
EP 0 400 755 B1 Description The invention relates to a digital transmission
system having a transmitter and a receiver, the transmitter including a
coder and the receiver including a decoder, for subband coding of a digital
signal, such as a digital 5   audio signal, having a given sampling rate
[err], the coder being responsive to the digital signal, for generating a
number of M sub-band signals with sampling rate reduction, the coder
dividing the digital signal band into successive subbands of band numbers
m[err]increasing with frequency, the decoder being responsive to the M
subband signals for constructing a replica of the digital signal, this
decoder merging the subbands to the digital signal band, with sampling rate
increase. 10  The Invention also relates to a transmitter and a receiver
for use in the transmission system, a coder for use in the transmitter, a
decoder for use in the receiver, an analysis filter for use in the coder, a
synthesis filter for use in the decoder, and a digital audio signal
recording or reproducing apparatus comprising the transmitter and the
receiver respectively. A system for subband coding is known from the
article entitled "The critical Band Coder - Digital encoding 15  of speech
signals based on the perceptual requirements of the auditory system" by
M.E. Krasner, Proc. IEEE ICASSP8O, Vol. 1, pp. 327-311, 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 band- width 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 psycho acoustic
experi- 20  ments it may be expected that in a such like subband the
quantization noise will be optimally masked by the signals within this
subband when the quantizing takes account of the noise masking curve of the
human au- ditory 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 Krasner's article. The invention has for its
objectto provide a digital transmission system in which the Information
transmitted 25  via the transmission medium between the transmitter and the
receiver is divided in subbands having all ap- proximately the same
bandwidth, and which is constructed such that practically not distortion
because of ali- asing occurs in the reconstructed signal at the receiver
side, and where the coder and decoder are very effi- cient with respect to
computation time and complexity of the circuitry needed. The digital
transmission system in accordance with the with the invention is
characterized In that the coder 30  comprises analysis filter means and a
signal processing unit, the analysis filter means comprises M analysis
filters each having one Input and two outputs, the 2 M outputs on the
filters being coupled to 2 M outputs of the analysis filter means for
supplying 2 M output signals with a sampling rate [err]/M, each analysis
filter being adapted to apply two different filterings on the signal
applied to its input and to supply each of the two different filtered
versions of that input signal to a corresponding one of the two outputs,
each one of the 2M filter outputs 35  being coupled to a corresponding one
of 2M inputs of a signal processing unit, the processing unit having M
outputs coupled to M outputs of the coderforsupplying the M subband
signals, the signal processing unit being adapted to supply outputsignalson
each of M outputs, an outputsignal being a combination of at leasta number
of input signals applied to its 2M inputs, the decoder comprises another
signal processing unit and synthesis filter means, the other signal
processing unit having M inputs for receiving the M subband signals and
having 40   2 M outputs, the synthesis filter means comprising M
synthesisfilters each having 2 inputs, and one output coupled to the
decoder output, the other signal processing unit being adapted to generate
an output signal on each of its 2 M outputs, an output signal being a
combination of at least a number of input signals applied to its M inputs,
each pair of outputs of the other signal processing unit being coupled to a
pair of two inputs of a corresponding oneof the M synthesisfilters, each
synthesis filter having one output, each synthesis filter being 45  adapted
to apply different filterings on the two signals applied to the two Inputs
and to supply a combination of the two filtered signals to its output, each
output can be coupled to the output of the synthesis filter means for
supplying the replica of the digital signal having a sampling rate [err],
in that the coder is adapted to divide the digital signal band into
successive subbands having approximately equal bandwidths, and in that the
coef- ficients of each of the analysis and synthesis filters are derived
from the coefficients of a standard filter having 50   a low pass filter
characteristic with a bandwidth approximatly equal to half the bandwidth of
the subbands, and that the coefficients for the analysis filters and the
synthesis filters are derived from a standard filter having an odd number
of coefficients, that M is an even number and that for making the number of
coefficients of the standard filter equal to the number of multiplication
factors of each of the analysis and synthesis filters, zeroes are added to
the array of coefficients of the standard filter. 55      The measures
according to the invention are based on the recognition that computation
can be greatly simplified by arranging a sample rate decreaser in the form
of the first unit before the analysis filters in the transmitter and by
arranging a sample rate Increaser in the form of the second unit behind the
synthesis filters in the receiver, in that the computations are now applied
on signals with a lower sampling rate. 



2    EP 0 400 755 B1 Further, deriving the coefficients for the analysis
filters and synthesis filters from a standard filter having an odd numberof
coefficients, results in a significant reduction in computations in the
(other) processing units, in that there is a larger symmetry in the
coefficients for the (other) processing unit. It should be noted that the
publication "Digital filtering by polyphase network. application to
sample-rate 5   alteration and filter banks" by M.G. Bellangeret al. in
IEEE Trans. on ASSP, Vol. 24, No. 2, April 1976, pp. 109- 114 discloses a
system in which a digital signal is divided into a number of subbands by
means of a number of filters, the said filters being preceded by a sample
rate decreaser. Such a construction simplifies compu- tation in the filters
in that signal processing in these filters can be applied to signals having
a decreased sam- pling rate. 10      The transmitter in the known system
however does not generate subbands of substantially equal band- widths, in
that the lowest subband in the known system has a bandwidth of half the
bandwidth of the other bandwidths. Moreover the filters and the processing
unit in the known system differ from the filters and the processing unit in
the system according to the invention in that the filters apply two
different filterings on the signals applied to their apply two different
filterings on the signals applied to their inputs Instead of one, such 15
as in the known system. This makes the content of the information transfer
between the filters and the proc- essing unit according to the Invention
twice of that in the known system. This makes it possible, by making use of
a proper choice forthe filtercoefficients in the filters, as well as by
choosing an appropriate construction of the processing units at the
transmitter and the receiver side, to realize a reconstructed signal at the
receiver side that is practically devoid of any distortion because of
aliasing. Contrary to this, the reconstructed signal 20  in the known
system is always subject to aliasing distortion, even forthe most optimal
construction of thefilters and the processing units. It should further be
noted that EP 190.796 Al discloses a coder comprising analysis filter means
and a signal processing unit and a decoder comprising an other signal
processing unit and synthesis filter means. The known coder and decoder
differ from the coder and decoder claimed in that no information is given
as to 25  how to obtain the multiplication values for the analysis or
synthesis filters in the case that M Is even, and the number of
coefficients in the standard filter is odd. Various embodiments of the
analysis and synthesis filters are possible. In one embodiment the system
on the transmitter side may be characterized in that each analysis filter
comprises a series arrangement of delay sections having equal delay (T),
the input of the filter being coupled 30  to the input of the first delay
section, outputs of at least a number of odd numbered delay sections in the
series arrangement being coupled to corresponding inputs of a first signal
combination unit, outputs of least a number of even numbered delay sections
in the series arrangement being coupled to corresponding inputs of a second
signal combination unit, outputs of the first and second signal combination
unit being coupled to the first and second output respectively of the
filter. Preferably, the outputs of odd numbered delay sections being
coupled 35  to inputs of the first signal combination unit only, and
outputs of even numbered delay sections are coupled to inputs of the second
signal combination unitonly. In another embodiment, the system may be
characterized in that each analysis filter comprises two series
arrangements of delay sections having equal delay (2T), the input of the
filter being coupled to the inputs of the first and at least a number of
other delay sections in each series arrangement, the outputs of the two
series arrangements being coupled to the first and second output 40  of the
filter respectively, a further delay section having a delay (1) that equals
half the delay of the delay sec- tions in the series arrangements, being
coupled in the signal path from the input to the second output of the
filter, the said further delay section not being Included in the signal
path from the inputto the first output of the filter. One the receiver
side, the system may be characterized in that each synthesis filter
comprises two series 45   arrangements of delay sections, having equal
delay (2T), the first and second inputs of the filter being coupled to an
input of the first delay section of the first and second series arrangement
respectively, outputs of at least a number of delay sections in the first
series arrangement being coupled to corresponding Inputs of a signal
combination unit, outputs of at least a number of delay sections in the
second series arrangement also being coupled to corresponding inputs of the
signal combination unit, an output of the signal combination unit being 50
coupled to the filter output, a further delay section having a delay (T)
that equals half the delay of the delay sections in the series
arrangements, being coupled in the signal path from the second input to the
output of the filter, the said further delay section not being included in
the signal path from the first input to the output of the filter. 



In another embodiment, the system may be characterized in that that each
synthesis filter comprises a series 55   arrangement of delay sections
having equal delay (T), the first input of the filter being coupled to
inputs of at least a number of odd numbered delay sections in the series
arrangement, the second input of the filter being coupled to inputs of at
least a number of even numbered delay sections in the series arrangement,
the output of the last delay section being coupled to the output of the
filter. Preferably, the first filter input is coupled to 3    EP 0 400 755
B1 inputs of odd numbered delay sections only, and the second filter input
is coupled to inputs of even numbered delay sections only. Also various
embodiments of the signal processing unit in the transmitter and the other
processing unit in the receiver are possible. In one embodiment the signal
processing unit comprises M signal combination 5   units, each having an
output coupled to a corresponding one of the M outputs of the signal
processing unit, in that for each signal combination unit, at least a
number of Inputs of the 2M inputs of the processing unit are coupled to
corresponding inputs of the said signal combination unit via corresponding
multiplication units. The corresponding other signal processing unit on the
receiver side then comprises 2M signal combination units, each having an
output coupled to a corresponding one of the 2M outputs of the processing
unit, In that for 10  each signal combination unit, at least a number of
inputs of the M inputs of the processing units are coupled to corresponding
inputs of the said signal combination unit, via corresponding
multiplication units. On the transmitter side the system may be further
characterized in that the two outputs of each analysis filter are each
coupled to their corresponding Inputs of the signal processing unit via a
corresponding signal amplification unit, both amplification units being
adapted to amplify the signals applied to their inputs by the 15  same
complex value, the complex values preferably being differentfor
amplification units coupled to different analysis filters. In addition each
output of the processing unit may be coupled to its corresponding output of
the coder via a series arrangement of a signal amplification unit and real
value determinator, the signal am- plification unit being adapted to
amplify the signal applied to its input by a complex value. On the
receiverside, the system may befurthercharacterized In thatthetwooutputs of
each pairof outputs 20  of the other signal processing unit are each
coupled to their corresponding input of a synthesis filter via a cor-
responding signal amplification unit both amplification units being adapted
to amplify the signals applied to their inputs by the same complex value,
the complex values preferably being different for amplification units
coupled to different synthesis filters. In addition the M inputs of the
decoder may be coupled to their corresponding one of the M inputs of the 25
other processing unit via a signal amplification unit the signal
amplification unit being adapted to amplify the signal applied to its input
by another complex value. The invention will now be explained further with
reference to a number of embodiments in the following figure description.
The figure description discloses in figure 1 an embodiment of the
transmission system in accordance with the invention, in the form of a
block 30      diagram, figure 2 the realization of the sample rate increase
by means of the first unit, figure 3 and 4 two embodiments of the analysis
filter in the system, figure 5 and 6 two embodiments of the synthesis
filter in the system, figure 7 an embodiment of the signal processing unit
in the transmitter or the other signal processing unit 35     in the
receiver, figure 8 another embodiment of the transmitter in the system,
figure 9 another embodiment of the receiver in the system, figure 10 the
derivation of the coefficients of the analysis filters in the receiver,
figure 11 another example of the processing unit in the transmitter, or the
other signal processing unit in 40     the receiver, figure 12 a digital
signal recording apparatus, and figure 13 a digital signal reproduction
apparatus. Figure 1 discloses a block diagram of the digital transmission
system. The system has an input terminal 1 coupled to an input 2 of a first
unit 3, for receiving a digital system IN having a given sampling rate
[err]. The 45  first unit has M outputs 4.1 to 4.M on which ouput signals
[err] are available. The first unit 3 is adapted to realize a sample rate
decrease by a factor M on the input signal IN applied to its input 2. The
functioning of the first unit 3 will be explained later with reference to
figure 2. M analysis filters 6.1 to 6.M are present, each analysis filter m
having an Input 5.m coupled to a corresponding one (4.m) of the M outputs
of the first unit 3. 



m runs from 1 to M. Each analysisfilter6.m has two outputs 7.ma and 7.mb.
Each analysisfilter(6.m) is adapt- 50  ed to apply two different filterings
on the signal [err] applied to its input (5.m) and to supply each of the
two different filtered versions of that input signal [err] to a
corresponding on of the two outputs (7.ma and 7.mb). The construction and
the functioning of the analysis filters will be explained laterwith
reference to the figures 3,4 and 10. Each one of the 2M filter outputs
7.1a, 7.1b, 7.2a, 7.2b, ..., 7.ma, 7.mb, ..., 7Ma, 7Mb are coupled to a
corresponding one of 2M inputs 8.1, 8.2, ..., 8M, 8M+1, ..., 8.2M of a
signal processing unit 9. The proc- 55  essing unit 9 has M outputs to 10.1
to 10.M. The processing unit 9 is adapted to supply different output
signals on each of its M outputs, an output signal being a combination of
at least a number of input signals applied to its 2M inputs. The
construction and functioning of the signal processing unit 9 will be
explained later with reference to 4    EP 0 400 755 B1 the figures 7 and 8.
If theoutputs 10.1 to 10.M are identical to the M outputs of thefilter
means, then this means that the signal processing unit 9 supplies the M
subband signals [err] each subband signal [err] being avail- able on a
corresponding one (10.m) of the M outputs of the processing unit 9. The
input signal IN applied to the input 1 and having a sampling rate of [err],
occupies a bandwidth equal to 5   [err]. Division of the signal bandwidth
by a factor of M this means that the bandwidth of the subbands [err] all
equal [err]/2M, see figure 10c, [err] In figure 1 being a down sampled
version of the signal present in subband [err]being a down sampled version
of the signal present in subband[err] etc. The M subband signals can, if
necessary, further be processed, e.g. in an additional quantizer(notshown),
in which an (adaptive) quantization can be applied on the signals In order
to realise a significant reduction in 10  bit rate. Examples of such
quantizers can e.g. be found In the published European patent application
No. 289.080. The signal processing described above is carried out on the
transmitter side of the transmission system. The transmitter in the system
thus at least include the elements with reference numerals 3, 6.1 to 6.M
and 9, and, if present, the quantizer. 15      The signals generated in the
transmitter are supplied via a transmission medium, schematically Indicated
by reference numeral 11 in figure 1, to the receiver. This might make the
application of a further channel coding of the signal necessary, in order
to make an error correction possible at the receiver side. The transmission
via the transmission medium 11 can be in the form of a wireless
transmission, such as e.g. a radiobroadcast channel. However also other
media are well possible. One could think of an optical transmission via
optical 20  fibres or optical discs, or a transmission via magnetic record
carriers. The information present in the M subbands can be transmitted In
parallel via the transmission medium, such as Is disclosed in figure 1, or
can be transmitted serially. In that case time compression techniques are
needed on the transmitter side to convert the parallel data stream into a
serial data stream, and corresponding time expansion techniques are needed
on the receiver side to reconvert the data stream into a parallel date 25
stream, so that the M subband signals [err] can be applied to respective
ones of the M inputs 12.1 to 12.M of another processing unit 13. The
processing unit 13 has 2M outputs 14.1 to 14.2M. The other signal proc-
essing unit 13 is adapted to generate an output signal on each of its 2M
outputs, an output signal being a com- bination of at least a number of
input signals applied to its M inputs. The construction and functioning of
the other signal processing unit 13 will be explained later with refer- 30
ence to thefigures 7 and 9. Pairs of outputs, such as 14.1 and 14.2, of the
other processing unit 13 are coupled to pairs of inputs, such as 15.la and
15.1b, of a corresponding one of M synthesis filters 16.1 to 16.M. Each
synthesis filter 16.m has one output 17.m. The synthesis filters are
applied to apply different filterings on the two signals applied to their
two inputs and to supply a combination of the two filtered signals to their
output. The construction and functioning of a synthesis filter will be
explained later with reference to the figures 5, 6 35  and 10. The output
(1 7.m) of each synthesis filter (16.m) is coupled to a corresponding one
(18.m) of M inputs 18.1 to 18.M of a second unit 19. An output 20 of the
second unit is coupled to an output 21 of the transmission system. The
functioning of the second unit 19 will be explained later with reference to
figure 2. The receiver in the system includes at least the elements with
reference numerals 13, 17.1 to 17.M and 19. 40     If the subband signals
have been quantized at the transmitter side, a corresponding dequantizer
will be needed in the receiver. Such a dequantizer should be coupled before
the other signal processing unit 13. Ex- amples of such dequantizers can
also be found in the previously mentioned European patent application No.
289.080. The signal processing at the receiver side need to be such that
signals [err] are present at the 



