de signal A l'aide 55           d'une fonction de
ponderation; - un moyen (104, 2204) pour generer des coefficients de
transformee en frequence en reponse aux bloc d'echantillons de signal dans
le temps ponderes par fenetre d'analyse, ledit moyen de gen~ra- tion des
coefficients de transformee en frequence comprenant un moyen
pourappliquerune fonction 57 *    I 1111111111111 ill    EP 0 447 495 B1
discrbte de transformee aux bloc d'echantillons de signal dans le temps
pond6r6s parfenetre d'ana- lyse, ledit moyen d'application d'une fonction
discrbte de transform6e etant mis en oeuvre par une seule transform6e
rapide de Fourier appliqu6e A deux blocs d'echantillons de signal dans le
temps; - un moyen de quantificateur non uniforme de sous-bande (108, 2208)
comprenant un moyen d'allo- s           cation binaire adaptative
(106,2206) pour quantifier chaque coefficient de transformee en fr6quence
et pour grouper de tels coefficients de transformee quantifies en
sous-bande; et - un moyen de formatage (109, 2209) pour assembler les
coefficients de transform6e quantifles et groupes, de fagon non uniforme,
en une sortie numerique presentant un format adapte A la trans- mission ou
au stockage. 10 34. Dicodeur pour Ia lecture de haute qualite d'une
information audio a large bande a partird'un signal code, comprenant: - un
moyen de d6formatage (112) comprenant un moyen d'allocation binaire
adaptative pour recevoir ledit signal code, pour deriver une information de
sous-bande A partir dudit signal code et pour re- 15          construire
les mots numeriques A l'aide de ladite information de sous-bande derivee,
lesdits mots numeriques comprenant une partie adaptative et une partie non
adaptative, moyen dans lequel la precision du codage de ladite partie
adaptative est determinee par ledit moyen d'allocation binaire adaptative;
et - un moyen inverse de sous-bande pour generer des echantillons de
signaux pleine bande en reponse 20          A ladite information de
sous-bande derivee. 35. Decodeurselon la revendication 34, dans lequel
ledit moyen inverse de sous-bande genere lesdits echan- tillons de signal
de pleino band. par application d'une transform6e discrete inverse A ladite
Information de sous-bande derivee. 25  36. Dcodeur solon la revendication
34 ou 35, dans loquel ledit moyen inverse de sous-bande (113, 114) comprend
un moyen de banque de filtrage inverse (114) et dans lequel la precision de
codage de ladite partie non adaptative est determinee sur la base d'une
comparaison d'une reponse en frequence repre- sentative dudit moyen de
banque de filtrage inverse pour chaque sous-bande avec un seuil de masquage
30      psycho-acoustique representant chaque sous-bande produite par une
seule frequence audible ou une bande tres etroite de bruit. 37.
Decodeurselon la revendication 36, dans lequel un seuil de masquage
psycho-acoustique presentantune selectivite relativement elevee pour des
frequences en dessous de la frequence audible de masquage ou de la bando de
bruit est pris comme representant le masquage dans des sous-bandes de plus
basses frequences et un seuil de masquage psycho-acoustique presentant une
selectivite relativement faible pour des frequences en dessous de la
frequence audible de masquage ou de la bands de bruit est pris comme
representant le masquage dans des sous-bandes de plus hautes frequences.
