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means for analysing the digital signal, means for quantizing the analysed
digital signal in an unequivo- The invention relates to a coder for
incorporating  cal manner and means for determining, on the basis extra
information in the form of an auxiliary signal in  of the acoustic
properties of the human auditory sys- a digital audio signal having a
predetermined format,   5   tem, the amount of extra information that can
be add- to a decoderfor extracting this extra information from  ed to the
quantized digital signal without this extra in- digital signal, to a device
for recording a digital signal  formation being audible with unmodified
detection; on a record carrier and to a record carrier obtained by  means
for combining the extra information and the means of such a device.
quantized digital signal to a compound signal. The In digital sound
transmission and recording sys-  10  coder may further comprise means for
reconverting tems, such as CD players, future television systems,  the
compound signal Into a digital signal having the such as D2MAC, and so on,
the format, i.e. the sam-  predetermined format. pling rate and the number
of bits per sample, in which  According to a preferred embodiment of the
in- the digital sound signal is recorded or transmitted, is  vention the
psychoacoustic property of the human generally predetermined, for example,
in connection  15  auditory system is exploited that when the audio fre-
with international agreements. Sometimes, however,  quency band is divided
into a number of sub-bands, there is a need for recording or transmitting
more in-  whose bandwidths approximately correspond with formation than
possible on the basis of the available  the bandwidths of the critical
bands of the human au- number of channels. For example, on the basis of in-
ditory system, the quantizing noise in such a sub- ternational agreements,
not more than two high-  20  band is optimally masked by the signals of
this sub- quality digital audio channels, for example, each  band. channel
for 14-bit digital signals, can be available in  It should be noted in this
respect that a coder for specific future television systems. These channels
generating subband signals is known from EP-A-0 are used for transmitting
audio information for the re-  289 080. spective left and right-hand
channels. However, there  25  In an embodiment in which this masking
principle is a wish to transmit information for rear channels too,  is
Implemented the means for analysing the digital for example, a left-hand
and a right-hand rear channel  signal comprise analysis filter means for
generating for so-called surround sound. Also in other cases it  a number
of P sub-band signals in response to the may be very useful if extra
information can be added  digital signal, which analysis filter means
divide the to existing channels for digital signals having a prede-  30
frequency band of the digital signal into consecutive termined format,
without the need for extending the  sub-bands having band numbers p (1
[err] p [err] P) ac- number of channels for this purpose. In this context
cording to a filter method with sample frequency re- one may think of
adding music signals containing mu-  duction, while the bandwidths of the
sub-bands pre- sic information withoutvocals, which is commonly re-
ferably approximately correspond to the critical band- ferred to as
Karaoke, sothatthe user himself can pro-  35  widths ofthe human auditory
system in the respective vide the vocals; or adding music signals in which
a  frequency ranges although it is likewise possible to specific instrument
is omitted, so that the user can  use a smaller number of sub-bands,
whereas, if the play this instrument along with the rest of the record-
auxiliary signal is a digital audio signal, analysis filter ing. One may
also thinkof adding extra information by  means are preferably also
provided for generating a way of data signals, such as, for example, for
Ceefax   40  number of P sub-band signals in response to the aux-
information.                                       iliary signal, which
analysis filter means divide the Itwill be evident that in all these cases
the system  frequency band of the auxiliary signal into consecu- is desired
to be compatible with state of the art sys-  tive sub-bands with band
numbers p(1 [err] p [err] P), ac- tems, that is to say, it should be
possible to reproduce  cording to a filter method with sample frequency re-
the original signal information in an undisturbed man-  45  duction, while
the bandwidths of the sub-bands again nerwith equipment not comprising a
specific decoder  preferably approximately correspond with the critical for
extracting the extra information from the signal. If,  bandwidths of the
human auditory system in the re- for example, there is a television signal
containing  spective frequency ranges, whereas for each of the
surround-sound information, in a television set not  respective sub-bands
means are provided for quan- equipped for producing surround sound, it
should be  so  tizing the digital signal In an unequivocal manner and
possible to reproduce the information for the left and  means for combining
the respective quantized sub- right-hand channels without this reproduction
being  band signals and the corresponding sub-band sig- disturbed in any
audible way by the "masked" infor-  nals. Preferably, the coderfurther
comprises the aux- mation for extracting the signal from the rear chan-
iliary signal for constituting P compound sub-band nels.
55  signals, and synthesis filter means for constructing a It is an object
of the invention to provide a system  replica of the compound signal in
response to the presenting this feature and it thereto provides a sys-
compound sub-band signals, which synthesis filter tem of the above type
wherein the coder comprises  means combine the subbands according to a
filter 2    



3                  EP 0 372 601 B1                4 method with sample
frequency enhancement corre-       The recognition on which the invention
is based sponding to the sub-division in the analysis filter  enables in a
relatively simple manner to add extra in- means.
formation, in the form of an auxiliary signal, to an ex- Forextracting the
auxiliary signal incorporated in  isting digital audio signal having a
fixed format, to be such a compound signal there are provided a decod-   5
called the main signal hereinafter and, subsequently, er, comprising
analysis filter means for generating a  extract same again, without
affecting to an audible numberof compound sub-band signals in response to
extent the original information, whereas this original the compound signal,
these analysis filter means  information can be reproduced even without any
subdividing the frequency band of the compound sig-  modification of the
receiving equipment. nal into consecutive sub-bands having band numbers  10
The recognition underlying this invention can p (1 [err] p [err] P)
according to a filter method with sample  only be applied if a number of
requirements are ful- frequency reduction, the bandwidths of the sub-
filled, which are the following: bands corresponding with those of the
analysis filter  1) The quantization method for the main signal is means in
the transmitter, means for quantizing in an  to be selected such that the
quantization meth- unequivocal way the compound subband signals;  15    ods
implemented both during transmission and means for subtracting the
respective quantized sub-  reception is always the same; band signals from
the corresponding sub-band sig-    2) The amplitude of the auxiliary signal
to be add- nals of the compound signal in ordertoform sub-band  ed is to be
smaller than half the quantization step difference signals, and synthesis
filter means forcon-  of the main signal; and structing a replica of the
auxiliary signal in response  20  3) The quantization ofthe main signal is
to be per- to subband difference signals, which synthesis filter  formed
such that the quantization noise is not au- means combine the subbands
according to a filter     dibly enhanced. method with sample frequency
enhancement corre-      Condition 1) can be fulfilled in a simple manner
sponding with the sub-division in the analysis filter  when a choice is
made in favour of a fixed quantiza- means. The analysis filter means and
the synthesis  25  tion step, whose size is thus independent of the am-
filter means together constitute a perfect reconstruc-  plitude of the main
signal. When quantization is ef- tion filter both in the coder and the
decoder.   fected both at the transmit end and the receive end Although the
invention can be applied to record-  the quantization step is fixed and no
problems will oc- ing digital information on, forexample, a compactdisc
cur. In practice, however, an adaptive quantization ora video tape, aswell
as reproducing same, and also  30  step is preferably used because it will
then be possi- applied to transmitting and receiving digital informa-  ble
to realise a maximum amplitude rangeforthe aux- tion as is done in, for
example, television, transmis-  iliary signal. With such an adaptive
quantization spe- sion and reception will be mentioned in the sequel for
cial measures are to be taken so as to decide always brevity, whereas
recording and subsequent reproduc-  unequivocally on the same quantization
during trans- tion are also implicitly referred to.        35  mission and
reception, both at the transmit end and The invention is based on the
recognition of the  at the receive end, irrespective of the signal ampli-
fact that quantizing the digital audio signal in a prede-  tude of the main
signal. termined manner enables to mask in resultant quan-   According to a
preferred embodiment of the in- tizing noise extra information in the form
of an auxil-  vention the magnitude of the quantization step per iary
signal, in the form of a discrete time signal, gen-  40  sub-band depends
on the amplitude of the main sig- erally a digital signal, or in the form
of a data signal,  nal, whilst there is an exponential relationship with a
and that this re-quantized digital audio signal with the  predetermined
basic number between any consecu- incorporated auxiliary signal can
subsequently be re-  tive steps. Thus it is possible to obtain adaptive
quan- converted into a compound digital signal again having  tization which
accommodates itself to the amplitude the predetermined format, while when
receiving this  45  of the main signal and can be derived in an unequiv-
compound digital signal in a receiver that does not  ocal mannerfrom the
compound signal at the receive comprise aspecific decoder, the audio
information in-  end, soas to reclaimthus the main signal. This matter
corporated in the original digital audio signal can be  will be further
explained hereinbelow. extracted from this compound signal in the custom-
The above condition 2) can be fulfilled by attenu- ary fashion, without the
auxiliary signal affecting this  50  ating by a specific factor the
auxiliary signal per sub- signal to an audible level because this auxiliary
signal  band at the transmit end and amplifying this signal lies below the
masking threshold of the audio signal  again by the same factor at the
receive end, whilst the and remains masked in the quantizing noise. In a
re-  magnitude of this factor can be selected in depend- ceiver that does
comprise a decoder, however, the in-  ence on the magnitude of the
quantization step used formation relating to the auxiliary signal can be
de-  55  for quantizing the main signal. If the auxiliary signal rived from
the difference between the compound dig-  Is a data signal, no attenuation
is required because in ital signal and the compound digital signal
quantized  that case it can be determined for each quantized in the
predetermined manner.                      sample of the main signal how
many bits form a half 3    



5                   EP0372601 B1                    6 quantization step
and, consequently, how many data  say, the property of the human auditory
system that per sample can be added.                           the
threshold value for perceiving signals shortly be- Condition 3) can
basically be fulfilled bychoosing  fore and shortly afterthe occurrence of
anothersignal the quantization steps small enough sothatthe quan-  having a
relatively high signal energy appears to be tization noise can be
maintained at a very low level.   5   temporarily higher than during the
absence of the lat- However, this will lead to a conflict with condition
2).  ter signal. In the period of time before and after such For, if a
small quantization step is concerned, the am-  a signal having a high
signal energy, extra informs- plitude available to the auxiliary signal,