outputs of the synthesis filters 16.1 to 16.M, and that a reconstructed
signal OUT is present at the output ter- 45  minal 21 which, In the ideal
case, equals the input signal IN, applied to the input terminal 1. Figure 2
discloses the functioning of the first and second units 3 and 19
respectively. The signal IN applied to the input terminal 1 is given
schematically in figure 2(a) as a function of time. Figure 2a discloses the
samples from which the Input signal IN is built up. It discloses only the
location of the samples in time, notthe amplitude of the samples. The
samples are located a time Interval [err], which equals 50   [err], apart.
The sampling rate of the input signal thus equals [err]. In the example of
figure 2, it is assumed that M equals 8. The signals given In figure 2b to
2i (again only the locations in time, not the amplitudes are given)
disclose the signals [err] present at the outputs 4.1 to 4.8 respectively
of the unit 3. The unit 3 acts in fact as a commutator in that it
distributes the each time eight samples contained in consecutive imaginary
blocks cyclically to the eight outputs, see also the commutator 3 in figure
8. 55      From figure 2 it is clear that the output signals available at
the M outputs of the unit 3 have a sampling rate of [err]M. The samples in
the output signals are now spaced a time interval T, which equals M.T.,
apart The reconstruction of the output signal OUT in the second unit 19
will be explained hereafter. The unit 19 can also be considered to be a
commutator, in that it cyclically couples each of the M inputs 18.1 to 18.8
with    EP 0 400 755 B1 the output 20. In this case, samples occur after
each other at the inputs 18.1 to 18.M, in this order, and are applied to
the output 20 by the commutator 19. This is shown more clearly by the
commutator 19 in figure 9. The first unit can also be built up in a
different way, namely by making use of a delay line having tappings at the
correct locations along the said delay line. These tappings are then
coupled to inputs of decimators, 5   that bring the sampling rate down to
the correct value. It is even possible to combine the first unit and the
analysis filters, expecially by making use of the delay line in the first
unit for (a part of) the delay line(s) in the analysis filters, which is
well known in the art The same reasoning is in fact valid for the second
unit 19. In this case interpolators are needed in order to realise the
sample rate increase. 10      Figure 3 discloses a first embodiment of an
analysis filter 6.m. An input 30 of the analysis filter, which equals the
input 5.m In figure 1, is coupled to a series arrangement 31 of delay
sections, having equal delays T. Outputs of the odd numbered delay sections
32.1, 32.3, ..., 32.n are coupled to Inputs of a first signal com- bination
unit 33. Outputs of the even numbered delay sections 32.2 32.4, ..., are
coupled to Inputs of a second signal combination unit 34. Outputs of the
first and second combination units 33 and 34 form the first and sec- 15
ond output 35.1 and 35.2 respectively of the analysis filter 6.m. They
equal the outputs 7.mb and 7.ma, re- spectively in fig. 1. The input 30 of
the filter 6.m is coupled to an input of the second signal combination unit
34 via a multiplication unit 36.1. This multiplication unit multiplies the
signals (samples) applied to its input by a factor of [err]. The outputs of
the odd numbered delay sections are coupled to the inputs of the signal
com- bination unit 33 via multiplication units 38.2, 36.4, ..., 36.n-1 and
36.n+1. They multiply the signals (samples) 20  applied to their respective
units by respective factors of [err] The outputs of the even numbered delay
sections are coupled to the inputs of the signal combination unit 34via
multiplication units 36.3,36.5, 38.n. They multiply the signals (samples)
applied to their respective inputs by respective factors of [err] In a more
general definition of the signal combination units, these multiplication
units can be considered as being included in the signal combination units.
In that case, the signal combination units not only realize a sum- 25
mation of the signals applied to their inputs, but they realize a weighted
combination (summation) of these sig- nals. It is evident that, in the case
that a multiplication unit has a factor [err] that equals zero, the
coupling from the delay section to the signal combination unit including
the said multiplication unit is dispensed with. It is fur- ther evident
that, in the case that the said multiplication unit has a factor [err] that
equals one, the multiplication unit is dispensed with, so that the coupling
is a direct coupling. 30      Figure 4 shows anotherembodimentforthe
analysis filter 6.m. Although the circuit construction of the filter in
figure 4 is different from the circuit construction of the filter of figure
3, it can carry out the same functioning and the same filterings, when some
conditions are met. The filter of figure 4 Includes two series arrangement
40 and 41 of delay sections having equal delay (2T). The input 30 of the
filter is coupled to inputs of the delay sections in the series arrangement
40 via multiplication units 42.1 to 42.p-1 respectively and with the output
35   35.2 of the filter via a multiplication unit 42.p. That means that the
series arrangement 40 includes p-1 delay sections 44.1 to 44.p-1. The Input
30 of the filter is further coupled to inputs of the delay sections in the
series arrangement 41 via multiplication units 4.1 to 43.q-1, and further
with the output 35.1 of the filter via a multi- plication unit 43.q. That
means that the series arrangement 41 includes q-1 delay sections 45.1 to
45.q-1. The multiplication units 42.1 to 42.p multiply their input signals
by a factor [err]respectively. The mul- 



40  tiplication units 43.1 to 43.q multiply their input signals by a factor
[err] respectively. Signal combination units 46.1 to 46.p-1 are coupled to
the outputs of the delay sections 44.1 to 44.p-1 of the series arrangement
40. Signal combination units 47.1 to 47.q-1 are coupled to the outputs of
the delay sections 45.1 to 45.q-1 of the series arrangement 41. The output
of the combination unit 47.q-1 is coupled to the filter output 35.1 via an
additional delay section 48 having a delay T that equals half the delays of
the delay sections In the series ar- 45  rangements. The delay section 48
could have been provided somewhere else in the signal path from the input
30 to the output 35.1, provided that this delay section is not included in
the signal path from the input 30 to the output 35.2. What has been
saidwith reference tofigure 3 in the casethata multiplication unit has a
multiplication factor that equals one or zero, is of course also valid in
this case. In the latter case, let us assume that [err] would be 50  zero,
this also means thatthe corresponding signal combination unit46.1 thatwould
otherwise have been cou- pled to the output of the relevant multiplication
unit 42.2 can also be dispensed with. This means that the delay section
44.1 is directly connected to te delay section 44.2, or they can be
combined into a delay section having a delay of 4T. Under certain
conditions the filter of figure 4 functions the same and realizes the same
filterings on the 55  Input signal, as the filter of figure 3. The
conditions for this are: p=q=(n+1)/2,[err] In this case, it is assumed that
n is an odd number. iif, however n is an even number, the number of
couplings to the combination unit 34 in figure 3 is one larger than the
number of couplings to the combination unit 33. In 6    EP 0 400 755 B1
that case the conditions are as follows: q=p-p[err] Please note that the
coupling Including the multiplication unit 36.n+1 In the filter of figure
3, where n is even, is a coupling from the output of the series arrangement
31 to the signal combination unit 341 5      Figure 5 shows a
synthesisfilter 16.m having two inputs 50.1 and 50.2 and one output 51. The
inputs equal the Inputs 15 ma and 15.mb and the output equals the output
17.m in fig. 1. The synthesis filter includes two series arrangements 52
and 53 of delay sections having equal delay 2T. The filter 16.m further
includes a signal combination unit 54 and an additional delay section 55
having a delay T that equals half the delay of the delay sections In the
arrangements. The inputs 50.1 and 50.2 are coupled to 10  inputs of the
signal combination unit 54 via multiplication units 56.1 and 57.1
respectively. The series arrange- ment 52 includes p-1 delay sections 58.1
to 58 p-1. Outputs of these delaysections are coupled to correspond- Ing
inputs of the combination unit 54 via corresponding multiplication units
56.2 to 56.p. The multiplication units 56.1 to 56.p multiply their
inputsignals by a factor of[err] respectively. The series arrangement 53
includes q-1 delay sections 59.1 to 59.q-1. Outputs of these delay sections
are coupled to corresponding inputs of the 15  combination unit 54 via
corresponding multiplication units 572 to 57.q. The multiplication units
57.1 to 57.q multiply their input signals by a factor of [err]
respectively. The output 60 of the combination unit 54 is coupled to the
filter output 51. The delay section 55 is included between the input 50.2
and the input of the series arrangement 53. More generally, the delay
section 55 can be included somewhere in the signal path from the input 50.2
to the output 51 such that it is not included in the signal path from the
input 50.1 to the 20  output 51. Forthe filter 16.m to applythe
correctfilterings at the receiverside on the two signals applied to the
inputs 50.1 and 50.2, when the m-th filter on the transmitter side is the
filter 6.m of figure 3, the following condition should be met- [err] Again
it is assumed that n is an 25  odd number. In the same way as explained
previously it can be found thatfor n is an even number, the conditions are
as follows: q=p[err] Figure 6 shows another embodiment of the synthesis
filter 16.m, denoted by 16.m'. The filter includes a series arrangement 65
of delay sections 66.1 to 66.n, having equal delay T. The input 50.1 is
coupled to inputs 30  of even numbered delay sections, via multiplication
units 67.2, 67A, ..., 67.n+1. n is thus considered to be an odd number. The
input 50.2 is coupled to inputs of odd numbered delay sections via
multiplication units 67.1, 67.3, ..., 67.n. In order for the filter 16.m'
to carry out the correct filterings at the receiver side on the signals
applied to the Inputs 50.1 to 50.2, when the m-th filter on the transmitter
side Is the filter 6m of figure 3, the coefficients with which the
multiplication units 67.1 to 67.n.1 multiply their input signals, should be
as given 



35  in figure 6. These coefficients thus equal [err] respectively. The
choice for the coefficients [err] for the filter 6.m offigure 3 will be
furtherexplained with reference to figure 10. Figure 10(c) shows the the
filterband of the digital signal, which is [err]/2 Hz broad. The total
filterband is divided into M subbands [err] of equal bandwidth [err]/2M.
Figure 10(a) shows an imaginary or standard low 40  pass filter having a
filter characteristic of H(f) and a bandwidth [err] equal to half the
bandwidth of the subbands. Figure 10 (b) shows the impulse response of the
low pass filter H(f) as a function of time. This Impulse response is in the
form of an array of impulses at equidistant time intervals [err] spaced
apart. The Impulse response is characterized by an array of values
[err]indicating the amplitude of the impulses at the time intervals t = 0,
[err] 45      Figures 10(d) to (g) show how the multiplication factors
forthe multiplication units in the filters 6.1 to 6.M can be obtained using
the impulse response of the standard low pass filter H(f). As can be seen
the factors [err]being the multiplication factors for the multiplication
units 36.1 in the filters 6.1 to 6.M, see Figure 3, equal [err]
respectively. The factors [err] being the multiplication factors for the
multiplication units 36.2 in the filters 6.1 to 6.M, see Figure 3, equal
[err] respectively,the factors [err] equal [err] 50  to [err]respectively,
the factors [err]equal [err]to [err] respectively and so on, see especially
the filter in Fig. 10d, which filter Is worked out a little bit further.
The standard filter H(f) has an odd number of impulses. This means that the
filter has an odd number of coefficients [err] The advantage of this will
be made clear later. Figure 7 shows an embodiment of the processing unit 9.
The processing unit 9 includes X signal combin- 55  ation units 70.1 to
70.X. Y Inputs, 71.1 to 71.Y, of the signal processing unit 9 are coupled
via corresponding multiplication units 72.11 to 72.1Y to corresponding
inputs of the combination unit 70.1. The Y inputs of the processing unit
are also coupled to inputs of the combination unit 70.2, via corresponding
multiplication units 72.21 to 72.2Y. This goes on for all the other
combination units 70.x, where x runs from 1 to X inclusive. This 7    EP 0
400 755 B1 means that the y-th input 71 .y is coupled to a corresponding
input of the x-th combination unit 70.x via a cor- responding
multiplication unit 72.xy, where y runs from 1 to Y. It will be dear thatY
equals 2M and the X equals M. The inputs 71.1 to 71 .2M correspond in that
order with the inputs 8.1 to 8.2M in figure 1. The outputs 74.1 to 74.M in
that order correspond with the outputs 10.1 to 1O.M in figure 1. The
multiplication units 72.11 to 5   72.1Y, 72.21 to 72.2Y, 72.31 to 72.3Y,
... 72.X1 to 72.XY multiply their input signals by a factor of [err]
[err]respectively. The factors [err] can be calculated, using the following
formula: for y being an odd number 10                               [err]or
y being an even number with [err] As already said in the foregoing, the
impulse response of the standard filter H(f) in figure 10b has an odd num-
15  ber of impulses, and thus an odd number of coefficients. Figure 7 will
also be used for explaining the construction and functioning of the other
processing unit 13 on the receiver side. In that case, Y equals M and X
equals 2M. In this case the inputs 71.1 to 71.M, in that order, correspond
to the inputs 12.1 to 12.M in figure 1 and the outputs 74.1 to 74.2M, in
that order, correspond to the outputs 14.1 to 14.2M in figure 1. The
factors [err] for the processing unit 13 can be calculated, using the 20
following formula: [err]  for x being an even number 25 with [err] for an
odd number of coefficients in the Impulse response of H(f) in Fig. 10b. By
using these coefficients [err]In the processing units on the transmitter
and the receiver side, one realizes 30   a transmission system that Is
practically fully devoid of any aliasing distortion. This in fact also
requires band- width constraints imposed on the frequency transfer function
of the standard filter. Preferably, the transition bandwidth of the said
filter should not exceed Fs/4M. A numerical example is given in the table I
for the coef- ficients for the processing unit 9 and in table 11 for the
coefficients for the other processing unit 13, where M has been taken equal
to 8, with the assumption that the impulse response H(f) in Fig. 10b has an
odd number 35  of coefficients. Table III includes the
correspondingfiltercoefficientsforthe eightanalysis filters 6.m. The coef-
ficients for the corresponding synthesis filters 16.m can be derived from
the coefficients in table III, in the way as explained with reference to
Figures 5 and 6. Further the tables IV and V give the coefficients [err]
for the 



processing unit 9 and the other processing unit 13 and the table VI the
coefficients a for the eight analysis filters 6.m, in thecasethatthose
coefficientswould have been derivedfromthe impulse response ofastandard 40
filter H(f) including an even number of coefficients. From table I and 11,
for the situation where the standard filter has an odd number of
coefficients, it is clear that there is a large symmetry in the
coefficients for the processing units. A large number of coefficients in
one table is equal to each other, or differ only by its sign. This makes a
large reduction in multiplying capacity possible. This contrary to the
tables IV and V, for the sit- uation where the standard filter has an even
number of coefficients. Here the coefficients differ much more 45  from
each other. As already explained, table III includes the filter
coefficients derived from a standard filter having an odd num- ber of
impulses in the Impulse response function. This is a filter that generates
127 impulses upon application of one input impulse, and which filter
includes 127 filter-coefficients. The table however includes 128 coeffi-
cients. This has been realized by adding one zero as the first coefficient
ho, see the value for [err] in table l1l. 50   Table VI has been obtained
from a standard filter having an even number of (128) coefficients. In both
cases, the impulse response of the standard filter are symmetrical. That
means that two coefficients lying symmet- rically around the middle are
equal, except for their signs. This middle is for the odd numbered case at
the lo- cation in time of the impulse [err]. This means that [err]equals
[err]equals [err] [err]equals [err]equals [err] equals [err] equals h122 55
[err]equals [err]equals [err] equals [err] and so on. All equalities except
for their signs. [err] which is [err] stands alone, see for this table Ill.
The middle for the even numbered case is at a location exactly halfway
between [err] This means that [err] equals [err] equals [err] equals [err]
8    EP 0 400 755 B1 [err] equals [err] equals [err] equals [err] [err]
equals [err]equals [err] and so on ... until [err] equals [err] All
equalities except for their signs. 5      If there is a greater discrepancy
than one, as explained above for the standard filter with an odd number of
coefficients, between the number of coefficients in the standard filter and
the coefficients a needed for the analysis (and synthetis) filters, then
zeros should be added symmetrically starting from the outside and going to
the inside. Figure 8 shows an embodimentof the transmitter, which divides
the inputsignal into eight subband signals. 10  The output 7.1a and 7.1b of
the analysis filter 6.1 are coupled to Inputs of a corresponding
amplification unit 80.1 and 81.1 respectively. The amplification units 80.1
and 81.1 amplify their input signals with a complex factor [err] that is
the same for both units 80.1 and 81.1. The outputs of these units 80.1 and
81.1 are coupled to inputs 85.1 and 85.9 respectively of a processing unit
82. The outputs 7.2a and 7.2b of the filter 6.2 are coupled to inputs of a
corresponding amplification unit 80.2 and 81.2 respectively. They both
amplify their input 15  signals with a complex factor [err]. The outputs of
these units are coupled to inputs 85.2 and 85.10 of the proc- essing unit
82. In the same way, all the other filter outputs are coupled via
corresponding amplification units 80.3, 81.3, ..., 80.8, 81.8 to inputs
85.3, 85.11,85A, 85.12, ..., 85.8, 85.16 of the processing unit 82.
Amplifi- cation units coupled to outputs of the same filter 6.m multiplying
their input signals with the same complex value [err]. The complex values
[err] equal the following formula: 20
km = [err] The processing unit 82 carries out a 2M(=16) point IFFT (inverse
Fast Fourier Transform) on the sixteen input signals applied to the inputs
85.1 to 85.16. The construction of such a processing unit is generally
known from textbooks on digital signal processing, such as the book
"Discrete-time signal processing: an introduction" by A.W.M. van den Enden
and NA.M. Verhoeckx, Prentice Hall, see especially Chapter 5.7, the pages
143-151. 25  A 16-point IFFT has sixteen outputs. Only the first M(=8)
outputs will be used. These outputs are generally associated with the low
frequency outputs of block 82. These outputs 86.1 to 86.8 are each coupled
via a cor- responding amplification unit 83.1 to 83.8 respectively and a
real value determining device 84.1 to 84.8 re- spectively to the terminals
10.1 to 10.8 respectively thatare coupled to the transmission medium 11.
The am- plification units 83.1 to 83.8 amplify their input signals by a
complex value [err] respectively. The complex 30  value [err] equal the
following formula: [err] Where [err] need to be chosen properly and should
be chosen such that the behaviour of the circuit within the 



