I ntensity-stereo encoding and decoding in a transm ssion syst ef$#os< o .
The invention relates to a transm ssion sysemfor transmtting a w deband

di gi t? signal conprising at least a first and a second signal conponent
via a trans 13h@pAredi um the transmitger conprising an encodeph famoagd
anal ysis' filter ‘neans for
1\' Inte'lsny-stereo encoding and decodmg inl a transmission system
: e o A D E \mbu.‘:-:& E;‘__é s S d gmém..z;—_-:.yn.,-é . :'
This Sheet Has Been Replaced fd Dueseription @ pased L Lort(‘hu.x.....g
l “ f Clei soiid B to pased ... |
e piged wﬂj
ed 3B o paged oL j

10

15

20

25

The invention relz;tes to a transmission system ‘for transmitting a wideband
digital signal comprising at least a first and a second signal component via a transmus-
sion medium, the transmitter comprising an encoder having analysis filter means for
filtering the signal components so as to obtain a number of n sub signals for each of the
at least two signal components, transmission means for transmitting sub signals via the
transmission medium, the receiver comprising receiving means for receiving sub
signals, and a decoder having synthesis filter means for combining sub signals for each
of the at least two signal components so as to obtain a replica of the at least first and
second signal components, to a transmitter and a receiver in the transmission system,
and to a record carrier obtained by means of the transmitter being in the form of a
device for recording a signal on a record carrier.

A transmission system of the type defined in the opening sentence is
known from the article "The Critical Band Coder - Digital Encoding of Speech signals
based on the Percentual requirements 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 apparent hereinafter.

In the system known from said publication the speech srgnal band is
divided into a plurality of subbands 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 selected because on the ground
of psycho-acoustic experiments 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 allowance 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).

It should however be noted that the invention is not restricted to an
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10 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

15 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.

The known transmission system has the disadvantage that, in some cases
perceptible differences occur between the replica and the signal transmitted, such

20 perceptible differences being in the form of a distortion component present in the
replica generated by the receiver.

. It is an object of the invention to provide measures to enable the
transmission of the wideband digital signal so as to realize a significant reduction of the
distortion component present in the replica obtained in the receiver.

25 The digital transmission system is characterized in that the transmitter
further comprises signal combination means for combining at least one corresponding
sub signal of at least the first and second signal components so as te obtain a composite
sub signal, and control signal generator means for generating a sub signal indicator

~ control signal indicating said at least one sub signal of the at least two signal

30 components being combined, the transmitter further being adapted to transmit said
composite sub signal and said sub signal indicator control signal, the receiver further
comprising detection means for detecting said sub signal indicator control signal,
derivation means for deriving said composite sub signal from the signal received and for
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2 encodi ng into subband signals. It is equally well possible to apply
t ransf orm codi ng i n The invention is based on the recognition that the distortion arises because
of the fact that sometimes the specific number of bits being available for the
5 quantization of the wideband digital signal in the transmitter is too low. As a result, a
number of bits is allocated to a sub(band) signal which is too low. This results in a
quantization of a sub-signal which is too rough, leading to audible distortion upon
reception and after decoding. By combining corresponding sub-signals (subband signals)
into a composite signal, it suffices to quantize only one composite sub(band) signal
10 instead of the two corresponding sub(band) signals. This results in less bits being
6 required in the quantization step for the quantization of the sub(band) signal.

As an alternative, it offers the composite signal to be quantized with a
relatively larger number of bits than if the two sub(band) signals would have been
quantized separately.

15 The transmission system may be further characterized in that the signal
combination means are adapted to combine in each of a number of m, subbands the
subband signals of the first and second signal components in said subband, so as to
obtain m; composite subband signals in said m, subbands, where m, is larger than 1, the
control signal generator means being adapted to generate a subband indicator control

20 signal indicating said m, subbands, the transmitter being adapted to transmit the
composite subband signals in said m, subbands, the derivation means in the receiver

. being adapted to derive said m, composite subband signals in said m, subbands from the
signal received and to derive, in response to the subband indicator. control signal, sub-
band signals in said m, subbands for said first and second signal components from said

25 composite subband signals in said m, subbands. B

Combining, in more than one subband, the at least two corresponding sub-
band signals present in a subband, can offer a further data reduction when encoding and
subsequently quantizing the m, composite signals and the remaining subband signals.

The transmission system may be further characterized in that the signal

30 combination means are also adapted to combine in each of a2 number of m, subbands the
subband signals of the first and second signal components in said subband, so as to
obtain m, composite subband signals in said m, subbands, where m, is larger than m,,

the control signal generator means being adapted to generate a subband indicator control
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¢ subsequent quantization stage possible.
The m, subbands are the m, highest subbands. This for the reason that the
human ear is less phase sensitive in those frequency bands.
The transmission system may be further characterized in that the

15 transmitter comprises scale factor determining means for determining a scale factor for
time equivalent signal blocks of the first and second signal components in the subband
signals, said transmission means comprising means for transmitting said scale factors,
the detection means in the receiver being further adapted to detect the scale factors from
the signal received.

20 As a result, two scale factors are transmitted for each composite signal.
This offers the possibility to regenerate replicas of the two subband signals from the

‘ composite signal by multiplying the composite signal by the two scale factors. The
intensities of the left and right signal component differ, resuiting in a stereo effect
~ which is named ’intensity stereo’.

25 It is a further 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
digital wide-band signal, after conversion into the second digital signal, can be
transmitted via the transmission medium, in such away that a flexible and highly
versatile transmission system is obtained. This is to be understood to mean that the

30 transmitter should be capable of converting wide-band digital signals of different
formats (which formats differ inter alia in respect of the sample frequency F, 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
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is an integer, where BR is the bit rate of the second digital signal, and n, is the number

signal received and for

of samples of the wideband digital signal 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
10 an integer, the number of information packets in a number 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 s0 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 portion including the synchronising
15 information. The purpose of dividing the frames into B information packets is that for a
wide-band digital signal of an arbitrary sample frequency F, the average frame rate 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 duration occupied by n, samples of
the wide-band signal. Moreover, this enables the synchronisation to be maintained on an
® 20 information-packet basis, which i3 simpler and more reliable than maintaining the
synchronisation 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 Fs/ns. Since in this case the spacing
25 between the synchronising information (synchronising signals or synchronising words)
included in the first frame portion of succeeding frames is also an integral multiple of
the length of an information packet it remains possible to maintain the synéh:onisation
on an information packet basis. Preferably, the first frame portion further contains
information related to the number of information packets in a frame. In a frame
30 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
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portion may further comprise system information. 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-
10 audio signal or a mono-audio signal, or a digital signal comprising two substantially
“ independent audio signals. However, other system information is also possible, as will
become apparent hereinafter. Including the system information makes it possible for the
receiver 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
15 of a frame contain signal information. The transmitter may comprise a coder comprising
signal-splitting means responsive to the wide-band digital 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 respective subsignals. For this purpose an arbitrary
transform coding, such as the fast Fourier transform (FFT) may be used. In that case
20 the transmission system is characterized in that the second frame portion 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
subsignals, and in that the third frame portion contains the samples of at least said
~ quantised subsignals (if present). At the receiving end it is then necessary to apply an
25 inverse transform coding, for example an inverse Fourier transform (IFFT), to recover
the wideband digital signal. The transmission system, in which the signal-splitting
means take the form of analysis-filter means responsive to the wide-band digital signal
to generate a number of M subband signals, which analysis-filter means divide the
signal band of the wide-band digital signal, using a sample-frequency reduction, into
30 successive subbands having band numbers m increasing with the frequency, and in
which the quantisation means are adapted to quantise the respective subband signals
block by block, is a system employing subband coding as described above. Such a
transmission system is characterized further in that for at least a number of the subband
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information in a frame before the samples in a frame has the advantage that at the
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receiving end a simpler decoding 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 2 memory
20 in the receiver. Upon arrival of the second digital signal the allocation information is
stored in 2 memory in the receiver. Information content of the allocation information is
’ much smaller than the information content of the samples in the third frame portion, 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
25 stream of the samples in the third frame portion this data stream can be divided into the
various samples having the number of bits specified by the allocation information, so
that no previous storage of the signal information is necessary. The allocation
information for all the subbands can be included in a frame. However, this is not
flecessary, as will become apparent hereinafter.

The transmission system may be characterized further in that in addition
the third frame portion 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
ortion, and in that the scale factor information is included in the third frame portion

30

~.-‘.
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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

means bei ng

5 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 information
is also inserted in the third frame portion before the samples it is possible that during
reception to the scale factors to be derived from said scale information are first stored
in a2 memory and the samples are multiplied immediately upon arrival, i.e, without a

10 time delay, by the inverse values of said scale factors. The scale factor information may

"“ be constituted by the scale factors themselves. It is 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 decoding can be faster. Alternatively, the values of the

15 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 apparent from the allocation information for the subband, no scale factor
information for this subband has to be transmitted. The transmission system, in which

20 the receiver comprises a decoder comprising synthesis-filter means responsive to the
respective quantised 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 digital signal, may be characterized in
that the samples of the subband signals (if present) are inserted in the third frame

25 portion in a sequence corresponding to the sequence in which said sa.mples—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 additional storage of the samples in the receiver before they can be further

30 processed. Consequently, the storage capacity required in the receiver can be limited
substantially to the storage capacity needed for the storage of the system information,
the allocation information and, if applicable, the scale factor information. Moreover, a
limited signal delay is produced, which is mainly the result of the signal processing
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digital signal during transmission. As already stated, the wide-band digital signal may

10 be a monophonic signal. Alternatively, the wide-band digital signal may be a stereo
fi audio signal made up of a first (left) and a second (right) channel component. If the

transmission system is based on a subband-coding system the transmitter will supply
subband signals each comprising a first and a second subband-signal component, which
after quantisation in the quantisation means are converted to form first and second

15 quantised 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 important here. It is obvious that the system can
be extended to handle a wide-band digital signal comprising more than two signal
components.

20 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 vig optical or magnetic media. Optical-media transmissions may be, for
example, transmissions via glass fibres or by means of optical discs or tapes. Magnetic-

25 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 a2 magnetic tape. The versatility and flexibility of the transmission system thus resides
in the special format with which the information in the form of the second digital signal

30 s transmitted, for example via a record carrier. This is combined with the special
construction of the transmitter which is capable of generating this special format for
various types of input signals. The transmitter generates the system information required
for every type of signal and inserts this information in the data stream to be transmitted.
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5 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
[EC standard no. 958. This standard as normally applied to consumer 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
10 words. If N = 32 is selected, one frame of this digital audio interface standard can
Q transmit exactly one information packet of the second digital signal. In the digital audio
interface 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 interface equipment to be used.
15 Embodiments of the invention will now be described 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,
20 Fig. 3 shows the structure of the first frame portion of a frame,
Fig. 4 gives an example of the transmission system,
‘ Fig. § is a table specifying the number of information packets B in a
frame for specific values of the bit rate BR and the sample frequency F,, -
_ Fig. 6 gives the number of frames in a padding sequence and a number of
25 frames thereof comprising 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 information about the
30 various (two) channels for a number of modes,
Fig. 9 illustrates the significance of the allocation information as inserted
in the second frame portion,
Figs. 10 and- 11 illustrate the sequence in which the allocation information
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Fig. 13 shows a transmitter in the form of a device for recording the
5 second digital signal on a magnetic 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 to 15d show some further possibilities of including the scale
factors and samples in the third frame portion of a frame,

10 Fig. 16 shows a further modification of the transmitter,
Q 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 information in the first frame

15 portion illustrated in Fig. 17,

Figs. 21 and 22 illustrate the sequence in which the allocation information
1s 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,

20 Fig. 24 illustrates how the scale factors are derived,
Fig. 25 illustrates the quantisation of the scaled samples to form g-bit
. digital representations, and
Fig. 26 illustrates the dequantisation of the q-bit digital representations.
_ Fig. 1 shows diagrammatically the second digital signal as génerated by

25 the transmitter and transmitted vig 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 j and the frame j+1, being given in Fig.la.
The frames, such as the frame j, comprise a plurality of information packets IP1, IP2,
IP3, ..., see Fig.1b.

30 Each information packet, such as IP3, comprises N bits by, b;, by, ..., by, see Fig. lc.
The number of information packets in a frame depends upon
€)) the bit rate BR with which the second digital signal is transmitted vig the

transmission medium,
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It remains possi’ble®so maintain the synchronisation on a
' 10 If this computation yields an integer for P the number of information packets B in a

packet basis. Preferably, the first frame portion furthe

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 a way that

15 the average frame rate is equal to F,,,. 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 F;. It is evident that for a sample frequency F; equal to 44.1 kHz
the parameter P is not an integer in all cases and that consequently a number of frames

. 20 comprise 34 information packets and the other frames comprise 35 information packets

(when BR is 128 kbit/s). This is also illustrated in Fig. 2. Fig. 2 shows one frame. The
frame comprises P’ information packets IP1, IP2, ..., IP P’. Some:ﬁmes a frame
comprises P’ +1 information packets. : ' -
This is achieved by assigning an additional information packet (dummy slot) to the

25 frames of P’ information packets. The second column of the table of Fig.6 gives the
number of frames in the padding sequence for a sample t‘requenéy 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 information packets. By subtracting the
numbers in the second and the third column from each other this yields the number of

30 frames in the sequence comprising P’ information packets. The (P’ +1)th information
packet then need not contain any information. The (P’ +1)th information packet may
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three frame portions FD1, FD2 and FD3 in this order. The first frame portion FD1
contains synchronising information and system information.

The second frame portion FD2 contains allocation 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 transmitter
in the transmission system in accordance with the invention.

Fig.4 shows diagrammatically the transmission system comprising a
transmitter 1 having an input terminal 2 for receiving the wide-band digital signal Sgj,
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 comprises a
first (left channel) and a second (right channel) signal component.

It is assumed that the transmitter comprises a coder for subband coding of the wide-
band digital signal and that the receiver consequently comprises a subband decoder for
recovering the wide-band digital signal. The transmitter comprises analysis filter means
3 responsive to the digital wide-band signal Sg; to generate a plurality of M subband
signals Sgg; t0 Sgpy, Which analysis filter means divide the signal band of the wide-band
signal Sy 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 subbands 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 i3 described 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 publications. These publications are therefore incorporated herewith by
reference. Such a subband coder enables a significant data reduction to be achieved, for
example a reduction from 16 bits per sample for the wide-band digital signal Sgj to for
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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
15 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 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
20 unit 6. Starting from the quantised subband signals this unit 6 generates the second
digital signal as illustrated in Figs. 1 and 2. This second digital signal, as stated
’ hereinbefore, can be transmitted directly via the medium. However, preferably this
second digital signal is first adapted to be transmitted vig the transmission’ medium 4 in
a signal converter (not shown). Such a signal converter comprises, for example, an 8-
25 to-10 converter. Such an 8-to-10 converter is described in, for example, the Applicant’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.
30 Tt is obvious that the signal received from the transmission 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 portion FD1 in Fig. 2 is shown in greater detail in Fig. 3. Fig.3
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5 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 notation) at the
most in order to avoid resemblance to the synchronising signal. The bits 24 to 31

10 provide frame format information. Fig. 7 gives an example of the arrangement and

Q significance of this information. Bit 24 indicates the type of frame. In the case of format
A the 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 A format comprises 8 information packets, namely the

15 information packets IP2 to IP9 inclusive and in the B format it comprises 4 information
packets, namely the information packets IP2 to IPS inclusive. The bits 25 and 26
indicate 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
20 hereinbefore this may be a stereo audio signal, a mono audio signal, 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 dividéd between the
_ two channels (channel I and channel II) in the aforementioned cases.

25 b)  the sample frequency F, of the wide-band signal. -

) the emphasis which may be applied to the wide-band digital signal in the
transmitter. The values 50 and 15 us are the time constants of the emphasis and
CCITT J. The value 17 indicates a specific emphasis standard as defined by the
CCITT (Comité Consuitative Internationale de Télégraphie et Téléphonie).

30 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 A format the second frame portion contains eight
information packets. This is because it is assumed that the wide-band digital signal Sgs
is converted into 32 subband signals (for every signal portion of the digital signal Sgp).



’ 7 signals the allocation information in the second frame—portion of a
frame specifies the nunber of bits representlisfjed Ha BsamRpigsq of .t he- .

guanti sed subband signals derived fromsaid _ s and in that the
third frame portion contains the sanples of guanti sed subband
signal s PHN[B&4ém). This neans in fa¢é that € on i0f.02.1894 0N is

inserted in a frame before the sanples. This allocation information is
needed tmﬂhﬁhﬁom%r&ﬁﬁihé‘ﬂ‘?%}fgﬂ?@f foulr Hm? gdsignednt@ Evér qubmB! Thisi n the

third framg portion to be subdivided into the various. individual sanples of
t he corr digldstatarof 4 allacaticrt words hawingi a/lengtheofch bitheach) whichtdanrbei nf.or mat i on

may requile | samples,are represented by a fixed nunber of bits per
subband 6%?“#‘?%% ﬁ’ﬁf’@y F‘ée‘lggtf’é‘?Qr@Bef’B_Pﬁél‘e ‘transnitter based on fixed or
static Dif t) Bd6adt QR sebBid FahRRirticH adcohfiddates e MBycafds hibiRitbnifhat a

nunber of bits variable in tineis used for the sanples in a subband. This
i s ref¥®rPaly hadf the numbennf sibbards, isadkat now thi sesopdtfeame porida goinpeisesrordy nami ¢

bit all Fon. .. Fi . pti bi.t al l ti d i bed int i
i the panMoERcBekeRy Bie 5 Busr e g NG Oh BRI PEYOLALGECT SRS, An
I nt roductaipn to the MASCAM systemt by G Theile et al, EBU Techni cal

Review, No. 230 (August 1988). Inserting the allocation information in a
frame beParalocttionsword assodiated: withaarspenidic suhbanddspecifias) thet mumbeatof bite by

which the samples of the subband signal in the relevant subband are represented after
10 quantisation in the unit 9. For example: the allocation word AW which is 0100 indicates
'9 that the samples are represented by S-bit words. Moreover, 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 example, if the subband signal in an adjacent subband has such a
15 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 resembilance to
the sync word in the first information packet IP1. Fig.10 indicates the sequence, in the
case that the frame mode is A, in which the allocation words AW, j,m associated with
the two channels j, where j=I or II, and the 32 subbands of the sequence number m, m
20 ranging from 1 to 32, are arranged in the second frame portion. The allocation word
AWI, 1 belonging to the first subband signal component 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 II,
~ subband 1) is inserted in the second frame portion FD2. Subsequently, the allocation
25 word AWI,2 belonging to the first subband-signal component of the second and lowest
but one subband (channel I, subband 2) is inserted in the frame portion FD2. This is
followed by the allocation word AW II,2 belonging to the second subband-signal
component of the second subband {channel II, subband 2). This continues until the
allocation word AW 11,4 belonging to the second subband-signal component of the
30 fourth subband (channel II, subband 4) is inserted in the second frame portion FD2. The
second information packet [P2 (slot 2) of the frame, which is the first information
packet in the frame portion FD2 of the frame, is then filled exactly. Subsequently, the
information packet IP3 (slot 3) is filled with AW 1,5; AW I1,5; ... AW IL,8.
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10 format. In the receiver the allocation information in each frame is then employed for

19 correctly 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 alternately,
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 contain samples for
15 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 required to derive the samples for
the channels I or II 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
20 B format frame only the ailocation information for the subbands ! to 16 and the
channels I and II in the memory is replaced by the allocation information inciuded 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 format frame use is made of
~ the allocation information for these subbands derived from the preceding A format
25 frame and still present in the memory. The reason for the altemate use of A format
frames and B format frames is that for some subbands the allocation information in the
present case the allocation information for the higher subbands 17 to 32, does not
change rapidly. Since during quantisation knows the allocation information for the
various subbands is available in the transmitter, this transmitter can decide to generate a
30 B format frame instead of an A format frame if the allocation information for the 3
subbands 17 to 32 inclusive does not change (significantly). Moreover, this illustrates
that now additional space becomes available for the inclusion of samples in the third
frame portion FD3. For a specific value of P’ the third frame portion of a B format
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\n

subbands are quantised.
The third frame portion FD3 in Fig. 2 contains the samples of the
quantised subband-signal components for the two channels. If the allocation word 0000
10 is not present in the frame portion FD2 for none of the subband channels this means
. that in the present example twelve samples are inserted in the third frame portion FD3
-9 for each of the 32 subbands and 2 channels. This means that there are 768 samples in
total. In the transmitter the samples may be muitiplied by a scale factor prior to their
quantisation. For each of the subbands and channels the amplitudes of the twelve
{5 samples are divided by the amplitude of that sample of the twelve samples which has
the largest amplitude.
In that case a scale factor should be transmitted for every subband and every channel in
order to enable 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
20 each of the quantised subband-signal components in the various subbands.
In the present example, 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 information’{s non-zero, are
~ transmitted before the transmission of the samples begins. This means that the scale
25 factors are accommodated in the leading part of the frame portion FD3 pefore the
samples. This enables a rapid decoding in the receiver 5 to be achieved without the
necessity of storing all the samples in the receiver, as will become apparent hereinafter.
A scale factor SF j,m can thus represent the value by which the samples of the signal in
the j-th channel of the m-th subband have been muitiplied. Conversely; the number one
30 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.
For the frame format A the maximum number of scale factors is 64. If the
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’ sequence may then be for example:
...SF 1,4; SF L,5; SF 11,5; SF I1,6;....
In this case the scale factors for the fourth subband of channel II and the sixth subband
of channel I are not inserted. If the frame is a B format frame it may still be considered

15 to insert scale factors in the third frame portion for ail the subbands and all the
channels. 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. Subsequently upon

20 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 portiom of the B
format frame to the correct scale.

