
EP 0 289 080 B1 Description The invention relates to a digital system
including a coder and a decoder for subband coding of a digital audio
signal having a given sampling rate 1/T, the coder comprising: 6    -
analysis filter means responsive to the audio signal,for generating a
number of P subband signals, the analysis filter means dividing the audio
signal band according to the quadrature mirror filter technique, with
sampling rate reduction, into successive subbands of band numbers p (err)
increasing with the frequency, the bandwidth and the sampling rate for each
subband being an integral submultiple of 1/(2T) and 1fT, respectively, and
the bandwidths of the subbands approximately corresponding with 10     the
critical bandwidths of the human auditory system in the respective
frequency ranges, - means responsive to each of the subband signals, for
determining a characteristic parameter G(p;m) which is representative of
the signal level in a block having a same number of M signal samples for
each subband m being the number of the block, - means for adaptively
quantizing the blocks of the respective subband signals in response to the
15        respective characteristic parameters G(p;m); and the decoder
comprising: - means for adaptively dequantizing the blocks of the quantized
subband signals in response to the respective characteristic parameters
G(p;m), - synthesis filter means responsive to the dequantized subband
signals for constructing a replica of the 20      digital audio signal,
these synthesis filter means merging the subbands to the audio signal band
according to the quadrature mirror filter technique, with sampling rate
increase. The invention also relates to a coder and a decoder for such a
system. A system for subband coding of a similar structure is known from
the article entitled "The Critical Band Coder -- Digital Encoding of Speech
Signals Based on the Perceptual Requirements of the Auditory 25 System' by
M.E. Krasner, published in Proc. IEEE ICASSP 80, Vol. 1, pp. 327-331, April
9-11, 1980. In this known system, use is made of a subdivision of the
speech signal band into a number of subbands, whose bandwidths
approximately correspond with the bandwidths of the critical bands of the
human auditory system in the respective frequency ranges (compare Fig. 2 in
the article by Krasner). This subdivision has been chosen because on the
basis of psychoacoustic experiments it may be expected that 30  in a
suchlike subband the quantizing noise will be optimally masked by the
signals within this subband when the quantizing takes account of the
noise-masking curve of the human auditory system (this curve indicates the
threshold for masking the noise in a critical band by a single tone in the
centre of the critical band, compare Fig. 3 in the article by Krasner). In
the case of a high-quality digital music signal, represented according to
the Compact Disc standard -   35 with 16 bits per signal sampling at a
sample rate of 1/T=44.1 kHz, it appears that the use of this known subband
coding with a suitably chosen bandwidth and a suitably chosen quantizing
for the respective subbands results in quantized output signals of the
coder which can be represented with an average number of 2.5 bits per
signal sample, while the quality of the replica of the music signal does
not perceptibly differ from that of the original music signal In virtually
all passages of nearly all sorts of music 40  signals. However, in certain
passages of some sorts of music signals the quantizing noise is still
audible. The audibility of the quantizing noise can be reduced by
increasing the number of quantizing levels, but this implies that the
average number of bits per sample of the quantized output signals of the
coder then has to be increased too. The invention has for its object to
provide a digital system of the type mentioned in the opening 45 paragraph
for subband coding of high-quality audio signals, in which the audibility
of quantizing noise in the replica of the audio signals is reduced in an
effective manner without increasing the average number of bits per sample
of the quantized output signals of the coder. The digital system for
subband coding of a digital audio signal in accordance with the invention
is characterized in that so    - the respective quantizing means in the
coder and the respective dequantizing means in the decoder for each of the
subbands having a band number p smaller than Pim are arranged for the
respective quantizing and dequantizing of the subband signals with a fixed
number of B(p) bits, the subband having hand number Pi, being situated in
the portion of the audio signal band with the lowest thresholds for masking
noise In critical bands of the human auditory system by single tones in the
55      centre of the respective critical bands, - the coder and the
decoder each further include bit allocation means responsive to the
respective characteristic parameters G(p;m) of the subbands having a band
number p not smaller than Pm within an allocation window having a duration
equal to the block length for the subband having the band 3  



EP0289080B1 number Pim. for allocating a number of B(p;m) bits from a
predetermined fixed total number of B bits for the allocation window to the
respective quantizing means in the coder and the respective dequantizing
means in the decoder for the signal block having block number m of the
subband having band number p, the bit allocation means each comprising: 5
- comparator means for comparing within each allocation window the
characteristic parameters G- (p;m) to respective thresholds T(p) for the
subbands having band number p and for generating respective binary
comparator signals C(p;m) having a first value C(p;m)="1" for a parameter G
(p;m) not smaller than the threshold T(p) and a second value C(p;m)="O" in
the opposite case, these thresholds 1(p) being related to the thresholds of
the human auditory system for just 10        perceiving single tones, -
means for storing a predetermined allocation pattern {B(p)) of numbers of
B(p) quantizing bits for subbands having respective band numbers p, these
numbers B(p) being related to the thresholds for masking noise in the
critical bands of the human auditory system by single tones in the centre
of the respective critical bands, 15       - means for determining an
allocation pattern [B(p;m)l of respective numbers of B(p;m) quantizing bits
for the signal-block having the block number m of the subband having band
number p, in response to the allocation pattern stored {B(p)} and the
respective characteristic parameters G- (p;m) and comparator signals C(p;
m), the allocation pattern (B(p;m)} being equal to the allocation pattern
stored {B(p)1 If all comparator signals C(p;m) within an allocation window
have the said first value C(p;m)="1" and, in the opposite case, the
allocation pattern {B(p;m)) in the opposite case being formed by not
allocating quantizing bits to blocks within an allocation window having a
comparator signal of the said second value C(p;m)="O" and by allocating the
sum S of the numbers of B(p) quantizing bits available within an allocation
window for the latter blocks in the allocation pattern stored {B(p)} to the
blocks within an allocation window having a comparator 25        signal of
the said first value C(p;m)r="1" and having the largest values of the
characteristic parameter G(p;m), for obtaining numbers of B(p;m) quantizing
bits which are greater than the corresponding numbers of B(p) quantizing
bits in the allocation pattern stored {8(p)}, - means for supplying the
allocation pattern {B(p;m)) determined thus to the respective quantizing
means in the coder and the respective dequantizing means in the decoder. 30
The measures according to the invention are based on the recognition that
the quantizing noise is especially audible in music passages presenting
single tones. During such passages the greater part of the subbands have
very little or no signal energy from the mid-audio frequency range onwards,
whereas each of the few remaining subbands has no more than one spectral
component possessing significant signal energy. If this spectral component
is situated around lower or upper boundary of the subband, the critical *
35 band of the human auditory system for this spectral component will not
correspond with this subband. The quantizing noise, however, is spread out
over the entire subband, so that the quantizing noise outside the critical
band is not masked for this spectral component as contrasted with the case
in which various spectral components possessing significant energy occur in
the subband or in adjacent subbands and the mutually overlapping critical
bands sufficiently mask the quantizing noise for the various spectral
components. In , accordance with the invention no quantizing bits are
allocated to blocks of subband signals within an allocation window which
contain little or no signal energy, and the quantizing bits "saved" thus
are used for a finer quantizing of the blocks of subband signals within the
same allocation window which do contain significant signal energy, starting
with a block containing the highest signal energy and ending when the
number of remaining "saved" quantizing bits is no longer sufficient for a
further quantizing refinement or 46 when all blocks having significant
signal energy have undergone a sufficiently fine quantizing. The total
number of quantizing bits for the allocation window is not changed and the
reallocation of any "saved" quantizing bits is carried out in response to
the characteristic parameters representing the signal energy in a block and
which are already present in both coder and decoder. The refined
quantization during music passages presenting single tones thus results in
an effective reduction of the audibility of quantizing noise so without the
need of increasing the average number of quantizing bits per output signal
sample of the-coder. Extensive listening tests with widely varying sorts of
music signals have shown that generally no quantizing noise is audible any
longer during music passages presenting single tones thanks to the measures
according to the invention. The only sporadically occurring cases of
audible quantizing noise prove to relate predominantly to 55  passages of
music In which the music signal has strong attacks, the signal energy in
substantially all subbands suddenly changing considerably. In a preferred
embodiment of the present system for subband coding of a digital audio
signal also the audibility of the quantizing noise during passages of music
with 



strong attacks can be reduced effectively because the bit allocation means
in the coder and the decoder 4    EP 0 289 080 B1 also include means which
in response to successive characteristic parameters G(p;m) and G(p;m + 1)
of each subband having a band number p exceeding pim: - do not allocate any
quantizing bits to block (p;m + 1) and add the numbers of B (p;m + 1)
quantizing bits available for this block to the said sum S, if the ratio 0
= G(p;m)/G(p;m + 1) ratio is greater than a 5       predetermined value
R(p) of the order of 102 and block (p;m +1) is situated within the
allocation window; - do not allocate any quantizing bits to block (p;m) and
add the numbers of B(p;m) quantizing bits available for this block to the
said sum S, if the ratio Q = G(p;m)/G(p;m +1) is smaller than the value
I/R(p) and block (p;m) is situated within the allocation window. io  These
measures exploit the psychoacoustic effect of temporal masking, which means
the property of the human auditory system that its threshold for perceiving
signals shortly before and shortly after the occurrence of another signal
which has a relatively high signal energy appears to be temporarily higher
than in the absence of the latter signal. More specifically, in this
preferred embodiment no quantizing bits are allocated to blocks with a
relatively low signal energy which occur shortly before and shortly after
the 15  occurrence of blocks with a relatively high signal energy, and the
quantizing bits "saved" thus are used for the more refined quantizing of
these blocks having a relatively high signal energy and the consequent
reduction of the quantizing noise during these blocks, whereas the fact
that the quantizing bits are not allocated to adjacent blocks with a
relatively low signal energy does in fact not result in audible distortion
owing to the temporal masking by the human auditory system. 30    The
invention and the advantages realized therewith will now be explained in
the following description of an embodiment with reference to the drawing in
which: Fig. 1: shows a block diagram of a digital system for subband coding
of a digital audio signal in accordance with the invention; Fig. 2A: shows
a diagram of a series of band splittings and band mergings which can be
used in the 26   filter banks of the system shown in Fig. 1; Fig. 2B: shows
a block diagram of a band splitting and a band merging according to the
quadrature mirror filter technique and Fig. 20: shows the amplitude
response of the filters used in Fig. 2B; Fig. 3: shows a table of data
relating to the subbands obtained from applying the diagram shown in Fig.
30    2A to a 0-22.05 kHz music signal band; Fig. 4: shows a frequency
diagram for qualitatively explaining how quantizing noise sometimes becomes
audible during music passages presenting single tones; Fig. 5: shows an
example of an allocation window used according to the invention for
allocating quantizing bits in response to parameters of subband signal
levels; 35    Fig. 6: shows a block diagram of bit allocation means in the
system shown In Fig. 1 which are arranged in accordance with the invention;
Fig. 7: shows a block diagram of a signal processor which can be used in
the bit allocation means shown in Fig. 6; Fig. 8 and Fig. 9: show flow
charts of a possible program routine for a module of the signal processor
40    shown in Fig. 7; Fig. 10: shows a table of data relating to a ranking
of quantizing options used in the flow chart shown in Fig. 9; Fig. 11:
shows a flow chart of an optional program routine for an additional module
of the signal processor shown in Fig. 7 which can be utilized in a
preferred embodiment for the subband coding 45    according to the
invention; and Fig. 12: shows a block diagram of a quantizer and an
associated dequantizer for a subband, in which us is made of a quantization
optimized for probability density functions. In Fig. 1 a simplified
functional block diagram is shown of a digital system having a coder 1 and
a decoder 2 for subband coding of a digital audio signal of a given
sampling rate 11T. The basic structure of so  such a system Is generally
known, see the above article by Krasner and the chapter of "Subband Coding"
in the book entitled "Digital Coding of Waveforms" by N.S. Jayant and P.
Noll, Prentice-Hall, Inc., Engelwood Cliffs, New Jersey, 1984, pp. 486-509.
This basic structure will now be described with reference to Fig. 1 for the
case of a digital high-quality music signal which in accordance with the
Compact Disc standard is represented which 16 bits per signal sample at a
sampling rate of 1,T=44.1 kHz. In this 



