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7-c:hannel transmission, compatible with 5-channel transmission and 2-channel uansmission. 

'Ihe invendon relates to an encoder apparatus for encoding a plurality of digital 

information signals into a transmission signal, to a method for encoding the plurality or 
digital information sigDals and to a decoder appuatus for decoding the transmission signal so 

as to regenerate replicas of the plurality of digital information signals. An encoder apparatUs 

S in accordance with the opening paiagraph is known from EP 678,226-Al, which is document 

(8) in the list of related documents at the end of this description. 

Matrixing can be carried out when transmitting a first main signal component 

10 (the left.hand signal component L of a stereo signal), a second main signal component (the 

right hand signal component R) and an auxiliary component (a central signal component C), 

such that a first composite signal component L0 is obtained which equals L + a.C and a 

second composite signal Ra is obtained which equals R + a.C, and where the signals Le,, Ro 
and C are transmitted. Upon reception by a standard receiver not being provided with a 

IS conesponding dematrixing circuit, the signal components L0 and R0 are used for supplying 

via two stereo loudspeakers .. to a listener. The listener is thus able to perceive the C 

component transmittc:d as well, although he has, a sumc:imt receiver. 

More sophisticated matrixing schemes are discussed in J.A.E.S., Vol. 40, No. 

S, May 1992, pp. 376-382, as well as in the publication 'Matrixing of bitrate reduced audio 

20 signals' by W.R.Th. ten Kate et al, in Proc. of the ICASSP, 1992, March 23-26, San 

Francisco, Vol.2, pp. ll-205 to II-208, documents (la) and (lb) in the list of references, as 

well as document (8). 

They all satisfy the requirement that, even if a 4-channcl (R, L, C and S) 

signal, or a S-c:hannel (L, R, C, LS, RS) signal is uansmitted, the transmitted signal can be 

25 decoded by a standard stereo receiver. 

Compression means for bit rate reducing a signal has been described in 

published European patent applications 457 ,390Al (PHN 13.328) and 4S7 ,391Al (PHN 

1_3.329), the documents (7a) and (7b) respectively in the list of references. Further, reference 
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is made to two ISO/IBC MPEG-1 and MPEG-2 standard documents, the documents (9) and 

(10) respectively in the list of related documents. 

S The invention aims at providing further improvements to an encoder apparatus 

for encoding a plurality of information signals. 

In accordance with the invention, the apparatus for encoding a plurality of 

digital information signals, having 

- first input means for receiving a first digital information signal, 

10 - second input means for receiving a second digital informati0n signal, 

- tbird input means for receiving a thinl digital information signal, 

- fourth input means for receiving a fourth digital information signal, 

- fifth input means for receiving a fifth digital infonnation signal, 

- sixth Jnput means for receiving a sixth digital information signal, 

lS - seventh input means for receiving a seventh digital information signal, 

- matrixing means for pnerating a first and a second digital composite signal from the first 

to seventh digital information signals, the matrixing means comprising: 

- first signal combination means for combbiing the second and third digital information signal 

and being adapted to generate a first combination signal, 

20 - second signal combination means for combining the fifth and sixth digital information 

signal so u to obtain a second combination signal, 

- third signal combination means for combining the third, fourth and fifth digital information 

signals so as to obtain a thircJ. combination signal, 

- fourth Signal combination means for combining the first digital information signal and the 

2S first and third combination signal so as to obtain the first composite signal, 

- fifth signal combination means for combining the seventh digital information signal and the 

second and third combination signal so as to obtain the second composite signal, the 

ippuatus further comprising: 

.. first and second data compression means for data compressing the first and second 

30 composite signal so as to obtain first and second data reduced digital composite signals, 

- selection means for selecting one signal from a first group of five information signals so as 

to obtain a first auxiliary signal, said first group of five information signals comprising said 

first and seventh digital information signals and said fint, second and third combination · 

signals, for selecting another one of said first group so as to obtain a second auxiliary signal 
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and again another one of said first group so as to obtain a third auxiliary signal, the selection 

means further being adapted to select one signal from a second group of five information 

signals so as to obtain a fourth auxiliary signal, said second group of five signals comprising 

said second to sixth digital information signals and to, select another one of said second group 

S so as to obtain a fifth auxiliary signal, 

- third, fourth, fifth, sixth and seventh data compression means for data compressing the 

first, second, third, fourth and fifth auxiliary signal respectively so as to obtain first, second, 

third, fourth and fifth data reduced auxiliary signals respectively, 

- formatting means for combining the first and second data reduced composite. signals and the 

10 first, second, third, fourth and fifth data reduced auxiliary signals into a transmission signal 

suitable for transmission via a transmission medium. 

The invention is based on the followinc recognition. The invention resides in 

the objective to provide a 7-cbannel encoder apparatus, which is backwards compatible so as 

to enable not only 7-channel decoding, but also enables S-channel decoding and 2-chumel 

IS decoding usinl prior art MPEG-2 and MPEG..;1 decoders respectively. Such encoder 

apparatus is meant to encode not only the five signals introduced above, namely the signals 

for the left front loudspeaker (from now on defined as LL loudspeaker and LL signal), the 

right front loudspeaker (from now on defined as RR loudspeaker and RR signal), the center 

loudspeaker (from now on defined as CC loudspeaker and CC signal), the left rear 

20 (surround) loudspeaker {from now on defined as LS loudspeaker and LS signal) and the right 

rear (surround) loudspeaker (f'rom now on defined as RS loudspeaker and RS signal), but 

also two additional signals for a loudspeaker positioned between the left front loudspeaker 

and the center loudspeaker ~froni now on defined as LC loudspeaker and LC signal) and a 

loudspeaker positioned between the. right front louclspeater and the center loudspeaker (from 

2S now on defined as R.C loudspeaker and RC signal). The encoding must be realized such that 

decoding by a standard stereo decoder will result in the generation by the decoder of a 

compatible stereo signal, that decoding by a standard Swehannel decoder will result in the 

generation by the decoder of a compatible S-channel signal and that a corresponding 7-

channel decoder will result in the generation by the decoder of the original seven signals 

30 supplied to the encoder. 

These and other aspects of the invention will be apparent from and eluci~ 

further with reference to the embodiments described in the following figure description, in 



------------

W097/29554 
4 

which 

figure 1 shows a room for reproducing a 7-channel information signal via seven 

loudspeakers positioned in that room. 

figure 2 shows the matrixing circuit in the encoder appaxatus in accordance with 

S the invention, 

10 

figure 3 shows a further part of the encoder apparatus in accordance with the 

invention, 

figures 4 and S show various embodiments of the calculation unit in the 

encoder, for deriving the selection signals, 

figure 6 shows a further elaborated version of the calculation unit, 

figure 7 shows one selection of seven signals for transmission, 

figure 8 shows another selection of seven signals for transmission, 

figure 9 shows the mauixing circuit provided with the additional pre-

quantbation and de-quanmation measure carried out on the auxiliary signals, in the case of a 

15 selection of the auxiliary. signals as shown in figure 7, 

figures 9a, 9b and 9c show various further elaborations of parts of the 

matrixing circuit of figure 9, 

figure 10 shows the decoder apparatus in accordance with the invention, 

figure 1 Oa shows another embodiment of the decoder· apparatus in accordance · 

20 with the invention, . 

2S 

figure 11 shows the decoding of the transmission signal by a· prior art MPEG-2 

S-Channel decoder, 

figure 12 shows •. the decoding of the transmission signal by a prior art MPEG-1 

stereo decoder' 

figure 13 shows a frame included in the transmission signal, 

figure 14 shows the encoder apparatus included in a recording arrangement, and 

figure 15 shows the decoder apparatus included in a reproducing anangement. 

30 Figure 1 shows a room in which seven loudspeakers are positioned, more 

specifically, five loudspeakers are positioned in front of the listener and two are positioned 

behind the listener. The five loudspeakers in front of the listener are denoted LL, for the· 

extreme left position, RRt for the extreme right position. CC for the centre position, LC ·for 

the lou~speaker positioned in between the extreme left and centre loudspeaker and RC for the 
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loudspeaker positioned in between the extreme right loudspeaker and the centre loudspeaker. 

The two loudspeakers behind the listener are denoted LS for the left surround loudspeaker, 

positioned at the left side of the listener and RS for the right surround loudspeaker, 

positioned at the right side of the listener. Signals for powering the seven loudspeaker can be 

S obtained by positioning microphones at the same locations in the room and recording the 

seven signals thus obtained. Those signals will be denoted. with the same references as the 

loudSJ*]cers shown in figure 1. That is: the signal for the loudspeaker LS will also be 

denoted by LS, and so on. 
It should be noted that the seven signals could have been obtained in any other 

10 way using multiple microphones, q. more than 7, and using mixing. 