25 The samples are inserted in the third frame portion 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 representation of the samples is arbitrary, the binary word comprising

30 only "ones" preferably not being used again.

The second digital signal generated by the transmitter 1 is subsequently
applied to a transmission medium 4 vig the output 7, and by means of the transmission
medium 4 this signal is transferred to the receiver 5.
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also possible. In this respect an optical transmission may be envisaged, for example via
optical fibres or optical record carriers, such as Compact-Disc-like media, or a
5 transmission by means of magnetic record carriers utilising RDAT or SDAT-like
recording and reproducing technologies, 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 decodes the signal encoded in
the coder 6 of the transmitter 1 and converts it into a replica of the wide-band digital
10 signal supplied to the output 8.
y Fig. 12 shows a more detailed version of the receiver 5 in 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 contained in the scale factors and the
samples. The remainder of the information in the second digital signal is merely
15 required for a “correct bookkeeping”, to allow a correct decoding. The decoding
process is repeated 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
20 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 information packet is opened after each time P’ information packets, so
~that only that part of the incoming information is applied to the sync word detector in
25 the unit 19. If the sync word is not detected the time window remains ope—n for the
duration of another information 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
30 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 information packets in a frame can
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10 received allocation words at the correct location in the allocation memory 18b.

y It is obvious that in the present 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 synthesis filter means via the input 10,

15 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 to reconstruct the wide-band
signal. The allocation information stored in the memory 18b is required in order to
divide the serial data stream of samples into individual samples in the filter means 21,

20 each sample having the correct number of bits. For this purpose the allocation
information is applied to the filter means 21 vig the line 22. The receiver further

) comprises a deemphasis unit 23 which subjects the reconstructed 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 portion should be applied from the memory 18a to the

25 deemphasis unit 23 via the line 24. B

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 influence of a control signal applied by the processing unit 18

30 via the line 13. The scale factors can now be applied to the memory 12. Under the
influence of address signals applied to the memory 12 by the processing unit 18 via the
line 14 the scale factors are stored 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-
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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

10 transmitter. If the scale factors stored in the memory 12 are the scale factors by which

v 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 multiplier
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

15 value by which the samples should be scaled up during reception they can be stored
directly in the memory 12 and they can be applied directly to the multiplier 17. It is
evident that no memory is required to store ail these samples before the signal
processing performed upon the samples contained in the frame begins. At the instant at
which a sample arrives via the line 16 all the information required for processing this

: 20 sample is already available, so that processing can be carried out immediately.

L 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

25 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.

A further description of the receiver is not necessary because such receivers are

30 generally known, see for example the publication "Low bit rate coding of high-quality
audio signals. An introduction to the MASCAM system” by G. Theile et al in EBU
Technical Review, no. 230, August 1988. Moreover, it will be evident that if the

system information is also transmitted the receiver can be highly flexible and can
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which, agw takes.the form of a recording devicé for recording the wide-band digital
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 signal 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 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
interleaving process, as described with reference to Fig. 4. If the encoded information is
recorded on the record 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 a read device for reading the record carrier 25 on
which the wide-band digital signal has been recorded in the form of the second digital
signal by means of the device shown in Fig.13. The second digital 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 constructed to carry out an RDAT-like or an SDAT-like reproducing method.
Both methods are again described comprehensively in the aforementioned book by
Watkinson. If the signal supplied by the unit 6 in the recording device shown in Fig. 13
has been converted, for example in an 8-to-10 conversion and in an interleaving step,
the encoded signal read from the record carrier 25 should first be de-interleaved and
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channels (I or II) are inserted in the third frame portion before the samples. Fig. 15b

illustrates the same situation as Fig. 15a, but in this case it diagrammatically represents
10 the storage capacity for the scale factors SF I,m and SF II,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 a length of y bits. In the
above example x is 12 and y is now taken to be 8. Fig.15c shows another format. The
15 two scale factors for the first and the second channel in the subband are still present in
the third frame portion. However, instead of the x samples for both channels (the left
and right channels for a stereo signal) in the subband m (i.e. 2x samples in total) only x
samples for the subband m are inciuded in the third frame portion. These x samples are
obtained, for example, by adding corresponding samples in each of the two channels to
20 one another. In fact, a monophonic signal is obtained in this subband m. The x samples
i in Fig. 15¢ each have a length of z bits. If z is equal to y this saves room in the third
b frame portion, which can be used for samples requiring a more accurate quantisation. It
_1s alternatively possible to express the x samples of the mono signal in Z' = 2y (=16)
~ bits. Such a signal processing is applied if the phase difference between the lefi-hand
25 and the right-hand signal component in a subband is irrelevant but the waveform of the
monophonic signal is important. This applies in particular to signals in higher subbands
because the phase-sensitivity of the ear for the frequency in these subbands 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
30 equal to that in the example illustrated in Fig.15b.
Yet another possibility is to represent the samples in Fig.15 by for example 12 bits. The
signal definition is then more accurate than in the example illustrated in Fig. 15b whilst
in addition room is saved in the third frame portion. When at the receiving end the
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. signals included in the third frame portion as Lllustrated in Fig. 15c are reproduced a
stereo effect is obtained which is referred to as mtensuy stereo”. Here only the
intensities of the left-channel and the right-channel signals (in the subband m) can differ
because of a different value for the scale factors SF I,m and SF I, m.

Fig. 15d gives still another possibility. In this case there is only one scale
factor SFm for both signal components 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 I and II of the subband m, as in Fig. 15b,
do not have associated scale factors SF I,m and SF II,m. Consequently, these scale
factors are not inserted in the same third frame portion. In this case the scale factors
SF I,m and SF II,m included in the third frame portion of a preceding frame must be
used for scaling up the samples in the receiver.

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 capable of
correctly decoding these different frames, information 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 given in
Figs.1, 2 and 3. Fig. 16 in fact shows a more detailed 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 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 defining the samples for a frame. The
generator 35 is a generator which is capable of generating the additional information
packet I[P 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 controlled by the processing unit 30. The
various generators are controlled via the lines 41.1 to 41.4. The operation of the
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FiF. 12 shows an exanple of a receiver, — Fig. 13 shows a

information is applied to the respective quantisers 48.1 to 48.M via the lines 50.1 to
10 50.M, so that these quantisers correctly quantise the 12 samples of each of the subband
signals. Moreover this (allocation) information is applied to the unit 32. The samples of
the quantised subband signals are applied to the unit 34 via the lines 51.1 to 51.M. The
units 32, 33 and 34 arrange the allocation information, the scale factors and the samples
in the correct sequence i.e. in the sequence as described hereinbefore. Moreover, the
15 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 synchronising and system information for a frame is supplied by the
generator 31 and fed to the output 7. Subsequently, the switch 40 is set to the second
20 position from the top under the influence of the control signal supplied by the CPU 30,
via the line 53 so that the output 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 information is as described with reference to Pig. 10 or 11.
After this the switch 40 is set to the third position from the top. This means that the
25 output of the generator 33 is coupled to the output 7. The generator 33 now supplies the
scale factors in the correct sequence 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 supplies the samples in the various subbands in the correct sequence to the
output 7. In this cycle exactly one frame is applied to the output 7. Subsequently, the
30 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. §, an additional information
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5 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 digital signal prior to
transmission of the second signal. Thus, a digital signal is transmitted via the

10 transmission medium, which signal may not be directly identifiable as the second signal
but which has been derived therefrom. Further, it is to be noted that, for example in the
case that the subbands have different widths, the number of samples for the various
subbands 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 subband SB,,

15 a central subband SB, and a upper subband SB,. The upper subband SB; will have a
bandwidth 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:

20 the first sample of SB,, the first sample of SB;, the first sample of SB,, the second
sample of SB,, the second sample of SB,, the third sample of SB,, the second sample of
SB,, the fourth sample of SB,,.... etc. The sequence in which the allocation information
for these subbands is then inserted in the second frame portion is now: first the
allocation word for SB,, then the allocation word of SB;, subsequently the allocation

25 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 SB;, one sample of SB;, one
sample of SB, and subsequently another sample of SB;.

Figure 17 shows another structure of the first frame portion FD1. Again

30 thé first frame portion FD1 contains exactly 32 bits and therefore corresponds to one
information packet. The first 16 bits again constitute the synchronising signal (or
synchronisation word). The synchronisation word may again be the same as the
synchronisation word of the first frame portion FD1 in Fig. 3. The information
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in Fig. 3. The bits b 16 through big represent the bit rate index (BR index). The bit rate
index 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
5 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 beginning of a new frame.
‘ The 4-bit digital number "1111” is not employed in order not to disturb the
synchronisation word detection. In the second column of the Table in Fig. 18 the bit
!‘ rate index is represented as a decimal number corresponding to the 4-bit digital number.
_' 10 The corresponding bit rate values are given in column 1, '
’“ The bits 20 and 21 represent the sample frequency F,, see Fig. 18.
Fig. 18 shows the four possible 2-bit digital numbers for the bits b20 and
b, and the associated sample frequency. Bit 22 indicates whether the frame comprises
a dummy slot, in which case b22 = '1’, or does not comprise a dummy slot, in which
15 case b22 = '0’. The information in the bits b16 through b22 makes it possible to
determine how many information packets 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 n, is known, which is the number of samples of
the wide-band signal whose corresponding information belonging to the second digital
20 signal is accommodated in one frame, in the present example n, = 384, it is possible to
determine how many information packets B are present in the frame by means of the
+ data in the Table in Fig. 8, the padding bit b22 and the formula

This Sheet Has Been Replaced

podt LT

25
The bit b23 is intended for specifying a future extension of the system. This future
extension will be described hereinafter. For the time being this bit is assumed to be '0’.
The content of the first frame portion, as regards the bits b2 4 through b31, will be
described with reference to Figs. 19 and 20. The bits b2 4 and b25 give the mode
30 indication for the audio signal.
For the four possibilities of this two-bit digital number Fig. 20 shows
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10 should/cannot be copied. The bit b29 can indicate that the information is original
ﬁ informauon (b29 = 'I"), for example in the case of the prerecorded tapes, or
information which has been copied (b29 = '0’). The bits b30 and b31 specify the
emphasis which may have been applied to the wide-band signal in the transmitter, see
also the description with reference to Fig. 7.
15 Hereinafter, another configuration of the second frame portion FD2 will
be describe_d for the various mode indications represented by the bits b2 4 through b27 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
(34> bys = 00) and the bilingual mode (bg4, bys = 10) the second frame portion FD2

20 again has a length of 8 information packets (slots) and is composed as described with

reference to Fig. 10. In the stereo mode 'II’ in Fig. 10 then represents, for example,
the left-channel component and 'II’ the right channel component. For the bilingual mode
; . '’ denotes one language and 'I’ denotes the other language. For the mono mode (b2 4
_ b25 = 11) the length of the second frame portion FD2 is of course only 4 information
; 25 packets (slots). Fig. 21 illustrates the sequence of the allocation words for the various
subbénds 1 through 32 in the four information packets (slots) 2 through §. Thus, every
quantity M-i represents a four-bit allocation word which specifiés the number of bits in
every sample in the subband of the sequence number i, i ranging from 1 to 32. In the
intensity stereo mode (b2 4 b25 = 01) there are four possibilities indicated by means of
30 the bits b26 and b,-, see Fig. 20. All these possibilities result in a different content of
the second frame portion FD2.
Figs. 22a to 22d illustrate the four different contents of the second frame
portion. If the switch bits by, by~ are 00’ the signals in the subbands 1 through 4 are
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signals. This means that for the subbands 1 through 4 for the left-hand and nght-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-j) of the allocation words, i being equal to L or R and indicating the left-hand
and the right-hand channel component respectively, and j ranging from 1 through 4 and
representing the sequence number of the subband. For the subbands § 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. Consequently, such a subband requires only one
allocation word. The allocation words AW (i, j) for these subbands 5 through 32 are
indicated by the indices M-j, where i is consequently equal to M for all the subbands
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 b26’ by~ are o1
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 IP6, 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). B

If the switch bits b26’ b27 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. 22c 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 Dye by~ are 11’ the signals in the subbands 1 through 16 will
be normal stereo signals 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
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'ﬁ 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
determined for every 12 samples of a subband channel.

Fig. 24a shows this maximal sampie | S max | - The first bit, designated

15 SGN, is the sign bit and is '0’ because it relates to the absolute value of srnax' The
samples are represented in two’s complement notation. 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’.

'S, | is now multiplied by 2%, see Fig. 24b. Subsequently

20 |8, |.2%is compared with a digital number DV, equal to
010100001 100000000000000 and a digital number DV, equal to
011001100000000000000000. If | S__ | .2X < DV, a specific constant p is taken to
be2. 1DV, s |S_._|.2¥ < DV, thenpistaken tobe L. If | S, | 2“2
DV,, then p=0.

25 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.
'Consequem.ly, 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

30 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 relationship 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
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The parameter k specifies the number of 6 dB steps and the factors (g(1) and g(2) are
the closest approximations to steps of 2 dB. The samples S’ thus scaled are now

10 quantised to enable them to be represented by g-bit digital numbers in two’s
complement notation. In Fig. 25 this is illustrated for ¢ = 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 allocation value for the relevant subband

(channel). Since, as stated above, the q-bit digital number comprising only 'ones’ is not

15 used to represent a sample the total interval from -1 to +1 should be divided over 241
smaller intervals. For this purpose the scaled samples S’ are transformed into the
samples S"* in accordance with the formula §*’= §°(1-2°%-274,

I‘he sampies 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

20 q(=3)-bit numbers given in Fig. 25d are now inserted in the third frame portion FD3,
see Fig. 2.
Samples §’ which comply with -0.71 <8’ <-0.14 are represented by the
digital number *001°. This proceeds similarly for samples S’ of lafger values up to
samples which comply with 0.71 < S’ <! and which are represented by the digital

25 number "110°. Consequently, the digital number *111’ is not used.

Dequantisation at the receiving side is effected in a manner inverse to the

quantization at the transmission 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.

30 Subsequently the samples S’ are derived from the transformed samples S’

by means of the formula
s ="+ 291 + 204 2720 1 2739 4 244 4 ) cee Figs. 26c and 26d.
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Scaling to the original amplitudes is now effected using the following formula:
s =52%gm.

10 In the two possible versions of a frame as described with reference to

+2°+ 27 forp = 2.

Figures 2 and 3 and Figures 2, 17 and 19 respectively the third frame portion may not
be filled entirely with information. This will occur more often and sooner as the
algorithms for subband coding, i.e. the entire process of dividing the signal into
subband signals and the subsequent quantization of the samples in the various subbands,

15 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 additional information. In the first frame
portion FD1 in Fig. 17 allowance has been made for this by means of the "future-use”
bit bys. Normally, this bit is *0’, as will be apparent from Fig. 18.

20 If an additional signal has been inserted in the third frame portion FD3 of
a frame, the future-use bit b23 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 information and the
scale factors, see Fig. 23, inform the receiver that only the part of the third frame

25 portion FD3, marked FD4 in Fig. 23, contains quantised samples of the subband
signals. The remainder, marked FDS in Fig. 23, now contains the additional
information. The first bits in this frame portion FDS are designated "EXT INFO’ or
extension information. These bits indicate the type of additional information. The

additional information may be, for example, an additional audio channel, for example

30 for the transmission of a second stereo channel. Another possibility is to use these two
additional audio channels to realise ’surround sound’ together with the audio subband
signals in the frame portion FD4. In that case the front-rear information required for
surround sound may be included in the frame portion FDS5. In the part marked FD6 the
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portion FD6 relates to text, for example in the form of ASCII characters. It may even
be considered to insert video or picture information in the frame portion FD6, said
information again being characterized by the extension-info bits.
It is to be noted that the invention is not limited to the embodiments
15 shown herein. The invention aiso 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.

t i
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L. Digital transmission system having a transmitter and a receiver, for

transmitting a wide-band digital audio signal comprising at least a first and a second
signal component via a transmission medium, the transmitter comprising an encoder
having analysis filter means.for filtering the signal components so as to obtain a number
5 of n sub signals for each of the at least two signal components, transmission means for
transmitting sub signals via the transmission medium, the receiver comprising receiving
means for receiving sub signals, and a decoder having synthesis filter means for
combining sub signals for each of the at least two signal components so as to obtain a
replica of the at least first and second signal components, characterized in that the

10 transmitter further comprises signal combination means for combining at least one
corresponding sub signal of at least the first and second signal components so as to
obtain a composite sub signal, and control signal generator means for generating a sub
signal indicator control signal indicating said at least one sub signal of the at least two
signal components being combined, the transmitter further being adapted to transmit

15 said composite sub signal and said sub signal indicator control signal, the receiver
further comprising detection means for detecting said sub signal indicator control signal,
derivation means for deriving said composite sub signal from the signal received and for
deriving, in response to the sub signal indicator control signal, sub signals‘for said at

. least first and second signal components from said composite sub signal.

20 2. Digital transmission system having a transmitter and a recei;er, for
transmitting a wide-band digital audio signal comprising at least a first and a second
signal component via a transmission medium, the transmitter comprising an encoder
having analysis filter means for filtering the signal components so as to obtain a number
of n subband signals for each of the at least two signal components, transmission means

25 for transmitting subband signals via the transmission medium, the receiver comprising
receiving means for receiving subband signals, and a decoder having synthesis filter
means for combining subband signals for each of the at least two signal components so
as to obtam a replica of the at least first and second signal components, characterized in

||I|III| IIIIII IIIII [HHIAN




for the frame conprising P informati-onpackets and for frames
rising the additional information packetypsiSndet Has BeenRepleah be 254 (1111

1310 in bit notation) at the nost in order to ance to the
synchroni sing signal. The bits 24 to 31 provi B'ﬂ"ﬂ t |nformat|on
‘Fifg. 7 gi vw@aNan ® | e of the arrange an 6#@?&3?4

t
formation. Bit g?pndl cates the typengg frame. In the case of
t Re secon as anot. her, dlffere t number .
1 or ot - B Bab ke Rirthe? cSREAeS Signal Airifiliohness Wmmﬁlgwg [’Bﬁé’ﬁarent
her ei naf t afgnalshg a8 &0 ¢he fuBBENPON 4ti1O4Rt Eié?ﬁﬂsﬂari&%gé‘n& %ﬂﬁ a.tho

forrratlon packets, namely the information pac |nc usive

and in t hebpy @Icmposme subband sigmal 4n kaid @t ieasti ane sabbdndt and nmtfdlwgnhb
The bits 25 and. 26 |nd| cate

i nformati Qné?gtlr(gx% 2 to | P5 inclusive
whet her c Py né Ti ESEfRRS A HPYhand Andicatarco squgkmér;zamg wd ahgatat e
the fungt o siBbdRd, Eﬁ@'tﬁmﬁ?ﬁi&? m@er(?eufghﬁaﬁ@&@@@xlanm Pﬁgsﬂens%bﬁ%fde Z the

type of w de-band signal (as stat her el nb
st er eo audigdalsingrsaid Sl@bmmmamr@osnrgimagnal othe aeceiver mnherwodipnsmggnal

conprisin different 5| nal nts for exa representlng
the same %%Upe?'ﬁ tg’fgeﬂéﬁ %B wF?alnP@qlefﬁr{é@B?ﬂ eangfor
channel nagkeving kaid | colpbsitd % [ ween
t he tlflf\%) chanﬁ%lbs1 (%%gnne 1&@3?@%&%&% ”Qﬁéﬂgﬁ r&lf%‘{egerf%n?lsﬁ)ned

cases. deriving, in response to the subband indicator control sxgnal subband signals in said

10 subband for said at least first and second signal components from said composite signal
1n said subband.