which ampli-  tion of the auxiliary signal can now be recorded. It is tude,
for that matter, should be smaller than this half  also possible to combine
temporal masking with fre- quantization step, is also very small, which
will lead   10  quencysub-band masking. Afirst possibility in this re- to
problems in connection with noise and reproduci-  spect according to the
invention is the implementa- bility of the auxiliary signal. Therefore, a
rather  tion of the knowledge about the amplitude of one or coarse
quantization of the main signal is preferably  more preceding digital
signal samples. If there is a de- used in combination with measures to make
the resul-  creasing amplitude the quantization step can, in the tant
quantization noise inaudible to the human audi-  15  case of adaptive
quantization, be chosen to be larger tory system. Such measures are known
per se.       than would be permissible on the basis of the actual Afirst
measure Is based on the phenomenon that  signal amplitude and the selected
quantization criter- when the audio signal band is divided into a plurality
ion, because the resultant extra quantization noise at of sub-bands, whose
bandwidths approximately cor-  this relatively lowamplitude is masked by
the preced- respond with the bandwidths of the critical bands of  20  ing
larger amplitude(s). Since a coarser quantization the human auditory system
in the respective frequen-  can be chosen, more extra information can be cy
ranges, it may be expected on grounds of psychoz-  masked In the digital
signal samples following a large coustic experiments that the quantization
noise in  signal amplitude, which favourably affects the signal- such a
sub-band will be optimally masked by the sig-  to-noise ratio when the
auxiliary signal is received. A nals in this sub-band when the noise
masking curve   25  great advantage of this manner of temporal masking of
the human auditory system is taken into account  is the fact that no
additional delay occurs when the when the quantization is effected. This
curve indi-  samples are taken in which it is permitted to quantize cates
the threshold value for masking noise In a crit-  more coarsely on the
basis of temporal masking. ical band by a single tone in the middle of the
critical  A further possibility is storing the samples of the band. If a
high-quality digital music signal, represent-  30   main signal in blocks
and deciding to come to a single ed, for example, in accordance with the
compact disc  quantization step which holds for all samples in that
standard, by 16 bits persignal samplewithasampling  block on the basis of
the maximum signal amplitude rate of 1/T = 44.1 kHz, it turns out that the
use of this  in that block, whilst assuming that owing to temporal
prior-art sub-band encoding with a suitably chosen  masking the actually
too coarse quantization of the bandwidth and a suitably chosen quantization
for the   35  samples having a lower sample amplitude is inaud- respective
sub-bands results in quantized transmitter  ible. However, a block signal
sample is invariably to output signals which can be represented by an aver-
be stored before a quantization step can be deter- age number of
approximately 2.5 bits persignal sam-  mined. ple, whilst the quality of
the replica of the music signal  Aspecial use of the coder is in a device
for record- does not perceptually differ from that of the original  40  ing
a digital signal on a record carrier, for example a music signal in
virtually all passages of virtually all  magnetic record carrier. The
auxiliary signal which is sorts of music signals. For a further explanation
of  then also recorded may now serve as a copy inhibit this phenomenon
reference is made to the article en-  code. Said device will be used by the
software indus- titled "THE CRITICAL BAND CODER-- DIGITAL EN-      try to
generate prerecorded record carriers provided CODING OF SPEECH SIGNALS
BASED ON THE   45  with a copy-inhibit code. When such record carriers
PERCEPTUAL REQUIREMENTS OF THE AUDITO-             are played the analog
signal obtained after DIA con- RY SYSTEM" by M.E. Krasner in proceedings
IEEE     version still contains the auxiliary signal which, how- ICASSP 80,
Vol. 1, pp. 327-331, April 9-11, 1980. By  ever, as stated above, is not
audible. Every subse- implementing this so-called simultaneous masking in
quent recording via said analog path, can now be in- frequency sub-bands
the main signal can yet be   50  hibited if a recording device intended for
the consum- quantized with a minimum loss of quality despite a  ermarket
comprises a detection unitwhich is capable coarse quantization, as a result
of which the maxi-  of detecting said auxiliary signal. mum quantization
range for the auxiliary signal, that  Such a device for recording a digital
audio signal is to say, the range smaller than a half quantization  on
record carrier comprising a coder for sub-band step, is relatively large,
so that this signal too can be  55  coding of the digital audio signal of
given sample fre- reconstructed with a minimum loss of quality.      quency
1/T, the coder comprising: analysis filter A further measure known per se
utilizes the psy-  means responsive to the audio signal to generate a cho
acoustic effect of temporal masking, that is to  plurality of P sub-band
signals, which analysis filter 4    



7                   EP 0 372 601 B1                  8 means divide the
frequencyband of the audio signal      in one or more of the sub-band
signals and to in accordance with a filter method with sample fre-
generate a control signal upon detection of the quency reduction into
consecutive sub-bands having      auxiliary signal and to apply the control
signal band numbers p(1 [err] p [err] P), which analysis filter        to
an output, in that said output is coupled to a means are further adapted to
apply the P sub-band   5   signalling unit, and in that the signalling unit
is signals to P outputs, which outputs are coupled to P     constructed to
signal that the audiosignal to be corresponding inputs of a
recorded, when a control signal is present, is - recording unit which is
constructed to record the P   an audio signal containing an auxiliary
signal. sub-band signals on the record carrier,                The above
recording devices, which are Intended is therefor characterized in that the
device further  10  for the consumer market, may be characterized fur-
comprises a detection unit coupled to the analysis fil-  ther in that the
coder further comprises signal com- ter means, in that the detection unit
is adapted to de-  bination means coupled to the analysis filter means,
tect the presence of an auxiliary signal in one or more  in that the signal
combination means are adapted to sub-band signals and to generate a control
signal  selectively add the auxiliary signal, in the absence of upon
detection of the auxiliary signal and to apply the   15   a control signal,
to one or more of the sub-band sig- control signal to an output, in that
said output is cou-  nals to form P composite sub-band signals and to ap-
pled to a control signal input of the recording unit, and  ply said P
composite sub-band signals to P outputs, in thatthe recording unit is
adapted to inhibit recording  which P outputs are coupled to the P
corresponding of the audio signal in the presence of the control sig-
inputs of the recording unit. This enables a userof the nal and to record
the audio signal In the absence of  20  device to provide his recordings,
if desired, with a the control signal. When the auxiliary signal Is detect-
copy inhibit code, in order to ensure that no copies ed recording is
inhibited, or the signal to be recorded  can be made of record carriers
made by the user and is distorted on purpose before it is recorded. It is
ob-  provided with his own recordings. vious that reproducing devices
should comprise a de-   The devices intended for the consumer market coder
with which during reproduction the digital audio  25   may alternatively be
characterized in that the coder signal is read together with the auxiliary
signal, with-  further comprises signal combination means coupled out the
two signals being separated from one another.  to the analysis filter
means, in that the signal combin- During a subsequent recording the
auxiliary signal in  ation means are adapted to add the auxiliary signal,
the audio signal can then be detected, if present, so  in the absence of
the control signal, to one or more of that it is possible to inhibit
unauthorized copying of  30  the sub-band signals to form P composite
sub-band copy-protected audio Information.                  signals and to
apply said P composite sub-band sig- It is alternatively possible not to
inhibit copy-  nals to P outputs, which P outputs are coupled to the
protected information but merely to detect that the au-  P corresponding
inputs of the recording unit. In that dio signal to be copied comprises an
auxiliary signal,  case there is no longer a selection possibility and in
and to signal that in the relevant case the information   35  all cases an
auxiliary signal will be added to the audio is protected and should not be
copied.             signal to be recorded, which does not yet contain the
Such a device, which is also intended forthe con-  auxiliary signal. This
enables original recordings (not sumer market, for recording a digital
audio signal on  provided with the auxiliary signal) or prerecorded the
record carrier, comprising a coder for sub-band  tapes (neither provided
with the auxiliary signal) to be coding of the digital audio signal of
given sample fre-  40  copied, while it is not possible to make copies of
the quency 1/T, wherein the coder comprises:           recordings thus
copied. - analysis filter means responsive to the audio    Embodiments of
the invention will now be descri- signal to generate a plurality of P
sub-band sig-  bed in more detail, by way of example, with reference nals,
which analysis filter means divide the fre-  to the drawings in which:
quency band of the audio signal into consecu-  45  Fig. 1 shows a block
diagram of a preferred em- tive sub-bands having band numbers p(1 [err] p
bodiment of a transmit-receive system compris- P) in accordance with a
filter method using     ing a coder and a decoder in accordance with the
sample frequency reduction, which analysis fil-  invention, ter means are
further adapted to apply the P     Fig. 2 illustrates diagrammatically the
quantiza- sub-band signals to P outputs, which outputs  50  tion method in
the coder, are coupled to P corresponding Inputs of a       Fig. 3 shows a
device for recording a digital audio - recording unit which is constructed
to record    signal on a record carrier, the P sub-band signals on the
record carrier,    Fig. 4 shows a device for reproducing the signal which
device is capable of realizing this, is    recorded on the record carrier
by means of the characterized in that the device further com-  55  device
shown in Fig. 3, prises a detection unit coupled to the analysis  Fig. 5
shows another embodiment, filter means, in that the detection unit is
adapt-  Fig. 6 shows a further embodiment, ed to detect the presence of an
auxiliary signal  Fig. 7 shows still another embodiment, and 5    



9                   EP 0 372 601 B1                  10 Fig. 8 shows yet
anotherembodimentof a device    signal v'(k). for recording a digital audio
signal.               In the sequel the structure of the processor cir-
Fig. I diagrammatically shows a system compris-  cuits 7 and 10 will be
explained. ing a transmitter 1 and a receiver 2 for adding and ex-  The
processor circuit 7 comprises filter banks 22 tracting respectively, extra
information to and from a   5   and 23 for splitting up through sample
frequency re- digital audio signal having a predetermined format,  duction
the respective signals u(k) and v(k) into P which information is
transferred via or stored in me-  consecutive sub-bands, whose bandwidths
approxi- dium 3. This medium can be a transmission channel    mately
correspond with the critical bandwidths of the but, for example, also a
compact disc or a magnetic  human hearing in the respective frequency
bands. tape or disc.                                   10   The use and
structure of such filter banks is known The transmitter comprises a coder
in the form of  from, for example, the above article by Krasner and a
processor 7 having an input terminal 4 forthe digital  the chapterof
"Sub-band coding" in the book entitled signal u(k) having the predetermined
format and an   "Digital coding of waveforms" by N.S. Jayant and p. input
terminal 5 for the additional digital auxiliary sig-  Noll, Prentice Hall
Inc., Englewood Cliffs, New Jer- nal v(k) and having an output terminal 6.