38. Decodeur solon la revendication 37, dans lequel u n seuil de masquage
psycho-acoustique pour uns seule 40      frequence audible ou pour une
band. tres etroite de bruit d'environ 1 kHz est pris comme representant les
sous-bandes dans la gamme defrequences d'environ 500 Hz A 2 kHz et un seull
de masquage psycho- acoustique pour une seule frequence audible ou pour une
bande tres etroite de bruit d'environ 4 kHz oet pris comme representant les
sous-bandes au dessus d'environ 2 kHz. 45  39. Decodeur solon la
revendication 36, 37 ou 38, dans lequel la precision de codage de ladits
partle non adaptative est telle quo le nombre de bits utilises pour
representer ladite partie non adaptative est infe- rieure a celul des bits
requis pour obtenir pratiquement aucun bruit de quantification en plus du
seuil de masquage psycho-acoustique representatif. co  40. Decodeur solon
la revendication 39, dans lequel le nombre de bits utilises pour
representer ladits partie non adaptative est de deux fois inferieur A la
valeur requise pour n'obtenir pratiquement aucun bruit de 



quantification on plus du seuil de masquage psycho-acoustique
representatif. 41. Decodeur selon l'une quelconque des revendications 34 A
40, dans lequel ladite information de sous- cc       bands pour chaque
sous-bande dans ledit bloc dinformation de sous-bande derivA est exprimee
sous la forms d'un bloc Avirgule flottante comprenant une ou plusieurs
mantisses et un exposantde sous-bande, chacun desdits mots numeriques
representant une mantisse dans laquelle la precision de codage de la- ditb
partie adaptative est basee sur une valeur effective d'exposant, ladite
valeur effective d'exposant 58 I 111111! 111  111111 1111111    EP 0 447
495 Bi etant 6gale a la valeur de l'exposant de sous-bande. 42. DMcodeur
selon l'une quolconque des revendications 34 A 40, dans loquel ladite
Infonmation pour toutes les sous-bandes dens ledit bloc d'information de
sous-bande derive est exprim6e sous la forms d'un bloc 6
Avirguleflottante comprenant une ou plusieurs mantisses pourchaque
sous-bando, un exposantde sous- bando pour chaque sous-bande et un exposant
principal pour un ensemble de sous-bandes, la gamme des valeurs
d'exposantde sous-bande etant ainsi etendue, chacun desdits mots numeriques
repr6sentant une mantisse, dans lequel la precision de codage de ladite
partie adaptative est basee sur une valour effective d'exposant, ladite
valeur effective d'exposant 6tant egale A la valeur representes par
I'exposant 10      de sous-bande en combinaison avoc l'exposant principal
associe. 43. Decodeur selon I'une des revendications 34 A 42, dans lequel
ladite information de sous-bande deriv6e d'un intervalle dudit signal cod6
constitue un bloc d'information de sous-bando, ledit decodeur compre- nant,
de plus, un moyen pour estimer le niveau relatif d'energie de chaque
sous-bande represente dans 1C      un bloc d'information de sous-bande et
dens lequel ledit moyen d'allocation binaire adaptative assigne des bits A
au moins certains mots numeriques, ledit moyen d'allocation binaire
adaptative comprenant: - un moyen pour allouerdes bits aux mots numeriques
d'un premiergroupe de sous-bandes poss6dant les plus hauts niveaux
d'energie, ladite allocation se poursuivant jusqu'a ce qu'un nombre maximal
de bits soit allou6s A chacun des mots numeriques dudit premier groupe de
sous-bandes ou jusqu'A ce quo le nombre de bits allou6s, de fagon
adaptative, soit egal ou depasse un nombre limite de bits pouvant Otre
alloues de fagon adaptative; et - un moyen pour allouer des bits aux mots
numeriques d'un second groupo de sous-bandes voisines chacunes d'une
sous-bande dans laquelle chacun des mots numeriques regoit ledit nombre
maximal de bits, chacune des sous-bandes dudit second groups desous-bandes
constituent une sous-bande 2s          d'une pairs de sous-bandes
attenantes, ladite allocation se poursuivant jusqu'A co quo le nombre
maximal de bits soit alloue A chacun des mots num6riques dudit second