55  description digital signals are denoted in a conventional manner, x(k)
being a quantized signal sample of signal x(t) at instant t = kT, and the
relevant sampling rate 1/T, appearing from the context. In coder 1 a music
signal x(k) having a sampling rate 1 T,= 1/T=44.1 kHz is applied to an
analysis filter bank 3 which divides the music signal band of 0-22.05 kHz
according to the quadrature mirror filter 5    EP 0 289 080 B1 technique,
with sampling rate reduction, into a number of P =26 subbands of band
numbers p(err) increasing with the rate. For each subband the bandwidth
W(p) is an integral submultiple of the bandwidth 1/(2T) = 22.05 kHz of the
music signal band and the sampling rate (err) is equal to the same
submultiple of the sampling rate (err)=44.1 kHz of music signal x(k) at the
input of filter bank 3. In response to this 5  music signal x(k) filter
bank 3 generates a number of P=26 subband signals xp(k) which are quantized
blockwise, the signal block for each subband containing an same number of M
=32 signal samples. After being transmitted via and/or stored in a medium 4
the quantized subband signals sp(k) are dequantized blockwise in decoder 2
and the resulting dequantized subband signals (err) are applied to a
synthesis filter bank 5. The subbands obtained in filter bank 3 of coder 1
are merged in this synthesis filter bank 5 to 10  become the music signal
band of 0-22.05 kHz according to the quadrature mirror filter technique,
with sampling rate increase. Thus the filter bank 5 constructs a replica
x(k) of the original music signal x(k). For the quantizing of the subband
signals xp(k) known block-adaptive PCM methods are used. Thereto, coder 1
contains of each subband a signal buffer 6 (p), in which a signal block of
M = 32 samples is stored temporarily. To each signal buffer 6(p) a level
detector 7(p) is connected to determine for each block stored 15 having
block number m a characteristic parameter G(p;m) representative of the
signal level in this block. This characteristic parameter G(p;m) is used
for an optimal adjustment of an adaptive quantizer 8(p) for quantizing the
signal block stored having block number m. The block of quantized subband
signal samples sp(k) obtained thus is applied in decoder 2 to an adaptive
dequantizer 9(p) which is also adjusted by characteristic parameter G(p;m).
As is well known, the signal level can be represented by the average value
of the amplitude or the power of the signal samples of a block, but also by
the peak value of the amplitude of the signale samples in a block. The
representation utilized in the level detector 7(p) depends on the type of
quantizer 8(p). Since the same characteristic parameter G(p;m) is used in
quantizer 8(p) and in dequantizer 9(p), level detector 7(p) has to quantize
this parameter G(p;m), in the case of a highquality music signal an 8-bit
logarithmic quantizing being effected. 25    In the present system a
subdivision of the music signal band of 0-22.05 kHz is made according to a
perceptual criterion, the bandwidths W(p) of the subbands having the
respective band numbers p(err) approximately corresponding to the critical
bandwidths of the human auditory system in the respective frequency ranges
(see Fig. 2 in the above article by Krasner). In view of a simple
implementation of filter banks 3 and 5, the quadrature mirror filter
technique is used for the subdivision into subbands and the 30
corresponding reduction of the sampling rate and the merging of the
subbands and the corresponding increase of the sampling rate, respectively.
According to this quadrature mirror filter technique the subdivision is
effected as a series of band splittings and the reunion as a series of band
mergings. For the present case of a music signal band of 0-22.05 kHz Fig.
2A shows the diagram of the series of splittings and mergings used in
filter banks 3 and 5 for obtaining subbands of an approximately critical
bandwidth. 35  Fig. 2B shows how each band splitting and corresponding band
merging Is realized. The band of the input signal is divided into a lower
band and an upper band with the aid of a low-pass filter 10 and a high-pass
filter 11, respectively, the amplitude responses of these filters 10 and 11
being each others image. This image is represented in a stylized form in
Fig. 2C showing the magnitude of frequency response H(err) as a function of
the normalized radial frequency (err), where 1/T, is the sampling rate of
the input signal , having the bandwidth 1/(2T.). The sampling rate of the
output signals of filters 10,11 is subsequently halved by means of 2:1
decimators 12,13. At this band merging, this halving of the sampling rate
is cancelled by means of 1:2 interpolators 14,15. As undesired periodical
repetitions of the signal spectra of the lower and upper bands occur during
this interpolation, the output signals of the 1:2 interpolators 14,15 are
applied to a low-pass filter 16 and a high-pass filter 17, respectively,
for selecting the desired lower and upper band. 45 The frequency responses
of these filters 16 and 17 are again each other's image, filter 16
corresponding to filter 10 and filter 17 corresponding to filter 11
(disregarding a sign inversion). The output signals of filters 16 and 17
are added together by means of an adder 18 to construct a replica of the
input signal of filters 10 and 1 1. The diagram of Fig. 2A shows that not
for all subbands an equal number of splittings and mergings is required;
for the subbands of the numbers p = 1-4 this is 8, but for the subband of
the number p 26 this so  is only 2. Since the quadrature mirror filters 10,
11 and 16,17 form the most important sources of the signal delays in the
filter banks 3 and 5. the signals in the separate subbands have to be
delayed by different 



amounts in order to maintain in the constructed replica of the music signal
the original time relation between the signals in the respective frequency
ranges. Fig. 3 shows a Table of data relating to the subbands obtained from
applying the diagram of Fig. 2A to 55 the 0-22.05 kHz music signal band.
The first column indicates the band numbers p, the second and third columns
give the values (err) of the lower and upper boundary of the subband,
respectively, and the fourth column gives the value W(p) of the width of
the subband, the values in the second, third and fourth columns being
rounded to integers. The values W(p) are the result of a practical
compromise between aiming at as 6    EP 0 289 080 B1 good an approximation
as possible of the critical bandwidths values of the human auditory system
as mentioned in publications on psychoacoustic experiments, and aiming at
as little complexity as possible of the filter banks 3 and 5 when
implementing the quadrature mirror filter technique. The choice of a
division into subbands of approximately critical bandwidths is made
because, on the 5  basis of pyschoacoustic experiments, it may be expected
that the quantizing noise in a subband will then be optimally masked by the
signals in this subband. The noise-masking curve of the human auditory
system providing the threshold for masking noise In a critical band by a
single tone in the centre of this critical band is the starting point for
the quantizing of the respective subband signals (compare Fig. 3 in the
above article by Krasner). The number of quantizing levels L(p) for a
subband of band number p is now 10  related to this noise-masking curve in
a manner such that in each subband the signal-to-noise ratio is
sufficiently high for not perceiving the quantizing noise. For this purpose
a number of L(p)=25 quantizing levels appears to be amply sufficient in the
mid-frequency portion of the audio signal band, where the noise-masking
curve possesses its lowest values, whilst for higher frequencies ever
decreasing numbers of L(p) will suffice. The latter also holds for the
low-frequency portion of the audio signal band, but in the 15  present
embodiment this option is not utilized as it hardly contributes to a
reduction of the number of bits required to represent the output signals of
the coder, as will be explained hereinafter. The numbers of L(p) quantizing
levels used in the present case are shown in the fifth column of the Table
in Fig. 3. As is well known, a number of L(p) quantizing levels corresponds
with a number of B(p) = log2[L(p)] quantizing bits per signal sample. The
values of these numbers B(p) are shown in the sixth column of the Table in
Fig. 3, these 20 values being rounded off to two decimal places. When the
quantizers 8(p) and dequantizers 9(p) are implemented in practice, the
numbers B(p) are slightly higher. For example, for quantizing a block of M
= 32 samples of a subband signal xp(k) having a number of L(p) = 25
quantizing levels the theoretical number of quantizing bits per signal
sample is B(p)=log2(25)=4.64 and the theoretically required total number of
quantizing bits for the block is 321og2(25) = 148.60. The practically
required total number of quantizing bits 25  for the block, however, is no
less than 149 so that in practice the number of quantizing bits per signal
sample has a value of at least B(p) = 149132 = 4.66. The number of bits per
second required for quantizing a subband signal xp(k) is indicated by the
product of the sampling rate 2W(p) and the number of B(p) quantizing bits
per signal sample. Then the values of W(p) and B(p) in the Table of Fig. 3
show that the quantizing of all subband signals xp(k) requires 3o  a
theoretical bit capacity of 98.225 kbitsls. Considering the relatively low
values of the sampling rate 2W(p) for the subbands having the lowest band
numbers p, it will be evident that It is hardly advisable to make use of
the possibility of reducing there the number of B(p) quantizing bits per
signal sample without thus affecting the perceptibility of quantizing
noise. For quantizing the characteristic parameters G(p;m) of each block of
M = 32 signal samples 8 bits are used, as was stated before, which narrows
down to 8/32 = 0.25 bit 35  per signal sample. From the value of the
sampling rate I/T=44.1 kHz of the music signal it then follows that the
quantizing of all characteristic parameters G(p;m) requires a bit capacity
of 11.025 kbitsls. The overall bit capacity required for representing all
output signals of the coder 1 in Fig. 1 is thus 109.250 kbits/s, so that
these output signals can be represented with an average number of 2.477
bits per signal sample in lieu of 16 bits per signal sample. As already
stated before, the value of B(p) will be slightly higher In practice 40
than the value shown in the table, the representation of the output signals
of the coder 1 in practice requiring a bit capacity of approximately 110
kbits/s and thus an average number of approximately 2.5 bits per signal
sample. When an analog version x(t) of music signal x(k) is formed at the
Input of coder 1 with the aid of a 16- bit digital to analog converter and
also an analog version ;(t) of replica ;(k) at the output of the decoder 2,
45 and these analog versions x(t) and x(t) are compared with each other
during listening tests, the quality of the replica (err) turns out not to
differ perceptibly from the high quality of the original music signal x(t)
In substantially all passages of nearly all kinds of music signals despite
the above significant reduction of the required bit capacity. In certain
passages of specific kinds of music signals, however, the quantizing noise
is 



still audible. Basically, the audibility of the quantizing noise can always
be reduced by having the number of 50  L(p) quantizing levels for all
subbands exceed the numbers of the fifth column of the Table shown in Fig.
3, but this automatically means that the number of B(p) quantizing bits per
signal sample for all subbands exceeds the numbers in the sixth column of
this Table, resulting in the fact that the representation of the output
signals of the coder 1 requires a larger bit capacity too. From extensive
research into the causes of the occasional audibility of quantizing noise,
the Applicants 56  have gained the recognition that the quantizing noise is
especially audible in music passages presenting single tones. During such
music passages the greater part of the subbands have very little or no
signal energy from the mid-frequency portion of the music signal band
onwards, whereas only a single spectral component having significant signal
energy occurs in each of the few remaining subbands. With reference 7    EP
0289080 B1 to.Fig. 4 it will be qualitatively explained how the quantizing
noise sometimes becomes audible in this case. Fig. 4 shows the power S of a
single sinusoid component X near the upper boundary of a subband of band
number p. When using a sufficiently large number of L(p) quantizing levels
for quantizing the sinusoid component X, the quantizing noise is
distributed substantially uniformly over the whole subband and the 5  power
N of the quantizing noise is lower by an amount of approximately 20 (err)
than the power S. as shown in Fig. 4. In a stylized form Fig. 4 also shows
two threshold curves for noise- 10  masking in critical bands of the human
auditory system by a sinusoid component in the centre of this frequency
band. The curve shown in the dashed line represents a sinusoid component
having power S situated in the centre of the subband of band number p,
whilst the curve in a solid line represents sinusoid component X also
having power S but now situated near the upper boundary of the subband of
band number p. From Fig. 4 it is evident that in the case of the
dashed-line curve the quantizing noise is fully 15 masked, but that in the
case of the solid curve the shaded part of the quantizing noise lies above
the threshold curve and is thus audible in music passages presenting single
tones. In the more general case when in addition to spectral component X
various other spectral components having significant energy occur in the
subband of band number p and/or in the neighbouring subbands, the shaded
portion of the quantizing noise in Fig. 4, however, will no longer be
audible, because in this case the overlapping threshold - curves for the
respective spectral components will result in a compound threshold curve
situated above the quantizing noise and this quantizing noise will thus be
masked adequately. In accordance with the invention, the system of Fig. 1
is now arranged in the following manner to combat the audibility of
quantizing noise during music passages presentng single tones without the
average number of quantizing bits per sample of the quantized output
signals being increased. The subbands are 25 divided into a first group of
band numbers p smaller than (err) and a second group of band numbers p not
smaller than (err), in which the subband of band number (err), is situated
in the portion of the audio signal band having the lowest threshold values
for masking noise in critical bands of the human auditory system by single
tones in the centre of the respective critical bands. In the present
embodiment (err) = 13 is chosen, so that the dividing line between the
first and the second group of 30 subbands is situated at the frequency f =
1723 Hz. The quantizers 8(p) and dequantizers 9(p) for each of the subbands
of the first group (err) are arranged for quantizing and dequantizing the
subband signals by a fixed number of B(p) bits per signal sample, in the
present embodiment the same values of B(p = (err) as shown in the table of
Fig. 3 being chosen, thus L(p) = 25 and B(p) = 4.64. For the quantizing and
de quantizing of the signals in the subbands of the second group (err) a 35
fixed total number of B bits is predetermined indeed for a time interval
corresponding with one block of M =32 signal samples of the signal In the
subband having band number Pam = 13 but the number of B(pm) quantizing bits
per signal sample for the signal block of block number m of the subband of
band number p is now determined by. the set of all characteristic
parameters G(p;m) of the second group (err)within the aforementioned time
interval. Since these parameters G(p;m) are available both in coder 1 and
decoder 2, the numbers B(p;m) in coder 1 and decoder 2 can be determined in
the same manner without the need of transferring extra information to
decoder 2. The allocation of the numbers of quantizing bits B(p;m) in
response to the set of parameters G(p;m) for the second group of subbands
(err) is effected by means of an allocation window represented in Fig. 5
showing horizontally the time division and vertically the subband division
indicated by their band numbers 45 (err). The duration of this allocation
window corresponds with a block of 32 samples of the signal in the subband
having band number p =13 and since the sampling rate of this signal is
2W(p) 2W(13),. the duration of this allocation window is 32/(2W(13)]=46.440
ms. The allocation window shown in Fig. 5 is 