The output  15  sey, 1984, pp. 486-509. Each of the p sub-band sig-
terminal 6 of the processor circuit 7 is coupled to the  nals of filter
bank 22 is applied to an adaptive quan- medium 3.
tizer 24(p), with 1 [err] p [err] P, whereas each sub-band The receiver 2
comprises a delay circuit 9 having  output signal of filter bank 23 is
applied to an attenu- a delay [err], as well as a decoder in the form of a
proc-  ator 25(p), with 1 [err] p [err] P. The output signals of sum- essor
circuit 10. The input terminals of these two cir-  20   ming circuit 26(p)
are now applied to a synthesis filter cults are connected to one another
and arranged for  bank 27 in which the P sub-bands are combined to a
receiving the digital compound signal produced by the  signal having the
same bandwidth as the original sig- medium 3. At the output terminal of the
delay circuit  nals u(k) and v(k). The output signal of the synthesis 9 the
main signal is available again, as will be ex-  filter bank 27 is encoded
in a converter 29 into a dig- plained hereinafter, in the form of a signal
u'(k) and at  25  ital signal having a predetermined format, for exam- the
output terminal of processor circuit 10 the auxili-  ple, 16 bits, and
applied to the medium 3 as a com- ary signal is available in the form of a
signal v'(k).  pound signal s(k). The operation of the system according to
Fig. 1      If the number of quantization levels perfrequency is as
follows. At the input terminal of the transmitter  band in the transmitter
2 is chosen in the right way, 1 consecutive samples of the signal u(k) are
present-  30   nothing can be perceived in the digital signal applied ed.
Forexample, in the case of an audiosignal formed  to medium 3 of the
addition ofthe signal v(k), provided in accordance with the compact disc
standard, each  that the condition is fulfilled that the amplitude of an
signal sample comprises 16 bits and the sampling     auxiliary signal
sample to be added is smaller than rate is 44.1 kHz. In the processor
circuit 7 it is deter-  q/2 in each frequency sub-band for each sample of
mined how much information of the signal v(k) can be   35   [err] where q
is the quantization step of that sample. added to each sample of the signal
u(k) on the basis    At the receive end the original signal u(k) can now of
the chosen method according to which the auxiliary  be reproduced directly
without any adaptation by signal v(k) is added, that is, by means of
temporal  means of a non-adapted device, because in the com- masking or
simultaneous frequency sub-band mask-    pound digital signal s(k) the
extra information of the ing or by means of a combination of the two. If
tem-   40  signal v(k) is not audible, because it is masked by the poral
masking is used, this may be done in the time  signal u(k). intervals
shortly before and/or shortly after a loud    A receiver which is indeed
suitable for receiving passage in the signal u(k) and if simultaneous mask-
both the signal u(k) and the signal v(k), for example, ing is chosen, it
will be possible to add, information  a D2MAC television receiver with
surround-sound re- about the signal v(k) to each signal sample of the sig-
45   production features comprises, however, a filter bank nal u(k) by
means of the subdivision into frequency  31 which is arranged in the same
way as the filter sub-bands. As stated earlier, a combination ofthe two
bank 22. This filter bank 31 splits up again the re- types of masking is
possible. The combined output    ceived compound signal s(k) into P
sub-bands having signal of the processor circuit 7 is reconverted in a  the
same bandwidths and central frequencies as the converter29 Into the
predetermined format of the dig-  50  sub-bands of the filter bank 22. Each
of these sub- ital main signal and applied to the medium 3.       band
signals is applied to an adaptive quantizer In the receiver 2 the received
signal is subjected  33(p), with 1 [err] p [err] P. A proper dimensioning
of this to a decoding operation in the processor circuit 10 in  quantizer
provides that for each sub-band the signal order to split up the signals
u(k) and v(k), so that at  [err] is again obtained from each of the P
sub-bands the output of circuit 10 the signal v'(k) is available,  55
after quantization. By subtracting each of these sub- whereas through delay
circuit 9, whose delay is equal  band signals [err] from the compound
sub-band sig- to that which is produced by the processor circuit 10,  nal
[err] in a subtracting circuit 34(p), the signal [err] the signal [err] is
available in synchronism with the  is obtained foreach sub-band p. Each
ofthese signals 6    



11                  EP0372601 B1                    12 vpk) is amplified in
an amplifier 35(p), with 1 [err] p [err]  vision of the quantization levels
according to the em- P, by a factor G which is the same as that which is
bodiment is shown. Depending on the absolute value used in the coder for
attenuating the relevant sub-  of the maximum amplitude 0(k) of the signal
u(k) the band and, subsequently, these scaled signals [err]  quantization
step is equal to the size of the section in are applied to a synthesis
filter bank 36 which recon-   5   which [err] is located and thus equal to
[err] structs the signal [err] from the individual sub-bands  In this case
the choice of the value of the factor a is vp(k). The signal [err] can be
extracted directly, as ob-  free However, it is often desired that also the
value 0 served hereinbefore, from the compound signal s(k)  is a
quantization level, because it does not matter and needs only to be delayed
in a delay circuit 9 over  then whether the maximum signal level of u(k) is
pos- a time which is equal to the delay time introduced by  10  itive or
negative, whereas relatively small signal am- the processor 10, if the main
signal and the auxiliary  plitudes are also avoided to be quantized at a
consid- signal are desired to be synchronous.              erably higher
quantization level. This provides the ad- In the case of a television
transmit-receive sys-  ditional requirement that the chosen quantization
lev- tem with surround-sound reproduction facilities, in  el is an integer
numberof times the quantization step. the left channel the signals u(k) and
v(k) may be the   15  This requirement limits the choice of the constant a
digital reproductionof,forexample,thesignal LV+ LA  to a = (2k + 1)1(2k- 1)
with k = 1,2 ... ; that is to say, a and the signal LA respectively. An
unmodified receiv-  = 3; a = 5/3; a = 7/5 ... and so on. erwill receive the
complete sound signal LV + LA and   The consequence of the choice of the
quantiza- can reproduce this without complications, whereas in  tion steps
according to this preferred embodiment is a modified receiver, the signals
LA and LV can be ap-  20  the fact that in the decoding arrangement the
signal plied separatelyto the relevantreproduction channels  [err] can
always be extracted from the compoumd after u(k) and v(k) have been split
up by means of a  signal s(k) in an unequivocal manner, because with a
subtracting circuit.                               specific signal
amplitude, always the same quantiza- In the sequel it will be discussed in
what way the  tion level is decided on. When this quantization level
adaptive quantizers 24(p) and 33(p) can be arranged   25  and thus [err] is
determined, [err] can be subtracted in the transmitter and receiver of the
system accord-  from the compound signal so as to thus determinethe ing to
Fig. 1 so as to obtain in an unequivocal manner  signal [err].
anadaptivequantizationforeachofthesub-band sig-        For controlling the
respective quantizers 24(p) nals. For this purpose the number of
quantization  and 32(p), the processor circuit 7 comprises quanti- steps
desired foreach of the sub-bands is determined   30  zation step
determining circuits 28(p) and processor beforehand, which this number i(p)
is constant for  circuit 10 the quantization step determining circuits each
of the sub-bands.                             32 respectively, the
structure of these circuits being In view of the wish that quantization be
adaptive,  basically identical. The circuits 28(p) and 32(p) com- the
quantization steps are to be chosen approximate-  prise memory sections
28'(p) and 32'(p) respectively, ly in proportion to the signal size. For
this purpose the   35  in which for each sub-band the predetermined value
amplitude axis is subdidived into sections T, whilst, if  for the basic
number a is stored, which may be differ- the amplitude ofa sample of the
signal u(k) is situated  ent for each sub-band. The circuits 28(p) and
32(p) in a specific section [err] where n Is an integer, the  compute for
each sample of [err] and [err] respec- quantization steps for that sample
have a specific  tively, the size of the quantization step on the basis
magnitude which Is equal to the magnitude of the sec-  40  of the
above-described quantization procedure and tion [err]. The quantization
level is positioned in the cen-  apply through outputs the values of these
steps to the tre of said section, so as to allow the auxiliary signal
respective quantizers 24(p) and 33(p). A value de- v(k) to have equal
amplitude ranges on either one of  rived from the value a in the respective
memory sec- the two sides of this section relative to the quantiza-  tions
28'(p) and 32'(p) is also applied to a control input tion level, without
the compound signal [err] being sit-  45  ofthe respective attenuators
25(p) and the respective uated in another quantization section.
amplifiers 35(p) so as to attenuate and amplify re- Since one wishes to
choose the quantization     spectively, the signals [err] by a factor G.
The attenu- steps in proportion to the maximum signal size, and  ation
factor or gain factor G respectively, derived from the number of
quantization steps is fixed, the magni-  the value a is 2q/(a - 1). It is
known that [err] the max- tudes of the sections T which always determine
the   50  imum amplitude of the signal u(k), is equal to [err] magnitude of
the quantization step, have to enhance  as a maximum whereas the maximum
permissible in proportion to the amplitude. Therefore, the varia-
amplitude (k) of the auxiliarysignalv(k) is then equal tion of the section
magnitudes is preferably exponen-  to [err] . Now [err] = 2a/(a-1). If it
is tial, each section varying from [err] to [err] where  provided
beforehand that always v(k) < [er] which in a isa constantand n an integer.
The quantization level  55   practice can be realised without any problems,
it is al- belonging to a specific section [err] Is then [err] +  ways
certain that [err] < q/2 ifforthe factorG is chosen [err].
