
EP 0 257 739 B1 Description The present invention relates to a system for
the transmission of audio signals to accompany video signals. A proposed
transmission system for stereo signals to accompany conventional television
transmissions provides a serial data stream partitioned into 728-bit
frames, each transmitted in a millisecond. Each frame has: a first section
of eight bits comprising a Frame Alignment Word (FAW) which marks the start
of the frame; a second section of four bits which provide control
information, being one flag bit (namely Co, which alternates between 0 and
1 every 8 milliseconds to determine odd and even frames over a 16 frame 10
sequence) and three mode bits (namely C1, C2, and C3, which indicate the
nature of the transmitted signal, e.g. mono, stereo, dual-language, data);
a third section of twelve bits of additional data, independent of the
control information bits; and finally a fourth section of sixty-four 11-bit
words corresponding to the audio (or data it appropriate) being
transmitted, this last section having a total of 704 bits. In each frame as
transmitted, interleaving is applied to the block of 720 bits which follow
the FAW in 15  order to ensure that adjacent bits are not transmitted
seqentially so as to minimise the effect of multiple-bit errors. The
interleaving pattern places data bits, which are adjacent in the frame
structure as output by the television receiver, in positions at least 16
clock periods apart in the transmitted bit stream (ie. at least 15 other
bits occur between bits which are adjacent in the output frame structure).
In the production of the sound signals, they are sampled at 32 kHz and
coded Initially with a resolution 20  of 14 bits per sample. For
transmission, the number of bits per sample is reduced to 10, using near-
instantaneous companding, and one parity bit is added to the end of each
10-bit sample word for error detection and scale-factor signalling,
purposes, thereby resulting In the 11-bit words in the fourth section of
the frame. In the operation at a television receiver to derive the
appropriate range value (corresponding to the 25  scale-factor) of a
transmitted signal, the provision of the interleaving structure means that
a parity bit may be received before some of the bits of the relevant word;
accordingly, a frame is de-interleaved and stored before the
range-determining operation is started. The present  invention provides a
television receiver for a transmission system providing audio/data signals
to accompany transmitted video signals, the television receiver comprising:
means to input a 30  transmitted audio/data signal comprising a stream of
digital elements formed into a plurality of frames, each frame comprising
three sections, namely a section to indicate the start of a frame, a
section to contain control information and a section to contain the
audio/data information;  means to de-interleave the audio/data information
section of a frame, the de-interleave means comprising means to change the
sequence of digital elements as transmitted according to a predetermined
relationship such as to produce a 35   sequence for output by the
television receiver; means to determine a companding-range value for a
frame and means to display the resultant audio/data signal in association
with a video signal. In this way, derivation of the range value can be
achieved without having to load the entire signal for a frame into storage
and then to process it. Accordingly, the provision of this technique
ensures the amount 40  of storage necessary is minimised. Preferably the
television receiver has de-interleaving means to de-interleave the
aduio/data information section, but not the indication and control
sections, of a frame. Advantageously, the television receiver has
de-interleaving means to de-interleave only the audio/data information
section of a frame. In order that the invention may more readily be
understood, a description is now given, by way of 45  example only,
reference being made to the accompanying drawings in which:- Figure 1 is a
block diagram of a transmission system embodying the present invention;
Figure 2 is a schematic representation of the structure of a stereo signal
for use in the system of Figure 1; Figure 3 is a schematic diagram of part
of a television receiver of the system of Figure 1; so    Figure 4 is a
circuit diagram of part of a  television receiver of the system  of Figure
1; Figure 5 is a schematic diagram of a further part of a television
receiver of the system of Figure 1; and Figure 6 is a representation of
waveforms in connection with the feature of Figure 5. In Figure 1, there is
shown a transmission system 1 for the transmission of PAL System-I
television signals accompanied by an additional stereo signal for enhanced
audio reception. The system includes a 55   transmission station 2 and a
number of television receivers of which only one, referenced 3, is shown.
Receiver 3 may be a conventional PAL television receiver connected with a
decoder unit specifically designed to process the stereo signal and
reproduce the stereo sound at, or for, the receiver; alternatively, the
receiver may be specifically designed to process the stereo signal as well
as, or instead of, processing 3 



EP 0 257 739 B1 the audio signal incorporated in the PAL System-I signal.