groups de sous-bandes ou jusqu'A ce quo le nombre de bits allou6s, defagon
adaptative, soft6gal ou depasse ledit nombre limite de bits pouvant etre
allou6s de fagon adaptative. 30  44. Decodeur selon la revendication 43,
dens lequel ledit moyen d'allocation des bits aux mots numeriques dudit
second groups de sous-bandes alloue des bits aux mots num6riques de toutes
les sous-bandes attonantes sur le cote basso frequence avant l'allocation
de bits aux mots numeriques de toutes les sous- bandes attenantos sur le
cote haute frequence. 45. Decodeur selon la revendication 43 ou 44,
comprenant, de plus, un moyen pour reduire le nombre de bits 35
alloues, de fagon adaptative, aux mots numeriques choisis jusqu'A ce que le
nombre de bits allou6s, de fagon adaptative, soit egal audit nombre limite
de bits pouvant etre alloues de fagon adaptative. 46. D6codeur selon l'une
quelconque des revendications 43 A 45 en combinaison avec la revendication
41 ou 42, dens lequel ledit moyen pour etablir le niveau relatif d'energie
de chaque sous-bande representee 40      dans un bloc derive d'information
de sous-bande etablit ledit niveau relatif d'energie sur la base de la va-
leur effective d'exposant. 47. Dacodour selon la revendication 46, dans
lequel ledit moyen pouretablir le niveau relatif d'energie de cha- quo
sous-bande repr6sent6e dens un bloc derive d'information de sous-bande
comprend: 45         - un moyen pour verifier la valeur effective
d'exposant de la sous-bande contonant le maximum des valeurs representees
par chaque mantisse en combinaison avec sa valeur effective d'exposant as-
socies; et - un moyen pour assigner un nombre de niveau A chacune de toutes
les sous-bandes represente dens un bloc d'information de sous-bande derive,
ledit nombre de niveau etant egal audit nombre maxi- so          mum de
bits pouvant etre alloues A chaque mot numerique reduit de la valeur
absolue de la difference 



entre la valeur effective d'exposantvirif iie etla valeur effective
d'exposant correspondent a la sous- bands pour laquelle un niveau doit etre
assigne mais dans aucun cas, pour assigner un nombre de niveau Inferieur A
zero. 55  48  Decodeur selon 'une quelconque des revendications 34 A 47,
dans lequel ledit moyen de deformatage (112) reconstruit chaque mot
numerique a partir de deux segments, un premier segment representant Ia
longueur minimale de mot numerique composee d'un nombre fixe de bits et un
second segment, si caest Is cas, d'une longueur variable de bits composie
des bits alloues de fagon adaptative. 59 *    I     M 11111111111111    EP
0 447 495 B1 49. Decodeur pour la lecture de haute qualit6 d'une
information audio analogique de large bands cod6e, de facon numerique, dans
loquel l'information a 6te cod6e, de facon numerique, par un codeur qui
6chantil- lonne at quantifie ladite information en blocs d'echantillons de
signal dans le temps, module chaque blocs d'6chantillons de signal dans une
fenetre d'analyse A l'aide d'une fonction de ponderation, genere des s
coefficients de transformee en fr6quence en reponse aux blocs
d'echantillons de signal dans Is temps pond6r6s par fenetre d'analyse,
quantif ie, de fagon non uniforms, chaque coefficient de transformee en
fr6quence, groups de tels coefficients de transformee quantifi6s en
sous-bandes et assemble les coef- ficients de transformme quantifies
etgroup6s, de fagon non uniforme, en une sortie numerique pr6sentant un
format adapte a la transmission ou au stockage, d6codeur comprenant: 10
- un moyended6formatage (112,2212) recevantladite donn6e num6rique pour en
d6river lesdits coef- ficients quantifies de transformee; - un moyen de
lin6arisation (113, 2213) pour reconstruire les coefficients d6codes de
transform6e en fr6quence A partir des coefficients deformat6s de
transformee quantifies de facon non uniforms; - un moyen (114,2214)
pourgenererdes blocs d'echantillons de signal dans letempsen r6ponse aux 15