G = 2a/(a - 1). In practical cases the condition [err] < Fig. 2 shows an
amplitude axis on which the di-  0(k) has often been fulfilled
automatically because of 7    
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which exists between these two sig-  iliary signal generator40 which has an
outputcoupled nals.                                              to the
input 5, to apply the auxiliary signal to the coder In order to avoid [err]
nevertheless exceeding the  7'. By means of the coder 7' the auxiliary
signal is in- value q/2 in any way, the output line of each attenua-
serted In the audio signal in the manner described tor 25(p) can comprise
the limiter 30(p) shown in a   5   hereinbefore. The auxiliary signal can
thus be insert- dashed line in Fig. 1, which limiter receives informa-  ed
into one or more of the sub-band signals into which tion about the
limitation value to be set from the cir-  the audio signal (k) has been
divided. cults 28(p) and limits the output signal of the attenu-
Preferably, the auxiliary signal is accommodated ator25(p) to a maximum of
q/2.                     in one or more of the lowersub-bands (of
lowfrequen- If a choice is made in favour of simultaneous  10  cy). In the
sub-bands which are situated in the low- masking combined with temporal
masking, the cir-   frequency range the signal content of the audio signal
cuits 28(p) and 32(p) comprise the circuits necessary  is generally
maximal. This means that the masking for comparing the current sample of
[err] to one or  threshold in said sub-band(s) is also high. This en- more
previous samples so as to decide to a larger  ables an auxiliary signal of
large amplitude to be in- quantization step on the basis of pre-stored
informa-  15  serted in the audio signal. This simplifies detection of tion
about the variation of the temporal masking curve  the auxiliary signal.
belonging to a specific maximum amplitude of [err]    Thus, by means of the
device shown in Fig. 3 re- if the current sample has a lower amplitude than
the  cord carriers 48 are obtained on which the audio sig- amplitude of one
or more of the previous samples.  nal including the auxiliary signal is
recorded. The In the case of block quantization, a buffer circuit  20
method of recording on the record carrier 48, as is ef- is to be provided
between each of the P outputs of the  fected in the recording unit 47, is
not relevant to the filter bank 22 and the input of the relevant quantizer
present invention. It is possible, for example, to em- 24(p), which circuit
constantly stores a block of M sig-  ploy a recording method as known in
RDAT or SDAT nal samples, determines the maximum block ampli-   recorders.
The operation of RDAT and SDAT recor- tude and uses this value for
determining the quanti-  25  ders is known per se and is described
comprehen- zation step for the entire block.                  sively inter
alia in the book "The art of digital audio" Finally, it is observed that
additional room can be  by J. Watkinson, Focal Press (London) 1988. Obvi-
found for adding v(k) in a sub-band p by also consid-  ously, the recording
unit 47 should be capable of con- ering the amplitude variations in
adjacent sub-bands.  verting the parallel data stream of the P sub-band
sig- If, in an adjacent sub-band, a large amplitude of u(k)  30  nals into
a signal stream which can be recorded by occurs, whereas in the p sub-band
amplitude of u(k)  means of an RDAT or SDAT recorder. is very small or even
zero, one may decide, on the ba-  Fig. 4 shows diagrammatically a device
for repro- sis of the masking properties of the signal in this ad-  ducing
the audio signal as recorded on the record car- jacent sub-band, yetto
allow a specific amount of the  rier48 by means of the device shown in Fig.
3. Forthis signal v(k) to enter the sub-band p.          35   purpose the
device comprises a read unit 41 which is It is further pointed out that at
the output of the  constructed to read the data stream from the record
quantizers 33(p) a signal [err] is available which ba-  carrier 48 and to
supply the P sub-band signals via P sically has less quantization noise
than the signal s(k)  outputs. These P sub-band signals are then applied so
that in a receiver comprising a decoder a better  to P inputs of a
synthesis filter bak 27', having the replica of the signal u(k) can be
derived from these   40  same function as the filter bank 27 in Fig. 1.
This output signals by means of an additional synthesis fil-  means that
the P sub-band signals are recombined to ter.
form a digital signal of a predetermined format of, for Fig. 3 shows a
device forrecording a digital audio  example, 16 bits. After D/Aconversion
In the D/Acon- signal, such as the digital audio signal u(k) in Fig. 1,
verter 42 the audio signal is then available again on on a record carrier.
The device comprises a coder 7'  45  the output terminal 43. which bears
much resemblance to the codershown in      The audio signal, then still
contains the auxiliary Fig. 1. The only difference is that the synthesis
filter  signal. However, this auxiliary signal is not audible bank 27 has
been dispensed with. Instead, the out-  because it is masked by the audio
signal. puts of the summing circuit 26(p) are coupled to a re-  Fig. 5
shows a device for recording an audio sig- cording unit 47. This recording
unit is constructed to  50  nal, for example the audio signal reproduced by
the record the P sub-band signals applied to its inputs on  device shown in
Fig. 4. Such a device is intended for a record carrier 48. Averaged over
all sub-bands this  example for the consumer market. The device is ca-
enables such a data reduction to be achieved that the  pable of normally
recording audio information not information to be recorded on the record
carrier is re-  containing a copy inhibit code on a record carrier. corded
with, for example, 4 bits per sample, while the  55   However, the device
comprises a detector unit to de- information applied to the input 4
comprises, for ex-  tect a copy inhibit code inserted in the audio signal
to ample, 16 bits per sample.                         inhibit recording of
this audio signal. The auxiliary signal V(k) is generated in an aux-  The
device shown in Fig. 5 bears much resem- 8    
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shown in Fig. 3, the difference  of the auxiliary signal. The output of the
digital filter being that the device shown in Fig. 5 is not capable  may
then be coupled to the input 53 of the detector of inserting a copy inhibit
code into an audio signal.  unit50.In that case the
elements34(1)to34(P),35(1) This means that the elements bearing the
reference  to 35(P) and 36 may be dispensed with. numerals 23, 25(1) to
25(P), 28(1) to 28(P) and 26(1)   5  The embodiment shown in Fig. 6 bears
much re- to 26(P) are dispensed with. The device shown in Fig.  semblance
to that shown in Fig. 5. The output of the 5 further comprises
subtractorcircuits 34(1) to 34(P),  detector unit 50 is now coupled to an
input of a sig- amplifiers 35(1) to 35(P), a synthesis filter bank 36,
nalling unit 56, for example in the form of a light- and a detector unit
50. The section 10' of the device  emitting diode. The auxiliary signal in
the audio signal shown in Fig. 5, indicated by means of a solid line, is
10  then does not function as a copy inhibit code but infactidentical
tothedecoder10inFig. 1.Thismeans   merely as a signalling code to signal
that it is, In fact, that the section 10' Is adapted to filter out the
auxili-  not allowed to copy the relevant audio signal. In this ary signal
which, if present in the digital audio signal  case the decision whether
the audio signal is subse- applied to the input 51, then becomes available
on the  quently copied depends on the user himself. output 52. The detector
unit 50, which has an input 53   15  If the presence of the auxiliary
signal in the audio coupled to the output 52, Is constructed to detect said
signal to be recorded is detected the detector unit 50 auxiliary signal and
to generate the control signal  generates a control signal upon which the
signalling which is then applied to the control signal input 55 of  unit 56
(the diode) lights up. The usermay nowdecide the recording unit 47' via the
output 54.          to discontinue recording. The recording unit 47' is
constructed in such a   20  From Fig. 6 It is evident that the inputs of
the re- way that If a control signal appears on the control sig-  cording
unit 57' are now coupled to the outputs of the nal input 55 the recording
unit 47' does not record the  analysis filter means 22,so that if the user
should de- sub-band signals applied to its inputs or seriously dis-  cide
to continue recording, the audio signal, including torts these sub-band
signals before they are record-  the auxiliary signal, will be recorded.
ed. In the absence of a control signal on the control  25  Fig. 7 shows
another embodiment of the device. signal input 55 the recording unit 47'
will record the  The device shown In Fig. 6 is an extension of the de-
sub-band signals applied to its inputs.            vice shown in Fig. 5.
The controllable amplifiers 35(1) In this way an audio signal containing a
copy-  to 35(P) are not shown for simplicity. The device inhibit code in
the form of the auxiliary signal Inserted  shown in Fig. 6 is in addition
adapted to selectively in- in the audio signal is prevented from being
recorded   30  sert a copy inhibit code to the signal to be recorded, on
the record carrier 48' by the device.           assuming that the signal
applied to the input 4 does In the device shown in Fig. 5 it is assumed
that  not yet contain a copy inhibit code. In that case re- the auxiliary
signal is accommodated in a number of  cording will be inhibited by means
of the control signal sub-band signals. However, as already stated, the
applied to the control signal input 55 of the recording auxiliary signal
may also be inserted in only one sub-  35  unit 47'. band signal. In
thatcaseonlyonesubtractorcircuit34     The circuit bearing the reference
numeral 7" is and one amplifier 35 are required and the filter bank
substantially identical to the circuit 7' in Fig. 3, the dif- 36 comprises
only one input In the synthesis filter  ference being that it comprises an
additional control bank 36 the auxiliary signal is converted into a digital
signal input 60 via which a control signal can be ap- signal of, for
example, 16 bits.              40  plied to switches [err] to [err]
arranged in the lines to the The detector unit 50 may be a detector unit
which  summing circuit 26(1) to 26(P). can directly detect the presence or
absence of a dig-  If the signal u(k) applied to the input 4 does not ital
signal. Another possibility is the use of an analog  contain a copy inhibit
code the signal can be recorded detector unit 50. In that case the output
signal of the  on the record carrier 48'. If a control signal is applied
filter bank isfirst converted into an analog signal. The   45  to the
switches [err] via the input 60 the switches detector unit 50 then
comprises a narrow band band-  will be in the position shown. This means
that the aux- pass filter, a rectifier and a threshold detector. If the
iary signal V(k) is added to the signal to be recorded input signal of the
device is an analog signal an AID  via the summing circuits 26(1) to 26(P),
to inhibit fur- converter is arranged between the terminal 51 and
thercopying. If another control signal is applied tothe the Input of the
filter bank 22.              50  input 60, the switches [err] to [err] will
be in the position It is now assumed that the auxiliary signal is in-  not
shown. This means that the value "0" is applied to serted In only one
sub-band, for example the lower  all the summing circuits 26, so that
merely the signal sub-band. In that case it may be adequate to use a  u(k),
without auxiliary signal, is recorded on the re- simpler detection circuit
in the form of a digital filter  cord carder 48'. coupledtotheoutputP = 1
of the analysisfiltermeans  55  Again it is obvious that If the auxiliary
signal is re- 22. This filter may be for example a recursive flter  corded
in only one sub-band only one summing circuit having a sharp filter
characteristic, the maximum in  26(P) is provided and the control signal is
applied to the filter characteristic coinciding with the frequency  only
one switch [err] via the terminal 60. 9    
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embodiment which bears much      in that the means for analysing the
digital signal resemblance to the embodiment shown in Fig. 7. The
comprise analysis filter means (22) for generat- embodiment shown in Fig. 8
excludes the possibility  ing a number of P sub-band signals in response of
making a choice whether the audio signal which    to the digital signal,
which analysis filter means does not contain a copy inhibit code will be
provided   5  divide the frequency band of the digital signal into with
such an inhibit code. This means that if the de-  consecutive sub-bands
having band numbers p tector unit 50 detects that the signal to be recorded
(1 [err] p [err] P), whereas for each of the respective does not contain an
auxiliary signal, this auxiliary sig-  sub-bands (P) means (24(p)) are
provided for nal will be Inserted automatically. Fig. 8 shows that in-
quantizing the digital signal in an unequivocal terconnections are now
arranged between the out-  10  manner and means (26) for combining the re-
puts of the amplifiers 25(1) to 25(P) and the (second)  spective quantized
sub-band signals and the inputs of the signal combination units 26(1) to
26(P).  auxiliary signal for constituting P compound sub- The switches
[err] to [err] and the control signal input 60  band signals. in Fig. 7 are
consequently dispensed with. Such a device is very useful if it has been
decided   15  4. A coder as claimed in Claim 3, where dependent to allow
copies to be made only of prerecorded record  on Claim 2, characterized in
that synthesis filter carriers (which are not provided with said auxiliary
means (27) are provided for constructing a repli- signal) and original
recordings (which neither contain  ca of the compound signal in response to
the said auxiliary signal), copying of these copies, how-  compound
sub-band signals, which synthesis fil- ever, being inhibited. A prerecorded
record carrier can   20  ter means combine the sub-bands according to a now
be copied normally. However, the resulting copy  filter method with sample
frequency enhance- is provided with an auxiliary signal and cannot be cop-
ment corresponding to the sub-division in the led again.