3. Digital transmission system as claimed in claim 2, characterized in that,
the signal combination means are adapted to combine in each of a number of m,
subbands the subband signals of the first and second signal components in said subband,

15 so as to obtain m, composite subband signals in said m, subbands, where m, is larger
than 1, the control signal generator means being adapted to generate a subband indicator
control signal indicating said m, subbands, the transmitter being adapted to transmit the
composite subband signals in said m, subbands, the derivation means in the receiver
being adapted to derive said m, composite subband signals in said m; subbands from the

20 signal received and to derive, in response to the subband indicator control signal, sub-
band signals in said m, subbands for said first and second signal components from said

‘ composite subband signals in said m, subbands.
4, Digital transmission system as claimed in claim 3, characterized in that,
the signal combination means are also adapted to combine in each of a number of m,

25 subbands the subband signals of the first and second signal components in said subband,
S0 as to obtain m, composite subband signals in said m, subbands, where m, is larger
than my, the control signal generator means being adapted to generate a subband
indicator control signal indicating said m, subbands, the transmitter being adapted to
transmit the composite subband signals in said m, subbands, the derivation means in the

30 receiver being adapted to derive said m, composite subband signals in said m, subbands
from the signal received and to derive, in response to the subband indicator control
signal, subband signals in said m, subbands for said first and second signal components

1) D T

from said composite subband signals in said m, subban




the sanple frequency F, of the w de-band signal. c) t he errphasi S
ich may be applied to the vmde band digital signal in the :
ttransmitter. The values 50 and 15 [err]s are the tinme constants of the
nphasi s an %% CCTT J. The value 17 indicates a specific enphasis
t andard a$TREA3 44 Ay the CCl T3 Conmite Consul tative 02.02.1994
linternati onal e de Tel egraphie et Tel ephonie). The content of the frane
ortion FD2.in Fig. 2Digital trasmdssion systech anclainred iesiaiiml 4,\dharactesized émthat t o

Fi-gs and In the A format e second. frame por.tion contains eight
mformatmﬁ“‘p &‘é&’éﬂdW@ﬁ gy, (ghsst w 4nds.s assumed that the wide- band

digital signal S[errblggalg&-@{;}eﬁ Sslon JFQHO@am&%%ﬁIﬂ%hﬁc&m& &Y BfaY

signal portion of the sl gn S[err]
16 the m, subbands are the m, highest subbands.
S 7. A system as claimed in any one of the preceding claims 2 to 6,

characterized in that the transmitter comprises scale factor determining means for
determining a scale factor for time equivalent signal blocks of the first and second
signal components in the subband signals, said transmission means comprising means
for transmitting said scale factors, the detection means in the receiver being further

10 adapted to detect the scale factors from the signal received.

: 8. A system as claimed in any one of the preceding claims 2 to 7,

* characterized in that the transmitter comprises quantizing means for quantizing the time
equivalent signal blocks of the subband signals and the at least one composite subband
signal.

15 9. A transmitter for use in a system as claimed in anyone of the preceding
claims, and characterized by those features in the preceding claims that characterized
the transmitter.

10. A transmitter as claimed in claim 9, characterized in that it takes the form
of a device for recording the sub(band) signals and the at least one composite sub(band)

20 signal in a track on a record carrier.

11. A record carrier obtained by means of the transmitter as claimed in claim
¢ o
12. A receiver for use in a system as claimed in anyone .of the preceding

claims 1 to 8, characterized by those features in the preceding system claims that

25 characterize the receiver.
13. A receiver as claimed in claim 12, characterized in that it takes the form

of a device for reproducing the sub(band) signals and the at least one composite
(sub)band signal from a track on a record carrier. .
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| ocation word having a length of four bits is assigned to every

and. This vyields a total of 64 allocation words having a | ength of *4
each, which can be accomvodated exactly in eight information packets.
he B format the second franme portion accommodates the allocation

rmat i orPHINr13.241 X hal f the nunber of 3gubbands, so that now t b2 (0ge®9ad

portion conprises only 4 information packets. Fig. 9 illustrates the

i ficanc he four-bit allocation words AW An allocation word

bci at ed W a specific subband specifices the-nunber -of bits-by whigh

t he sanpl edntehsityretereoldnanding agd decodingt inaa tradsenission systeoand are represent ed
after quantisation in the unit 9. For exanple: the allocation word AW

which is 0100 indicates that the sanples are represented by 5-bit words.
Moreover, it follows fromFig. 9 that the allocation word 0000 indicates
that no sanpl es have been generated in the relevant subband. This may
happen, for exanple, if the subband signal in an adjacent subband has such
a large anplitude that this signal fully masks the subband signal in the
rel evant subband. Moreover, the allocation word 1111 is not used because
it bears nuch resenb 0 Y@ i i | ! cket
I P1. Fig. 10 indicat ggggrﬁlghggragxihmeé’anl n t{]gath’i‘exi&ﬁmfx of e §u%ﬁﬁ§?a§xgﬁﬁjs W

be transmitted, by combining corresponding sub(band) signals.

h

heet Has Been Replaced
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iated with
he sequence nunber
nd frame portion.

and signal
is inserted first.

-hm the frane node is A,

the two channels j, where | = | o+t ,—and-the-32-subbands

m m

ranging from1l to 32, . ar Ny t he"-
The allocation word AW, Ela &eghaﬁﬂ” mﬁe first

n which the allocation words AW |, m ‘7

conponent of the first and Iomest su

After talf t he aIIocat
to the second subband-sigﬂ gonponent of the flrst and Iomest
1, subband 1)

subband (channel
FD2. Subsequently,
subband- si gha

i's inserted in the second frane porti.on

the allocation word AW, 2 belonging to the first
conponent of the second and | owest but one subband (channel

subband 2
the all ocatipn worFRAM@/j |

conponenb—e#—%heaaaaymisubband-
ilocatlon word AW I I}, 4 belonglng to the_seqgond subband- si gnal
fourth subband

conmponent of;the
second frane

s rnserted—mrtt
2 bel 0

porti on FD2. The

S

frame—portion FOZT 1is is  followed by
ngi RANE tjlké second| subband- si gnan
e—=2). This con® nues

(channel 11, subband 4) is inserted in the
econd i nfor mati on packet 1P2 (slot 2) of

the frame, wip
of the franeg}

| P3 (sl of

IbB the firdt }ifformati on packet in the frame portion FD2
Bl3pen filled qxactly. Subsequently, the informati packet
3) 1 T |eu Wt AWt S5 AWII,5; ... AWII, 8.
PPl e L ‘_—’t
- T ?
b<| bZ '\\pn-] C
—t
FIG.T
FO1 l FO2 FO3
SYNC ¢ ALLOCATION | SCALE | DUMMY |
SYSTEM IKFG |  INFO FACTORs |  SAMPLES SLOT |
PPt 1P Pl
L T f T ) T T T 01 1 T | I SIS 1 T ) k SR g T T T
' S\:NC;S{GN;?L x S EiS blSL ?MB'R G.F SLDIS bZJh.Z{RAH?ﬂFFUURHM byt
VSeg1 9 6 A 9
1B Y , 1
] i '
L
588 g { ; —4
2 l ! 8
i
| — | i
3 SsaM 7

FIG.4
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7 This continues in the sequence as illustrated in Fig. 10. Fig. 10
nerely gives the indices j-mof the inserted allocation word AW .j,.m Fig.
111 i ndi cat est-he -sequence for the allocation words in the case of a -

s B-fornmat fra ]mgmgﬁw§RQﬁ@ﬁ onIy all ocati on words of the subbands 1 to 16
re |nserted as is illustrated in Fig. 10, corresponds to

he sequence | parate sanplLes belonging to a channel j and a

ubband m are synt he@ﬁﬂi | ter means upon reception in the
Freceiver. This mnll be explalned in greater. detail hereinafter. The -
serial data streamcontains for exanple only frames in conformty with the
A

FI16.6

BR fs B
bitrate sample fredq. 4 slots in a frame
(kbits/s) (kH2z)
32 48
128 44.1 34 + padding
48 32
32 72
w 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 dummy 'slot -
128 147 122
192 49 12
256 147 97
384 49 24

2-X-PHN 132414



mat. In the receiver the allocation information in each frame is then
| oyed for correctly deriving the sanples fromthe informtion-in the
rd frame portion of said frane. However, the serial data stream may

o conprise, nore or less alternately, both frarres’% h Wﬁ’?ﬁﬁa‘%th
Ihe

the A format and frames in conformty with the B for

frlames in conformty with both fonﬁ§f1@ay contain sa

channels_ and_al | subbands in the thi rame portion. A franme in conformty
with the B format then lacks in-fact the-altocation information required
to derive the sanples for the channels | or Il of the subbands 17 to 32
fromtbgttbyre franme pff&b@”tgﬁea B fopmat fragemathg receiver conprises a
menory in which the allocatioh™i nformagion i nckgggde B8n the second frane
portion of an A format frame can be stored. If the next frane is a B
formatBitaneSoahgt p6e abpgedaghen i nforombion fae tbpystibhandswa tecl6 and
the channels | and Il in the nenory ie Lepl aced bypyhégnkl ogsartware
information included in the second fran® porteoepyvighhe Bwhoreatrdiage,
and for deriving the sanples for the &ubbandscepPY¥rdgBe,fsoftwarethird
frame BbEEi 8h of 3the Biedendndirakionse is made of the allocation

I nformation for these subbands derived fro the grecedingHA format frane

and still present in the menmory, The r BFe he al EB é?ésuse of A
format franes’and Epfgrnat fré EepPg sone Sﬁgg?ﬁgg fR&Sal | ocati on

o

‘v~ @ —

;Egggggglig {gog eod%e Sﬁg: ca Eﬁé a44o§a §n i nf or Aty ol 8?i;he hi gher
0v0'0 T Stereo 44.1 kHz 50/15 usec
00LOO Stereo 32 kHz no emphasis
00101 Stereo 32 kHz 50/15 usec
0o0l1l11lo0 reserved
00111 reserved
01000 2 Chan. 48 kHz no emphasis
01001 2 Chan. 48 XHz 50/15 psec
01010 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
011111 reserved
10000 1 Chan. 48 kHz no emphasis
10001 1 Chan. 48 kHz 50/15 psec
10010 1 Chan. 44.1 kHz no emphasis
10011 1 Chan. 44.1 kHz 50/15 usec
L0100 1 Chan. 32 kiz no emphasis
10101 1 Chan. 32 kHz 50/15 pusec
101110 reserved
10111 1 Chan. 48 kHz CCITT J.17
L1000 Sterec 48 kHz CCITT J.17
11001 2 Chan. 48 kHz CCITT J.17
110110 Stereo 44.1 kHz CCITT J.17
110111 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 kHz CCITT J.17

mode channel I channel IIX
stereo left right

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

FIG.8

3-X-PHN13241A



chahge rapidly. Since during quantisation knows

“the.allocation information

forf the various subbands is available in the transmtter, this transmtter
car] decide to generate a B format franme instead of an -Aformat. frame if the

becones avail able for the inclusion of sanples in the thi
FD3. .For. a specific value of P the t?zq frame portion
18 frame i's four information packetlsS .

at lJocation information for the subbands 17 to 32 incl usi e sHof ot _change
(silgnificantly). Mreover, this illustrates that now ad |Ot ﬁ&é laced

of an A formt

allocation
info
0000
0Qo1
0010
0011
0lo00
0l01
0110
0l1il
1000
1001
v 1010
J 1011
1100
1101
1110
1111
slot
I-1
slot
I-S
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

I on

anger than the third frame portion

length of samples
in bits
(no samples or scale factors transferred)

WOJhUndswn |

15
not used to prevent incorrect sync detection

FIGS

II-1 I-2 II-2 I-3 II-3 I-4 II-4
3:
_II-5 I-6 II-6 I-7 II~7 I-8 II-8
4:
II-9 I-10 II-1l0 I-1l1 II-11 1I-12 1II-12

2

IT-13 I-14 II-14 I-15 IX-i5 I-16 1II-1s8
I7-17 1I-18 1II-18 I-19 II-19 1I-20 1II-20
7:
II-21 I-22 1II-22 I-23 IX-23 1I-24 TII-~24

II-28 1I-26 1II-26 I-27 1II-27 1I-28 1II-28

II-29 I-30 TII-30 I-31 II-31 I-32 TII-32

F16.10

II-1 I-2 II-2 I-3 II-3 I-4 II-4
3
II-5 I-6 II-6 I-7 II-7 I-8 IX-8

II-9 I-10 1II-l0 I-11 II-1il I-12 TII-12

II-13 I-14 1II-14 I-15 II-15 I-16 1II-1¢

FIG. 11
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me. Consequently, this enables the nunber of bit.s by which the sanpl es
the | ower subbands 1 to 16 are represented to be increased, so that

f t hese suﬁbaﬁmsﬁhslme hced transm ssi on accuracy can be achi eved.

eover, if i to guanti se the | ower subbands nore
ackurately th an automatically opt for the generation of B
format frame

s may then be at tS‘u 1ﬂ<pense of the accuracy with which
t he -hi gher ,—subbands are quanti sed. The third frame portion
FD3 in Fig. 2 contains the sanples of the duantised subband-signal
components for the two channels. If the allocation word 0000 is not -
present in the frame portion FDZ Tor none gf the subband channels this.

means that in the prlesent AN 1) L VE 5miﬂes are inserted in the third
%@Tdmbutbends and 2 channel s. This neans

frame portion FD3 fo
that there are 768 s gL o al . Intretraqir‘ritter t he sanpl es may be
mul tiplieg C or @8 eirl quantisation. For each of the
subbands cmﬂgchannel s| t hetsampl | tud(é of thg twelve sanples ar¢ divided by
the amplifu G thatr| sar of Je [sanpl es which has fhe | argest
anpl i tude n; at_gase a (fpl em-@& [ <hcuI£g2be transmtted for every

\

subband and chgnnel in order toreralfté—te—i nverse operation to be

per f or med}upon t hel anpl es at the recefving end. |For this purpose the
third frame_portion then ¢ontains scfilfe factors SR j,m one fo
- -} (6 pl& MULT reconstr.]
< | " titter de emph.
1 Yo | [ 1N Jj 7
. R T, ! 17 2 23
" MEN FI16.12
12/
6 27 15 25 5
N { (
' 8
FIG.13 °© ' 29 FIG. 14
— FO 3y
° [ [sFiasFua T SAMPLES a
I SFI.m | X samples I.m {y bits/'sample}
SFI.m x samples IL .m{y bits/samplel_ b
SFI.m :
x samples m (z bits/sumplel C
SFII.m

x samples I, m (y bits/sample)

SF m x samples IL, m(y bits /sample) d
FI6.15
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each of the quantised subband-signal conponents in the various subbands.

In the present exanple, scale factors are represented by 6-bit nunbérs, the
nmost 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 information is non-zero, are transmtted before the

transm ssion of the sanples begins. ¥¥Zsureans that the scale factors are
acconmodated in the | eading part of t ane portion FD3 before the X
sanpl es. This enables a Tapirddecoding in the recéiver 5to be achieved -
W t hout the Hmﬁ&&sHﬁywaﬁag&pglng all the sanples in the receiver, as will
becone apparen A scale factor SF j, mcan thus represent t he
val ue by which "ﬂﬁﬂﬂﬂ!ﬁ f the signal in the j-th channedB[bf the mth
subband have been . Conversely; the, nunber ane dlllﬂeﬂ by—sai d
val ue may be stored as the scale factor so b Bt at_the rece|V|ng end t is
not necessary to divide the scale factors hefor Lhe_sanplecp@re scal pd up
to correct val ues. For the fnaw% A t he maxi mum nunber

of scale factors is 64. If the 414’T‘_—L —— 1
|
|
|
49) 50.1 |
f |
“ ~ 50.2 'l L~ 53
r= — %
A y / o
45.1 ‘-1l--‘ a1 'L
I A — 40
i I ——— 711 |
(6.2 4721 % R 4
3582 R . quz | rl__J g
Z— — | yi | 3y
e 7 k-
- 15.2 st | [
|
|
46.M ]
SseM L o——g——- _
fa——-‘——rh]k—- Oy =34
M L s 51.M
4B.M [

35—

F16.16
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19 all ocation word AWj, mfor a specific channel j and a specific subband
m has the value 0000, which nmeans that for this channel and this.subband

no sanples are,. es nt |n the frame portion FD3, it will not be necessary
to include a dthls channel and this subband. The nunber of
scale factors i r than 64. The sequence in which the scale
factors SF j, m i n the t ﬂ frame portion FD3 is the sanme as
that in whiich the aIIocatlon wor ds have. een inserted in the second frane
portion. The sequence is therefore as follows: SF I,1;-SE II,1; SF |,2;
SFI1l1,2;, SFI1,3;, SF11,3;.... SF 1,32, SF11,32. If it is not necessary

to inser_ﬁawswakﬁ-#&e%aﬁ—ahe—&eﬁﬁeﬂeeqwhtk—ﬁﬁ tr%:u#n{Cue —the— sequence
PL

_ FRAME FORMAT
may thenb&e lf?r§ﬁ>g§llr§pdﬁ-gl b bﬁf““'ﬂ}’:g F? 2 INFODO bl3|

l L L L

ad
o

FI6.17

Bits 16 to 19 : bitrate index

BR BR
w bitrate|{index|sample frequency I's

(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 g6
288 9 72 78 108
320 10 80 87 120
352 11 88 95 132
384 12 96 104 144
416 i3 104 113 156

. 448 14 112 121 . 168

+ padding

Bits 20 and 21 : Sample Frequency

44.1 kHz
48 kHz
32 kHz
reserved

HPEOQ
HOMKO

Bit 22 : padding bit

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

Bit 23 : Future Use reserved for future use,

FIG 18 10! for the time being.
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...!F l,4; SF 1,5 SFII,5 SFI11,6;.... 1In this case the scale factors
for. the fourth subband of channel Il and the sixth subband. of chapnel |
are not inserted—IH—theframe is a B format franme it may still be’

consi dered ﬁlﬁgﬁgﬁee@@g&dfact ors in the third frame portion for all t he

subbands an nel s. However, this is not necessarily so. In
eml ﬂLbletoin?e/‘Q scale factors in the third franme
porti-on -of t e subbands"1'Yo 16 only. In the receiver this

this case it

requires a menory in which all scale factors can be stored at the instant
at which a previously arriving A format frane is received. Subsequently
upon reception of the B format franme only the scale factors for the
subbands 1 to 16 are replaced by the scale factors included in the B
format franme. The scal e f aete H—the—rpreviopsty—recei ved A format frane
for the subbands 17 to 32}ar qnughnswseuj im owqprsnemb restore the sanples
for these subbands incl udet4in pnrng of the B fornmat
frame to the correct scale. The sanples are inserted in the
third frame portion FD3 in the sane e as the allocation wrds and
the scale factors, one sanple for eFﬂﬂB%ﬁEﬁband of every channel in
succession. This neans: first all the first sanples for the quantised
subband signals for all the subbands of both channels, then all the second
sanples,.... etc. The binary representation of the sanples is arbitrary,

t he bi nar wiwar d 4CQmMRr 2%l NOMode indication

w c0 stereo
01 intensity stereo
10 bilingual
1l 1 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 stereoc 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 usec emphasis
1L 0 reserved
11 CCITT J.17
Mono mode : ) -
M = mono signal
slot 2: . i
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-16
slot 4:
M-17 M-18 M-13 M-20 M-21 M-22 M-23 M-2b
slot 5:

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

F16.21
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y "ones" preferably not being used again. ' The second
.dggital signal generated by the transmitter | is subsequently appl-ied to a
t Jansm ssi drmslsmdﬂlmsdbnwmcwhe output 7, and by neans of the transnission

di um 4 thi ansferred to the receiver 5.
‘ The t a the transm ssion nedium4 may be a wirel ess
t fansm ssi on, suc or exanple a, radi o transm ssion channel. However,
otther transm ssion nedla are alagﬁﬁésible. In this respect an optical

transm ssion~nmay be envi saged, for exanple via
Intensity Stereo mode :

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

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

slot 2:

L-1 R-1 L-2 R-2 L-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 S5:

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

“ M-29 M-30 M-:tn. M-32 FlGZZG

Switch bits are 0 1

slot 2:

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

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

M-9 M=-10 M-1l1l M-12 M-13 M-14 HM-15 M_1(

t 5: .
ste M-17 M-18 M-19 M-20 M-21 M-22 M-23 pM-24

slot 6:
M-25 M=26 M=27 M-28 M-29 M-=-30 M-31 M-32

Switch bits are 1 0 : Fl G ZZb

slot 2: , )
L-1 R-1 L-2 R-2 L-3 R-3 L=% R-4%

& St 3 . R  1-6 BR-6 L-7 R-7 L-8 R-8
| SOt 4 e Re9  L-10 R-10 L-11 R-11 L-12 R-12
Slot 3 13 M-14 M-15 M-16 M-17 M-18 M-19 M-20
Slot 8 . Me22 M-23 M-24 M-25 M-26 M-27 M-28 —
slot 7:

M-29 :M-30 M-31 M-32 | F[GZZC

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-S L-6 R-6 L-7 R-7 L-8 Rf8
slot 4:

L-% R-S 1-10 R-10 L-il1 R-11 L-12 R-12
slot 5:

L-13 R-~-13 L-14 R-14 L-15 R-15 L-16 R-16
slot 6:

M=-17 M-18 M~-1l9 M-20 M-21 M-22 M-23 M-=24
slot 7: F|G ZZd
M-25 M-26 M-27 M~-28 M=-29 M-30 M-31l M-32. .
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optical fibres or optical record carriers, such as Conpact-Disc-1ike nedia, ﬁg
or a transm ssion by neans of magnetic record carriers utilising RDAT or
SDAT- | i ke, I e ik Sttt aﬁBHanéppbdddUCI ng technol ogies, for which reference is

made to the book dlgltal audi 0" by J.Wwat ki nson, Focal press,
London 1988. e receiver 5 conprises a decoder, which
decodes the signal the coder 6 of the transmtter 1 and
converts,_ it |nto a repllca of t he wn&@ﬁ@@nd di gi tal signal supplied to

t he output 8. Fig. 12 shows-a nore-detailed version of the
receiver 5in Fig. 4. The coded signal (the second digitalsignal) is-
appl i ed toa;oqut L1 VF Zthe teérm nal 10. 'Hmﬂgssentlal information in

the inco thna' S al-Rred—H-he quu.c—rabtw. T

The remai gﬁ i heALAEAIHat | dBCALR lt heanpegsond, gi Zpﬂriﬂ M’;\I %&%E—}
requir ed TENIRED} r ectl®ookke Eﬁ%@st to allow ' BFEL 3
decodi ng process i s repeated for dver i ncon} ng ﬂ;ﬁﬂp The transmtter
first derives the synchroni si ng ard stemipfornation Tromthe frames.
The unit 19 each tinme detects the sync words swmdatf@ll5in the first 16 bits

of the first frame portion g&fffirgzsdane Si nce the sync words of
successi ve frsgss are each ti apart by an integral nultiple of

P or P+1 in mation packets the sync words can be detected very
accurately. he receiver |s i nchronismth yne d can
anunauouuxxxxxxxxxxxx;TxL (a)

= ) —— kel |Smax

ol 1]xDx]xgxlxlxlxlxlxbxtxlxxlxtxlolojolololo]o (b)

F l G 24 Smux.Zk
s! truncated
1 1 011
¢ + °© 0.75 110 -
0.7 + o.s0 010 -
i 101
1 0.4 .25 001
2 L 0.25 . 100
£ 0.14 t o 000
011
+-0.14 + -0.25 11
010
’ {-0.42 + - 0.5 110
001
L - 0.71 +-0.15 101
| o0 FlI6. 25
Loy L.y 100 .