divided into blocks, each block corresponding with 32 signal samples and
also with a single associated value of the characteristic parameter G(p;m)
and a single value of the number of quantizing bits B(p;m) per so signal
sample, respectively. For quantizing all signal samples within the
allocation window of Fig. 5 a fixed total number of B bits Is required, the
number of B being provided by the requirement of B(p;m) = B(p) in which
B(p) has the value for (err) given in the table of Fig. 3. The theoretical
total number of bits is then B = 3818.54 bits, but the practical total
number of bits is then no less than B =3836 because the total number of
quantizing bits for a block of 32 signal samples should always be an
integral number. 55    The allocation of the numbers of quantizing bits
B(p;m) to the quantizers 8(p) and dequantizers 9(p) for the second subband
group (err) cannot be effected until all parameters G(p;m) relating to a
specific allocation window are present. In view of the structure of the
allocation window of Fig. 5 this implies that for the portion (err) of the
second subband group (err), the parameters G(p;m) have to be stored 8    EP
0 289 080 B1 temporarily and that in coder 1 a corresponding temporary
storage of blocks of 32 subband signal samples (err) has to be effected so
as to maintain in quantizers 8(p) and dequantizers 9(p) the proper time
relation between a block of 32 signal samples (err)) of block number m and
the parameter G(p;m) of this block. Thereto coder 1 and decoder 2 comprise
for each subband of this portion (err) respective parameter 5 buffers 20(p)
and 21 (p) and, furthermore, coder 1 contains an additional signal buffer
22(p) inserted between signal buffer 6(p) and quantizer 8(p). For
simplicity, this is shown in Fig. 1 only for the subband of band number
p=26. The number of. blocks within an allocation window for a band number p
then yield the duration of the temporary storage in parameter buffers 20(p)
and 21(p) and in signal buffer 22(p). For band number p = 26 the allocation
window contains 16 blocks and hence the temporary storage in parameter 10
buffers 20(26), 21(26) and the signal buffer 22(26) should correspond with
15 blocks. The allocation of the numbers of quantizing bits B(p;m) per
signal sample from the predetermined total number of B bits for an
allocation window, to the respective quantizers 8(p) and dequantizers 9(p)
is effected by identical bit allocation means 23 and 24 in coder 1 and
decoder 2, respectively, in response to the characteristic parameters G(p;
m) within this allocation window, which together form a set of parameters
15  {G(p;m)}. At the end of an allocation window this parameter set {G(p;
m)} is available in its entirety at the outputs of the level detectors 7(p)
of the second subband group (err) and parameter buffers 20(p), 21- (p) of
the above portion (err) of this second group. The basic structure of the
identical bit allocation means 23, 24 is represented in Fig. 6. These bit
allocation means comprise comparator means 25 having an input buffer 26 for
storing the set of parameters 30 {G(p;m)} at the end of each allocation
window, a memory 27 for storing a set {T(p)) of respective thresholds T(p)
for the subbands of the second group (err), and a comparator means 28
having a separate comparator for each parameter G(p;m) of the parameter set
{G(p;m)). In a comparator parameter G(p;m) is compared to the threshold
T(p) for the subband of band number p concerned and a binary comparator
signal C(p;m) is generated having a first value C(p;m) ="1" for G(err) and
a second value 25  C(p;m)="0" for (err). These thresholds T(p) are related
to the thresholds of the human auditory system for just perceiving single
tones in the respective frequency ranges, more specifically such that for a
representative value of the sound pressure level of single tones, for
example a value of 60dB SPL, the threshold T(p) forms a perceptually
acceptable approximation of the threshold of the human auditory system in
the frequency range of the subband of band number p. 30    In this manner
the comparator means 25 divide the blocks (p;m) of subband signals xp(k)
within an allocation window into blocks (p;m) containing perceptually
significant signal energy on the basis of the criterion G(p;m)2T(p) and
thus having a value of C(p;m)= "1", and blocks (p;m) containing no
perceptually significant signal energy on the basis of the criterion G(p;
m)<T(p) and thus having a value of C(p;m) = "o". In accordance with the
invention no quantizing bits are allocated to the blocks (p;m) having C(p;
m) = "0" and 35 the quantizing bits saved thus are used for the finer
quantization of the blocks (p;m) within the same allocation window having
G(p;m)= "1". The bit allocation means shown in Fig. 6 thereto comprise a
memory 29 for storing a predetermined allocation pattern {B(p)) of numbers
of B(p) quantizing bits per signal sample for the second group of subbands
(err), which numbers B(p) are related to the noise-masking curve of the
human auditory system in the manner already extensively described; in the
present embodi- ment these numbers B(p) have the same values 8(p)= (err) as
shown in the table of Fig. 3 for (err). The bit allocation means shown in
Fig. 6 further include a signal processor 30 which determines an allocation
pattern {B(p;m)) of numbers of B(p;m) quantizing bits per signal sample for
the blocks (p;m) of subband signals x,(k) within the allocation window
concerned in response to the predetermined allocation pattern {B(p)) in
memory 29, the parameter set {G(p;m)} in input buffer 26 and the associated
set {C(p;m)) 



45 of binary comparator signals at the output of comparator means 28. If
all blocks (p;m) contain perceptually significant signal energy and,
consequently, for each element of the set {C(p;m)} it holds that C(p;m) = 1
", the allocation pattern {B(p;m)} at the output of signal processor 30 is
equal to the predetermined allocation pattern (B(p)} stored in memory 29.
This is the case in nearly all passages of rather all kinds of music
signals. However, during music passages presenting single tones no more
than a few blocks (p;m) of an so allocation window contain perceptually
significant signal energy, whereas the remaining blocks (p;m) contain no
perceptually significant signal energy and thus have a value of C(p;m) =
"0". Now signal processor 30 does not allocate quantizing bits to blocks
(p;m) having C(p;m) = "0" and thus for these blocks (p;m) it holds that
B(p;m)="0". Since the fixed total number of B bits is predetermined for
quantizing all signal samples within the allocation window, a number of
quantizing bits is saved In this manner. Signal processor 30 55  determines
the sum S of the saved numbers of quantizing bits, the contribution of a
block (p;m) having C- (p;m) = "0" to this sum S being equal to the number
of M.B.(p) bits available for the quantizing of the M = 32 signal samples
of this block (p;m) by a number of B(p) quantizing bits per sample
according to the predetermined allocation pattern (B(p)) which is stored in
memory 29. This sum S of saved numbers of bits 9    EP 0 289 080 B1 is then
allocated to the blocks (p;m) within the allocation window having C(p;m)
="1" for obtaining numbers of B(p;m)=B'(p) quantizing bits per signal
sample which exceed the numbers B(p;m)=B(p) with B(p) according to the
predetermined allocation pattern {B(p)). This allocation commences at the
block (p;m) having the largest value of parameter G(p;m) and a number of
B(p;m) = B(p) quantizing bits is allocated to 5  this block (p;m) if the
number of bits (err) required for increasing the number of quantizing bits
is actually available, that is to say, if ASSS. If the latter Is true, the
sum S is reduced by this number AS and the number of B(p;m) = B'(p)
quantizing bits is allocated to the block (p;m) having the largest value
G(p;m). This process of allocation is then repeated, it being preferred to
lower the parameter G(p;m) of the block (p;m) to which additional
quantizing bits have been allocated, in order to evenly distribute the sum
S 10 of the saved numbers of bits over the blocks (p;m) having C(p;m) = "1
". This allocation process stops when the number of remaining bits, after
allocating an additional number of quantizing bits to a specific block (p;
m), is no longer sufficient for a next allocation of additional quantizing
bits to whatever block (p;m) having C(p;m) = "1" within the allocation
window, or when a predetermined maximum number of quantizing bits per
signal sample has been allocated to all blocks (p;m) having C(p;m) = "1"
within the allocation window. in the 15 present embodiment the set of
"enlarged" numbers B'(p) is formed from the values of B(p)=(err)in the
Table of Fig. 3 by omitting the lowest value of B(p)=log2(3) and adding an
additional value of B'(p)- =1092(33) as a maximum number of quantizing bits
per signal sample. The reason for this choice will be further explained
hereinafter. The allocation pattern {B(p;m)) thus determined in signal
processor 30 is tranferred to an output buffer 20 31 at the end of each
allocation window. Subsequently, this output buffer 31 transfers the
respective numbers of B(p;m) quantizing bits per signal sample to the
quantizers 8(p) in coder 1 and the dequantizers 9(p) in decoder 2,
respectively, this transfer being effected in accordance with the time
positions of the respective blocks (p;m) in the allocation window as shown
in Fig. 5, so that the correct time relation between a block (p;m) of M =
32 signal samples and the number of B(p;m) quantizing bits per sample of
this 25 block (p;m) is maintained. The measures described hereinbefore
result in an effective reduction of the audibility of quantizing noise
during music passages presenting single tones. This can be illustrated in a
simple manner by reverting to the description of Fig. 4, with reference to
which it was explained how the quantizing noise sometimes becomes audible
during suchlike single tone music passages. In the circumstances considered
30 there, the measures according to the invention result in that the number
of B'(p) quantizing bits per signal 30   sample exceeds the original number
of B(p) and hence the number of LC(p) quantizing levels also exceeds the
original number of L(p). This implies that the energy N of the quantizing
noise is now lower by an amount of approximately 35 20 (err) than the
original energy value N represented in Fig. 4, due to which the shaded
portion of the quantizing noise above the curve of the threshold in Fig. 4,
that is to say the audible portion of the quantizing noise, becomes
considerably smaller or even completely disappears. This effective
reduction of the audibility of quantizing noise, however, is not
accompanied by an increase of the average number of quantizing bits per
sample of the quantized signals at the output of coder 1 and input of
decoder 2, respectively, in Fig. 1, because the predetermined total number
of B bits for quantizing all signal samples within the allocation window of
Fig. 5 is not changed by the measures according to the invention, as they
exclusively effect a 



reallocation of this predetermined total number of B bits to the blocks (p;
m) within this allocation window. 45 Extensive listening tests with a wide
range of music signals have shown that due to these measures substantially
no quantizing noise during music passages presenting single tones is
audible any longer. Within the scope of the invention the reallocation of
the fixed total number of B bits to the blocks (p;m) within the allocation
window can be realized in many different ways resulting in a great variety
of possible implementations of the bit allocation means shown in Fig. 6,
especially respecting to the signal processor so 30. Fig. 7 shows a block
diagram of an example of a signal processor 30 that can be utilized for
achieving an example of this reallocation which will be explained with
reference to the flow charts represented in Fig. 8 and Fig. 9. The signal
processor 30 shown in Fig. 7 contains an input register 32 into which the
predetermined allocation pattern {B(p)) is loaded as a default value for
the allocation pattern to be determined (B(p;m)), as 55 well as an input
register 33 Into which the parameter set (G(p;m)} is loaded as the Initial
value of a set of needs {G'(p;m)], whose elements represent the need of
quantizing bits for the blocks (p;m) during the reallocation process. The
signal processor 30 further includes a first module 34 which allocates the
value of B(p;m) = 0 to the blocks (p;m) with C(p;m) = "0", determines the
sum S of the numbers of M.B(p;m) = M.B(p) 10    EP 0 289 080 B1 of
quantizing bits available for these blocks (p;m), and sets to zero the need
of bits G'(p;m) of these blocks (p;m), so as to indicate by the value of
G'(p;m) = 0 their being barred from the reallocation of the sum S of
"saved" numbers of bits, this module 34 being responsive to the set {C(p;
m)} of binary comparator signals at the output of comparator means 28 of
Fig. 6 and to the sets (B(p;m)} = {B(p)} and {G'(p;m)1 = [G(p;m)) 5  at the
outputs of registers 32 and 33 of Fig. 7. Fig. 8 shows a flow chart of an
optional program routine for this first module 34. The various blocks in
the flow chart have the following meanings: Block      Titel
Meaning to      8-1        START                   start of routine which
is repeated for each allocation window 8-2       REP(p;u)
repeat for all blocks (p;m) of the allocation window 15 8-3       (p;m)
test whether all blocks (p;m) of the allocation window have been processed
8-4       STOP                    end of routine 30     8-5       C(p;m)=O
test whether C(p;m) has the value  "O" 25    8-6        G'(p;m):=O
set the need of bits G'(p;m) to zero (err)         increment sum S with the
available number of (err) bits B(p;m):=O              do not allocate
quantizing bits to block 30                                       (p;m)  so
that B(p;m)=O. The signal processor 30 shown in Fig. 7 comprises a second
module 35 for reallocating the sum S of saved numbers of quantizing bits to
blocks (p;m) having C(p;m)= "1". Reallocating this sum S formed in 35
module 34 is effected in response to the sets (B(p;m)) and (G' (p;m)} also
formed in module 34, the blocks (p;m) having C(p;m) = "0" being barred from
reallocation on account of the value of G'(p;m) = "O"of their need of bits
and the value B(p;m) = "0" being the final value for these blocks (p;m) In
the allocation pattern B(p;m) at the output of signal processor 30. Fig. 9
shows a flow chart of an optional program routine for this reallocation in
module 35, use being made of the fact that the different quantizing options
can be arranged 40  in a simple manner from coarse to fine and in this
order be provided with a number I with i = 1,2, ...,1. Fig. 10 shows a
table of data relating to this arrangement for the present embodiment, for
which the number of quantizing options is I = 8. In this table. the first
column shows the number i. the second column the number of L(i) quantizing
levels, the third column the number of B(i) quantizing bits per signal
sample and the fourth column the number of AB(i) quantizing bits per signal
sample required to increment Bi) to B- 45 (1 + 1), so that B(i) + AB(i) is
equal to B(i +1) and the corresponding increment for a block of M signal
samples thus requires a number of AS= M.AB(i) quantizing bits. The values
of the numbers B(i) and AB(i) in the Table are rounded to two decimal
figures. The various blocks in the flow chart of Fig. 9 have the following
meanings: 50 65  



EP 0 289 080 B1 Block      Title                       Meaning 9-1
START                       start of routine which is repeated for each
allocation window 5 9-2       S   (err)                     test whether
sum S exceeds zero 9-3       STOP                        end of routine 9-4
MAX (err)       determine block (p;m) of the 10               (err)
allocation window having the greatest 15
need of bits G'(p;m) 9-5       (err)                test whether the need
of bits G'(p;m) exceeds zero 9-6       (err)         determine number i for
block (p;m) so that B(i)B(p;m) 9-7       i (err)                      test
whether number i is smaller than I 25    9-8        (err):            set
the need of bits G'(p;m) to zero 9-9        (err)                assign the
value M.AB(i) to the sum change AS (err)   9-10  (err)
test whether the sum change AS does not exceed the sum S. 9-11      (err)
assign a value G'(p;m)/D with D>1 (err)                  to the need of
bits G'(p;m) (err)                    decrement the sum S with the number
of bits of sum change AS=M.AB(i) (err)        allocate a number of B(i+1)
quantizing bits per sample to block (p;m). After the start of the routine
it is tested whether quantizing bits have really been saved (conditional 4s
block 9-2). If they have not, the routine stops and an allocation pattern
{B(p;m)} equal to the default pattern {B(p)) is passed on to an output
register 36 of signal processor 30 in Fig. 7 (operational block 9-3). If
they have, the block (p;m) of the allocation window having the greatest
need of bits G'(p;m) is determined (operational block 9-4). Subsequently,
it is tested whether this need of bits G'(p;m) exceeds zero (conditional
block 9-5), and if it does the present number of B(p;m) quantizing bits per
signal sample is 50  identified by a number i in an arrangement according
to the table of Fig. 10 so that BO)= B(p;m) (operational block 9-6).
subsequently, it is tested whether the maximum number of quantizing bits
per signal sample has been allocated to block (p;m), by testing whether the
number i is smaller than the highest number I (conditional block 9-7). If
it is not, thus i=1, block (p;m) Is barred from further reallocation by
setting its need of bits G'(p;m) to zero (operational block 9-8). If it is,
thus (err), the number of AS = M.AB() 55 quantizing bits needed to
increment the number of quantizing bits per sample from the present value
B(i) to the next higher value B(1 + 1) for the M signal samples of block
(p;m) is determined, and subsequently it is tested whether this number AS
is actually available (operational block 9-9 and conditional block 9-10).
If the latter is not the case and thus the sum change AS exceeds the sum S,
the actual number of quantizing bits 12    EP 0 289 080 B1 available for
reallocation, block (p;m) is barred from further reallocation by setting
its need of bits G'(p;m) to zero (operational block 9-8). If, on the other
hand, the number of AS quantizing bits required for an increment is
available indeed, the sum S is decremented with this number AS and the next
value B(i + 1) is assigned to the number of B(p;m) quantizing bits per
sample of this block (p;m) (operational block 9-11). s The need of bits
G'(p;m) of this block (p;m) is likewise reduced by assigning thereto a
value of G'(p;m)/D, with D>1, so as to evenly distribute the numbers of
quantizing bits saved in all (the initial value of the sum S) over the
blocks (p;m) of the allocation window having a value of C(p;m) = "1".
Thereto, the value D can be determined such that the Improvement in the
signal-to-noise ratio due to the increment of the number of quantizing bits
per signal samples with an amount of AB(i) is approximately reflected in
the reduction of the 10 need of bits G'(p;m). In the present embodiment
this improvement is approximately 3dB for i = 2,3,...7 and 