analysis filter means (22). It is to be noted that all the embodiments have
been described for devices for recording a digital au-  25  5. A coder as
claimed in Claim 4, characterised in dio signal on a magnetic record
carrier. However, this  that the auxiliary signal v(k) is a digital audio
sig- should not be regarded as a limitation to magnetic re-  nal and in
that analysis filter means (23) are pro- cord carriers only. The invention
likewise relates to  vided for generating a number of P sub-band sig-
devices which record the audiosignal on an optical re-  nals in
responsetothe auxiliary signal v(k), which cord carrier. In the future this
possibility will become   30  analysis filter means divide the frequency
band available to the consumer. With the advent of the CD  of the auxiliary
signal intoconsecutive sub-bands erasable and the CD write-once and
magnetooptical    having band numbers p (1 [err] p [err] P) according to
recording technologies.                              a filter method with
sample frequency reduction. 35  6. A coder as claimed in Claim 4 or 5,
characterised Claims                                               in that
the bandwidths of the sub-bands approxi- mately correspond to the critical
bandwidths of 1. A coder for incorporating extra information in the  the
human auditory system in the respective fre- form of an auxiliary signal
v(k) in a digital audio  quency ranges. signal u(k) having a predetermined
format, char-  40 acterised in that the coder (7) comprises means  7. A
coder as claimed in Claims 4,5 or6, character- (22, 28) for analysing the
digital signal, means  ised in that the means (24) for quantizing the dig-
(24) for quantizing the analysed digital signal in  ital signal in an
unequivocal manner are arranged an unequivocal manner and means (28') for
de-     foradaptivelyquantizing this signal and in thatfor termining, on
the basis of the acoustic properties  45  each sub-band the size of the
quantization step of the human auditory system, the amount of ex-   depends
on the amplitude of the digital signal tra information that can be added to
the quan-    sample, while there Is an exponential relationship tized
digital signal without this extra information  with a preset basic number a
between the possi- being audible with unmodified detection; means    ble
successive steps. (26) for combining the extra information and the   50
quantized digital signal to a compound signal.  8. A coder as claimed in
Claim 7, characterised in that the size of the quantization step of a
sample 2. A coder as claimed in Claim 1, characterized In   to be quantized
also depends on the size of at that it comprises means (29) for
reconverting the  least a previous sample. compound signal into a digital
signal having the  55 predetermined format.                          9.
Acoderas claimed in Claim 7 or 8, characterised In that means (25) are
provided for attenuating 3. Acoder as claimed in Claim 1 or2, characterised
each sub-band signal of the auxiliary signal by a 10    17
EP 0 372 601 B1                 18 



Fig. 8 shows an embodiment which bears much       in that the means for
analysing the digital signal resemblance to the embodiment shown in Fig. 7.
The    comprise analysis filter means (22) for generat- embodiment shown in
Fig. 8 excludes the possibility  ing a number of P sub-band signals in
response of making a choice whether the audio signal which    to the
digital signal, which analysis filter means does not contain a copy inhibit
code will be provided   5  divide the frequency band of the digital signal
into with such an inhibit code. This means that if the de-  consecutive
sub-bands having band numbers p tector unit 50 detects that the signal to
be recorded   (1 [err] p [err] P), whereas for each of the respective does
not contain an auxiliarysignal, this auxiliary sig-  sub-bands (P) means
(24(p)) are provided for nal will be inserted automatically. Fig. 8 shows
that in-  quantizing the digital signal in an unequivocal terconnections
are now arranged between the out-  10  manner and means (26) for combining
the re- puts of the amplifiers 25(1) to 25(P) and the (second)  spective
quantized sub-band signals and the inputs of the signal combination units
26(1) to 26(P).  auxiliary signal for constituting P compound sub- The
switches [err] to [err] and the control signal input 60  band signals. in
Fig. 7 are consequently dispensed with. Such a device is very useful if it
has been decided   15  4. A coder as claimed in Claim 3, where dependent to
allow copies to be made only of prerecorded record  on Claim 2,
characterized in that synthesis filter carriers (which are not provided
with said auxiliary  means (27) are provided for constructing a repli-
signal) and original recordings (which neither contain  ca of the compound
signal in response to the said auxiliary signal), copying of these copies,
how-  compound sub-band signals, which synthesis fil- ever, being
inhibited. A prerecorded record carrier can   20  ter means combine the
sub-bands according to a now be copied normally. However, the resulting
copy  filter method with sample frequency enhance- is provided with an
auxiliary signal and cannot be cop-  ment corresponding to the sub-division
in the ied again.                                            analysis
filter means (22). It is to be noted that all the embodiments have been
described for devices for recording a digital au-  25  5. A coder as
claimed in Claim 4, characterised in dio signal on a magnetic record
carrier. However, this  that the auxiliary signal v(k) is a digital audio
sig- should not be regarded as a limitation to magnetic re-  nal and in
that analysis filter means (23) are pro- cord carriers only. The invention
likewise relates to  vided for generating a number of P sub-band sig-
devices which record the audio signal on an optical re-  nals in response
to the auxiliary signal v(k), which cord carrier. In the future this
possibility will become   30  analysis filter means divide the frequency
band available to the consumer. With the advent of the CD  of the auxiliary
signal into consecutive sub-bands erasable and the CD write-once and
magnetooptical     having band numbers p (1 [err] p [err] P) according to
recording technologies.                               a filter method with
sample frequency reduction. 35  6. A coder as claimed in Claim 4 or 5,
characterised Claims                                                in that
the bandwidths of the sub-bands approxi- mately correspond to the critical
bandwidths of 1. A coder for incorporating extra information in the  the
human auditory system in the respective fre- form of an auxiliary signal
v(k) in a digital audio  quency ranges. signal u(k) having a predetermined
format, char-  40 acterised in that the coder (7) comprises means  7. A
coder as claimed in Claims 4,5 or 6, character- (22, 28) for analysing the
digital signal, means  ised in that the means (24) for quantizing the dig-
(24) for quantizing the analysed digital signal in  ital signal in an
unequivocal manner are arranged an unequivocal manner and means (28') for
de-     foradaptivelyquantizing this signal and in thatfor termining, on
the basis of the acoustic properties  45  each sub-band the size of the
quantization step of the human auditory system, the amount of ex-   depends
on the amplitude of the digital signal tra information that can be added to
the quan-    sample, while there is an exponential relationship tized
digital signal without this extra information  with a preset basic number a
between the possi- being audible with unmodified detection; means    ble
successive steps. (26) for combining the extra information and the  50
quantized digital signal to a compound signal.  8. A coder as claimed in
Claim 7, characterised in that the size of the quantization step of a
sample 2. A coder as claimed in Claim 1, characterized in   to be quantized
also depends on the size of at that it comprises means (29) for
reconverting the  least a previous sample. compound signal into a digital
signal having the  55 predetermined format.                          9. A
coder as claimed in Claim 7 or 8, characterised in that means (25) are
provided for attenuating 3. A coder as claimed in Claim 1 or 2,
characterised  each sub-band signal of the auxiliary signal by a 10    19
EP 0 372 601 B1                 20 factor G, for which holds G = 2a/(a -
1).              ther adapted to apply the P sub-band sig- 



nals to P outputs, which outputs are cou- 10. Adecoderto be used in
combination with a coder         pled to P corresponding inputs of a (7) as
claimed in Claims 5 to 9, characterised in     - recording unit (47') which
is adapted to re- that the decoder (10) comprises analysis filter   5
cord the P sub-band signals on the record means (31) for generating a
numberof compound           carrier, sub-band signals in response to the
compound       characterized in that the device further compris- signal,
which analysis filter means divide the fre-  es a detection unit (50)
coupled to the analysis fil- quency band of the compound signal into
consec-    ter means (22), in that the detection unit is adapt- utive
sub-bands having band numbers p (1 [err] p 5   10  ed to detect the
presence of an auxiliary signal in P) according to a filter method with
sample fre-   one or more of the sub-band signals and to gen- quency
reduction, while the bandwidths of the      erate a control signal upon
detection of the aux- sub-bands correspond with those of the analysis
illary signal and to apply the control signal to an filter means (22) in
the coder, means (33) for     output (54), in that said output is coupled
to a con- quantizing compound sub-band signals in an un-  15  trol signal
input (55) of the recording unit (47'), equivocal manner, means (34) for
subtracting the   and in that the recording unit is adapted to inhibit
respective quantized sub-band signals from the     recording of the audio
signal in the presence of corresponding sub-band signals of the com-
the control signal and to record the audio signal pound signals for
constituting sub-band differ-    in the absence of the control signal. ence
signals, and synthesis filter means (36) for  20 constructing a replica of
the auxiliary signal v'(k)  15. A device for recording a digital audio
signal on a in response to the sub-band difference signals,    record
carrier (48'), comprising a coder for sub- which synthesis filter means
combine the sub-      band coding of the digital audio signal of given
bands according to a filter method with sample     sample frequency 1/T,
wherein the coder com- frequency enhancement corresponding to the   25
prises: sub-division in the analysis filter means.            - analysis
filter means (22) responsive to the audio signal to generate a plurality of
P sub- 11. Adecoderas claimed In Claim 10, characterised          band
signals, which analysis filter means in that the means (33) for quantizing
the digital       divide the frequency band of the audio sig- signal in an
unequivocal manner are arranged for  30    nal into consecutive sub-bands
having adaptively quantizing this signal and in that per       band numbers
p(1 [err] p [err] P) in accordance sub-band the size of the quantization
step de-          with a filter method using sample frequency pends on the
amplitude of the sample of the dig-        reduction, which analysis filter
means are ital signal, whilst between the possible succes-        further
adapted to apply the P sub-band sive steps there Is an exponential
relationship  35     signals to P outputs, which outputs are cou- with a
predetermined basic number a.                    pled to P corresponding
inputs of a - recording unit (47') which is adapted to re- 12. Adecoderas
claimed in Claim 9, characterised in        cord the P sub-band signals on
the record that means (35) are provided for amplifying each        carrier,
sub-band difference signal by a factor G, which   40  characterized in that
the device further compris- complies with G = 2a/(a - 1).
