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Description

The invention relates to a digital transmission
system comprising a transmitter and a receiver, for
transmitting a wide-band digital signal of a specific
sample frequency F;, for example a digital audio sig-
nal, via a transmission medium, and for receiving said
signal, the transmitter having an input terminal for re-
ceiving the wide-band digital signal, which input ter-
minal is coupled to an input of a signal source which
forms part of the transmitter and which is constructed
to generate a second digital signal and supply said
signal to an output, which second digital signal com-
prises consecutive frames, each frame comprising a
plurality of information packets, each information
packet comprising N bits, N being larger than 1, the
receiver comprising a decoder having an input for re-
ceiving the second digital signal, which decoder has
an oufput coupled to an output terminal to supply the
wide-band digital signal. The invention also relates to
a transmitter and a receiver for use in the transmis-
sion system, to a transmitter in the form of a device
for recording the second digital signal in a track on a
record carrier, to a record carrier obtained by means
of the transmitter, and to a receiver in the form of a
device for reading the second digital signal from the
track on the record carrier. A transmission system of
the type defined in the opening sentence is known
from the article "The Critical Band Coder - Digital En-
coding of Speech signals based on the Percentual re-
quirements of the Auditory System" by M.E. Krasner
in Proc. IEEE ICASSP 80, Vol.1, pp.327-331, April 9-
11, 1980. This article relates to a transmission system
in which the transmitter employs a subband coding
system and the receiver employs a corresponding
subband decoding system, but the invention is not
limited to such a coding system, as will become ap-
parent hereinafter.

In the system known from said publication the
speech signal band is divided into a plurality of sub-
bands whose bandwidth approximately corresponds
to the bandwidths of the critical bands of the human
ear in the respective frequency ranges (cf. Fig. 2 in
the article of Krasner). This division has been select-
ed because on the ground of psycho-acoustic experi-
ments it is foreseeable that the quantisation noise in
such a subband will be masked to an optimum extent
by the signals in this subband if in the quantisation al-
lowance is made for the noise-masking curve of the
human ear (this curve gives the threshold value for
noise masking in a critical band by a single tone in the
centre of the critical band, cf. Fig.3 in the article by
Krasner).

In the case of a high-quality digital music signal,
which in conformity with the Compact Disc Standard
is represented by 16 bits per signal sample in the case
of a sample frequency of 1/T = 44.1 kHz, it is found
that with a suitably selected bandwidth and a suitably
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selected quantisation for the respective subbands the
use of this known subband-coding system yields
quantised output signals of the coder which can be
represented by an average number of approximately
2.5 bits per signal sample, the quality of the replica of
the music signal not differing perceptibly from that of
the original music signal in substantially all passages
of substantially all kinds of music signals.

The subbands need not necessarily correspond
to the bandwidths of the critical bands of the human
ear. Alternatively, the subbands may have other
bandwidths, for example they may all have the same
bandwidth, provided that allowance is made for this in
determining the masking threshold.

It is an object of the invention to provide a number
of steps for the transmission system, in particular a
very specific choice for the format with which the dig-
ital wide-band signal, after conversion into the sec-
ond digital signal, can be transmitted via the trans-
mission medium, in such away that a flexible and
highly versatile transmission system is obtained. This
is to be understood to mean that the transmitter
should be capable of converting wide-band digital sig-
nals of different formats (which formats differ inter
alia in respect of the sample frequency Fg of the wide-
band digital signal, which may have different values
such as 32 kHz, 44.1 kHz and 48 kHz, as laid down
in the digital audio interface standard of the AES and
the EBU) into the second digital signal. Similarly, the
receiver should be capable of deriving a wide-band
signal of the correct format from said second digital
signal. To this end the transmission system in accor-
dance with the invention is characterized in that if P
in the formula

_ BR_ng
P = W X F_S

is an integer, where

BR is the bit rate of the second digital signal, and ng
is the number of samples of the wideband digital sig-
nal whose corresponding information, which belongs
to the second digital signal, is included in one frame
of the second digital signal, the number of information
packets B in one frame is P, and in that, if P is not an
integer, the number of information packets in a num-
ber of the frames is P’, P’ being the next lower integer
following P, and the number of information packets in
the other frames is equal to P'+1 so as to exactly com-
ply with the requirement that the average frame rate
of the second digital signal should be substantially
equal to FS/ns and that a frame should comprise at
least a first frame portion including the synchronising
information. The purpose of dividing the frames into
B information packets is that for a wide-band digital
signal of an arbitrary sample frequency Fg the aver-
age framerate of the second digital signal transmitted
by the transmitter is now such that the duration of a
frame in the second digital signal corresponds to the
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duration occupied by ng samples of the wide-band
signal. Moreover, this enables the synchronisation to
be maintained on an information-packet basis, which
is simpler and more reliable than maintaining the syn-
chronisation on a bit basis. Thus, in those cases
where P is not an integer, the transmitter is capable,
at instants at which this possible and also necessary,
to provide a frame with P’+1 instead of P’ information
blocks, so that the average frame rate of the second
digital signal can be maintained equal to Fg,s. Since
in this case the spacing between the synchronising
information (synchronising signals or synchronising
words) included in the first frame portion of succeed-
ing frames is also an integral multiple of the length of
an information packet it remains possible to maintain
the synchronisation on an information packet basis.
Preferably, the first frame portion further contains in-
formation related to the number of information pack-
ets in a frame. In a frame comprising B information
packets this information may be equal to the value B.
This means that this information corresponds to P’ for
frames comprising P’ information packets and to P’'+1
for frames comprising P’+1 information packets. An-
cther possibility is that this information corresponds
to P’ for all frames, regardless of whether a frame
comprises P’ or P'+1 information packets. The addi-
tionally inserted (P’+1)th information packet may
comprise for example merely "zeros". In that case this
information packet does not contain any useful info

rmation. Of course, the additional information packet
may also be filled with useful information. The first
frame portion may further comprise system informa-
tion. This may include the sample frequency F; of the
wide-band digital signal applied to the transmitter,
copy-protection codes, the type of wide-band digital
signal applied to the transmitter, such as a stereo-au-
dio signal or a mono-audio signal, or a digital signal
comprising two substantially independent audio sig-
nals. However, other system information is also pos-
sible, as will become apparent hereinafter. Including
the system information makes it possible for the re-
ceiver to be also flexible and enables the received
second digital signal to be correctly reconverted into
the wide-band digital signal. The second and the third
frame portions of a frame contain signal information.
The transmitter may comprise a coder comprising sig-
nal-splitting means responsive to the wide-band dig-
ital signal to generate a second digital signal in the
form of a number of M subsignals, M being larger than
1, and comprising means for quantising the respec-
tive sub signals. For this purpose an arbitrary trans-
form coding, such as the fast Fourier transform (FFT)
may be used. In that case the transmission system is
characterized in that the second frame portion of a
frame contains allocation information which, for at
least a number of sub signals, indicates the number
of bits representing the samples of the quantised sub-
signals derived from said subsignals, and in that the
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third frame portion contains the samples of at least
said quantised subsignals (if present). At the receiv-
ing end it is then necessary to apply an inverse trans-
form coding, for example an inverse Fourier trans-
form (IFFT), to recover the wide-band digital signal.
The transmission system, in which the signal-splitting
means take the form of analysis-filter means respon-
sive to the wide-band digital signal to generate a num-
ber of M subband signals, which analysis-filter means
divide the signal band of the wide-band digital signal,
using a sample-frequency reduction, into successive
subbands having band numbers m increasing with
the frequency, and in which the quantisation means
are adapted to quantise the respective subband sig-
nals block by block, is a system employing subband
coding as described above. Such a transmission sys-
tem is characterized further in that for at least a num-
ber of the subband signals the allocation information
in the second frame portion of a frame specifies the
number of bits representing the samples of the quan-
tised subband signals derived from said subband sig-
nals and in that the third frame portion contains the
samples of at least said quantised subband signals
(if present. This means in fact that the allocation in-
formation is inserted in a frame before the samples.
This allocation information is needed to enable the
continuous serial bit stream of the samples in the third
frame portion to be subdivided into the various indi-
vidual samples of the correct number of bits at the re-
ceiving end. The allocation information may require
that all samples are represented by a fixed number of
bits per subband per frame. This is referred to as a
transmitter based on fixed or static bit allocation. The
allocation information may also imply that a number
of bits variable in time is used for the samples in a
subband. This is referred to as a transmitter based on
the system of adaptive or dynamic bit allocation.
Fixed and adaptive bit allocation are described inter
alia in the publication "Low bit-rate coding of high
quality audio signals. An introduction to the MASCAM
system"by G. Theile etal, EBU Technical Review, No.
230 (August 1988). Inserting the allocation informa-
tion in a frame before the samples in a frame has the
advantage that at the receiving end a simpler decod-
ing becomes possible, which can be carried out in real
time and which produces only a slight signal delay. As
a result of this sequence it is no longer necessary to
first store all the information in the third frame portion
in a memory in the receiver. Upon arrival of the sec-
ond digital signal the allocation information is stored
in amemory in the receiver. Information content of the
allocation information is much smaller than the infor-
mation content of the samples in the third frame por-
tion, so that a substantially smaller store capacity is
needed than in the case that all the samples would
have to be stored in the receiver. Immediately upon
arrival of the serial data stream of the samples in the
third frame portion this data stream can be divided
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into the various samples having the number of bits
specified by the allocation information, so that no pre-
vious storage of the signal information is necessary.
The allocation information for all the subbands can be
included in a frame. However, this is not necessary,
as will become apparent hereinafter.

The transmission system may be characterized
further in that in addition the third frame portion in-
cludes information related to scale factors, a scale
factor being associated with at least one of the quan-
tised subband signals contained in the third frame
portion, and in that the scale factor information is in-
cluded in the third frame portion before the quantised
subband signals. The samples can be coded in the
transmitter without being normalised, i.e. without the
amplitudes of a block of samples in a subband having
been divided by the amplitude of the sample having
the largest amplitude in this block. In that case no
scale factors have to be transmitted. If the samples
are normalised during coding scale factor information
has to be transmitted to provide a measure of said
largest amplitude. If in this case the scale factor infor-
mation is also inserted in the third frame portion be-
fore the samples it is possible that during reception to
the scale factors to be derived from said scale infor-
mation are first stored in a memory and the samples
are multiplied immediately upon arrival, i.e. without a
time delay, by the inverse values of said scale factors.
The scale factor information may be constituted by
the scale factors themselves. Itis obvious that a scale
factor as inserted in the third frame portion may also
be the inverse of the amplitude of the largest sample
in a block, so that in the receiver it is not necessary
to determine the inverse value and consequently de-
coding can be faster. Alternatively, the values of the
scale factors may be encoded prior to insertion in the
third frame portion as scale factor information and
subsequent transmission. Moreover, it is evident that
if after quantisation in the transmitter the subband
signal in a subband is zero, which obviously will be ap-
parent from the allocation information for the sub-
band, no scale factor information for this subband has
to be transmitted. The transmission system, in which
the receiver comprises a decoder comprising synthe-
sis-filter means responsive to the respective quan-
tised subband signals to construct a replica of the
wide-band digital signal, which synthesis-filter means
combine the subbands applying sample-frequency
increase to form the signal band of the wide-band dig-
ital signal, may be characterized in that the samples
of the subband signals (if present) are inserted in the
third frame portion in a sequence corresponding to
the sequence in which said samples are applied to the
synthesis-filter means upon reception in the receiver.
Inserting the samples in the third frame portion in the
same sequence as that in which they are applied to
the synthesis-filter means in the receiver also results
in fast decoding, which again does not require addi-
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tional storage of the samples in the receiver before
they can be further processed. Consequently, the
storage capacity required in the receiver can be lim-
ited substantially to the storage capacity needed for
the storage of the system information, the allocation
information and, if applicable, the scale factor infor-
mation. Moreover, a limited signal delay is produced,
which is mainly the result of the signal processing per-
formed upon the samples. The allocation information
for the various quantised subband signals is suitably
inserted in the second frame portion in the same se-
quence as that in which the samples of the subband
signals are included in the third frame portion. The
same applies to the sequence of the scale factors. If
desired, the frames may also be divided into four por-
tions, the first, the second and the third frame portion
being as described hereinbefore. The last (fourth)
frame portion in the frame may then contain error-de-
tection and/or error-correction information. Upon re-
ception of this information in the receiver it is possible
to apply a correction for errors produced in the second
digital signal during transmission. As already stated,
the wide-band digital signal may be a monophonic
signal. Alternatively, the wide-band digital signal may
be a stereo audio signal made up of a first (left) and
a second (right) channel component. If the transmis-
sion system is based on a subband-coding system
the transmitter will supply subband signals each com-
prising a first and a second subband-signal compo-
nent, which after quantisation in the quantisation
means are converted to form first and second quan-
tised subband signal components. In this case the
frames should also include allocation information and
scale-factor information (if the samples have been
scaled in the transmitter). The sequence is also im-
portant here. Such a transmission system is therefore
defined in the appended Claims 11 to 15. It is obvious
that the system can be extended to handle a wide-
band digital signal comprising more than two signal
components.

The inventive steps may be applied to digital
transmission systems, for example systems for the
transmission of digital audio signals (digital audio
broadcast) via the ether. However, other uses are also
conceivable. An example of this is a transmission via
optical or magnetic media. Optical-media transmis-
sions may be, for example, transmissions via glass fi-
bres or by means of optical discs or tapes. Magnetic-
media transmissions are possible, for example, by
means of a magnetic disc or a magnetic tape. The
second digital signal is then stored in the format as
proposed by the invention in one or more tracks of a
record carrier, such as an optical or magnetic disc or
a magnetic tape. The versatility and flexibility of the
transmission system thus resides in the special for-
mat with which the information in the form of the sec-
ond digital signal is transmitted, for example via a re-
cord carrier. This is combined with the special con-
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struction of the transmitter which is capable of gen-
erating this special format for various types of input
signals. The transmitter generates the system infor-
mation required for every type of signal and inserts
this information in the data stream to be transmitted.
At the receiving end this is achieved by means of a
specific receiver, which extracts said system informa-
tion from the data stream and employs it for a correct
decoding.