coefficients de transform6e en frequence, ledit moyen presentant des
caracteristiques inverses A celles du moyen dans Is codeur pour generer des
coefficients de transformee en frequence, lesdits blocs d'echantillons de
signal dans le temps possedant une periode de temps entraihant un retard de
propagation du signal assez court pour qu'un systeme de codage/decodage
utilisant le decodeur puisse Atre utilise pour une retroaction orale en
temps reel vers un operateur humain, ledit moyen 20           de generation
des blocs d'echantillons de signal dans le temps comprenant un moyen
pourappliquer une fonction inverse de transformee discrete aux coefficients
de transfonmea en fr6quence; - un moyen de fenAtre de synthese (115, 2215)
pour moduler les blocs d'echantillons de signal dans le temps af in de
reduire les effets des erreurs de quantification aux frontibres de blocs
creees lors du processus de codageldecodage, ledit moyen de fenetre de
synthbse presentant une caracteris- 25          tique tolle quo le produit
de sa reponse et de la reponse de ladite fen~tre d'analyse solt unitaire
lors- que deux blocs d'echantillons de signal adjacents sont chevauches et
ajoutes; - un moyen de recouvrementladdition de bloc de signal (116, 2216)
pour annuler les effete de ponde- ration de la fenetre d'analyse et du
moyen de fenetre de synthese afin de recuperer une represen- tation
numerisee du signal dans le temps; et 30         - un moyen de sortie du
signal dans le temps (117, 2217) pour convertir Is signal numerique dane le
temps sous forms analogique. 50. Decodeur selon la revendication 49, dans
lequel ladite fenetre d'analyse et ladite fenetre de synthese comprennent
une paire de fenetres d'analyselsynthese. 35 51. Decodeur pour la lecture
de haute qualite d'une information audio analogique de large bande codes,
de facon numerique, dans lequel l'information a ete codes, de facon
numerique, par un codeur qui echantil- lonne et quantifie ladite
information en blocs d'echantillons de signal dans le temps, module chaque
blocs d'echantillons de signal dans une fenetre d'analyse a l'aide d'une
fonction de ponderation, genbre des 40      coefficients de transformee en
frequence en reponse aux blocs d'echantillons de signal dons le temps
ponderes par fenetre d'analyse, quantif le, de facon non uniforme, chaque
coefficient de transformee en frequence, groups de tels coefficients de
transformee quantifies en sous-bandes et assemble les coef- ficients de
transformee quantifies etgroupes, de facon non uniformo, en une sortie
numerique presentant un format adapte A la transmission ou au stockage,
decodeur compronant: 45         - un moyen de deformatage (112,2212)
recevant ladite donnea numerique pour en deriver lesdits coef- 



ficients quantifies de transformee; - un moyen de linearisation (113,2213)
pour reconstruire les coefficients decodes de transformes on frequence A
partir des coefficients deformates de transformee quantifies de fagon non
uniforms; - un moyen (114,2214) pour generer des blocs d'echantillons de
signal dana le temps en reponse aux co           coefficients de
transformee en frequence, ledit moyen presentant des caracteristiques
inverses A celles du moyen dans le codeur pour generer des coefficients de
transformee en frequence, ledit moyen pour generer des blocs de signaux
dans le temps comprenant un moyen pour appliquer une fonction discrete de
transformee inverse aux coefficients de transformee en frequence; - un
moyen de fenetre de synthese (115, 2215) pour moduler les blocs
d'echantillons de signal dans 55          le temps afin de redu ire les
effets des erreurs de quantification aux frontieres de blocs creees lors du
processus de codageldecodage, ledit moyen de fenAtre de synthese presentant
une caracteris- tique telle que le produit de sa reponse et de la reponse
de lad its fenetre d'analyse solt unitaire lors- que deux blocs
d'echantillons de signal adjacents sont chevauches et ajoutes, moyen dans