dashed block denoted by9' equals the behaviourof the circuit as described
with reference to figure 7 and stable I or table IV. The advantage of the
processing unit of f igure 8 is that it can realize the functioning as
explained 35  with reference to figure 7 for an even as well as odd number
of coefficients of H(f). In that case, only the values [err] need to be
chosen differently. In general the complex values differ from each other
for different values of m. Figure 9 shows an embodiment of the receiver
that can cooperate with the transmitter of figure 8. The terminals 12.1 to
12.8 are coupled to the first M(=8) inputs 92.1 to 92.8 respectively of a
processing unit 91 40  via corresponding amplification units 90.1 to 90.8
respectively. These amplification units amplify their input signals by a
factorof [err]respectively. The processing unit 91 carries out a 2M(=16)
point FFT. Construc- tions of such units can also be found in the
previously mentioned book of Van den Enden et al. Such units have 16
inputs. This means that a value of zero will be applied to the second M(=8)
inputs 92.9 to 92.16 of the processing unit 91. Pairs of two outputs 93.1
and 93.9, 93.2 and 93.10, ..., 93.8 and 93.16 are coupled to the 45  two
inputs of corresponding filters 18.1, 16.2, ..., 16.8 via corresponding
amplification units 94.1 and 95.1 re- spectively, 94.2 and 95.2
respectively, ..., 94.8 and 95.8 respectively. Amplification units 94.m and
95.m am- plify their input signals by equal complex values of km'. The
complex values [err] equal the following formula: [err] 50  The complex
values Vm' equal the following formula: Vm = (exp (-[err] where [err] need
to be chosen properly and should be chosen such that the behaviour of the
circuit within the block 13' indicated by dashed lines equals the behaviour
of the circuit as described with reference to figure 7 and table 11 or
table V. The advantage of the other processing unit of figure 9 is that it
can also realize the func- 55  tioning as explained with reference to
figure 7 for an even as well as an odd number of coefficients for H(f). In
that case, only the values [err] need to be chosen differently. Fig. 11
shows again another embodiment of the signal processing unit 9 of figure 1,
denoted by 9". The processing unit 9" has switching means 100, and M signal
combination units, of which only the first two are 9    EP 0 400 755 B1
shown and have the reference numberals 102 and 103, respectively. The
inputs 8.1 to 8.2M of the processing unit 9" are coupled to the 2M inputs
of the switching means 100. These means 100 have one output 101 which is
coupled to the inputs of all signal combination units. Only the couplings
to the inputs 104 and 105 of the combination units 102 and 103 are given.
The outputs of the M combination units are the outputs 10.1 to 10.M 5   of
the processing unit9". Each combination unit hasa multiplication unit 106,
a memory 107 having 2M storage locations, an adder 108 and an accumulating
register 109. The switching means 100 are adapted to arrange each time the
samples in blocks of 2M samples that occur more or less at the same instant
at the 2M Inputs 8.1 to 8.2M, each sample at one input, in a serial fashion
at the output 101. The contents of the memory 107 for the combination unit
102 and 103 are given in figure 11. 10  The multiplication factors [err]
contained in the said memories equal the corresponding factors in the
processing unit 9 in figure 7. The processing unit 9 and 9" should of
course carry out the same processing on the signals applied to their
inputs. The memory 107 is controlled in such a way that it supplies the
factor [err] to the input 111 of the multiplication unit 106, when the
switching means 100supply the sample that occurred at the input 8.1 to the
input 112 of the unit 106. The contents of the register 109 is zero at this
15 moment, so that after the multplication the result is stored in the
register 109. Next, the sample that occurred atthe input82 is applied to
the input 112 and thefactor [err] is applied tothe input 111 of the unit
106, and they are multiplied with each other. By means of the adder 108,
the result of this multiplication, that is applied to the Input 113 of
adder 108, is added to the contents of the register 109, that is applied to
the input 114 of the adder 108, and stored in the 20  register 109. This
processing continues for the multiplication with all the 2M factors
contained In the memory 107. More- over this processing is carried out in
parallel In the other combination units, such as unit 103. After the 2M-th
multiplication, the result of this multiplication is added to the contents
in the register. The contents then obtained is supplied to the output 10.1,
by storing It in an additional buffer memory 110. Next, 25  the contents of
the register 109 is set to zero and a next cycle of 2M multiplications can
begin. It Is evident that the other processing unit 12 can be built up in
the same way. Such processing unit comprises 2M signal combination units,
such as the unit 102 in figure 11, will the difference that the memory 107
now contains M 



factors [err] for the memory 107 in the unit 103. Further the switching
means 100 are dif- ferent, in that they have M inputs 12.1 to 12.M and that
they arrange each time the samples in consecutive 30  blocks of M samples
that occur more or less at the same instant at the M inputs 12.1 to 12.M,
each sample at one input, in a serial fash and the output 101. Further the
register 109 is now set to zero after the M-th multi- plication. Figures.
12 and 13 show a transmission via magnetic record carriers. Figure 12 shows
a digital signal re- cording apparatus, which Includes the transmitter as
shown in figure 1. The apparatus further includes record- 35  ing means 120
having M inputs 121.1 to 121.M, each one coupled to a corresponding one of
the M outputs of the signal processing unit 9. The apparatus is for
recording a digital audiosignal to be applied to the input 1 on a magnetic
record carrier 122 by means of at least one magnetic recording head 123.
The recording means 120 can be an RDAT type of recording means, which uses
the helical scan recording principle to record the signal [err]slank tracks
lying next to each other on the record carrier, in the form 40  of a
magnetic tape. In that case it might be necessary for the recording means
120 to Incorporate means to realize a parallel-to-serial conversion on the
signal applied to the inputs 121.1 to 121.M. The recording means 120 can
equally well be an SDAT type of recording means, in which the signals [err]
to [err] to be recorded are divided over a number of tracks, the said
number of tracks not necessarily being equal to M, lying in parallel on,
and in the length direction of the record carrier Also in this case it
might be necessary 45  to realize parallel-to-serial conversion on the
signals, e.g. if the number of tracks is less than M. RDAT and SDAT type of
recording means are well known in the art and can e.g. be found in the book
"The art of digital audlo" by J. Watkinson, Focal press, London, 1988.
Therefore no further explanation is needed. Figure 13 shows a digital
reproduction apparatus, which includes the receiver as shown in figure 1.
The apparatus further includes reproducing means 124 having M outputs 125.1
to 125.M, each one coupled to one 50  of the inputs 12.1 to 12.M of the
other signal processing unit 13. The apparatus is for reproducing the
digital signal, as it is recorded on the record carrier 122 by means of the
apparatus of figure 12. Therefore the reproducing means 124 comprise at
least one read head 126. The reproducing means can be an RDAT or SDAT type
reproducing means. For a further explanation of the repro- ducing means in
the form of an RDAt or SDAT type reproducing means, reference is made to
the previously 55   mentioned books of J. Watkinson. It should be noted
that the Invention is not limited to the embodiments disclosed herein.
The-invention equally applies to those embodiments which differ from the
embodiments shown in respects which are not relevant to the invention. As
an example, the present Invention can be equally well applied in
apparatuses such 10    EP 0 400 755 B1 as they are described in the
Netherlands Patent applications 88.02.769 and 89.01.032, which both
correspond to European patent application no 372601 and in which at least
two signals are combined into a composite signal, are transmitted, and are
split up in at least two signals at the receiver side. 5 Claims 1. Adigital
transmission system having a transmitterand a receiver, the transmitter
including a coder (3,6,9) and the receiver including a decoder (13,16,19),
for subband coding of a digital signal, such as a digital 10      audio
signal, having a given sampling rate [err], the coder being responsive to
the digital signal, for gener- ating a number of M sub-band signals with
sampling rate reduction, the coder dividing the digital signal band into
successive subbands of band numbers m[err] increasing with frequency, the
decoder being responsive to the M subband signals for constructing a
replica of the digital signal, this decoder merging the subbands to the
digital signal band, with sampling rate increase, wherein the coder (3,6,9)
15      comprises analysis filter means (3,6) and a signal processing unit
(9), the analysis filter means comprises M analysis filters (6.1 to 6.M)
each having one input and two outputs, the 2 M outputs of the filters being
coupled to 2 M outputs of the analysis filter means for supplying 2 M
output signals with a sampling rate [err], each analysis filter (6.1) being
adapted to apply two different filterings on the signal applied to its
input (5.1) and to supply each of the two differentfiltered versions of
that input signal to a corresponding 20      one of the two outputs (7.1a,
7.1b), each one of the 2M filter outputs being coupled to a correpsonding
one of 2M inputs (8.1 to 8.2M) of a signal processing unit (9), the
processing unit having M outputs (10.1 to 10.M) coupled to M outputs of the
coder for supplying the M subband signals, the signal processing unit being
adapted to supply output signals on each of M outputs, an output signal
being a combination of at least a number of input signals applied to its 2M
inputs, the decoder (13,16,19) comprises another 



25      signal processing unit (13) and synthesis filter means (16,19) the
other signal processing unit having M inputs (12.1 to 12.M) for receiving
the M subband signals and having 2 M outputs (14.1 to 14.2M), the synthesis
filter means comprising M synthesisfliters (16.1 to 16.M) each having 2
inputs, and one output (20) coupled to the decoder output, the other signal
processing unit (13) being adapted to generate an output signal on each of
its 2 M outputs, an output signal being a combination of at least a number
of input 30      signals applied to its M inputs, each pair of outputs
(14.1,14.2) of the other signal processing unit being coupled to a pair of
two inputs (15.1a,15.1b) of a corresponding one of the M synthesis filters
(16.1 to 16.M), each synthesis filter (16.1) having one output (17.1), each
synthesis filter being adapted to apply different filterings on the two
signals applied to the two Inputs and to supply a combination of the two
filtered signals to its output, each output can be coupled to the output of
the synthesis filter means for 35      supplying the replica of the digital
signal having a sampling rate Fs, in that the coder is adapted to divide
the digital signal band into successive subbands (B1, B2, ...) having
approximately equal bandwidths, char- acterized in that the coefficients of
each of the analysis and synthesis filters are derived from the coef-
ficients of a standard filter (H(f)) having a low pass
filtercharacteristicwith a bandwith approximatly equal to half the
bandwidth of the subbands, and that the coefficients for the analysis
filters and the synthesis 40      filters are derived from a standard
filter having an odd number of coefficients, that M is an even number and
that for making the number of coefficients of the standard filter equal to
the number of multiplication factors of each of the analysis and synthesis
filters, zeroes are added to the array of coefficients of the standard
filter. 45  2. A digital transmission system as claimed in Claim 1,
characterized in that the analysis filter means (3,6) comprises a first
unit (3) having an Input (2) coupled to the input (1) of the coder, for
receiving the samples of the digital signal and M outputs (4.1 to 4.M) for
supplying M output signals with a sampling rate of [err] the first unit (3)
being adapted to supply to the M outputs each time M samples that occur in
consecutive blocks of M samples of the digitized input signal, such that
the m-th sample of each block is supplied to 50      the m-th output, each
of the M outputs being coupled to an input of a corresponding one of M
analysis filters (6.1 to 6.M), the synthesis filter means (16,19)further
comprising a second unit (19) having M inputs (18.1 to 18.M) coupled to the
M outputs of the synthesis filters (16.1 to 16.M) and an output (20)
coupled to the output (21) of the synthesis filter means, the second unit
(19) being adapted to arrange M samples, each time when they are present at
the M inputs, one after the other in one block of consecutive blocks 55
of M samples, such that the samples received at the m-th Input are
positioned in the m-th position in the consecutive blocks, the blocks being
supplied to the output (20). 3. A system as claimed In Claim 1 or 2,
characterized in that each analysis filter (6.m) comprises a series    EP 0
400 755 B1 as they are described in the Netherlands Patent applications
88.02.769 and 89.01.032, which both correspond to European patent
application no 372601 and in which at least two signals are combined into a
composite signal, are transmitted, and are split up in at least two signals
at the receiver side. 5 Claims 1.  Adigital transmission system having a
transmitter and a receiver, the transmitter including a coder (3,6,9) and
the receiver including a decoder (13,16,19), for subband coding of a
digital signal, such as a digital 10      audio signal, having a given
sampling rate Fs, the coder being responsive to the digital signal, for
gener- ating a number of M sub-band signals with sampling rate reduction,
the coder dividing the digital signal band into successive subbands of band
numbers m([err] increasing with frequency, the decoder being responsive to
the M subband signals for constructing a replica of the digital signal,
this decoder merging the subbands to the digital signal band, with sampling
rate increase, wherein the coder (3,6,9) 15      comprises analysis filter
means (3,6) and a signal processing unit (9), the analysis filter means
comprises M analysis filters (6.1 to 8.M) each having one input and two
outputs, the 2 M outputs of the filters being coupled to 2 M outputs of the
analysis filter means for supplying 2 M output signals with a sampling rate
[err]/M, each analysis filter (6.1) being adapted to apply two different
filterings on the signal applied to its input (5.1) and to supply each of
the two different filtered versions of that input signal to a corresponding
20       one of the two outputs (7.1a, 7.1b), each one of the 2M filter
outputs being coupled to a correpsonding one of 2M inputs (8.1 to 8.2M) of
a signal processing unit (9), the processing unit having M outputs (10.1 to
10.M) coupled to M outputs of the coder for supplying the M subband
signals, the signal processing unit being adapted to supply output signals
on each of M outputs, an output signal being a combination of at least a
number of input signals applied to its 2M inputs, the decoder (13,16,19)
comprises another 