approximately 6dB for I = 1 so that one fixed value D will suffice. In this
case D has a value of D = (err) if characteristic parameter G(p;m), and
thus also the parameter of the need of bits G'(p;m), represents the peak
value of the amplitude of the signal samples in block (p;m), and a value of
D = 2 if G(p;m) and thus also G'(p;m), represents the average value of the
power of the signal samples in this block (p;m). After 15 these operations
have been carried out with respect to the sum S, the number of quantizing
bits per signal sample B(p;m) and the need of bits G' (p;m) (operational
block 9-11), the routine returnes to determining the block (p;m) of the
allocation window now having the greatest need of bits G'(p;m) (operational
block 9-4). The routine stops if all blocks (p;m) of an allocation window
have a need of bits G'(p;m) = 0 and the allocation pattern {B(p;m))
determined then is transferred on to the output register 36 of signal
processor 20 30 shown in Fig. 7 (conditional block 9-5 and operational
block 9-3). After the routine has been ended the remaining sum S of "saved"
numbers of quantizing bits can 20  exceed zero. For quantizing and
dequantizing the subband signals of the second group (err), however, a
fixed total number of B bits per allocation window is predetermined. Any
remaining "saved" quantizing bits after the end of the routine can be used
as filler bits without information content in the output signals of 26
coder 1, so as to provide the overall bit capacity required for the
representation of these output signals with a constant value in view of the
transmission via and/or the storage in medium 4. As the reallocation
described of the fixed total number of B bits to the blocks (p;m) is
effected in an identical manner within an allocation window in coder 1 and
decoder 2 in response to the parameter set {G(p;m)}, present in both coder
1 and decoder 2, the presence, if any, of filler bits in the output signals
of coder 1 need not be 30 marked. With respect to the program routine
described above It should again be observed that this routine is given
merely by way of example and that other, more efficient, routines can be
designed by those skilled in the art without leaving the scope of the
invention. However, the example described hereinbefore is advantageous in
its clear structure and simple criterion (conditional block 9-5) for
terminating the program 35 routine for reallocation. As already stated
before, extensive listening tests with widely varying music signals have
proved that owing to the measures according to the invention the quantizing
noise is generally no longer audible during music passages presenting
single tones. The cases in which audible quantizing noise only occurs
sporadically appear to relate predominantly to music passages having strong
attacks of the music signal, in ,o which in practically all subbands the
signal energy suddenly changes considerably. In a preferred embodiment of
the present subband coding system also the audibility of quantizing noise
during music passages with strong attacks can be reduced effectively.
Thereto, the bit allocation means 23, 24 in coder 1 and decoder 2 of Fig. 1
can also include means which are operative In response to successive
characteristic parameters G(p;m) and G(p;m + 1) of each subband of the
second group (err) in two 45 events: - if the ratio Q = G(p;m)/G(p;m + 1)
falls short of a predetermined value 1/R(p) with R(p) of the order of 102
and if block (p;m) is situated within the allocation window, no quantizing
bits are allocated to block (p;m) and the numbers of B(p;m) quantizing bits
per signal sample available for this block are. added to the said sum S of
saved numbers of quantizing bits; this happens at the start of a strong
attack. 50    - if the ratio Q = G(p;m)/G(p;m + 1) exceeds the value of
R(p) and if block (p;m + 1) is situated within the allocation window, no
quantizing bits are allocated to block (p;m + 1) and the numbers of B- (p;m
+ 1) quantizing bits per signal sample available for this block are added
to the said sum S of saved numbers of quantizing bits; this happens at the
end of a strong attack. These measures exploit the psychoacoustic effect of
temporal masking, that is to say the property of 55 the human auditory
system that Its threshold for perceiving signals shortly before and shortly
after the occurrence of another signal having a relatively high signal
energy appears to be temporarily higher than during the absence of the
latter signal. By not allocating quantizing bits to blocks of the
allocation window which occur shortly before and shortly after blocks
having a relatively high signal energy, the numbers of 13    EP 0 289 080
B1 quantizing bits saved thus can be used for a finer quantizing of these
blocks having a relatively high signal energy, so that the quantizing noise
during the latter blocks is reduced, whereas the non-allocation of
quantizing bits to blocks having a relatively low signal energy does not
result in audible distortion anyhow owing to temporal masking of the human
auditory system. 5     In the exemplary embodiment of a signal processor 30
for the bit allocation means 23, 24 which is described with reference to
Fig. 7, the aforementioned measures can be implemented in a simple manner
by inserting a third module 37 between the first and second modules 34, 35
already present and by adding 



to input register 33 a section to which for each subband of the second
group (err) the parameter G- (p;m) of the last block (p;m) of the previous
allocation window (thus in Fig. 5 the rightmost block for each 10 subband)
is transferred when the parameter set {G(p;m)} of the present allocation
window is loaded into the register proper 33. The parameters of the
previous allocation window which are transferred in this manner to this
additional section of register 33 form an addition A{G'(p;m)) to the set of
needs {G'(p;m)) of the present allocation window at the output of module
34. This addition A{G'(p:m)) is used in module 37 for performing operations
the sum S and the sets {G'(p;m)) and B{(p;m)) formed in module 34 for the
present 15 allocation window, these operations in module 37 having the same
nature as those in module 34 because the value of B(p;m) = 0 is assigned to
specific blocks (p;m) of the present allocation window, the sum S of the
saved numbers of quantizing bits is incremented with the available numbers
of M.B(p;m) quantizing bits -    for these blocks (p;m), and the need of
bits G'(p;m) of these blocks (p;m) is set to zero so as to show by the
value of G'(p;m) that they have been barred from reallocation of the
incremeted sum S effected in A module 35. As regards the available numbers
of M.B(p;m) quantizing bits it holds that these numbers have a value of
M.B(p;m) = M.B(p), unless no quantizing bits have been allocated to the
block (p;m) in module 34 and thus B(p;m) = 0 for this block. In module 37,
use is made of an "augmented" allocation window having bit needs from the
set of needs {G'(p;m)) of the proper allocation window and the addition
A{G' (p;m)} of the "last" blocks of the previous allocation window. Thereby
it is avoided that the transition from one 25 allocation window to the next
allocation window prevents the use of temporal masking for the portion of
(err) of the second group of subbands (err), and interrupts this masking
for the remaining portion (err) of this second group, at least as regards
temporal post-masking (which stretches out over a considerably larger time
interval than the pre-masking, see Fig. 4 in the above article by Krasner).
Fig. 11 shows a flow chart of an optional program routine for this module
37 of Fig. 7. The various 3o blocks in the flow chart have the following
meanings: Block      Title                  Meaning 11-1      START
start of the routine which is repeated for 35
allocation window 11-2      REP(p;m)                repeat for all pairs of
successive blocks (p;m) and (p;u+l) of the "augmented" allocation window
11-3      (p;M)                   test whether all pairs of successive
blocks (p;m) and (p;m+l) of the "auguented" allocation window have been
processed 60 55 14    EP 0 289 080 B1 11-4      STOP                    end
of routine G'(p;m) 5     11-5       (err)assign a value of G'(p;m)/G'(P;
m+1) G'(p;m+1)           to Q 11-6      (err)                 test whether
Q exceeds R(p) 10    11-7       (p;m+l)                 test whether block
(p;m+1) is situated within the allocation window proper 11-8      Gt(p;
m+1):= 0           set need of bits G'(p;M + 1) to zero S:=S+M.B(p;m+1)
increment sum S with available number of (err) bits (err)            do not
allocate quantizing bits to block (p;m+l) so that B(p;m+1)=O 20     11-9
Q(1/R(p)                 test whether Q Is smaller than 1/R(p) 11-10
(p;m)E                  test whether block (p;m) is situated within the
allocation window proper 25     11-11     G'(p;m):=O               set need
of bits G'(p;m) to zero S:=S+M.B(p;m)           increment sum S with
available number of M.B(p;m) bits B(p;m):=0               do not allocate
quantizing bits to block 30 



(p;m) so that B(p;)=0. The routine described above is so simple that a
further explanation can be dispensed with after reading the extensive
explanation of the functions and operations in module 37. With respect to
the predetermined 35  value R(p) it should be observed that an equal value
for all subbands of the second group (err) will suffice, and that this
value corresponds with a change of the order of 20dB the average signal,
over one block, of the power of the signal samples. Also with respect to
this routine it is observed that other and more efficient routines can be
designed by those skilled in the art without leaving the scope of the
invention. 10  Suchlike improvements of the system for subband coding of
music signals described so far are also feasible in other respects. A first
example of such an improvement relates to the arrangement of the
dequantizers 9(p) for the subbands of the second group (err). If no
quantizing bits are allocated to these dequantizers 9(p) during specific
blocks (p;m), the output signals xp(k) have a signal level of zero during
these blocks (p;m), whereas the associated characteristic parameter G(p;m)
is situated below the 46  threshold T(p), true enough, but can still differ
from zero. In the dequantizers 9(p) a digital noise source can be
incorporated applying to the output a signal having a signal level
corresponding with a characteristic parameter G(p;m) only when there are
blocks (p;m) without quantizing bits, thus having a value of B(p;m)- = 0.
The occurrence of specific sudden changes in the levels of the output
signals (err) of dequantizers 9- (p), which do not have equivalents in the
input signals xp(k) of quantizers 8(p),is avoided by this simple 50
measure. A second example of such an improvement also relates to the
arrangement of the quantizers 8(p) and dequantizers 9(p). The waveform of a
subband signal (err) can have different probability density functions and
the quantizers, as is known, can be optimized for a given probability
density function (see the sections 4.3.2 and 4.4.1 of the chapter
"Quantization" in the aforementioned book by Jayant and Noll,. pp. 125-127
55 and pp. 131-135). Basically, it is possible in the coder 1 to determine
the time-varying probability density functions for the subband signals
xp(k) and to always adjust the quantizers 8(p) such that they are optimal
for the probability density functions found thus, but in practice this
possibility is not very attractive because also the bit capacity for the
quantized output signals of coder 1 has to be enlarged considerably to be
able 15    EP 0 289 080 B1 to realize the corresponding optimal adjustment
of the dequantizers 9(p) in decoder 2 - disregarding the considerably
increased complexity of coder 1 required thereto. With reference to the
block diagram of Fig. 12 it will now be illustrated how quantizing
optimized for probability density functions can be used in a relatively
simple manner, the required bit capacity for the quantized output signals
of coder 1 only being 6  subjected to a slight increase. Corresponding
elements in Fig. 1 and Fig. 12 are denoted by the same references. In Fig.
12 the quantizer 8(p) for subband signal xp(k) comprises four fixed
quantizers optimized for four different types of probability density
functions: quantizer U for the Uniform type, quantizer L for the Laplace
type (also known as the two-sided exponential type), quantizer G for the
Gauss type (also known as the lo Normal type), and quantizer A for the
Arcsinus type (the probability density function for the amplitude of a
sinusoid waveform). Dequantizer 9(p) also comprises the four corresponding
dequantizers denoted U1', L-', G-' and A-'. These four types of probability
density functions are of common knowledge, as are the associated quantizers
(see section 2.2.2 of the chapter "Waveform Characterization" in the
aforementioned book by Jayant and Noll, pp. 31-34, and the above sections
4.3.2 and 4.4.1 of the chapter entitled 15 "Quantization"). The selection
of these four types is based on measurements, which have proved that In
substantially all cases the real probability density function for a subband
signal xp(k) can be modelled as one of these four types. In order to keep
the quantizing errors smallest possible, a block (p;m) of a subband signal
xp.k) is quantized with the aid of the four quantizers U, L, G and A and
subsequently, the quantizer producing the smallest quantizing error is
selected. Since in Fig. 12 fixed quantizers and corresponding -  fixed
dequantizers are used, the adaptation of the quantizing characteristic to
the signal level in a block . (p;m) should be effected by an operation on
the signal samples of this block (p;m) at the input of each quantizer U, L,
G. A. and by a corresponding inverse operation on the signal samples of
this block (p;m) at the output of each dequantizer U', L-', G-', A-'. In
Fig. 12 is shown how this adaptation is effected in the case when parameter
G(p;m) represents the power of the signal samples averaged over a block (p;
m) and 25 the fixed quantizers and dequantizers are so-called unit variance
quantizers and dequantizers (that is to say, designed for signals having a
variance equal to one). In this case an equivalent amplitude parameter
(err) (err) is derived from the power parameter G(p;m) determined in the
level detector 7(p) by means of circuits 38 and 39. The operation at the
input of each quantizer U, L, G. A is then a division of the amplitude of
the 