Having obtained the seven signals LS, LL, LC, CC, RC,.RR and RS, an 

encoder apparatus will be described for encoding the seven signals and converting them into 

a transmission signal for ttansmission via a transmission medium to a decoder with the 

possibility to decode the transmission signal into the seven signals. Encoding is realized by 

1S deriving an MPEG-1 compatible stereo signal L0,R0 from the seven signals in order to 

enable an MPEG-1 (2-channel stereo) decoder to decode the compatible stereo signal for 

normal stereo reproduction. Further, encoding is realized by deriving three auxiliary signals 

(a firat, second and thrid auxiliary signal) in order to enable an MPEG-2 (S-channel) decoder 

to derive the compatible stereo signal and further to decode the compatible stereo signal and 

20 the three auxiliary signals into compatible centre and surround left and. surround right signals 

for normal 5-channel (front left, right, centre and sunound left and surround right) 

reproduction. Moreover, two additional auxiliary signals are derived in the encoder so as to 

enable a 7-cbannel decoder !!> decode those signals into the original 7 signals for 

reproduction in the way disclosed in figure 1. 

2S Part of a first embodiment of the encoder is shown in figure 2 and another part 

.of the encoder is shown in figure 3. Figure 2 shows the part of the encoder for deriving the 

composite stereo signals La and R0 • The encoder bas input terminals l to 7 for receiving the 

seven information signals LS, LL, LC, CC, RC, RR and RS in digital form. The seven 

information signaJs may be wideband digital audio signals having a bandwidth of 20 lcHz, 

30 e.g. sampled at 44.1 or 48 kHz, or multip~ of those frequencies~ The input terminals 2 and 

3 are coupled to respective inputs 22 and 24 of a signal combination unit 10. An output 26 of 

the signal combination unit 10 is coupled to an input 28 of a signal combination unit 16. The 

input terminal I is coupled to an input 30 of the signal combination unit 16. The input 

terminal 3 is further coupled to an input 32 of a signal combination unit 14. The input 
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terminal 4 is coupled to an input 34 of the signal combination unit 14. The input terminal 5 

is coupled to inputs 36 and 38 of the signal combination unit 14 and a signal combination 

unit 12 respectively. The input terminal 6 is coupled to an input 40 of the signal combination 

unit 12, an output 42 of which is coupled to an input 44 or a signal combination unit 18. The 

S input terminal 7 is coupled to an input 46 of the signal combination unit 18. An output of the 

signal combination unit 14 is coupled to inputs 50 and 52 of the signal combiantion units 16 

and 18 respectively. 'lbe terminal S4 forms the output of the signal combination unit 16 and 

the tmminal 56 forms the output of the signal combination unit 18. Generally said, the signal 

combination units combine the signals applied to their inputs, by multiplying the signals by 

10 respective multiplier values and adding the multiplied signals. "Preferably, the signal 

combination units 10, 12, 16 and 18 are simply adders, whilst the signal combination unit 14 

multiplies the signals LC and RC by v 1 and v2 respectively, prior to adclin& them to the 

signal CC. The values v1 and v2 may be different from each other, but, generally, they will 

be equal to each other. As an example, the values v1 and v2 can both be chosen equal to 

IS mo. In such a situation, both multipliers in the signal combination unit 14 can be dispensed 

with and the inputs 32 and 36 and the connections or those inputs with the input terminals 3 

and S can be left out. If both values are equal to unity, the multipliers can be replaced by an 

intercQnnection. . 

At the terminals S4 and 56, the compatible stereo signals Lo and Ro are 

20 available. The compatible signals satisfy the following equations: 

2S 

Lo= LL+ (l+v1).LC +CC+ LS+ v2.RC 

Ro =.RR:+ {l+v~.RC +CC + RS + v1.LC 

(F.q.l) 

(F.q.2) 

The compatible signals Lo and Ro are supplied to data compression units 80 and 

82, shown in figure 3. The data reduced compatible signals are converted in the block 88 in 

figuie 3 into a transmission signal for transmission via a transmission medium (either a 

broadcast signal or a storage medium, such as a solid state memory, a magnetic or an optical 

rec:Ord carrier). The combining unit 88 combines the signals applied to its input into a serial 

30 datastream and possibly also carries out a channel encoding on the information comprised in 

the serial datastrcam. Document (5) in the list of related documents describe one way of 

channel encoding the serial datastream so as to obtain the transmission signal. Preferably, the 

serial datastream is in accordance with the ISO/IEC standard given in document (9). 

Upon reception by a receiver comprising a standard MPEG-1 decoder, this. 
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decoder is capable of decoding the compatible stereo signal ~.RJ for stereo reproduction 

via two loudspeakers positioned in a room, such as the two loudspeakers Ii and RR in 

figure 1. 

At the outputs 26, 42 and 48 of the signal combination units 10, 12 and 14 

5 iespectively, signals S1, Sr and Sc respectively are available that satisfy the following 

equations: 

10 

Sa=LL+LC 

Sr=RR+RC 

S0 = Vi .LC + V2.RC + CC 

(Eq.3) 

(F.q.4) 

(Eq.S) 

The encoder is further provided with five selector units 84.1 to 84.S, see figure 

3. The selector units 84.l to 84.3 each select a different one of the five signals LS, s., s0 , Sr 

and RS, supplied to the terminals 86.1 to 86.S respectively. From figure 1, it is clear that the 

15 terminal 86.1 is in fact coupled ~ the input terminal 1 or with the input 30 of the signal 

combination unit 16, for receiving the signal LS and that the terminal 86.5 is in fact coupled 

ID the terminal 7 or with the input 46 of the signal combination unit 18, for receiving the 

signal RS. Purther, the terminal 86.2 of figure 3 is coupled to the input 28 of the signal 

combination unit 16 or the output 26 of the signal combination unit 10, for receiving the 

20 signal S1• The terminal 86.3 of figure 3 is coupled to the input SO or S2 of the signal 

combination units 16 or 18, or to the output 48 of the signal combination unit 14. for 

m:eiving the signal Sc, and the terminal 86.4 of figure 3 is coupled to the input 44 of the 

signal combination unit 18 or to the output 42 of the signal combination unit 12, for 

receiving the signal Sr· 'lbc"Signal selected by the selectet 84.1 is callccl the first auxiliary 

25 signal, which is supplied to a data compression unit 86.1. The signal selected by the selector 

84.2 is called the second auxiliary signal, which is supplied to a data compression unit 86.2. 

The signal selected by the selector 84.3 is called the third auxiliary signal, which is supplied 

to a data compression unit 86.3. The data compressed first, second and third auxiliary signals 

are also converted in the block 88 and combined· with the data reduced compatible signals for 

30 transmission via the transmission medium. Preferably, the serial datastrea.m is in accordance 

with the ISO/IEC standard given in document (10). 

Upon reception by a receiver comprising a standard MPEG-2 (S-channel) 

decoder, this decoder is capable of decoding the compatible stereo signal <Lc,,RJ and the 

three auxiliary signals for a 5-channel surround reproduction via five loudspealcers in a room, 
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such as the loudspeakers U., CC, RR, LS and RS in figure 1. 

As an example, suppose the selectors 84.l to 84.3 have selected the signals LS, 

S1 and RS as the fmt, second and third auxiliary signals. The decoder wilI receive the signals 

Le,, LS, Si, RS and Ro· The eq. 1and2 given above can be replaced by 

Lo = S1 + S0 + LS 

R., = Sr + Sc + RS 

(i:4.6) 

(Eq.7) 

Inserting LS and S1 received by the decoder into eq. 6, and knowing Lo (also Jeeeived by the 

10 decoder), the decock:r is capable of regenerating the signal S0 •· Next, inserting Sc and RS into 

eq. 7, and knowing Re,, results in the signal S,. The signals Si. Sr, Sc, LS and RS can now 

be reproduced in a S-channel sunound reproduction mode by supplying the signal Si to the 

loudspeaker U., the signal Sr to the loudspeaker RR, the signal Sc to the loudspeaker CC, 

the signal LS to the loudspeaker LS and the signal RS to the loudspeaker RS in the room 

lS shown in figure 1. 

As regards the selection carried out by the selection units 84.1to84.3, it is said 

that some selections of 3 of the signals from the five signals available (LS, Si, ~c• s,, RS) 

are not allowed, as they do not.offer the poulbility of recovering all five sipals in the 

decoder. More specifically, it is not allowed to select the signals Sc:, Sr ind RS as the first, 

20 second and third auxiliary signals, as in this situation, the decoder is not able to regenerate 

the signals S1 and LS. In the same way, it is not allowed to select the signals s.,, Si and LS 

as the fir$l, second and third auxiliary signals, as in this situation, the decoder is not capable 

of regenemting the signals s,, .and RS. 