25      signal processing unit (13) and synthesis filter means (16,19) the
other signal processing unit having M inputs (12.1 to 12.M) for receiving
the M subband signals and having 2 M outputs (14.1 to 14.2M), the synthesis
filter means comprising M synthesisfilters (16.1 to 16.M) each having 2
inputs, and one output (20) coupled to the decoder output, the other signal
processing unit'(13) being adapted to generate an output signal on each of
its 2 M outputs, an output signal being a combination of at least a number
of input 30      signals applied to its M inputs, each pair of outputs
(14.1,14.2) of the other signal processing unit being coupled to a pair of
two inputs (15.1a,15.1b) of a corresponding one of the M synthesis filters
(16.1 to 16.M), each synthesis filter (16.1) having one output (17.1), each
synthesis filter being adapted to apply different filterings on the two
signals applied to the two inputs and to supply a combination of the two
filtered signals to its output, each output can be coupled to the output of
the synthesis filter means for 35      supplying the replica of the digital
signal having a sampling rate [err], in that the coder is adapted to divide
the digital signal band into successive subbands [err]having approximately
equal bandwidths, char- acterized in that the coefficients of each of the
analysis and synthesis filters are derived from the coef- ficients of a
standard filter (H(f)) having a low pass filter characteristic with a
bandwith approximatly equal to half the bandwidth of the subbands, and that
the coefficients for the analysis filters and the synthesis 40      filters
are derived from a standard filter having an odd number of coefficients,
that M is an even number and that for making the number of coefficients of
the standard filter equal to the number of multiplication factors of each
of the analysis and synthesis filters, zeroes are added to the array of
coefficients of the standard filter. 45  2.  A digital transmission system
as claimed in Claim 1, characterized in that the analysis filter means
(3,6) comprises a first unit (3) having an input (2) coupled to the input
(1) of the coder, for receiving the samples of the digital signal and M
outputs (4.1 to 4.M) for supplying M output signals with a sampling rate of
[err]/M, the first unit (3) being adapted to supply to the M outputs each
time M samples that occur in consecutive blocks of M samples of the
digitized input signal, such that the m-th sample of each block is supplied
to 50      the m-th output, each of the M outputs being coupled to an input
of a corresponding one of M analysis filters (6.1 to 6.M), the synthesis
filter means (16,19) furthercomprising a second unit (19) having M inputs
(18.1 to 18.M) coupled to the M outputs of the synthesis filters (16.1 to
16.M) and an output (20) coupled to the output (21) of the synthesis filter
means, the second unit (19) being adapted to arrange M samples, each time
when they are present at the M inputs, one after the other in one block of
consecutive blocks 55       of M samples, such that the samples received at
the m-th input are positioned in the m-th position in the consecutive
blocks, the blocks being supplied to the output (20). 3.  A system as
claimed in Claim 1 or 2, characterized in that each analysis filter (6.m)
comprises a series 11    EP 0 400 755 B1 arrangement (31) of delay sections
having equal delay (T), the inputof thefilter being coupled to the input of
the first delay section (32.1), outputs of at least a number of odd
numbered delay sections (32.1, 32.3, ...) in the series arrangement being
coupled to corresponding Inputs of a first signal combination unit (33),
outputs of least a number of even numbered delay sections (32.2,32.4,...)
in the series arrange- 5       ment being coupled to corresponding inputs
of a second signal combination unit (34), outputs of the first and second
signal combination unit being coupled to the first and second output
(35.1,35.2) respectively of the filter. 4.  A system as claimed in Claim 1
or 2, characterized in that each analysis filter comprises two series ar-
10      rangements (40,41) of delay sections having equal delay (2T), the
input (30) of the filter being coupled to the inputs (44.1,45.1) of the
first and at least a numberof otherdelaysections (44.2,45.2) in each series
arrangement, the outputs of the two series arrangements being coupled to
the first and second output (35.1,35.2) of the filter respectively, a
further delay section (48) having a delay (T) that equals half the delay of
the delay sections in the series arrangements, being coupled in the signal
path from the input 15      (30) to the second output (35.1) of the filter,
the said further delay section not being included in the signal path from
the input (30) to the first output (35.2) of the filter. 5. A system as
claimed in Claim 3, characterized in that outputs of odd numbered delay
sections being cou- pled to inputs of the first signal combination unit
(33) only, and outputs of even numbered delay sections 20       being
coupled to inputs of the second signal combination unit only. 6.  A system
as claimed in Claim 3 or 5, characterized in that the outputs of the delay
sections are coupled to the corresponding inputs of the first or second
signal combination unit via multiplication units (am, 25 



7.  A system as claimed in Claim 3, 5 or 6, characterized in that the
filter input (30) is coupled to an input of the second signal combination
unit (34) via a multiplication unit (err). 8.  A system as claimed in Claim
4, characterized in that the filter input (30) Is coupled to the inputs of
the 30       delay sections (40,41) via multiplication units (err). 9.  A
system as claimed in Claim 8, characterized In that an output of a
multiplication unit (err] is coupled to a first input a signal combination
unit (46.1), a second Input of the signal combination unit being coupled to
an output of a delay section (44.1) in one of the two series arrangements,
an output of the signal com- 35       bination unit being coupled to an
Input of the next delay section (44.2) In the said series arrangement (40).
10. Asystem as claimed in Claim 4, 8 or9, characterized in that the filter
input (30) is coupled to the first and second output via a first and second
signal path respectively, thesaid first and second signals paths each
including a multiplication unit (err) and being connected in parallel to
the first and second series ar- 40      rangement respectively. 11. A
system as claimed in Claim 1 or 2, characterized in that each synthesis
filter comprises tow series ar- rangements (52,53) of delay sections,
having equal delay (2T), the first and second Inputs (50.1,50.2) of the
filter being coupled to an input of the first delay section of the first
and second series arrangement 45      respectively, outputs of at least a
number of delay sections in the first series arrangement being coupled to
corresponding inputs of a signal combination unit (54), outputs of at least
a number of delay sections in the second series arrangement also being
coupled to corresponding Inputs of the signal combination unit, an output
(60) of the signal combination unit being coupled to the filter output
(51), a further delay section (55) having a delay (T) that equal half the
delay of the delay sections in the series arrangements, 50       being
coupled in the signal path from the second input(50.2) to the ouptut (51)
of the filter, the said further delay section not being included in the
signal path from the first input (50.1) to the ouput (51) of the filter.
12. A system as claimed in Claim 1 or 2, characterized in that each
synthesis filter comprises a series ar- rangement (65) of delay sections
having equal delay (T), the first input (50.2) of the filter being coupled
55      to inputs of at least a number of odd numbered delay sections
(66.1,66.3 .... ) in the series arrangement, the second Input (50.1) of the
filter being coupled to inputs of at least a number of even numbered delay
sections (66.2,66.4,...) in the series arrangement, the ouptut of the last
delay section (66.n) being coupled to the output (15) of the filter. 12
EP 0 400 755 B1 13. A system as claimed in Claim 12, characterized In that
the first filter input being coupled to inputs of odd numbered delay
sections only, and the second filter input is coupled to inputs of even
numbered delay sections only. 5   14. A system as claimed in Claim 11,
characterized in that the outputs of the delay sections of the first and
second series arrangements are coupled to corresponding inputs of the
signal combination unit via mul- tiplication units (err). 15. A system as
claimed in Claim 11 or 14, characterized in that the first and second
filter input (50.2,50.1) 10       are also coupled to corresponding inputs,
of the signal combination unit via multiplication units [err] 16. A system
as claimed in Claim 12 or 13, characterized in that the filter inputs are
coupled to the inputs of the delay sections via multiplication units [err].
15   17. A system as claimed In Claim 16, characterized in that an output
of a signal multiplication unit (67.3) is coupled to a first input of a
signal combination unit a second input of the signal combination unit being
coupled to an output of a delay section (66.2) in the series arrangement,
an output of the signal combin- ation unit being coupled to an input of the
next delay section (66.3) in the series arrangement. 20   18. Asystem as
claimed in Claim 12,13, 16 or 17, characterized In thatthe second
filterinput(50.2) Is coupled to the filter output (51) via signal path, the
said signal path Including a multiplication unit (err) and being connected
in parallel to the series arrangement 19. A system as claimed in Claim 1 or
2, characterized in that the signal processing unit comprises M signal 25
combination units (70.1,70.2 .... ) each having an output coupled to a
corresponding one (74.i) of the M outputs of the signal processing unit, In
that for each signal combination unit, at least a number of inputs
(71.1,71.2,...) of the 2M inputs of the processing unitare coupled to
corresponding inputs of the said signal combination unit (70.1), via
corresponding multiplication units (72.11,72.12). 30   20. A system as
claimed In Claim 1 or 2, characterized in that the other signal processing
unit comprises 2M signal combination units (70.1,70.2,...), each having
coupled to a corresponding one of the 2M outputs of the processing unit in
that, for each signal combination unit (74.1), at least a number of inputs 



(71.1,71.2 ....) of the M inputs of the processing units are coupled to
corresponding inputs of the said signal combination unit (70.1), via
corresponding multiplication units (72.11,72.12). 35 21. A system as
claimed in Claim 1 or 2, characterized in that the two outputs of each
filter are each coupled to their corresponding Inputs of the signal
processing unit via a corresponding signal amplification unit (80.1,81.1),
both amplification units being adapted to amplify the signals applied to
their inputs by the same complex value (err). 40 22. A system as claimed in
Claim 21, characterized in that the complex values (err) are different for
am- plification units coupled to different analysis filters. 23. A system
as claimed in Claim 21 or 22, characterized in that each output (86.1) of
the processing unit is 45       coupled to its corresponding output (10.1)
of the coder via a series arrangement of a signal amplification unit and
real value determinator, the signal amplification unit being adapted to
amplify the signal applied to its input by a complex value. 24. A system as
claimed in Claim 1 or 2, characterized in that the two outputs (93.1,93.9)
of each pair of out- 50       puts of the other signal processing unit (1
3) are each coupled to their corresponding input of a synthesis filter
(16.1) via a corresponding signal amplification unit (94.1,95.1), both
amplification units being adapt- ed to amplify the signals applied to their
inputs the same complex value (err). 25. A system as claimed in Claim 24,
characterized in that the complex values (err) are different for am- 55
plification units coupled to different synthesis filters (16.1,16.2). 26. A
system as claimed In Claim 1 or 2, characterized in that the M Inputs of
the decoder are each coupled to their corresponding one of the M inputs of
the other processing unit via a signal amplification unit 13
(90.1,902,...) the signal amplification unit being adapted to amplify the
signal applied to its input by an- other complex value [err] 27. A system
as claimed in Claim 23 or 26, characterized in that the other complex
values are different from 5       each other. 28. Asystem as claimed in any
one of the Claims 6 to 10 and 14 to 20, characterized in thatthose
multiplication units for which the multiplication factors with which they
multiply their input signals, equal one, are dis- pensed with. 10 29. A
system as claimed In any one of the Claims 6 to 10 and 14 to 20,
characterized in that those couplings that include a multiplication unit
for which the multiplication factor with which it multiplies its input
signal, equals zero, are dispensed with. 15  30. Asystem as claimed In
Claim 1 or2, characterized in thatsignal processing unit(9") comprises
aswitching means (100) and M signal combination units (102), each of the 2
M inputs (8.1 to 8.2M) of the signal proc- essing unit being coupled to a
corresponding one of 2 M inputs of the switching means, the switching means
having one output (101) coupled to an input of each of the M signal
combination units (102), each signal combination unit comprising a
multiplication unit (106), a memory (107) having 2 M storage loca- 20
tions, an adder (108) and an accumulating register (109), the input of
thesignal combination unit and an output of the memory being coupled to a
first and second input (112,111) respectively of the multiplication unit
(108), an output of the multiplication unit and the accumulating
register(109) being coupled to a first and second input (113,114)
respectivelyofthe adder(108), the adder having an outputcoupled to an input
of the register, the ouput of the register (109) of the m-th signal
combination unit being coupled to the m- 25      th output (10.m) of the
signal processing unit (9"), the switching means (100) being adapted to a
cyclically couple each of its 2 M inputs (8.1 to 8.2M) with its output
(1oi), so as to apply each time the samples in blocks of 2 M samples that
occur at its 2 M inputs, one sample at each Input, serially to its output,
the memory (1 07) comprising 2 M multiplication factors (a), the memory
being adapted to supply in a circular fashion the2 M multiplication factors
to its output, In such a way thatthe i-th multiplication factoris supplied
30      to its output, when the switching means (100) supplies the i-th
sample of the 2 M samples in a block to its output, where i runs form 1 to
2 M, the adder (108) and accumulating register (109) being adapted to add
the result ot the i-th multiplication to the contents contained in the
accumulating register, the accu- mulating registerfurther being adpated
tosupply its contents obtained afterthe2 M-th multiplication step to the
output (10.m) of the signal combination unit and to set its contents to
zero thereafter. 35 



31. A system as claimed in Claim 1 or 2, characterized in that the other
signal processing unit comprises a switching means (100) and 2M signal
combination units (102), each of the M inputs of the other signal
processing unit being coupled to a corresponding one of M inputs of the
switching means, the switching means having one output coupled to an input
of each of the 2M signal combination units, each signal com- 40
bination unit comprising a multiplication unit (106), a memory having M
storage locations, an adder (108) and an accumulating register (109), the
input of the signal combination unit and an output of the memory being
coupled to a firstand second input respectively of the multiplication unit
(106), an output of the mul- tiplication unit and the accumulating register
being coupled to a first and second input respectively of the adder, the
adder having an output coupled to an Input of the register, the output of
the register of the i-th 45      signal combination unit being coupled to
the i-th output of the other signal processing unit where i runs from I to
2 M, the switching means being adapted to cyclically couple each of its M
inputs with its output, so as to apply each time the samples In blocks of M
samples that occur at Its M Inputs, one sample at each input, serially to
its output, the memory comprising M multiplication factors, the memory
being adapt- ed to supply in a circular fashion the M multiplication
factors to its output, in such a way that the m-th 50      multiplication
factor is supplied to its output, when the switching means applies the m-th
sample of the M samples in a block to Its output, the adder and
accumulating register being adapted to add the result of the m-th
multiplication to the contents contained in the accumulating register, the
accumulating register further being adapted to supply its contents obtained
after the M-th multiplicator step to the output (101) of the signal
combination unit and to set Its contents to zero thereafter. 55 32.
Acoderforsubband codingofadigital signal, such asa digital audiosignal,
having agiven sampling rate F8, the coder being responsive to the digital
signal, for generating a number of M subband signals with sampling rate
reduction, the coder dividing the digital signal band Into successive
subbands of band num- 14    EP 0 400 755 B1                  *    C      L
M   S bars m(err) Increasing with frequency, the coder (3,6,9) comprising
analysis filter means (3,6) and a signal processing unit (9), the analysis
filter means comprises M analysis filters (6.1 to 6.M) each having one
Inputand two outputs, the 2M outputs on the filters being coupled to 2M
outputs of the analysis filter means for supplying 2M output signals with a
sampling rate [err]/M, each analysis filter (6.1) being 5       adapted to
apply two different filterings on the signal applied to its input (5.1) and
to supply each of the two differentfiltered versions of that Input signal
to a corresponding one of the two outputs (7.1a, 7.2b), each one of the 2M
filter outputs being coupled to a corresponding one of 2M inputs (8.1 to
8.2M) of a signal processing unit (9), the processing unit having M outputs
(10.1 to 10.M) coupled to M outputs of the coder for supplying the M
subband signals, the signal processing unit being adapted to supply output
10      signals on each of M outputs, an output signal being a combination
of at least a number of input signals applied to its 2M inputs, wherein the
coder Is adapted to divide the digital signal band into successive subbands
(err) having approximately equal bandwidths, characterized in that the
coefficients of each of the analysis filters are derived from the
coefficients of a standard filter (H(f)) having a low pass filter
characteristic with a bandwidth approximately equal to half the bandwidth
of the subbands, that the 15      coefficients for the analysis filters are
derived from a standard filter having an odd number of coefficients and
that the coefficients for the analysis filters are derived from a standard
filter having an odd number of coefficients, that M is an even number and
that for making the number of coefficients of the standard filter equal to
the number of multiplication factors of each of the analysis and synthesis
filters, zeroes are added to the array of coefficients of the standard
filter. 20 33. A decoder for decoding M subband signals that have been
obtained by subband encoding a digital signal by dividing the digital
signal band in approximately equal bandwidths, the decoder being responsive
to the M subband signals for constructing a replica of the digital signal,
this decoder merging the subbands to the digital signal band, with sampling
rate increase, the decoder (13,16,19) comprising a signal proc- 25
essing unit (13) and synthesis filter means (16,19) the signal processing
unit having M inputs (12.1 to 12.M) for receiving the M subband signals and
having 2M outputs (14.1 to 14.2M), the synthesis filter means comprising M
synthesis filters (16.1 to 16.M) each having 2 inputs, and one output (20)
coupled to the decoder output, the other signal processing unit (13) being
adapted to generate an output signal on each of its 2M outputs, an output
signal being a combination of at least a number of input signals applied 30
to its M inputs, each pair of outputs (14.1 to 14.2) of signal processing
unit being coupled to a pair of two 