Transmission station 2 has a studio 4 which provides a recording consisting
of a channel of video signals (incorporating the normal audio component) in
accordance with the System-I PAL standard, and a channel of stereo signals
of a format as shown in Figure 2. Signals of this stereo channel are passed
to an 5  interleaver unit 5 which interleaves the audio data within each
frame, and then passes the resultant signals to a transmitter 6 which
broadcasts the PAL video channel and the stereo channel, the latter having
a carrier frequency 6.552 MHz above the frequency of the transmitted vision
carrier. The combined signal passes to a reception unit 7 at television
receiver 3, and is separated out again into the PAL video channel (the
subsequent processing of which at video processing unit 8 is conventional
and therefore a description is not pertinent) and the stereo channel which
is input to a de-interleaver unit 9 for re-arrangement of the bits, in the
audio data section of each frame to their original sequence before input to
interleaver unit 5. A range recovery unit 10 inspects each word and its
corresponding parity bit in order to determine whether there is
compatability, from which information it derives a three-bit range value
for that frame. Thereafter a parity correction unit 11 effects any
necessary alterations to the words in view of is the results of the
compatability inspection, a time expansion unit 12 increases the duration
of the audio words to account for the other sections in a frame and the
resultant signal passes to a loudspeaker unit 13 for output synchronized
with display of the signal on the video channel at cathode ray tube screen
14. Figure 2 shows the structure of one frame of the signal in the stereo
channel of transmission system 1 before interleaving. The sixty-four words
in the audio information section are arranged such as to alternate 20
between the two output signals of the stereo channel, i.e. the first, third
and subsequent odd words are associated with output signal A (e.g. the
lefthand side signal) of the stereo channel, while the second, fourth and
subsequent even words are associated with output signal B (e.g. the
righthand side signal) of the stereo channel. Thus 32 words for each output
signal of the stereo channel are transmitted in every frame. The system 1
is capable of transmitting signals other than stereo signals on this
channel; thus for 25   example this channel may carry mono audio signals
(these being of higher quality than those incorporated with the
conventional PAL video signal) in one language or more, or data signals
representing information other than sound and optionally related to the
television display. After interleaving at unit 5, the structure of the 728
bits in a frame is as shown in the Table 1 given below, in which the
numbers relate to the original position before  interleaving. In this
Table, the bits in the 30 audio information section have been laid out in a
lattice form to show clearly the interleaving structure; of course, in the
signal itself, this section has a continuous sequence of bits formed by
reading left to right along a row, the rows being taken from the top
downwards. TABLE 1 35 CONTROL       ADDITIONAL          AUDIO INFORMATION
DATA              INFORMATION 1 to 8       9 to 12              13 to 24
25,69,113,157 .... 685 26,70,114...... .686 27,71,115........687
28,72,116....... 688 45 ..... ............. 55 The de-interleave unit 9 has
a switch unit to direct incoming frames alternately to two RAM stores, each
of which corresponds to the arrangement shown in Figure 3 whereby a 11 by
64 RAM block 20 has a 4    EP 0 257 739 B1 divide-by-11 counter 21, a
divide-by-four counter 22 and a divide-by-16 counter 23. Since the RAM
block 20 has 64 rows by 11 columns, a divide-by-64 counter and a
divide-by-11 counter are required for addressing. In the write mode the
divide-by-64 counter is formed of counter 23 and counter 22. With all the
counters initially containing 0, the print clock pulse changes the number
in counter 23 to 1 



s  and the decoder selects row 4 while the decoder output of counter 21
selects column 0. The second clock pulse changes the number in counter 23
to 2, which is decoded as row 8, the third clock pulse changes the number
to 3 which is decoded as row 12, and so on. In this way rows 0,4,8,16 and
so on to 60 are addressed in turn while column 0 continues to be addressed.