The selector units 84.4 and 84.S each seieci ·a: different one of the five sipals 

2S IL, LC, CC, RC and RR, supplied to the terminals 86.6 to 86.10 respectively. From the 

figures 2 and 3, it is clear that the terminal 86.6 is in fact coupled to the input terminal 2 or 

with the input 22 of the signal combination unit 10, for receiving the signal LL and that the 

terminal 86. 7 is in fact coupled to the terminal 3 or with one of the inputs 24 or 32 of the 

si~ combination units 10 or 14, for receiving the signal LC. Further, the terminal 86.8 of 

30 fiaure 3 is coupled to the input terminal 4 or with the input 34 of the signal combination unit 

14, for n=iving the signal CC. The terminal 86.9 of figure 3 is coupled to the input 

terminal Sor with one of the inputs 36 or 38 of the signal combination units 14 or 12 

respectively, for receiving the signal RC, and the terminal 86.10 of figure 3 is coupled to the 

input terminal 6 or with the input 40 of the signal combination unit 12, for receiving the 
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signal RR. The signal selected by the selector 84.4 is called the fourth auxiliary signal, 

which is supplied to a data compreuion unit 86.4. The signal selected by the selector 84.S is 

called the fifth auxiliary signal, which is supplied to a data compression unit 86.S. The data 

compressed fourth and fifth auxiliary signals are also converttd in the block 88 and 

s combined with the data reduced compatible signals and the data reduced first, second and 

third auxiliary signals for transmission via the transmission medium. Upon reception by a 

m:eiver comprising an improved 7-channel decoder {to be described later), this decoder is 

capable of decoding the compatible steieo signal <Lc,,RJ and the five auxiliary signals for a 

7-channel surround reproduction via seven loudspeakers in a room, such as the loudspeakers 

10 LL, LC, CC, RC, RR, LS and RS in figure 1. 

IS 

As an example, suppose the selectors 84.1 to 84.3 have (again) selected the 

signals LS, s1 and RS as the first, second and third auxiliary signals and the selectors 84.4 

and 84.S have selected the signals LC and CC as the fourth and fifth auxiliary signals. The 

decoder will receive the signals Le,, LS, S1, RS, Ru· LC and CC. 

Using eq. 1 given above and inserting therein the signals L.,, LC, CC and LS, 

all received by the decoder, the decoder is capable of regenerating the signal LL, assuming 

v1 is known. Further, using eq. 6 given above, one can obtain Sc, which itself satisfies the 

equation S given above. 

Knowing Sc, and inserting CC and LC into equation S, results in RC, assuming 

20 v2 is known. Now inserting RC, CC and RS into equation 2 above, results in RR. The 

signals LS, U.t LC, CC, RC, RR and RS can now be reproduced in a 7-channel surround 

ieproduction mode by supplying the signal LL to the loudspeaker LL, the signal .RR to the 

loudspeaker RR, the signal CC to the loudspeaker CC, the signal LC to the loudspeaker LC, 

the signal RC to the lo~ RC, the signal LS to the loudspeaker LS and the signal RS 

2S to the loudspeaker RS in the room shown in figure 1. 

As regards the selection carried out by the selection units 84.4 and 84.S, it is 

said that some selections of 2 of the signals from the five signals available (LL, LC, CC, 

RC, RR) are not allowed, as they do not offer the possibility of recovering all seven signals 

in the decoder. More specifically, it is not allowed to select the signals RR and RC as the 

30 fourth and fifth auxiliary signals, as in this situation, the decoder is not able to regenerate the 

signals LL, LC and CC. In the same way, it is not allowed to select the signals LC and LL 

as the fourth and fifth auxiliary signals, as in this situation, the decoder is not capable of 

regenerating the signals RC, RR and CC. 

Further, if v1 =O, one of the signals LL and LC must be selected and one of the 
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signals CC, RC and RR in order to obtain the fourth and fifth auxiliary signals, and, if 

v2•0, one of the signals RC and RR must be selected and one of the signals cc, LC and 

LL in order to obtain the fourth and fifth auxiliary signals. If both v1 and v2 are t.ero, one of 

the signals LL and LC and one of the signals RR and RC must be selected. 

The selection of the auxiliary signals can be realized as follows. The encoder 

apparatus is provided with a calculation unit 94, shown in figure 4, which receives as input 

signals the signals LS, S1, Sc,. Sr, RS, LL, LC, CC, RC and RR. The calculation unit 94 

generates five selection signals denoted by encircled numbers 1, 2, 3, 4 and S. The selection 

signal with encircled number 1 is supplied to a selection input 90.1 of the selector unit 84.1, 

10 see figure 3. The selection signal with encircled number 2 is supplied to a selection input 

90.2 of the selector unit 84.2. 1he ·selection signal with encircled number 3 is supplied to a 

selection input 90.3 of the selector unit 84.3. The selection signal with encircled number 4 is 

15 

supplied to a selecdon input 90.4 of the selector unit 84A. The selection signal with 

encircled number S is supplied to a selection input 90.S of the selector unit 84.S. · 

It will be clear that, in order to enable the decoder to decode the seven original 

signals from the signals transmitted via and received from the transmission mecliu~, it will 

be required to transmit the selection signals together with the transmitted signals. Therefore, 

in the embodiment of figure 3, the selection signals are supplied via the line 96 to the signal 

combining unit 88 •. The selection signals are included in the transmission signal. for 

20 transmission, so that they can be retrieved by the decoder upon reception~ . 

Various algorithms are possible to generate the five selection signals ftom the 

input signals supplied to the calculation unit 94. In one embodiment of the calculation unit 

94, shown in figure 4, the ~culation unit is given the reference numeral 94a and is adapted 

to calculate the amount of data Jedµction to be a?iieved "With the data compressor units 84.1 

· 25 to 84.S dependent of which of the three signals from the first group of five signals (LS, s_, 
S0 , Sr RS) have been chosen as the first to third auxiliary signals and which of the two 

signals from the second group of five signals (LL, LC, CC, RC, .RR> have been chosen as 

the fourth and fifth auxiliary signals. The calculation unit 94a is further adapted to establish 

those selections of three signals from the first group of five signals and two signals from the 

30 second group of five signals that result in the largest amount of data reduction to be achieved 

and generates the five selection signals in response thereto. 

In another embodiment of the calculation unit 94, shown in figure S, the 

calculation unit 94 is given the reference numeral 94b and has iwo further inputs for 

. receiving the signals L0 
and Re,. The calculation unit 94b is adapted to calculate the amount 
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of data !eduction to be achieved with the data compressor units 80, 82 and 86.1 to 86.S of 

fipre 3 dependent of which of the three signals from the first group of five signals (LS, Si, 
Sc, Sr, RS) have been chosen as the first to third auxiliary signals and which of the two 

sipals from the second group of five signals (LL, LC, CC, RC, RR) have been chosen as 

S the fourth and fifth aJRiliary signals. The calculation unit 94b is further adapted to establish 

those sclections of three signals from the first group of five signals and two signals. from the 

second group of five signals that result in the largest amount of data reduction to be achieved 

and to generate the five selection signals in response thereto. 

In again another embodiment of the calculation unit 94, not shown in a figure, 

10 the ca1cuJation unit 94 is adapted to calculate the amount of data reduction to be achieved 

with the data compressor units 80 and 82 of figure 3 dependent of which of the three signals 

from the first group of five signals (LS, S1, s0 , S,, RS) have been chosen as the first to third 

auxiliary sianals and which of the two signals from the second group of five signals (LL, 

LC, CC, RC, RR) have been chosen as the fourth and fifth auxiliary signals. This 

1S embodiment of the calculation unit 94 is further adapted to establish those selections of thn:e 

signals from the first group of five signals and two signals from the second group of five 

signals that result in the largest amount of data reduction to be achieved and to generate the 

five selection signals in response them<>. 

It seems not evident that different selections of three of the five signals of the 

20 first group {13, Si. S0, Sr, RS) and of two of the five signals of the second group (LL, LC, 

CC, RC, RR) will lead to different data reduction ratios in the data compressor units 80 and 

82. It should be noted that they do. This will be explained with reference to the figures 7 and 

8. Figure 7 shows a situation where the signals LS, Si and RS have been selected as the first, . 
second and third auxiliary signals .and are supplied to the data compressor units 86.1, 86.2 

2S and 86.3 respectively, via the selector units 84.1, 84,2 and 84.3 respectively of figure 3, but 

not shown in figuie 7. Further, the signals LC and CC have been selected as the fourth and 

fifth auxiliary signals. Those signals are thus supplied to the data compressor units 86.4 and 

86.S respectively, via the selector units 84.4 and 84.S respectively of figure 3, bit not shown 

in figure 7. Further, figure 7 shows the data compression units 80 and 82 for data 

30 compre.uing the signals Lo and Ro respectively. 

Prior art publications describe the way in which a data reduction can be carried 

out on a signal applied to a data compressor unit 80, 82, 86.i, where i runs from 1 to s. 
Reference is made in this respect to the various documents cited in the list of documents, at 

the end of this description. One of such data reduction techniques is the subband coding data 
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reduction technique, as applied in MPEG·l and MPEG-2 and DAB (digital audio broadcast). 

Documents describing the subband coding data reduction technique are the documents (3), 

(4), (6), (7a), (7b), (9) and (10). In this data reduction technique, signal components below a 

masked threshold are left out. 1be masked threshold is obtained from the signal to ~ data 

S reduced. 