(a) (b) (c)  (d)

s® s’
9 ¢+t
110 010 + 0.50 0.857
.+ o.m
101 001 + 0.35 0.571
: -t ¢ 0,42
100 600 + 0.00 0.287
+ o0.14
ot 1" + - 0.25 0.00
+-0.14
010 110 1 -o0.50 - 0.287
+-0.42
001 101 4+ -0.75 -0.511 |,
fer F16. 26
100 + - 1.00 - 0.857 .

(@ (b) (c) (d)
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be detected in the unit 19 in that in the unit 19 a tinme w ndowesmasxt¢ 792> f or
exanple, a | ength of one information packet is opened after each tine P
I nformati on packets, so that only that part of the incomng information is
applied to the sync word detector in the unit 19. If the sync word is not
detected the tinme w ndow renmai ns open fot the duration of another

I nformati on packet because the preceding frane nmay be a frame conprising P
+ 11 nf or NS HAEREASOMRE 8R (SROGEEN] IHITSION FEET -t he-uni-t-19-can. ..
derive a clock signal to control the central procesgsiHg GAT t="185%t7%s SG
evident fromthe above that the receiver shoul d kngw-howtfrany ‘i nfor marisd 2%
packets are contained in one frame. For this purpoSe‘tHieisyst em’i®hf or pat:ian.
is applied to the switching nmeans 15 via an input iof:the:{p ogessiagiaupi +1 %,
18, which switching neans are then in the positi;x)riﬁ’s}ﬁp@i\m.éz The.i-sys#em rased ...
i nformation can now be stored in a nenory 18a of{ the processing unit 18.
The information relating to the number of infornatyen:packais:ia adnane

uuuuuuuuuuuuuuuuuuuu

can The invention relates to a transmission systéfnfor-transmitting a wideband = == -~

digital signal comprising at least a first and a second signal component viz a transmis-
sion medium, the transmitter comprising an encoder having ana.lysi.; filter means for
filtering the signal components so as to obtain a number of n sub signals for each of the
at least two signal components, transmission means for transmitting sub signals via the
transmission medium, the receiver comprising receiving means for receiving sub
signals, and a decoder having synthesis filter means for combining sub signals for each
of the at least two signal components so as to obtain a replica of the at least first and
second signal components, to a transmitter and a receiver in the transmission system,
and to a record carrier obtained by means of the transmitter being in the form of a
device for recording a signal on a record carrier.

A transmission system of the type defined in the opening sentence is
known from the article "The Critical Band Coder - Digital Encoding of Speech signals
based on the Percentual requirements of the Auditory System” by M.E. Krasner in
Proc. [EEE 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 apparent hereinafter.

In the system known from said publication the speech signal band is
divided into a plurality of subbands 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 selected because on the ground
of psycho-acoustic experiments 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 allowance 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).

It should however be noted that the invention is not restricted to an

This is the replacement sheet



21 be applied to the unit 19 via the control-signal line 20 to open the
time wi ndow at the correct instants for sync-word detection. Wen the
“systeminformation is received the switch 15 is changed over to the | ower
position. The allocation information in the second frane portion of the
frame can now be stored in the nenory 182 If the al l ocation information
in the incomng frame does not conprise an allocation word for all the

subbands aeggcodipningd subbbnd siehdls. hayequatigavell paxeidlecial apply eakkfordm eddifditn
detected systeminformation. This may be for exanple the information
i ndi cat i ng twhenicResr, arensformagedingsbeing descmbadain the pubiz-afign oW Hitafie coriits,

under the i e of the rgleyan i [ ' ' stem
o mat  off Pl ERnC i el X Hapdupiar BTBe RASCAN IREH 0 G e 3
wor ds at t BEinCBBUETdchhieglaRéaew] flo.1738 @uzegatoiggn menory 18b.

It is obvious that in the present exanple the allocation nmenory 18b

conpri ses 64 storagdnpbgicasedist high-quality dagital frusicosignads which4n SAIOIBHY t he

el enent s DAl collbict BlsE 'Suldfrd W Teprlehekby 16 bt fed fighBYsafiBleth IREDREH

with and the conten o#ﬁ
of a sample frequency of I/T = 44.1 kHz, it is found that with a suitably selected

bandwidth and a suitably 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 altowance is made for
this in determining the masking threshold.

The known transmission system has the disadvantage that, in some cases
perceptible differences occur between the replica and the signal transmitted, such
perceptible differences being in the form of a distortion component present in the
replica generated by the receiver.

It is an object of the invention to provide measures to enable the
transmission of the wideband digital signal so as to realize a significant reduction of the
distortion component present in the replica obtained in the receiver.

The digital transmission system is characterized in that the transmitter
further comprises signal combination means for combining at least one corresponding
sub signal of at least the first and second sighal components so as to obtain a composite
sub signal, and control signal generator means for generating a sub signal indicator .
control signal indicating said at least one sub signal of the at least two signal
components being combined, the transmitter further being adapted to transmit said
composite sub signal and said sub signal indicator control signal, the receiver further
comprising detection means for detecting said sub signal indicator control signal,

derivation means for deriving said composite sub signal from the signal received and for



1

third frame portion of a frane is applied to the synthesis filter neans via
the input 10, which is coupled to the input of said filter neans via the

"connection 16. The sequence in which the sanples are applied to the filter

means 21 is the sane as the sequence in which the filter nmeans 21 process
the sanples in order to reconstruct the Wide-band signal. The allocation
I nformation stored in the nenory 18b is required in order to divide the

ser i al dat écrmmgamrgsposm the simsignalniddicadnabntealsignal skb signalsfior sad apeans

h t bi t th
aI I ch?fonfea{ﬂ#rgtar@t %’c{ %H”%g“‘f“gsufbg‘ ‘?ai“{ F‘HPPC?S‘?HERE é‘f“%?lrsap?Lgolslene 22
The receiver furt he%eﬁﬁ%ﬁbﬁ@ssb&e&'%ﬁrm@@&bgmﬁah khaz%hmg@ba&yms%b&am@

reconstructed digital signal supplied e filter 21 to deenphasis. For
a correct dedapicishas Spmstlmeii é\ﬁaﬂpﬁlﬁnfrmmbat pbHbity beingevallablesfopshet 0 31 of the

first frarreprtlon oul. ed fromthe neno

deenphasi sql@ﬁl 1(ALoR QﬁE\e FHgeD chgpggtﬁf signal il the u'ansnurtqrfxgttq@eﬁ)%ﬁsda frsufie?
portion al SOonis@nifdilss hiletakdaba Juﬁﬁiaﬁﬂﬁsx jwHRH R&ob €421 YEE r¥dulit £Qnpri se
the switch 11, the nenory 12 and t plier 17. Al the instant at

whi ch t he quanzationafa q@lbrsugr@hwm laftocardugani;aémg|tve§dxbl¢edlstm0@rumm isin
(e over SRk bh o AP Ll 2010 e SR L IAS ARBMAPHIL®,
t he nmenor yinkla céipeyitetsighal, f buffoseroqfuaniel @E§ ofik gﬂ@béslmpbmdd)t@odabe menory
12 by the processing unit 18 via the

instead of the two corresponding sub(band) signals. This results in less bits being

required in the quantization step for the quantization of the sub(band) signal.

As an alternative, it offers the composite signal to be quantized with a
relatively larger number of bits than if the two sub(band) signals would have been
quantized separately.

The transmission system may be further characterized in that the signal
combination means are adapted to combine in each of a number of m, subbands the
subband signals of the first and second signal components in said subband, so as to
obtain m, composite subband signals in said m; subbands, where m, is larger than 1, the
control signal generator means being adapted to generate a subband indicator control
signal indicating said m, subbands, the transmitter being adapted to transmit the
composite subband signals in said m, subbands, the derivation means in the receiver
being adapted to derive said m; composite subband signals in said m, subbands from the
signal received and to derive, in response to the subband indicator. control signal, sub-
band signals in said m; subbands for said first and second signal components from said
composite subband signals in said m, subbands.

Combining, in more than one subband, the at least two corresponding sub-
band signals present in a subband, can offer a further data reduction when encoding and
subsequently quantizing the m, composite signals and the remaining subband signals.

The transmission system may be further characterized in that the signal
combination means are also adapted to combine in each of a number of m, subbands the
subband signals of the first and second signal components in said subband, so as to
obtain m, composite subband signals in said m, subbands, where m, is larger than m,,

the control signal generator means being adapted to generate a subband indicator control
This is thy raplacament sheet!
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line 14 the scale factors are stored at the correct locations in the nenory
12. The nmenory 12 has 64 |ocations for the storage of the 64 scale factors.
Agai n, when a B- : 22
format frame is received, the processing unit 18 applies such address

signals to the menory 12 that only theg4scale factors for the subbands 1
to 16 are overwitten by the scale factors in the B-format frame.

Subsequent . ynaiti ¥ sGHRANEE Ihe i &m&p J : osition
underqt he ispﬁ‘ﬁlt}gﬁiggﬂogﬁﬁ?hycqntrpl Si gﬁgﬁﬁgﬁéﬂ aV| a ti?(eﬁl‘&fgﬁﬁeatfg, SO
t hat the saompesitesnebaagdpsignals insaidhe, subbangs, ither derivatibin derng inethe médeirence of

the being adapted to derive said m, composite subband signals in said m, subbands from the

signal received and to derive, in response to the subband indicator control signal, sub-
band signals in said m, subbands for said first and second signal components from said
composite subband signals in said m, subbands.

If it is decided that, even after combining the subband signals in the m,
previously mentioned subbands, the specific number of bits available for the
quantization is still insufficient, the subband signals in a larger number m, of subbands
can be combined, in order to make a further reduction of the bits needed in the
subsequent quantization stage possible.

The m, subbands are the m, highest subbands. This for the reason that the
human ear is less phase sensitive in those frequency bands.

The transmission system may be further characterized in that the
transmitter comprises scale factor determining means for determining a scale factor for
time equivalent signal blocks of the first and second signal components in the subband
signals, said transmission means comprising means for transmitting said scale factors,
the detection means in the receiver being further adapted to detect the scale factors from
the signal received.
| As a result, two scale factors are transmitted for each composite signal.
This offers the possibility to regenerate replicas of the two subband signals from the
composite signal by multiplying the composite signal by the two scale factors. The
intensities of the left and right signal component differ, resulting in a stereo effect
which is named ’intensity stereo’.

It is a further 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
digital wide-band signal, after conversion into the second digital signal, can be
transmitted via the transmission 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 signals of different
formats (which formats differ inter alig in respect of the sample frequency F, 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
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allocatio
line 22,
correct b
Subsequen
correct v
If the sc
t he sanpl
shoul d fi
t hen be a
invert th
menory 12
val ue by
stored
multiplie

n information, which is now applied to the multiplier 17 via the

t he multiplier first derives the individual sanples of the

it length formthe serial data stream applied via the |line 16.
tly, the sanples are nultiplied so as to restore themto the

al ues of the sanples prior to sgaling-down in the transmtter.
ale factors stored in the nenory 12 are the scale factors by which

e | &t h ks l.e,¢f act or s
rEpUpto W RecBi el Qi Siphlil) R IoRE e 10 1
pgeriveg 4 eviddibarmtidigniaplof @re corfeét faPmat frosl yaid isécond digimbsigoasiTol e to
e scale factors upon reception befaore they . are stored in the
. thisrendiiBe JRasmissigr svam ik 2640Ed3NCa YA e dnvanpen i chamenzed § et
IpC f%ﬁﬂﬁl es should be scaled up during reception they can be

H%@t*g??n the nenory 12 and they can be applied directly to the

r 173 It 4s evident that no nenory is required to store all

t hese sanplPes ore the signal processi ng performed upon the sanples
contained in the ffane begins. At the instant at whi ch a sanple arrives

via the |
is alread
This enti
clock sig
unit 18.

necessary

ine 16 all the information required for processing this sanple

Y ALY SacOpR IS eRor B SER Lgtal 4 B PRI,

naf] sampleplof elie widebhitd digialpsigiad wifos¢ berréspanding tidfermiiont nighr ocessi ng
105 B ool PRHCHETEY. S1IRELPBRe e frame of the second digfid

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 number 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 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 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 F, the average frame rate 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 duration occupied by n, 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

synchronisation 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 Fs/ns. Since in this case the spacing

between the synchronising information (synchronising signals or synchronising words)

included in the first frame portion of succeeding frames is also an integral multiple of

the length of an information packet it remains possible to maintain the synchronisatibn

on an information packet basis. Preferably, the first frame portion further contains

information related to the number of information packets 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
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wi ||l be obvious to those skilled in the art. Under control of the
processing unit 18 the multiplier 17 nultiplies the sanples by the
appropriate nmultiplication factors. The sanples, which have now been
restored to the correct anplitude, are applied to the reconstruction filter
18 in which the subband signals are recordverted to formthe w de- band
digital signal. A further description of the receiver is not necessary

because sughciteecaidver® oI forgeirésiddnprsiEP,+ 5 BforitioR ralRke Adwndpubl i cation
"Low bit rate‘_c_qdi_n%hof high-quality audio signals. An introduction to the
MASCAM systPessibiHYy isthatHhis| iafosmatgn ¢diraspridyde Fhiferall Ramieswegardlesp8D, August

A T e e e
(P’ + L)th information packet may comprise for example merely "zeros". In that case
this information packet does not contain any useful informatdon. Of course, the
additional information packet may also be filled with useful information. The first frame
portion may further comprise system information. 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-
audio signal or 2 mono-audio signal, or a digital signal comprising two substantially
independent audio signals. However, other system information is also possible, as will
become apparent hereinafter. Including the system information makes it possible for the
receiver 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
signal-splitting means responsive to the wide-band digital 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 respective subsignals. For this purpose an arbitrary
transform 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 subsignals, indicates the
number of bits representing the samples of the quantised subsignals derived from said
subsignals, and in that the third frame portion contains the samples of at least said
quantised subsignals (if present). At the receiving end it is then necessary to apply an
inverse transform coding, for example an inverse Fourier transform (IFFT), to recovet
the wideband digital signal. The transmission system, in which the signal-splitting
means take the form of analysis-filter means responsive to the wide-band digital signal
to generate a number 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 signals
block by block, is a system employing subband coding as described above. Such a
transmission system is characterized further in that for at least a number of the subband
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23 correctly decode the signals even in the case of second digital
signals with different system i nformati on. Fig. 13 shows
*diagrammatically yet another enbodi ment of the transmtter, whi ch now
takes the formof a recording device for recording the w de-band digital
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

devi ce 27 %iyﬁi'ﬂrsltﬁé Bocti¥h iif Brmadtdd Lﬂ@s&ﬁbnﬂfﬁﬂfe Sirtivhiof A frdife SiedliRs the

recorded in track on the record carrier. S then possible to record
t he second ndm@r:t af bigy gmﬁsemmgamsusmgpbs tof Mq@numswbém signady derived fromior

le b | | d whi ch th track
Cs Then sHERIEeRY, Saniingtst be SOCBATE POCan SR DR ddg e | o
relative tQa @saglshwyna%kgnals%frﬁeséngn Tofs fBshs iR FREdhSahE aBbcaibR exanpl e

of this is an AT-1i ke recordi ng net hod. Anot her method is to split the
i nf or mat i omnréﬁdatmnrmlmsqne@ursajramm:bﬁfqnerﬁge tséraplep| This allpeation ieformariamisa

ongi t ua napedst R RAR bt EiSoutafa BbFRE OF el Sl pihn€ B B 1

SDAT- | i ke pegnton@ subd®ideadnitie b&x&ﬁﬁﬁﬁ@ﬁﬁﬁﬁsan@l@@@ﬁ&@%&%ﬁvﬁn%ﬁ ®fi ption

of the two above net hods can
bits at the receiving end. The allocation information may require that all samples are
represented by a fixed aumber 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 et al, EBU Technical Review, No. 230 (August 1988). Inserting the allocation
information in a frame before the samples in a frame has the advantage that at the
receiving end a simpler decoding 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 second digital signal the allocation information is
stored in a memory in the receiver. Information content of the allocation information is
much smaller than the information content of the samples in the third frame portion, 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 into the
various samples having the number of bits specified by the allocation information, so
that no previous 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 includes information related to scale factors, a scale factor being
z*-‘>~°"'~'>f2ia'ted with at least one of the quantised subband signals contained in the third frame
poruon, and in that the scale factor information is included in the third frame portion
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be found in the aforenenti oned book "The art of a digital audio" by J.

Wat ki nson. Again it is to be noted that the signal supplied by the unit 6
‘may be first be encoded in a signal converter. This encodi ng nay again be
an 8-to0-10 conversion followed by an interleaving process, as described
with reference to Fig. 4. If the encoded8 nformation is recorded on the
record carrier in a plurality of adjacent parallel track, this signal

converter $éford theequantised sublmdl sigrafs. dheisgmpley chm e ebdediacthe mhansmiigter on t o
t he various tracks. : Fig. 14 shows diagrammuatically an

enbodi nent Yinopheeing parmadised; Leapitheut teramplisydes ofia bleaeof symplest Ra fgr m of a
qo e . . } e5e >
Gortal st griiha eatls Bed USidea sy fie Siplingts of i alllt BuhpinelaliEsOin s

by neans oamplieiddéy itde bERRWH that Esg no kdale TiRorS 608 € Bé eahidhinsd. gifake i s r ead

froma track on the record carrier_ by the read head. 29 and is applied to
t he recei v&¥mpjes af rasmakisedisurmg codingrighle fagtoninformagon digs shbaFaasmived in Fi g.