signal samples by this parameter (err) and the inverse operation at the
output of each dequantizer (err) 10 (err) a multiplication of the amplitude
of the signal samples by this parameter (err) ln view of the selection of
the quantizer, in Fig. 12 the output signal of each of the quantizers U. L,
G and A, after being multiplied by the relevant parameter (err) Is applied
to a circuit 40 for determining the mean square value of the difference
between this output signal and the original subband signal (err), averaged
over a block (p;m). Subsequently, in circuit 40 it is determined which of
these four mean square difference 35 values is the least, and the quantizer
concerned is indicated by a two-bit index. Circuit 40 applies to this index
as a selection signal to a selector 41 to which the outputs of the
quantizers U, L, G and A are connected. Since circuit 40 cannot determine
the index until all M = 32 signal samples of a block (p;m) have been
processed, selector 41 also comprises an input buffer for the temporary
storage of each of the signals applied thereto, for the duration of a block
(p;m) of M signal samples. Then the index determined in circuit 40 is also
used as a selection signal for a distributor 42 in dequantizer 9(p) to
which the inputs of the dequantizers (err) are connected. The quantized
subband signal (err) at the output of selector 41, originating from one of
the four quantizers U. L, G and A is thus exclusively applied to the
dequantizer (err) which corresponds with the selected quantizer (U, L, G or
A). The above selection on the basis of the least mean square quantizing
error for a block (p;m) of M =32 signal samples 45 results in an
improvement of the quality of the dequantized subband signal (err). The
increase of the bit capacity for the output signals of coder 1 in Fig. 1
required for this improvement, amounts to not more than 2 bits per block
(p;m) of M =32 signal samples for each subband signal (err). It has already
been stated before that in the chosen embodiment a bit capacity of 98.225
kbits/s is required for all subband signals (err) (k), and a bit capacity
of 11.025 kbits/s for all characteristic parameters G(p;m) each being
quantized by 8 5o  bits per block of M=32 signal samples. For all indices,
each requiring 2 bits per block of M=32 signal samples, an additional bit
capacity of 2.756 kbits/s will then be required. The overall bit capacity
required for representing all output signals of the coder 1 in Fig. 1 thus
rises from a value of 109.250 kbits/s to a value of 112.006 kbits/s, and
the average number of bits per bit sample in this representation thus rises
from a value of 2.477 bits per sample to a value of 2.540 bits per sample.
The increase of the bit capacity 55 and average number of bits per sample,
respectively, required for this improvement thus amounts to approximately
2.5% only. Claims 16    EP 0 289 080 B1 to realize the corresponding
optimal adjustment of the dequantizers 9(p) in decoder 2 - disregarding the
considerably increased complexity of coder 1 required thereto. With
reference to the block diagram of Fig. 12 it will now be illustrated how
quantizing optimized for probability density functions can be used in a
relatively simple manner, the required bit capacity for the quantized
output signals of coder 1 only being 5 subjected to a slight increase.
Corresponding elements in Fig. 1 and Fig. 12 are denoted by the same
references. In Fig. 12 the quantizer 8(p) for subband signal (err)
comprises four fixed quantizers optimized for four different types of
probability density functions: quantizer U for the Uniform type, quantizer
L for the Laplace type (also known as the two-sided exponential type),
quantizer G for the Gauss type (also known as the o Normal type), and
quantizer A for the Arcsinus type (the probability density function for the
amplitude of a sinusoid waveform). Dequantizer 9(p) also comprises the four
corresponding dequantizers denoted (err) . These four types of probability
density functions are of common knowledge, as are the associated quantizers
(see section 2.2.2 of the chapter "Waveform Characterization" in the
aforementioned book by Jayant and Noll, pp. 31-34, and the above sections
4.3.2 and 4.4.1 of the chapter entitled 5 "Quantization"). The selection of
these four types is based on measurements, which have proved that in
substantially all cases the real probability density function for a subband
signal (err) can be modelled as one of these four types. In order to keep
the quantizing errors smallest possible, a block (p;m) of a subband signal
(err) is quantized with the aid of the four quantizers U, L, G and A and
subsequently, the quantizer producing the smallest quantizing error is
selected. Since in Fig. 12 fixed quantizers and corresponding fixed
dequantizers are used, the adaptation of the quantizing characteristic to
the signal level in a block (p;m) should be effected by an operation on the
signal samples of this block (p;m) at the input of each quantizer U, L, G,
A. and by a corresponding inverse operation on the signal samples of this
block (p;m) at the output of each dequantizer (err). In Fig. 12 is shown
how this adaptation is effected in the case when parameter G(p;m)
represents the power of the signal samples averaged over a block (p;m) and
15 the fixed quantizers and dequantizers are so-called unit variance
quantizers and dequantizers (that is to say, designed for signals having a
variance equal to one). In this case an equivalent amplitude parameter
(err) 



(err) is derived from the power parameter G(p;m) determined in the level
detector 7(p) by means of circuits 38 and 39. The operation at the input of
each quantizer U, L, G, A is then a division of the amplitude of the signal
samples by this parameter (err) and the inverse operation at the output of
each dequantizer (err) o  (err) a multiplication of the amplitude of the
signal samples by this parameter (err). In view of the selection of the
quantizer, in Fig. 12 the output signal of each of the quantizers U, L, G
and A, after being multiplied by the relevant parameter (err) is applied to
a circuit 40 for determining the mean square value of the difference
between this output signal and the original subband signal (err), averaged
over a block (p;m). Subsequently, in circuit 40 it is determined which of
these four mean square difference 15 values is the least, and the quantizer
concerned is indicated by a two-bit index. Circuit 40 applies to this index
as a selection signal to a selector 41 to which the outputs of the
quantizers U, L, G and A are connected. Since circuit 40 cannot determine
the index until all M = 32 signal samples of a block (p;m) have been
processed, selector 41 also comprises an input buffer for the temporary
storage of each of the signals applied thereto, for the duration of a block
(p;m) of M signal samples. Then the index determined in circuit 40 is also
used as a selection signal for a distributor 42 in dequantizer 9(p) to
which the inputs of the dequantizers (err) are connected. The quantized
subband signal (err) at the output of selector 41, originating from one of
the four quantizers U, L, G and A is thus exclusively applied to the
dequantizer (err) which corresponds with the selected quantizer (U, L, G or
A). The above selection on the basis of the least mean square quantizing
error for a block (p;m) of M = 32 signal samples 45 results in an
improvement of the quality of the dequantized subband signal (err). The
increase of the bit capacity for the output signals of coder 1 in Fig. 1
required for this improvement, amounts to not more than 2 bits per block
(p;m) of M = 32 signal samples for each subband signal xp(k). It has
already been stated before that in the chosen embodiment a bit capacity of
98.225 kbitsls is required for all subband signals xp- (k), and a bit
capacity of 11.025 kbits/s for all characteristic parameters G(p;m) each
being quantized by 8 50  bits per block of M=32 signal samples. For all
indices, each requiring 2 bits per block of M=32 signal samples, an
additional bit capacity of 2.756 kbits/s will then be required. The overall
bit capacity required for representing all output signals of the coder 1 in
Fig. 1 thus rises from a value of 109.250 kbitsls to a value of 112.006
kbits/s, and the average number of bits per bit sample in this
representation thus rises from a value of 2.477 bits per sample to a value
of 2.540 bits per sample. The increase of the bit capacity 55 and average
number of bits per sample, respectively, required for this improvement thus
amounts to approximately 2.5% only. Claims 16           (err)    EP 0 289
080 B1 (err) 1. A digital system including a coder (1) and a decoder (2)
for subband coding of a digital audio signal having a given sampling rate
(err) the coder (1) comprising: - analysis filter means (3) responsive to
the audio signal for generating a number of P subband 5          signals,
the analysis filter means (3) dividing the audio signal band according to
the quadrature mirror filter technique, with sampling rate reduction into
successive subbands of band numbers p (err) increasing with the frequency,
the bandwidth and the sampling rate for each subband being an integral
submultiple of 1/(2T) and 1/T, respectively, and the bandwidths of the
subbands approximately corresponding with the critical bandwidths of the
human auditory system in the 10         respective frequency ranges, -
means ( 7(p) ) responsive to each of the subband signals for determining a
characteristic parameter G(p;m) which is representative of the signal level
in a block having a same number of M signal samples for each subband m
being the number of the block, - means ( 8(p) ) for adaptively quantizing
the blocks of the respective subband signals in response 15         to the
respective characteristic parameters G ( p; m) and the decoder comprising:
- means ( 9(p) ) for adaptively dequantizing the blocks of quantized
subband signals in response to the respective characteristic parameters
G(p;m), - synthesis filter means (5) responsive to the dequantized subband
signals means for constructing 20          a replica of the digital audio
signal, these synthesis filter means (5) merging the subbands to the audio
signal band according to the quadrature mirror filter technique, with the
sampling rate increase, characterized in that - the respective quantizing
means ( 8(p) ) in the coder (1) and the respective dequantizing means ( 



25          9(p) ) in the decoder (2) for each of the subbands having a
band number p smaller than (err)are arranged for the respective quantizing
and dequantizing of the subband signals with a fixed number of B(p) bits,
the subband having band number (err) being situated in the portion of the
audio signal band with the lowest thresholds for masking noise in critical
bands of the human auditory system by single tones in the centre of the
respective critical bands, the coder (1) and 30         the decoder (2)
each further include bit allocation means (23,24) responsive to the
respective characteristic parameters G(p;m) of the subbands having a band
number p not smaller than (err) within an allocation window having a
duration equal to the block length for the subband having the band number
(err) for allocating a number of G(p;m) bits from a predetermined fixed
total number of B bits for the allocation window to the respective
quantizing means ( 8(p) ) in the coder (1) and 35         the respective
dequantizing means ( 9(p) ) in the decoder (2) for the signal block having
block number m of the subband having band number p, the bit allocation
means (23,24) each comprising: - comparator means (28) for comparing within
each allocation window the characteristic param- eters G(p;m) to respective
thresholds T(p) for the subbands having band number p and for 40
generating respective binary comparator signals C(p;m) having a first value
C(p;m) ="1" for a parameter G(p;m) not smaller than the threshold T(p) and
a second value C(p;m) = "0" in the opposite case, these thresholds T(p)
being related to the thresholds of the human auditory system for just
perceiving single tones, - means (29) for storing a predetermined
allocation pattern {B(p)} of numbers of B(p) quantizing 45            bits
for subbands having respective band numbers p, these numbers B(p) being
related to the thresholds for masking noise in the critical bands of the
human auditory system by single tones in the centre of the respective
critical bands, - means (30) for determining an allocation pattern {B(p;m)}
of respective numbers of B(p;m) quantizing bits for the signal block having
the block number m of the subband having band 50            number p, in
response to the allocation pattern stored (B(p)) and the respective
characteristic parameters G(p;m) and comparator signals C(p;m), the
allocation pattern [B(p;m)) being equal to the allocation pattern stored
(B(p)) if all comparator signals C(p;m) within an allocation window have
the said first value C(p:m) = "1 " and, in the opposite case, the
allocation pattern (B(p;m)) being formed by not allocating quantizing bits
to blocks within an allocation window 55            having a comparator
signal of the said second value C(p;m) = "o" and by allocating the sum S of
the numbers of B(p) quantizing bits available within an allocation window
for the latter blocks in the allocation pattern stored (B(p)) to the blocks
within an allocation window having a comparator signal of the said first
value C(p;m) = "1" and having the largest values of the 17    EP 0 289 080
B1             (err) C   L   M   S * characteristic parameter G(p;m) for
obtaining numbers of B(p;m) quantizing bits which are greater than the
corresponding numbers of B(p) quantizing bits In the allocation pattern
stored {B(p)}, - means (31) for supplying the allocation pattern (B(p;m)}
determined thus to the respective 6             quantizing means ( 8(p) )
in the coder (1) and the respective dequantizing means ( 9(p) ) in the
decoder (2). 2. A digital system as claimed in Claim 1, characterized in
that the said bit allocation means (23,24) also Include means (30) which in
response to 10     successive characteristic parameters G(p;m) and G(p;m +
1) of each subband of band number p exceeding (err) - do not allocate
quantizing bits to block (p;m +1) and add the numbers of B(p;m + 1)
quantizing bits available for this block to the said sum S. if the ratio Q
= G(p;m)/G(p;m + 1) is greater than a predetermined value R(p) of the order
of 102 and block (p;m +1) is situated within the allocation 5
window; - do not allocate quantizing bits to block (p;m) and add the
numbers of B(p;m) quantizing bits available for this block to the said sum
S. if the ratio Q = G(p;m)/G(p;m + 1) is smaller than the value 1/R(p) and
block (p;m) is situated within the allocation window. 20  3. A coder (1)
for use in a digital system for subband coding of a digital audio signal
having a given sampling rate 1/T, the coder (1) comprising: - analysis
filter means (3) responsive to the audio signal for generating a number of
P subband 