inputs (15.la, 15.1 b) of a corresponding one of the M synthesis filters
(16.1 to 16.M), each synthesis filter (16.1) having one output (17.1), each
synthesis filter being adapted to apply differentfilterings on the two
signals applied to the two Inputs and to supply a combination of the two
filtered signals to its output, each output can be coupled to the output of
the synthesis filter means for supplying the replica of the digital 35
signal having a sampling rate [err], characterized in that the coefficients
of each of the synthesis filters are derived from the coefficients of a
standard filter (H(f) having alow pass filter characteristic with a band-
width approximately equal to half the bandwidth ofthe subbands and thatthe
coefficients for the synthesis filters are derived from a standard filter
having an odd number of coefficients and that the coefficients for the
synthesis filters are derived from a standard filter having an odd number
of coefficients, that M is 40      an even number and that for making the
number of coefficients of the standard filter equal to the number of
multiplication factors of each of the analysis and synthesis filters,
zeroes are added to the array of coef- ficients of the standard filter. 34.
A transmitter for transmitting a digital signal, including a coder (3,6,9)
for subband coding of the digital 45      signal according to claim 32. 35.
A receiver for receiving a digital signal that have been encoded upon
transmission into a number of M subband signals by dividing the digital
signal band in subbands of approximately equal bandwidths with sampling
rate reduction including a decoder according to claim 33. 50 36. Adigital
audiosignal recording apparatusforrecording a digital audio signal on a
record carrier, comprising the transmitter as claimed in Claim 34,
characterized in that it further comprises recording means (120) having M
inputs (121.1 to 121 .M), each one of the M Inputs being coupled to a
corresponding one of the M outputs (10.1 to 10.M) of the processing unit
(9), the recording means being adapted to write the M 55      subband
signals applied to its M inputs in a track on the record carrier (122). 37.
A digital audio signal reproduction apparatus for reproducing a digital
audio signal from a record carrier, comprising the receiver as claimed in
Claim 35, characterized in that it further comprises reproducing 15    EP 0
400 755 B1             * C   L  M   S means (124) having M outputs (125.1
to 125.M), each one of the M outputs being coupled toa correspond- ing one
of the M inputs (12.1 to 12.M) of the processing unit (13), the reproducing
means being adpated to read the M subband signals from a track on the
record carrier (122). 5 Patentanspruche 1.  Digitales Cibertragungssystem
mit einem Sender und einem Empffinger, wobei der Sender elnen Coder (3,6,9)
und der Empfinger eonen Decoder (1 3,16,19) enthalt, um ein digitales
Signal Im Teilband zu co- 10      dieren, wie z.B. ein digitales
Audiosignal mit einer gegebenen Abtastfrequenz Fs, wobel der Coder zum
Erzeugen elner Anzahl von M Teilbandsignalen mit Abtastfrequenzverringerung
auf des digitale Signal anspricht, und des Dlgitalsignalband in
aufeinanderfolgende Tellbander mit Bandnummern m(1 5 m s M) unterteilt, die
mit der Frequenz anstelgen, wobel der Decoder auf die M Tellbandsignale zum
Aufbauen einerReplikdes digitalen Signals anspricht, und die Tellbanderzum
Digitalsignalband mitAbtastfrequenz- 15      anstieg kombiniert, wobel der
Coder (3,6,9) Analysefiltermittel (3,6) und eine Signalverarbeitungeelnheit
(9) enthilt, wobei des Analysefiltermittel M Analysefilter (6.1 bis 6.M)
enthalt, die je elnen Eingang und zwei Ausgange besitzen, wobel die 2M
Ausgange der Filter mit 2M Ausgangen des Analysefiltermittels
zurAuslieferung von 2M Ausgangssignalen mit einerAbtastfrequenzvon Fs/M
verbunden sind, wobel je- des Analysefliter (6.1) zum Durchflihren von zwei
verschiedenen Filterungen an dem an seinen Eingang 20      (5.1) gelegten
Signal und zum Ausliefern jedes der zwel verschiedenen filtrierten
Ausfflhrungen dieses Ausgangasignals anelnen entsprechenden Ausgang der
beiden Ausgange (7.1a, 7.1b) auagelegt ist, wo- bel jeder der 2M
Filterausginge an elnen entsprechenden Eingang der 2M ElngAnge (8.1 bis
8.2M) der Signalverarbeitungseinheit (9) angeschlossen lst, wobei die
Verarbeitungselnheit mit M Ausgangen (10.1 bis 10.M) an M Ausgange des
Coders zum Ausliefem der M Tellbandsignale angeschlossen ist, wobei die 25
Slgnalverarbeitungseinheit zur Lieferung von Ausgangssignalen an jeden der
M Ausgange ausgelegt ist, wobel ein Ausgangssignal eine Kombination
wenigstens einerAnzahl von Eingangssignalen an seine 2M Einginge ist, wobei
der Decoder (13,16,19) eine andere Signalverarbeitungseinheit (13) und el
Synthe- sefiltermittel (16, 19) besitzt, wobei die andere
Signalverarbeitungselnhelt mit M EingAngen (12.1 bis 12.M) zum Empfangen
der M Teilbandeignale und mit 2M Ausgingen (14.1 bis 14.2M) versehen Ist,
wobei 90      des Synthesefiltermittel M Synthesefilter (16.1 bis 16.M)
besitzt, die je 2 Einginge enthalten, und mitei- 



nem Ausgang (20) an den Decoderausgang angeschlossen 1st, wobel die andere
Signalverarbeltungs- elnhelt (13) zum Erzeugen eines Ausgangesignals an
jedem seiner 2M Ausginge ausgelegt let, wobei ein Ausgangssignal elne
Kombinatlonwenigstens einerAnzahl von Eingangsaignalen zu selnen M
EingIngen ist, wobel jedes Ausgingepear (14.1, 14.2) der anderen
Signalverarbeitungseinheit an ein Pearvon zwel 96      Elngangen (15.1a,
15.1b) eines entsprechenden Filters derM Synthesefilters (16.1 bls 16.M)
angeschlos- sen ist, wobel jedes Synthesefllter (16.1) aenen Ausgang (17.1)
besitzt, wobel jedes Synthesefliter zur Durchfiihrung verschiedener
Filterungen an den an die beiden Eingingen angelegten zwei Signalen und zur
Ueferung einer Kombination der zwei gefiltereten Signale an seinem Ausgang
ausgelegt ist, wobei jeder Ausgang an den Ausgang des Synthesefiltermittels
zur Lleferung der Replik des digitalan Signals 40      mit einer
Abtastfrequenz von Fs verbindbar ist, daB der Coder zum Vertbilen des
Dlgitalsignalbandes in aufeinanderfolgende Teilbander B1, B2. ....) mit
etwa gleichen Bandbtreiten ausgelegt lit, dadurch g2 kennzeichnet. daI% die
Koeffkizenten jades der Analyse- und Synthesefilter aus den Koeffizienten
eines Standardfllters (H(f)) mit elner Tlefpalfilterkennlinie mit einer
Bandbreibt von etwa gleich der Halfte der Bandbreite der Teilbander
abgeleitet sind, und dag die Koeffizientan jedes der Analyse- und Synthese-
45      filter aus den Koefflzianten aines Standardfilters
miteinerTiefpalfilterkennlinle mitelner Bandbreite etwa glelch der Hilftb
der Bandbreltb der Teilbander abgaleitst sind, und daB die Koeffizienten
fOr die Analy- sefilter und die Synthesefilter von elnem Standardfliter mit
einer ungeraden Anzahl Koeffizienten abge- leitst sind, daB M aine gerade
Anzahl Ist und dae zum Gleichmachen der Anzahl Koeffizienten des Stan-
dardfilters zu der Anzahl Multiplikationsfaktoren jedes derAnalysefilter
und Synthesefilter, zu der Reihe 50      von Koeffizienten des Standardf
liters Nullen hinzugefrlgt werden. 2.  Digitales Obertragungssystem nach
Anspruch 1, dadurch aekennzeichnet deal des Analysefiltermittel (3,6) elne
erste Einheit (3) mit elnemn an den Codereingang (1) angeschlossenen
Eingang (2) zum Emp- fangen der Abtastungen des digitalen Signals und mit M
AusgAngen (4.1 bis 4.M) zum Ausgeben von M 55      Ausgangssignalen mit
elner Abtastfrequenz von FaIM enthilt, wobel die erste Einheit (3) zum
jeweiligen Ausgeben von M Abtastungen ausgelegt ist, die in
aufeinanderfolgenden Blocken von M Abtastungen des digitalisierten
Eingangssignals derart erscheinen, dal die m. Abtastung jedes Blocks an den
m. Ausgang gelangt, wobel jeder der M Ausgange mit einem Elngang sines
entsprechenden Filters von M Analysefil- 16    EP O 400 755 B31
C   L!11   M11111  S1l ll1 tern (6.1 bis 6.M) gekoppeltist, wobel des
Synthesefiltermittel (16, 19) auierdem sine zwelts Einheit (19) mit M
Eingangen (18.1 bis 18.M) enthilt, die mit den M Ausgangen der
Synthesefilter (16.1 bis 16.M) und sin Ausgang (20) mit dem Ausgang (21)
des Synthesefiltermittels gekoppelt sind, die zweite Einheit (19) jedesmal
beimVorilegen derAbtastungen an den M Eingangen zum Ordnen von M
Abtastungen sine nach 5       der anderen in sinem Block
aufeinanderfolgender Blcke von M Abtastungen derart ausgeiegt st, daB die
am m. Elngang empfangenen Abtastungen sich an der m. Stelle in den
aufeinanderfoigenden Blocken befinden, wonach die Blocke an den Ausgang
(20) gelangen. 3.  Dlgitales Obertragungssustem nachAnspruch 1 oder2,
dadurchaekennzeichnet dagjedesAnalysefliter 10      (6.M) sine
Relhenschaltung (31) von Verz8gerungsabschnitten mit glelcher Verzagerung
(T) enthfilt, wo- bei der Filtereingang an den Eingang des ersten
Verzfgerungsabschnitts (32.1) angeschlossen !st, Aus- gange wenigstens
elner Anzahl ungeradzahliger Verzfgerungsabschnitte (32.1, 32.3, ...) in
der Reihen- schaltung an entsprechende EingAnge einerersten
Signalverknflpfungseinheit (33) angeschlossen sind, Ausgange wenigstens
elnerAnzahl geradzahligerVerz6gerungsabschnitte (32.2,32.4, ...) in der
Relhen- 15      schaltung an entsprechende Eingange elner zwelten
Signalverkniipfungseinhelt (34) angeschlossen sind, Ausginge der ersten und
der zwelten Signalverknflpfungseinheit an den ersten bzw. den zweiten
Ausgang (35.1, 35.2) des Filters angeschlossen sind. 4.  System nach
Anspruch I oder 2, dadurch pekennzelchnet, daB jedes Analysefilter zwel
Relhenschaitun- 20      gen (40,41) von Verzogerungsabschnitten mit
gleichem Verzfgerungsbetrag (2T) enthilt, wobei der Eln- gang (30) des
Filters an die ElngAnge (44.1, 45.1) der ersten und wenigatens esne Anzahl
anderer Ver- zogerungsabschnitte (44.2, 45.2) in jeder Reihenschaltung und
die Ausgange der beiden Reihenschal- tungen an den ersten bzw. zweiten
Filterausgang (35.1,35.2) angeschlossen sind, wobel sin weitererVer-
zogerungsabschnitt (48) mit einerVerz8gerung (T) gleich der Halftb
derVerzogerung derVerzagerungs- 25      abschnitte in den Reihenschaltungen
in dem Signalweg vom Eingang (30) zum zweiten Filterausgang (35.1)
verbunden 1st, wobei derweitere Verzogerungsabschnitt nicht in den
Signalweg vom Eingang (30) zum ersten Filterausgang (35.2) aufgenommen 1st
5. System nach Anspruch 3, dadurch aekennzelchnet, dam  Ausginge
ungeradzahliger Verzdgerungsab- 



30      schnitte mit Einglingen der ersten Slgnalverknipfungseinheit (33)
allein gekoppelt ist, und daB Ausginge geradzahliger Verzagerungsabschnitte
mit EingAngen der zweiten Slgnalverknflpfungselnheit allein ge- koppelt
sind. 6.  System nach Anspruch3oder5, dadurch gekennzeichnet, daB
dieAusgange derVerzogerungsabschnit- 35      to mit den entsprechenden
Eingangen der ersten oder zweiten Signaiverknipfungseinheit Ober Verviel-
fachungseinheiten (aem, a2,, ...) gekoppelt sind. 7. System nach Anspruch
3, 5 oder 6, dadurch nekennzeichnet, dall der Filtereingang (30) mit einem
Ein- gang der zweiten Signalverknflpfungselnheit (34) Ober eine
Vervielfachungseinheit (aOm) gekoppelt ist. 40 8. System nach Anspruch 4,
dadurch gekennzeichnet, daB derFiltereingang (30) mit den Eingingen derVer-
z2gerungsabschnitte (40, 41) Ober Vervielfachungseinheiten (blm, c1l1
gekoppelt sind. 9. System nach Anspruch 8, dadurch aekennzeichnet, daB ein
Ausgang einerVervielfachungseinheit (b2,) 45      mit einem ersten Eingang
elner SlgnalverknOpfungseinhelt (46.1) gekoppelt, sin zweiter Eingang der
Si- gnalverknOpfungseinheit mit einem Ausgang Sines Verz8gerungsabschnitts
(44.1) In elner derzwei Rei- henschaltungen und sin Ausgang der
Signalverknilpfungseinheit mit einem Eingang des foIgenden Ver-
zfgerungsabschnitts (44.2) in der betreffenden Reihenschaltung (40)
gekoppelt sind. 50  10. System nach Anspruch 4, 8 odor 9, dadurch
pakennzeichnet, daB der Filtreingang (30) mit dem ersten und dem zweiten
Ausgang Ober sinen ersten bzw. einen zweiten Signalweg gekoppelt ist, wobel
diese ersten und zweiten Signalwege Je sine Vervielfachungseinheit (bm,
cq,) enthalten und zur ersten bzw. zweiten Relhenschaltung
paralleigeschaltet sind. 55  11. System nach Anspruch I oder 2, dadurch
aekennzeichnet, daB jedes Synthesefllter zwei Reihenschal- tungen (52, 53)
von Verzogerungsabschnitten mit gleichem Verz8gerungsbetrag (2T) enthalt,
wobel die ersten und zwelten Filtereinglnge (50.1,50.2) miteinem Eingang
des ersten Verzfgerungsabschnitts der ersten bzw. der zweiten
Relhenschaltung verbunden sind, Ausgange wenigstens einer Anzahl von Ver-
17    z8gerungsabschnitten in der ersten Reihenschaltung mit entsprechenden
Eingingen einer Signalver- knflpfungseinheit (54) verbunden sind, Ausgange
wenigstens einerAnzahl von Verz8gerungsabschnitten in derzweiten
Reihenschaltung ebenfals mit entsprechenden Eingingen der
Slgnalverknflpfungseinheit gekoppelt sind, sin Ausgang (60) der
Signalverknfpfungseinheit an den Filterausgang (51) angeschlos- 5       sen
ist, ein weiterer Verzdgerungsabschnitt (55) mit elner Verzfgerung (T)
gleich der HaMfte der Verzo- gerung der Verzogerungsabschnitte in den
Relhenschaltungen in den Signaiweg vom zweiten Eingang (50.2) zum
FIlterausgang (51) aufgenommen ist, und der weitere Verzogerungsabschnitt
nicht in den Si- gnalweg vom ersten Elngang (50.1) zum Fllterausgang (51)
aufgenommen !st. 10  12. System nach Anspruch I oder 2, dadurch aeken
nzelchnet, dal jedes Synthesef liter eine Relhenschaltung (85) von
Verzogerungsabschnitten mit gleicher Verzogerung (T) enthalt, der erste
Filterelngang (50.2) an Eingfngewenigstsns elnerAnzahl
ungeradzahligerVerzogerungsabschnitte (66.1,66.3,...) in der Rel-
henschaltung gekoppelt sind, der zweitb Filtereingang (50.1) mit Eingangen
wenigstens einer Anzahl ge- radzahliger Verzogerungsabschnitte (66.2, 66.4,
...) in der Reihenschaltung gekoppelt sind und der Aus- 15      gang des
letzten Verz5gerungsabschnitts (66.n) an den Flbterausgang (15)
angeschlossen ist. 13. System nach Anspruch 12, dadurch aekennzeichnet, daB
der erste Filtereingang an Einglnge nur unge- radzahliger
Verz6gerungsabschnitte angeschlossen und der zwelte Filtereingang mit
Eingangen nur ge- radzahliger Verzogerungsabschnitte gekoppelt ist. 20 14.
Systembnach Anspruch 11, dadurch gekennzeichnet, daB die Ausginge
derVerzogerungsabschnitte der ersten und zwelten Reihenschaltungen mit
entsprechenden Eingangen der SignalverknOpfungseinheit Ober
Vervielfachungseinheiten (22,, d3,, ea2,, e,,) gekoppelt sind. 25  15.
System nach Anspruch 11 oder 14, dadurch askennzelchnet, daB der erste und
der zweite Filtereingang (50.2, 50.1) ebenfalls mit entspreohenden
Elnglngen der Signalverknrlpfungselnheit Ober Vervielfa- chungseinheiten
(dim, elm) gekoppelt sind. 16. System nach Anspruch 12 oder 13, dadurch
aekennzelchnet daB die Filtereingange Ober Vervielfa- 30
chungseinheiten (alm, a2m, ...) mit den Elngangen der
Verzogerungsabschnitte gekoppelt sind. 17. System nach Anspruch 16, dadurch
aekennzoichnet, daiBemnAusgang einerVervieifachungseinheit(67.3) mit einem
ersten Eingang einer Signalverknupfungseinheat gekoppelt, ei zweiber
Eingang der Signalver- knOpfungseinheit mit einem Ausgang elnes
Verz8gerungsabschnitts (66.2) in der Reihenschaltung und 35      ein
Ausgang der SignalverknOpfungseinhelt mt einem Eingang des folgenden
Verz8gerungsabschnitts 