The documents (la), (lb), (2) and (8) describe multi-channel transmission 

systems in which a compatible stereo signal, the signals Lo and Ro described above, are data 

reduced. In such situations, the masked threshold is generally not obtained from the 

compatible signals itself, but from any original signal from which the compatible signals 

10 bave been derived. More specifically, the masked threshold for data reducing the L
0 

component is obtained from a signal that is not transmitted as an auxiliary signal. In the 

same way, the masked threshold for data reducing the Ro component is obtained from a 

signal that is not ttansmitted as an auxiliary signal. 

Applying these teachings to the situation described in fi&ure 7, the mas1ced 

15 threshold for the data compression unit 80 cannot come from the signals LS and S1, as they 

are both transmitted as auxiliary signals. The masked threshold should thus come via 1he 

signal Sc, as Sc is not transmitted as auxiliary signal. As both the signals LC _and CC are 

transmitted as auxiliary signals, this means that the masked threshold for the data compressor 

unit 80 must be derived from the signal RC. The masked threshold for the data compression . 

20 unit 82 cannot come from the signal RS. as it is transmitted as auxiliary signal. The masked 

threshold should thus come via the signal Sr, as the signal Sc has already been used for 

deriving the inasked threshold for L0 • As the signal RC has been used for obtaining the 

masked threshold for Le,. thi~. means that the masked threshold for the data compressor unit 

82 must be derived from the signal RR. 

2S To complete the discussion of the masked thresholds for the other data 

compression units, the following can be said. The masked threshold for the data compression 

unit 86.1 is derived from LS, as usual. The masked threshold for the data compression unit 

86.3 is derived from RS, as usual. The masked threshold for the data compression unit 86.4 

is derived from LC, as usual. The masked threshold for the data compression unit 86.S is 

30 derived from CC, as usual. The masked threshold for the data compression unit 86.2 

requires a further discussion, as the masked threshold for this compression unit may be 

derived from LL or LC. ·As the signal LC has already been used for deriving the masked 

threshold for the data compression unit 86.4, this means that the signal LL is used for 

deriving the masked threshold for the data compression unit 86.2. 
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Figure 8 shows another selection of the fi"'.e auxiliary signals. Figure 8 shows a 

situation where the signals S1, Sc; and. RS have been selected as the first, second and third 

auxiliary signals and are supplied to the data compressor units 86.1, 86.2 and 86.3 

respectively, via the selector units 84.1, 84,2 and 84.3 respectively of figure 3, but not 

S shown in figure 8. Further, the signals LL and RC have been selected as the fourth and fifth 

auxiliary signals.· Those signals are thus supplied to the data compressor units 86.4 and 86.S 

mpectively, via the selector units 84.4 and 84.5 respectively of figure 3, but not shown in 

figure 8. Further, figure 8 again shows the data compression units 80 and 82 for data 

compiessing the signals L., and Ro respectively. 

10 The masked threshold for the data compnsion unit 80 cannot come from the 

signals Si and Sc, as they are both transmitted as auxiliary signals. The masked threshold 

should thus come from the signal LS, as LS is not transmitted as auxiliary signal. The 

masked threshold for the data compression unit 82 cannot come from the signals RS and Sc, 
as both are transmitted as auxiliary signals. The masked threshold should thus come via the 

lS signal S1• As the signal RC is transmitted as auxiliary signal, this means that the masked 

threahold for the data compressor unit 82 must be derived from the signal RR. 

To complete the discussion of the masked thresholds for the other data 

compression units, the following can be said. The masked threshold for the data compression 

unit 86.1 is derived from LC, as LL is transmitted as auxiliary signal. The masked threshold 

20 for the data compression unit 86.3 is derived from RS, as usual. The masked threshold for 

the data compression unit 86.4 is derived from LL, as usual. The masked threshold for the 

data compression unit 86.S is derived from RC, as usual. The masked threshold for the data 

compression unit 86.2 requires a funher discussion, as the masked threshold for this 

compression unit may be derived from CC, RC or LC. ·As the signals RC and LC have 

2S already been used for deriving the masked thresholds for the data compression units 86.S and 

86.1 respectively, this means that the signal CC is used for deriving the masked threshold for 

the data compression unit 86.2. 

The conclusion should thus be that, in the situation shown in figure 7, the 

masked thresholds for the data compression units 80 and 82 are obtained from the signals RC 

30 and.~ respectively and that, in the situadon shown in figure 8, the masked thresholds for 

the data compression units 80 and 82 are obtained from the signals LS and RR respectively. 

Different masked threshold will thus generally lead to different data reduction ratios in the 

data compression units 80 and 82, as a result of different selections for the five auxiliary . 

signals. 
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In order to provide the data compression units 80, 82 and 86.1 to 86.S with the 

correct masked thresholds in order to carry out a data compression step, the calculation unit 

94 will be further discussed with reference to figure 6. The calculation unit 94 must at least 

receive the seven original signals LS, IL, LC, CC, RC, RR and RS as, as has been 

S explained above, in the end the seven masked thresholds iequired for the seven data 

compression units 80, 82 and 84.1 to 84.S are the seven. masked thtcsholds obtained from the 

seven original signals. Those seven signals are supplied to seven masked threshold 

calaaJatms 97.1 to 97. 7. The masked threshold calculators 97 .1 to 97. 7 calculate seven 

masked thresholds mthr(LS), mthr(LL), mthr(LC), mthr(CC), mthr(RC), mthr(RR) and 

10 mthr(RS), respectively. 1be seven masked duesholds are supplied to a switching unit 98, 

which connects one of the seven inputs to one of its seven outputs, in response to a switching 

signal sw supplied to a control signal input 99. One of the outputs of the switching unit 98, 

denoted with the encircled number 6, supplies one of the seven masked thresholds to the data 

compression unit 80, see also figute 3. The second output of the switching unit 98, denoted 

15 with the encircled number 7, supplies another one of the seven masked thresholds to the dala 

compression unit 82. The third output of the switching unit 98, denoted with the encircled 

number 8, supplies agam another one of the seven masked thresholds to the data compression 

unit 86.1. The fourth output of the switching unit 98, denoted with the encircled number9, 

supplies again another one. of the seven masked thresholds to the data compiession unit 86.2. 

20 The fifth output of the switching unit 98, denoted with the encircled number 10, supplies 

apin another one of the seven masked thresholds to the data compression unit 86.3. The 

sixth output of the switching unit 98, denoted with the encircled number 11, supplies again 

another one of the seven JDas\Ced thresholds to the data compression unit 86.4. The seventh 

output of the switching unit 98, d~oted with the encircled number 12, supplies again another 

2S one of the seven masked· thresholds to the data compression unit 86:5. 

The switching signal sw is supplied by an arithmetic unit 101. This arithmetic 

unit 101 further receives the seven masked thresholds generated by the masked threshold 

calculators 97.1to97.7, as well as the original seven signals LS, LL, LC, CC, RC, RR and 

RS and at least the signals Sb Sc and Sr, namely in the embodiment of the calculation unit 

30 94a, described above with reference to figure 4. ln case of the second embodiment of the 

calculation unit 94b, described with reference to figure 5, as well as the third embodiment, 

also 1he signals Lo and R0 need to be supplied to the arithmetic unit 101. The arithmetic unit 

101 is controlled by means of a central processing unit 102. 

In the (first) embodiment of the calculation unit 94a, the arithmetic unit 101 is 
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adapted to calculate the amount of data reduction to be achieved with the data compressor 

units 84.1 to 84.S dependent of which of the three signals from the fll'St group of five signals 

(LS, S1, S0
, s,, RS) have been chosen as the fust to tldrd auxiliary signals and which of the 

two signals from the second group of five signals (U,, LC, CC, RC, RR) have been chosen 

S as the fourth and fifth auxiliary signals. The arithmetic unit 101 is further adapted to 

establish those selections of three signals from the first group of five signals and two signals 

from the second group of five signals that result in the largest amount of data reduction to be 

achieved and generates the five selection signals in response thereto. Those selection signals 

ue supplied as the output signals of the calculation unit 94a. Further, a switching silnal sw 

10 is generated by the arithmetic unit 101 in response to the five selection signals generated, so 

that the correct masked thresholds are supplied to the seven data compression units 80, 82 

and 86.t to 86.S. 

In the (second) embodiment of the calculation unit 94b, also the signals I.,, and 

R0 need to be supplied to the arithmetic unit 101, and the arithmetic unit 101 is adapted to 

15 calculate the amount of .data reduction to be achieved with the data compressor units 80, 82 

and 86.1 to 86.S ·of figure 3 dependent of which of the three signals from the first group of 

five signals (LS, Si, Sc, s,, RS) have been chosen as the first to third auxiliary signals and 

which of the two signals from the second group of five signals (LL, LC,. CC,. RC,. RR) have 

been chosen as the fourth and fifth auxiliary signals. The arithmetic unif 101 is further. 