es a detection unit (50) which is coupled to the analysis filter means
(22), in that the detection 13. A device for recording a digital audio
signal on a  unit is adapted to detect the presence of an aux- record
carrier (48), comprising a coder (7) as     iliary signal in one or more of
the sub-band sig- claimed in any one of the claims 1 to 9.   45      nals
and to generate a control signal upon detec- tion of the auxiliary signal
and to apply the control 14. A device for recording a digital audio signal
on a  signal to an output (54), in that said output is cou- record carrier
(48'), comprising a coder for sub-  pled to a signalling unit (56), and in
that the sig- band coding of the digital audio signal of given   nalling
unit is constructed to signal that the audio sample frequency 1/T, the
coder comprising:  50    signal to be recorded, when the control signal is
- analysis filter means (22) responsive to the  present, is an audio signal
containing an auxiliary audio signal to generate a plurality of P sub-
signal. band signals, which analysis filter means divide the frequency band
of the audio sig-  16. Adevice as claimed in Claim 14 or 15, character- nal
in conformity with a filter method with  55  ized in that the coder further
comprises signal sample frequency reduction into consecu-      combination
means (26, S1 to Sp) coupled to the tive sub-bands having band numbers p(1
[err]       analysis filter means, in that the signal combina- p [err] P),
which analysis filter means are fur-  tion means are adapted to selectively
(via 60) add 11    21                  EP 0372 601 B1                 22
the auxiliary signal, in the absence of the control  2. Kodierer nach
Anspruch Idadurch gskennzeich- 



signal, to one or more of the sub-band signals to  net, daI dieser mit
Mitteln (29) versehen ist, zum form P composite sub-band signals and to
apply     Umwandeln des zusammengesetzten Signals in said P composite
sub-band signals to P outputs,    ein digitales Signal des vorbestimmten
Fonmats. which P outputs are coupled to the P correspond-   5 ing inputs of
the recording unit (47') (Fig 7).  3. Kodierer nach Anspruch 1 oder 2,
dadurch ge- kennzeichnet, dall die Mittel zum Analysieren 17. Adevice as
claimed in Claim 14 or 15, character-  des digitalen Signals
Analysenfiltermittel (22) ized in that the coder further comprises signal
aufweisen zum in Antwort auf das digitale Signal combination means (26)
coupled to the analysis  1o  Erzeugen von P Teilbandsignalen, wobei diese
filter means (22), in that the signal combination  Analysenfiltermittbl das
Frequenzband des digi- means are adapted to add the auxiliary signal, in
talen Signals nach einem Filterverfahren mit Ab- the absence of the control
signal, to one or more  tastfrequenzwertverringerung in Aufeinanderfol- of
the sub-band signals to form P composite sub-  gende Teilbinder mit
Bandnummern p (1 5 p _ band signals and to apply said P composite sub-  15
P), wobel fflr jedes der betreffenden Teilbander band signals to P outputs,
which P outputs are    (P) Mittel (24(p) vorgesehen sind zum aufelndeu-
coupled to the P corresponding inputs of the re-  tige Weise Quantisieren
des digitalen Signals cording unit (Fig 8).
und Mittel (26) zum Kombinieren der betreffen- den quantislerten
Tellbandsignale und der ent- 18. Adevice as claimed in Claim 14,
characterized in  20  sprechenden Teilbandsignale des Hilfsaignals that the
coder forms part of a coder as claimed in  zum Bliden von P
zusammengesetzten Teilband- any one of the Claims 1 to 9.
signalen. 19. A record carrier on which a digital audio signal  4. Kodlerer
nach Anspruch 3 insofern abhingig von has been recorded by means of a
device as   25    Anspruch 2, dadurch gekennzeichnet, daB der claimed in
any one of the Claims 13,16,17 or 18,   Kodierer welterhin mit
Synthesefiltermitteln (27) characterized in that the audio signal is
divided  versehen ist zum in Antwort auf die zusammen- into P sub-band
signals and in that the audio sig-  gesetzten Teilbandsignale Bilden einer
Replik nal Is combined with an auxiliary signal in one or  des
zusammengesetzten Signals, wobei die Syn- more of the sub-bands in order to
obtain P com-  30  thesefiltermittel die Teilbander nach einem der posite
sub-band signals recorded on the record    Aufteilung in den
Analysenfiltermitteln entspre- carrier (48), and in that the auxiliary
signal is se-  chenden Filterverfahren mit Abtastfrequenz- lected in such a
way that during reproduction of  werterhohung zusammenfugen. the composite
audio signal recorded on the re- cord carrier via a loudspeaker device said
auxili-  35  5. Kodierer nach Anspruch 4, dadurch gekenn- ary signal is
substantially imperceptable to a Il-  zeichnet, daeidas Hilfasignal v(k)
ein digitalesAu- tener.
diosignal ist und dal3 Analysenfiltermittel (23) vorgesehen sind zum in
Antwort auf das Hilfssi- gnal Erzeugen einerAnzahl von P Teilbandsigna-
Patentansprulche                              40     len, wobei die
Analysenfiltermittel das Frequenz- band des Hilfssignals v(k) nach einem
Filterver- 1. Kodierer zum Aufnehmen zusatzlicher nforma-        fahren mit
Abtastfrequenzwertverringerung in tion in Form eines Hilfssignals v(k) in
eln digitales  aufeinanderfolgende Teilbander mit bandnum- Audlosignal u(k)
eines vorbestimmten Formats,      mern p (1 5 p 5 P) aufteilen. dadurch
gekennzebchnet, daB der Kodierer (7)  45 mit Mitteln (22,28)
zumrAnalysleren des digitalen  6. Kodierer nach Anspruch 4 oder 5, dadurch
ge- Signals, mit Mittein (24) zum auf eindeutige Art  kennzeichnet, daB die
Bandbreiten der Tellban- und Weise Quantisieren des analysierten Si-
derden kritischen Bandbreiten des menschlichen gnals, sowie mit Mitten (28)
zum auf Grund der     Ohres in den betreffenden Frequenzbereichen
akustischen Eigenschaften des menschlichen   5o    annahernd entsprechen.
Ohres Bestimmen der Menge zusltzlicher Infor- mation, die dem quantisierten
digitalen Signal zu-  7. Kodierer nach Anspruch 4, 5 oder 6, dadurch ge-
geffigt warden kann, ohne daB diese zusatz7iche    kennzeichnet, daB die
Mittel (24) zum auf eindeu- Information bei einer unmodifizierten Detekidon
tige Weise Quantisieren des digitalen Signals hfrbar ist, und mit Mitteli
(26) zum Kombinieren  6C  zum adaptiven Quantisieren dieses Signals ein-
der zusatzlichen Information und des quantisier-   gerichtet sind und je
Teilband die Gr8Be des ten digitalen Signals zu einem zusammengesetz-
Quantislerungsschrittes von derAmplitude eines ten Signal versehen ist.
Abtastwertes des digitalen Signals abhangig ist, 12    23
EP0372 601 BI                   24   I1111111 1u1111  I   1 wobel es
zwischen den m6glichen aufeinander-      zu verstarken, wobei gilt: G = 2a
/ (a - I). folgenden Schritten einen exponentiellen Zu- 



sammenhang mit einer orbestimmten Grundzahl    13. Anordnung zum
Aufzeichnen sines digitalen Au- a gibt.
diosignals auf elnem Aufzeichnungstriger (48) 5      mit einem Kodierer(7)
nach elnem derAnspruche S. Kodlerer nach Anspruch 7, dadurch gekenn-
I b/s 9. zeichnet, dai die Gr5Se des Quantisierungs- schrittes sines zu
quantisierenden Abtastwertes  14. Anordnung zum Aufzeichnen sines digitalen
Au- zugleich von der GrBo emindestens sines vorher-   diosignals auf einem
Aufzeichnungstrager (48) gehenden Abtastwertes abhangig st.        10
mit einem KodlererzurTeilbandkodierung des di- gitalen Audlosignals elner
bestimmten Abtastfre- 9. Kodlerer nach Anspruch 7 oder 8, dadurch ge-
quenzwert1fT,wobeiderKodierermitdenfolgen- kennzelchnet, dag Mittel (25)
vorgesehen sind     den Elementen versehen Ist: um jedes Tellbandsignal des
Hilfssignals um ei-      - Analysenfiltrmittein (22) zum in Antwort nen
Faktor G zu dampfen, wobel gilt: G = 2a / (a  15  auf das Audiosignal
Erzeugen einerAnzahl - 1).