After row 60 column 0 has been addressed, the next clock pulse resets
counter 23 to 0 and the overflow pulse clocks counter 21 to 1. Rows 0,4,8
16 10   and so on to 60 are now again addressed in turn but with column 1
addressed. This continues until row 60 column 10 has been written. The next
clock pulse produces an overflow from counter 21 which clocks 1 into
counter 22. The number is added to the row count of counter 23, so the
addressed rows are row 1,5,9, 17 and so on to 61. When row 61 column 10 has
been written, the overflow from counter 21 changes the number in 22 to 2,
and so on. In this way the data bits are stored in the RAM in
de-interleaved order and 15  can be read out by simply addressing each of
the rows in turn using the divide-by-64 counter formed by the divide-by-16
counter 23 and the divide-by-4 counter 22. Since the 11 bits of a word are
read out in parallel, the divide-by-11 counter 21 is not needed for
read-out and the same counter can therefore be used to address the second
RAM which writes while the first is being read. There is shown in Figure 4
a circuit diagram of the memory organization and address logic of a store
20 20 and its associated electronic circuits and components in greater
detail than shown by Figure 3. Store 20 includes two 64 x 3 ROM's 30, 31,
one being used for range recovery in mono signals, and one being used for
range recovery in stereo signals. In a modification, only one divide-by-11
counter is used, being multiplexed between all the memories. Also a ROM,
associated with the RAM area, is used for range word testing. The use of
ROM reduces the 26 amount of chip area which would otherwise have to be
employed in the range word test logic. Also the ROM information is held in
binary form so that  only three rather than six select lines need to be
routed around the IC to the majority logic counters. This again is a saving
in chip area. Additionally, a ROM/RAM structure may be of a design so that
every word of RAM also accesses a six bit word of ROM. By customising a
ROM/RAM  system only one row decoder needs to be included. By multiplexing
the range 30 test circuitry only one set of majority logic counters need be
included in the integrated circuit. Using the interleaved structure shown
in Table 1, the information and parity bits of each word are transmitted in
the correct order, i.e. the least-significant-bit first and the parity bit
last. Thus, as soon  as the parity bit has been received the value of its
range but can be determined and sent to the majority logic. With the stores
organised in a 64 row by 11 column format, all the received parity bits can
be stored In the 35   same column and the action of writing in that column
indicates that the parity check can be  made on the has been stored; so
read-out can begin immediately and the store will be free by the time the
third frame begins to arrive, thereby ensuring that a third store is
unnecessary for the processing of stereo signals. A third store is
necessary for the processing of "simultaneous dual - language reception"
signals, but again 40 the described arrangement provides a reduction in
storage necessary, in that conventional processing techniques for such
signals require four stores. There are many instances in the receiver 3
where majority logic must be performed, this  being achieved by the use of
a counter which can be incremented every time the input is say a "1" and
decremented whenever the input is a "0". At the end of the input sequence a
test for positive or negative 45  count will give a majority  decision of
the input sequence. - Alternatively, the counter may be simply incremented
when the input is say a "1" and no action taken when the input is in the
alternative state. At the end of the input sequence the output of the count
can be checked to see if it is greater than a particular value e.g. half
the number of input pulses. If it is greater, then the output is one state;
if it Is less, the majority is the alternative state. 60     Sound muting
which avoids unacceptable clicking of the loudspeaker may be achieved by
shifting the output signal right or left with respect to the least
significant bit by, means of a parallel-to-serial output circuit programmed
to shift left or right depending on whether a mute or demute was required.
Because of the structure of the conventional interleave system, it was not
possible to do a test range bit operation until the whole of the frame had
been transmitted since it was not known when a complete word 65 of
information had been written to the memory. However, with the new
interleave structure, the rows in the memory fill up left to right hence
whenever writing to the last column is necessary, it is implicit in the
interleave that all the rest of the data for that word has been previously
transmitted. Hence if a detection system is used to identify a last column
write by simply looking at an output from the address decoder on 5    EP 0
257 739 B1 



the last column, then a read/write operation can be performed and a test
range bit generated. When all the rows have been written i.e. at the end of
the frame, the required number of test range bits will have been generated
and hence the majority logic now contains the correct range word
information. This means that as the RAM can now be used for an output
operation one less RAM is needed than would otherwise be 5  required
producing a saving of chip area and so price. An alternative way of range
recovery is to utilise a high speed processing system in order to calculate
the correct range words during the time interval occupied by the frame
alignment word, control bits, and auxiliary data. If the range bits could
be calculated correctly during this interval, one less RAM is required than
would otherwise be needed. Should this calculation period extend over into
the transmitted frame 10    alignment control bits and additional data
interval, however, then an extra RAM would be necessary. There exists a
problem inherent in the conventional system when non-changing audio
information (e.g. silence) is being transmitted. In these circumstances,
the sampling systems takes this stationary bit pattern (probably all "O")
and multiplies it by a pseudo random sequence. This action creates false
frame alignment code pulses. Frame alignment code pulses occur naturally
anyway, since the probability of them 15 occuring is 1 in 256, in one frame
of information there are on average 2.8 frame alignment codes generated by
chance. However, the frame alignment words are spaced at an interval of 728
clock cycles apart i.e. one frame. The detection system then waits for 728
clock cycles (1mS) before checking to see if the same bit pattern occurs.