20 adapted to establish: those selections .. of three signals from the first group of five signals and 

two signals from the second group of five signals that result in the largest amount of data 

reduction to be achieved and to generate the five selection signals in response thereto. Those 

selection signals are supplied as the output signals of the calculation unit 94b. Further, a 

switching signal sw is ~ by the arithmetic unit -1-01 in response to the five selection 

2S signals generated, so that the correct masked thresholds are supplied to the seven data 

compression units 80, 82 and 86.1 to 86.S. 

30 

From the foregoing descriptiont it is clear that the original seven information 

signals LS, U., LC, CC, RC, RR and RS are applied to the matrixing circuit described with 

reference to figure 2. See also the figures 7 and 8 in this respect. 

The masked threshold control signals, denoted encircled numbers 6 to 12 are 

supplied to the combining unit 88 as well for transmission to the decoder, as is shown in 

figure 3. 

A further measure that can be applied to the encoder apparatus, is the measure 

to data compress and subsequently expand the selected auxiliary signals prior to applying 
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them to the matrixing circuit of figum 2. This measure is shown in figure 9, going out from 

the situation given in fipre 7, where the signals LS, s., RS, LC and CC had been selected . 

as auxiliary signals. As can be seen, in the figure 9, each data compression unit 86.i is 

followed by a data expansion unit 100.i (where i runs from 1 to 5). At the output of the 

S expansion ~t, a replica of the original signal applied to the preceding compression unit is 

obtained, which. is further used in the matrixing circuit for obtaining the compatible signals 

Lo and Ro· An extensive discussion of this measure of pre-quantb:ation and subsequent 

expansion is given in the documents (2) and (8). The outputs of the compression units 86.1 

to 86.5 are supplied to the combining unit 88 of figure 3, as is indicated in figure 9. 

10 Document (8) of the list of related documents, given below, more specifically 

the figures 11 and 12 in that document, discloses a further improvement. Figure 11 in that 

document describes the measure to data expand a data compressed signal directly after 

compression. 'Ibe data expanded signal and the original signal (LJ, prior to compression, 

are subtracted from each other and the difference signal thus obtained is supplied to the other 

15 signal (RJ. This bas been made visible in figure 9a. An additional data expander unit 200 

expands the da1a compressed signal L0 in order to obtain a replica of the signal Le,, which is 

supplied to an input of a signal combination unit 202, which functions as a subtractor unit. 

The oriainal signal L 0 is supplied to another input of the unit 202. The difference signal thus 

obtained is supplied to the signal combination unit 18' via an amplifier unit 204. The 

20 amplification factor of the amplifier unit 204 is preferably equal to (1 +vv/v2• More . 

preferably, the difference signal is supplied to the signal combination unit 18' after 

amplification by a factor of unity and supplied to the signal combination unit 12 after 

amplification by a factor of l!y2• 

Instead of applying the teachings of figure ii. ·or the clocumcnt (8), one could 

2S have applied the teachings of figure 12 of document (8). This results in coupling the input of 

the additional data expansion unit 200 to the output of the data compression unit 82, coupling 

the second input of the subtractor unit 202 to the output of the signal combination unit 18 

and coupling the output of the subtractor unit 202 to the signal combination unit 16, and 

preferably also coupling the output of the subtractor unit 202 to the signal combination unit 

30 10. The amplification factor of the amplifier unit 204 is now preferably equal to (1+v1)/v1• 

In the more preferable situation that the difference signal is supplied to the signal 

combination unit 16 as well as to the combination unit 10, the difference signal is supplied to 

the combination unit 16 after amplification by a factor of unity and supplied to the signal 

combination unit 10 after amplification by a factor of l/v1• 
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The teachings of the figures 11 and 12 of document (8) can also be applied at 

other locations in the circuit of figure 9. This is shown in figure 9b. The additional data 

expander unit 200 expands the data compressed signal S1 in order to obtain a replica of the 

signal s1, which is supplied to the subtractor unit 202. The original signal S1 is supplied to 

S the other input of the unit 202. The difference signal thus obtained is supplied to the signal 

combination unit 14• via the amplifier unit 204', which now preferably has an amplification 

factor of v 1• 

Instead of applying the teachings of figure 11 of the document (8), one could 

have applied the teachings of figure 12 of document (8) to the signal Sr. 1bis results· in a 

10 series arrangement of a data compression unit and a data expansion unit in the 
interconnection between the combination units 12 and 18. The output of the subtractor unit 

202 is now coupled to the signal combination unit 14, via an amplifier unit having an 

amplification factor of v2• 

Applying the teachings of the figures 11 and 12 of document (8) to the signal 

lS Sc, n:sults in ·the circuit construction shown in figure 9c. A series arrangement of a • 

compression unit and a data expansion unit are provided in the interconnection between the 

combination unit 14 and the combination units 16 and 18. The output of the subtractor unit 

202 is now coupled to either the signal combination unit 10 or the signal combination unit 

12'. Figure 9c shows a coupling to the combination unit 12'. The amplification factor of the 

20 amplifier unit 204'' equals l/v2• If the amplifier unit 204'' is coupled to the combination unit 

10, the ampJification factor will be l/v1• 

Figure 10 shows an embodiment of a 7-channel decoder apparatus for decoding 

the transmission signal into replicas of the original signals. The decoder apparatus has an 

input for receiving the tran~on signal. The transnu""slion signal is supplied to a 

2S demultiplexer unit 112, after having carried out a channel decoding step, which is the inverse 

of the channel encoding step carried out in the encoder. The demultiplexer unit 112 is 

capable of retrieving the seven signal components, that is: the data compressed compatible 

signals Lo and Re,, and the data compreued first to fifth auxiliary signals from the serial 

datastream and supplies the data teduced compatible signal Lo to an output 114.1, the 

30 dataMduced compatible signal Ro to an output 114.2 and the first to fifth data reduced 

auxiliary signals to outputs 114.3 to 114.7 respectively. Further, the demultiplexer unit 112 

retrieves the selection signals from the serial datastream and supplies the selection signals to 

an output 116. The outputs 114.1 to 114.7 are coupled to inputs of respective data expansion 

units 118.1 to 118.7. At the outputs of the expansion units 118.1 to 118.7, replicas of the 
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original signals applied to the data compression units 80, 82, 86.1to86.S become available., 

in iesponse to the masking control signals denoted encircled numbers 6 to 12, also retrieved -

by the demultiplexer unit 112 from the transmission signal. The replicas are supplied to 

respective inputs of a dematrixing unit 120. The selection signals retrieved by the 

S demultiplexer 112 are supplied to a control input 122 of the dematrixing unit 120, so as to 

dematrix the signals applied to its inputs 124.1 to 124.7 into the replicas of the original 

signals LS, U., LC, CC, RC, RR and RS. 

Figure lOa shows another embodiment of the decoder apparatus in accordance 

with the invention. 1be decoder apparatus shows large resembalce with the decoder apparatus 

10 of figure 10. Instead of having one dematrixing unit 120, as in figure 10, the apparatus of 

figure lOa hu two dematrixing units 120' and 120". The demultiplexer unit 112 retrieves 

the selection signals from the serial datastream and supplies part of the selection signals, 

namely the selection signal denoted by encircled numbers 1, 2 and 3 to the control input 122' 

of the dematrixing unit 120' and supplies the remaining part of the selection sicnals, namely 

15 the selection signal denoted by encircled numbers 4 and S t.o the control input 122'' of the 

dematrixing unit 120°. The dematrixing unit 120' :receives the two compatible signals ~ and 

R., and the first, second and third auxiliary signals and generates the signals LS, Sa, Sr, Sc 

and RS in response to the selection control signal supplied to the control signal input 122'. 

The clematrixing unit 120" receives the signals Si, S, and Sc, as supplied by the dematrixing 

20 unit 120•, u well as the founh and fifth auxiliary signals and generates the signals U., LC, 

CC, RC and RR in response to the selection control signal supplied to the control signal 

input 122". 

Figure 11 shmys a prior art 5""Channel decoder apparatus of the MPEG-2 type, 

for decoding the transmission signal. The decoder apparatus has an input for receiving the 

2S transmission signal generated by the encoder described above, thus including signal p0rtions 

of seven signals. The transmission signal is supplied to a demultiplexer unit 132, after having 

canied out a channel decoding step, which is the inverse of the channel encoding step carried 

out in the encoder. As the transmission signal is backwards compatible, as will be explained 

later, the demultiplexer unit 132 is capable of retrieving the first five signal components, that 

30 is: the data compressed compatible signals L0 and :a_,, and the data compressed first, second 

and third auxiliary signals from the serial datastream and supplies the data mluced 

compatible signal L0 to an output 134.1, the datareduced compatible signal Re, to an output 

134.2 and the first, second and third data reduced auxiliary signals to outputs 134.3 to 134.5 

respectively. The demultiplexer thus ignores the data reduced fourth and fifth auxiliary 
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signals included in the serial datastream. Further, the demultiplexer unit 132 retrieves the 

selection signals, denoted with encircled numbers 1, 2 and 3, from the serial darastream and -

supplies the selection signals to an output 136. Again, the demultiplexer ignores the selection 

signals denoted with encircled numbers 4 and S and included in the serial datastream. The 

S outputs 134.1to134.S are coupled to inputs of respective data expansion units 138.1 to 

138.S •. At the outputs of the expansion units 138.1 to 138.5, replicas of the original signals 

applied to the data compression units 80, 82, 86.1, 86.2 and 86.3 become available and are 

supplied to respective inputs of a dematrixing unit 140. The selection signals retrieved by the 

demultiplexer 132 are supplied to a· control input 142 of the dematrixing unit 140, so as to 

10 dematrix the signals applied to its inputs 144.1 to 144.S into the replicas of the original 

signals LS, 81, Sc, Sr and RS. 