12. Again - f e ' ) t t r - i ke
2 haaln bfthideef el 68 A8 s oY FERLAH e BTN Mo PRERAEG
conpr ehensisvaiy inisértddnia thé eliiediraink Qoekbrbstbreltiie \Wrhjles 0B posdsibie e Sugh@l
supplied by the unit 6 in _the recordl_{r% devi ce. shown in Fig. 13 has been
convert ed, TeCERUQR QR &cals, fagtorg 1q be derivednFemsrishscalednfasmakon atecinst storedg

step, the Gheaatbe a6l Me Lifes 48 Mlififlidaihthhifily dph abaANLL! Bickde 3! Pe
time delay, by the inverse values of said scale factors. The scale factor information may
be constituted by the scale factors themselves. It is 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 decoding 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 apparent from the allocation information for the subband, no scale factor
information for this subband has to be transmitted. The transmission system, in which
the receiver comprises a decoder comprising synthesis-filter means responsive to the
respective quantised 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 digital 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 additional storage of the samples in the receiver before they can be further
processed. Consequently, the storage capacity required in the receiver can be limited
substantially to the storage capacity needed for the storage of the system information,
the allocation information and, if applicable, the scale factor information. Moreover, a

limited signal delay is produced, which is mainly the result of the signal processing
This is the replacement sheet
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24 shoul d be subjected to 10-to-8 conversion. Mreover, if the encoded
si gnal has been recorded in a plurality of parallel tracks the
:reproducing unit shown in Fig. 14 should arrange the information read
fromthese tracks in the correct sequence before further processing is
appl i ed. Fig. 15 shows a nunber of other possibilities of
inserting the scale factors and the sanpBes in the third frane portion FD3
of a frane. Fig. 15a illustrates the above described nethod in which the

scal e fact or s,eghrtedrupen thet asmpiesbBeenaliocatiauniiformation for the various quantised
subband signals is suitably inserted in the second frame portion in the sime sequence as
that in which the samples of the subband signals are included in the third frame pordon.
The same applies to the sequence of the scale factors. If desired, the frames may also
pe divided into four portions, the first, the second and the third frame portion being as
described hereinbefore. The last (fourth) ftame portion in the frame may then contain
error-detection and/or error-correction information. Upon reception 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
transmission system is based on a subband-coding system the transmitter will supply
subband signals each comprising 2 first and a second subband-signal component, which
after quantisation in the quantisation means are converted to form first and second
quantised 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 important here. 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 transmissions may be, for
example, transmissions vig glass fibres 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 propased by the
invention in one or more tracks of a record- carrier, such as an optical or magnetic disc
Or 2 magnetic tape. The versatility and flexibility of the transmission system thus resides
in the special format with which the information in the form of the second digital sighal
is transmitted, for example via a record carrier. This is combined with the special
Construction of the transmitter which is capable of generating this special format for
various types of input signals. The transmitter generates the system information required
for every type of signal and inserts this information in the data stream to be transmitted.
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channels (I or I1) are inserted in the third frame portion before the

sanples. Fig. 15b illustrates the same situation as Fig. 15a, but in this
case it diagranmatically represents the storage capacity for the scale
factors SF I, mand SF I, mand the associated x sanples for these two

channels in the subband m Fig. 15b showdOthe sanples for the two channels
I n the subband m conbi ned to bl ocks, whereas nornmally they are distributed

wi t hi n t he Ahthe dedenang epdiis tsnachiBived dpmpdaes ohavpecifid emagivler, ofhiyh bkdss | N t he
above example X is 1 {r}&w taken to e 8. Fig, 15c shows anot her

f or mat . esmdt%eg‘cﬁ‘%waé'@t‘cf dat"hé“?al”f'é‘ﬁ gmaloyh @éé&ﬁge%%‘i%ﬂal n the

fﬁﬁbiniaﬁé?‘e‘?‘%‘E‘{““E%@ﬁﬁg%sﬁ%f" Oehith] & RAPRRRRl Qs WY B0 W TR 0
si gnal ) i n defiee shebleagtt ana( framme. TPhis Smaaps emt mcytmdahiot md::gphmdyscarqaheslcf@r t he

subband mae i.ncluded in the third fra ort These x sanpl es, are
obt ai ned, fBf THRUIASOR STEIM 4 4ne,spcoRd F@égﬂgﬁ‘%gk&éﬁ’ﬂﬂeés‘ﬁi’ RElABRIUBOttthe t wo

channel s tq foPm SR d | hi s
ANt m S g R e R Mk B Bl

equal to y [ERisandasdeso. r%@m‘l‘hrs anelardhay gornfatly repplet i am;umtn pledeandéfmesised

bosst bl o ¢ e ebeithE o Lt 8 b8h hRH i e pehban s BP g 'Y
bits. Suchs@ré gpmll. Ph&QEREDHRY ateS rappidbhd by mdaRe oPREDR Wof § é‘érﬁﬂg'exe'ﬁet ween

the left-hand and the right-hand signal cOnponent in a subband Is
i rrel evant wagds. tIhd wad isosetactsd, ohe frame of this digital audio interface standard can

transmit exactly one information packet of the second digital signal. In the digital audio
interface 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 interface equipment to be used.

Embodiments of the invention will now be described 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 porton of a frame,

Fig. 4 gives an example of the transmission system,

Fig. 5 is a table specifying the number of information packets B in a
frame for specxﬁc values of the bit rate BR and the sample frequency F,,

Fig. 6 gives the number of frames in a padding sequence and a number of
frames thereof comprising 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 information 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 portion,

Figs. 10 and 11 illustrate the sequence in which the allocation information
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nmonophoni c signal is inportant. This applies in particular to signals in

hi gher subbands because the phase-sensitivity of the ear for the frequency
‘in these subbands is snaller. By expressing the x sanples of the nono
signal in 16 bits the waveformis quantised nore accurately, while the
room occupi ed by these sanples in the thjyd frame portion is equal to that
in the exanple illustrated in Fig. 15b. Yet another possibility is to

Gofi i t1 on'y TR tRSsccnd bme porath foliowG IRERLS emsl Apd BB 8™ i g
15b whi | st réspectiveliyt i on roomis saved in the third frame portion. \Wen at
the receiving end the
25 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 magnetic record carrier,
Fig.14 shows the ;eceiver in the form of a device for reproducing the
second digital signal from a magnetic record carrier,
Figs. 15a to 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 transmitter,
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 information 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 derived,
Fig. 25 illustrates the quantisation of the scaled samples to form q-bit
(hguﬂnqm%mnmums and
Fig. 26 illustrates the dequantisation of the q-bxt digital representauons
Fig. 1 shows diagrammatically the second digital signal as gcnerated by
the transmitter and transmitted vig 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 j arid the frame j+1, being given in Fig. la.
The frames, such as the frame j, comprise a plurality of information packets IP1, IP2,
IP3, ..., see Fig.1b.
Each information packet, such as IP3, comprises N bits by, by, b, ..., bxy, see Fig. lc.
The number of information packets in a frame depends upon
(@  the bit rate BR with which the second digital signal is transmitted via the
transmission medium, '

4
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signals included in the third frame portion as illustrated in Fig. 15c are
reproduced a stereo effect is obtained which is referred to as "intensity
"stereo”. Here, only the intensities of the |eft-channel and the

ri ght-channel signals (in the subband m can differ because of a different
value for the scale factors SF I, mand SKE211, m Fig. 15d
gives still another possibility. In this case there is only one scale

factor SFmgor bgfehysitgpak bR MO E nFormurioh askepbRTYkiAR i3S Hag 18 Situation
whi ch may . occur_in particular for Iowfrequency subbands. Yet anot her

possi bi | it ¥¢) whi Eh bemgrtbe Sarsplsvﬁrﬂqwmmﬂheﬁmée-ha@aﬁlsndsﬂg@h atﬂlt‘\le channel s |
and Il of the subband S | Flg a S sca
factors SF(®) m aﬁﬂ ngﬁ’qré} vg}de'g'flfé‘g E@aﬁl‘éla? @ dqoél Y{hlfh
inserted in the é&@péﬁusrzﬁexfef@m Qﬂircﬁ'a?c@r céﬁe%ﬁbéuﬁﬁé%h%@?%&l%né@&tt‘ﬁés
SFl,mand SF Il,mincluded in the th frame portion of a preceding frame

must be used fosecgmhmgrxtgl ugna;lh:emsangué@ mmtteh@ameaeﬂwépllowmlgl marer.

possi bilit descri dvvlthr fer F can onedlnthe
transm'ttelﬁlf:r?z”c'J”r"‘beé"arr 65%1%1? bﬂﬁhq%%ﬁl&&ﬂ% qrng er via the
transm ssion nedium Thus, frarres as described wth reference to Fig. 15
may occur alternately in the data stream It will be appreciated that, if
t he recei ver sm{ul dnyet be capable of correctly decoding these different
frames, infor 8nFabout the structure of these franmes should be included

in the systeminfornhtion.

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 a way that
the average frame rate is equal to F,,,. Hereinafter it is assumed that N=32 and
n,=384. The table in Fig.S 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 F,. It is evident that for a sample frequency F; 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 comprise 35 information packets
(when BR is 128 kbit/s). This is also illustrated in Fig. 2. Fig. 2 shows one frame. The
frame comprises P’ information packets IP1, IP2, ..., IP P’. Sometimes a frame
comprises P’ +1 information packets. -
This is achieved by assigning an additional information packet (dummy slot) to the
frames of P’ information packets. The second column of the table of Fig.6 gives the
number of frames in the padding sequence for a sample frequen;:y 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 information packets. By subtracting the
numbers in the second and the third column from each other this yields the number of
frames in the sequence comprising P’ information packets. The (P’ +1)th information
packet then need not contain any information. The (P’ +1)th information packet may

g

Fris s he 1eplacament sheet

e = D MAY 1997

Uare:



Fig. 16 shows the transmtter in nore detail. The Figure shows how t he
various itenms of information can be conbined to formthe serial data stream
‘as given in Figs. 1, 2 and 3. Fig. 16 in fact shows a nore detailed version
of the encoder 6 in the transmtter 1. The encoder conprises a central
processing unit 30, which controls a nunber of devices in the encoder. The
encoder conprises a generator 31 includé®l in the processing unit 30 for
generating the synchronising information and the systeminformation, as
descri bed wienttompfisr Bneearhpie lonly. 2roea. fenebebay tha2the oit efBRingott he

all ocation inforpation, a generator 33 (optional) for defermning the scale
factors, a“@‘éﬁsépgfwf'ft%“’f‘ag [QHEAIYEhES B1YED %Wﬁ!@gesf?frglés'f# ?{Hieé qfﬁéf @her at or
35 1s a ge@%ﬁﬁlﬁhté_?ﬂegiﬁte? %19&%9':1%0%5&&9??@@ Q%Qoﬁr?&aﬁﬂ"?ﬂﬂﬂe%ﬁ!pd‘sé}f ormation

packet IP P+ he ou Buts of these generators are coupled to associ ated
i nputs of swka ErmagoreahEDA0FPA and & Dloinnthusforder Toe fipd dtamepporian FDh whose
output is ¢ he _qul . en r. 6. The swi tching nmeans 40
are al so 08n#‘?lt‘ﬂe%é‘éﬁgéf%ﬁem‘t&prg%ugﬁsa?’%ﬁ;%%?tm@%ggﬁ%é vari ous generators are
control | edTw¢ secbind fraing @8ribh. FDZ cordindlallothgoripédraiation Tfe thit€ frame porton

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 transmitter
in the transmussion system in accordance with the inventon.

Fig.4 shows diagrammatically the transmission system comprising a
transmitter [ having an input terminal 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 comprises a
first (left channel) and a second (right channel) signal component.

It is assumed that the transmitter comprises a coder for subband coding of the wide-
band digital signal and that the receiver consequently comprises a subband decoder for
recovering the wide-band digital signal. 'I'hc;. transmitter comprises analysis filter means
3 responsive to the digital wide-band signal Si; to generate a plurality of M subband
signals Sgg; to Sgpy, 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 subbands may have different
"bandwidths. In that case the subbands may corréspond, 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 described 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 publications. These publications are therefore incorporated herewith by
reference. Such a subband coder enables a significant data reduction to be achieved, for

example a reduction from 16 bits per sample for the wide-band digital signal Sgs to for
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26 transmtter will be described for a nono signal divided into M subband
signals. These M subband signals S err] to S[err] are applied to the
termnals 45.1, 45.2,...., 45 M For exanple, blocks of 12 sanples of each
of the subband signals are taken together. In the unit 46.1 to 46.M if
present, the twelve sanples in a block arld scaled to the anplitude of the
| argest sanple in the block. The Mscale factors are applied to the unit

33 (if pres&ample/ Bits per sample imthe signgl wiicly is TRESBIRSS 40 iesiesrinersd Hiddhappl i ed

both to th ant | ser 8.1t0 A8 d. It 4904 FOr every subband
t he unit 43“3(%&‘??@@ 'J[l%gmﬁnﬁ%ﬁg%ffbﬁ}%g&k f%ﬁ\%ﬂln%gt({ Reeg§dél evant subband
signal shoufis beassuhat thefdare Hidcks of 3B simpled df ife Rivelbaad digiat El'%nzﬂ?émc't ive
quantisers 48.1 to 48.Mvia the lines 50.1 to 50.M so that these

quant i ser s SBGPlecRVIng &iragth efelq hiss. 2PV inis|akse assurmesc HabM £hd2 sCensaauenty,

the wide-band digital signal is split into 32 subband signals in the analysis filter means
3. Now 32 (blocks of) subband 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 Sz on the input 2. The means 9 now provide 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 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 quantised subband signals this unit 6 generates the second
digital signal as illustrated in Figs. 1 and 2. This second digital signal, as stated
hereinbefore, can be transmitted directly via the medium. However, preferably this
second digital signal is first adapted to be transmitted vig the transmissior medium 4 in
a signal converter (not shown). Such a signal converter comprises, for example, an 8-
to-10 converter. Such an 8-to-10 converter is described in, for example, the Applicant’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 transmission 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 portion FD1 in Fig. 2 is shown in greater detail in Fig. 3. Fig.3
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signals. Moreover this (allocation) information is applied to the unit 32.
The sanples of the quantised subband signals are applied to the unit 34
‘via the lines 51.1 to 51.M The wunits 32, 33 and 34 arrange the allocation
i nformation, the scale factors and the sanples -in the correct sequence
I.e. in the sequence as descri bed her ei dBef ore. Mreover, the processi ng
unit 30 has generated the synchronising information and the system

i nf or mat | eieadyshowaitihal theé filst tftamef partien nowlgompsises exagtly 32rbitstands dwrefore

i nformati on ored, in the units 32,- 33 and 34.shouyl d be inser . .l.n the
oo bos Ry 45RHS) 10,0 fAferHiAHGN PAGKSH AR e Bi3h N PoRAROR IRkt AP L OF M

i nf ti ; i t =t th

out put 7 TRI® THR BRI blep of Winkdifhaly potfiet REACHR\GhontdniSl ol (R (00
t he top unymchrodising wdrderiite syhchirbaisingrsignal may goaiprise e exachpiey onlip e o@ist), 30,

via the lipe 53 that the output of ihe generator 32 is coupled to the
out put 7. ﬁﬂ(ﬂfstl%e)t"aﬂl ’E?Béﬁs?'ﬁrfﬁ? %Wftpgﬁa ié‘ﬁltq"'éd%[tﬂ &@@%%&37 by the
gener at or ; 0 i | ' | » bed
M th ror ofamber BFinfo/auef GRcks e fred Tl Ael BhERLAL toneforde by, 2
t hi rd posibbthofor fthe frambeomppising P’ Sinformason padketshand for frarres edbmptising elreer at or

AR RO TGS R T EMTRE T L
to the n tﬂﬁ%ﬂ&ki{ ﬁi;avo?&’résjéﬁxhla*n tPtHe ck&fmiﬁi?\g sg%%rﬁeoﬁi%ta%lcoum ed to

t he out put generator 34 supplies t |l es 1n the various
subbands iprovidecframe fesmat informatien. tRigt Tigives an example of the arrangement and

significance of this information. Bit 24 indicates the type of frame. In the case of format

A the 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 A format comprises 8 information packets, namely the

information packets IP2 to IP9 inclusive and in the B format it comprises 4 information

packets, namely the information packets IP2 to IP5 inclusive. The bits 25 and 26

indicate 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 may be a stereo audio signal, a mono audio signal, 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 I and channel II) in the aforementioned cases.

b) the sample frequency F, of the wide-band signal.

c) the emphasis which may be applied to the wide-band digital signal in the
transmitter. The values 50 and 15 ,us’ are the time constants of the emphasis and
CCITT I. 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 A format the second frime portion contains eight

information packets. This is because it is assumed that the wide-band digital signal Sgp

is converted into 32 subband signals (for every signal portion of the digital signal Sga).
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output 7. In this cycle exactly one frane 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 bl ock of 12 sanples for each subband is
encoded and a subsequent frame can be generated on the output 7. In sone
cases, for exanple if the sanple frequen@i Flerr] is 44.1 kHz, see Fig. 5,
an addi tional_,information

27 packef i ARESANOrdhaxing & leasth of foys bits,israsggned getyery sHbbAng- R’i%e t he
sw tch w Ij(ietae asglal .ofs@%ﬂh%%om%rké RAVikg) aEHigh of BbigRaeH, At 3 be coupl ed

to the bottom position.
accommodated exactly in eight information packets.

In the B format the second frame portion accommodates the allocation informaton for
~only half the number of subbands, so that now the second frame portion comprises only
4 information packets. Fig. 9 illustrates the significance of the four-bit allocation words
AW,
An allocation word associated with a specific subband specifies the number of bits by
which the samples of the subband signal in the relevant subband are represented 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. Moreover, 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 example, 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 reserhblance to
the sync word in the first information packet IP1. Fig.10 indicates the sequence, in the
case that the frame mode is A, in which the allocation words AW, j,m associated with
the two channels j, where j=I or II, and the 32 subbands of the sequence number m, m
ranging from 1 to 32, are arranged in the second frame portion. The allocation word
AWI, 1 belonging to the first subband signal component of the first and lowest subband
(channel I, subband l} is inserted first. After this the allocation word AWII, 1 belonging
to-the second subband-signal component of the first and lowest subband (channel II,
subband 1) is inserted in the second frame portion FD2. Subsequently, the allocation
word AWI,2 belonging to the first subband-signal component of the second and lowest:
but one subband (channel I, subband 2) is inserted in the frame portion FD2. This is
followed by the allocation word AW II,2 belonging to the secoad subband-signal
component of the second subband (channel II, subband 2). This continues until the
allocation word AW 11,4 belonging to the second subband-signal component of the -'
fourth subband (channel II, subband 4) is inserted in the second frame portion FD2. The
second information packet IP2 (slot 2) of the frame, which is the first information
packet in the frame portion FD2 of the frame, is then filled exactly. Subsequently, the

information packet IP3 (slot 3) is filled with AW L,5; AW IL,5; ... AW IL,8.
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out put 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 transmtter is to be corrgcted for errors caused during
transm ssion of the signal, a specific channel coding should be applied to
the second #igkdthucl Ml sedubrdlllithired ih Fif. [RGHE! BmkefhiyTBAM Bledndiba
second digital signal pri orseqt transm ssion of the second ‘si gnal . a
digital si gof{h of shet insemtediatibemtioni veort W, j margi Bk indicates diausequence ¢or @ﬁgnal
may not be d ectlxﬁjgentlflabl a.g t he ﬁecond signal but which has been
deri ved the ihe R¥ 9ta PYOMRALIBME that, for exanple in the
case that thg mybbanmsy hacaisH vaRIsQﬂtmé’\’stﬂ:‘bE&s t helquehetered. TR RLesmcEor the
various subbands inserted in one third frame portion may differ and are
likely to diasfieilustrated in Figs d0nedrespands dx Hieplequench an whichi ¢ sqparaty smpleshr ee

Cppor subbartoups 7 F st L ARER SRR ey R P oy RSBt ftent i)

which is, fQecepual ®e rédaivee as |large as that of the other two subbands.
This neans that the nunber of sanples jnserted in the third franme portion

for the subiny ’-UStB’[@Wﬁmerdsmaﬁf%eft%‘%Je ef8inpfietge as for each of the other
subbands. TheeSeGAGEHm WMl &P@xéﬁgé"oﬁﬁen aiﬂ%hfogrrﬂt?wtlﬁ%e%

reconstruction filter 1n the receiver n be: the first sanple of
SBlerr], fhdormat.sin thargseiventheSBpeatiop, mﬁomatﬁarr igteaglafiping iothegBimpiayed fohe

second correctly 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 alternately,
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 contain 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 required to derive the samples for
the channels I or II 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 I and O 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 format frame 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 A format .
frames and B format frames is that for some subbands the allocation information in the
present case the allocation information for the higher subbands 17 to 32, does not
change rapidly. Since during quantisation knows the allocation information for the
various 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 information for the
subbands 17 to 32 inclusive does not change (significantly). Moreover, this illustrates
that now additional space becomes available for the inclusion of samples in the third
frame portion FD3. For a specific value of P the third frame portion of a B format
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sanple of SB[err], the second sanple of SB[err], the third sanple of
SB[err], the second sanple of SB[err], the fourth sanple of SB[err],....
‘et c. The sequence in which the allocation information for these subbands
is then inserted in the second franme portion is now first the allocation
word for SB[err], then the allocation worggof SB[err], subsequently the
allocation word for SB[err]. The sane applies to the scale factors.