In this way the chance of getting successive FAW patterns is very low
(1/256) where n is the number of successive tries). However the action of
the pseudo random sequence generator on static bit 20  patterns not only
creates a FAW but additionally creates it at exactly the right interval
since an FAW is created at the same point in each frame after the true FAW.
Under these circumstances, should a TV be turned on when there is a period
of silence (or when in data transmission and where mono where the data is a
constant bit stream), the stereo decoder chip could lock on to the false
FAW rather than the true FAW in the signal. There is no way to distinguish
that this was a false lock condition. 25     To overcome this problem, the
system has an additional timing circuit  included.  If one considers the
locking circuit to be in two parts, the first part is a FAW detection
circuit and the second part a Co bit detector (effectively a digital phase
lock loop). Then the normal action of lock would be: firstly the frame
alignment code acquires lock and enables the Co detections circuit  to lock
on to the Co bit waveform; secondly, when the Co and FAW acquisition
circuits indicate that both these signals are acquired, the 30  receiver is
allowed to proceed with decoding sound. Under false lock conditions, the Co
decoder would not lock on to a Co signal since this bit is now incorrectly
positioned and the data going into the Co decoder is not the bit in the
transmission sequence. Thus, information can be used to reset the FAW
detection circuit. As shown in Figure 5, a FAW code circuit 40 generates an
output indicating a valid frame alignment code pattern detection  This in
turn starts a timing 35 device 41 which  times a period sufficient for the
Co detector 42 to acquire  lock under all useable signal taken place. If it
has, no action is taken; but if it has not, the FAW detection circuitry is
reset and a new frame alignment lock sequence initiated. Figure 6 shows
appropriate waveforms. Claims 1. A television receiver (3) for
a'transmission system providing audio/data signals to accompany transmit-
ted video signals, the television receiver (3) comprising: means (7) to
input a transmitted audio/data signal comprising a stream  of digital
elements formed into a plurality of frames, each frame comprising 45     at
least three sections, namely a section to indicate  the start of a frame, a
section to contain control information and a section to contain the
audio/data information, and means (13) to output the resultant audio/data
signal in association with a video signal, characterized In that the
television receiver comprises: means (9) to de-interleave only the
audio/data information section of a frame, the de- interleave means (9)
comprising means (20,21,22,23) to change the   sequence of digital elements
as 50     transmitted according to a predetermined relationship such as to'
produce a sequence for output by the television receiver, the de-interleave
means (9) further comprising storage means (20) to hold a plurality of
frames of audio/data signals, counter means (21,22,23) to effect input of
audio/data signals to, and their output from, the storage means (20), and
logic circuit means to effect re-configuring of the counter means between
one mode for effecting input of the signals to the storage means and
another mode for 55     effecting their output therefrom; and means to
output the resultant audio/data signal in association with a video signal,
and companding-range determining means (10) to determine a companding-range
value for a frame of audio/data signal, said companding-range determining
means processing the frame as it is input thereto. 6   



EP 0257739 B1 the last column, then a read/write operation can be performed
and a test range bit generated. When all the rows have been written i.e. at
the end of the frame, the required number of test range bits will have been
generated and hence the majority logic now contains the correct range word
information. This means that as the RAM can now be used for an output
operation one less RAM is needed than would otherwise be 5  required
producing a saving of chip area and so price. An alternative way of range
recovery is to utilise a high speed processing system in order to calculate
the correct range words during the time interval occupied by the frame
alignment word, control bits, and auxiliary data. If the range bits could
be calculated correctly during this interval, one less RAM is required than
would otherwise be needed. Should this calculation period extend over into
the transmitted frame to alignment control bits and additional data
interval, however, then an extra RAM would be necessary. There exists a
problem inherent in the conventional system when non-changing audio
information (e.g. silence) is being transmitted. In these circumstances,
the sampling systems takes this stationary bit pattern (probably all "O")
and multiplies it by a pseudo random sequence. This action creates false
frame alignment code pulses. Frame alignment code pulses occur naturally
anyway, since the probability of them 15  occuring is 1 in 256, in one
frame of information there are on average 2.8 frame alignment codes
generated by chance. However, the frame alignment words are spaced at an
interval of 728 clock cycles apart i.e. one frame. The detection system
then waits for 728 clock cycles (1mS) before checking to see if the same
bit pattern occurs. In this way the chance of getting successive FAW
patterns Is very low (1/256) where n Is the number of successive tries).