Figme 12 shows a prior art 2-channel decoder apparatus of the MPEG-1 type 

for decoding the transmission signal. The decoder apparatus has an input for receiving the 

transmission signal generated by the encoder described above, thus includin1 signal portions 

15 of seven signals. The uansmission signal is· supplied to a demultiplexer unit lSl, after having 

carried out a channel decoding step, which is the inverse of the channel encoding step carried 

out in the encoder. As the transmission signal is backwards compatible, as will be explained 

later, the demultiplexer unit 152 is capable of retrieving the data compressed compatible 

signals L0 and R., from the serial datastream and supplies the data reduc:Cd compatible signal 

20 L0 to an output 154.1 and the datareduced compatible signal Ro to an output 154.2 

respectively. The demultiplexer thus ignores the data reduced first to fifth auxiliary signals 

included in the serial datastream. Further, the demultiplexer unit 152 ignores the selection 

signals. The outp\its 154.1 and 154.S are coupled to inputs of respective data expansion units 

lS8.1 and 1S8.S. At the ouiputs of the expansion units ·1ss.1 and 158.S, replicas of the 

25 original compatible signals L.,and R0 applied to the data compression units 80 and 82 become 

available. 

Figure 13 she>Ws an example of the sequence in which the seven signal 

components arc included in the transmission signal. Figure 13 shows schematically a frame F 

of information. The frame F comprises first, second and third frame portions FPl, FP2 and 

30 FP3 resp=tively. ~e first frame portion FPl comprises a header portion, denoted BDR, 

and a data portion, denoted DPl. The data portion DPl comprises so-called MPEG-1 

information. 'Ibis is the subband information discussed in document (3), such as allocation 

information, scale factors and quantized samples of a left and right hand signal component of 

a stereo signal. In terms of the signals described above, the compatible signals Lo and R0 arc 
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stoled after data compression by the above described encoder in this dataportion DPl. The 

second frame portion FP2 comprises a header portion, denoted EXTHDR, and a data portion 

DP2. The data portion DP2 is meant for storing additional data. In terms of the signals 

described above, a block of information comprising data of the first. second and third data 

S reduced auxiliary signals is stoml in this data portion DP2. This is denoted in figure 13 as 

MPEG-2 info. 1be third frame portion PP3 comprises a header portion, also denoted 

EXTHDR, and a data portion DP3. The data portion DP3 is meant for storing additional 

data. In terms of the signals described above, a block of infonnation comprising data of the 

data reduced fourth and fifth auxiliary signals is included in said data portion DPJ, sec figure 

10 13. The header portion EXTHDR of the second frame portion FP2 comprises a first 

identifier, identifyin1 the data in the data portion DP2 as MPEG-2 information. Said in a 

different way: the first identifier identifies the information comprised in the data po11ion DP2 

as information corresponding to the data compressed first, second and third auxiliary signals. 

The header portion of the second frame portion FP2 further comprises the selection signals 

1S denoted earlier by the encircled numbers 1, 2 and 3. The header portion EXTHDR. of the 

thild frame portion FP3 comprises a second identifier, idcntifyin& the data in the data portion 

DP3 u the 7-channel extension information. Said in a different way: the second identifier 

identifies the information comprised in the data portion DP3 as information corresponding to 

the data compressed fourth and fifth auxiliary signals. The header portion of the third frame 

20 portion PP3 further comprises the selection signaJs denoted earlier by the encircled numbers 

4 ands. 
The frame shown in figure 13 may or may not fit in a fnune as defined in the 

· documents (3) or (9), ~t of the number of bits that need to be stored in the frame of 

figure 13. If it does not tit, the overload portion. will be· itOred in a separate stream, as 

2S defined in document (10). 

A prior art MPEG-1 stereo decoder, such as described in document (3) will 

recognize the information stmed in the first frame portion FPl as being stereo information 

and supply the replicas of the two compatible signals Lu and Ro at its output. The MPEG-1 

decoder will ignore the data contained in the frame portions FP2 and FP3 as, if it tries to 

30 decode this information, it will recognize the information as ancillary data, not being audio 

data. A prior art MPEG-2 S-channel decoder, such as described in the documents (2) and 

(8), will recognize the infonnation stored in the frame portion FPl and the MPBG-2 

information stored in the frame portion FP2 as being a S-cbannel information stream and 

supply the replicas of the signals LS, Si. Sc, S, and RS to its outputs. The MPEG-2 decoder 
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will ignore the da~ contained in the frame portion FP3 as, if it tries to decode this 

information, it will recognize the information as ancillary data, not being audio data. The 

above described 7-channel decoder is capable of recognizing the complete datastream and 

recover the replicas of the seven original signals LS, LL, LC, CC, RC, RR and RS. 

The encoder apparatus can be used in an arrangement for storing the signal 

supplied by the encoder apparatus on a storage medium, such as a record carrier. Figure 14 

schematically shows such a storage arrangement in the form of a recording amngement. The 

block denoted by 190 is the encoder apparatus described above. The block denoted by 191 

can be a channel encoder, if the channel encoder is not incorporated in the combining unit 

10 88. In the channel encoder, the signal applied to its input 192 is encoded in, as an example a 

Rml-SOlomon encoder, and an interleaver, so as to enable an error correction to be carried 

out in the receiver. Further, again as an example, an 8-tc>-10 modulation well known in the 

art, see document (5) in the list of references, is carried out. The signal thus obtained is 

recorded in one track or a multiplicity of tracks on a record carrier 193, such as a magnetic 

1S or optical record carrier, by means of writing means 194, such as a magnetic or optical head 

19S. The storage medium may alternatively be a solid state memory. 

An arrangement. for retrieving the information from the storage medium is 

shown in figure 15. Figure JS shows an arrangement for reproducing the transmission signal 

from the above record carrier. A channel decoding must be carried out on the reproduced 

20 information which is inverse to the channel encoding during recording. That is: a 10-to-8 

reconversion must be carried out, followed by an error correction and a de-interleaving. This 

is followed by the decoder apparatus shown in figure 10 or lOa. Figure 15 show blocks 194', 

191' and 190' that reali1.e signal processing activities which are the inverse of the signal 

processing activities in the blocks 194, 191 and 190 respectively of the arrangement of figure 

2S 14. 

Some additional features will be described now, that may be added to the 

encoder apparatus. Suppose that, during a certain time interval a mono surround signal is 

applied to the encoder apparatus. That is: lS = RS. 'lbe encoder apparatus may be provided 

with a switch which can be actuated by the user. If the user knows that the 7-channel signal 

30 applied to the encoder apparatus has a mono surround component, he can switch the encoder 

apparatus into a mono-surround transmission mode. In this mono-surround transmission 

mode, the encoder apparatus connects the inputs 1 and 7 together. Further, during selection, 

the encoder apparatus selects only two auxiliary signals from a first group of four signals, 

which are the signals LS, Si· Sr and Sc and selects two signals from the second group of 
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signals LL, LC, CC, RC and RR. Note that the second selection is as usual, but that one 

auxiliary signal less is selected in the first selection. Further, a flag indicating the mono­

surround situation is generated and transmitted in the transmiSsion signal so as to indicare to 

the decoder apparatus that it should switch itself to a mono-surround decoclina mode. 

5 "lbe encoder apparatus could have been provided with a detector to detect a 

mono-surround situation by monitoring the signals LS and RS and to switch the encoder 

apparatus into the mono-surround encoding mode automatically, upon detection of such 

mono-sunound situation. 

Suppose now that the surround signals LS and RS are absent. The encoder 

10 apparatus now switches into a no-surround encoding mode, either upon a manual activation 

or upon detection by means of an internal detector. During selection, the encoder apparatus 

now selects only one auxiliary signal from a first" group of three signals, which are tile 

signals Si, Sr and Sc and selects two .signals from the second group of signals LL, LC, CC, 

RC and RR. Note that the second selection is again as usual, but that now only one auxiliary 

IS signal is selected in the first selection. Further, another flag indicating the no-surround 

situation is generated and transmitted in the transmission signal so as to indicate to the 

decoder apparatus that it should switch itself to a no-surmund decoding mode. 