signals, the analysis filter means (3) dividing the audio signal band
according to the quadrature mirror filter technique, with sampling rate
reduction into successive subbands of band numbers p 25          (err)
increasing with the frequency, the bandwidth and the sampling rate for each
subband being an integral submultiple of l/(2T) and 1/T, respectively, and
the bandwidths of the subbands approximately corresponding with the
critical bandwidths of the human auditory system in the respective
frequency ranges, - means ( 7(p) ) responsive to each of the subband
signals for determining a characteristic 30          parameter G(p;m) which
is representative of the signal level in a block having a same number of M
signal samples for each subband, m being the number of the block, - means (
8(p) ) for adaptively quantiziing the blocks of the respective subband
signals in response to the respective characteristic parameters G (p ; m);
characterised in that 35         the respective quantizing means ( 8(p) )
for each of the subbands having a band number smaller than (err) are
arranged for the respective quantizing of the subband signals with a fixed
number of B(p) bits, the subband having band number (err) being situated in
the portion of the audio signal band with the lowest thresholds for masking
noise in critical bands of the human auditory system by single tones in the
centre of the respective critical bands, the coder (1) further includes bit
allocation means (23) responsive to the respective characteristic
parameters G(p;m) of the subbands having a band number p not smaller than
(err) within an allocation window having a duration equal to the block
length for the subband having the band number (err) for allocating a number
of G(p;m) bits from a predetermined fixed total number of B bits for the
allocation window to the respective quantizing means ( 8(p) ) for, the
signal block having block number m of the 46          subband having band
number p, the bit allocation means (23) comprises: - comparator means (28)
for comparing within each allocation window the characteristic param- eters
G(p;m) to respective thresholds T(p) for the subbands having band number p
and for generating respective binary comparator signals C(p;m) having a
first value C(p;m) "1" for a parameter G(p;m) not smaller than the
threshold T(p) and a second value C(p;m) = "O" in the 50
opposite case, these thresholds T(p) being related to the thresholds of the
human auditory system for just perceiving single tones, - means (29) for
storing a predetermined allocation pattern {B(p)) of numbers of B(p)
quantizing bits for subbands having respective band numbers p, these
numbers B(p) being related to the thresholds for masking noise in the
critical bands of the human auditory system by single 55            tones
in the centre of the respective critical bands. - means (30) for
determining an allocation pattern {B(p;m)} of respective numbers of B(p;m)
quantizing bits for the signal block having the block number m of the
subband having band number p, in response to the allocation pattern stored
[B(p)} and the respective characteristic 18    EP 0 289 080 B1
(err) parameters G(p;m) and comparator signals C(p;m), the allocation
pattern {B(p;m)) being equal to the allocation pattern stored (B(p)} if all
comparator signals C(p;m) within an allocation window have the said first
value C(p;m) = "1 " and, in the opposite case, the allocation pattern {B(p;
m)} being formed by not allocating quantizing: bits to blocks within an
allocation window 5             having a comparator signal of the said
second value C(p;m) = "0" and by allocating the sum S of the numbers of
B(p) quantizing bits available within an allocation window for the latter
blocks in the allocation pattern stored (B(p)} to the blocks within an
allocation window having a comparator signal of the said first value C(p;
m)="1" and having the largest values of the characteristic parameter G(p;m)
for obtaining numbers of B(p;m) quantizing bits which are 10
greater than the corresponding numbers of B(p) quantizing bits in the
allocation pattern stored {B(p)), - means (31) for supplying the allocation
pattern {B(p;m)) determined thus to the respective quantizing means (
8(p)). 15 4. A decoder (2) for a digital system for subband coding of a
digital audio signal having a given sampling rate 1/T, the decoder (2)
comprising: - means ( 9(p) ) for adaptively dequantizing blocks of
quantized subband signals in response to respective characteristic
parameters G(p;m), - synthesis filter means (5) responsive to the
dequantized subband signals means for constructing 20          a replica of
the digital audio signal, these synthesis filter means (5) merging the
subbands to the 



audio signal band according to the quadrature mirror filter technique, with
the sampling rate increase, characterized in that - the dequantizing means
( 9(p) ) for each of the subbands having a band number p smaller than 25
(err), are arranged for dequantizing of the subband signals with a fixed
number of B(p) bits, the subband having band number (err) being situated in
the portion of the audio signal band with the lowest thresholds for masking
noise in critical bands of the human auditory system by single tones in the
centre of the respective critical bands, - the decoder (2) further includes
bit allocation means (24) responsive to the characteristic 30
parameters G(p;m) of the subbands having a band number p not smaller than
(err), within an allocation window having a duration equal to the block
length for the subband having the band number (err), for allocating a
number of B(p,m) bits from a predetermined fixed total number of B bits for
the allocation window to the dequantizing means ( 9(p) ) for the signal
block having block number m of the subband having band number p,the bit
allocation means (24) comprising: 35          - comparator means (28) for
comparing within-each allocation window the characteristic param- eters
G(p;m) to respective thresholds T(p) for the subbands having band number p
and for generating respective binary comparator signals C(p;m) having a
first value C(p;m) ="1" for a parameter G(p;m) not smaller than the
threshold T(p) and a second value C(p;m)="O" in the opposite case, these
thresholds T(p) being related to the thresholds of the human auditory 40
system for just perceiving single tones, - means (29) for storing a
predetermined allocation pattern {B(p)} of numbers of B(p) quantizing bits
for subbands having respective band numbers p, these numbers B(p) being
related to the thresholds for masking noise in the critical bands of the
human auditory system by single tones in the centre of the respective
critical bands, 46          - means (30) for determining an allocation
pattern {B(p;m)) of respective numbers of B(p:m) quantizing bits for the
signal block having the block number m of the subband having band number p,
in response to the allocation pattern stored {B(p)) and the respective
characteristic parameters G(p;m) and comparator signals C(p;m), the
allocation pattern {B(p;m)) being equal to the allocation pattern stored
{B(p)) if all comparator signals C(p;m) within an allocation 50
window have the said first value C(p;m) = "1" and, in the opposite case,
the allocation pattern (B(p;m)} being formed by not allocating quantizing
bits to blocks within an allocation window having a comparator signal of
the said second value C(p;m) = "0" and by allocating the sum S of the
numbers of B(p) quantizing bits available within an allocation window for
the latter blocks in the allocation pattern stored (B(p)} to the blocks
within an.allocation window having a 55             comparator signal of
the said first value C(p;m)="1" and having the largest values of the
characteristic parameter G(p;m) for obtaining numbers of B(p;m) quantizing
bits which are greater than the corresponding numbers of B(p) quantizing
bits in the allocation pattern stored {B(p)},    EP 0 289 080 B1
(err) - means (31) for supplying the allocation pattern {B(p;m)) determined
thus to the dequantizing means ( 9(p)). PatentansprUche 5 1. Digitales
System mit einem Codierer (1) und elnem Decodlerer (2) zur
Teilbandcodierung eines digitalen Audiosignals mit einer bestimmten
Abtastfrequenz 11T, wobei der Codierer (1) die folgenden Elemente aufweist:
- Analysenfiltermittel (3) zum  in Antwort auf das Audiosignal Erzeugen
einer Anzahl von P 10          Teilbandsignalen, wobei diese
Analysenfiltermittel (3) das Audiosignalband entsprechend dem
Quadraturspiegelfilterverfahren mit Abtasffrequenzverringerung in
aufeinandertolgende Teilbfnder mit Bandnummern p(1 S p S P) auftellen, die
mit der Frequenz zunehmen, wobei die Bandbreite und die Abtastfrequenz fUr
jedes Teilband eine ganze Aliquote von 1I(2T) bzw. 1/T ist und die
Bandbreiten der Teilbander annahernd den kritischen Bandbreiten des
menschlichen Gehorsy- 2  5          stems in den betreffenden
Frequenzgebieten entsprechen, - Mittel (7(p)) zum in Antwort auf jedes der
Teilbandsignale Bestimmen eines charkteristischen Parameters G(p;m), der
far den Signalpegel in einem Block mit einer fOr jedes Teilband gleichen
Anzahl von M Signalabtastwerten reprisentativ ist, wobei m die Blocknummer
ist, - Mittel (8(p)) zum in Antwort auf die betreffenden charakteristischen
Parameter G(p;m) blockartigen 



20          adaptiven Quantisieren der betreffenden Teilbandsignale; k,
und wobel der Decodierer die folgenden Elemente aufweist: - Mittel (9(p))
zum in Antwort auf die betreffenden charakteristischen Parameter G(p;m)
blockartigen adaptiven Dequantisieren der quantisierten Teilbandsignale, -
Synthesefiltermittel (5) zum in Antwort auf die dequantisierten
Teilbandsignale Konstruieren einer 25          Replik des digitalen
Audiosignals, wobei diese Synthesefiltermittel (5) die Teilb~nder entspre-
chend dem Quadraturspiegelfiltervertahren mit Abtastfrequenzerhohung zu dem
Audiosignalband zusammenftgen, dadurch gekennzeichnet, daB - die
betreffenden Quantisierungsmittel (8(p)) in dem Codierer (1) und die
betreffenden Dequanti- -Ro         sierungsmittel (9(p)) in dem Decodierer
(2) fUr jedes der Teilbander mit elner Bandnummer p. die K,
kleiner ist als Pim dazu eingerichtet sind, mit eaner festen Anzahl von
B(p) Bits die Teilbandsignale zu quantisieren bzw. zu dequantisieren, wobei
das Teilband mit der Bandnummer pim, in dem Teil des Audiosignalbandes mit
den niedrigsten Schwellenwerten zur Maskierung von Rauschanteilen in
kritischen B~ndem des menschlichen Geh6rsystems durch einzelne T6ne in der
Mitte der 35          betreffenden kritischen Bander liegt, - der Codierer
(1) und der Decodierer (2) je weiterhin mit Bitzuordnungsmittein (23, 24)
verseHen sind, die in Antwort auf die betreffenden charakteristischen
Parameter G(p;m) der Teilbander mit elner Bandnummer p nicht kWeiner als
Pim innerhalb eines Zuordnungsrahmens mit einer Zeitdauer entsprechend der
Blocklange far das Teilband mit der Bandnummer Pim eine Anzahl von B(p;m)
Bits aus einer far den Zuordnungsrahmen vorgeschriebenen festen
Gesamtanzahl von B Bits zuordnen zu den betreffenden Quantisiermitteln
(8(p)) in den Codierer (1) bzw. den betreffenden Dequantisiermitteln (9(p))
in dem Decodierer (2) fUr den Block mit der Blocknummer m der Signale des
Teilbandes mit der Bandnummer p, wobel diese Bitzuordnungsmittel (23, 24)
je die nachfolgenden Elemente aufweisen: 45          - Vergleichsmittel
(28) zum innerhalb jedes Zuordnungsrahmens Vergleichen der charkteristi-
schen Parameter G(p;m) mit betreffenden Schwellenwerten T(p) far die
Teilbander mit der Bandnummer p und zum Erzeugen betreffender bindrer
Vergleichssignale C(p;m) mit einem ersten Wert C(p;m) = "1" fUr einen
Parameter G(p;m) nicht kleiner als der Schwellenwert T(p) und mit einem
zweiten Wert C(p;m) = n0" in dern entgegengesetzten Fall, wobei diese 50
Schwellenwerte T(p) auf diejenigen Schwellenwerte bezogen sind, bei denen
einzelne T6ne von dem menschlichen Geh6rsystem noch gerade erkannt werden,
- Mittel (29) zum Speichern elnes vorgeschriebenen Zuordnungsmusters {B(p)}
von Anzahlen von B(p) Quantisierungsbits flr Teilbander mit betreffenden
Bandnummern p, wobei diese Anzahlen B(p) auf die Schwellenwerte zum
Maskieren von Rauschanteilen in kritischen b5           BBndern des
menschlichen Gehorsystems durch einzelne Tone in der Mitte der betreffenden
kritischen Blinder bezogen sind, - Mittel (30) zum in Antwort auf das
gespeicherte Zuordnungsmuster {B(p)} und die betreffen- den
charakteristischen Parameter G(p;m) und Vergleichssignale C(p;m) Bestimmen
eines 20    EP O 289 080 B1          I I!IIfl  uhf IlhIl II IihI * C  L  M
S* Zuordnungsmusters (B(p;m)} von betreffenden Anzahlen von B(p;m)
Quantisierungsbits fOr den Signalblock mit der Blocknummer m der Signale
des Teilbandes mit der Bandnummer p, wobei dieses Zuordnungsmuster {B(p;m))
dem gespeicherten Zuordnungsmuster {B(p)} ent- spricht, wenn alle
Vergleichssignale C(p;m) innerhalb eines Zuordnungsrahmens den genann- 5
ten ersten Wert C(p;m) =   '"1 aufweisen und wobei dieses Zuordnungsmuster
{B(p;m)} in dem entgogengesetzten Fall dadurch gebildet wird. daBi Blocken
innerhalb elnes Zuordnungs- rahmens mit einem Vergleichssignal mit dem
genannten zweiten Wert C(p;m) = n"0 keine Quantisierungsbits zugeordnet
werden und daB die Summe S der innerhalb eines Zuordnungs- rahmens far die
letztgenannten Bldcke verftlgbaren Anzahlen von B(p) Quantisierungsbits in
10            dem gespeicherten Zuordnungsmuster {B(p)} den Blocken
innerhalb eines Zuordnungsrah- mens zugeordnet werden mit einem
Vergleichesignal vom genannten ersten Wert C(p;m) = "1" und mit den
gro.8ten Werten charakteristischer Parameter G(p;m) zum Erhalten von
Anzahlen von B(p;m) Quantisierungsbits, die gro5ier sind als die
entsprechenden Anzahlen von ;               B(p) Quantisierungsbits In dem
gespeicherten Zuordnungsmuster {B(p)), is         - Mittel (31) zum
ZufOhren des auf diese Weise bestimmten Zuordnungsmusters {B(p;m)) zu 