The information packets are then constitute a
kind of fictitious units, which are used to define the
length of a frame. This means that they need not be
explicitly discernible in the information stream of the
second digital signal. Moreover, the relationship of
the information packets with the existing digital audio
interface standard is as defined in the IEC standard
no. 958. This standard as normally applied to consum-
er products defines frames containing one sample of
both the left-hand and the right-hand channel of a
stereo signal. These samples are represented by
means of 16-bit two’s complement words. If N =32 is
selected, one frame of this digital audio interface
standard can transmit exactly one information packet
of the second digital signal. In the digital audio inter-
face standard the frame rate is equal to the sample
rate. For the present purpose the frame rate should
be selected to be equal to BR/N. This enables the
present ICs employed in standard digital audio inter-
face equipment to be used.

Embodiments of the invention will now be descri-
bed in more detail, by way of example, with reference
to the Figure. In the Figures

Fig. 1 shows the second digital signal generated

by the transmitter and made up of frames, each

frame being composed of information packets,

Fig. 2 gives the structure of a frame,

Fig. 3 shows the structure of the first frame por-

tion of a frame,

Fig. 4 gives an example of the transmission sys-

tem,

Fig. 5 is a table specifying the number of informa-

tion packets B in a frame for specific values of the

bit rate BR and the sample frequency Fg,

Fig. 6 gives the number of frames in a padding se-

quence and a number of frames thereof compris-

ing an additional information packet (dummy slot)
for a number of values of the bit rate BR,

Fig. 7 represents the system information included

in the first frame portion of a frame,

Fig.8 illustrates the distribution of the digital infor-

mation about the various (two) channels for a

number of modes,

Fig. 9 illustrates the significance of the allocation

information as inserted in the second frame por-

tion,

Figs. 10 and 11 illustrate the sequence in which

the allocation information is stored in the second

frame portion for two formats, format A and for-
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mat B respectively.

Fig. 12 shows an example of a receiver,

Fig. 13 shows a transmitter in the form of a device

for recording the second digital signal on a mag-

netic record carrier,

Fig.14 shows the receiver in the form of a device

for reproducing the second digital signal from a

magnetic record carrier,

Figs. 15a tc 15d show some further possibilities

of including the scale factors and samples in the

third frame portion of a frame,

Fig. 16 shows a further modification of the trans-

mitter,

Fig. 17 shows another structure of the first frame

portion of a frame,

Fig. 18 shows the system information included in

the first frame portion illustrated in Fig. 17,

Figs. 19 and 20 show in more detail the informa-

tion in the first frame portion illustrated in Fig. 17,

Figs. 21 and 22 illustrate the sequence in which

the allocation information is accommodated in

the second frame portion associated with the first

frame portion of Fig. 17,

Fig. 23 gives the structure of a frame filled with

an additional signal,

Fig. 24 illustrates how the scale factors are de-

rived,

Fig. 25 illustrates the quantisation of the scaled

samples to form g-bit digital representations, and

Fig. 26 illustrates the dequantisation of the g-bit

digital representations.

Fig. 1 shows diagrammatically the second digital
signal as generated by the transmitter and transmit-
ted via the transmission medium. The second digital
signal takes the form of the serial digital data stream.
The second digital signal comprises frames, two such
frames, i.e. the frame jand the frame j+1, being given
in Fig.1a. The frames, such as the frame j, comprise
a plurality of information packetsIP1, IP2, IP3, ..., see
Fig.1b. Each information packet,such as IP3, com-
prises N bits by, by, by, ..., bx. 1, €€ Fig. 1¢. The num-
ber of information packets in a frame depends upon

(a) the bit rate BR with which the second digital

signal is transmitted via the transmission me-

dium,

(b) the number of bits N in an information packet,

N being larger than 1,

(c) Fs, being the sample frequency of the wide-

band digital signal, and

(d) the number of samples ng of the wide-band

digital signal, the information which corresponds

thereto and which after conversion in the trans-
mitter belongs to the second digital signal being
included in one frame in the following manner.

The parameter P is computed in conformity with
the following formula
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_ BR_ng
=N X £

If this computation yields an integer for P the number
of information packets B in a frame will be equal to P.
If the computation does not result in an integer some
frames will comprise P’ information packets and the
other frames will comprise P’+1 information packets.
P’ is the next lower integer following P. The number
of frames comprising P’ and P'+1 information packets
is obviously selected in such away that the average
frame rate is equal to Fgs. Hereinafter it is assumed
that N=32 and n=384. The table in Fig.5 gives the
number of information packets (slots) in one frame for
these values for N and n, and for four values of the bit
rate BR and three values for the sample frequency Fs.
It is evident that for a sample frequency Fg equal to
44.1 kHz the parameter P is not an integer in all cases
and that consequently a number of frames comprise
34 information packets and the other frames com-
prise 35 information packets (when BR is 128 kbit/s).
This is also illustrated in Fig. 2. Fig. 2 shows cne
frame. The frame comprises P’ information packets
IP1, IP2, ..., IP P’. Sometimes a frame comprises
P’+1 information packets. This is achieved by assign-
ing an additional information packet (dummy slot) to
the frames of P’ information packets. The second col-
umn of the table of Fig.6 gives the number of frames
in the padding sequence for a sample frequency of
44.1 kHz and the aforementioned four bit rates. The
third column specifies those frames of said number
of frames in the sequence which comprise P'+1 infor-
mation packets. By subtracting the numbers in the
second and the third column from each other this
yields the number of frames in the sequence compris-
ing P’ information packets. The (P'+1)th information
packet then need not contain any information. The
(P’+1)th information packet may then comprise for ex-
ample only zeroes. It is obvious that the bit rate BR is
not necessarily limited to the four values as given in
the tables of Figs. 5 and 6. Other (for example inter-
mediate) values are also possible. Fig. 2 shows that
a frame comprises three frame portions FD1, FD2
and FD3 in this order. The firstframe portion FD1 con-
tains synchronising information and system informa-
tion. The second frame portion FD2 contains alloca-
tion information. The third frame portion FD3 contains
samples and, when applicable, scale factors of the
second digital signal. For a further explanation it is
necessary to first describe the operation of the trans-
mitter in the transmission system in accordance with
the invention.

Fig.4 shows diagrammatically the transmission
system comprising a transmitter 1 having an input ter-
minal 2 for receiving the wide-band digital signal Sgg,
which may be for example a digital audio signal. In the
case of an audio signal, this may be a mono signal or
a stereo signal. in which case the digital signal com-
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prises a first (left channel) and a second (right chan-
nel) signal component. It is assumed that the trans-
mitter comprises a coder for subband coding of the
wide-band digital signal and that the receiver conse-
quently comprises a subband decoder for recovering
the wide-band digital signal. The transmitter compris-
es analysis filter means 3 responsive to the digital
wide-band signal Sgg to generate a plurality of M sub-
band signals Sgg4 to Sgey, which analysis filter means
divide the signal band of the wide-band signal Sgg
with sample-frequency reduction into successive
subbands having band numbers M (1 < m <M), which
increase with the frequency. All these subbands may
have the same bandwidth but, alternatively, the sub-
bands may have different bandwidths. In that case
the subbands may correspond, for example, to the
bandwidths of the critical bands of the human ear. The
transmitter further comprises means for the block-by-
block quantisation of the respective subband signals.
These quantisation means are shown in the block
bearing the reference numeral 9 in Fig. 4.

Such a subband coder is known per se and is de-
scribed inter alia in the aforementioned publications
by Krasner and by Theile et al. Reference is also
made to the published European Patent Application
289,080 (PHN.12.108).

For a further description of the operation of the
subband coder reference is made to said publica-
tions. These publications are therefore incorporated
herewith by reference. Such a subband coder en-
ables a significant data reduction to be achieved, for
example a reduction from 16 bits per sample for the
wide-band digital signal Sgg to for example 4 bits per
sample in the signal which is transmitted to the re-
ceiver 5 via the transmission medium 4, see Fig. 4.
Above ngis assumed to be 384. This means thatthere
are blocks of 384 samples of the wide-band digital sig-
nal, each sample having a length of 16 bits. Now it is
also assumed that M = 32. Consequently, the wide-
band digital signal is split into 32 subband signals in
the analysis filter means 3. Now 32 (blocks of) sub-
band signals appear on the 32 outputs of the analysis
filter means, each block comprising 12 samples (the
subbands have equal width) and each sample having
a length of 16 bits. This means that on the outputs of
the filter means 3 the information content is still equal
to the information content of the block of 384 samples
of the signal Sgg on the input 2. The means 9 now pro-
vide data reduction in that, using the knowledge about
masking, the samples in the 32 blocks of 12 samples,
each block for one subband, are quantised more
roughly and can thus be represented by a smaller
number of bits. In the case of a static bit allocation all
the samples per subband per frame are expressed in
a fixed number of bits. This number can be different
for two or more subbands but it can also be equal for
the subbands, for example equal to 4 bits. In the case
of dynamic bit allocation the number of bits selected
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for every subband may differ viewed in time, so that
sometimes an even larger data reduction or a higher
quality with the same bit rate can be achieved.

The subband signals quantised in the block 9 are
applied to a generator unit 6. Starting from the quan-
tised subband signals this unit 6 generates the sec-
ond digital signal as illustrated in Figs. 1 and 2. This
second digital signal, as stated hereinbefore, can be
transmitted directly via the medium. However, prefer-
ably this second digital signal is first adapted to be
transmitted via the transmission medium 4 in a signal
converter (not shown). Such a signal converter com-
prises, for example, an 8-to-10 converter. Such an 8-
to-10 converter is described in, for example, the Ap-
plicant’s European Patent Application 150,082 (PHN
11.117). This converter converts 8-bit data words into
10-bit data words. Moreover, such a signal converter
enables an interleaving process to be applied. The
purpose of all this is to enable an error correction to
be performed on the information to be received at the
receiving side.

It is obvious that the signal received from the trans-
mission medium 4 by the receiver 5 should then be
de-interleaved and subjected to a 10-to-8 conversion.

The composition and content of the frames will
now be explained in more detail. The first frame por-
tion FD1 in Fig. 2 is shown in greater detail in Fig. 3.
Fig.3 clearly shows that the first frame portion now
comprises exactly 32 bits and is therefore exactly
equal to one information packet, namely the first in-
formation packet IP1 of the frame. The first 16 bits of
the information packet form the synchronising signal
(or synchronising word). The synchronising signal
may comprise for example only "ones". The bits 16 to
31 represent the system information. The bits 16 to 23
represent the number of information packets in a
frame. This number consequently corresponds to P’,
both for the frame comprising P’ information packets
and for frames comprising the additional information
packet IP P'+1. P’ can be 254 (1111 1110 in bit nota-
tion) at the most in order to avoid resemblance to the
synchronising signal. The bits 24 tc 31 provide frame
format information. Fig. 7 gives an example of the ar-
rangement and significance of this information. Bit 24
indicates the type of frame. In the case of format Athe
second frame portion has another length (a different
number of information packets) than in the case of
format B. As will become apparent hereinafter, the
second frame portion FD2 in the Aformat comprises
8 information packets, namely the information pack-
ets IP2 to IP9 inclusive and in the B format it compris-
es 4 information packets, namely the information
packets IP2 to IP5 inclusive. The bits 25 and 26 indi-
cate whether copying of the information is allowed.
The bits 27 to 31 indicate the function mode. This
means:

a) the channel mode, which indicates the type of

wide-band signal (as stated hereinbefore this
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may be a stereo audio signal, a mono audio sig-
nal, or an audio signal comprising two different
signal components for example representing the
same text but in two different languages). Fig. 8
represents the channel mode. It illustrates how
the signal components are divided between the
two channels (channel | and channel II) in the
aforementioned cases.
b) the sample frequency F; of the wide-band sig-
nal.
¢) the emphasis which may be applied to the
wide-band digital signal in the transmitter. The
values 50 and 15 ps are the time constants of the
emphasis and CCITT J. The value 17 indicates a
specific emphasis standard as defined by the
CCITT (Comité Consultative Internationale de
Télégraphie et Téléphonie).
The content of the frame portion FD2 in Fig.2 will be
described in more detail with reference to Figs. 9, 10
and 11. In the Aformat the second frame portion con-
tains eight information packets. This is because it is
assumed that the wide-band digital signal Sgg is con-
verted into 32 subband signals (for every signal por-
tion of the digital signal Sgg). An allocation word hav-
ing a length of four bits is assigned to every subband.
This yields a total of 64 allocation words having a
length of 4 bits each, which can be accommodated
exactly in eight information packets. In the B format
the second frame portion accommodates the alloca-
tion information for only half the number of subbands,
so that now the second frame portion comprises only
4 information packets. Fig. 9 illustrates the signifi-
cance of the four-bit allocation words AW. An alloca-
tion word associated with a specific subband speci-
fies the number of bits by which the samples of the
subband signal in the relevant subband are repre-
sented after quantisation in the unit 9. For example:
the allocation word AW which is 0100 indicates that
the samples are represented by 5-bit words. More-
over, it follows from Fig. 9 that the allocation word
0000 indicates that no samples have been generated
in the relevant subband. This may happen, for exam-
ple, if the subband signal in an adjacent subband has
such a large amplitude that this signal fully masks the
subband signal in the relevant subband. Moreover,
the allocation word 1111 is not used because it bears
much resemblance to the sync word in the first infor-
mation packet IP1. Fig.10 indicates the sequence, in
the case that the frame mode is A, in which the allo-
cation words AW, j,m associated with the two chan-
nels j, were j=I or Il, and the 32 subbands of the se-
quence number m, m ranging from 1 to 32, are ar-
ranged in the second frame portion. The allocation
word AWI,1 belonging to the first subband signal com-
ponent of the first and lowest subband (channel I,
subband 1) is inserted first. After this the allocation
word AWII,1 belonging to the second subband-signal
component of the first and lowest subband (channel
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Il, subband 1) is inserted in the second frame portion
FD2. Subsequently, the allocation word AWI,2 be-
longing to the first subband-signal component of the
second and lowest but one subband (channel |, sub-
band 2) is inserted in the frame portion FD2. This is
followed by the allocation word AW 11,2 belonging to
the second subband-signal component of the second
subband (channel Il, subband 2). This continues until
the allocation word AW 11,4 belonging to the second
subband-signal component of the fourth subband
(channel Il, subband 4) is inserted in the second
frame portion FD2. The second information packet
IP2 (slot 2) of the frame, which is the first informati