Suppose now 1hat the centre signal CC is absent. The encoder apparatus now 

switches into a no-centre signal encoding mode, either upon a manual activation or upon 

20 · detection by means of an intemal detector. During selection, v 1 and v2 both beina non zero, 

the encoder apparatus now selects only one auxiliary signal from the group of signals U-, 

~ RC and RR. If v 1 = 0, the encoder apparatus now selects only one auxiliary signal 

from the group of signals LL.Jllld LC. Ifv2 = 0, the encoder apparatus now selects .only one 

auxiliary sjgnal from the group of signals RR and RC. If vi = V2 = 0, the encoder 

· 2S apparatus now selects one auxiliary signal from the group of signals LL and LC and one 

auxiliary signal from the group of signals RR and RC. Again another flag signal is 

transmitted in order to switch the decoder apparatus into a no-centre signal decoding mode. 

Whilst the present invention has been described with respect to preferred 

embodiments thereof, it is to be understood that these are not !imitative examples. Thus, 

30 various modifications may become apparent to those skilled in the art, without departing 

from the scope of the invention, as defined by the claims. As an example, the invention has 

been described using wideband digital information signals LS, LL, LC, CC, RC, RR and 

RS. It should however be noted that the signals LS, LL, LC, CC, RC, RR and RS described 

and discussed above, are each only one and the same subband signal derived from seven 
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wideband signals, where the measures in accordance with the invention, as described above, 

is applied to the signals iit each subband separately. Referenee is made in this respect to 

document (8). The invention thus lies in a specific encoding of a 7-channel signal into a data 

reduced transmission signal, such that a correspon~g 7-channel decoder is capable of 

S decoding the transmission signal into the original 7-channel signal, that a prior art MPEG-2 

S-channe1 decoder is capable of decoding the transmission signal into a compatible 5-channel 

signal and a prior art MPEG-1 stereo decoder is capable of decoding the transmission signal 

into a compatible stereo signal. It should further be noted that the invention is not restricted 

to the use of MPEG-encoding schemes, but that also other data compression techniques, such 

10 as tnnsform encoding may be applied. 

Further, the invention lies in each and every novel feature or combination of 

features as herein disclosed. 

•' 
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1. Apparatus for encoding a plurality of digital information signals, having 

- first input means for receiving a first digital information signal, 

- second input means for receiving a second digital information signal, 

- third input means for receiving a third digital information signal, 

S - fourth input means for receiving a fourth digital information· signal, 

- fifth input means for receiving a fifth digital information signal, 

- sixth input means for receiving a sixth digital information signal, 

- seventh input means for receiving a seventh digital information signal,. 

- matrixing means for generating a first and a second digital composite signal from the first 

10 to seventh digital information signals, the matrixing means comprising: 

- first signal combination means for combining the second and third digital information signal 

and being adapted to generate a first combination signal, 

- second signal combination means for combining the fifth and sixth digital information 

signal so as to obtain a second combination signal, 

15 - third signal combination means for combining the third, fourth and fifth digital information. 

signals so as to obtain a third combination signal, 

- fourth signal combination means for combining the first digital information signal and the 

first and third combination signal so as to obtain the first composite signal, 

- fifth signal combination nieans fo.r combining the seventh digital information signal and the 

20 second and third combination signal so as to obtain the second composite signal, the 

apparatus further comprising: 

- first and second data compression means for data compressing the first and second 

composite signal so as to obtain first and second data reduced digital composite signals, . 

- selection means for selecting one signal from a first group of five information signals so as 

25 to obtain a first auxiliary signal, said first group of five information signals comprising said 

first and seventh digital intorm&tion signals and said first, second and third combination 

signals, for selecting another one of said first group so as to obtain a second auxiliary signal 

and again another one of said first group so as to obtain a third auxiliary signal, the selection 

means further being adapted to select one signal from a second group of five information 
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signals so as to obtain a fourth auxiliary signal, said second group of five signals comprising 

said second to sixth digital information signals and to select another one of said second group 

so as to obtain a fifth auxiliary signal, 

• third, fourth, fifth, sixth and seventh data compression me.ans for data compressing the 

S first, second, third, fourth and fifth auxiliary signal respectively so as to obtain first, second, 

third, fourth and fifth data reduced auxiliary signals respectively, 

- formatting means for combining the first and second data ?educed composite signals and the 

fint, second, third, fourth and fifth data reduced auxiliary signals into a trmsmission signal 

suitable for transmission via a transmission medium. 

10 2. Apparatus as claimed in claim 1, further provided with calculation means for 

calculating an amount of data reduction to be achieved with at least two of the first to 

seventh data reductioDteans dependent of which· of the three signals from the fll'St group of 
-------·--·-~ 

five signals have been chosen as the first to third auxiliary signals and which of the two 

signals from the second group of five signals have been chosen as the fourth and fifth 

15 auxiliary signals, the calculation means further being adapted to establish those selections of 

three signals from the first group of five signals and two signals from the second group of 

five signals that result in the largest amount of data reduction to be achieved and to generate 

a se1ection control signal in response thereto, the selection means being adapted to receive 

the selection control signal and to select three signals from the first group of five signals and 

20 two signals from the second group of five signals in response to said selection control signal. 

3. Apparatus as claimed in claim 2, the calculation means being further adapted to 

calculate the amount of data reducdon to be achieved with the first to seventh data reduction 

means dependent of which of. ihe three signals from the first group of five signals have been 

chosen as the first to third auxiliary signals and which of the two signals from the second 

2S group of five signals have been chosen as the fourth and fifth auxiliary signals, the 

calculation means further being adapted to establish those selections of three signals from the 

fint group of five signals and two signals from the second group of five signals that result in 

the largest amount of data reduction to be achieved and to generate the selection control 

signal in response thereto. 

30 4. Apparatus as claimed in claim 2, tbe calculation means being further adapted to 

calculate the amount of data reduction to be achieved with the third to seventh data reduction 

means dependent of which of the three signals from the first poup of five signals have been 

chosen. as tbe first to third auxiliary signals and which of the two signals from the second 

group of five signals have been chosen as the fourth and fifth auxiliary signals, the 
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calculalion means further being adapted to establish those selections of three signals from the 

first group of five signals and two signals from the second group of five signals that result in 

the largest amount of data reduction to be achieved and to generate the selection control 

signal in response thereto. 

S s. Apparatus as claimed in claim 2, 3 or 4, wherein the formatter means is further 

adapted to combine the selection control signal into the transmission signal. 

6. Apparatus as claimed in anyone of the preceding claims, wherein a signal 

combination means is adapted to multiply a first input signal received via a first input with a 

first multiplication value, to multiply a second input signal received via a second input with a 

10 second multiplication value and to add the multiplied versions of the first and second input 

signals. 

7. Apparatus as claimed in claim 6, the signal combination means comprising first 

and second multi.plier units, for multiplying the first and the second input signals with the 

first and second multiplication value respectively, wherein, if one of the first and second 

15 multiplication values equals mo, the corresponding multiplier unit is dispensed with, and if 

one of the first and second multiplication values equals unity, the corresponding multiplier 

unit is ht the form of an interconnection. 

8. Apparatus as claimed in anyone of the claims 1 to S, wherein the third signal 

combination means is adapted to multiply the third digital information signal with a first 

20 multiplication value, to multiply the fourth digital information signal with a second 

multiplication value, to multiply the fifth digital information signal with a third multiplication 

value and to add the multiplied versions of the third, fourth and fifth digit.al information 

signals so as to obtain the third combination signal. 

9. Apparatus as dumed in claim 8, the third-combination means comprising first, 

2S second and third multiplier units, for multiplying an input signal with the first, second and 

third multiplication value respectively, wherein, if one of the first, second and third 

multiplicadon values equals zero, the corresponding multiplier unit is dispensed with, and if 

one of the first, second and third multiplication values equals unity, the corresponding 

multiplier unit is in the form of an interconnection. 

30 10. Apparatus u claimed in anyone of the preceding claims, wherein the apparatuS 

is further provided with first, second, third, fourth and fifth data expansion means coupled to 

the third, fourth, fifth, sixth and seventh data compression means respectively, for carrying 

out an expansion step so as to obtain replicas of the first, second, third, fourth and fifth 

auxiliary signals respectively, one of the replicas of the first, second and third auxiliary 
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signals being supplied to the fourth signal combination means instead of the first information 

signal, if the said one auxiliary signal is the first information signal, one of the replicas of 

the first, second and third auxiliary signals being supplied to the fourth signal combination 

means instead of the first combination signal, if the said one auxiliary signal is the first 

5 combination signal, one of the replicas o~ the first, second and third auxiliary signals being 

supplied to the fourth signal combination means and the fifth combination mr.ans instead of 

the third combination signal, if the said one auxiliary signal is the third combination signal, 

one of the replicas of the first, second and third auxi1iary signals being supplied to the fifth 

signal combination means instead of the second combination signal, if the said one auxiliary 

10 signal is the second combination signal, one of the replicas of the first, second and third 

auxiliary signals being supplied to the fifth signal combination means instead of the seventh 

information signal, if the said one auxiliary signal is the seventh information signal, one of 

the replicas of the fourth and fifth auxiliary signals being supplied to the first signal 

combination means instead of the second information signal, if the said one auxiliary signal 

15 is the second information signal, one of the replicas of the fourth and fifth auxiliary signals 

being supplied to the first and third signal combination means instead of the third information 

signal, if the said one auxiliary signal is the third information signal, one of the replicas of 

1he fourth and fifth auxiliary signals being supplied to the third signal combination means 

instead of the fourth information signal, if the said one auxiliary signal is the fourth 

20 information signali one of the replicas of the fourth and fifth auxiliary signals being supplied 

to the second and third signal combination means instead of the fifth information signal, if 

the said one auxiliary signal is the fifth information signal, o~ of the.replicas of the fourth 

· and fifth auxiliary signals ~g supplied to the second signal combination means instead of 

the sixth information signal, if the said one auxil~ sigliil is the sixth information signal. 