However the action of the pseudo random sequence generator on static bit 20
patterns not only creates a FAW but additionally creates it at exactly the
right interval since an FAW is created at the same point in each frame
after the true FAW. Under these circumstances, should a TV be turned on
when there is a period of silence (or when in data transmission and where
mono where the data is a constant bit stream), the stereo decoder chip
could lock on to the false FAW rather than the true FAW in the signal.
There is no way to distinguish that this was a false lock condition. 25
To overcome this problem, the system has an additional timing circuit
included.. If one considers the locking circuit to be in two parts, the
first part is a FAW detection circuit and the second part a Co bit detector
(effectively a digital phase lock loop). Then the normal action of lock
would be: firstly the frame alignment code acquires lock and enables the Co
detections circuit to lock on to the Co bit waveform; secondly, when the Co
and FAW acquisition circuits indicate that both these signals are acquired,
the 30 receiver is allowed to proceed with decoding sound. Under false lock
conditions, the Co decoder would not lock on to a Co signal since this bit
is now incorrectly positioned and the data going into the Co decoder is not
the bit In the transmission sequence. Thus, information can be used to
reset the FAW detection circuit. As shown in Figure 5, a FAW code circuit
40 generates an output indicating a valid frame alignment code pattern
detection. This in turn starts a timing 35  device 41 which times a period
sufficient for the Co detector 42 to acquire lock under all useable signal
conditions. At the end - of this timing period  the Co detector is checked
to see if a valid Co detection has taken place. if It has, no action is
taken; but if it has not, the FAW detection circuitry is reset and a new
frame alignment lock sequence initiated. Figure 6 shows appropriate
waveforms. Claims 1. A television receiver (3) for a transmission system
providing audio/data signals to accompany transmit- ted video signals, the
television receiver (3) comprising: means (7) to input a transmitted
audio/data signal comprising a stream of digital elements formed into a
plurality of frames, each frame comprising 45     at least three sections,
namely a section to indicate the start of a frame, a section to contain
control information and a section to contain the audio/data information,
and means (13) to output the resultant audio/data signal in association
with a video signal, characterized in that the television receiver
comprises: means (9) to de-interleave only the audio/data information
section of a frame, the de- interleave means (9) comprising means
(20,21,22,23) to change the sequence of digital elements as so
transmitted according to a predetermined relationship such as to produce a
sequence for output by the television receiver, the de-interleave means (9)
further comprising storage means (20) to hold a plurality of frames of
audio/data signals, counter means (21,22,23) to effect input of audio/data
signals to, and their output from, the storage means (20), and logic
circuit means to effect re-configuring of the counter means between one
mode for effecting input of the signals to the storage means and another
mode for 55     effecting their output therefrom; and means to output the
resultant audio/data signal in association with a video signal, and
companding-range determining means (10) to determine a companding-range
value for a frame of audio/data signal, said companding-range determining
means processing the frame as it is input thereto. 