on packet in the frame portion FD2 of the frame, is
then filled exactly. Subsequently, the information
packet IP3 (slot 3) is filled with AW [,5; AW II,5; ... AW
11,8. This continues in the sequence as illustrated in
Fig. 10. Fig. 10 merely gives the indices j-m of the in-
serted allocation word AW, j,m. Fig. 11 indicates the
sequence for the allocation words in the case of a B-
format frame. In this case only allocation words of the
subbands 1 to 16 are inserted. The sequence, as is
illustrated in Fig. 10, corresponds to the sequence in
which the separate samples belonging to a channel j
and a subband m are applied to the synthesis filter
means upon reception in the receiver. This will be ex-
plained in greater detail hereinafter. The serial data
stream contains for example only frames in conform-
ity with the A format. In the receiver the allocation in-
formation in each frame is then employed for correct-
ly deriving the samples from the information in the
third frame portion of said frame. However, the serial
data stream may also comprise, more or less alter-
nately, both frames in conformity with the A format
and frames in conformity with the B format. However,
the frames in conformity with both formats may con-
tain samples for all channels and all subbands in the
third frame portion. A frame in conformity with the B
format then lacks in fact the allocation information re-
quired to derive the samples for the channels | or Il of
the subbands 17 to 32 from the third frame portion of
a B format frame. The receiver comprises a memory
in which the allocation information included in the
second frame portion of an A format frame can be
stored. If the next frame is a B format frame only the
allocation information for the subbands 1 to 16 and
the channels | and Il in the memory is replaced by the
allocation information included in the second frame
portion of the B format frame, and for deriving the
samples for the subbands 17 to 32 from the third
frame portion of the B formatframe use is made of the
allocation information for these subbands derived
from the preceding A format frame and still present in
the memory. The reason for the alternate use of Afor-
mat frames and B format frames is that for some sub-
bands the allocation information in the present case
the allocation information for the higher subbands 17
to 32, does not change rapidly. Since during quanti-
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sation knows the allocation information for the vari-
ous subbands is available in the transmitter, this
transmitter can decide to generate a B format frame
instead of an A format frame if the allocation informa-
tion for the subbands 17 to 32 inclusive does not
change (significantly). Moreover, this illustrates that
now additional space becomes available for the inclu-
sion of samples in the third frame portion FD3. For a
specific value of P’ the third frame portion of a B for-
mat frame is four information packets longer than the
third frame portion of an Aformat frame. Consequent-
ly, this enables the number of bits by which the sam-
ples in the lower subbands 1 to 16 are represented to
be increased, so that for these subbands a higher
transmission accuracy can be achieved. Moreover, if
it is required to quantise the lower subbands more ac-
curately the transmitter can automatically opt for the
generation of B format frames. This may then be at
the expense of the accuracy with which the higher
subbands are quantised.

The third frame portion FD3 in Fig. 2 contains the
samples of the quantised subband-signal compo-
nents for the two channels. If the allocation word 0000
is not present in the frame portion FD2 for none of the
subband channels this means that in the present ex-
ample twelve samples are inserted in the third frame
portion FD3 for each of the 32 subbands and 2 chan-
nels. This means that there are 768 samples in total.
In the transmitter the samples may be multiplied by a
scale factor prior to their quantisation. For each of the
subbands and channels the amplitudes of the twelve
samples are divided by the amplitude of that sample
of the twelve samples which has the largest ampli-
tude. Inthat case a scale factor should be transmitted
for every subband and every channel in order to en-
able the inverse operation to be performed upon the
samples at the receiving end. For this purpose the
third frame portion then contains scale factors SF j,m,
one for each of the quantised subband-signal compo-
nents in the various subbands. In the present exam-
ple, scale factors are represented by 6-bit numbers,
the most significant bit first, the values ranging from
000000 to 111110. The scale factors of the subbands
to which these are allocated, i.e. whose allocation in-
formation is non-zero, are transmitted before the
transmission of the samples begins. This means that
the scale factors are accommodated in the leading
part of the frame portion FD3 before the samples.
This enables a rapid decoding in the receiver 5 to be
achieved without the necessity of storing all the sam-
ples in the receiver, as will become apparent herein-
after. A scale factor SF j,m can thus represent the val-
ue by which the samples of the signal in the j-th chan-
nel of the m-th subband have been multiplied. Con-
versely; the number one divided by said value may be
stored as the scale factor so that at the receiving end
it is not necessary to divide the scale factors before
the sample, are scaled up to correct values.
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For the frame format A the maximum number of
scale factors is 64. If the allocation word AW j,m for a
specific channel j and a specific subband m has the
value 0000, which means that for this channel and this
subband no samples are present in the frame portion
FD3, it will not be necessary to include a scale factor
for this channel and this subband. The number of
scale factors is then smaller than 64. The sequence
in which the scale factors SF j,m are inserted in the
third frame portion FD3 is the same as that in which
the allocation words have been inserted in the second
frame portion. The sequence is therefore as follows:
SF 1,1; SF II,1; SF 1,2; SF 11,2; SF 1,3; SF 11,3;.... SF
1,32, SF I1,32.

If it is not necessary to insert a scale factor the se-
quence will not be complete. the sequence may then
be for example:

....SF 1,4; SF 1,5; SF 11,5; SF I1,6;....

In this case the scale factors for the fourth subband
of channel Il and the sixth subband of channel | are
not inserted. If the frame is a B format frame it may
still be considered to insert scale factors in the third
frame portion for all the subbands and all the chan-
nels. However, this is not necessarily so. In this case
it would be possible to insert scale factors in the third
frame portion of the frame for the subbands 1 to 16
only. In the receiver this requires a memory in which
all scale factors can be stored at the instant at which
a previously arriving A format frame is received. Sub-
sequently upon reception of the B format frame only
the scale factors for the subbands 1 to 16 are replaced
by the scale factors included in the B format frame.
The scale factors of the previously received A format
frame for the subbands 17 to 32 are then used in order
to restore the samples for these subbands included in
the third frame portion of the B format frame to the
correct scale.

The samples are inserted in the third frame por-
tion FD3 in the same sequence as the allocation
words and the scale factors, one sample for every
subband of every channel in succession. This means:
first all the first samples for the quantised subband
signals for all the subbands of both channels, then all
the second samples, .... etc. The binary representa-
tion of the samples is arbitrary, the binary word com-
prising only "ones" preferably not being used again.

The second digital signal generated by the trans-
mitter 1 is subsequently applied to a transmission me-
dium 4 via the output 7, and by means of the trans-
mission medium 4 this signal is transferred to the re-
ceiver 5. The transmission via the transmission me-
dium 4 may be a wireless transmission, such as for
example a radio transmission channel. However,
other transmission media are also possible. In this re-
spect an optical transmission may be envisaged, for
example via optical fibres or optical record carriers,
such as Compact-Disc-like media, or a transmission
by means of magnetic record carriers utilising RDAT
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or SDAT-like recording and reproducing technolo-
gies, for which reference is made to the book "The art
of digital audio" by J.Watkinson, Focal press, London
1988.

The receiver 5 comprises a decoder, which de-
codes the signal encoded in the coder 6 of the trans-
mitter 1 and converts it into a replica of the wide-band
digital signal supplied to the output 8.

Fig. 12 shows a more detailed version of the re-
ceiver 5in Fig. 4. The coded signal (the second digital
signal) is applied to a unit 11 via the terminal 10. The
essential information in the incoming signal is con-
tained in the scale factors and the samples. The re-
mainder of the information in the second digital signal
is merely required for a "correct bookkeeping", to al-
low a correct decoding. The decoding process is re-
peated for every incoming frame. The transmitter first
derives the synchronising and system information
from the frames. The unit 19 each time detects the
sync words situated in the first 16 bits of the first
frame portion of every frame. Since the sync words
of successive frames are each time spaced apart by
an integral multiple of P’ or P'+1 information packets
the sync words can be detected very accurately.
Once the receiver is in synchronism the sync word
can be detected in the unit 19 in that in the unit 19 a
time window having, for example, a length of one in-
formation packet is opened after each time P’ infor-
mation packets, so that only that part of the incoming
information is applied to the sync word detector in the
unit 19. If the sync word is not detected the time win-
dow remains open for the duration of another informa-
tion packet because the preceding frame may be a
frame comprising P’+1 information packets. From
these sync words a PLL in the unit 19 can derive a
clock signal to control the central processing unit 18.
It is evident from the above that the receiver should
know how many information packets are contained in
one frame. For this purpose the system information is
applied to the switching means 15 via an input of the
processing unit 18, which switching means are then
in the position shown. The system information can
now be stored in a memory 18a of the processing unit
18. The information relating to the number of informa-
tion packets in a frame can be applied to the unit 19
via the control-signal line 20 to open the time window
atthe correct instants for sync-word detection. When
the system information is received the switch 15 is
changed over to the lower position. The allocation in-
formation in the second frame portion of the frame
can now be stored in the memory 18b. If the allocation
information in the incoming frame does not comprise
an allocation word for all the subbands and channels
this will have become apparent already from the de-
tected system information. This may be for example
the information indicating whether the frame is an A-
format or a B-format frame. Thus, under the influence
of the relevantinformation contained in the system in-
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formation the processing unit 18 will store the re-
ceived allocation words at the correct location in the
allocation memory 18b. It is cbvious that in the pres-
ent example the allocation memory 18b comprises 64
storage positions. If no scale factors are transmitted,
the elements bearing the reference numerals 11, 12
and 17 may be dispensed with and the content of the
third frame portion of a frame is applied to the synthe-
sis filter means via the input 10, which is coupled to
the input of said filter means via the connection 16.
The sequence in which the samples are applied to the
filter means 21 is the same as the sequence in which
the filter means 21 process the samples in order tore-
construct the wide-band signal. The allocation infor-
mation stored in the memory 18b is required in order
to divide the serial data stream of samples into indi-
vidual samples in the filter means 21, each sample
having the correct number of bits. For this purpose
the allocation information is applied to the filter
means 21 via the line 22. The receiver further com-
prises a deemphasis unit 23 which subjects the re-
constructed digital signal supplied by the filter 21 to
deemphasis. For a correct deemphasis the relevant
information in the bits 24 to 31 of the first frame por-
tion should be applied from the memory 18a to the
deemphasis unit 23 via the line 24.

If the third frame portion also contains the scale
factors SF j,m the receiver will comprise the switch 11,
the memory 12 and the multiplier 17. All the instant at
which the third frame portion FD3 of a frame arrives
the switch 11 is in the lower position under the influ-
ence of a control signal applied by the processing unit
18 via the line 13. The scale factors can now be ap-
plied to the memory 12. Under the influence of ad-
dress signals applied to the memory 12 by the proc-
essing unit 18 viathe line 14 the scale factors are stor-
ed at the correct locations in the memory 12. The
memory 12 has 64 locations for the storage of the 64
scale factors. Again, when a B-format frame is re-
ceived, the processing unit 18 applies such address
signals to the memory 12 that only the scale factors
for the subbands 1 to 16 are overwritten by the scale
factors in the B-format frame. Subsequently, the
switch 11 changes over to the shown (upper) position
under the influence of the control signal applied via
the line 13, so that the samples are applied to the mul-
tiplier 17. Under the influence of the allocation infor-
mation, which is now applied to the multiplier 17 via
the line 22, the multiplier first derives the individual
samples of the correct bit length form the serial data
stream applied via the line 16. Subsequently, the
samples are multiplied so as to restore them to the
correct values of the samples prior to scaling-down in
the transmitter. If the scale factors stored in the mem-
ory 12 are the scale factors by which the samples
have been scaled down in the transmitter these scale
factors should first be inverted (one divided by the
scale factor) and should then be applied to the multi-
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plier 17. Obviously, it is also possible to invert the
scale factors upon reception before they are stored in
the memory 12. If the scale factors in the frames are
already equal to the value by which the samples
should be scaled up during reception they can be stor-
ed directly in the memory 12 and they can be applied
directly to the multiplier 17. It is evident that no mem-
ory is required to store all these samples before the
signal processing performed upon the samples con-
tained in the frame begins. At the instant at which a
sample arrives via the line 16 all the information re-
quired for processing this sample is already available,
so that processing can be carried out immediately.
This entire process is effected under the influence of
control signals and clock signals applied to all the
parts of the transmitter by the processing unit 18. By
no means all the control signals are shown. This is not
necessary because the operation of the receiver will
be obvious to those skilled in the art. Under control
of the processing unit 18 the multiplier 17 multiplies
the samples by the appropriate multiplication factors.
The samples, which have now been restored to the
correct amplitude, are applied to the reconstruction
filter 18 in which the subband signals are reconverted
to form the wide-band digital signal. Afurther descrip-
tion of the receiver is not necessary because such re-
ceivers are generally known, see for example the pub-
lication "Low bit rate coding of high-quality audio sig-
nals. An introduction to the MASCAM system" by G.
Theile etal in EBU Technical Review, no. 230, August
1988. Moreover, it will be evident that if the system in-
formation is also transmitted the receiver can be high-
ly flexible and can correctly decode the signals even
in the case of second digital signals with different sys-
tem information.