lequel 60 *Hl/11/ III   //DIIIIDIIII    EP 0 447 495 B1 ladite fenitre de
synthese est la fenetre de synthese d'une pairo de fenetres
d'analyselsynthese; - un moyen de recouvrement/addition de bloc de signal
(116,2216) pour annuler les effets de ponde- ration de la fenetre d'analyse
et du moyen de fenetre de synthbse afin de recuperer une reprisen- tation
numerisee du signal dans la temps; et 5         - un moyen de sortie du
signal dans le temps (117, 2217) pour convertir le signal numerique dans le
temps sous forme analogique. 52. Decodeur selon la revendication 50 ou 51
dans lequel ledit moyen pour appliquer une fonction discrbte de transform6e
inverse applique, de fagon alternee, une fonction inverse de Transformee
Discrete en Co- 10      sinus et une fonction inverse Transformee Discrete
en Sinus aux coefficients de transformee en frequen- ce selon la technique
d'Annulation d'Alias dans le Temps et dans lequel lesdites fenitres sont
deriv6es d'une fenetre de Kaiser-Bessel possedant une valeur alpha comprise
entre 4 et 7. 53  Decodeur selon la revendication 50 ou 51, dans lequel
ledit moyen pour appliquer une fonction discrite de transformee applique
une Transformee Discrete de Fourier inverse et dans loquel lesdites
fenetres sont deriveos d'une fenetre de Kaiser-Bessel presentant une valeur
alpha comprise entre 1,5 et 3. 54. Ddcodeur selon la revendication 50 ou
51, dans lequel Iadite paire de fenetres d'analyselsynthese eat derivee de
pratiquement une quelconque feneitre de la classe des fenetres d'analyse
permettant la conception d'une banque de filtrage dens laquelle les filtres
digitaux A base de transform6e presentent une caract~ristique de
selectivitA desiree et la capacitK de faire un compromis entre la pentb de
dicro- chage de bande de transition et la profondeur de rejet de la bande
d'arret dans les caractiristiques du filtre. 55. Decodeur selon la
revendication 54, dans lequel ladite classe des fenetres d'analyse comprend
lea feni- tres de Kaiser-Bessel et Dolph-Chebyshev et des fenetres deriv6es
de coefficients finis de filtre par Im- pulsion utilisant le procedA de
Parks-McClellan. 56. Decodeur pour la lecture de haute qualite d'une
information audio de large bande codee, de fagon nu- merique, dans lequel
l'information a ete codee, de fagon numerique, par un codeur generant des
blocs 30       d'echantillons ponderes parfen~tre d'analyse par ponderation
de blocs d'echantillons d'information audio A l'aide d'une fonction de
fenAtre d'analyse, generant des coefficients de transformee en frequence
par application d'une transformee directe auxdits blocs d'Achantillons
ponderes par fenitre d'analyse et co- dant lesdits coefficients de
transformee en une sortie numeriqueopresentant un format adapte A la trans-
mission ou au stockage, ledit decodeur comprenant: 35         - un moyen de
deformatage (112, 2212) recevant ladite sortie numerique pour reconstituer
lesdits coefficients de transformee en frequence; - un moyen (114, 2214)
pour genererdes blocs d'Achantillons de signal dans le temps en reponse
aux- dits coefficients reconstitues de transformee en frequence par
application d'une transformee inver- se ayant une caracteristique inverse A
celle de ladite transformhe directe; 40         - un moyen de fenltre de
synthese (115, 2215) pour ponderer les blocs d'Achantillons de signal dans
le temps A l'aide d'une fonction-de fen~tre de synthbse, moyen dans lequel
ladite fonction de fenetre de synthese est la fen~tre de synthese d'une
paire de fengtres d'analyse/synthese, chacune de lon- 



gueur N et 1s produit de chaque fen~tre de ladite paire eat une fen~tre
produit de longueur N avec un intervalle de recouvrement de longueur V,
ladite fonltre produit lors du recouvrement et de l'ad- 45           dition
avec elle-meme sur l'intervalle de recouvrement s'ajoute A une valeur
constante; et - un moyen de recouvrement/addition de blocs de signal (116,