den betreffenden Quantisierungsmitteln (8(p)) in dem Codierer (1) bzw. den
betreffenden Dequantisierungsmitteln (9(p)) in dem Decodierer (2). 2.
Digitales System nach Anspruch 1, dadurch gekennzeichnet, dalB die
genannten Bitzuordnungsmittel 20    (23,24) ebenfalls Mittel (30)
aufweisen, die in Antwort aufaufeinanderfolgende charakteristische Parame-
ter G(p;m) und G(p;m + 1) jedes Teilbandes mit Bandnummer p grblier als
pim: - keine Quantisierungsbits zuordnen zu dem Block (p;m + 1) und die fOr
diesen Block verfrgbaren Anzahlen von B(p;m + 1) Quantisierungsbits zu der
genannten Summe S hinzuftlgen, wenn das Verhaltnis 0 = G(p;m)/G(p;m +1)
gr6l~er ist als ein vorgeschriebener Wert R(p) in der Gro en- 25
ordnung von 102 und der Block (p;m + 1) innerhalb des Zuordnungsrahmens
liegt; - keine Quantisierungsbits zuordnen zu dem Block (p;m) und die ftr
diesen Block verfOgbaren Anzahlen von B(p;m) Quantisierungsbits zu der
genannten Summe S hinzufagen, wenn das Verhaltnis Q = G(p;m)/G(p;m+1)
klelner ist als der Wert I/R(p) und der Block (p;m) innerhalb des
Zuordnungsrahmens liegt. j 30 3. Codierer (1) zum Gebrauch in einem
digitalen System zur Teilbandcodierung eines digitalen Signals mit einer
bestimmten Abtastfrequenz I1T, wobei dieser Codierer die nachfolgenden
Elemente aufweist - Analysenfiltermittel (3) zum in Antwort auf das
Audiosignal Erzeugen einer Anzahl von P Tellbandsignalen, wobei diese
Analysenfiltermittel (3) das Audlosignalband entsprechend dem 35
Quadraturspiegelfilterverfahren mit Abtastfrequenzverringerung In
aufeinanderfolgende Tellbander mit Bandnummerm p(i S p S P) aufteilen, die
mit der Frequenz zunehmen, wobei die Bandbreite und die Abtastfrequenz fOr
jedes Teilband eine ganze Aliquote von 1/(2T) bzw. 1/T lot und die
Bandbreiten der Teilb~nder annihernd den kritischen Bandbreiten des
menschlichen Gehorsy- stems in den betreffenden Frequenzgebieten
entsprechen, - Mittel (7(p)) zum in Antwort auf jedes der Teilbandsignale
Bestimmen eines charakteristischen Parameters G(p;m), der fUr den
Signalpegel in einem Block mit einer fUr jedes Teilband gleichen Anzahl von
M Signalabtastwerten reprasentativ ist, wobei m die Blocknummer ist, -
Mittel (8(p)) zum in Antwort auf die betreffenden charakteristischen
Parameter G(p;m) blockartigen adaptiven Quantisieren der betreffenden
Teilbandsignale, 45          dadurch gekennzeichnet, dali - die
betreffenden Quantisierungsmittel (8(p)) fOr jedes der Telibander mit einer
Bandnummer, die kleiner ist ais pi,, dazu eingerichtet sind, mit elner
festen Anzahl von 1(p) Bits die Teilbandsigna- le zu quantisleren, wobei
das Teilband mit der Bandnummer ph, in dem Teil des Audiosignalban- des mit
den niedrigsten Schwellenwerten zur Maskierung von Rauschanteilen in
kritischen 50          Bandem des menschlichen Gehorsystems durch einzelne
Tone in der Mitte der betreffenden kritischen Bender liegt, der Codierer
(1) weiterhin mit Bitzuordnungsmitteln (23) versehen ist, die in Antwort
auf die betreffenden charakteristischen Parameter G(p;m) der Teilbander mit
einer Bandnummer p nicht klener als pi, Innerhalb eines Zuordnungsrahmens
mit einer Zeltdauer entsprechend der Blocklange fUr das Teilband mit der
Bandnummer Pim eine Anzahl von B(p;m) 55          Bits aus elner fOr den
Zuordnungsrahmen vorgeschriebenen festen Gesarntanzahl von B Bits zuordnen
zu den betreffenden Quantisiermitteln (8(p)) far den Block mit der
Blocknummer m der Signale des Teilbandes mit der Bandnummer p, wobel diese
Bitzuordnungsmittel (23) die nachfolgenden Elemente aufweisen: 21    EP O
289 080 B1                I II*IIII1  IIIIIll H111 1li'' - Vergleichsmittel
(28) zum innerhalb jedes Zuordnungsrahmens Vergleichen der charakteristi-
schen Parameter G(p;m) mit betreffenden Schwellenwerten T(p) fUr die
Tellbander mit der Bandnummer p und zum Erzeugen betreffender bingrer
Vergleichssignale C(p;m) mit einem ersten Wert C(p;m) = "1n fUr einen
Parameter G(p;m) nicht kleiner als der Schwellenwert T(p) 5             und
mit einem zweiten Wert C(p;m) = "0" in dem entgegengesetzten Fall, wobel
diese Schwellenwerte T(p) aut diejenigen Schwellenwerte bezogen sind, bei
denen einzelne Tone von dem menschlichen Geh6rsystem noch gerade erkannt
werden, - Mittel (29) zum Speichem elnes vorgeschriebenen Zuordnungsmusters
{B(p)) von Anzahlen von B(p) Quantisierungsbits fOr Teilbander mit
betreffenden Bandnummern p, wobei diese w             Anzahlen B(p) auf die
Schwellenwerte zum  Maskieren von Rauschanteilen in kritischen Bindem des
menschlichen Geh6rsystems durch einzelne Tone In der Mitte der betreffenden
kritischen Bfnder bezogen sind, - Mittel (30) zum in Antwort auf das
gespeicherte Zuordnungsmuster {B(p)) und die betreffen- 



den charakteristischen Parameter G(p;m) und Vergleichssignale C(p;m)
Bestimmen elnes 75            Zuordnungsmusters {B(p;m)} von betreffenden
Anzahlen von B(p;m) Quantisierungsbits fUr den Signalblock mit der
Blocknummer m der Signale des Teilbandes mit der Bandnummer p, wobei dieses
Zuordnungsmuster {B(p;m)} dem gespeicherten Zuordnungsmuster {B(p)} ent-
spricht, wenn alle Vergleichssignale C(p;m) innerhalb elnes
Zuordnungsrahmens den genann- ten ersten Wert C(p;m) = "1" autweisen und
wobei dieses Zuordnungsmuster {B(p;m)) in dem entgegegesetzten Fall dadurch
gebildet wird, daB Bl6cken innerhalb elnes Zuordnungs- rahmens mit einem
Vergleichssignal mit dem genannten zwelten Wert C(p;m) = n"0 keine
Quantisierungsbits zugeordnet werden und daB die Summe S der innerhalb
eines Zuordnungs- rahmens flr die letztgenannten Blocke verflgbaren
Anzahlen von B(p) Quantisierungsbits in dem gespeicherten Zuordnungsmuster
{B(p)} den Bl6cken Innerhalb eines Zuordnungsrah- 25            mens
zugeordnet werden mit elnem Vergleichssignal vom genannten ersten Wert C(p;
m) = "1" und mit den grolten Werten charakteristischer Parameter G(p;m) zum
Erhalten von Anzahlen von B(p;m) Quantisierungsbits, die gr6lier sind als
die entsprechenden Anzahlen von 8(p) Quantisierungsbits in dem
gespeicherten Zuordnungsmuster {B(p)}, - Mittel (31) zum ZufUhren des auf
diese Weise bestimmten Zuordnungsmusters {B(p;m)) zu 7            den
betreffenden Quantisierungsmitteln (8(p)). 4. Decodierer (2) flr ein
digitales System zur Teilbandcodierung eines digitalen Audiosignals mit
einer bestimmten Abtastfrequenz 1IT, wobei dieser Decodierer (2) die
nachfolgende Elemente aufweist - Mittel (9(p)) zum in Antwort auf die
betreffenden charakteristischen Parameter G(p;m) blockartigen 35
adaptiven Dequantisieren der quantisierten Teilbandsignale, -
Synthesefiltermittel (5) zum in Antwort auf die dequantisierten
Teilbandsignale Konstruieren elner Replik des digitalen Audiosignals, wobel
diese Synthesefiltermittel (5) die Teilbander entspre- chend dem
Quadraturspiegelfilterverfahren mit Abtastfrequenzerh6hung zu dem
Audiosignalband zusammenfUgen, dadurch gekennzeichnet, daB - die
Dequantisierungsmittel (9(p)) fOr jedes der Teilbander mit einer Bandnummer
p, die kleiner ist als Plm, dazu eingefichtet sind, mit einer festen Anzahl
von B(p) Bits die Teilbandsignale zu dequantisleren, wobei das Tellband mit
der Bandnummer Pim in dem Tell des Audiosignalbandes mit den niedrigsten
Schwellenwerten zur Maskierung von Rauschanteilen In kritischen Bandem 45
des menschlichen Gehdrsystems durch einzelne Tone in der Mitte der
betreffenden kritischen Bander liegt, - der Decodierer (2) weiterhin mit
Bitzuordnungsmitteln (24) versehen ist, die in Antwort auf die betreffenden
charakterlstischen Parameter G(p;m) der Teilbander mit elner Bandnummer p
nicht kleiner als pi, innerhalb eines Zuordnungsrahmens mit einer Zeitdauer
entsprechend der Block- so         lange far das Teilband mit der
Bandnummer pi, eine Ahzahl von B(p;m) Bits aus einer fOr den
Zuordnungsrahmen vorgeschriebenen festen Gesamtanzahl von B Bits zuordnen
zu den Dequan- tisiermitteln (9(p)) far den Block mit der Blocknummer m der
Signale des Teilbandes mit der Bandnummer p, wobel diese
Bitzuordnungsmittel (24) die nachfolgenden Elemente aufwelsen: -
Vergleichsmittel (28) zum Innerhalb Jedes Zuordnungsrahmens Vergleichen der
charakteristi- 66            schen Parameter G(p;m) mit betreffenden
Schwellenwerten T(p) flr die Teilbander mit der Bandnummer p und zum
Erzeugen betreffender binarer Vergleichssignale C(p;m) mit einem ersten
Wert C(p;m) = "1" ftr einen Parameter G(p;m) nicht kleiner als der
Schwellenwert T(p) und mit elnem zweiten Wert C(p;m) = "O" in dem
entgegengesetzten Fall, wobel diese 22    EP 0 289 080 B1           1111111
111111,11 I IIII B INi Schwellenwerte T(p) auf diejenigen Schwellenwerte
bezogen sind, bei denen einzelne T6ne von dem menschlichen Gehorsystem noch
gerade erkannt werden, - Mittel (29) zum Speichem eines vorgeschriebenen
Zuordnungsmusters {B(p)) von Anzahlen von B(p) Quantisierungsbits fOr
TeilbAnder mit betreffenden Bandnummern p. wobei diese 6
Anzahlen B(p) auf die Schwellenwerte zum  Maskieren von Rauschanteilen in
kritischen Bandem des menschlichen Gehorsystems durch efnzelne Tone in der
Mitte der betreffenden kritischen Bander bezogen sind, - Mittel (30) zum in
Antwort auf das gespeicherte Zuordnungsmuster {B(p)} und die betreffen- den
charakteristischen Parameter G(p;m) und Vergleichssignale C(p;m) Bestimmen
eines 10            Zuordnungsmusters {B(p;m)} von betreffenden Anzahlen
von B(p;m) Quantisierungsblts far den Signalblock mit der Blocknummer m der
Signale des Teilbandes mit der Bandnummer p, 



wobel dieses Zuordnungsmuster {B(p;m)} dem gespoicherten Zuordnungsmuster
{B(p)} ent- spricht, wenn alle Vergleichssignale C(p;m) innerhalb eines
Zuordnungsrahmens den genann- ten ersten Wort C(p;m) = "1" aufweisen und
wobei dieses Zuordnungsmuster {B(p;m)} in is            dem
entgegengesetzten Fall dadurch gebildet wird, daB Blocken innerhalb eines
Zuordnungs- rahmens mit einem Vergleichssignal mit dem genannten zweiten
Wert C(p;m) = n"0 keine Quantisierungsbits zugeordnet werden und daB die
Summe S der innerhalb eines Zuordnungs- rahmens fOr die letztgonannten
Blocke verffgbaren Anzahlen von B(p) Quantisiorungsbits In dem
gespeicherten Zuordnungsmuster {B(p)} den Blocken innerhalb elnes
Zuordnungsrah- 20            mens zugeordnet werden mit elnem
Vergleichssignal vom genannten ersten Wert C(p;m) = "1" und mit den groften
Werten charakteristischer Parameter G(p;m) zum Erhalten von Anzahlen von
B(p;m) Quanffsierungsbits, die gr6fler sind als die entsprechenden Anzahlen
von B(p) Quantisierungsbits in dem gespeicherten Zuordnungsmuster {B(p)}, -
Mittel (31) Zum ZufUhren des auf diese Welse bestimmten Zuordnungsmusters
{B(p;m)) Zu 25            den betreffenden Dequantisierungsmifteln (9(p)).
Revendlcatlons 1. Systbme numdrique comprenant un codeur (1) et un ddcodeur
(2) pour le codage en sous-bandes d'un 30     signal audionum6rique
pr~sentant une fr~quence d'6chantillonnage 1T donn~e, le codeur (1) compre-
nant: - des moyens de filtrage d'analyse (3) rdagissant au signal audio,
pour produire un nombre de P signaux de sous-bandes, ces moyens de filtrage
d'analyse (3) divisant la bande du signal audio selon la technique de
fltrage miroir en quadrature, avec r~duction de la frdquence d'dchantillon-
35          nage, en des sous-bandes successives dont les num6ros de bandes
p(1SpSP) vont en augmen- tant avec la fr6quenoe, la largeur de bande et la
frdquence d'4chantillonnage de chaque sous- bande etant un sous-multiple
entier de 1/(2T) et de I1T, respectivement, et les largeurs de bandes des
sous-bandes correspondant approximativement aux largeurs de bandes
critiques du systbme auditif humain dans les gamme de frdquences
respectives, K,40        - des moyens [7(p)] r6agissant a chacun des
signaux de sous-bandes pour determiner un parametre caracteristique G(p;m)
qui est reprdsentatif du niveau de signal dans un bloc compor- tant un m~me
nombre de M dchantillons de signal pour chaque sous-bande, m 6tant le
num6ro du bloc, - des moyens [8(p)] pour quantifier de maribre adaptative
les blocs des signaux de sous-bandes 46         respectifs en reponse aux
parambtres caract~ristiques respectifs G(p;m), et le d6codeur comprenant: -
des moyens [9(p)] pour ddquantifier de manibre adaptative les blocs des
signaux de sous-bandes quarnififs en rdponse aux parambtres
caract~ristiques respectifs G(p;m), - des moyens de filtrage de synthbse
(5) r~agissant aux signaux de sous-bandes dequantifies pour 50
construire une r~plique du signal audionumerique, ces moyens de filtrage de
synthbse (5) fusionnant les sous-bandes en la bande de signal audio
conform6ment a la technique de filtrage miroir en quadrature, avec
augmentation de la fr~quence d'echantillonnage, caract~ris6 en co quo - les
moyens de quantification (8(p)] respectifs dans le codeur (1) at los moyens
de ddquantifica- 55         tion 19(p)] respectifs dans le d~codeur (2)
pour chacune des sous-bandes portant un numdro de bande p inferieur a pi,
sont congus pour la quantification et ddquantification respective des
signaux de sous-bandes d'un nombre fixe de B(p) bits, Ia sous-bande portant
le numero de bande Pim etant situee dans la partie de la bande de signal
audio presentant les seuils les plus 23    EP 0 289 080 B31
C    11111  N I! l IJ bas pour masquer le bruit dans des bandes critiques
du systeme auditif humain par des tonalites simples au milieu des bandes
critiques respectives, le codeur (1) et le decodeur (2) comprennent chacun,
en outre, des moyens d'affectation de bits (23,24) reagissant aux
parametres caracteristi- ques respectifs G(p;m) des sous-bandes portant un
num6ro de bande p non Inferieur a Pi, dans 5           une fen~tre
d'affectation d'une duree egale a la longueur de bloc pour la sous-bande
portant le num~ro de band. Pi,, pour affecter un nombre de B(p;m) bits
parmi un nombre total fixe pr6determine de B bits pour la fen8tre
d'affectation aux moyens de quantification [8(p)] respectifs situ6s dans le
codeur (1) et aux moyens de d6quantification [9(p)] respectifs situes dans
le decodeur (2) pour le bloc de signal portant le numero de bloc m de la
sous-bande portant le 10          numero de bande p, les moyens
d'affectation de bits (23,24) comprenant chacun: - des moyens comriarateurs
(28) pour comparer, dans chaque fenetre d'affectation, les parametres 