Fig.13 shows diagrammatically yet another em-
bodiment of the transmitter, which now takes the form
of arecording device for recording the wide-band dig-
ital signal on the record carrier, in the present case a
magnetic record carrier 25. The encoder 6 supplies
the second digital signal to a recording device 27
comprising a write head 26 by means of which the sig-
nal is recorded in a track on the record carrier. It is
then possible to record the second digital signal in a
single track on the record carrier, for example by
means of a helical-scan recorder, in which case the
single track is then in fact divided into juxtaposed
tracks which are inclined relative to the longitudinal
direction of the record carrier. An example of this is an
RDAT-like recording method. Another method is to
split the information and simultaneously recording the
split information in a plurality of juxtaposed tracks
which extend on the record carrier in the longitudinal
direction of the record carrier. For this the use of an
SDAT-like recording method may be considered. A
comprehensive description of the two above methods
can be found in the aforementioned book "The art of
a digital audio" by J. Watkinson. Again it is to be noted
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that the signal supplied by the unit 6 may be first be
encoded in a signal converter. This encoding may
again be an 8-to-10 conversion followed by an inter-
leaving process, as described with reference to Fig.
4. If the encoded information is recorded on the re-
cord carrier in a plurality of adjacent parallel track, this
signal converter should also be capable of assigning
the encoded information to the various tracks.

Fig. 14 shows diagrammatically an embodiment
of the receiver 5, which in the present case takes the
form of aread device for reading the record carrier 25
on which the wide-band digital signal has been re-
corded in the form of the second digital signal by
means of the device shown in Fig.13. The second dig-
ital signal is read from a track on the record carrier by
the read head 29 and is applied to the receiver 5,
which may be for example of a construction as shown
in Fig.12. Again the read device 28 may be construct-
ed to carry out an RDAT-like or an SDAT like repro-
ducing method. Both methods are again described
comprehensively in the aforementioned book by Wat-
kinson. If the signal supplied by the unit 6 in the re-
cording device shown in Fig. 13 has been converted,
for example in an 8-to-10 conversion and in an inter-
leaving step, the encoded signal read from the record
carrier 25 should first be de-interleaved and should
be subjected to 10-t0-8 conversion. Moreover, if the
encoded signal has been recorded in a plurality of
parallel tracks the reproducing unit shown in Fig. 14
should arrange the information read from these
tracks in the correct sequence before further proc-
essing is applied.

Fig. 15 shows a number of other possibilities of
inserting the scale factors and the samples in the third
frame portion FD3 of a frame. Fig. 15a illustrates the
above described method in which the scale factors SF
for all the subbands m and channels (| or Il) are insert-
ed in the third frame portion before the samples. Fig.
15b illustrates the same situation as Fig. 15a, but in
this case it diagrammatically represents the storage
capacity for the scale factors SF I,m and SF Il,m and
the associated x samples for these two channels in
the subband m. Fig. 15b shows the samples for the
two channels in the subband m combined to blocks,
whereas normally they are distributed within the third
frame portion. The samples have alength of y bits. In
the above example x is 12 and y is now taken to be
8. Fig.15¢ shows another format. The two scale fac-
tors for the first and the second channel in the sub-
band are still present in the third frame portion. How-
ever, instead of the x samples for both channels (the
left and right channels for a stereo signal) in the sub-
band m (i.e. 2x samples in total) only x samples for the
subband m are included in the third frame portion.
These x samples are obtained, for example, by adding
corresponding samples in each of the two channels
to one another. In fact, a monophonic signal is ob-
tained in this subband m. The x samples in Fig. 15¢
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each have alength of z bits. If z is equal to y this saves
room in the third frame portion, which can be used for
samples requiring a more accurate quantisation. It is
alternatively possible to express the x samples of the
mono signal in Z = 2y (=16) bits. Such a signal proc-
essing is applied if the phase difference between the
left-hand and the right-hand signal component in a
subband is irrelevant but the waveform of the mono-
phonic signal is important. This applies in particular
to signals in higher subbands because the phase-
sensitivity of the ear for the frequency in these sub-
bands is smaller. By expressing the x samples of the
mono signal in 16 bits the waveform is quantised
more accurately, while the room occupied by these
samples in the third frame portion is equal to that in
the example illustrated in Fig.15b. Yet another possi-
bility is to represent the samples in Fig.15 by for ex-
ample 12 bits. The signal definition is then more ac-
curate than in the example illustrated in Fig. 15b
whilst in addition room is saved in the third frame por-
tion. When at the receiving end the signals included
in the third frame portion as illustrated in Fig.15¢ are
reproduced a stereo effect is obtained which is refer-
red to as "intensity stereo". Here, only the intensities
of the left-channel and the right-channel signals (in
the subband m) can differ because of a different val-
ue for the scale factors SF I,m and SF II,m.

Fig. 15d gives still another possibility. In this case

there is only one scale factor SFm for both signal com-
ponents in the subband m. This is a situation which
may occur in particular for low-frequency subbands.
Yet another possibility, which is not shown, is that the
x samples for the channels | and Il of the subband m,
as in Fig. 15b, do not have associated scale factors
SF I,m and SF Il,m. Consequently, these scale fac-
tors are not inserted in the same third frame portion.
In this case the scale factors SF I,m and SF II,m in-
cluded in the third frame portion of a preceding frame
must be used for scaling up the samples in the receiv-
er.
All the possibilities described with reference to Fig.15
can be employed in the transmitter in order to achieve
a most efficient data transfer via the transmission
medium. Thus, frames as described with reference to
Fig. 15 may occur alternately in the data stream. It will
be appreciated that, if the receiver should yet be ca-
pable of correctly decoding these different frames, in-
formation about the structure of these frames should
be included in the system information.

Fig. 16 shows the transmitter in more detail. The
Figure shows how the various items of information
can be combined to form the serial data stream as giv-
en in Figs.1, 2 and 3. Fig. 16 in fact shows a more de-
tailed version of the encoder 6 in the transmitter 1.
The encoder comprises a central processing unit 30,
which controls a number of devices in the encoder.
The encoder comprises a generator 31 included in the
processing unit 30 for generating the synchronising
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information and the system information, as described
with reference to Fig.3, a generator 32 for defining the
allocation information, a generator 33 (optional) for
determining the scale factors, a generator 34 for de-
fining the samples for a frame. The generator 35is a
generator which is capable of generating the addition-
al information packet IP P'+1. The outputs of these
generators are coupled to associated inputs of
switching means 40 in the form of a five-position
switch whose output is coupled to the output 7 of the
encoder 6. The switching means 40 are also control-
led by the processing unit 30. The various generators
are controlled via the lines 41.1 to 41.4. The operation
of the transmitter will be described for a mono signal
divided into M subband signals. These M subband
signals Sggq to Sgpy are applied to the terminals 45.1,
45.2, ..., 45.M. For example, blocks of 12 samples of
each of the subband signals are taken together. In the
unit 46.1 to 46.M, if present, the twelve samples in a
block are scaled to the amplitude of the largest sam-
ple in the block. The M scale factors are applied to the
unit 33 (if present) via the lines 47.1 to 47.M. The sub-
band signals are applied both to the M quantisers
48.1 to 48.M and to a unit 49. For every subband the
unit 49 defines the number of bits with which the rel-
evant subband signal should be quantised. This infor-
mation is applied to the respective quantisers 48.1 to
48.M via the lines 50.1 to 50.M, so that these quan-
tisers correctly quantise the 12 samples of each of the
subband signals. Moreover this (allocation) informa-
tion is applied to the unit 32. The samples of the quan-
tised subband signals are applied to the unit 34 via the
lines §1.1 to 51.M. The units 32, 33 and 34 arrange
the allocation information, the scale factors and the
samples in the correct sequence i.. in the sequence
as described hereinbefore. Moreover, the processing
unit 30 has generated the synchronising information
and the system information associated with the frame
to be generated, in which said information stored in
the units 32, 33 and 34 should be inserted. In the
shown position of the switching means 40 the syn-
chronising and system information for a frame is sup-
plied by the generator 31 and fed to the output 7. Sub-
sequently, the switch 40 is set to the second position
from the top under the influence of the control signal
supplied by the CPU 30, via the line 53 so that the out-
put of the generator 32 is coupled to the output 7. Now
the allocation information is applied to the output 7 by
the generator 32. The sequence of the allocation in-
formation is as described with reference to Fig. 10 or
11. After this the switch 40 is set to the third position
from the top. This means that the output of the gen-
erator 33 is coupled to the output 7. The generator 33
now supplies the scale factors in the correct se-
quence to the output 7. The switch 40 is now set to the
next position, so that the output of the generator 34
is coupled to the output 7. Now the generator 34 sup-
plies the samples in the various subbands in the cor-
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rect sequence to the output 7. In this cycle exactly one
frame is applied to the output 7. Subsequently, the
switch 40 is reset to the top position. A new cycle is
started, in which a subsequent block of 12 samples for
each subband is encoded and a subsequent frame
can be generated on the output 7. In some cases, for
example if the sample frequency F; is 44.1 kHz, see
Fig. 5, an additional information packet (the dummy
slot, see Fig. 2) must be added. In that case the switch
will be set from the position in which the generator 34
is coupled to the bottom position. The output of the
generator 35 is now coupled to the output 7. Now the
generator 35 generates the additional information
packet IP P’'+1, which is applied to the output 7. After
this the switch 40 is reset to the top position to start
the next cycle. It is obvious that, if the signal received
by the transmitter is to be corrected for errors caused
during transmission of the signal, a specific channel
coding should be applied to the second digital signal.
In addition, it is required to modulate the second dig-
ital signal prior to transmission of the second signal.
Thus, a digital signal is transmitted via the transmis-
sion medium, which signal may not be directly identi-
fiable as the second signal but which has been de-
rived therefrom. Further, it is to be noted that, for ex-
ample in the case that the subbands have different
widths, the number of samples for the various sub-
bands inserted in one third frame portion may differ
and are likely to differ. It is assumed, for example, that
a division into three subbands is used, a lower sub-
band SB,, a central subband SB, and a upper sub-
band SBs. The upper subband SB; will have a band-
width which is, for example, twice as large as that of
the other two subbands. This means that the number
of samples inserted in the third frame portion for the
subband SB; is also twice as large as for each of the
other subbands. The sequence in which the samples
are applied to the reconstruction filter in the receiver
may then be: the first sample of SB,, the first sample
of SB;, the first sample of SB,, the second sample of
SBs, the second sample of SB,, the third sample of
SBs, the second sample of SB,, the fourth sample of
SBa,.... etc. The sequence in which the allocation in-
formation for these subbands is then inserted in the
second frame portion is now: first the allocation word
for SBy, then the allocation word of SB3, subsequently
the allocation word for SB,. The same applies to the
scale factors. Moreover, the receiver can derive from
the system information that in this case the cycle
comprises groups of four samples each, each group
comprising one sample of SB4, one sample of SB;,
one sample of SB, and subsequently another sample
of SBa.

Figure 17 shows another structure of the first
frame portion FD1. Again the first frame portion FD1
contains exactly 32 bits and therefore corresponds to
one information packet. The first 16 bits again consti-
tute the synchronising signal (or synchronisation
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word). The synchronisation word may again be the
same as the synchronisation word of the first frame
portion FD1 in Fig. 3. The information accommodated
in bits 16 through 31 differs from the information in
bits 16 through 31 in Fig. 3. The bits b through bye
represent the bit rate index (BR index). The bit rate in-
dex is a 4-bit number whose meaning is illustrated in
the Table in Fig. 18. If the bit rate index is equal to the
4-bit digital number '0000’ this denotes the free-
format condition, which means that the bit rate is not
specified and that the decoder has to depend upon
the synchronisation word alone to detect the begin-
ning of a new frame. The 4-bit digital number '1111’ is
not employed in order not to disturb the synchronisa-
tion word detection. In the second column of the Table
in Fig. 18 the bit rate index is represented as a deci-
mal number corresponding to the 4-bit digital number.
The corresponding bit rate values are given in column
1.

The bits 20 and 21 represent the sample frequen-
cy Fg, see Fig. 18.

Fig. 18 shows the four possible 2-bit digital num-
bers for the bits b,y and byy and the associated sam-
ple frequency. Bit 22 indicates whether the frame
comprises a dummy slot, in which case by, = "1/, or
does not comprise a dummy slot, in which case by, =
'0’. The information in the bits b,g through by, makes
it possible to determine how many information pack-
ets are actually present in the frame. This means
again that the first frame portion contains information
related to the number of information packets in the
frame. As ng is known, which is the number of samples
of the wide-band signal whose corresponding infor-
mation belonging to the second digital signal is ac-
commodated in one frame, in the present example ng
= 384, it is possible to determine how many informa-
tion packets B are present in the frame by means of
the data in the Table in Fig. 8, the padding bit by, and
the formula

_ BR_ns
P = W X F—S .
The bit by; is intended for specifying a future exten-
sion of the system. This future extension will be de-
scribed hereinafter. For the time being this bit is as-
sumed to be '0’. The content of the first frame portion,
as regards the bits b,, through bs,, will be described
with reference to Figs. 19 and 20. The bits b,4 and b,s
give the mode indication for the audio signal.