2216) pour annuler les effets de pon- deration de la fenftre d'analyse et
du moyen de fenltre de synthese afin de recuperer une repre- sentation
numerique de ladite information audio; dhcodeur dans lequol ladite pa ire
de fen~tres d'analyselsynthbse pout Atre determine par un pro- 59
cede comprenant les Atapes suivantes: (1) la generation d'une fen8tre
initiale presentant une longueur de 1 + V; (2) la generation d'une fenetre
par interim par convolution de ladite fenltre initiale avec une fonction
d'impulsion unitaire de longueur N - V; (3) la definition d'un facteur de
cadrage par convolution de ladite fen~tre initiale avec une fbnction d'im-
55         pulsion unitaire de longueur unitaire; (4) l'obtention de ladite
fenetre produit en divisant ladite fenltre par interim avec ledit facteur
de ca- drags; et 61        I IIIII 11111! 111111 IIIj 11 111    EP0447495B1
(5) I'obtention de ladite fenetre d'analyse en prenant la puissance A de
ladite fenetre produit et l'ob- tention de ladite fenetre de synthese en
prenant la puissance B de ladite fenetre produit, A + B 6tant 6gal A 1. 5
57. Decodeur selon la revendication 54, dans lequel la pente du decrochage
de bands de transition des fe- netres d'analyse et de synthese est
maximisee pour le niveau d6sire de rejet de la bands d'arrat. 58.
Decodeurselon la revendication 57, dans lequel le niveau desire de rejetde
la bande d'arretest determin6, de faQon empirique, par des tests d'ecoute.
59. Decodeurselon la revendication 57, dans lequel le decrochage de la
bands de transition suit globalement la pente inferieure de la courbe de
masquage psycho-acoustique de l'oreille humaine dans une bands critique.
60. Decodeur solon la revendication 24, dans lequel le produit de ladite
pairs de fenitres d'analyselsynthese 15      est d6rive d'une quelconque
fenetre de ladite classe de fenetres d'analyse A l'aide d'un ordinatour A
vo- cation generale solon un procede d'optimisation numerique comprenant
les etapes suivantes: - l'initialisation par la lecture de donnees de
fichiers definissant les caracteristiques desirees de 86- lectivite en
frequence et specifiant une forme de fenetre de depart; - la generation
d'une fenetre d'analyse d'essai initialement A partir de valeurs sp6cifiees
dans les don- 20           nees d'initialisation pourla premierefenetre
d'essai puis pourles fenetres d'essai successives A par- tir de valeurs
specifiees par un programme d'optimisation A plusieurs dimensions; - la
determination des caracteristiques de reponse en frequence des filtres
digitaux resultant de l'uti- lisation de la fenetre d'analyse d'essai
construite dans un codeur A transformee; - le calcul d'une valeur d'erreur
pour de telles caracteristiques de reponse en frequence par rapport 25
aux caracteristiques desirees de selectivite en frequence des filtres
digitaux; et - la determination pour savoir si on poursuit le processus
d'optimisation. 61. Decodeur solon la revendication 50 ou 51, dans lequel
ladite pairs de fenetres d'analyse/synthese set derivee d'une fenetre
d'analyse deriveo d'un procede d'optimisation numerique. 30 62. Decodeur
solon la revendication 49 ou 51, comprenant, de plus, un moyen de
desaccentuation (2224) pourtraiter la sortie analogique d'information audio
de large bands A partirdudit moyen de sortie de signal dans le temps (2217)
dans lequel leditmoyen pourappliquerune fonction inverse de transformee
discr~te applique une Transformee Discrete de Fourier inverse. 35 63.
Decodeur solon la revendication 62, dans lequel ledit moyen de
desaccentuation (2224) possede une ca- racteristique qui est l'inverse
d'une caracteristique A plateau du second ordre avec une attenuation d'en-
viron 19 dB A DC (O Hz) stun gain unitaire aux hautes frequences. 40  64
Systeme pour le traitement de haute qualite d'une information audio
analogique de large bands compre- nant un codeur selon l'une quelconque des
revendications I A 33 et un decodeur selon l'une quelconque des
revendications 34 A 63. 