(86.3) in der betreffenden Relhenschaltung gekoppelt sind. 18. System nach
Anspruch 12,13, 18 oder 17, dadurch agkennzeichnet, dag derzweite
Filtereingang (50.2) iiber einen Signalweg mit dem Filterausgang (51)
gekoppelt ist, dieser Signalweg eine Vervieifachungs- 40      einheit (aso)
enthAlt und zur Reihenschaltung parallelgeschaltet ist. 19. System nach
Anspruch I oder 2, dadurch aekennzelchnet, dal3 die
Signalverarbeltungseinheit M Signal- verknflpfungseinheiten (70.1, 70.2,
...) enthalt, die mit je einem Ausgang an einen entsprechenden Aus- gang
(74.1) der M Ausgange der Signalverarbeltungseinheit angeschlossen sind,
daB tflrjede Signalver- 45      knOpfungsoinheitwenigstens eine Anzahl von
Eingangen (71.1, 71.2, ...) von den 2M Eingangen derVer- arbeitungselnheN
mit entsprechenden Eingfngen dieser SignalverknOpfungseinheit (70.1) Ober
entspre- chende Vervieffachungseinheiten (72.11, 72.12) gekoppelt sind. 20.
System nachAnspruch 1 oder2, dadurchgekennzeichnet, daBdieandere
Signalverarbeitungseinheit2M 50      Signalverknflpfungseinheiten
(70.1,70.2, ...) enthfilt, die mitje einem Ausgang an oinen entsprechenden
Ausgang der 2M Ausgange der Verarbeitungseinhelt gekoppelt sind, daB fOr
jede Slgnalverknflpfungs- einheit (74.1) wenigstans eine Anzahl von
Eingangen (71.1, 71.2, ...) der M Eingange der Verarbeitungs- einheiten an
enteprechende Einglnge dieser Signalverknflpfungseinheit (pO.1) Ober
entsprechende Ver- vielfachungseinheiten (72.11, 72.12) angeschlossen sind.
55 21. System nach Anspruch I oder 2, dadurch gekennzelchnet, daa die zwei
Ausgfinge jedes Analysefilters mN ihren entsprechenden Elngangen
derSlgnalverarbeitungseinhek Oibereine entsprechende Signalver-
stfirkungseinheit (80.1, 81.1) gekoppelt sind, wobel beide
Veratirkungselnheiten zum Verstfirken der an    EP 0 400 755 BI
I!IiICi  Il     lilis ihre Eingange angelegten Signals um denselben
komplexen Wert (K,) ausgelegt sind. 22. System nach Anspruch 21, dadurch
aokennzeichnet, daB die komplexen Werte (K1, K2, ...)ffranverschie- dene
Analysefliter angeschlossene Verstlrkungseinhelten abweichen. 5 23. System
nach Anspruch 21 oder22, dadurch aekennzeichnet daB jederAusgang (86.1)
derVerarbeitungs- sinheit an seinen entsprechenden Coderausgang (10.1)
fiber sine Relhenschaltung einer Signalverstir- kungseinhelt und einen
Realwertbestimmer gekoppelt ist, wobei die Signalverstlrkungsainheit zum
Ver- stirken des an seinen Eingang gelegten Signals um sinen komplexen Wart
ausgelegt ist. 10 24. System nachAnspruch 1 oder2, dadurch gekennzeichnst,
daB diezwei Ausgange (93.1.93.2)jedes Aus- gangepaars der anderen
Signalverarbeltungselnheit (13') mit ihrem entsprechenden Eingang eines
Syn- thesefilters (18.1) fbereine entsprechende Signalverstlrkungesinheit
(94.1,95.1) gekoppeltsind, wobei belde Verstlrkungselnhelten zum Verstarken
der an ihre Eingange gelegten Signals um denselben kom- 15      plexen Wert
(Kl)ausgelegt sind. 25. System nach Anspruch 24, dadurch aekennzeichnet,
da&dle komplexen Warts (K1', K1)ffrVerstlrkungs- einheiten, die mit
verchiedenen Synthesefiltern (16.1, 16.2) gekoppelt sind, abwelchen. 2o
26. System nach Anspruch I oder 2, dadurch aekennzeichnet, dall die M
Eingange des Decoders an ihren entsprechenden Eingang der M Elngange der
anderen Verarbeitungseinheit fiber elne Signalverstar- kungseinheit
angeschlossen sain, wobei die Slgnalverstirkungsoinheit (90.1, 90.2, ...)
zum Verstarken des an seinen Elngang gelegten Signals um eanen weiteren
komplexen Wert (VI', V2', ...) ausgelegt lst. 25  27. System nach Anspruch
23 oder 26, dadurch gekennzeichnet, daB die anderen komplexen Werte voneln-
ander abweichen. 28. System nach elnem odermehreren derAnspruiche 6 bis
10sowle 14 bis 20, dadurch aekennzeichnet, daR dlejenigen
Vervielfachungseinheiten, deamn Vervlelfachungsfaktoren zum Vervielfachen
ihrer Elngangs- SD      signals glelch sins sind, abkommlich sind. 29.
System nach einemderAnsprfiche 6 bis 10 und 14 bis 20,
dadurchgekennzelchnet. daB diejenigen Kopp- lungen, die sine
Vervielfachungseinheit enthalten, deren Vervielfachungsfaktor zum
Vervielfachen Ihres Eingangssbgnals glebch Null ist, abk8mmlich sind. 35
30. System nach Anspruch I oder 2, dadurch aekennzelchnet, daBl die
Slgnalverarbeitungseinhsit (9") sin Schaltmittel (100) und M
SignalverknOpfungselnheiten (102) enthalt, wobei jeder der 2M Eingange (8.1
bis 8.2M) der Signalverarbeitungseinheit an einen entsprechenden Eingang
von 2M Eingfngen des Schaltmittels angeschlossen sind, wobei der sine
Ausgang (101) des Schaltmittels mit einem Eingang 40      jades der M
Signalverknfpfungseinhelten (102) gekoppelt ist, wobsi Jede
Slgnalverknfipfungseinheit eine 



Vervielfachungsehnheit (106) enthilt, wobel ein Speicher (107) mit 2M
Speicherstellen, einen Addibrer (108) und sin Saldierregister (109)
besitzt, wobel der Eingang der SignalverknOpfungseinheit und sin
Speicherausgang an einen ersten bzw. elnen zweiten Eingang (112 bzw. 111)
derVervielfachungseinheit angeschlossen sind, ein Ausgang
derVervielfachungseinhelt(106) und das Saldierregister(109) an alnen 46
ersten bzw. eanen zweiten Elngang (113, 114) des Addierers (108)
angeschlossen sind, sin Ausgang des Addierers mit einem Elngang des
Registers gekoppelt ist, der Ausgang des Registers (109) der m. Signal-
verknfipfungselnheit mit dam m. Ausgang (10.m) der
Signalverarbeitungselnhait (9") gekoppelt ist, das Schaltmittel (100) zum
zyldischen Koppeln jades seiner2M Eingange (8.1 bis 8.2M) mit selnemAusgang
(10,) ausgelegt ist, um jeweils die Abtastungen in Bl8cken von 2M
Abtastungen, die an seinen 2M Ein- 50      gangen erscheinen,je
eineAbtastung anjeden Elngang, seriell seinemAusgangzuzufuhren, derSpeicher
(107) 2M Vervielfachungsfaktoren (a) enthalt und zum Zuleiten der 2M
Vervielfachungsfaktoren auf kreis- f8rmige Weise zu seinem Ausgang derart
ausgelegt lst, dall der i. Vervielfachungsfaktor seinemAusgang zugeleitet
wird, wenn das Schaltmittel (100) die i. Abtastung der 2M Abtastung In
einem Block seinem Ausgang zufGhrt,worin ivon 1 bis2M lauft,
derAddierer(108) unddasSaldierregister(109)zumAddieren 55      des
Ergebnisses der i. Multipllkation belm Inhait Im Saldierregister aufzlhIt,
und des Saldierregister au- Berdem zum Ausgeben selnes Inhalts nach dam 2M.
Vervisltfachungsschritt an den Ausgang (10.m) der
Signalverknlipfungseinheit und zum anschlie~enden Nullrfckstellen seines
Inhalts ausgelegt ist. 19    EP O 400 755 B1          11!111111 lilti 111 1
1M11 31. System nach Anspruch I oder2, dadurch aekennzechnet, daB die
andere Signalverarbeitungseinheitein Schaitmlttel (100) und 2M
Signalverknipfungseinheiten (102) enthalt, wobel jeder der M Eingange der
anderen Slgnalverarbeitungseinheit an einen entsprechenden Eingang von M
Eingangen des Schaltmit- tels angeschlossen lbt, der einen Ausgang des
Schaltmittels mit einem Eingang jedes der 2M Signalver- 5
knflpfungseinhelten gekoppelt islt, Jede Signalverknflpfungseinhit eine
Vervielfachungseinheit (106) ent- halt, sin Speicher mit M Speicherstellen,
einen Addierer (108) und eln Saldierregister (109) besitzt, wobei der
Eingang der SignalverknOpfungseinheit und sin Speicherausgang an einen
ersten bzw. einen zweiten Eingang der Vervieifachungseinheit (106)
angeschlossen sind, sin Ausgang der Vervielfachungselnheit und das
Saldierreglmter an einen ersten bzw. einen zweiten Eingang des Addierers
angeschlossen sind, 10      sin Ausgang des Addierers mit einem Eingang des
Regimtsrs gekoppelt st, der Ausgang des Registers der i.
Signalvarknipfungseinheit mit dem i. Ausgang der anderen
Signalverarbeitungseinheit qekoppelt imt, worin i von I bim 2M lauft, das
Schaltmittl zim zyldischen Koppeln jedes seiner M Eingange mit sei- nem
Ausgang ausgeblgt ist, urn jeweils die Abtastungen in Blocken von M
Abtastungen, die an seinen M Eingangen erscheinen,Jo sine Abtastung an
jeden Eingang, serlell selnem Ausgang zuzufUhren, der Spei- 15      cher M
Vervielfachungmfaktoren enthalt und zum Zuleiten der M
Vervielfachungsfaktoren auf krelsformige Weise zu selnem Ausgang derart
ausgelegt Ist, daB der m. Vervielfachungsfaktorseinem Ausgang zuge- leltst
wird, wenn das Schaltmittel die m. Abtastung der M Abtastungen in einem
Block seinem Ausgang zufdhrt, der Addlerer und das Saldierregister zum
Addleren des Ergebnisses der m. Multiplikation beim Inhalt im
Saldierregister aufzdhlt, und das Saldierregister aulerdem zum Ausgeben
seines Inhalts nach 20      dem M. Vervleifachungsschritt an den Ausgang
(101) der Signalverknflpfungseinheit und zum anschlle- Benden
Nullrickstellen seines Inhalts ausgelegt ist. 32. Coder
zurTellbandoodierung sines digitalen Signals, wi sines digitalen
Audiosignals mit einer bestimmten Abtastrate Fs, wobel der Coder auf das
Dlgitale Signal anspricht zum Erzeugen einer Anzahl M Teilband- 25
signals mit Abtastratenverrlngerung, wobei der Coder das digitale
Signalband in aufelnanderfolgende Tellbander mit Bandnummern m(1 5 m s M),
die mit der Frequenz anstelgen, auftellt, wobei der Coder (3,8,9)
Analysefiltermittel (3,8) und sine Signalverarbeitungselnheit (9) enthalt,
das Analysefiltermittel M Analysefilter (6.1 bis 6.M) enthalt, die je elnen
Eingang und zwei Ausginge besitzen, wobsi die 2M Aus- gange auf den Filtern
mit 2M Ausgangen des Analysefiltermittels zur Auslieferung von 2M
Ausgangssi- 30      gnalen mit elner Abtastrate von FaIM verbunden sind,
wobei jedes Analysefilter (6.1) zum DurchfGhren von zwei verschiedenen
Filterungen an dem an seinen Eingang (5.1) gelegten Signal und
zumAusliefern jades derzwei verschiedenen filtrierten Ausffuhrungen
diesesAusgangssignals an einen entsprechenden Ausgang derbeiden Ausginge
(7.1a, 7.2b) ausgelegt et, wobeijederder2M Fllterausgange an elnen ent-
sprechenden Eingang der 2M Einginge (8.1 bib 8.2M) einer
Signalverarbeitungseinheit (9) angeschlos- 35      sen lat, wobel die
VerarbeitungseinheNt mit M Ausgangen (10. 1 bis 1 0.M) an M Ausginge des
Coders zum Ausilefern der M Teilbandsignale angeschlossen st, wobel die
Signalverarbeitungseinhelt zur Lieferung von Ausgangssignalen an jeden der
M Ausgange ausgelegt let, wobei sin Ausgangssignal sine Kombina- 