For the four possibilities of this two-bit digital
number Fig. 20 shows whether the wide-band digital
signal is a stereo audio signal ('00’), a mono signal
('11"), a bilingual signal (*10’), or an intensity stereo
audio signal ('01’). In the last-mentioned case the bits
26 and 27 indicate which subbands have been proc-
essed in accordance with the intensity stereo method.
Figure 20 indicates for the respective two-bit num-
bers "00’, '01’, '10’, and ’11’ that the subbands 5-32,
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9-32, 13-32and 17-32 have been processed in accor-
dance with the intensity sterec method. As stated
hereinbefore intensity stereo can be applied to the
higher subbands because the ear is less phase-
sensitive for the frequencies in these subbands. The
bit byg can be used as a copyright bit. If this bit is 1’
this means that the information is copy-protected and
should/cannot be copied. The bit b,g can indicate that
the information is original information (bygy = '1’), for
example in the case of the prerecorded tapes, or in-
formation which has been copied (b, = '0’). The bits
bz, and bs specify the emphasis which may have
been applied to the wide-band signal in the transmit-
ter, see also the description with reference to Fig. 7.

Hereinafter, another configuration of the second
frame portion FD2 will be described for the various
mode indications represented by the bits by, through
b, in the first frame portion. Again the second frame
portion comprises the 4-bit allocation words whose
meaning has been described with reference to Fig. 9.
For the stereo mode (boy, bys = 00) and the bilingual
mode (bo4, bys = 10) the second frame portion FD2
again has a length of 8 information packets (slots)
and is composed as described with reference to Fig.
10. In the stereo mode 'l in Fig. 10 then represents,
for example, the left-channel component and ’II' the
right channel component. For the bilingual mode 'I’
denotes one language and ’'ll’ denotes the other lan-
guage. For the mono mode (boy, bys = 11) the length
of the second frame portion FD2 is of course only 4
information packets (slots). Fig. 21 illustrates the se-
quence of the allocation words for the various sub-
bands 1 through 32 in the four information packets
(slots) 2 through 5. Thus, every quantity M-i repre-
sents a four-bit allocation word which specifies the
number of bits in every sample in the subband of the
sequence number i, i ranging from 1 to 32. In the in-
tensity stereo mode (boy, bys = 01) there are four pos-
sibilities indicated by means of the bits b,g and by,
see Fig. 20. All these possibilities result in a different
content of the second frame portion FD2.

Figs. 22a to 22 illustrate the four different con-
tents of the second frame portion. If the switch bits
b,g, by7 are ‘00’ the signals in the subbands 1 through
4 are normal stereo signals and the signals in the sub-
bands 5 through 32 are intensity-stereo signals. This
means that for the subbands 1 through 4 for the left-
hand and right-hand channel components in these
subbands the associated allocation words should be
stored in the second frame portion. In Fig. 22a this is
represented by the consecutive allocation words AW
(1, 1); AW (R, 1); AW (1, 2); AW (R, 2); ... AW (R, 4),
stored in the slot 2 of the frame, i.e. the first slot of the
second frame portion. Fig. 22a only gives the indices
(i-)) of the allocation words, i being equal to L or R and
indicating the left-hand and the right-hand channel
component respectively, and jranging from 1 through
4 and representing the sequence number of the sub-
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band. For the subbands 5 through 32 the left-hand
and the right-hand channel components contain the
same series of samples. The only difference resides
in the scale factors for the left-hand and the right-
hand channel components in a subband. Conse-
quently, such a subband requires only one allocation
word. The allocation words AW (i, j) for these sub-
bands 5 through 32 are indicated by the indices M-j,
where i is consequently equal to M for all the sub-
bands and where j ranges from 5 through 32.

Fig. 22a shows that 4 1/2 information packets are
required for inserting the 36 allocation words in the
second frame portion. If the switch bits bog, b7 are
‘01’ the signals in the subbands 1 through 8 will be
normal stereo signals and the signals in the subbands
9 through 32 will be intensity-stereo signals. This
means that for each of the subbands 1 through 8 two
allocation words AW(L, j) and AW(R,j) are required
and that for each of the subbands 9 through 32 only
one allocation word AW(M,j) is required. This implies
that in total 40 allocation words are needed, included
in five information packets (slots), i.e. IP2 through
IP8, of the frame. This is illustrated in Fig. 22b. In this
case the second frame portion FD2 has a length of
five information packets (slots).

If the switch bits bog, by are 10’ the signals in the
subbands 1 through 12 will be normal stereo signals
and the signals in the subbands 13 through 32 will be
intensity-stereo signals. Fig. 22¢ gives the structure
of the second frame portion FD2 with the allocation
words for the various subbands. The second frame
portion now has a length of 5 1/2 information packets
(slots) in order to accommodate all the allocation
words. If the switch bits byg, by; are 11’ the signals in
the subbands 1 through 16 will be normal stereo sig-
nals and the signals in the subbands 17 through 32
will be intensity-stereo signals. Now 48 allocation
words are needed, which are inserted in the second
frame portion, which then has a length of 6 informa-
tion packets (slots), see Fig. 22d.

What has been stated above about the scale fac-
tors is also valid here. When it is assumed that an al-
location word 0000 has been assigned neither to any
of the subbands nor to any of the channels, 64 scale
factors are required both for the stereo mode and for
the intensity-stereo modes. This is because in all the
intensity-sterec modes every mono subband should
have two scale factors to enable intensity-stereo to be
realised for the left-hand and the right-hand channel
in this subband, see Fig. 15c.

It is obvious that in the mono mode the number
of scale factors is halved, i.e. 32, again assuming that
the allocation word 0000 has not been assigned to
any of the subbands.

A method of determining the 6-bit scale factors
will now be explained below. As stated hereinbefore,
the sample having the largest absolute value is deter-
mined for every 12 samples of a subband channel.
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Fig. 24a shows this maximal sample | Smax |.The
first bit, designated SGN, is the sign bit and is '0’ be-
cause it relates to the absolute value of S, The
samples are represented in two’s complement nota-
tion. The sample comprises k 'zeros’ followed by a
"1". The values of the other bits of the 24-bit digital
number are not relevant and can be either '0’or '1".

| Smax | is now multiplied by 2%, see Fig. 24b. Sub-
sequently |Smax |2 is compared with a digital num-
ber DV, equal to 010100001100000000000000 and a
digital number DV, equal to
011001100000000000000000. If |Smax|.2k <DV,a
specific constant p is taken to be 2. If DV, < | Smax | 2K
<DV,, then pis taken to be 1. If | Sy | .2¢= DV,, then
p=0. The number k is limited to 0 <k < 20. The scale
factor is now determined by the numbers k and p in
accordance with the following formula.

SF = 3k + p.

Consequently, the maximum value for SF is 62.
This means that the scale factors can be represented
by 6-bit numbers, the six-bit number 111111 (which
corresponds to the decimal number 63) not being
used. In fact, the 6-bit binary numbers are not the
scale factors but they are in a uniquely defined rela-
tionship with the actual scale factors, as will be set
forth below. All the 12 samples S are now multiplied
by a number which is related to the values for k and
p. The 12 samples are each multiplied as follows.

S’ = Sx2xg(p)
where the number g(p) has the following relation with
p:
g(p) = 1forp =0
g(p) =1+22+ 2842104 2-16 4+ 2-18 4 2-23 for p
=1
a(p) =
14+2-1+244264 284294 2104 9213 4 2-15 4 2-16
+2° 17+ 2194 2 0forp = 2.

The parameter k specifies the number of 6 dB
steps and the factors (g(1) and g(2) are the closest ap-
proximations to steps of 2 dB. The samples S’ thus
scaled are now quantised to enable them to be rep-
resented by g-bit digital numbers in two’s comple-
ment notation. In Fig. 25 this is illustrated for q = 3.
The scaled samples s’ have values between +1 and
-1 see Fig. 25a. In the quantiser these samples must
be represented by q bits, q corresponding to the allo-
cation value for the relevant subband (channel).
Since, as stated above, the g-bit digital number com-
prising only ‘ones’ is not used to represent a sample
the total interval from -1 to +1 should be divided over
291 smaller intervals. For this purpose the scaled
samples S' are transformed into the samples S” in ac-
cordance with the formula S"= 8’(1-2-9)-2-4.

The samples S" are subsequently truncated at q
bits, see Fig. 25¢. Since the 111’ representation is not
permissible the sign bits are inverted, see Fig. 25d.
The q(=3)-bit numbers given in Fig. 25d are now in-
serted in the third frame portion FD3, see Fig. 2.
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Samples S’ which comply with -0.71<S'<-0.14
are represented by the digital number’001’. This pro-
ceeds similarly for samples S’ of larger values up to
samples which comply with 0.71 <S’<1 and which are
represented by the digital number "110’. Consequent-
ly, the digital number '111’is not used.

Dequantisation at the receiving side is effected in
a manner inverse to the quantization at the transmis-
sion side, see Fig. 26. This means that first the sign
bits of the g-bit digital numbers are inverted to obtain
the normal two’s complement notation, see Fig. 26b.

Subsequently the samples S’ are derived from
the transformed samples S” by means of the formula

S =(8"+2-9*1)(1 +2-9+2-29+2-3
+ 2-49 + ),
see Figs. 26¢ and 26d.
The values S’ thus cbtained are now situated exactly
within the original intervals in Fig. 25a. At the receiv-
ing side the samples S’ are subsequently scaled to
the original amplitudes by means of the transmitted
information k, p which is related to the scale factors.
Thus, at the receiving side a number g’(p) complies
with:
g(p) = 1forp =0

gp) =21+ 22+ 25+ 28forp = 1

gp) =2 + 23 + 28 + 2%forp = 2.
Scaling to the original amplitudes is now effected us-
ing the following formula:

S = 8.2- kg'(p).

In the two possible versions of a frame as descri-
bed with reference to Figures 2 and 3 and Figures 2,
17 and 19 respectively the third frame portion may not
befilled entirely with information. This will occur more
often and sooner as the algorithms for subband cod-
ing, i.e. the entire process of dividing the signal into
subband signals and the subsequent quantization of
the samples in the various subbands, are improved.
In particular, this will enable the information to be
transmitted with a smaller number of bits (average
number per sample). The unused part of the third
frame portion can then be utilized for transmitting ad-
ditional information. In the first frame portion FD1 in
Fig. 17 allowance has been made for this by means
of the "future-use" bit by;. Normally, this bit is '0’, as
will be apparent from Fig. 18.

If an additional signal has been inserted in the
third frame portion FD3 of a frame, the future-use bit
b, in the first frame portion FD1, see Fig. 17, will be
'1’. During reading of the first frame portion FD1 this
makes it possible for the receiver to detect the frame
contains additional information. The allocation infor-
mation and the scale factors, see Fig. 23, inform the
receiver that only the part of the third frame portion
FD3, marked FD4 in Fig. 23, contains quantised sam-
ples of the subband signals. The remainder, marked
FD5 in Fig. 23, now contains the additional informa-
tion. The first bits in this frame portion FD5 are des-
ignated 'EXT INFO’ or extension information. These
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bits indicate the type of additional information. The
additional information may be, for example, an addi-
tional audio channel, for example for the transmission
of a second sterec channel. Another possibility is to
use these two additional audio channels to realise
‘surround sound’ together with the audio subband sig-
nals in the frame portion FD4. In that case the front-
rear information required for surround sound may be
included in the frame portion FD5. In the part marked
FD6 the frame portion FD5 may again contain alloca-
tion information, scale factors and samples (in this or-
der) and the sequence of the allocation words and the
scale factors may then be similar to the sequence as
described with reference to Figs. 2 and 3 and Figs. 2,
17 and 19.

In the case of 'surround sound’ simple receivers
may merely decode the stereo audio information in
the frame portions FD2 and FD3, except for the frame
portion FD5. More sophisticated receivers are then
capable of reproducing the surround-sound informa-
tion and for this purpose they also employ the infor-
mation in the frame portion FD5.

The extension-info bits may also indicate that the
information in the frame portion FDB6 relates to text,
for example in the form of ASCII characters. It may
even be considered to insert video or picture informa-
tion in the frame portion FD8, said information again
being characterized by the extension-info bits.

It is to be noted that the invention is not limited to
the embodiments shown herein. The invention also
relates to those embodiments which differ from the
embodiments shown herein with respect to features
which are not relevant to the invention as defined in
the Claims.

Claims

1. Adigital transmission system comprising a trans-
mitter (1) and a receiver (5), for transmitting a
wide-band digital signal of a specific sample fre-
quency Fg, for example a digital audio signal, via
a transmission medium (4), and for receiving said
signal, the transmitter (1) having an input termi-
nal (2) for receiving the wide-band digital signal,
which input terminal is coupled to an input of a
signal source (3,9,6) which forms part of the
transmitter (1) and which is constructed to gen-
erate a second digital signal and supply said sig-
nal to an output (7), which second digital signal
comprises consecutive frames, each frame com-
prising a plurality of information packets (IP),
each information packet comprising N bits, N be-
ing larger than 1, the receiver (5) comprising a de-
coder having an input (10) for receiving the sec-
ond digital signal, which decoder has an output
coupled to an output terminal (8) to supply the
wide-band digital signal, characterized in that if P
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in the formula

is an integer, where

BR is the bit rate of the second digital signal, and
ng is the number of samples of the wideband dig-
ital signal whose corresponding information,
which belongs to the second digital signal, is in-
cluded in one frame of the second digital signal,
the number B of information packets (IP) in one
frame is P, and in that, if P is not an integer, the
number of information packets (IP) in a number
of the frames is P’, P’ being the next lower integer
following P, and the number of information pack-
ets (IP) in the other frames is equal to P’+1 so as
to exactly comply with the requirement that the
average frame rate of the second digital signal
should be substantially equal to Fs/ns and that a
frame should comprise at least a first frame por-
tion (FD1) including synchronising information.