6    EP 0257739 B1 PatentansprUche 1. Fernsehempfanger (3) flr ein
Obertragungssystem, das vorsieht, dal die Obertragenen Videosignale von
Audio/Datensignalen begleitet sind, wobei der Fernsehemfanger (3) das
Folgende umfalrt: Mittel (7) 5     zum Zuf~hren eines Ubertragenen
Audio/Datensignals mit einem Strom digitaler Elemente in Form einer
Vielzahl von Obertragungsbl6cken, von denen jeder Obertragungsbl6ck
zumindest drel Toile aufweist, namlich einen Teil zur Anzeige des Anfangs
eines Obertragungsblocks, oenen Steuerinforma- tionen enthaltenden Tell und
einen die Audio/Dateninformation enthaitenden Tell, und Mittel (13) zum
Ausgeben des sich ergebenden Audlo/Datensignals im Zusammenhang mit einem
Videosignal, da- 10     durch gekennzelchnet daB der Femsehempffnger das
Folgende umfallt: Mittel (9) zum Entschach- teln nur des
Audio/Dateninformations-Teils elnes Obertragungsblocks, wobei die
Entschachtelungsmittel (9) Mittel (20, 21, 22, 23) zum Verandeem der
Abfolge digitaler Elemente wie Ubertragen gemAl einem vorgegebenen
Verhaltnis, derart, daP eine Abfolge zur Ausgabe durch den Fernsehempfinger
erzeugt wird, umfassen, wobei die Entschachtelungs-Mittel (9) weiterhin
Speichermittel (20) zum Aufbewahren tS     einer Vielzahl von
Obertragungsbl5cken von AudiolDatensignalen, Zahler-Mittel (21, 22, 23) zum
Bewirken der Eingabe von Audio/Datensignalon in die und ihrer Ausgabe aus
den Speichermittel(n) (29) sowie. Loglkschaltungs-Mittel zum Bewirken einer
Rekonfigurlerung der: Zahler-Mittel zwischen einer Betriebsart zum Bewirken
der Eingabe der Signale die In Speichermittel und elner anderen Betriebsart
zum  oiewirken ihrer Ausgabe aus diesen umfassen; und Mittel zum Ausgebon
des sich ergebenden 20     Audio/Datensignals im Zusammenhang mit einem
Videosignal, und Kompandierungsbereichs-Bestim- mungsmittel (10) zum
Bestimmen des Kompandierungsbereichs-Wertes fUr einen Obertragungsbl6ck von
AudiodDatensignalen, wobel die Kompandierungsbereichs-Bestimmungsmittel den
Obertragungs- bldck so verarbeiten, wie er ihnen zugeflhrt wird. 25
Revendlcatlons 1. :Recepteur de t~l~vision (3) pour un systbme de
transmission creant des signaux son/donnees pour accompagner les signaux
video transmis, le rncepteur de t~levision (3) comprenant: des moyens (7)
pour entrer un signal son/donndes transmis comprenant un train d'6lements
num6riques form~s en une 30     pluralite de cadres, chaque cadre
comprenant au moins trois sections, a savoir .une section pour indlquer. l
debut d'un cadre, une section pour contenir des Informations de commande et
une section pour contenir les informations son/donnees, et des moyens (13)
pour sortir le signal son/donnees r6sultant associe au signal video,
caract6rls6 en ce que le r~cepteur de teldvision comprend des moyens (9)
pour d6sentrelacer seulement la section d'informations son/donnees d'un
cadre, les 35     moyens-de ddsentrelacoment (9) comprenant des moyens (20,
21, 22, 23) pour changer la s~quence ---qii    iies-to sm q
-i-T-de-y-TIreW  dufler une sequence pour la sortie par le receptour do
tel6vision, 'les. moyens de desentrelacement (9) comprenant de plus des
moyens de m~moire (20) pour maintenir uno pluralit4 de cadres de signaux
son/donn~es, des moyens de comptage (21, 22, 23):pour effectuor l'entree de
signaux son/donnees 40     dans et leur sortie des moyens de. m~moire (20),
et des moyens de circuit logique pour effectuer la reconfiguration des
moyens de comptage entre un mode pour. effectuer l'entrde des. signaux dans
les moyens de m~moirb et un autre mode pour offectuer lour sortie de ces
moyens et des moyens pour sortir le signal son/donn~es r~sultant associ6 a
un signal viddo et des moyens de determination de la plage de
compression-extension pour un cadre du sigrial son/donn6esi les moyens de
determination de 45    la plage de compression-extension sus-citds traitant
'e cadre tel qu'il y est. entr6. 50 55 7       ' i 1111111 11111 1M111 11
1111    