tion wenigatens einerAnzahl von Eingangseignalen an seine 2M EingAnge ist,
wobei der Coder dazu vor- gesehen ist, das digitale Signalband in
aufeinanderfolgende Teilbinder (B1, B2, ...) mit nahezu gleichen 40
Bandbreiten aufzutellen, dadurch aekennzelchnet dae die Koeffizienten Jedes
der Analysefilter aus den Koeffizienten sines Standardfilters (H(f)) mit
elner TiefpalIfilterkennhlnie mit einer Bandbreibt etwa gleich der Hilfte
der Bandbreite der Teilbander abgeleitst sind, und daB die Koeffizienten f
Or die Analysefilter von einem Standardfilter mit einer ungeraden Anzahl
Koeffizienten abgeeiitet sind, dal M sine gerade Anzahl let und daB zum
Glelchmachen der Anzahl Koeffizienten des Standardfilters zu der Anzahl
Mul- 45      tiplikationsfaktorenJedes der Analysenfliter und
Synthesefilter, zu der Relhe von Koeffizienten des Stan- dardf liters
Nullen hinzugefOgt werden. 33. Decoder zum Decodleren von M
Teilbandsignals, die durch Teilbandoodierung sines digitalen Signals er-
halten worden sind durch Aufteilung des digitalen Signalbandes in etwa
gleiche Bandbreiten, wobei der 50      Decoderauf die M Teilbandsignale zum
Aufbauen einerReplik des digitalen Signals anspricht und die Teil- binder
zum Digitalsignalband mit Abtastgeschwindigkeitsanstieg kombiniert, wobei
der Decoder (13,16,1 9) sine Signalverarbeltungseinheit (13) und sin
Synthesefilbermittel (16,19) besitzt, wobei die Si-
gnalverarbeitungseinheit mit M Eingangen (12.1 bis 12.M) zum Empfangen der
M Teilbandsignale und mit 2M Ausgingen (14.1 bis 14.M) versehen ist, wobei
das Synthesefiltermittel M Synthesefilter (18.1 bis 55       16.M) besitzt,
die Je 2 Einginge enthalten, und mit einem Ausgang (20) an den
Decoderausgang ange- schlossen ist, wobei die andere
Signalverarbeitungseinheit (13) zum Erzeugen sines Ausgangseignals an Jedem
selner 2M Ausginge ausgelegt let, wobei sin Ausgangesignal eine Kombination
wenigstsns ei- ner Anzahl von Eingangmsignalen zu seinen M Eingangen ist,
wobei jedes Ausgangepaar (14.1 bis 14.2) 20    EP 0 400 755 B1 31
I!111   HE 11111 II I!1I derSignalverarbeitungseinhelt an sin Paarvon zwel
Eingingen (15.1a, 15.1 b) eines entsprechenden Fil- ters der M
Synthesdfilter (16.1 bie 16.M) angeschlossen ist, wobeijedes
Syntheseellter(16.1) eonen Aus- gang (17.1) besitzt, wobei jedes
Synthesefllter zur Durchfflhrung verschiedener Filterungen an den den
beiden Eingingen zugefflhrten zwei Signalen und zur Lieferung einer
Kombination der zwel gefilterten s       Signalen an seinen Ausgang
ausgelegt ist, wobel jeder Ausgang an den Ausgang des Synthesefiltermit-
toes zur Libferung der Replik des digitalen Signals mit elner Abtastrate
von F6 verbindbar Ist, dadurch ge- kennzelkhnet. daB die Koeffizienten
jedes der Synthesef ilter aus den Koefftzlenten eines Standardf liters mit
elner Tdl'palflterkenniinie mit elner Bandbreite etwa gleich der HA3fte der
Bandbreite der Telibinder abgeleitet sind, und daB die Koeffizienten fOr
die Synthesefilter von einem Standardfilter mit einer unge- to      raden
Anzahl Koeffizienten abgeleitet sind, dal M sine gerade Anzahl lt und daB
zum Gleichmachen derAnzahl Koeffizienten des Standardfilterszu derAnzahl
Multiplikationsfaktoren jedes derAnalyse- und Synthesefliter, zu der Reihe
von Koeffizienten des Standardfilters Nullen hinzugefflgt werden. 34.
Sender zum 10bertragen eines digitalen Signals mit einem Coder (3,6,9) zur
Teilbandcodierung des digi- 15      talen Signals nach Anspruch 32. 35.
Empfinger zum Empfangen eines digitalen Signals, das bel der Obertragung in
eine Anzahl von M Tell- bandsignale aufgeteilt worden ist durch Tellung des
digitalen Signalbandes in Teilbander etwa gleicher Bandbrelte mit
Abtastratenverringerung mit einem Decoder nach Anspruch 33. 20 36.
Digitales Audiosignal-Aufzelchnungsgerit zum Aufzeichnen sines digitalen
Audlosignals auf elnem Auf- zelchnungstrager, mit dem Sender nach Anspruch
34, dadurch aekennzeichnet, dal im Gerat aulerdem Aufzeichnungsmittel (120)
mit M Eingangen (121.1 bis 121.M) vorgesehen sind, wobel jeder der M Ein-
ginge mit elnem entsprechenden Ausgang der M Ausgange (10.1 bis I 0.M) der
Signalverarbeitungsein- 25      heft (9) gekoppelt let, wobel die
Aufzeichnungsmlttel zum Einschreiben der M Teilbandsignale zu seinen M
Eingingen in sine Spur auf dem Aufzeichnungstrager (122) ausgelegt ist. 37.
Digitales Audlosignal-Wledergabegerat zum Auslesen sines digitalen
Audiosignals aus elnem Aufzeich- nungstriger, mit dem Empfanger nach
Anspruch 35, dadurch aekennzelchnet, das im Gerat aulerdem 30
Wiedergabemitel (124) mitM Ausgingen (125.1 bis 125.M)vorgesehen sind,
wobeijeder derM Ausgange mit einem entbprechenden Eingang der M Elngange
(12.1 bis 12.M) der Slgnalverarbeitungsoeinheit (13) gekoppelt ist, wobel
die Wiedergabemittel zum Auslesen der M Teilbandsignale aus einer Spur auf
dem Aufzelchnungstrager (122) ausgelegt ist. 35 Revendications 1. Systeme
de transmission numerique comportant un bmetteur et un r6ceptsur,
l'bmetteur comprenant un 



codeur (3, 6,9) etIs r6cepteurcomprenantun d6codeur (13, 16, 19), pourle
codage on sous-bandes d'un 40      signal num6nque, tel qu'un signal
audbonum6rique, ayant une cadence d'6chantillonnage donnee Fs, le codeur
btant sensible au signal numnrique pour gbnerer un nombre M de signaux de
sous-bandes avec une r6duction de la cadence d'echantillonnage, le codeur
divisant la bands de signaux num6riques en des sous-bandes successives de
nombres de bandes m(1 < m 5 M) augmentant avec la frequence, le
d6codeur6tantsensible aux M signaux de sous-bandes pourconstruire une
nrplique du signal num6rique, 45      ce d6codeurfusionnant les sous-bandes
dans la bande de signal num6rique, avec une augmentation de Ia cadence
d'dchantillonnage, systeme dans lequel le codeur (3, 6, 9) comprend des
moyens de filtrage par analyse (3,6) et une unit6 de traltement de signaux
(9), les moyens de filtrage par analyse compren- nent M filtres d'analyse
(6.1 a 6.M) ayant chacun une entree et deux sorties, les 2M sorties des
filtres 6tant couplees A 2M sorties des moyens de filtrage par analyse pour
d6livrer 2M signaux de sortie avec 50      une cadence d'echantillonnage
F9lM, chaque filtre d'analyse (8.1) etant A meme d appliquer deux filtra-
ges diff6rents au signal appliqu6 A son entree (5.1) et de delivrer chacune
des deux versions filtrees dif- ferentes de ce signal d'entrbe A une sortie
cornespondante des deux sorties (7.la, 7.1 b), chacune des 2M sorties
desfiltres 6tant couplee a une entrbe correspondents des 2M entrees (8.1 a
8.2M) d'une unitb de traltement de sIgnaux (9), lunitb de traltement ayant
M sorties (10.1 a I .M) couplees A M sorties du 55      codeur pour
dblivmro lea M signaux de sous-bandes, l'unitb de traitement de signaux
etant A meme de dblivrer des signaux de sortie A chacune des M sorties, un
signal de sortie btant une combinalson d'au moins un certain nombre de
signaux d'entrbe appliques A see 2M entr6es, Is decodeur (13, 16, 19)
comprend une autre unite de traitement de signaux (13) et des moyens de
filtrage par synthese (16, 19), 21    EP 0 400755 B1               I
1111111 SilIJ lii 11 111 I'autre uniti de traitoment de signaux comportant
M entrees (12.1 a 12.M) pour recovoir les M signaux de sous-bandes et 2M
sorties (14.1 A 14.2M), los moyens de filtrage par synthese comprenant M f
itres de synthese (16.1 A 16.M) comportant chacun deux entrees, et une
sortle (20) couploe A la sortie du de- codour, I'autre unite do traitement
de signaux (13) etant a mme de generer un signal de sortie a cha- s
cune de ses 2M sortles, un signal de sortie itant une combinalson d'au
moins un certain nombre de si- gnaux d'entree appliquis a ses M entries,
chaque pairs de sorties (14.1, 14.2) de I'autre unite de tral- tementde
signaux etantcouplee A une pairs de deux entries (15.1a, 15.1b) d'un filtre
correspondant des M filtres de synthese (16.1 A 16.M), chaque filtre de
synthese ayant une sortle (17.1), chaque filtre de synthbse etant A meme
d'appliquer differents filtrages our les deux signaux appliques aux deux
entries 10      et de delivror une combinaison des deux signaux filtres A
sa sortle, chaque sortio pout etre couplee a la sortie des moyens de
filtrage par synthese pour delivrer la r6plique du signal numerique ayant
une ca- dence d'echantillonnage F., le codeur est A meme de diviser la
bands de signaux numeriques en sous- bandes (61, B2,...) successives
ayantdes largeurs approximativement 6gales, caractrise en ce quo les
coefficients de chacun des filtres d'analyse et de synthese sont derivis
des coefficients d'un filtre stan- 15      dard (H(fl) ayant une
caracteristique de filtrage passe-bas avec une largeurde bande
approximativement egale A la moltib de la largeur des sous-bandes, et les
coefficIents pour les filtres d'analyse et les filtres de synthese sont
deriv6s d'un f itre standard ayant un nombre impair de coefficients, M est
un nombre pair et, pourfaire en sorto quo le nombre de coefficients
dufiltre standard solti gal au nombre defacteurs de multiplication de
chacun des fiitres d'analyse et de synthese, des ziros sont ajoutis A
l'ensemble de 20      coefficients du filtre standard. 2. Systime de
transmission numbriqueselon la revendication 1, caractbrisen oce quo les
moyens de filtrage d'analyse (3, 6) comprennentune premlere uniti (3)
ayantune entree (2) couplbe A l'entree (1) du codeur, pour recevoir les
echantillons du signal numirIque et M sorties (4.1 A 4.M) pour dillyrer M
signaux de 25      sortie avec une cadence d'echantillonnage de FJM, la
premiere unite (3) etant A memee de delivrer aux M sorties chaque fois M
ichantillons qui so presentent dans des blocs consicutifa de M ichantillons
du signal d'entree numbrisb, de telie sorts quo le mine ichantillon de
chaque bloc soit delivre a la mn sortie, chacune des M sorties itant
couplbe A une entrie d'un filtre correspondent de M filtres d'analyse (6.1
A 6.M), los moyens de filtrage par synthise (16, 19) comprenant, en outre,
une deuxilme uniti (19) ayant 30      M entries (18.1 A 18.M) couplees aux
M sorties des filtres de synthise (16.1 A 16.M) et une sortie (20) couple A
Ia sortie (21) des moyens de filtrage parsynthese, la deuxieme uniti (19)
etantia meme d'agen- car M echantillons, chaque fois qu'is sont prbsents
aux M entries, I'un apres I'autre dans un bloc parmi des blocs consicutifs
de M ichantillons, do telle sorts quo les ichantillons recus A la mime
entrbe solent disposis dans la mbm position dans les blocs consicutifs, les
blocs etant delivres A la sortie (20). 



35 3. Systeme salon la revendication I ou 2, caracteise en ce quo chaque
filtre d'analyse (6.m) comprend un agencement en sine (31) de sections A
retard ayant un retard bgal (T), I'entree du filtre etant couplbe A
l'entrbe de la premire section A retard (32.1), des sorties d'au molns un
certain nombre de sections A retard Impalres (32.1, 32.3, ...) du montage
en srie etant couplbes A des entrees correspondantes d'une 40      premiere
unite de combinaison de signaux (33), des sorties d'au molns un certain
nombre de sections a retard paires (32.2, 32.4, ...) du montage en serie
etant couplees A des entries correspondantes d'une deuxibme unite de
combinalson de signaux (34), dos sorties de la premlibre et de la deuxibme
unitis de combinalson de signaux etant couplies A la premibre et la
deuxibme sorties (35.1, 35.2), respectivement, du filtre. 45 4. Systems
solon la revendication I ou 2, caractrlsi en ce quo chaque filtre d'analyse
comprend deux mon- tages en sioe (40,41) do sections A retard ayant un
retard geal (2T), I'entree (30) du filtre btant couplie aux entries (4.1,
45.1) de la premlibre et d'au moins un certain nombre d'autres sections A
retard (4.2, 45.2) de chaque montage en seris, les sorties des deux
montages en serie etant couplees A la premrire 50      et A la deuxieme
sorties (35.1, 35.2) du filtre, respectivement, une autre section A retard
(48) ayant un retard (T), qul est igal A la moitli du retard des sections a
retard des montages on sirle, itant couplie dens le trajet de signaux
allant de l'entree (30) A la deuxieme sortie (35.1) du filtre, ladite autre
section A retard n'etant pas incluso dens le chomin de signaux allant do
l'entrio (30) A la premibre sortie (35.2) du filtre. 55 5. Systibme solon
la revendication 3, caractirbs en ce que des sorties de sections A retard
impaires sont couplees A des entries do la premibre unite de combinaison de
signaux (33) uniquement et des sorties de sections A retard palms sont
couplies A des entries de la deuxibme uniti de combinalson de signaux 22
EP 0 400 755 B1 * C   L   4  S * unlquement. 6. Systeme selon la
revendlcation 3 ou 5, caractirisi en co que les sorties des sections A
retard sont cou- plies aux entrbes correspondantbs de la premiere ou de la
deuxieme uniti de combinaison de signaux 5       via des unitis de
multiplication (5im, am,,...). 7. Systeme selon la revendication 3, 5 ou 8
caracterise en ce quo rentrie (30) du filtre est couplee A une entr6e de la
douxibme unite de combinaison de signaux (34) via une unit6 de
multiplication (a,,). 1o  8. Systeme solon la revendication 4, caractirlsi
on co quo l'entrbe (30) du filtre ost couplee aux entrees des sections a
retard (40,41) via des unitis de multiplication (bm, cim). 9. Systeme solon
la revendication 8, caractirisi en ce qu'une sortie d'une uniti de
multiplication (b2,) est couplbe a une premiere entrie d'une unite de
combinaison de signaux (46.1), une deuxieme entree de 1S      l'unite de
combinaison de signaux btant coupli6e A une sortie d'une section A retard
(44.1) de l'un des deux montages en sbrie, une sortie de l'unit6 de
combinaison de signaux itant couplie a une entrie de la sec- tion A retard
suivante (44.2) dudit montage en sbrie (40). 10. Systeme solon la
rovendication 4, 8 ou 9, caractbrisi en ce quo l'entrde (30) du filtre eat
couplbe a la 20      premnire et A la deuxieme sorties via un premier et un
deuxibme trajets de signaux, respectivement, les- dits premier et deuxieme
trajets de signaux comprenant chacun une unite de multiplication (bpm, Cqm)
et etant connectes en parallels au premier et au deuxieme montages en
s6rie, respectivement. 11. Systeme solon la revendication I ou 2,
caracterisi en co quo chaque filtre de synthese comprend deux 25
montages en serie (52, 53) de sections A retard ayant un retard 6gal (2T),
la premlere et la deuxieme en- tr6es (50.1, 50.2) du filtre etant coupl6es
A une entree de la premlire section a retard du premier et du deuxibme
montages on serie, respectivement, des sorties d'au moins un certain nombre
de sections A retard du premier montage en serie etant couplees A des
entries correspondantbs d'une uniti de combi- naison de signaux (54), des
sorties d'au moins un certain nombre de sections A retard du deuxieme mon-
30      tage en sbrie btant egalement coupleos A des entries
correspondantes de l'uniti de combinaison de si- gnaux, une sortie (60) de
l'unite de combinalson de signaux itant couplie A la sortie (51) du filtre,
une autre section A retard (55) ayant un retard (T) qul est igal A la
moitib du retard des sections A retard des montages en seie itant couplee
dana le trajet des signaux de la deuxieme entrbe (50.2) A Ia sortie (51) du
filtre, ladib autre section a. retard n'etant pas induse dans le trajet des
signaux allant de la premiere 