A transmission system as claimed in Claim 1,
characterized in that the first frame portion (FD1)
contains further information related to the num-
ber of information packets in the frame.

A transmission system as claimed in Claim 1 or
2, characterized in that a frame comprises said
first frame portion (FD1), a second frame portion
(FD2) and a third frame portion (FD3), the first
frame portion (FD1) further including system in-
formation and the second (FD2) and the third
frame portion (FD3) including signal information.

A transmission system as claimed in Claim 1, 2
or 3, characterized in that if a frame comprises
P’+1 information packets (IP), the first frame por-
tion contains information corresponding to P’.

A transmission system as claimed in Claim 3 or
4, the transmitter comprising a coder (3,9) com-
prising signal-splitting means (3) responsive to
the wide-band digital signal to generate a digital
signal in the form of a number of M subsignals, M
being larger than 1, and comprising means (48)
for quantising the respective subsignals, charac-
terized in that the second frame portion (FD2) of
a frame contains allocation information which, for
at least a number of subsignals, indicates the
number of bits representing the samples of the
quantised subsignals derived from said sub-
signals, and in that the third frame portion (FD3)
contains the samples of at least said quantised
subsignals, if present.

A transmission system as claimed in Claim 5, in
which the signal-splitting (3) means take the form
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10.

30

of analysis-filter means responsive to the wide-
band digital signal to generate a number of M sub-
band signals, which analysis-filter means divide
the signal band of the wide-band digital signal,
applying sample-frequency reduction, into suc-
cessive subbands having band numbers m in-
creasing with the frequency, and in which the
gquantisation means (48) are adapted to quantise
the respective subband signals block by block,
characterized in that for at least a number of the
subband signals the allocation information in the
second frame portion (FD2) of a frame specifies
the number of bits representing the samples of
the quantised subband signals derived from said
subband signals, and in that the third frame por-
tion (FD3) contains the samples of at least said
gquantised subband signals if present).

A transmission system as claimed in Claim 6,
characterized in that in addition the third frame
portion (FD3) includes information related to
scale factors, a scale factor being associated with
at least one of the quantised subband signals
contained in the third frame portion (FD3), and in
that the scale factor information is included in the
third frame portion (FD3) before the quantised
subband signals.

A transmission system as claimed in Claim 6 or
7, in which the receiver (5) comprises a decoder
comprising synthesis-filter means (21) respon-
sive to the respective quantised subband signals
to construct a replica of the wide-band digital sig-
nal, which synthesis filter means (21) combine
the subbands, applying sample frequency restor-
ation to form the signal band of the wide-band
digital signal, characterized in that the samples of
the subband signals, if present, are inserted in
the third frame portion (FD3) in a sequence cor-
responding to the sequence in which said sam-
ples are applied tc the synthesis-filter means
upon reception in the receiver.

A transmission system as claimed in Claim 8,
characterized in that the allocation information
for the various quantised subband signals is in-
serted in the second frame portion (FD2) in a sim-
ilar sequence.

A transmission system as claimed in Claim 9,
characterized in that the scale information for the
scale factors is inserted in the third frame portion
(FD3) in a sequence corresponding to the se-
quence in which the allocation information for the
quantised subband signals associated with said
scale factors is included in the second frame por-
tion (FD2).
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A transmission system as claimed in any one of
the Claims 6 to 10, the wide-band digital signal
comprising a first and a second signal compo-
nent, for example a digital stereo signal, the ana-
lysis-filter means (3) being adapted to be respon-
sive to the first and the second signal compo-
nents to generate a number of M subband sig-
nals, each subband signal comprising a first and
a second subband signal component, the means
being further adapted to quantise the respective
first and second subband signal componentsina
specific subband, characterized in that the sec-
ond frame portion (FD2) of a frame includes allo-
cation information specifying for said subband
the number of bits representing the samples of
the quantised first and second subband signal
components derived from each of the two sub-
band signals of said subband, and in that the third
frame portion (FD3) includes samples of said
quantised first and second subband signal com-
ponents, if present.

A transmission system as claimed in Claim 11,
when appendant to Claim 7, characterized in that
the third frame portion (FD3) includes scale-
factor information for two scale factors for said
subband, each scale factor belonging to the first
or the second quantised subband signal compo-
nent of said subband.

A transmission system as claimed in Claim 11 or
12, when appendant to Claim 8, in which the syn-
thesis filter means (21) are adapted to be respon-
sive to the respective quantised subband signal
components to construct a replica of the wide-
band digital signal comprising the first and the
second signal component, characterized in that
the samples of the subband signal components,
if present, are inserted in the third frame portion
(FD3) in a sequence corresponding to the se-
quence in which the samples of said subband sig-
nal components are applied to the synthesis filter
means upon reception in the receiver.

A transmission system as claimed in Claim 13,
characterized in that the allocation information
for the various quantised subband signal compo-
nents is inserted in the second frame portion
(FD2) in a similar sequence.

A transmission system as claimed in Claim 14,
characterized in that the scale-factor information
for the scale factors is inserted in the third frame
portion (FD3) in a sequence corresponding to the
sequence in which the allocation information for
the first and second quantised subband signal
components belonging to said scale factors are
inserted in the second frame portion (FD2), and
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16.

17.

18.

19.

20.

21.

22,

32

in that the scale-factor information is inserted in
the third frame portion (FD3) before the quan-
tised subband signal components.

A transmission system as claimed in Claim 5,
characterized in that the (P’+1)-st information
packet does not contain any useful information.

A transmission system as claimed in any one of
the preceding Claims, characterized in that the
frames comprise a fourth frame portion (FD4) in
which error-detection and/or error-correction in-
formation is included.

The transmitter of the transmission system as
claimed in any one of the preceding Claims.

A transmitter as claimed in Claim 18, character-
ized in that the transmitter takes the form of a de-
vice for recording the second digital signal in a
track on a record carrier (25).

A record carrier (25) obtained by means of the
transmitter as claimed in Claim 19, characterized
in that the second digital signal is recorded in the
track.

The receiver of the transmission system as
claimed in any one of the Claims 1 to 16.

A receiver as claimed in Claim 21, characterized
in that the receiver takes the form of a device for
reading the second digital signal from a track on
a record carrier (25).

Patentanspriiche

1.

Digitales Ubertragungssystem mit einem Sender
(1) und einem Empfénger (5) zum Aussenden ei-
nes digitalen Breitbandsignals mit einer bestimm-
ten Abtastfrequenz F, beispielsweise eines digi-
talen Audiosignals tber ein Ubertragungsmittel
(4) und zum Empfangen dieses Signals, wobei
der Sender (1) mit einer Eingangsklemme (2)
zum Empfangen des digitalen Breitbandsignals
versehen ist, und die Eingangsklemme mit einem
Eingang einer zum Sender (1) gehdrenden Si-
gnalquelle (3, 9, 6) gekoppelt ist, die zum Erzeu-
gen eines zweiten Digitalsignals und zum Zufiih-
ren dieses zweiten Digitalsignals zu einem Aus-
gang (7) eingerichtet ist, das aus aufeinanderfol-
genden Rahmen aufgebaut ist, wobei jeder Rah-
men aus einer Anzahl von Informationspaketen
(IP) aufgebaut ist, jedes Informationspaket N Bits
enthalt, wobei N gréRer als 1 ist, der Empfanger
(5) mit einem Decoder mit einem Eingang (10)
zum Empfangen des zweiten Digitalsignals ver-
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sehen ist, der Decoder mit einem Ausgang erse-
hen ist, der mit einer Ausgangsklemme (8) zum
Abgeben des digitalen Breitbandsignals gekop-
peltist, dadurch gekennzeichnet , dal, wenn P in
der Gleichung

_ BR_ns

P = WX F—S
eine ganze Zahl ist, wobei BR gleich der Bitge-
schwindigkeit des zweiten Digitalsignals, und ns
die Anzahl der Abtastungen des digitalen Breit-
bandsignals ist, dessen entsprechende zum
zweiten Digitalsignal gehérende Information sich
in einem Rahmen des zweiten Digitalsignals be-
findet, die Anzahl B der Informationspakete (IP)
in einem Rahmen gleich P ist, und daR, wenn P
keine ganze Zahl ist, die Anzahl der Informations-
pakete (IP) in einer Anzahl der Rahmen gleich P’
ist, wobei P’ die erste P folgende niedriger liegen-
de Ganzzahl ist, und die Anzahl der Informations-
pakete in den anderen Rahmen gleich P’ + 1 ist,
so daR genau die Bedingung erfiillt wird, daR die
mittlere Rahmengeschwindigkeit des zweiten Di-
gitalsignals im wesentlichen gleich Fs/,s, daR ein
Rahmen aus wenigstens einem ersten Rahmen-
teil (FD1) mit Synchronisationsinformation aufge-
baut ist.

Ubertragungssystem nach Anspruch 1, dadurch
gekennzeichnet, daR der erste Rahmenteil (FD1)
weiter Information enthalt, die zur Anzahl der In-
formationspakete im Rahmen in Zusammenhang
steht.

Ubertragungssystem nach Anspruch 1 oder 2,
dadurch gekennzeichnet, da ein Rahmen aus
dem genannten ersten Rahmenteil (FD1), einem
zweiten Rahmenteil (FD2) und einem dritten
Rahmenteil (FD3) aufgebaut ist, wobei der erste
Rahmenteil (FD1) auBerdem Systeminformation
und der zweite (FD2) und dritte Rahmenteil (FD3)
Signalinformation enthalten.

Ubertragungssystem nach Anspruch 1, 2 oder 3,
dadurch gekennzeichnet, da®, wenn ein Rahmen
P’ + 1 Informationspakete (IP) enthélt, der erste
Rahmenteil Information enthélt, die mit P’ Giber-
einstimmt.

Ubertragungssystem nach Anspruch 3 oder 4,
bei der der Sender mit einem Coder (3, 9) verse-
hen ist, der Signalaufspaltungsmittel (3) zum Er-
zeugen eines Digitalsignals in Form einer Anzahl
von M Teilsignalen in Beantwortung des digitalen
Breitbandsignals enthélt, wobei M gréRer ist als
1, und Mittel (48) zum Quantisieren der jeweili-
gen Teilsignale enthalt, dadurch gekennzeichnet,
daR der zweite Rahmenteil (FD2) eines Rahmens
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Zuordnungsinformation enthalt, die fir wenig-
stens eine Anzahl der Teilsignale die Bitzahl an-
gibt, mit der die Abtastungen der aus diesen Teil-
signalen gewonnenen quantisierten Teilsignale
wiedergegeben sind, und daB der dritte Rahmen-
teil (FD3) die Abtastungen wenigstens dieser
quantisierten Teilsignale, falls vorhanden, ent-
halt.

Ubertragungssystem nach Anspruch 5, bei der
die Signalaufspaltungsmittel (3) die Form von
Analysefiltermitteln zum Erzeugen einer Anzahl
von M Teilbandsignalen in Beantwortung des di-
gitalen Breitbandsignals sind, wobei die Analyse-
filtermittel das Signalband des digitalen Breit-
bandsignals mit Abtastfrequenzreduzierung in
aufeinanderfolgende Teilbander mit Bandnum-
mern m aufteilen, die mit der Frequenz anstei-
gen, und die Quantisierungsmittel (48) zum
blockweisen Quantisieren der jeweiligen Teil-
bandsignale eingerichtet sind, dadurch gekenn-
zeichnet, dall die Zuordnungsinformation im
zweiten Rahmenteil (FD2) eines Rahmens fiir
wenigstens eine Anzahl der Teilbandsignale die
Bitzahl angibt, mit der die Abtastungen der aus
den Teilbandsignalen gewonnenen quantisierten
Teilbandsignale wiedergegeben sind, und daB
der dritte Rahmenteil (FD3) die Abtastungen we-
nigstens dieser quantisierten Teilbandsignale
(falls vorhanden) enthait.

Ubertragungssystem nach Anspruch 6, dadurch
gekennzeichnet, daR der dritte Rahmenteil (FD3)
zusiétzliche Information enthalt, die im Verhéltnis
zu Skalenfaktoren steht, wobei ein Skalenfaktor
zu wenigstens einem der quantisierten im dritten
Rahmenteil (FD3) gespeicherten Teilbandsigna-
le gehdrt, und daR die Skalenfaktorinformation
vor den quantisierten Teilbandsignalen im dritten
Rahmenteil (FD3) gespeichert ist.

Ubertragungssystem nach Anspruch 6 oder 7,
bei der der Empfénger (5) mit einem Decoder mit
Synthesefiltermitteln (21) zum Aufbauen einer
Replik des digitalen Breitbandsignals in Beant-
wortung der jeweiligen quantisierten Teilbandsi-
gnale versehen ist, wobei die Synthesefiltermit-
tel (21) die Teilbander mit Abtastfrequenzanstieg
zum Signalband des digitalen Breitbandsignals
zusammenfiigen, dadurch gekennzeichnet, dal
die Abtastungen der Teilbandsignale, falls vor-
handen, in einer Reihenfolge im dritten Rahmen-
teil (FD3) gespeichert sind, die der Reihenfolge
entspricht, mit der diese Abtastungen nach dem
Empfang im Empfinger den Synthesefiltermit-
teln zugefiihrt werden.

9. Ubertragungssystem nach Anspruch 8, dadurch
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gekennzeichnet, daR die Zuordnungsinformation
fir die verschiedenen quantisierten Teilbandsi-
gnale in einer selben Reihenfolge im zweiten
Rahmenteil (FD2) gespeichert ist.