von P Teilbandsignalen, wobei diese Analy- senfiltermittel das Frequenzband
des Au- 10. Dekoder zum Gebrauch zusammen mit elnem
diosignals nach sinem Filtbrverfahren mit Kodlerer (7) nach den Anspruchen
5 b/e 9, da-         Abtastfrequenzwertverringerung In aufein- durch
gekennzeichnet daB der Dekoder (10) mit  20     anderfolgende Tellbander
mit Bandnurn- Analysenfiltermittln (31) versehen ist zum in          morn p
(1 s p 5 P) auftbilen, wobei diese Antwort auf das zusammengesetztb Signal
Er-           Analysenfiltermittel weiterhin dazu einge- zeugen siner
Anzahl zusammengesetzter Tell-           richtet sind, P Ausgangen die P
Teilbandsil- bandsignale, wobei die Analysenfiltermittel das       gnale
zuzufuhren, wobei diese Ausgange Frequenzband des zusammengesetzten Signals
25        gekoppelt sind mit P entsprechenden Eln- nach elnern
Filbtrverfahren mit Abtastfrequenz-       gangen, wertveringerung In
aufeinanderfolgende Tell-         - einer Aufzeichnungseinheit (47'), die
zum bander mit Bandnummern p (1 S p 5 P) aufteilen,       Aufzeichnen der
PTellbandsignale auf dem wobei die Bandbreiten der Teilbander denen der
Aufzelchnungstriger eingerichtet ist, Analysenfilbtrmittel (22) in dem
Kodierer ent-  30  dadurch gskennzeichnet, daB die Anordnung sprechen, mit
Mittein (33) zum auf eindeutige     welterhin sine mit den
Analysenflltermittein (22) Weise Quantisibren der zusammengesetzten
gekoppelte Detsktionseinheit (50) aufweist, dal Teilbandsignale, mit
Mitteln (34) zum Subtrahie-  die Detoktlonseinheit zum Detsktieren des Vor-
rsn der betreffenden quantisierten Teilbandsl-    handenseins elnes
Hilfssignals in sinem odor gnale von den entsprechenden Teilbandslgnalen
35  mehreren der Teilbandsignale sowie zum Erzeu- deszusammengesetzten
Signals zurn Bilden von      gen sines Steuersignals bel Detoktion des
Hilfs- Tellbanddifferenzsignalen und mit Synthessfil-    signals und zum
Zufuhren dieses Steuersignals termittein (36) zurm in Antwort auf die
Teilbanddif-  zu einem Ausgang (54) eingerichtst ist, dall die-
ferenziignale Bilden einer Replik des Hilfssi-    serAusgang mit einem
Steuersignaleingang (55) gnals v'(k), wobei die Synthesemittel die Teilban-
40  der AufzelchnungseinheK (47') gekoppelt let und der nach einem der
Auftoilung in den Analysen-    dalB die Aufzeichnungselnheit zum Sperren
der filtermittein entsprechenden Filtorverfahren mit  Aufnahme des
Audiosignals beim Vorhanden- Abtastfrequenzwerterhohung zusammonfflgen.
sein des Stbuersignals und zum Aufzeichnen des Audiosignals beim Fehlen des
Steuersignals ein- 11. Dekoder nach Anspruch 10, dadurch gekenn-  45
gerichet ist. zeichnet, daB die Mittel (33) zum auf eindeutige Weise
Quantisieren des digitalen Signals zum   15. Anordnung zum Aufzeichnen
sines digitalen Au- adaptiven Quantisieren dieses Signals eingerich-
diosignals auf einem Aufzeichnungstriger (48') tot sind und jo Teilband die
GrSBe des Quantisle-  mit einem KodiererzurTeilbandkodilrung des di-
rungsschrittbs von der Amplitude sines Abtast-  5o  gitalen Audiosignals
mit der bestimmtbn Abtast- wertes des digitalen Signals abhangig bt, wobei
frequenz lIT, wobsi der Kodierer mit den folgen- es zwlschen den moglichen
aufeinanderfolgen-      den Elementen versehen ist: den Schritten elnen
exponentlellen Zusammen-         - Analysenfiltermittoin (22) zum in
Antwort hang mit einer vorbestimmten Grundzahl a gibt.        auf das
Audiosignal Erzougen einer Anzahl 55          von P Teilbandsignalen, wobei
diese Analy- 12. Dekoder nach Anspruch 11, dadurch gekenn-
senfiltormittel das Frequenzband des Au- zeichnet, daB Mittel (35)
vorgesehen sind um jo-      dlosignals nach einem Filterverfahren mit des
Teilbanddifferenzeignal um einen Faktor G
Abtastfrequenzwertverringerung In aufein- 13    25                 EP 0 372
601 B1                 I6           1  L   11111 M  ! I anderfolgende
Teilbfnder mit Bandnum-        nung nach einem der AnsprOche 13, 18, 17
oder mern p (1 5 p 5 P) aufteilen, wobei diese    18 sin
digitalesAudiosignal aufgezeichnet ist, da- 



Analysenfiltermittel weiterhin dazu singe-   durch gekennzelchnet, daa des
Audiosignal in P richtet sind, P Ausgangen die P Tellbandsi-
Teilbandsignale aufgetbilt !st und daB zum Erhal- gnale zuzufuhren, wobel
diese Ausgange   5   ten von P zusammengesetzten Teilbandsigna- gekoppelt
sind mit P entsprechenden Ein-     len, die auf dem Aufzeichnungstrager(48)
aufge- gingen,                                      zeichnet sind, dem
Audlosignal in einem oder - einer Aufzeichnungselnheit (47), die zum
mehreren der Teilbander ein Hilfasignal zugef~gt Aufzeichnen der P
Teilbandsignale auf dam    worden Ist und daB das Hilfssignal derart
gewihIt Aufzeichnungstrager eingerichtst ist,  10    worden bt, dalB dieses
Hilfssignal bei Wiederga- dadurch gekennzeichnet, daB die Anordnung
be des aufdem Aufzeichnungstrigeraufgezeich- welterhin eine mit den
Analysenfiltermitteln (22)  neten zusammengesetzten Audiosignals Ober
gekoppelte Detektionseinheit (50) aufweist, daa   die Lautsprecheranordnung
fureinen Zuh6rer im die Detoktionseinheit zum Detektieren des Vor-
wesentlichen nicht wahrnehmbar ist. handenseins eines Hilfesignals In sinem
oder  15 mehreren der Tellbandsignale sowie zum Erzeu- gen sines
Stbuersignals bei Detektion des Hilfs-  Revendlcations signals und zum
Zufuhren dieses Steuersignals zu sinem Ausgang (54) elngerichtet Ist, daB
die-  1. Codeur pour incorporer des informations suppl6- serAusgang
miteinerAnzeigeeinhelt (56) gekop-  20  mentaires sous la forme d'un signal
auxiliaire v(k) pelt ist, die dazu eingerichtst ist, beim Vorhan-  dons un
signal audionum6rique u(k) ayant un for- densein des Stbuersignals
anzuzeigen, daB des     mat prhd6termIn6, caract6rls6 en eo quo le co-
aufzuzeichnende Audiosignal sin mit einem Hilfs-  deur (7) comprend des
moyens (22,28) pour ana- signal versehenes Audiosignal ist.
lyser le signal numorique, des moyens (24) pour 25      quantifier Is
signal numerique analyso de manib- 16. Anordnung nach Anspruch 14 odsr 15,
dadurch      re non equivoque et des moyens (28') pour d6btr-
gekennzeichnet, dalB der Kodierer weiterhin mit   miner, sur la base des
propriets acoustiques du Signalkombiniermittein (26, SI bis Sp) versehen
systeme auditif humain, la quantite d'informa- ist, die mit den
Analysenfiltermitteln gekoppelt  tions supplementaires quo eon pout ajouter
au si- sind, dai die Signalkombiniermittel dazu einge-  30  gnal numerique
quantifie sans quo ces Informa- richtst sind, beim Fehlen des Steuerslgnals
das  tions numeriques suppl6mentaires solent audi- Hilfssignal nach Wunsch
(Ober 80) olnem oder      bles avec une ditection non modifiee, des
mehreren der Teilbandsignale hinzuzuffLigen zur   moyens (26) etant prevus
pour combiner les in- Bildung von P zusammengesetzten Tellbandsi-
formations supplementaires et le signal numeri- gnalen und zumZufuhren
dieserPzusammenge-  35     quo quantifie on un signal composite. setzten
Teilbandsignale zu P Ausgfngen, die mit den P entsprechenden Eingfngen der
Aufzeich-   2. Codeur selon la revendlcation 1, caracteins6 en nungseinheit
(47') gekoppelt sind (Fig. 7).       ce qu'il comprend dos moyens (29) pour
recon- vertir le signal composite en un signal numerique 17. Anordnung nach
Anspruch 14 odor 15, dadurch   40  ayant le format pr6d6termine.