Mor eover, the. I eceiplinrRalli padets IohEEP thilethe Yk HhO bOriBR ok 88 Al fofdhad N thi s
case the cycl 8%onprises groups of- four sanpl es each, each group -
e

conprising on iohsequéntigBLhas erjables the nuaher of bits BBwhich the samples im thel lewest
ure 17

S[err] and subsequent!y, anot her lLe.of SBlerr]. Fi
shows anot hersuQQaﬂgscmPr XGWWW?E??B bﬁ”é rSPi“}ﬂﬁ fg[ﬁugse'&bxgl?aﬂd% ﬁglg:h rst
frame portion%ggais SicRungy exbé hohieved IMbfeoddtdiflih Rriediifed 16 Quirkisp Madewdro one
i nformati on packet. The first 16 bits again constitute the synchronising

signal (or symbiandnMAWIACEHARLT B ransmeitten e ematiealiyowt fsriae aenpraighohBbe t he
same as the Synehbames fiOMap e uRfar idCexbbdss of teABurlly e Wikchlind Bighk0 3

The informati
subbands are quantised.

The third frame portion FD3 in Fig. 2 contains the samples of the

quantised subband-signal components 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 example twelve samples are inserted in the third frame portion FD3
for each of the 32 subbands and 2 channels. 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 amplitude.
In that case a scale factor should be transmitted for every subband and every channel in
order to enable 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 components in the various subbands.

| In the present example, 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 information {s 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 samples in the r_ecdvet, as will become apparent hereinafter.
A scale factor SF j,m can thus represent the value by which the samples of the signal in
the j-th channel of the m-th subband have been multiplied. Conversely; 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.
For the frame format A the maximum number of scale factors is 64. If the
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28 accomodated in bits 16 through 31 differs fromthe information in bis
16 through 31 in Fig. 3. The bits b[err] through b[err] represent the bit

‘rate index (BR index). The bit rate index is a 4-bit nunmber whose neani ng

is illustrated in the Table in Fig. 18. If the bit rate index is equal to
the 4-bit digital nunber '0000' this denqges the free-format condition,

whi ch neans that the bit rate is not specified and that the decoder has to

depend upon ;hB& sy MoRd AR S %'f r&ﬁ%&:ﬂﬁ: endisﬁg{c gx%bn O rfage@atm@ new

franme. The 4-bit di gltal of e not te
di sturb t he 006Q;nelcto mesmt uhm:nfomchhdmdams subbanxuexompred mobmam uf thlehe
nted as a deci nal

Cort espondi NGTEGIHE A0 it Aligiot B sl  ISHER aorE dmdhraioh S preRney
val ues are th/ﬁﬂs kdbb@ri& UM ahmber of scale factors is theéh fhdlSr a{ﬁna&ld T8d sécﬁ:@ﬁ&stﬂ”t

the sanple frequency Flerr], see Fig. 18 Fig. 18 shows the
four possi biich the scal Ectoas SFymbaresinsasiedtindhenthird fismee pertion 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:
SFIL, SF1I,L; SF [,2; SF 10,2; SF L,3; SF 11,3;....
SF 1,32, SF I1,32.
If it is not necessary to insert a scale factor the sequence will not be complete. the
sequence may then be for example:
...SF L 4; SF L,5; SF 11,5; SF 00,6;....
In this case the scale factors for the fourth subband of channel II and the sixth subband
of channel I are not inserted. If the frame is a B format frame it may stll be considered
to insert scale factors in the third frame portion for all the subbands and all the
channels. However, this is not necassarily 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. S ubsequently 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 portion 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 representation of the samples is arbitrary, the binary word comprising
only "ones" preferably not being used again.

The second digital signal generated by the transmitter | is subsequently
applied to a transmission medium 4 vig the output 7, and by means of the transmission
medium 4 this signal is transferred to the receiver 5.

This is the replacement sheet




b[err] and the associated sanple frequency. Bit 22 indicates whether the
frame conprises a dummy slot, in which case b[err] ="'1", or does not
tonprise a dummy slot, in which case b[err] ="'0". The information in the
bits b[err] through b[err] makes it possible to determ ne how many

I nformati on packets are actually present 20 the frane. This neans again
that the first frame portion contains information related to the nunber of

i nf ormat i on eckatmissiont i ter wanemiséion medism UNAAYIbe Miifless SrakdhissivnTaeen Of

sanpl es of the wi de- and si %agl whose correspondi ng'l i nformation beél ongi ng
to the secorss faf Sfaf’me%l%ﬁ gmissien phasnel: E@werero gther ﬁamussm mpdia greesent

exanpl e n, how man tion packets
B are prese S%'BP%S%IWE P? é/&neangu&r%%gs qQn,may, be g vi Sg’eg?ﬁxﬁ@g v the
paddi ng bit Mueﬂrﬂbrami' dipfmearf @tdFd|carriers, sucll & Chbmpact-Dibelikd fedih€6rd 1S

I nt ended for speme a future extension of the system This future

1ssiofl by ‘means of magnetic record carriers utilising RDAT or SDAT-like

transm
recording and reproducing technologies, 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 decodes the signal encoded in
the coder 6 of the transmitter 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 receiver 5 in Fig. 4. The
coded signal (the second digital signal) is applied to a unit 11 via the terminal 10.

The essental information in the incoming signal is contained in the scale factors and the
samples. The remainder of the information in the second digital signal is merely
required for 2 "correct bookkeeping”, to allow a correct decoding. The decoding
process is repeated for every incoming frame. The transmitter first derives the
synchronising and system information from fhe 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, 2
length of one information packet is opened after each time P’ information 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 window remains opex{ for the
duration of another information 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 ho'w 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 2 memory 18a of the processing
unit 18. The information relating to the number of information packets in a frame can

A .,“3
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be described hereinafter. For the time being this bit is
assumed to be "0'. The content of the first frame portion, as regards the
bits b[err] through b[err], will be described with reference to Figs. 19

and 20. The bits b24 and b25 give the node indication for the audio signal.

For the four possibilities of this tmo-biigdigitﬁl nunbeé_Fig: 20|S?08€ y,
s as ereo audi o signa

29 whether the w de-band digital signal t t (

[ an intensi stereo
Zug})gosiséﬁg < 3Péké‘§l“) ﬁhﬁa B I uacl control- sxgnas line 26 to open the dme wmdoex/' at the
correct instants for sync-word detection. When the system informationis received the

extension wll

switch 15 is changed over to the lower position. The allocation information 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 detected
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 relevant
information contained in the system information the processing unit 18 will store the
received allocation words at the correct location in the allocation memory 18b.

It is obvious that in the present 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 synthesis filter means via the input 10,
which is coupled to the input of said filter means vig 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 to reconstruct the wide-band
signal. The allocation information stored in the memory 18b is required in order to
divide the seridl data stream of samples into individual 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
comprises a deemphasis unit 23 which subjects the reconstructed 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 portion should be applied from the memory 18a to the
deemphasis unit 23 vig 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 influence of a control signal applied by the processing unit 18
vig the line 13. The scale factors can now be applied to the memory 12. Under the
influence of address signals applied to the memory 12 by the processing unit 18 vig the
line 14 the scale factors are stored 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-
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mentioned case the bits 26 and 27 indicate which subbands have been
processed in accordance with the intensity stereo nethod. Figure 20

I ndi cates for the respective two- bit nunbers "00', '01', '10', and
"11'that the subbands 5-32, 9-32, 13-32 and 17-32 have been processed in

accordance with the intensity stereo nethed. As stated hereinbefore
Intensity stereo can be applied to the higher subbands because t he ear

S
I h : it b
can be. sed et rkHE i REekIF (hd SRURRAE R 18 IGHREP g MBRCE sgh P PLOTT
i nf or mat i onmiegonb P that ouleahcestamnﬁctoamimltw mbbmﬂs be réomeﬂerviﬁr&nbjyt rhb[ err]

can indicate_that, the matronr I nformaron (b[er]r ="'1"),
for exanpl e’ a.%. @ﬁgrséﬂs‘@ B §é‘g§eﬂ e yaﬁlfssmﬁlh L]j GRARSSHOVEDIP WRi ch has

been copi edst(oh{ne(nbderfpos%&l un-EQxemQ'Lﬁﬁuéﬂ[:@Bf lheadaﬂu!?rbﬁérr '_é/ hﬁe 13,
enphasi s whi ch may have been applied to the w de- signal~T1nt
transmitt erso Gathe sampjes fre 3@9@@# tophe orulgplieh [7eUedertbe Lrtfbxeﬁcregot tﬁe

Her ei nafter tiaon of S ortlon 2 will be
descri bed f%u%qga#gﬁéd node ria cﬂ’[p?“S‘ﬁéo E“é @E‘B{H‘Fg@ﬁ% dfeh[émm shfb[ err]
t hrough b[ emntiplier fidweddrives thefihdiniiupiosainpi3. of ABREdTrdch 81t 38N thrin’ @ERpOr ti ON

catjon words whose neaning has been descri bed with

Cefor ence (BAHEAM alis‘f viattae Spel @oSyhserienty che }ammif-*e;rre]mumol@d srAs the

ot e et g i g L R L P,
transmitter. If the scale factors stored in the memory 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 multiplier
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 stored
directly in the memory 12 and they can be applied directly to the multiplier 17. It is
evident that no memory is required to store all these samples before the signal
processing performed upon the samples contzined in the frame begins. At the instant at
which a sample arrives via the line 16 all the information required 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.
A further description of the receiver is not necessary because such receivers are
generally known, see for example the publication "Low bit rate coding of high-quality
audio signals. An introduction to the MASCAM system” by G. Theile et al in EBU
Technical Review, no. 230, August 1988. Moreover, it will be evident that if the

system information is also transmitted the receiver can be highly flexible and can
This is the replacement sheet
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reference to Fig. 10. In the stereo node 'Il' in Fig. 10 then represents,
for exanple, the left-channel conponent and 'Il' the right channel
‘conponent. For the bilingual node 'I' denotes one | anguage and 'Il' denotes
t he ot her | anguage. For the nono node (b[err], b[err]= 11) the | ength of
the second franme portion FD2 is. of coursgqonly 4 information packets
(slots). Fig. 21 illustrates the sequence of the aIIocation words for the

o Sl i A RS el

t hrough 5. every -q represents a tour-

whi ch specifsyﬂemtmfermmﬂner of bItS I n every sanpl e i.n the -subband of the
t er eo .node

sequence nunber i, ing from1 t Qﬁé}é the intensit
(b[err], b[err] = 01) grSéO\&%@amﬁvmﬁ X5t F'H”Fése"ﬁbﬂ%m?a‘c%f {FASEURRT, of
the bits b26ymendi?fkesai fEhﬂon?mM aa@&efopﬁ&ssdmglm&w&rsaawim n A

different content of the secon rame portion FD2 Fi gs.
to 22d il | usignaken tegedood cardes, fie therpresenintass & snaghetichrecasé camier £9.4Fne porti on.

[ the St Ghodel 8 BhgHel e 213 dgiBl Sgndl% 2 WS AP RAG 37l BYANARES 1

t hrough 4 are
head 26 by means of which the signal 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 that the signal supplied by the unit 6 may be first be encoded in
a signal converter. This encoding may again be an $-to-10 conversion followed by an
interleaving process, as described with reference to Fig. 4. If the encoded information is
- recorded on the record carrier in a plurality of adjacent parallel track, this signal
converter should also be capable of assigning the encoded information to the various
: Fig. 14 shows diagrammaticaily an embodiment of the receiver S, which
in the present case takes the form of a read device for reading the record carrier 25 on
which the wide-band digital signal has been recorded in the form of the second digital
signal by means of the device shown in Fig.13. The second digital 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 constructed to carry out an RDAT-like or an SDAT-like reproducing method.
Both methods are again described comprehensively in the aforementioned book by
Watkinson. If the signal supplied by the unit 6 in the recording device shown in Fig. 13
has been converted, for example in an 8-to-10 conversion and in an interleaving step,

the encoded signal read from the record carrier 25 should first be de-interleaved and
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30 normal stereo signals and the signals in the subbands 5 through 32 are
Intensity-stereo signals. This neans that for the subbands 1 through 4 for
the left-hand and right-hand channel conponents in these subbands the
associ ated al | ocation words should be stored in the second franme portion.
In Fig. 22a this is represented by the cggsecutive al l ocation words AW (1,
1); AW(R 1); AW(1, 2); AW(R 2); ..."AW(R 4), stored in the slot 2

f the f i e, the first slot of th d. tion. Fig. 22
only g1 ves. tHeblE B ahtiEed foloy S Sonfersio; NPTV ihioe decderd seRI G ro L
or R and i ndiegqlddmd 2 fleraliff &r faranel u&dk@luiéﬁﬁpfohgaﬁdg BRDchdwhARRE. @OMBORENT

respectively, and j ranging from1 through 4 an representing the sequence
number of t HeTasgmHbgArformasiontread fxom Biasel Sraekstin tepueregpseghence before fysther and t he

right-hand ents contain the sane series of sanples. The only
di fference ﬁg@%ﬁ%@ g%?lg%'scal e factors for the |left-hand and the

right-hand channel cHigpthshows ai nuntbes obbtiedpossibilisenofeintdriing the aalafastobpand
requires Onla%d %]eesamples 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 (T or II) are inserted 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 II,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 a length of y bits, In the
above example x is 12 and y is now taken to be 8. Fig.15¢c shows anather format. The
two scale factors for the first and the second channel in the subband are stll present in
the third frame portion. However, instead of the x samples for both channels (the left
and right channels for a stereo signal) in the subband 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 obtained in this subband m. The x samples
in Fig. 15c each have a length 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 processing 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 .
monophonic signal is important. This applies in particular to signals in higher subbands
because the phase-sensitivity of the ear for the frequency in these subbands 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 possibility is to represent the samples in Fig.15 by for example 12 bits. The

signal definition is then more accurate than in the example illustrated in Fig. 15b whilst
in addition room is saved in the third frame portion. When at the receiving end the

x ” ; " -4
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al l ocation word. The allocation words AW (i, j) for these subbands 5
through 32 are indicated by the indices Mj, where i is consequently equal
to Mfor all the subbands and where j ranges from5 through 32.
Fig. 22a shows that 4 1/2 information packets are required for inserting
the 36 allocation words in the second frad® portion. If the switch bits
b[err], b[err] are '01' the signhals in the subbands 1 through 8 wll be
nor mal st er esigmisgimelugedinthiehitird framalpertian ashilustrabddoinddig.95¢ hreareptodé@dva | | be
intensity-stereo siqgnals. This nmeans_ that fof. each of th%gsubb@nc‘i%nl
Lhr ough B PSP FEECH Ghiaine adhighAf Fefefrsd i as ARSI Siered TR PH Bt hat
for each of : . : At dee L S
ihRAsiEEPEARE Se R chAhaUAR HPriPH chaB siEnbi0 TRl he QubbBhd!m) (il i e

required. This 1nplies at In tot catiron s are n
i ncl uded i n Hecaume iofifacdiffetenpvalyeafok etessciiel fattods, SK I,en arldPSF hmough | P6, of the

frame. This is illustrat in Fi 22b. In this case the second frane
portion FD2 has a |en fﬂﬁelgfl gi“f“f?é&‘i1 ﬁ?‘?)‘g?femsﬂh‘lﬁ%éké@é R BEE S °‘%Y one scale
If the swit q%a?:lbt' 5B mbof bbih: sigal Edmhponefts 'id Ghe dubBandi @NThS id B sttiion WHian &gy 1

through 12 w be nor mal ’s ereo signals and the signals in the subbands 13
t hrough 32 wickur inepartieudarsfor Jovefrequencys supbands. Yot gnotxx pogdibility, whichsis matt ur e

Subbands. - THEO¥be b B 8 shptfel AR o e BPEERY S w3 e Pon

packets (sl alosgotihBveisi6diated scuts ABORSISE ¢, mbhd SPAI al.| Cunséquemly, these scale
factors are not inserted in the same third frame portion. In this case the scale factors
SF I,m and SF 0O,m included in the third frame portion of a preceding frame must be
used for scaling up the samples in the receiver.
All the possibilities described with reference to Fig.15 can be employed in the
transmitter in order to achieve a most efficient data transfer vig 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 capable of
correctly decoding these different frames, information 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 given in

Figs.1, 2 and 3. Fig. 16 in fact shows a more detailed 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 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 defining the samples for a frame. The
generator 35 is a generator which is capable of generating the additional information
packet I[P 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 controlled by the processing unit 30. The
various generators are controlled vig the lines 41.1 to 41.4. The operation of the
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words. If the switch bits b26, b27 are '11' the signals in the subbands 1
through 16 will be normal stereo signals 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
31 frame portion, which then has a | enggéh of 6 informati on packets
(slots), see Fig. 22d. What has been stated above about the

scal e fact or Sran§mittes ¥ill 8¢ dékchBddCfor a\HhO signal divided ime M sibbindisigmild. Atate on

word 0000 has been assigned neither to any of the . sybbapds nor._tqg any of
t he channel s M Gﬂb@é‘éls’énﬁa&wlt%sm are apglied g’dhbéﬁrﬁm@r“r he‘gsiér-e&il&-

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 sample in the block. The M scale factors are applied to the unit
33 (if present) via the lines 47.1 to 47.M. The subband 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 relevant subband signal should be quantised. This
information is applied to the respective quantisers 48.1 to 48.M via the lines 50.1 to
50.M, so that these quantisers correctly quantise the 12 samples of each of the subband
signals. Moreover this (allocation) information is applied to the unit 32. The samples of
the quantised subband signals are applied to the unit 34 vig the lines 51.1 to 51.M. The
units 32, 33 and 34 arrange the allocation information, the scale factors and the samples
in the correct sequence i.e. 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 synchronising and system information for a frame is supplied by the
generator 31 and fed to the output 7. Subsequently, 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 output 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 information 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 generator 33 is coupled to the output 7. The generator 33 now supplies the
scale factors in the correct sequence 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 supplies the samples in the'vaﬁous subbands in the correct 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

bl S R S Py y P
P I8 e repiccemoent sheet

~ 8 Mrv oy

% ety o
Liais:



node and for
I ntensity-st

ri ght-hand channel in this subband, see Fig. 15c. It is

obvi ous t hat

32, again assumng that the allocation wor

any of the

the intensity-stereo nodes. This is because in all the

ereo nodes every nono subband shoul d have two scale factors to
ehable intensity-stereo to be realised for the |l eft-hand and the

in the nono node the nunber Q scale factors is halved, i
0000 has not been assigned t

(0]

. €.

f’#gt\?vf" I ceh)x(%rng slat., see Elg, Oe\fm@t ;gi[ & ﬂg&%{({%ﬂ?{g%ﬁ@? ﬁ‘ﬁ”?% tse.scal e

factors w |

having the | &ogedk pabisoh i &/hichl meoer&mtdeﬁeﬁmduptédftonheem@n mxmnﬁhes of a
subband channel Fig. 24a shows this mgrx gtﬁl sanpl e [err]
The first bi CUPHeRS Grseraratechf is aow reupledyto e CuRHE7i Yowghe geremieed] ¢

oo s ooy eREnRROt LBtk Bh Al i fabce: TP SATRIGS, BIBpE&PRACBUGR 7.7

two's conpl effent notati on rises 'k "zero
1". The val uadteothis the setitakrd0hs tesem) thdnmprbsmon tdisgrt Gk nnxrmyete érne obrdbus

| d ' Q' '
mil £ pl i e byisel e b Eepvgd b FRRNL ISR Py o ¥ <Bpe yiithuing

conpared W t Ba@nfishnt & thBuiEREr a@}!&&ﬁé EhAdetadod
and a digital nunber DV[err°] equa to 0110011

0000000000000000. I f [err]

[err] a specfigital sgmbtlaraddisionsitiskegniredto modulate the second digital signal prior to

transmission of the second signal. Thus, a digital signal is transmitted via the
transmission medium, which signal may not be directly identifiable as the second signal
but which has been derived therefrom. Further, it is to be noted that, for example in the
case that the subbands have different widths, the number of samples for the various
subbands 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 subband SB,,
a central subband SB, and a upper subband SB;. The upper subband SBy will have a
bandwidth 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 SB,, the second sample of SB,, the third sample of SB;, the second sample of
SB,, the fourth sample of SB,,.... etc. The sequence in which the allocation information
for these subbands is then inserted in the second frame portion is now: first the
allocation word for SB,, then the allocation word of SB;, 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 SB,, one sample of SB;, one
sample of SB, and subsequently another sample of SB,.