Ubertragungssystem nach Anspruch 9, dadurch
gekennzeichnet, dal® die Skalenfaktorinformati-
on fiir die Skalenfaktoren in einer Reihenfolge im
dritten Rahmenteil (FD3) gespeichert sind, die
der Reihenfolge entspricht, in der die Zuord-
nungsinformation fir die zu diesen Skalenfakto-
ren gehdrenden quantisierten Teilbandsignale im
zweiten Rahmenteil (FD2) gespeichert ist.

Ubertragungssystem nach einem der Anspriiche
6 bis 10, bei der das digitale Breitbandsignal aus
einem ersten und einem zweiten Signalteil aufge-
baut ist, beispielsweise einem digitalen Stereosi-
gnal bei der die Analysefiltermittel (3) weiter zum
Erzeugen einer Anzahl von M Teilbandsignalen in
Beantwortung der ersten und zweiten Signalteile
ausgelegt sind, wobei jedes Teilbandsignal aus
einem ersten und einem zweiten Teilbandsignal-
teil aufgebaut ist, die Mittel weiter zum Quantisie-
ren der jeweiligen ersten und zweiten Teilbandsi-
gnalteile in einem bestimmten Teilband ausge-
legt sind, dadurch gekennzeichnet, dal der zwei-
te Rahmenteil (FD2) eines Rahmens Zuord-
nungsinformation enthélt, die fiir das genannte
Teilband die Bitzahl angibt, mit der die Abtastun-
gen der aus jedem der zwei Teilbandsignale des
genannten Teilbands erhaltenen quantisierten
ersten und zweiten Teilbandsignalteilen wieder-
gegeben sind, und daR der dritte Rahmenteil
(FD3) die Abtastungen dieser quantisierten er-
sten und zweiten Teilbandsignalteile, falls vor-
handen, enthélt.

Ubertragungssystem nach Anspruch 11, insofern
von dem Anspruch 7 abhéngig, dadurch gekenn-
zeichnet, daR der dritte Rahmenteil (FD3) fiir das
genannte Teilband Skalenfaktorinformation fiir
zwei Skalenfaktoren enthalt, wobei jeder Skalen-
faktor zu einem der ersten und zweiten quanti-
sierten Teilbandsignalteile aus dem genannten
Teilband gehdrt.

Ubertragungssystem nach Anspruch 11 oder 12,
insofern vom Anspruch 8 abhéngig, bei der die
Synthesefiltermittel (21) zum Aufbauen einer Re-
plik des aus dem ersten und dem zweiten Signal-
teil aufgebauten digitalen Breitbandsignals in Be-
antwortung der jeweiligen quantisierten Teil-
bandsignalteile ausgelegt sind, dadurch gekenn-
zeichnet, zeichnet, dal} die Abtastungen der Teil-
bandsignalteile, falls vorhanden, in einer Reihen-
folge im dritten Rahmenteil (FD3) gespeichert
sind, die der Reihenfolge entspricht, mit der die

10

15

20

25

30

35

40

45

50

55

19

14.

15.

16.

17.

18.

19.

20.

21.

22,

36

Abtastungen diese Teilbandsignalteile nach dem
Empfang im Empfinger den Synthesefiltermit-
teln zugeleitet werden.

Ubertragungssystem nach Anspruch 13, dadurch
gekennzeichnet, dal® die Zuordnungsinformation
fiir die verschiedenen quantisierten Teilbandsi-
gnalteile in einer selben Reihenfolge im zweiten
Rahmenteil (FD2) gespeichert ist.

Ubertragungssystem nach Anspruch 14, dadurch
gekennzeichnet, dal® die Skalenfaktorinformati-
on fiir die Skalenfaktoren in einer Reihenfolge im
dritten Rahmenteil (FD3) gespeichert sind, die
der Reihenfolge entspricht, in der die Zuord-
nungsinformation fir die zu diesen Skalenfakto-
ren gehdrenden ersten und zweiten quantisierten
Teilbandsignalteile im zweiten Rahmenteil (FD2)
gespeichert sind, und daR die Skalenfaktorinfor-
mation vor den quantisierten Teilbandsignaltei-
len im dritten Rahmenteil (FD3) gespeichert sind.

Ubertragungssystem nach Anspruch 5, dadurch
gekennzeichnet, dal das (P’ + 1). Informations-
paket keine brauchbare Information enthalt.

Ubertragungssystem nach einem der vorange-
henden Anspriiche, dadurch gekennzeichnet,
daR die Rahmen einen vierten Rahmenteil (FD4)
enthalten, in den Fehlerdetektions- und/oder
Fehlerkorrekturinformation aufgenommen ist.

Sender des Ubertragungssystems nach einem
oder mehreren der vorangehenden Anspriiche.

Sender nach Anspruch 18, dadurch gekenn-
zeichnet, dal® der Sender in Form einer Anord-
nung zum Aufzeichnen des zweiten Digitalsi-
gnals in einer Spur auf einem Aufzeichnungstra-
ger (25) vorliegt.

Aufzeichnungstrager (25), der mit dem Sender
nach Anspruch 19 erhalten wurde, dadurch ge-
kennzeichnet, dal in die Spur das zweite Digital-
signal aufgenommen ist.

Empfanger des Ubertragungssystems nach ei-
nem oder mehreren der Anspriiche 1 bis 16.

Empfanger nach Anspruch 21, dadurch gekenn-
zeichnet, dal der Empfénger die Form einer An-
ordnung zum Lesen des zweiten Digitalsignals
aus einer Spur auf einem Aufzeichnungstréager
(25) hat.
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Revendications

Systéme de transmission numérique comprenant
un émetteur (1) et un récepteur (5) pour trans-
mettre un signal numérique a large bande d'une
fréquence d’échantillonnage spécifique Fs, par
exemple un signal audionumérique, via un moyen
de transmission (4), et pour recevoir ledit signal,
I’émetteur (1) ayant une borne d’entrée (2) pour
recevoir le signal numérique a large bande, ladite
borne d’entrée étant reliée a une entrée d'une
source de signaux (39, 6) qui fait partie de I'émet-
teur (1) et qui est congue pour générer un deuxié-
me signal numérique et acheminer ledit signal a
une sortie (7), ledit deuxiéme signal numérique
comprenant des trames consécutives, chaque
trame comprenant une pluralité de paquets d’in-
formations (IP), chaque paquet d’informations
comprenant N bits, N étant plus grand que 1, le
récepteur (5) comprenant un décodeur compor-
tant une entrée (10) pour recevoir le deuxiéme si-
gnal numérique, ledit décodeur ayant une sortie
reliée & une borne de sortie (8) pour délivrer le si-
gnal numérique a large bande caractérisé en ce
que, si P est un nombre entier dans la formule :
_ BR_ns
P = WX F—S

danslaquelle BR est le débit binaire du deuxiéme
signal numérique et ng est le nombre d’échantil-
lons du signal numérique a large bande dont les
informations correspondantes, qui appartiennent
au deuxiéme signal numérique, sont incluses
dans une trame du deuxiéme signal numérique,
le nombre B de paquets d’informations (IP) d'une
trame est P, et en ce que, si P n’est pas un nom-
bre entier, le nombre de paquets d’informations
(IP) dans un certain nombre des trames est P,
P’ étant le nombre entier inférieur suivant immé-
diatement P, et le nombre de paquets d’informa-
tions (IP) des autres trames est égal a P’ + 1 de
maniére a se conformer exactement & I'exigence
que le débit de trame moyen du deuxiéme signal
numérique soit sensiblement égal & Fg/ng et
qu’une trame comprenne au moins une premiére
partie de trame (FD1) comprenant des informa-
tions de synchronisation.

Systéme de transmission selon la revendication
1, caractérisé en ce que la premiére partie de tra-
me (FD1) contient d’autres informations en rap-
portavecle nombre de paquets d’'informations de
la trame.

Systéme de transmission selon la revendication
1 ou 2, caractérisé en ce qu’une trame comprend
ladite premiére partie de trame (FD1), une
deuxiéme partie de trame (FD2) et une troisiéme
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partie de trame (FD3), la premiére partie de tra-
me (FD1) comprenant, en outre, des informations
sur le systéme et la deuxiéme partie de trame
(FD2) et la troisieme partie de trame (FD3)
comprenant des informations sur les signaux.

Systéme de transmission selon la revendication
1, 2 ou 3, caractérisé en ce que, si une trame
comprend P’ + 1 paquets d'informations (IP), la
premiére partie de trame contient des informa-
tions correspondant a P’ paquets d’information.

Systéme de transmission selon la revendication
3 ou 4, I'émetteur comprenant un codeur (3, 9)
comportant des moyens de scission de signaux
(3) réagissant au signal numérique a large bande
pour générer un deuxiéme signal numérique sous
la forme d’un nombre M de sous-signaux, M étant
plus grand que 1, et comprenant des moyens (48)
pour quantifier les sous-signaux respectifs, ca-
ractérisé en ce que la deuxiéme partie de trame
(FD2) contient des informations d’affectation qui,
pour au moins un certain nombre de sous-
signaux, indiquent e nombre de bits représentant
les échantillons des sous-signaux quantifiés ob-
tenus a partir desdits sous-signaux, et en ce que
la troisiéme partie de trame (FD3) contient les
échantillons d’au moins lesdits sous-signaux
quantifiés, s'ils sont présents.

Systéme de transmission selon la revendication
5, dans lequel les moyens de scission de signaux
(3) prennent la forme de moyens de filtrage ana-
lytique réagissant au signal numérique a large
bande pour générer un nombre M de signaux de
sous-bandes, ces moyens de filtrage analytique
divisant la bande du signal numérique a large
bande, par réduction de la fréquence d’échantil-
lonnage, en sous-bandes successives ayant des
nombres de bandes m augmentant avec la fré-
quence, et dans lequel les moyens de quantifica-
tion (48) sont 2 méme de quantifier les signaux
de sous-bandes respectives bloc par bloc, carac-
térisé en ce qu’au moins pour un certain nombre
de signaux a sous-bandes, les informations d’af-
fectation dans la deuxiéme partie de trame (FD2)
spécifient le nombre de bits représentant les
échantillons des signaux a sous-bandes quanti-
fiés obtenus a partir desdits sous-signaux a
sous-bandes et en ce que la troisiéme partie de
trame (FD3) contient les échantillons d’au moins
lesdits signaux a sous-bandes quantifiés, s’ils
sont présents.

Systéme de transmission selon la revendication
6, caractérisé en ce qu'en outre, la troisiéme par-
tie de trame (FD3) comprend des informations
apparentées a des facteurs d'échelle, un facteur
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d’échelle étant associé a au moins un des si-
gnaux a sous-bandes quantifiés contenu dans la
troisieme partie de trame (FD3), et en ce que les
informations sur les facteurs d’échelle sont inclu-
ses dans la troisiéme partie de trame (FD3) avant
les signaux a sous-bandes quantifiés.

Systéme de transmission selon la revendication
6 ou 7, dans lequel le récepteur (5) comprend un
décodeur comprenant des moyens de filtrage
synthétique (21) réagissant aux signaux a sous-
bandes quantifiés respectifs pour construire une
réplique du signal numérique & large bande, ces
moyens de filtrage synthétique (21) combinant
les sous-bandes en appliquant une augmentation
de la fréquence d'échantillonnage pour former la
bande du signal numérique a large bande, carac-
térisé en ce que les échantillons des signaux a
sous-bandes, s’ils sont présents, sont insérés
dans la troisiéme partie de trame (FD3) selon une
séquence correspondant a la séquence dans la-
quelle lesdits échantillons sont appliqués aux
moyens de filtrage synthétique & la réception
dans le récepteur.

Systéme de transmission selon la revendication
8, caractérisé en ce que les informations d’affec-
tation pour les divers signaux a sous-bandes
quantifiés sont insérées dans la deuxiéme partie
de trame (FD2) selon une séquence similaire.

Systéme de transmission selon la revendication
9, caractérisé en ce que les informations d’échel-
le pour les facteurs d’échelle sont insérées dans
la troisiéme partie de trame (FD3) selon une sé-
quence correspondant a la séquence dans la-
quelle les informations d’affectation pour les si-
gnaux a sous-bandes quantifiés associés aux-
dits facteurs d’échelle sont incluses dans la
deuxiéme partie de trame (FD2).

Systéme de transmission selon I'une quelconque
des revendications 6 & 10, dans lequel le signal
numeérique alarge bande comprend une premiére
composante et une deuxiéme composante de si-
gnal, par exemple, un signal stéréo numérique,
les moyens de filtrage analytique (3) réagissant
a la premiére composante et a la deuxiéme
composante de signal pour générer un nombre
de M signaux a sous-bandes, chaque signal a
sous-bande comprenant une premiére compo-
sante et une deuxiéme composante de signal a
sous-bande, les moyens étant, en outre, a méme
de quantifier la premiére composante et la
deuxiéme composante de signal a sous-bande
respectives dans une sous-bande spécifique, ca-
ractérisé en ce que la deuxiéme partie de trame
(FD2) comprend des informations d’affectation
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spécifiant pour ladite sous-bande le nombre de
bits représentant les échantillons de la premiére
composante et de la deuxiéme composante de si-
gnal a sous-bande quantifiées dérivées de cha-
cun des deux signaux de ladite sous-bande, eten
ce que la troisitme partie de trame (FD3)
comprend des échantillons desdites premiére et
deuxiéme composante de signal a sous-bande
quantifiées, s’ils sont présents.