65. Systeme solon la revendication 64, dans lequel le retard de propagation
du signal dans le systeme 4S       comprenant la periode desdits blocs
d'echantillons de signal dans le temps du codeur, la periode desdits blocs
d'echantillons de signal dans Istemps du decodeur, le temps de
traitementduditcodeuret les temps de traitement dudit decodeur est assez
court pour quo le systeme soit utilisable pour une retroaction orale en
temps reel vers un operateur humain. 66. D6codeur solon la revendication
34, dans loquel ledit signal code comprend une information numerique so
representea par un nombre invariable de bits et une information numerique
representee par un nombre adaptatif de bits et dans lequel ledit moyen de
deformatage comprend, de plus, un moyen pour deriver ladite information de
sous-bande de ladite information numerique representee par un nombre
invariable de bits qui est place dans des positions preetablies dudit
signal code. ss   67. Codeur solon la revendication 1, dans lequel ledit
moyen de sous-bande genbre ladite information de sous-bande par application
d'une banque de filtrage auxdits echantillons de signal et dans loquel la
pre- cision de codage de la partie non adaptative peut etre determinee par
un procede comprenant les Mtapes 62 : I III II  IIIII 11-1111111111111111
EP 0 447 495 B1 sulvantes: (1) la comparaison d'une reponse representative
en fr6quence pour une sous-bande de fr6quences do ladite banque de filtrage
avec un seull de masquage psycho-acoustique representatif de l'energle
spectral dans ladite sous-bande de frequences; c         (2) la g6neration
d'une valeur de sous-bande egale au nombre de bits requis pour coder
l'energie speo- trale dans ladite sous-bande de frequences de telle fagon
que pratiquement aucun bruit de quantifi- cation ne depasse ledit seull de
masquage psycho-acoustique repr6sentatif, (3) I'etablissement de ladite
precision de codage non adaptatif pour ladite sous-bande de frequenoes on
dessous de ladite valeur de sous-bande; et 10        (4) la reit6ration des
etapes precedentes pour chacune de ladite pluralite de sous-bandes de
fr6quen- ces, selon laquelle la pr6cision de codage non adaptatif respectif
est 6tablie en dessous de la valeur correspondantb de sous-bande. 68.
Decodeurselon la revendication 34, dans lequel ledit moyen de sous-bande
inverse genbro lesdits 6chan- 15      tillons de signal de pleine bande par
application d'une banque de filtrage inverse a ladite information de
sous-bande deriv6e et dans lequel la pr6cision de codage de ladite partie
de codage non adaptatif peut Otre d6terminee par un proced6 comprenant les
6tapes suivantes: (1) la comparaison d'une reponse representative en
frequence pour une sous-bande de frequences de ladite banque de filtrage
inverse avec un seull de masquage psycho-acoustique repr6sentatif de 20
I'6nergie spectral dans ladite sous-bande de frequences; (2) la g~neration
d'une valeur de sous-bande egale au nombre de bits requis pour coder
l'energie spec- trale dans ladite sous-bande de frequences de telle fagon
quo pratiquement aucun bruit de quantifi- cation ne depasse ledit seuil de
masquage psycho-acoustique repr6sentatif; (3) I'etablissement de ladite
precision de codage non adaptatif pour ladite sous-bande de fr6quences 25
en dessous de ladite valeur de sous-bande; et (4) la r6iteration des etapes
precedentes pour chacune de ladite pluralit6 de sous-bandes de frequen-
ces, selon laquelle la precision de codage non adaptatif respectif est
6tablie en dessous de la valeur correspondantb de sous-bande; et un moyen
pour g6nererladite lecture de l'information audio en r6ponse aladite
Information desous- 90      bande. 69. Dispositif selon la revendication 23
ou 56, dans lequel A et B sont 6gaux. 35 40 45 50 55    