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 constitute the synchronising signal (or
synchronisation word). ’fhe synchronisation word may again be the same as the
synchronisation word of the first frame portion FD1 in Fig. 3. The information
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be 2. If [err] then p is taken to be 1. If [err] DVierr], then
p=0. The nunber k is limted to 0 < k < 20. The scale factor is now

determ ned by the nunbers k and p in accordance with the follow ng
f ormul a. SF = 3k + p. Consequent |y, the maxi mum

value for SF is 62. This means that the scale factors can be represented by
6-bit nunbers, the six-bit nunber 111111 28whi ch corresponds to t he deci nal
nunber 63) not being used. In fact, the 6-bit binary nunbers are not the
scal e fact odczolmmiodated)in dite 16thduph |3muﬁﬂfyrscfm‘m theedinfdatration s bluplévlthrbugkhél
actual scale factors, as will be set forth below. All @{12 sa s S are
now mul ti pl IeBi8hy- A0aGHBEY HHPESR Py FERFRSERANE SILTRE H4FR l‘p‘."“el'he

12 sanmples plyex 8L R-gR A Wibse 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 beginning of a new frame.
The 4-bit digital number '1111’ is not employed in order not to disturb the
synchronisation word detection. In the second column of the Table in Fig. 18 the bit
rate index is represented as a decimal 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 frequency F,, see Fig. 18.

Fig. 18 shows the four possible 2-bit digital numbers for the bits b20 and
651 and the associated sample frequency. Bit 22 indicates whether the frame comprises
a dummy slot, in which case b22 = '], or does not comprise a dummy slot, in which
case b?_2 = '(’. The information in the bits b16 through b22 makes it possible to
determine how many information packets 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 n, is known, which is the number of samples of
-the wide-band signal whose corresponding information belonging to the second digital
signal is accommodated in one frame, in the present example n, = 384, it is possible to
determine how many information 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

The bit b23 is intended for specifying a future extension of the system. This future.
extension will be described hereinafter. For the time being this bit is assumed to be '0’.
The content of the first frame portion, as regards the bits b2 4 through b4, will be
described with reference to Figs. 19 and 20. The bits b,, and b25 give the mode
indication for the audio signal.
For the four possibilities of this two-bit digital number Fig. 20 shows
This i3 he resiavament sheel
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32 as follows. S = Sx2[err]xg(p) where the nunber g(p) has the foll ow ng
relation with p: [err] The paraneter k specifies the nunber of 6 dB

steps and the factors (g(1l) and g(2) are the closest approxinmations to
steps of 2 dB. The sanples S thus scaled are now quanti sed to enable them

to be represented by g-bit digital nunberé in two's conplenment notation. In
Fig. 25 this is illustrated for g = 3. ThE scal ed sanpl es s’

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 processed in
accordance with the intensity stereo method. Figure 20 indicates for the respective two-
bit numbers "00’, '01’, '10’, and '11'that the subbands 5-32, 9-32, 13-32 and 17-32
have been processed in accordance with the intensity stereo 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 ']’ this means that the information is copy-protected and
should/cannot be copied. The bit b29 can indicate that the information is original
informauon (b29 = '1"), for example in the case of the prerecorded tapes, or
information which has been copied (b29 = "0"). The bits b30 and b31 specify the
emphasis which may have been applied to the wide-band signal in the transmitter, 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 b,, 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
(b24, b25 = 00) and the bilingual mode (b2 4 b25 = 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 'II’ in Fig. 10 then represents, for example,
the left-channel component and "I’ the right channel component. For the bilingual mode
"I’ denotes one language and 'TI" denotes the other language. For the mono mode (b2 4
bys = 11) the length of the second frame portion FD? is of course only 4 information-
packets (slots). Fig. 21 illustrates the sequence of the allocation words for the various -
subb;'mds 1 through 32 in the four information packets (slots) 2 through 5. Thus, every
quantity M-i represents a four-bit allocation word which specifiés the number of bits in
every sample in the subband of the sequence number i, i ranging from 1 to 32. In the
intensity stereo mode (b2 4 b25 = (1) there are four possibilities indicated by means of
the bits byg and by, see Fig. 20. All these possibilities result in a different content of
the second frame portion FD2.

Figs. 22a to 22d illustrate the four different contents of the second frame
portion. If the switch bits bs4, by are *00” the signals in the subbands | through 4 are
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have val ues between + 1 and -1, see Fig. 25a. In the quantiser these
sanpl es nust be represented by q bits, g corresponding to the allocation
val ue for the rel evant subband (channel) Since, as stated above, the g-bit
di gital nunber conprising only "ones' is not used to represent a sanple the
total interval from-1 to + 1 should be dgvided over 2[err] smaller
Intervals. For this purpose the scaled sanples S are transfornmed into the

sanpl es S" In@naﬂcsaérd@&gﬁalwawukhegnmrM@squm@ S(throdgRr3e]aye Blagin)-stereo
The sarrpl es S" are subsequently truncatéd at bits, see Fig. 25c. Since

the '111' r SignaSehhistmesns that fastthe sybbprdsi lbﬂléowghé* b gfie Brt*‘s‘nﬁﬁ@d ngidierdd, see
Fi 25d. T th
third f ranerbﬁé‘ﬂfﬂ S iigndd YRS g Bl thd'adshllared %ﬁéﬁ“pf?@ﬁ&séﬂa%?’gﬁ“’%%np| y
With -0.71 4fte @cd Buee Ipeﬂiroﬁsmlgd')la/thﬁhe rergienat byunbounsaQALS alEaien

proceeds sim|l for Ies S l.ar ues o] sa | es whi ch
conply with Wf?& XV§‘ ll’ ’} Al Whidh (a2l “g‘gpﬁegént eé"}g;a&t He S ‘611 inghe Hohber
"110". Conseqsedt Irdmet DE. @k Firltlot e rﬂﬁéefeconjdléamé goﬁ% F$ed2a only gives the
Dequanti sation at the receiving side is effected in a manner inverse to the

quant i zat i orindigest(hd of rtimsﬁncamnowotsis,dlebw@equm w.L 26 R aridi indigasngghe h%atnahdr st
et o, S Sl A B B TR B b Y BB el 21k L1
representing the sequence number of the subband. 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. Consequently, such a subband requires only one
allocation word. The allocation words AW (i, j) for these subbands 5 through 32 are
indicated by the indices M-j, where i is consequently equal to M for all the subbands
and where } ranges from 5 through 32.

Fig. 22a shows that 4 1/2 informaton packets are required for inserting
the 36 allocation words in the second frame portion. If the switch bits bogr Dqq are or
the signals in the subbands | 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 allocaton word AWM, j) is
required. This implies that in total 40 allocation words are needed, included in five
information packets (slots), i.e. IP2 through IP6, 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 b26' b, are *10’ the signals in the subbands | through .
12 will be normal stereo signals and the signals in the subbands’13 through 32 will be
intensity-stereo signals. Fig. 22c 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 by, by are '11° the signals in the subbands 1 through 16 will
be normal stereo signals 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
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Subsequently the sanples S' are derived fromthe transformed sanples S" by

means of the forrmula J[err]
33 The values S thus obtained are now situated exactly within the

original intervals in Fig. 25a. At the receiving side the sanples S are
subsequently scaled to the original arrprtudes by neans of the transmtted
information k, p which is related to the Scale

frame portion; which then has a .length of 6 information packets (slots), see Fig. 22d.

What has been stated above about the scale factors is also valid here.
When it is assumed that an allocation 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-stereo
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
determined for every 12 samples of a subband channel.

Fig. 24a shows this maximal sample | Spax | - The first bit, designated
SGN, is the sign bit and is '0’ because it relates to the absolute value of S max" The
samples are represented in two’s complement notation. 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 ’I°.

| Spay | is now multiplied by Zk, see Fig. 24b. Subsequently
1 Spax | 2Kis compared with a digital number DV, equal to
010100001 100000000C00000 and a digital number DV, equal to
011001100000000000000000. If | S ax | 2X< DV, a specific constant p is taken to
be2. DV, < |S_. | .2 <DV, thenpistakentobe L. If | S, | 22
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 i3 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 relationship 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
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‘factors. Thus, at the receiving side a nunber g'(p) conplies with: [err]

Scaling to the original anplitudes is now effected using the foll ow ng

.formula: [err] In the two possible versions of a frane as

described with reference to Figures 2 and 3 and Figures 2, 17 and 19
respectively the third frame portion may not be filled entirely with

information. This will occur nore often 3hd sooner as the algorithnms for
subband coding, i.e. the entire process of dividing the signal into subband
si gnal s ands fdikmsubsequent guanti zation of the sanples in the various
subbands, are | roved In particular, this will enable the information to
be transm PtBP % smaller nunber of bits (average nunber per sanple).
The unused of f ti.on en be utilized for
transmtti Hg&; | tnfxér{l‘])‘eaf &{HA hg??rt{a gnﬂegﬁgﬁwgip. frame portion FD1 in Fig.

17 al | owang@)has fme@n-rmde for th| s by nmeans of the "future-use" bit

b[err]. Normally t t igs Y- be apparent fromFig. 18.
(el Ly, SBs-Bly-dos 95, a8 Wibd be apg

o) = 1+2‘1+2‘4+2'5+2'3+2 9-}-2‘10+2 13+2'15+2 16,717
271942720 ¢ P =2.

The parameter k specifies the number of 6 dB steps and the factors (g(1) and g(2) are
the closest approximations to steps of 2 dB. The samples S’ thus scaled are now
quantised to enable them to be represented by g-bit digital numbers in two’s
complement 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 allocation value for the relevant subband
(channel). Since, as stated above, the g-bit digital number comprising only ’ones’ is not
used to represent a sample the total interval from -1 to +1 should be divided over 241
smaller intervals. For this purpose the scaled samples S’ are transformed into the
samples S’* in accordance with the formula $*' = §’(1-2°%-279,

The samples S’ are subsequently truncated at q bits, see Fig. 25¢. Since
the "111° repre.sentation is not permissible the sign bits are inverted, see Fig. 25d. The
q(=3)-bit numbers given in Fig. 25d are now inserted in the third frame portion FD3,
see Fig. 2. |

Samples §’ which comply with -0.71 <8’ <-0.14 are represented by the
digital number *001’. This proceeds similarly for samples S’ of larger values up to
samples which comply with 0.71 < §’<1 and which are represented by the digital
number "110’. Consequently, the digital number '111’ is not used.

Dequantisation at the receiving side is effected in a manner inverse to the
quantization at the transmission side, see Fig. 26. This means that first the sign bits of
the q-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 =("+29 1 294+ 220 4+ 2739 L 34 4 ) see Figs. 26 and 264.
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| f an additional signal has been inserted in the third frame portion FD3 of
a frame, the future-use bit b23 in the first franme portion FDl, see Fig.
17, will be "1'. During reading of the first frame portion FDl1 this nakes
it possible for the receiver to detect the frane contai ns additional

I nformati on. The allocation information ang,the scale factors, see Fig. 23,
informthe receiver that only the part of e third franme portion FD3,

mar ked FD4 i n.fi , contai.ns quantised sanpl.es. .af the subba i ls.
The remmi nder ﬁ%gar‘lkécsis I'—‘&s ?lﬁa"ﬂ?"g&e é’gw %%‘W"@&ﬁ cgyn?ﬁy%@eaoﬁuﬁjﬁ?éﬁrgﬁvasqp%lg'
information. Tfwe Atithstechiving side thé samplensearB Qubseqientiipacascoltie ogpatied ' EXT
| NFO or extension informatiagon. These bits indicate the type of additional

i nfor mat i on. ¥ABLYERS &Y Beags of greoransmitisd ipfymation k,qr which ipFedated 10 Wa&eals onal
di h | | . : 1 SSh d st h | .
Aot her posst Beiory THES R e tkivhi 3ide AR GF oSinpifs JAERTE OO 20, SN

real i se 'surrpipd=sbfordg =tbget her with the audi o subband signals in the
i nformation required for

frame portion FD4. l-p thag case the _front-rear
surround soun%l(i%gy Joe’TErcl E‘fdz?i T t ¥ B fake portion FD5. In the part marked

FD6 the g@=2"+23+28 4 2% frp = 2.
Scaling to the original amplitudes is now effected using the following formula:
s =s5.2¥%g.

In the two possible versions of a frame as described with reference to
Figures 2 and 3 and Figures 2, 17 and 19 respectively the third frame portion may not
be filled entirely with information. This will occur more often and sooner as the
algorithms for subband coding, 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 additional 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 bys 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 information 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 samples of the subband
signals. The remainder, marked FDS5 in Fig. 23, now contains the additional
information. The first bits in this frame portion FD5 are designated 'EXT INFO’ or
extension information. These bits indicate the type of additional information. The
additional information may be, for example, an additional audio channel, for example
for the transmission of a second stereo channel. Another possibility is to use these two
additional audio channels to realise 'surround sound’ together with the audio subband
signals in the frame portion FD4. In that case the front-rear information required for
surround sound may be included in the frame portion FDS. In the part marked FD6 the
Thie is tha replacement sheet
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34 frame portion FD5 may again contain allocation information, scale
factors and sanples (in this order) and the sequence of the allocation
words and the scale factors nmay then be simlar to the sequence as
described with reference to Figs. 2 and 3 and Figs. 2, 17 and 19.

In the case of 'surround sound' sinple receivers may nerely decode the
stereo audio information in the franme poré}ons FD2 and FD3, except for the
frame portion FD5. More sophisticated recelfvers are then capabl e of

e O e oM A0l ML o0 ANl 80 2. LB S

ext ensi on-i (thhiRldrderi"8Yd fleSRqhdile oftife AREEIDGokdd HdThE 5@k Fitdr thal BEE
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 information and for this purpose they also employ the information in the
frame portion FDS.

The extension-info bits may also indicate that the information in the frame
portion FD6 relates to text, for example in the form of ASCH characters. It may even
be considered to insert video or picture information in the frame portion FD6, 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.
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portion FD6 relates to text, for exanple in the formof ASCI | characters.
It may even be considered to insert video or picture information in the
frame portion FD6, said information again being characterized by the
extension-info bits. It is,to be noted that the invention is
not linited to the embodi nents shown herdPn. The invention also relates to
t hose enbodjnments which differ fromthe enbodi nents shown herein with

respect to 1 res which are not relevant to the invention as defined in
the d ai ns. 35 dains
L. Digital transmission system having a transmitter and a receiver, for

transmitting a wide-band digital audio signal comprising at least a first and a second
signal component via a transmission medium, the transmitter comprising an encoder
having analysis filter means for filtering the signal components so as to obtain a number
of n sub signals for each of the at least two signal components, transmission means for
transmitting sub signals via the transmission medium, the receiver comprising receiving
means for receiving sub signals, and a decoder having synthesis filter means for
combining sub signals for each of the at least two signal components so as to obtain a
replica of the ét least first and second signal components, characterized in that the
transmitter further comprises signal combination means for combining at least one
corresponding sub signal of at least the first and second signal components so as to
obtain a composite sub signal, and control signal generator means for generating a sub
signal indicator control signal indicating said at least one sub signal of the at least two
signal componénts being combined, the transmitter further being adapted to transmit
said composite sub signal and said sub signal indicator control signal, the receiver
further comprising detection means for detecting said sub signal indicator control signal,
derivation means for deriving said composite sub signal from the signal received and for
deriving, in response to the sub signal indicator control signal, sub signals’for said at
least first and second signal components from said composite sub signal.

2. Digital transmission system having a transmitter and a receiver, for .
transmitting a wide-band digital audio signal comprising at least a first and a second
signal component via a transmission medium, the transmitter comprising an encoder
having analysis filter means for filtering the signal components so as to obtain a number
of n subband signals for each of the at least two signal components, transmission means
for transmitting subband signals via the transmission medium, the receiver comprising
receiving means for receiving subband signals, and a decoder having synthesis filter
means for combining subband signals for each of the at least two signal components so
as to obtain a replica of the at least first and second signal components, characterized in

I ] “hig i6 1he 1avicoamment shest
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1. Digital transm ssion systemhaving a transmtter and a
receiver, for transmtting a w de-band digital audio signal conprising at
l'east a first and a second signal conponent via a transm ssion nmedium the
transmtter conprising an encoder having analysis filter nmeans for
filtering the signal conponents so as to ghtain a nunber of n sub signals
for each of the at | east two signal conponents, transm ssion neans for
transmtting S| L.s via the transm ssion..nedium the recei.ver
conpri si ng rgiagil&%ﬁ %"g‘g%é%ﬁf“%? PEPES; Sr"@“iﬁ%m%lf' R rg%anékl%r %’"ﬁ’é’%&ié"rbb%i ng
synthesi s fi lsigadls rreanizast @ne SeiHAhd b Gt 18450 tifd BIREArR] {eBbndesignhl @bmpdtRnBiso g st
two signal conponents so as to obtain a replica of the at |east first and
second si gnalorbrg{ﬂﬁ)&%?ﬁsﬁ? sebband sigasliin saidiah leaptanet sybband a prvheantrel signal t her
conpri ses si I | 1.1 l.east. : [ di ng
sub signal o ngtﬁggg}d}fgﬁggﬁe?{@ggan%lgéaé@g?\m%g%oa °é8‘§%1%n"éﬁ?“s%“§§5‘%§§fe§§

one subband, the transmitter further being adapted to transmit said composite subband

signal and said subband indicator control signal, the receiver further comprising

detection means for detecting said subband indicator control signal, derivation means for
deriving said composite subband signal in said subband from the signal received and for
deriving, in response to the subband indicator control signal, subband signals in said
subband for said at least first and second signal components from said composite signal
in said subband.
3 Digital transmission system as claimed in claim 2, characterized in that,
the signal combination means are adapted to combine in each of a number of m,
subbands the subband signals of the first and second signal components in said subband,
SO as to obtain m; composite subband signals in said m, subbands, where m, is larger
than 1, the control signal generator means being adapted to generate a subband indicator
control signal indicating said m, subbands, the transmitter being adapted to transmit the
composite subband signals in said m; subbands, the derivation means in the receiver
being adapted to derive said m, composite subband signals in said m, subbands from the
- signal received and to derive, in response to the subband indicator control signal, sub-
band signals in said m, subbands for said first and second signal components from said
composite subband signals in said m, subbands.
4, Digital transmission system as claimed in claim 3, characterized in that,
the signal combination means are also adapted to combine in each of a number of m,
subbands the subband signals of the first and second signal components in said subband,
$0 as to obtain m, composite subband signals in said m, subbands, where m, is larger
than m,, the control signal generator means being adapted to generate a subband
indicator control signal indicating said m, subbands, the transmitter being adapted to
transmit the composite subband signals in said m, subbands, the derivation means in the
receiver being adapted to derive said m, composite subband signals in said m, subbands
from the signal received and to derive, in response to the subband indicator control
signal, subband signals in said m, subbands for said first and second signal components

from said composite subband signals in said m, subbands.
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obtain a conposite sub signal, and control signal generator nmeans for
generating a sub signal indicator control signal indicating said at |east
one sub signal of the at |east two signal conponents bei ng conbined, the
transmtter further being adapted to transmt said conposite sub signal and
said sub signal indicator control signal, the receiver further conprising
detection neans for detecting said sub sigpal indicator control signal,
derivation nmeans for deriving said conpostte sub signal fromthe signa

recei ved and for deriving, in response to the sub si.gnal .indicator control
si gnal , subgsi, gnal s fRigitabiransmissicsasystem $ss¢laimed @g%ﬁd‘as‘ihdﬁﬁmf‘ﬁ‘gﬂb ts
fromsaid cgpgpgsi 10, Si |- : o Digital transm ssion system
having a transnt %‘%bg?ﬁdg’nad'gﬁ@é&éﬁt,su?%aﬁa?'r ansmitting a wi de-band digital
audi o si gnab. conpri siDgital rArRasdsion systesi asacldimedsectain 5igazicteciaepantmat vi a
a transm ssion nedium the transmtter caonprising an encoder having

anal ysi s fi M€ pbhardsrase the mp gjghay subRands-gnal conponents so as to obtain a

nunber of nssubband S‘i‘q?%’ﬁsa%n%%aﬁﬂ%&%&BK@O%C?S%SEE\??%&EQ%'6 conponents,

transm ssi on neans for and sig a the transm ssion
medi um t hecharameérized in cirgp thes trang mitere¢ompriesrscles factor deermining)gesnsbfvoand
signals, and a decoder haying_synthesis filter ans r conbi ni ng subband
signal s for (EEIHIDE & fr@leaac gé%ét/mf‘ﬁﬁq%‘i"ﬂﬁ%ﬂ Sl%g&?&?é%tﬁé’s%eﬁ&dai n a
irﬁpl ica of §iBeaFompBRcis I the subtatld SEARY sl IR mIABR AHMERE SompHANS TR Z€d

for wansmitting said scale factors, the detection means in the receiver being further

adapted to detect the scale factors from the signal received.

8. A system as claimed in any one of the preceding claims 2 to 7,
characterized in that the transmitter comprises quantizing means for quantizing the time
equivalent signal blocks of the subband signals and the at least one composite subband
signal.

9. A transmitter for use in a system as claimed in anyone of the preceding
claims, and characterized by those features in the preceding claims that characterized
the transmitter.