Systéme de transmission selon la revendication
11, découlant de la revendication 7, caractérisé
en ce que la troisiéme partie de trame (FD3)
comprend des informations de facteurs d’échelle
pour deux facteurs d’échelle pour ladite sous-
bande, chaque facteur d’échelle appartenant a la
premiére ou a la deuxiéme composante de signal
a sous-bande quantifiée de ladite sous-bande.

Systéme de transmission selon la revendication
11 ou 12, découlant de la revendication 8, dans
lequel les moyens de filtrage synthétique (21)
réagissent aux composantes de signal a sous-
bande quantifiées respectives pour construire
une réplique du signal numérique a large bande
comprenant la premiére et la deuxiéme compo-
sante de signal, caractérisé en ce que les échan-
tillons des composantes de signal a sous-bande,
s’ils sont présents, sontinsérés dans latroisiéme
partie de trame selon une séquence correspon-
dant ala séquence selon laguelle les échantillons
desdites composantes de signal a sous-bande
sont appliqués aux moyens de filtrage synthéti-
que lors de la réception dans le récepteur.

Systéme de transmission selon la revendication
13, caractérisé en ce que les informations d’af-
fectation pour les diverses composantes de si-
gnal a sous-bande quantifiées sont insérées
dans la deuxiéme partie de trame (FD2) selon
une séquence similaire.

Systéme de transmission selon la revendication
14, caractérisé en ce que les informations de fac-
teurs d’échelle pour les facteurs d’échelle sont in-
sérées dans la troisiéme partie de trame (FD3)
selon une séquence correspondant a la séquen-
ce selon laquelle les informations d’affectation
pour la premiere composante et la deuxiéeme
composante de signal & sous-bande quantifiées
appartenant auxdits facteurs d'échelle sont insé-
rées dans la deuxiéme partie de trame (FD2) et
en ce que les informations sur les facteurs
d’échelle sont insérées dans la troisiéme partie
de trame (FD3) avant les composantes de si-
gnaux a sous-bande quantifiées.

Systéme de transmission selon la revendication
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5, caractérisée en ce que le (P’ + 1)iéme paquet
d’informations ne contient pas d’informations uti-
les.

Systéme de transmission selon I'une quelconque
des revendications précédentes, caractérisé en
ce que les trames comprennent une quatriéme
partie de trame (FD4) dans laquelle sontincluses
des informations de détection d’erreurs et/ou de
correction d’erreurs.

Emetteur du systéme de transmission selon l'une
quelconque des revendications précédentes.

Emetteur selon la revendication 18, caractérisé
en ce qu’il se présente sous la forme d'un dispo-
sitif pour enregistrer le deuxiéme signal numéri-
que sur une piste d’'un support d’enregistrement
(25).

Support d’enregistrement (25) obtenu a 'aide de
I’émetteur selon la revendication 19, caractérisé
en ce que le deuxiéeme signal numérique est en-
registré sur la piste.

Récepteur du systéme de transmission selon
I'une quelconque des revendications 1 a 16.

Récepteur selon |a revendication 21, caractérisé
en ce que le récepteur se présente sous la forme
d’un dispositif pour lire le deuxiéeme signal numeé-
rique sur une piste d'un support d’enregistrement
(25).
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BR Fs B

bitrate sample freq. # slots in a frame

(kbits/s) (kHz)
32 48

128 44.1 34 + padding
48 32
32 72

192 44.1 52 + padding
48 48
32 96

256 44.1 69 + padding
48 64
32 144

384 44.1 104 + padding
48 96

bitrate total # frames in # frames with

(kbits/s) | padding sequence a dunmy slot

128 147 122

192 49 12

256 147 97

384 49 24

FI16.6
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Bit 24 : Frame type 0 format A
1 format B
Bits 25 and 26: Copyright 00 no copyright, own rec.
01 no copyright, software
10 copyright, own recording
11 copyright, software
Bits 27 - 31 : Mode indication
Sample Freq. Emphasis
000O00O Stereo 48 kHz no emphasis
00001 Stereo 48 kHz 50/15 usec
ooo10 Stereo 44.1 kHz no emphasis
00011 Stereo 44.1 kHz 50/15 usec
00100 Stereo 32 kHz no emphasis
00101 Stereo 32 kHz 50/15 usec
00110 reserved
00111 reserved
01000 2 Chan. 48 kHz no emphasis
01001 2 Chan. 48 kHz 50/15 usec
010110 2 Chan. 44.1 kHz no emphasis
01011 2 Chan. 44.1 kHz 50/15 usec
01100 2 Chan. 32 kHz no emphasis
01101 2 Chan. 32 kHz 50/15 usec
01110 reserved
01111 reserved '
10000 1 Chan. 48 kHz no emphasis
10001 1 Chan. 48 kHz 50/15 usec
10010 1 Chan. 44.1 kHz no emphasis
10011 1 Chan. 44.1 kHz 50/15 usec
10100 1 Chan. 32 kHz no emphasis
10101 1 Chan. 32 kHz 50/15 upsec
10110 reserved
10111 1 Chan. 48 KHz CCITT J.17
11000 Stereo 48 kHz CCITT J.17
11001 2 Chan. 48 kHz CCITT J.17
11010 Stereo 44.1 kHz CCITT J.17
11011 2 Chan. 44.1 kHz CCITT J.17
11100 Stereo 32 kHz CCITT J.17
11101 2 Chan. 32 kHz CCITT J.17
11110 1 Chan. 32 KHz CCITT J.17
11111 1 Chan. 44.1 KkHz CCITT J.17

FIG.7

mode channel 1 channel II
stereo left right

2 channel mono program I program II
1 channel mono program I not used

FIG.8
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info

0000

0001

0010

0011

0100

0101

0110

0111

1000

1001

1010

1011

1100

1101

1110

1111
slot
I-1
slot
I-5
slot
I-9
slot
I-13
slot
I-17
slot
I-21
slot
I-25
slot
I-29
slot
I-1
slot
I-5
slot
I-9
slot
I-13

length of samples

in bits

WO WK

EP 0 402 973 B1

(no samples or scale factors transferred)

not used to prevent incorrect sync detection

II-5
II-9

II-13

I-22
I-26

I-30

FI6.9

II-2

II-6

II-10
IT-14
II-18
II-22
IT-26

II-30

I-3 II-3 I-4

I-7 Ir-7 I-8

I-11 II-11 1I-12
I-15 1II-15 I-16
I-19 -II-19 I-20
I-23 1II-23 1I-24
I-27 1II-27 1I-28

I-31 II-31 1I-32

F16.10

II-6
II-10

II-14

I-3 II-3 I-4
I-7 II-7 I-8
I-11 II-11 1I-12

I-15 II-15 1I-16

FI16.11
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18a 11
| ' SYSTINFO
5 201 fZL
(18b
ALLOC. INFO ﬁz
§
reconstr.
MULT - filter de emph. e
Y7 21’ 23’
6 27 25 25 9
L ‘ \

—H H ef g? -
FIG13 ° 5 F16.14

FD3y
[ [sFralsrmnm g SAMPLES a
[ x samples I.m [y bits/ sample) |
SFI.,m x samples IL .m(y bits/sample) b
SFI.m -
x samples m (2 bits/ o) C
SFIL.m

d

{ x samptes I, m (ybits/sample) ]

[ x samples IL,m(y bits /sample) ]

27



EP 0 402 973 B1

o
Vel
AN <
M“ o
f -
o w o
L 2|
(& ) ~ 0
) !
P
) .
|
T |
| \ﬁ_ ]
1 { -~
o — :
ey P “ r—+—
o PR L k&
~ | 17 =
- —— ~F
“btp—— e
il | “L. ~ — “ =
o [a o)
e vy ~ || \ ~ = =
— 4_ } _ ~
w[ - 1 1 1 _ .H
= r— |1 1 _-_l =
. = e i 1
m.u o \a—-lgll— rnU.\Irl.lI— M\lll—l |
z 2 =T
| -
=
H\mﬂ

5581
57'
451

3582

%

45.2

S58M

35—

F16.16

28



EP 0 402 973 B1

T Y rr71 —Trr-rrrr. T T 1 Y | T 1 7 LI | T
B8R Ful ~ FRAME FORMAT
by sy b e, A,

FI16.17

Bits 16 to 19 : bitrate index

BR BR
bitrate|index|sample frequency Vs
(kbits/ 48 kHz 44,1 kHz 32 kHz
sec.) # slots # slots # slots
32 1 8 8 12
64 2 16 17 24
96 3 24 26 36
128 4 32 34 48
160 5 40 43 60
192 6 48 52 72
224 7 56 60 84
256 8 64 69 96
288 9 72 78 108
320 10 80 87 . 120
352 11 88 95 132
384 12 96 104 144
416 13 104 113 156
448 14 112 121 168

+ padding

Bits 20 and 21 : Sample Frequency

00 44.1 KHz
01 48 kHz
10 32 kHz
11 reserved

Bit 22 : padding bit

'1' if the frame contains a 'dummy' slot, Otherwise '0’

Bit 23 : Future Use reserved for future use,

F|G18 '0' for the time being.

29
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T 1 1
0
NODE | SWilcH C | EWPH by,

FIG.1S

b4

Bits 24 and 25 : Mode indication

00 stereo
01 intensity stereo
10 bilingual
11 mono
Bits 26 and 27 : Intensity stereo mode switches :
0.0 subbands 5 - 32 in intensity stereo mode
01 subbands 9 - 32 in intensity stereo mode
10 subbands 13 - 32 in intensity stereo mode
11 subbands 17 - 32 in intensity stereo mcde
Bit 28 : Copyright 0 no copyright
1 copyright protected
Bit 29 : Original/Home Copy 0 Copy
1 Original
Bits 30 and 31 : Emphasis 00 no emphasis
. 01 50/15 psec emphasis
10 reserved
11 CCITT J.17
Mono mode : )
M = mono signal
slot 2:
M-1 M-2 M-3 M-4 M-5 M-6 M-7 M-8
slot 3:
M-9 M-10 M-11 M-12 M-13 M-14 M-15 M-10
slot 4:
M-17 M-18 M-19 M-20 M-21 M-22 M-23 M-2l
slot 5:

M-25 M-26 M-27 M-28 M-29 M-30 M-31 M-32

FI6.21
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Intensity Stereo mode :

L = left channel, R = right channel, M = mono signal

Switch bits (bits 26 and 27) are 0 0 :

slot 2:

L-1 R-1 L-2 R-2 I-3  R-3 L-4 R-4
slot 3:

M-5 M-6 M-7 M-8 M-9 M-10 M-1ll M-12
slot 4:

M-13 M-14 M-15 M-16 M-17 M-18 M-19 M-20
slot 5:

M-21 M-22 M-23 M-24 M-25 M-26 M-27 M-28
slot 6:

M-29 M-30 M-.’Tl M-32 FlG' 220

Switch bits are 0 1

slot 2:

L-1 R-1 L-2 R-2 L~-3 R-3 L4 R-4
slot 3:
L-5 R-5 L-6 R-6 L-7 R-7 L-8 R-8
slot 4:
M=-9 M-10 M-11 M-12 M-13 M-14 M-15 M_1(
slot 5:
M-17 M-18 M-19 M=20 M-21 M-22 M-23 p_24

slot 6:
M-25 M-26 M-27 M-28 M-29 M-30 M-31 jM.9n

Switch bits are 1 0 : Fl G 22b

slot 2:

L-1 R-1 L-2 R-2 L=-3 R-3 L-4 R=1
slot 3:

L-5 R-5 L-6 R-6 L=-7 R=7 L-8 R-8
slot 4:

L-9 R-9 L-10 R-10 L-11 R=11 L-12 R-12
slot 5:

M-13 M-14 M~-15 M-16 M-17 M-18 M-19 M-20

slot 6:
M-21 M-=22 M-23 M-24 M-25 M-26 M-27 M-28

slot 7:

M-29 M-30 M—'31 M-32 FIGZZC

Switch bits are 1 1

slot 2:

L-1 R-1 L-2 R-2 L-3 R-3 L-4  R-4
slot 3:

L-5 R-5 L-6 R-6 L-7 R~7 L-8 R-8
slot 4:

L-9 R-9 1L-10 R-10 L-11 R=-11 L-12 R-12
slot 5:

1-13 R-13 L-14 R-14 L-15 R-15 L-16 R-16
slot 6: .
M-17 M-18 M-19 M-20 M-21 M-22 M=23 M-24

slot 7:
M-25 M-26 M-27 M-28 M=29 M-30 M=-31 M-32 .
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' FD1 ! FD2 ! FD3
SYNC ALLOCATION SCALE | | EXT | ADDITIONA |
SYSTEM INFO INFD FaCioRsl SAWPLES 1y | SIGNAL Dgulug"rj_i
R4 L ~—FDB
1 R
SGN )
)
o[ ofofofoofofo]a fx{x]x]x|x[xx{x]x{x|x|x|x|x|x| (a)
e K ]%é
of 1]x]xbx x| x|x|xx[ x| x{x{x{x]x]x|olo]olo|o]o]o (b)
FIG.24 o
s! s' truncated
T’ + 1 Q 0.75 ot1 1o
T 0.7% 0.50 010
101
0.42 0.25 001
100
0.14 0 000
011
+ - 0.14 - 0.25 111
010
+ - 0.42 - 0.50 110
001
t+-0.71 +-0.75 101
o~ + -1 100 o Fl G- 25
(a) (b) (c) (d)
110 010 + 0.50 0.857 g+
0.71
101 001 + 0.25 0.571
N 0.42
100 000 0.00 0.287
+ 0.14
011 111 T+~ -0.25 0.00
+ - 0.14
010 110 + - 0.50 - 0.287
001 101+ -0.75 TR e
000 100+ - 1.00 coasr |00 Fl G- 26

(a)

(b)

(c)
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