gekennzeichnet, dal3 der Kodierer weitorhin mit Signalkombiniermittein (26)
versehen ISt, die mit  3. Codeur selon la revendication I ou 2, caractirs6
don Analysenfiltermitteln (22) gekoppelt sind,    en ce quo les moyens
d'analyse du signal nume- daB die Signalkombiniermittbl dazu eingerichtbt
rique comprennent des moyens de filtrage ana- sind, beim Fehlen des
Steuersignals des Hilfssi-  45  lytique (22) pourg6nerorun nombre de
Psignaux gnal einem oder mehreren der Teilbandsignale      de sous-bandes
en reaction au signal num6rique, hinzuzufugen zur Bildung von P zusammenge-
ces moyens de filtrage analytique divisant la ban- setzten Teilbandsignalen
und zum Zufflhren die-   de de fr6quences du signal numeiique en dos ser P
zusammengesetzten Teilbandsignale zu P      sous-bandes cons6cutives ayant
des nombres Ausgingen, die mit den P entsprechenden Ein-  6o  de bandes p
(1 9 p 9 P), tandis que, pour chacu- gingen
derAufzeichnungssinheitgekoppeltsind       ne des sous-bandes respectives
(p), des moyens (Fig.8).                                          (24(p))
sont prevus pour quantifier le signal nu- m6rique de maniere non equivoque
et des 18. Anordnung nach Anspruch 14, dadurch gekenn-      moyens (26)
sont pr6vus pour combiner les si- zeichnet, daM der Kodierer einen Tell des
Kodie-  65  gnaux de sous-bandes quantifihs respectifs et le rers nach
einem derAnsprfche 1 ble 9 bildet.      signal auxilialre pour constituer P
signaux de sous-bandes composites. 19. Aufzeichnungstrfger, auf dem mittels
derAnord- 14    27                 EP 0 372 601B1                 28   III
JIJIA ll   AI1I I I!II 4. Codeur solon la revendication 3, decoulant de la
de de fr6quences du signal composite en des revendication 2, caract6rise en
ce quo des       sous-bandes cons6cutives ayant des nombres 



moyens de filtrage synth6tique (27) sont prevus  de bandes p (1 5 p 5 P)
solon un proc6d6 de fil- pour construire une replique du signal composite
trage avec r6duction de la fr6quence d'6chantil- en r6acitonaux signaux
desous-bandes compo-   5  Ionnage, tandis quo les largeurs des sous- sites,
ces moyens de filtrage synth6tique combi-  bandes correspondent a celles
des moyens de nant les sous-bandes solon un procede de filtra-  filtrage
analytique (22) dans le codeur, des go avec augmentation de la frequence
d'6chan-    moyens (33) pourquantifierde maniere non 6qui- tillonnage
correspondant A la subdMivision dans  voque les signaux de sous-bandes
composites, les moyens de filtrage analytique (22).  10      des moyens
(34) pour soustraire les signaux de sous-bandes quantifies respectifs des
signaux 5. Codeur solon la revendication 4, caracterise en   de sous-bandes
correspondants des signaux ce quo Is signal auxillaire v(k) est un signal
audio-  composites pour former des signaux de differen- numerique et des
moyens de filtrage analytique   ces de sous-bandes, et des moyens de
filtrage (23) sont prevus pour generer un nombre P de si-  15  synthdtique
(36) pour construire une riplique du gnaux de sous-bandes en reaction au
signal       signal auxiliaire v'(k) en reaction aux signaux de auxillaire
v(k), ces moyens de filtrage analytique  difference de sous-bandes, leadits
moyens de divisant la bande de frequence du signal auxiliai-  filtrage
synthetique combinant les sous-bandes re en des sous-bandes consecutives
ayant des     solon un procede de filtrage avec augmentation nombres de
bandes p (1 5 p 5 P) solon un pro-  20  de la frequence d'echantillonnage
correspondant cede de filtrage avec reduction de la frequence  A la
subdivision dans les moyens de filtrage ana- d'echantillonnage.
lytique. 6. Codeur solon la revendication 4 ou 5, caracterise  11. Decodour
solon la revendication 10, caract6rise en ce quo les largeurs des
sous-bandes corres-  25  en ce quo les moyens (33) pour quantifier le s-
pondent approximativementauxlargeurs de ban-     gnal numerique de manibre
non equivoque sont de critiques du systbme auditif humain dans les  agences
pour quantifier de manlere adaptative plages de frequences respectives.
ce signal et quo, par sous-bande, la grandeur du pas de quantification
depend de l'amplitude de 7. Codeur solon la revendication 4, 5 ou 6,
caracte-  3o  I'echantillon du signal numerique, tandis qu'entre nse en ce
quo les moyens (24) pour quantifier Is  les pas successifs possibles, il y
a une relation signal numeijque de maniere non equivoque sont
exponentiolle avec un nombre de base predeter- congus pour quantifier ce
signal de maniere      minb a. adaptative et que, pour chaque sous-bande,
la grandeur du pas de quantification dbpend de  35  12. Dicodeurselon la
revendicatlon 9, caractiris aen l'amplitude de l'echantillon de signal
numbrique,  ce quo des moyens (35) sont prevus pour ampli- une relation
exponentiolle avec un nombre de     fier chaque signal de diffirence de
sous-bande base prir6gli a existant entre les pas successifs  d'un factbur
G qui rbpond A la formule G = 2a/(a possibles.
- 1). 40 8. Codeur solon la revendication 7, caracterise en  13. Dispositif
pour enregistrer un signal audionume- ce quo la grandeur du pas de
quantification d'un  rique sur un support d'enregistrement (48),
6chantillon A quantifier depend bgalement de la  comprenant un codeur (7)
selon l'une quelconque grandeur d'au moins un echantillon prbcedent.    des
revendications I A 9. 45 9. Codeur selon la revendication 7 ou 8,
caractirise  14. Dispositif d'enregistriment d'un signal audionu- en ce quo
les moyens (25) sont prbvus pour at-   mirique sur un support
d'enregistroment (48), tenuer chaque signal de sous-bande du signal
comprenant un codeur pour le codage de sous- auxiliaire d'un facteur G, qui
ripond A la relation  bandes du signal audionumbrique de frequence
G=2a/(a-1).                              50      d'ichantillon donnbe UIr,
ce codeur compre- nant: 10. Decodeur A utiliser en combinalson avec un co-
- des moyens de filtrage analytique (22) rea- deur (7) selon lea
revendicatlons 5 A 9, caracte-     gissant au signal audio pour gbnbrer une
rise en ce quo le dicodeur (10) comprend des          pluralite de P
signaux de sous-bandes, cis moyens de filtrage analytique (31) pour generer
56   moyens de filtrage analytique divisant la un certain nombre de signaux
de sous-bandes           bande de frbquences du signal audio solon
composites en rbaction au signal composite, ces       un procede de
filtrage avec reduction de la moyens de filtrage analytique subdivisant la
ban-    frequence d'echantillonnage en des sous- 15    29
EP 0372601 BI                  30   11c   L   1  S  * bandes consecutives
ayant des nombres         gnalisation (56) et que l'unite de signalisation
esat de bandes p (1 5 p 5 P), ces moyens de fil-   concue pour signaler quo
le signal audio A enre- trage analytique etant, en outre, A meme
gistrer, lorsqu'un signal de commande eat pre- 



d'appliquer les Psignaux de sous-bandes A     sent, eat un signal audio
contenant un signal P sorties, lesdites sorties itant couplees A   5
auxillairs. K>          P entries correspondantes - d'une unite
d'enregistrement (47') qui eat  16. Dispositf selon la revendication 14 ou
15, carac- concue pour enregistrer les P signaux de     tWise on ce quo lo
codeur comprend, en outre, sous-bandes sur Is support d'enregistre-
des moyens de combinalson de signaux (26 SI a ment,
0      So) rellis aux moyens de filtrage analytique, les caracterise en ce
quo le dispositif comprend, en  moyens de combinaison de signaux sont A
meme outre, une uniti de detection (50) rellie aux     d'ajoutbr
selectivement (via 60) Is signal auxilial- moyens de filtrage analytique
(22), que l'unite de  re, en l'absence de signal de commando, A un ou
ditection est A meme de ditecter la presence       plusieurs des signaux de
sous-bandes pour for- d'un signal auxillaire dans un ou plusieurs si-  15
mer P signaux de sous-bandes composites et gnaux de sous-bandes, de generer
un signal de     d'appliquer lesdits P signaux do sous-bandes commando lors
de Ia ditection du signal auxiliai-  composites A P sorties, lesquelles
sont coupioes re et d'appllquer le signal de commande a une      aux P
entries correspondantbs de l'uniti d'enre- sortie (54), quo laditb sortie
eat reliee A une on-  gistrement (47')(Fig. 7). treo de signal de commando
(55) de l'uniti d'n-  20 reglstrement (47') et quo l'uniti d'enregistrement
17. Dispositif selon Ia revendication 14 ou 15, carac- eat A meme
d'empecher l'enregistrement du si-     terise en ce quo le codeur comprend,
en outre, gnal audio en prisenoe du signal de commando       des moyens de
cornbinalson de signaux (26) re- et d'enregistrer le signal audio en
l'absence du si-  116s aux moyens de filtrage analytique (22), quo gnal de
commando.                         25      les moyens de combinaison de
signaux sont A memo d'ajouter Is signal auxiliaire, en l'absence 15.
Dispositif d'enregistrement d'un signal audionu-  du signal de commando, A
un ou plusieurs des si- merique sur un support d'enregistrement (48'),
gnaux de sous-bandes pour former P signaux de comprenant un codeur pour le
codage en sous-      sous-bandes composites et d'appliquer lesdits P bandes
du signal audionumerique de frequence   30  signaux de sous-bandes
composites A P sorties, d'echantillonnage donnie inT, dans lequel Is co-
lesquelles sont couplees aux P entrees corres- dour comprend:
pondantbs de l'unitb d'enregistrement (Fig. 8). - des moyens de filtrage
analytique (22) rea- gissantau signal audio pour genererun plu-  18.
Dispositif selon la revendicatlon 14, caracterise ralite de P signaux de
sous-bandes, oes  3s   en ce quo le codeur fait partie d'un codeur selon
moyens de filtrage analytique divisant la     l'uno quelconque des
revendications I A 9. bande de friquence du signal audio en des
I sous-bandes consicutives ayant des nom-    19.
Supportd'enregistrementsurloquel un signal au- bros de bandes p (1 5 p 5 P)
selon un pro-    dionum6rique a et enregistri A l'aide d'un dispo- cidi de
filtrage avec riduction de la fre-  40  sitif selon l'une quelconque des
revendicatlons quence d'echantillonnage, lesdits moyens      13, 16, 17 ou
18, caracteisi en ce quo le signal de filtrage analytique etant, en outre,
A     audio est divis6 en P signaux de sous-bandes et meme d'appliquer les
P signaux de sous-       quo le signal audio est combini avec un signal
bandes A P sortIes, lesquelles sont cou-      auxillaire dana une ou
plusieurs de sous-bandes plies A P entries correspondantes     45      de
maniere A obtenlr P signaux de sous-bandes - d'une uniti d'enregistrement
(47') qui eat    composites enregistres sur le support d'enregis- congue
pour enregistrer les P signaux de      trement (48) et quo le signal
auxillaire est silec- sous-bandes sur le support d'enregistre-      tionni
de tolls maniere qu'au cours de la repro- ment,
duction du signal audio composite enregistri sur caractirisi en ce quo le
dispositif comprend, en   50  le support d'enregistrement via un dispositif
a outre, une uniti de ditection (50) reliee aux      haut-parleur, ledit
signal auxiliaire soit sensible- moyens de filtrage analytique (22), quo
l'unite de  ment imperceptible A un auditsur. d6tection eat A meme de
ditecter la pr6sence d'un signal auxiliaire dans un ou plusieurs des si-
gnaux de sous-bandes, de ginerer un signal de  s6 commando par d6tection du
signal auxilisire et d'appliquer lo signal de commando A une sortie (54),
quo ladite sortie eat rellie A une uniti de sl- 16    