35      entrie (50.1) A la sortie (51) du filtre. 12. Systeme solon la
revendication I ou 2, caractdisb en ce quo chaque filtre de synthese
comprend un mon- tage en serle (65) do sections a retard ayant un retard
bgal (T), la premlere entrie (50.2) du filtre etant couplie A des entribes
d'au molns un certain nombre de sections A retard impaires (68.1, 66.3,
...) du mon- 40      tage on sine, la deuxilme entree (50.1) du f iltre
etant couplee a des entrees d'au molns un certain nombre de sections a
retard paires (68.2, 66.4, ...) du montage en seide, la sortie de la
derniere section a retard (66.n) etant couplee a la sortie (15) du filtre.
13. Systeme solon la revendication 12, caracterisi on ce quo la premibre
entrie du filtre eat couplie A des 45      entries de sections A retard
impaires seulement et la deuxieme entree du filtre est couplie A des
entries de sections A retard paires seulement. 14. Systeme selon la
revendication 11, caracterisi en co quo les sorties des sections A retard
du premier et du deuxieme montages en sbrie sont couplies A des entries
correspondantes de l'unite de combinaison so      de signaux via des unitis
de multiplication (d2,, d3,, e2m, eam). 15. Systeme solon la revendication
11 ou 14, caractirise en ce quo la premiere et la deuxlime entries (50.2,
50.1) du filtre sont igalement couplies A des entries corrmspondantes de
l'uniti de combinaison de si- gnaux via des unitis de multiplication (dim,
elm). 55 16. Systeme solon la revendication 12 ou 13, caractirise en ce quo
les entries de filtre sont coupleos aux entries des sections A retard via
des unites de multiplication (a,m, a2m, ..). 23    17. Systeme salon Is
revendication 16, caracterisi en co qu'une sortle d'une uniti do
multiplication de signaux (67.3) est couplee A une premibre entree d'une
uniti de combinalson de signaux, une deuxibme entrie de l'unite de
combinalson de signaux etant couplee a une sortie d'une section A retard
(66.2) du montage en sine, une sortie de l'unite de combinalson de signaux
itant couplee A une entree de Ia section a retard 5       suivante (66.3)
du montage en sbrie. 18. Systeime solon la revendication 12, 13, 16 ou 17,
caracterise on ce quo la deuxibme entree (50.2) du filtre est couplee A la
sortie (51) du filtre via un trajet de signaux, ledit trajet de signaux
comprenant une unite de multiplication (aso) et etant connecte en parallele
au montage en serie. 10 19. Systbme solon la revendication I ou 2,
caracterisi en ce quo l'unite de traitement de signaux comprend M unitis de
combinalson de signaux (70.1 70.2, ...), qui comporte une sortie couplte A
une sortie corres- pondante (74.1) des M sorties de 'unitN de traitementde
signaux, etque pour chaque unite de combinaison de signaux, au moins un
certain nombre d'entrees (71.1, 71.2, ...) des 2M entries de l'unite de
traltement ?5      est couple a des entries correspondantes de ladite uniti
de combinaison de signaux (70.1) via des unites de multiplication
correspondantbs (72.11, 72.12). 20. Systbme solon la revendication I ou 2,
caracterlse en co quo l'autre unite de traitementde signaux corres-
pondants comprend 2M unites de combinaison de signaux (70.1, 70.2, ...) qui
comporent chacune une 20      sortie couplie A une sortie correspondante
des 2M sorties de l'uniti de traitement et quo pour chaque unite de
combinalson de signaux (74.1), au moins un certain nombre d'entries (71.1,
71.2, ...) des M en- tries des unitis de traibtment est couple A des
entrees correspondantes de ladite unite de combinaison de signaux (70.1)
via des unitis de multiplication correspondantbs (72.11, 72.12). 25  21.
Systeme selon la revendicatlon I ou 2, caracterise en ce quo les deux
sorties de chaque filtre d'analyse sont chacune couplees A leurs entries
correspondantes de l'unM  de traitement de signaux via une unite
d'amplification de signaux correspondante (80.1, 81.1), les deux unites
d'amplificatlon etant A meme d'amplifler lea signaux appliques a leurs
entries de la meme valour complexe (kj). 30  22. Systeme solon la
revendication 21, caracterise en ce quo les velours complexes (ki, k2, ...)
sont difforen- tes pour des unites d'ampllfication couploes A diffirents
filtres d'analyse. 23. Systeme solon la revendicatlon 21 ou 22, caractirise
en ce quo chaque sortie (86.1) de runit6 de traito- ment est couplee A sa
sortie correspondante (10.1) du codeur via un montage en serie d'une uniti
d'em- 35      plification de signaux et d'un determinateurde valeur reelle,
l'uniti d'amplification de signaux etant adap- tie pour amplifier le signal
applique a son entree d'une valeur complexe. 24. Systeme solon la
revendication I ou 2, caracti  en ce quo les deux sorties (93.1, 93.9) de
chaque pair. de sorties de l'autre unite de traitement de signaux (131 sont
chacune couplees A leur entree correspon- 40      dante d'un filtre de
syntheso (16.1) vie une uniti d'amplification de signaux correspondante
(94.1, 95.1), les deux unites d'amplifbcation itant A mime d'amplifier lee
signaux A lours entries de la mime vaelour 



complexe (kic). 25. Systeme solon la revendication 24, caracterisi en ce
quo los velours complexes (k1, k2l) sont differentes 45      pour des
unites d'amplification couplees A ditfirents flitres de synthese (16.1,
16.2,). 26. Systeme solon la revendicatbon I ou 2, caractrisi on ce quo le8
M entrees du dicodeur sont couplies chacune A leur entree correspondante
des M entries de l'autre uniti de traitement via une unite d'am-
plification de signaux (90.1, 90.2, ...), l'unite d'ampllflcatlon de
signaux etant a mime d'amplifier Is signal 50      applique A son entrie
d'une autre valeur complexe (VI', V2', ...). 27. Systeme solon la
revendicatlon 23 ou 26, caractirisi en ce quo les autres velours complexes
sont diffW- rentes les unes des autres. 55  28. Systime solon l'une
quelconque des revendications 6 a 10 et 14 A 20, caracteilsi en ce quo les
unitis de multiplication pour lesquelles lea facteurs de multiplication par
lesquels oiles multiplient leurs signaux d'entrie sont igaux A un, sont
supprimes. 24    EP O 400 755 B1              1 111111111111111111 I!II 29.
Systeme solon l'une quelconque des revendications 6 a 10 et 14 a 20,
caracterise en ce que ls couplages qui comprennent une unite de
multiplication pour laquelle le factour de multiplication par lequol elle
mul- tiplie son signal d'entree eat egal A ziro, sont supprimes. 5   30.
Systeme selon la revendication I ou 2, caracterise en co quo l'unite de
tralitment de signaux (9") comprend des moyens de commutation (100) et M
unitis de combinaison de signaux (102), chacune des 2M entreos (8.1 A 8.2M)
de l'untit de traitement de signaux etant couplee A une entrie
correspondanto des 2M entrees des moyens de commutation, les moyens de
commutation ayantune sortie (101) couplie A une entree de chacune des M
unitis de combinaison de signaux (102), chaque uniti de combinaison 10
de signaux comprenant une unite de multiplication (106), une memoire (107)
ayant 2 M emplacements de stockage, un additlonneur (108) et un registre de
cumul (109), I'entreo de l'unmte de combinaison de signaux et une sortie de
la memoire itant couplees a une premiere et une deuxibme entries (112,
111), respectivement, de l'unite de multiplication (106), une sortie de
l'unite de multiplication et du registre de cumul (109) etant couplee A uno
premlere eta une deuxibme entries (113, 114), respectivement, de l'ad- 15
ditionneur (108), I'additionneur ayant une sortie couplee A une entree du
registro, la sortie du registre (109) de la m*Te uniti de combinalson de
signaux itant couplie A la mnm sortie (10.m) de runiti de tral- tement de
slgnaux (9"), los moyens de commutation (100) etant A mime de coupler de
manlire cyclique chacune deses 2M entries (8.1 A 8.2M) A sasortie (10.1) de
maniere a appliquerchaque fois les echan- tillons en des blocs de 2M
echantillons qui se presentbnt A ses 2M entrees A raison d'un echantillon A
20      chaque entrie, en serie a so sortie, la memolre (107) comprenant 2M
facteurs de multiplication (a), la memoire etant b mme de fournir de
manibre circulaire les 2M facteurs do multiplication a sa sortie, do teile
sorte quo le jeme facteur de multiplication soit dilivri A sa sortie,
lorsque lea moyens de commutation (100) fburnissent le 1a"' echantil1on des
2M echantillons d'un bloc A ss sortie, ob I est igal A I A 2M, I'ad-
ditionneur (108) et le registre de cumul (109) etant A mime d'ajoutbr Is
resultat de la jime multiplication 25      au contonu du registre de cumul,
le registre de cumul etant, en outre, A mime de delivrer son contenu obtenu
aprea 1'etape de la 2Mime multiplication A la sortie (10.m) de l'unite de
combinaison de signaux et de rigler ensuibt son contbnu sur ziro. 31.
Systeme selon la revendication I ou 2, caracterise en ce quo I'autre uniti
de traitement de signaux 30      comprend des moyens de commutation (100)
et 2M unites de combinaison de signaux (102), chacune des M entries de
l'autre uniti de traibtment de signaux etant couplee A une entree
correspondante des M entries des moyens de commutation, les moyens de
commutation ayant une sortie couplee A une en- trie de chacune des 2M
unitis de combinaison de signaux, chaque unite de combinalson de signaux
comprenant une unite de multiplication (106), une memoire ayant M
emplacements de stockage, un ad- 35      ditionneur (108) et un registre de
cumul (109), 1'entree de l'unite de combinaison de signaux et une sortie de
la memoire etant couplies A une premiere et une deuxibme entrees,
respectivement, de 'unitN de mul- tiplication (108), une sortie de l'uniti
de multiplication etdu registre de cumul etantcoupleeA une premibre etune
deuxibme entries, respectivement, de l'additionneur, I'additionneurayantune
sortie couplie A l'en- trie du registre, la sortie du registre de la i-me
uniti de combinalson de signaux etant coupliea A la jeme 40      sortie de
'autre unite de traitement de signaux, od i est egal A 1 A 2M, le moyen de
commutation itant A mime de coupler de maniere cyclique chacune de ses M
entrees A sa sortie, de maniere A appliquer, chaque fois des ichantillons
en blocs de M ichantillons qui se presentbnt A ses M entries, A raison d'un
echantillon A chaque entree, en serie A sa sortie, la memoire comprenant M
facteurs de multiplication, la 



memoire itant A mime de fournir de maniere circulalro les M facteurs de
multiplication a sa sortie, de 45      telle manibre quo e  mme facteurdo
multiplication soit delivri Ass sortie lorsque le moyen de commutation
applique le mime ichantillon des M echantillons d'un bloc A ma sortie,
I'addltionneur et le registre de cumul itant A mime d'ajouter le risultat
de la mme multiplication au contenu du registre de cumul, le registre de
cumul etant, en outre, a mime de dilimer son contenu obtbnu apres la Mim
itape de multiplication A la sortla (101) de l'unite de combinaison de
signaux et de regler son contenu A zero ensuite. 50 32. Codeur pour codage
en sous-bandes d'un signal numirique, tel qu'un signal audionumbrique,
ayant une cadence d'echantillonnage donnee F., le codeur itant sensible au
signal numerique pour gbnerer un nom- bra M de signaux de sous-bandes avec
une reduction de la cadence d'echantillonnage, le codeurdivisant la bands
du signal numerique en sous-bandes successives de nombre de bandes m(1 5 m
s M) aug- 55      mentant avec la frequence, le codeur (3, 6, 9) comprenant
des moyens de filtrage par analyse (3, 6) et une uniti de traitement de
signaux (9), les moyans de filtrage par analyse comprennent M filtres
d'ana- lyse (6.1 A 6.M) ayant chacun une entrie et deux sorties, les 2M
sorties des filtres itant couplies A 2M sorties des moyens de filtrage
paranalyse pour dilivror 2M signaux de sortie avec une cadence d'ichan- 25
EP 0 400 755 BI                111111 III E II111J 1 l II11 II tillonnage
FJ/M, chaque filtre d'analyse (6.1) etant A meme d'appliquer deux flitrages
diffirents au signal appliqu6 a son entree (5.1) etde dellvrerchacune des
deuxversionsfiltries diffirentesde ce signal d'en- tree & une sortie
correspondent. des deux sorties (7.1a, 7. 1 b), chacune des 2M sorties des
filtres etant couplie A une entree correspondante de 2M entrees (8.1 A
8.2M) d'une unite de traitement de signaux 5       (9), l'uniti de
tralitment ayant M sorties (10.1 A 10.M) couplees A M sorties du codeur
pour delivrer les M slgnauxde sous-bandes, I'unlit de
traitementdesignauxetanta meme de delivrerdes signauxde sortie A chacune
des M sorties, un signal de sortie etant une combinalson d'au moins un
certain nombre de si- gnaux d'entree appliques A see 2M entries, codeur
dans boquel le codeur est a meme de diviser la bando de signaux numeriques
en sous-bandes (B1, B2, ...) successives ayant des largeurs de bandes
approxi- 10      mativement egales, caracterise on ce quo lea coefficients
de chacun des filtres d'analyse sont derives des coefficients d'un f iltre
standard (H(f)) ayant une caracteristique de filtrage passe-bas avec une
lar- geur de bande approximativement egale A la moiti de la largeur des
sous-bandes, quo les coefficients des filtres d'analyse sont derivis d'un
fitre standard ayant un nombre impair de coefficients, quo M est un nombre
pairet, pourfaire an sorte que le nombre do coefficients du filtre standard
soitegal au nombre 15      de facteurs de multiplication de chacun des
filtres d'analyse, des zeros sont ajoutis A l'ensemble des coefficients du
filtre standard. 33. Decodeur pour decoder M signaux de sous-bandes qui ont
ete obtenus par codage on sous-bandes d'un signal num6rique en divisant la
bande du signal numerique en largeurs de bands approximativement 6ga- 20
les, le decodeur btant sensible aux M signaux de sous-bandes pour
construire une r6plique du signal nu- merique, ce dicodeur fusionnant les
sous-bandes en la bande de signal numerique avec une augmen- tation de la
cadence d'echantillonnage, le decodeur (13, 16, 19) comprenant une uniti de
traitement de signaux (13) et des moyens de filtrage par synthbse (16, 19),
I'unite de traltoment de signaux ayant M entrees (12.1 A 12.M) pour
recevoir les M signaux de sous-bandes et ayant 2M sorties (14.1 A 14.2M),
25     les moyens de filtrage par synthese comprenant M filtres de synthbse
(16.1 A 16.M) comportant chacun deux entries, et une sortie (20) couplie A
la sortie du decodeur, I'autre unite de traitement de signaux (13) etant a
mime de g6nirer un signal de sortie A chacune de ses 2M sorties, un signal
de sortie etant une combinaison d'au moins un certain nombre de signaux
d'entree appliquis A ses M entrees, chaque pairo de sorties (14.1,14.2) de
l'unite de traitme nt de signaux etant couplee A une paire de deux entrees
30      (15.1a, 1a5.1b) d'un filtre correspondentdes M filtres de synthbse
(16.1 A 16.M), chaque filtre de synthese (16.1) ayant une sortie (17.1),
chaque filtre de synthese etant t mime d'appllquer differents filtrages sur
les deux signaux appliques aux deux entries et de delivrer une combinalson
des deux signaux filtris A sa sortie, chaque sortie peut Wtre couplee A la
sortie des moyens de filtrage par synthese pour d61ivrer la replique du
signal num6rique ayant une cadence d'6chantillonnage F., caractiris6 en ce
quo les coef- 95      ficients de chacun des filtres de synthese sont
defivis des coefficients d'un filtre standard (H(f)) ayant une
caractiristique de filtrage passe-bas avec une largeur de band.
approximativement 6gale A la moiti6 de la largeurdes sous-bandes, et que
les coefficients pour les filtres deosynthese sont d6rivis d'un filtre
standard ayant un nombre Impair de coefficients, quo M est un nombre pair
et que, pour faire en sorts quo le nombre de coefficients du filtre
standard soit egal au nombre de facteurs de multiplication de cha- 



40      cun des filtres de synthese, des z6ros sont ajoutes A l'ensemble
des coefficients du flitre standard. 34. Emetteur pour 6mettre un signal
numefique comprenant un codeur (3, 6, 9) pour codage en sous-bandes du
signal numerique selon la revendication 32. 45  3& R6cepteur pour recevoir
un signal numirique qui a eti cod6 A la transmission en un certain nombre
de M signaux de sous-bandes en divisant la bande du signal num6rique on
sous-bandes de largeur de bands approximativement egale avec une r6duction
de la cadence d'6chantillonnage, comprenant un dicodeur selon la
revendication 33. 50  36 Apparell d'enregistrement de signaux
audionum6riques pour enregistrer un signal audionumerique sur un support
d'enrogistrement, comprenant 1'6metteur selon la revendication 34,
caracterise en ce qu'il comprend, en outre, des moyens d'enregistrement
(120) comportantM entries (121.1 A 121.M), chacune des M entr6es 6tant
couplie A une sortie correspondante des M sorties (10.1 A 10.M) de l'unit6
de trai- tement (9), les moyens d'enregistrement etant A mame de transcrire
les M signaux de sous-bandes ap- 55      pliques A sos M entrees sur une
piste du support d'enregistrement (122). 37. Apparell de reproduction de
signaux audbonumeriquos pour reproduire un signal audionum6rique A partir
d'un support d'enregistrement, comprenant le riceptour selon la
revendication 35, caractris6 an ce qu'il 26    EP 0 400 755 B1
. I |I ||||| |||||| ||  |||| * C   L M comprend, en outre, des moyens de
reproduction (124) ayant M sorties (125.1 a 125.M), chacune des M sorties
6tant couplhe a une entree correspondents des M entrees (12.1 A 12.M) de
I'unit6 de traltement (13), lee moyens de reproduction 6tant a meme de lire
les M signaux de sous-bandes sur une piste du support d'enregistrement
(122). 5 10 15 20 25 30 35 40 45 50 55 27    