caract6ristiques G(p;m) aux seulls T(p) respectifs pour les sous-bandes
portant le numero de bando p et pour produire des signaux de comparateur
binaires respectifs C(p;m) ayant une premiere valour C(p;m)="1" pour un
parametre G(p;m) non inferieur au seull T(p) et une seconde valeur C(p;m) =
n"' dans le cas oppose, ces seuils T(p) etant en relation avec les seulls
du systeme auditif humain permettant juste de percevoir des tonalit6s
simples, - des moyens (29) pour stocker un motif d'affectation pred6termin6
(B(p)} de nombres de B(p) de bits de quantification pour des sous-bandes
portant des num6ros de bandes respectife p, ces nombres B(p) etant en
relation avec les seuils pour masquer le bruit dans les bandes critiques du
20          systbmes auditif humain par des tonalites simples au milieu des
bandes critiques respectives, - des moyens (30) pour determiner un motif
d'affectation [B(p;m)) de nombres respectifs de B- (p;m) bits de
quantification pour le bloc de signal portant le numero de bloc m de la
sous-bande portant le numdro de bande p, en reponse au motif d'affectation
{B(p)} stockeet aux parambtres caracteistiques respectifs G(p;m) ainsi
qu'aux signaux de comparateur C(p;m), le motif d'affecta- 25          tion
[B(p;m)) etant 6gal au motif d'affectation {B(p)) stock6 ei tous les
signaux de comparateur C(p;m) dens une fen8tre d'affectation ont ladite
promibre valour C(p;m)= "1" et, dans le cas oppose, le motif d'affectation
{B(p;m)) etant forme on nWaffectant pas de bits de quantification aux blocs
dans une fen~tre d'affectation comportant un signal de comparateur de
ladite seconde valeur C(p;m)="O" et en affectant la somme S des nombres de
B(p) bits de quantification -30          disponibles dans une fen~tre
d'affectation pour los derniers blocs dans le motif d'affectation {B- (p))
stock4 aux blocs dans une fonrtre d'affectstion comportant un signal de
comparateur de la premiere valour C(p;m) = '1  et presentant les valours
les plus grandes du parametre caracteristi- que G(p;m), en vue d'obtenir
des nombres de B(p;m) bits de quantification qui sont sup~rieurs aux
nombres correspondants de B(p) bits de quantification dans le motif
d'affectation (B(p)) 35          stock4, - des moyens (31) pour fournir le
motif d'affectation {B(p;m)) ainsi dgtermin6 aux moyens de quantification
18(p)] respectifs dans le codeur (1) et aux moyens de ddquantification
[9(p)] respectifs dans le decodeur (2). k   2. Systhme num6rique suivant la
revendication 1, caractSris6 en ce quo les moyens d'affectation de bits
(23,24) comprennent egalement des moyens (30) qui, on reaction A des
parametres caractdristiques successifs G(p;m) et G(p;m + 1) de chaque
sous-bande portant un num6ro de bands p sup6rieur & Pim: - naffectent pas
de bits de quantification au bloc (p;m + 1) et ajoutent les nombres de B(p;
m + 1) bits de quantification disponibles pour co bloc a la somme S, si le
rapport Q = G(p;m)/G(p;m +1) 45          est superieur A une valeur
pred~terminde R(p) de l'ordre de 102 et si le bloc (p;m + 1) est situd dans
la fenatre d'affectation; - n'affectent pas de bits de quantification au
bloc (p;m) et ajoutent les nombres de B(p;m) bits de quantification
disponibles pour ce bloc A la somme S. si le rapport Q =G(p;m)/G(p;m + 1)
est infdrieur A la valeur 1/R(p) et si le bloc (p;m) oet situe dans la
fen~tre d'affectation. 50 3  Codeur (1) a utiliser dans un systeme
num6rique pour le codage en sous-bandes d'un signal audionumdrique
presentant une frequence d'echantillonnage 1 /T donnee, le codeur (1).
comprenant: - des moyens de filtrage d'analyse (3) r6agissant au signal
audio pour produire un nombre de P signaux de sous-bandes, ces moyens de
filtrage d'analyse (3) divisant la bando du signal audio as          selon
la technique de filtrage miroir on quadrature, avec reduction de la
frequence d'echantillon- nage, en des sous-bandes successives dont les
numeros de bandes p(15pSP) vont en augmen- tant avec la fr~quence, la
largeur de bando et la fr6quence d'4chantillonnage de chaque sous- band.
etant un sous-multiple entier de 1/(2T) et de 1 T, respectivement, et les
largeurs de 24    EP O 289 080 61             I I!DIIhu 111111  H!ll 111
bandes des sous-bandes corrsspondant approximativement aux largeurs de
bandes critiques du systeme auditif humain dans les gammes de fr6quences
respectives, - des moyens [7(p)] reagissant a chacun des signaux de
sous-bandes pour determiner un parambtre caracteristique G(p;m) qui est
reprdsentatif du niveau de signal dans un bloc compor- 5           tant un
meme nombre de M 6chantillons de signal pour chaque sous-bande m etant le
numero du bloc, - des moyens [8(p)] pour quantifier de manibre adaptative
les blocs des signaux de sous-bandes respectifs en r6ponse aux parambtres
caract6ristiques respectifs G(p~m), caracteris6 en co quo: - les moyens de
quantification [8(p)] respectifs pour chacune des sous-bandes portant un
num6ro 



Jo          de bande infrieur a pi, sont congus pour la quantification
respective des signaux de sous- bandes avec un nombre fixe de B(p) bits, la
sous-bande portant le num6ro de bande pi, etant situee dans la partle de la
bande de signal audio pr6sentant les seuils les plus bas pour masquer le
bruit dans des bandes critiques du systeme auditif humain par des tonalites
simples dans le K.,              centre des bandes critiques respectives,
le codeur (1) compronant, en outre, un moyen d'affecta- i5         tion de
bits (23) r~agissant aux parambtres caracteristiques respectifs G(p;m) des
sous-bandes portant un num6ro de bande p non inf6rieur a pim dans une
fen&tre d'affectation d'une dur~e 6gale a la longueur de bloc pour la
sous-bande portant le numero de bande pim, pour affecter un nombre de B(p;
m) bits parmi un nombre total fixe predetermine de B bits pour la fen6tre
d'affectation aux moyens de quantification [8(p)] respectifs pour le bloc
de signal portant le 70          numdro de bloc m de la sous-bande portant
le num6ro de bande p, le moyen d'affectation de bits (23) comprend: - un
moyen comparateur (28) pour comparer, dans chaque fengtre d'affectation,
les parametres caracteristiques G(p;m) aux seuils respectifs T(p) pour les
sous-bandes portant les numdros de bandes p et pour produire des signaux de
comparateur binaires respectifs C(pm) ayant une 25          premiere valeur
C(p;m)="1" pour un parametre G(p;m) non inferieur au seuil T(p) et une
seconde valeur C(p;m) = fl" dans le cas oppose, ces seuils T(p) etant en
relation avec les seuils du systeme auditif humain permettant juste de
percevoir des tonalites simples, - un moyen (29) pour stocker un motif
d'affectation predetermind {B(p)} de nombres de B(p) bits de quantification
pour des sous-bandes portant des num~ros de bandes respectifs p, cos 30
nombres B(p) etant en relation avec les seulls pour masquer le bruit dans
les bandes critiques du K)              systeme auditif humain par des
tonalites simples dans le centre des bandes critiques respectives. - des
moyens (30) pour determiner un motif d'affectation {B(p;m)} de nombres
respectifs de B- (p;m) bits de quantification pour to bloc de signal
portant le numdro de bloc m de la sous-bande portant le numero de bande p,
en reponse au motif d'affectation {B(p)) stockeet aux parametres 36
caracteristiques respectifs G(p;m), ainsi qu'aux signaux de comparateur
C(p;m), le motif d'affecta- tion {B(p;m)} etant egal au motif d'affectation
(B(p)} stocke si tous les signaux de comparateur C(p;m) dans une fen~tre
d'affectation ont la premlbre valeur C(p;m) = "1" et, dans le cas oppos4,
le motif d'affectation {B(p;m)) 6tant formd en n'affectant pas de bits de
quantification aux blocs dans une fen~tre d'affectation comportant un
signal de comparateur de la seconde valeur C(p:m)- ~~40           = "O" et
en affectant la somme S des nombres de B(p) bits de quantification
disponibles dans une fengtre d'affectation pour les demlers blocs dans la
configuration d'affectation stockee {(B(p)- } aux blocs dans une fen~tre
d'affectation comportant un signal de comparateur de ladite promibre valeur
C(p;m) = "1" et prdsentant les valeurs les plus grandes du parambtre
caract6risti- que G(p;m) en vue d'obtenir des nombres de B(p;m) bits de
quantification qui sont superieurs 46          aux nombres correspondents
de 8(p) bits de quantification dans la configuration d'affectation (B- (p))
stockde, - un moyen (31) pour fournir la configuration d'affectation (B(p;
m)} einsi determin6e aux moyens de quantification 18(p)] respectifs. 5o 4.
D6codeur (2) pour un systeme num6rique pour le codage en sous-bandes d'un
signal audionumbrique pr6sentant une fr6quence d'echantillonnage 1fr
donn~e, le decodeur (2) comprenant: - des moyens [9(p)] pour dequantifier
de manibre adaptative les blocs des signaux de sous-bandes quanbfies en
r~ponse aux parambtres caract~ristiques respectifs G(p;m), - des moyens de
filtrage de synthese (5) reagissant aux signaux de sous-bandes diquantifies
pour 65          construire une r~plique du signal audionumerique, ces
moyens de filtrage de synthbse (5) fusionnant les sous-bandes en la bande
de signal audio conformement ' la technique de filtrage miroir en
quadrature, avec augmentation de la frequence d'4chantillonnage,
caract6ris6 en ce que 25    EP 0 289 080B1                   * 11111111
11111 1111, 1111 - les moyens de dequantification [9(p)] pour chacune des
sous-bandes portant un num6ro de bande p inferieur a Pim sont congus pour
d6quantifier les signaux de sous-bandes avec un nombre fixe de B(p) bits,
la sous-bande portant le numero de bande Pim etant situee dans la partie de
la bande de signal audio presentant les seuils les plus bas pour masquer du
bruit dans 5           des bandes critiques du systbme auditif humain par
des tonalites simples dans le centre des bandes critiques respectives, - le
decodeur (2) comprend, en outre, un moyen d'affectation de bits (24)
reagissant aux parametres caracteristiques G(p;m) des sous-bandes portant
un num6ro de bande p non inf~rieur 



a Pim dans une fenftre d'affectation d'une dur6e 6gale A la longueur de
bloc pour la sous-bande 10          portant le numero de bande Pim. afin
d'affecter un nombre B(p;m) bits parmi un nombre total fixe pred6termin6 de
B bits pour la fentre d'affectation aux moyens de dequantification [9(p)]
pour le b1 de signal portant le numero de bloc m de la sous-bande portant
le numero de bande p. le moyen d'affectation de bits (24) comprenant: - un
moyen comparateur (28) pour comparer, dans chaque fen8tre d'affectation,
les parametres -1'5          caract6ristiques G(p;m) aux seulls respectifs
T(p) pour les sous-bandes portant le numero de bande p et pour produire des
signaux de comparateur binaire respectifs C(p;m) ayant une premiere valeur
C(p;m)='1" pour un paramrtre G(p;m) non infeuleur au seull T(p) et une
seconde valeur C(p;m) = "o" dans le cas oppos6, ces seulls T(p) 6tant on
relation avec les seulls du systeme auditif humain permettant juste de
percevoir des tonalit6s simples, - des moyens (29) pour stocker un motif
d'affectation predetermin6 (B(p)} de nombres de B(p) bits de quantification
pour des sous-bandes portant des num~ros de bandes respectifs p. ces
nombres B(p) etant en relation avec les seuils pour masquer le bruit dans
les bandes critiques du systeme auditif humain par des tonalites simples au
centre des bandes critiques respectives, - un moyen (30) pour determiner un
motif d'affectation {B(p;m)) de nombres respectifs de B(p;m) 25
bits de quantification pour le bloc de signal portant le numero de bloc m
de la sous-bande portant le num6ro de bande p, en reponse au motif
d'affectation (B(p)} stocke et aux parametres caracteristiques respectifs
G(p;m), ainsi qu'aux signaux de comparateur C(p;m), le motif d'affecta-
tion (B(p;m)) dtant 6gal au motif d'affectation {B(p)} stocke si tous les
signaux de comparateur C(p;m) dans une fengtre d'affectation ont ladite
premlere valeur C(p;m)="1" et, dans le cas 10          oppos6, le motif
d'affectation {B(p;m)) etant forme en n'affectant pas de bits de
quantification aux blocs dans une fentre d'affectation comportant un signal
de comparateur de ladite seconde valeur C(p;m)="O" et on affectarit la
somme S des nombres de B(p) bits de quantification disponibles dans une
fengtre d'affectation pour les derniers blocs dans le motif d'affectation
stocke (B(p)} aux blocs dans une fenftre d'affectation comportant un signal
de comparateur de la -s          premibre valeur C(p;m) = "1 " et
presentant les valeurs les plus grandes du parametre caract6risti- quo G(p;
m), en vue d'obtenir des nombres de B(p;m) bits de quantification qui sont
supdrioetrs aux nombres correspondants de B(p) bits de quantification dans
le motif d'affectation tB(p)} stock4, - un moyen (31) pour fournir des
motifs d'affectation {B(p;m)} ainsi d6termines aux moyens de 11,~
ddquantification [9(p)]. 45 50 26    