2S 11. Apparatus as claimed in anyone of the preceding claims, the formatting means 

being adapted to generate a transmission signal, the transmission signal including first blocks 

of information comprising data corresponding to the data reduced first and second digital 

composite signal, second blocks of information comprising data corresponding to the data 

reduced first, second and third auxiliary signals and third blocks of information comprising 

30 data corresponding to the data reduced fourth and fifth auxiliary signals. 

12. Apparatus as claimed in claim 11, the transmission signal including a first 

selection control signal and a second selection control signal, the fU"st selection control signal 

indicating the selection of first, second and third auxiliary signals from the first group of five 

signals from which the three auxiliary signals have been selected, the second selection 
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control signal indicating the selection of fourth and fifth auxiliary signals from the second 

group of five signals from which the two auxiliary signals have been selected, the formatting 

means being further adapted to store the first selection control signal in a second block of 

infomadon and to store the second selection control signal in a third block of information. 

S 13. Apparatus as claimed in claim 11 or 12, the formatter means further being 

adapted to generate an identifier for identifying the infonnation comprised in the third signal 

blocks and being adapted to store the identifier in said third signal blocks. 

14. Apparatus as claimed in anyone of the preceding claims, further provided with 

writing means for writing the transmission signal into a storage medium, such as a record 

10 carrier. 

15. Storage medium obtained with the apparatus as cJaimed in claim 11, having the 

transmission signal written in it, the transmission signal including first blocks of information 

comprising data conesponding to the data reduced fll'st and second digital composite signal, 

second blocks of information comprising data corresponding .to the data reduced first, second 

IS and third auxiliary signals and third blocks of information comprising data corresponding to 

the data reduced fourth and fifth auxiliary signals. 

16. Method of encoding a plurality of digital information signals, the method 

comprising the steps of 

- receiving a first digital information signal, 

20 - .receiving a second digital information signal, 

- receivina a third digital information signal, 

- receiving a fourth digital information signal, 

- receiving a fifth digital information signa11 

- m:eiving a sixth digital informati~ signal, 

2S • receiving a seventh digital information signal, 

• matrixlng means the first to seventh digital information signals for generating a first and a 

SC'JCOl1d digital composite signal, the matrixing step comprising the substeps of: 

- combining the second and third digital information signal for generating a first combination 

signal, 

30 - combining the fifth and sixth digital information signal so as to obtain a second combination 

signal, 

• combining the third, fourth and fifth digital information signals so as to obtain a third 

combination signal, 

- combining the first digital information signal and the first and third combination signal so 
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as to obtain the first composite signal, 

- combining the seventh digital information signal and the second and third combination 

signal so as to obtain the second composite signal, the method further comprising the steps 

of: 

S - data compressing the first and second composite signal so as to obtain first and second data 

mduced digital composite signals, 

- ae1ecting one signal from a first group or five information signals so as to obtain a first 

amciliary signal, said first group of five information signals comprising said first and seventh 

digital information signals and said first, second and third combination signals, selecting 

10 another one of said first group so as to obtain a second auxiliary signal and again another 

one of said first group so as to obtain a third auxiliary signal, selecting one signal from a 

second group of five information signals so as to obtain a fourth auxiliary signal, said second 

group of five signals comprising said second to sixth digital infonnation signals and selecting 

another one of said second group so as to ob1ain a fifth auxiliary signal, 

lS - data compnming the first, second, third, founh and fifth auxiliary signal respectively so as 

to obtain first, second, third, fourth and fifth data reduced auxilairy signals respectively, 

- combining and fonnatting the first and second data reduced composite signals and the first, 

second, third, fourth and fifth data reduced auxiliary signals so as to obtain a transmission 

sipal suitable for transmission via a transmission medium. 

20 17. Method as claimed in claim 16, further comprising the step of writing the 

transmission signal into a storage medium, such as a record carrier. 

18. Appamtus for decoding a transmission signal received so as to obtain a plurality 

of digital information signals, having .· 
- input means for receiving the transmission signal, 

2S - deformatting means for retrieving first and second data reduced composite signals and first, 

second, third, fourth and fifth data reduced auxiliary signals from the transmission signal, 

- firs~ second, third, fourth, fifth, sixth and seventh data expansion means for data 

expanding the first and second composite signals and the first, second, third, fourth and fifth 

auxiliary signal respectively so as to obtain first and second composite signals and first, 

30 second, third, fourth and fifth auxilairy signals respectively, 

- dematrixing means for generating first, second, third, fourth~ fifth, sixth and seventh digital 

information si&nals. from the first and the second digital composite signal and the first to fifth 

auxiliary signals, 

·first output means for supplying the first digital information signal, 

1u111n1ii1nr 



1· 1111111111111 1111111111111111 
* C L M S * 

W097/J"54 
31 

THIS SHEET HAS BEEN 
REPLACED 

- second output means for supplying the second digital information signal, 

- third outpUt means for supplying the third digital information signal, 

- founh output means for supplying the fourth digital information signal, 

- fifth output means for supplying the fifth digital information signal, 

5 - sixth output means for supplying the sixth digital information signal, 

• seventh output means for supplying the seventh digital information signal. 

19. ApparatuS as claimed in claim 18, the defonnatting means further being adapted 

to ntrieve a selection control signal from the transmission signal, the dematrixing means 

tbrthcr being adapted to generate the first, second, thhd, fourth, fifth, sixth and seventh 

10 digital information signals from the first and the second digital composite signal and the first 

to fifth auxiliary signals. in response to the selection control signal. 

20. Appamtus as claimed in claim 18, ·the dematrixing means being provided with 

first and second dematrixing units, the fmt dcmatrixing unit being adapted to receive the 

first and second composite signals and the first, second and third auxiliary signals and to 

lS convert those signals into the first and seventh information signals and first, second and third 

combination signals, the second demattixing unit being adapted to receive the fourth and fifth 

auxiliary signals and the fll'St, second and third combination signals and to convert those 

signals into the second, third, fourth, fifth and sixth information signals. 

21. Appamtus as claimed in claim 20, the demultiplexer means further being 

20 adapted to retrieve first and second selection control signals from the transmission signal, the 

first dematrixing unit being adapted to convert the first and second composite signals and the 

first, second and third auxiliary signals into the first and seventh information signals (LS,RS) 

· and first, second and third combination signals, in response to the first seleciion control 

signal, the second dematrix~g unit being adapted to convert the fourth and fifth auxiliary 
, . 

2S signals and the first, second and third combination signals into the second, third, fourth, fifth 

and sixth information signals, in response to the second selection control signal. 

22. Apparatus as claimed in claim 21, for receiving a transmission signal including 

fust blocks of information comprising data corresponding to the data reduced first and 

second digital composite signal, second blocks of information comprising data corresponding 

30 to the data reduced first, second and third auxiliary signals and third blocks of information 

comprising data corresponding to the data reduced fourth and fifth auxiliary signals, second 

signal blocks further comprising the first selection control signal and third signal blocks 

comprising the second selection control signal, the demultiplexer means further being adapted 

to retrieve a first selection control signal from a second signal block and a second selection 



11111111111111 111111111111 1111 
* C L M S * 

W097129554 
32 

control signal from a third signal block. 

THIS SHE~l MA§ ~ . ~ 
RePU\6Ea 

--~ ___ _... 
PCfflB97/00049 

23. Apparatus as claimed in anyone of the claims 18 to 22, for receiving a 

transmissi()J) signal including first blocks of information comprising data corresponding to the 

data reduced first and second digi1al composite signal, second bloclcs of infonnation 

S comprising data corresponding to the data reduced first, second and third auxiliary signals 

and third blocks of information comprising data corresponding to the data reduced fourth and 

fifth auxiliary signals, the third signal blocb comprising an identifier for identifying the 

information comprised in the third signal blocks. 

24. Apparatus as claimed in anyone of the claims 18 to 23, further provided with 

10 reading means for reading the transmission signal from a storage medium, such as a record 

carrier. 

.· 