10. A transmitter as claimed in claim 9, characterized in that it takes the form
of a device for recording the sub(band) signals and the at least one composite sub(band)

signal in a track on a record carrier.

11. A record carrier obtained by means of the transmitter as claimed in claim
10.
12. A receiver for use in a system as claimed in anyone .of the preceding

claims 1 to 8, characterized by those features in the preceding system claims that
characterize the receiver.
13. A receiver as claimed in claim 12, characterized in that it takes the form

of a device for reproducing the sub(band) signals and the at least one composite

(sub)band signal from a track on a record carrier.
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36 that the transmtter further conprises signal conbination nmeans for
conbi ni ng subband signals in at |east one subband of at |east the first
and second signal components so as to obtain a conposite subband si gnal
in said at | east one subband, and control signal generator neans for
generating a subband indicator control signal indjcating-said..af. least
one subband, the transnitter- further being adaptiet!!t SHFans srmai d
conmposite subband  signal and said subbgad indijcat or 8ERIEFD! signal, the
recei ver further conprising detection feans for détectimg-sai-d-subband
i ndi cat or &ont rol signal, derivation neans for

Intensity-stereo encoding and decoding in a transmission system

The invention enables a further data reduction of the sub(band) signals to
be transmirted, by combining corresponding sub(band) signals.

[Figure 15 1}
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deriving said conposite subband signal in said subband fromthe signa

recei ved and for deriving, in response to the subband indicator control
si gnal, subband signals in said subband for said at |east first and
second signal conponents from said conposite signal in said subband.” . 3.
Digital transm ssion systemas clained in claim?2, characterized in that,
the signal conbination neans are adapted to conbine in each of a nunber of
nerr] subbands t he subband signals of,the first and second si gnal
conponents in said subband, so as to obtain nferr] conposite subband
signals in said nferr] subbands, where nferr] is |arger than 1, the
control signal generator neans being adapted to generate a subband

i ndi cat or control %ianal indicating said nferr] subbands, the transmtter
bei ng adapted to rans OS|E§gﬁs ?nd sighals in said nferr]
subbands, the der vat| hns |n bei ng adapted to {prive
said nferr] conposite subband S|gnais Insard nferr] subbgnds fromthe
signal received ahd to derive, in response to the subbamr!indi cator contro
signal, sub- band;signals in said nierr] subbands for said first and second
si gnal conponents[ﬁF fpfsard compogrye Subband signals in said nferr]
subbands. 4. ;1 Digital [thansm ssion systemas clained in aim 3,
characterzed in t ar,j tne Stgnat —Comprmat i on neans are al so adaptetf to
conbine in each o & nunﬁér~0+~niefLL subbands the subbaﬂé signals of the
first and sec¢hd si gnal conponents in sardﬁsubband

bo| by| by | N Bn-1 C

_.t
o1 FO2 FO3
'.
SYNC ¢ ALLOCATIO H NHY |
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"so as to obtain nferr] conposite subband signals in said nferr] subbands,
is larger than nferr], the contro
_being adapted to generate a subband indicator control signal indicating

where nierr]

said nferr] subbands,
conposite subband signals in said nferr] subbands,

si gnal generator neans

the transmtter being adapted to transmt the

the derivation neans in

the receiver being adapted to derive said nferr] conposite subband signals

in said nferr] subbands fromthe signal
to the subband indicator control
subbands for said first and second signa

received and to derive, in response

si gnal ,/ subband signals in said nierr]

subband signals in said nferr] subbands.

conponents from said conposite

BR Fs B

bitrate sample freq. $ slots in a frame

(Xbits/s) (kHz)
32 48

128 44.1 34 + padding
48 32
32 72

182 44.1 52 + padding
48 438
32 96

256 44.1 69 + padding
48 §4
32 144

384 44.1 - 104 + padding
48 98

bitrate total # frames in | §# frames with

(kbits/s) | padding sequence a dummy *slot -

128 147 122

192 49 12

256 147 97

384 49 24

F16.6

-
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37 5. Digital transm ssion systemas clained in claim4,
characterized in that the nferr] subbands are the nierr] highest subbands.
6. Digital transm ssion systemas clained in claimb5,
characterized in that the n2 subbands are the nferr] highest subbands. 7.
A systemas clainmed in any one of the preceding clains 2 to 6,
characterized in that the transmtter conprises scale factor determ ning
means for determning a scale factor for,tinme equival ent signal blocks of
the first and second signal conponents i31 t he subband signals, said
transm ssi on nmeans conprising neans for transmtting.said scale factors,
the detection neans in the receiver being further adapted to detect the
scal e factor $¥ @h the si gnairameceyyed. 8. o formAtsyustemas clainmed in
any one of the preceding clains 2 to 7, charact erifzguhaitnBt hat the

transmtter l,se 1tizi ng,neans for quantizing the tinme equival ent
si gnal bl ockgés'crﬁlsr tzﬁegrsl%b AndOBYGRarE and t Relat | S5 EOBHE -gBEp Mt segubband

signal . 9. Atransnmitter for usé fn a & §$qléi'alsr?§ﬂ"?$u?

anyone of the preceding clainms, and charachefi zed vl ﬁg'fgge.ﬁgggr 'Y he
. : . . . ’ a

precedi ng cl &4%s 2Rar Thar adbdei kmdlication

Sample Freq. Emphasis

0o0o0o0oO Stereo 48  kHz no emphasis
00001 Stereo 48 kHz 50/15 usec
o010 Stereo 44.1 kHz no emphasis
00011 Stereo 44.1 kHz 50/15 psec
0100 Stereo 32 kHz no emphasis
00101 Stereo 32 kHz 50/15 usec
001110 raserved
0Cc1l1l11l1 reserved
01000 2 Chan. 48 kHz no emphasis
01001 2 Chan. 48 kHz 50/15 usec
1010 2 Chan. 44.1 kHz no emphasis
01011 2 Chan. 44.1 kHz 50/15-psec
0li1o00 2 Chan. 32 kHz no enmphasis
1101 2 Chan. 32 kHz 50/15 usec
011110 reserved
01111 reserved
10000 1 Chan. 48 kHz no emphasis
10001 1 Chan. 48 kHz 50/15 usec
L0010 1 Chan. 44.1 kHz no emphasis
10011 1l Chan. 44.1 kHz 50/15 pgsec
l1d0100 1 Chan. 32 kHz no emphasis
10101 1 Chan. 32 kHz 50/15 psec
101220 reserved
L0111 1 Chan. 48 kHz CCITT J.17
11000 Stereao 48 kHz CCITT J.17
L1001 2 Chan. 438 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 kKz CCITT J.17
11111 1 Chan. 44.1 kHz CCITT J.17 ‘

made channel I channel II

stereo left right

2 channel mono program I program II

1 channel mono program I not used

F16.8
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the transmtter. 10. Atransmtter as clainmed in claim9,
characterized in that it takes the formof a device for recording the
sub(band) signals and the at | east one conposite sub(band) signal in a
track on a record carrier. 11. ~Arecord carrier obtained by neans
of the transmtter as clainmed in claim10. 12. A receiver for use
In a systemas clainmed in anyone of the preceding clains 1 to 8,
characterized by those features in the precedi ng system clai ns that
characterize the receiver. 13. receiver as clained in claim12
characterized in that it takes the formof a device f.or reproducing the
sub(band) signals and the at | east one conposite (sub)band signal froma

track on a record carrier

illocation length of samples

nfeo in bits

gQo0 - (no samples or scale factors transferred)
04001 2

0010 3

0011 4

Clo0 5

olo1 &

0lio0 7

ol1i1 8

1000 9

1001 10

1010 1l

1011 12

1100 13

1101 14

1110 15

1111 not used to prevent incorrect sync detection

F16.9

slot 2: .

I-1 II-1 I-2 II-2 I-3 II-3 I-4 II-4
slot 3:

I-5 _II-5 I-8 II-6 I-7 II-7 I-8 Ix-8
slot 4:

I-9 II-9 I-10 1II-lO0 I-11 II-11 I-12 1II-12
slot 5:

I-13 II-13 I-14 IIX-14 I-15 II-15 I-~1lé 1II-1s
slokt §:

I-17 II-17 I-18 1II-1l8 I-19 II-19 I-20 II-20
slot 7:

I-21 II-21 1IX-22 1IXIr-22 I-23 IXI-23 I-24 1II-24
slot 8: .
I-25 1II-25 I-26 1IX-26 I-27 II-27 I-28 II~-28
slot 9:

I-29 II-29 I-30 IX-30 I-31 II-31 I-32 TII-32

F16.10

slot 2:

I-} IT-1 I-2 II-2 I-3 IX-2 I-4 II-4
slot 1:

I-5 II-5 I-6 II-§ I-7 II-7 I-8 II-8
slot 4:

I-9 II-9 I-10 IXII-10 I-11 II-11 I-12 .II-12

slot 5:
I-13 II-13 I-14 II-14 I-15 II-1S I-i6 IXI-1¢

FIG. 11



38 14. Met hod of transmitting a w de-band digital audio signa
conprising at least a first and a second signal conponent via a
teransm ssi on nmedium the nmethod conprising the steps of filtering the
signal conponents so as to obtain a nunber of n sub signals for each of the
at least two signal conponents and transmtting sub signals via the

transm ssion nmedium characterized in that the nethod further conprises the
steps of conmbining at |east one corresp%?ding sub signal of at |east the
first and second signal conponents so asdJto obtain a conposite sub signal
generating a sub signal indicator control signal indicating said at |east
one sub signal of the at |east two signal conponents bei ng conbi ned, the

transm ssion step further includjng transmtting ﬁajd conposite sub signal
and said sub signal indicafor cg Svel FED 14
- 15 ZQ) " {24
19 =y (
;_CPU ALLOC. INFO (22
\14 r ) 4 ' 4
- reconstr.
MOLT 1" "(i\or de emph. =
‘ 7 21/ 23
HEN FIG.12
12/
6 27 15 23 5
(L { \
TLHELE 5 35’% 7
' 26 28’ 29 ’
. o FO3) '
L__lsfrafsrma| SAMPLES a

{ x samples i.m (y bits/sample} |
{ SFI.m I x samples IL ,m{y bits/samplel b

SFIml

x samples m (2 Bits/ o0 C

SFIL.m

| x samples I, m (ybits/sample) |

16.15

[ x samples IL.mly bits/sample) |
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15. Met hod as clained in claim 14, characterized in that the
nmet hod further conprises the step of recording the sub(band) signals and
the at | east one conposite sub(band) signal in a track on a record carrier
16. An encoder for encoding a w de-band digital audio signa
conprising at least a first and a second signal conponent, the encoder
havi ng analysis filter nmeans for filtering the signal conponents so as to
obtain a nunmber of n sub signals for eaclh of the at |east two signa
conponents, output nmeans for outputting b signals, characterized in that
t he encoder further conprises signal conbination nmeans for conbining at

| east one correspondi ng sub signal of at least the first and second signal
conponents so as to obtain a conmposite sub signal, and control signa
generator neans for generating a sub signal indicator control ﬁmgna
i ndicating said at | east one sub signal of theéﬁi | eastq—two—sTgmrat
conponent s bei ng conbi ned, the output neans fy HNg adagted to

conbi ne said conposite sub signal and said sut‘&?@‘ -fndi cat ofU contro
signal into an output signal. LM.377
41-4’\'4 sync/sys 31
|
|
49 501 :
" 502 ; 53
= =i l
i
S0/ 181 o
Ssgif | |“1re—q =L, 511 -]
i LT |
45.1 471 |
l ! _L Y 40
L LT I
R o 1 -
46.2] 472-Y ! I — A
. | .
5582 Feq | Pqeezin__ v
s i H— 2 3
152 o L1
‘ s12{ | | 42M
L —T
46.M
- Sspy .l.fj—__"_——'J' B
g—— N - ~34
LSM L4 8 5131
48.M I———-
35—

FI16.16
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17.

An encoder

as clainmed in claiml16,

encoder further conprises a signal
prior to outputting via the output means.

si gnal

characterized in that the

converter for converting the out put

D, 1

LI AL L S | L}

SYNC.
b, | YNC. SIGHAL

L L F)

i L Ll

O S et Wt

88 | . | [Fu] "eRaME FoRNAT
s g ¥OEXbyg| s rLD[n

Ll (]

2% INF by

Bits 16 to 19 : bitrate index

FI16.17

BR BR
bitrate|index|sample frequency Fs
(kbits/ 48 kHz 44.1 KHz 32 kHz
sec.) # slots # slats ¢ slots
32 1 8 8 12
64 2 16 17 24
96 3 24 26 36
128 4 32 34 48
160 S 40 43 60
192 8 48 S2 72
224 7 S8 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
0aQ 44.1 kHz
¢ 1 48 kHz
10 32 kHz
11 reserved

Bit 22

! padding bit

11' if the frame contains a 'dummy' slot, Otherwise '0' -

Bit 23

¢ Future Use

FIG18

reserved for future use,
'0' for the time being.
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18.
si gnal

wi'de- band di gital
signals for each of the at
conprising input nmeans for receiving the encoded w de-band digital
retrieving the sub signals fromthe encoded w de-band
synthesis filter

si gnal ,
di gi tal

nmeans

each of the at
at least first and second signal
w de- band digital
audi o si gnal

di gi tal
conbi ni ng at
second signa

i ndi cating said at
conponent s bei ng conbi ned,

conpri sing at

audi o signal,

A decoder for decoding an encoded w de-band digital
| east a first and a second signal
audi o being filtered during encoding so as to obtain sub
| east two signa

for
| east two signal

audi o signal,

conponen

conponent s,

audi o
conponent, the

t he decoder
audi o

ns for conbining sub signals for
so as to obtain a replica of the

conponents and thereby a replic of the

characterized in that the encoded w de-band

| east one correspondi ng sub signal

conponents and a
| east one s

SUb_ Sl
i, E

onar. |Fﬁ|q
aﬁwa“ e

further conprises a conposite subsignal

of at

obt ai ned from
| east the first and

A

§ nt
F@’§h1

rol signal
t wo signal

t he

aecod

i ndi cat or

T Urther conprising detection neans

deri vati on neans

for detecting said sub signa
for deriving said conposite sub signa
deriving, in response to the sub signal
signals for said at least first and second signa
conposite su signal

Bits 24 and 25 : Mode indication

tyQl signal,
Ffﬁ;f{ge signal received and for
indi cator contro signal, sub
conponents from said

00 stereo

o1 intensity stereo
10 bilingual

11 MOTIO

Bits 26 and 27 : Intensity stereo mode switches

0.0 subbands S5 - 32 in intensity sterec mode
01 subbands 9 - 32 in intensity stereo mode
10 subbands 13 - 32 in intensity stereo mode
i1 subbands 17 - 32 in intensity stereo mcde
Bit 28 : Copyright 0 no copyright
1 copyright protected
Bit 29 : Original/Home Copy 0 Copy
1 Ooriginal
Bits 30 and 31 : Emphasis 0o no emphasis
01 50/15 psec emphasis
10 reserved
11 CCITT J.17
Monec 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-16
slot 4:
M-17 M-18 M-19 M-20 M-21 M-22 M-23 M-24
slot 5: .
M-25 M-26 M-27 M-28 M-29 M-30 M-31 M-32

FI16.21
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19. A decoder as clained in claim18, characterized in that it
further conprises a signal reconverter for reconverting the signal received
via the input neans.

Intensity Sterec 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 L-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-139 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-31 M-32 FlG ZZG

Switch bits are 0 1 :

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

L-S R-5 L-€ R-6 L=-7 R-7 L-8 R-8
slot 4:
M-9 M=-10 M-11 M=-12 M-13 M-l4 M-15 pM-16
slot 5: .
M-17 K-18 M-19 M=-20 M=-21 M-22 M-23 pM-24

slot 6:
M-25 M-26 M=27 M=-28 M=-29 M-30 M-31 pm-32

Switch bits are 1 0 : ' Fl G ZZb

slot 2:

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

L-5 R-5 L-6 R-6 -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 S: *

M~-13 HM-L4 M-15 M=16 M=-17 M-18 M-19 M-20
slot 6: -

M=21 M=-22 MN-23 M=-24 M-25 M-26 M-27 M-28
slot 7:

¥-29 :M-30 M-31 M-32 FIGZZC .

Switch bits are 1 1 :

slot 2: )
-1 R~1 L-2 R-2 L=3 R-3 L-4 R-%
slot 3:
L-5 R-S L-6 R-6 L~7 R=7 L-8 R-8
slot 4: '
L-3 R-9 L-10 R-10 L-11 R-11 L-12 R-12
slot §:
L-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: F' 22d
M-25 M-26 M-27 M=-28 M=29 M-3J0 M-Il M-=32 .

This i3 the replacement sheet

Fal ~ o
ny B a2 SV
o & MAD Y

Date:



10

'V FDL 1 fo2 | _F03 .
SYNC 2 : ™ 1 EXT | ADGITIONAL DUNMY |
sistenira | ot Fuerais| SAMPLES Fo | SIGHAL stor_

bR 1 —fD6
£16 —oF0 5
. SGN l . 23
)
0101010100101 IXIX]IXIXIXIXIXEXIXIX XXX iX|X
1 b /
e k ll ISmuxl
BETIXEXIXIX{X XXX X XfX(xyXeXixi0g0{aio(a(0;0
figo el
LU s . tzuncated
9 + 1 - 0.79 01t 110
0.71. +. 0.5 aq10 101
0.42 0.25 , Q01 100
a.14 Q 000 ot1
4= = Q.14 + - 0.25 L 010
- 0.42 . + = 0.5 110 001 i
f-071 ¢ -o0.15 101
000
Lo L 0 FIG. 25
a b o d ,
110 010 -[- Q.50 0.857 ] -
- 0.7%
101 [¢[+2} 0.25 0.571
. 0.42
100 000 .00 Q.287
0.14
o1t 11 +~ - 0.2 Q.00
= 0,54
a0 110 + - 0.% - 0,287
00t 101 4 -0.75 sasn 0%
o0 100, + - 1.00 - 0.457 J" o.1 FI Gc 25
a b C d °

Thig is the replacement sheet



fiersvy-s ghos

38

4. Method of transmitting a wide-band digital audio signal comprising at least 4
first and 1 second signal component via a transmission medium, the method comprising the
steps of filtering the signal components so as to obtain a number ot n sub signals for each of
the at least two signal components and transmitting sub signals via the transmission medium,
characterized in that the method further comprises the steps of combining at least one
corresponding sub signal of at least the first and second signal components so as to obtain a
composite sub signal, generating a sub signal indicator control signal indicating said at least
one sub signal of the at least two signal components being combined, the transmission step
further including transmitting said composite sub signal and said sub signal indicator control
signal.

15. Method as claimed in claim 14, characterized in that the method further
comprises the step of recording the sub(band) signals and the at least one composite sub(band)

signal in a track on a record carrier.

16. An encoder for encoding a wide-band digital audio signal comprising at least a
first and a second signal component, the encoder having analysis filter means for filtering the
signal components so as to obtain a number of n sub signals for each of the at least two signal
components, output means for outputting sub signals, characterized in that the encoder further
comprises signal combination means for combining at least one corresponding sub signal of at
least the first and second signal components so as to obtain a composite sub signal, and control
signal generator means for generating a sub signal indicator control signal indicating said at
least one sub signal of the at least two signal components being combined, the output means
further being adapted to combine said composite sub signal and said sub signal indicator

control signal into an output signal.

17. An encoder as claimed in claim 16, characterized in that the encoder further
comprises a signal converter for converting the output signal prior to outputting via the output

means.
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18. A decoder for decoding an encoded wide-band digital audio signal comprising
at least a first and a second signal cémponent, the wide-band digital audio being filtered
during encoding so as to obtain sub signals for each of the at least two signal components, the
decoder comprising input means for receiving the encoded wide-band digital audio signal,
means for retrieving the sub signals from the encoded wide-band digital audio signal,
synthesis filter means for combining sub signals for each of the at least two signal component
SO as to obtain a replica of the at least first and second signal components and thereby a replic
of the wide-band digital audio signal, characterized in that the encoded wide-band digital
audio signal further comprises a composite subsignal obtained from combining at least one
corresponding sub signal of at least the first and second signal components and a sub signal
indicator con&ol signal indicating said at least one sub signal of the at Jeast two signal
components being combined, the decoder further comprising detection means for detecting
said sub signal indicator control signal, derivation means for deriving said composite sub
signal from the signal received and for deriving, in response to the sub signal indicator contro
signal, sub signals for said at least first and second signal components from said composite su

signal.

19. A decoder as claimed in claim 18, characterized in that it further comprises a

signal reconverter for reconverting the signal received via the input means.
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Abstract

Intensity-stereo encoding and decoding in a transmission system

The invention enables a further data reduction of the sub(band) signals to
be transmitted, by combining corresponding sub(band) signals.

[Figure 15 ]
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