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Tr ansrﬁ ssion systeminpl ementing di fferent coding principles The i nq\‘/e’rﬁison
rel at es” t oveps/E0890 O transm ssiion system conpri sing a transnPCTABI4NBEOH g

i ncludes a coder for coding an input sigpal, the transmtter conprising
transmitting neans for transmitti ng the di gltally coded signal through a

transm t,channel to a rec | ver des .a .decoder conprising a
decoder Traps 'B‘E?Pw}’]‘de'a‘ %E*é‘d‘“&‘ﬁﬁ ren”;%ﬁgq HE"‘HP tally coded signal. The l_e

invention |likewise relates to a transmtter, a receiver, .a coder and a
decoder to be used in a transm ssion systemof this-type as well as a
net hod of transmn ssion

The invention relates to a transmission system comprising a transmitter
'_ which includes a coder for coding an input signal, the coder comprising a time-domain coder
for deriving a digitally coded signal from a spectral portion of the input signal, the
. transmitter likewise compﬁ'sfr'\? transmitting means for transmitting the digitally coded signal
through a transmit channel to a receiver which includes a decoder comprising a time-domain
decoder for deriving a decoded signal from the digitally coded signal.

The invention likewise relates to a transmitter, a receiver, a coder and a

“decoder to be used in a transmission system of this type as well as a method of transmission

coding and decoding. .
A transmission system as defined in the opening paragraph is known from
 published UK Patent Application no. GB 2 188 820.
Such transmission systems are used, for example, for transmitting speech
or music signals through channels that have a limited transmission capacity.
A first example of such a channel is a radio channel between a mobile
station and a fixed base station. The available transmission capacity of this channel is limited
bécause this channel is utilized by a great many users. A second example is a recording
channel used on a magnetic, optical or other récording medium such as, for example, a
ROM. The capacity is often limited here too.
In the transmitter of the transmission system known from said UK Patent
Application a spectral portion of the input signal is converted by a time-domain coder to a
;_ digitally coded signal.

Examples of time-domain coders are coders implementing pulse code
3-:'_‘- Modulation, differential pulse code modulation, adaptive differential pulse code modulation,
delta modulation, adaptive delta modulation, vector quantization (CELP) and coding methods
implementing linear prediction. The digitally coded signal is sent to the receiver through the
:'__.Channel while the transmitting means are used. The time-domain decoder derives a decoded
Signal from the coded signals. _ '
A _problém of prior-art transmission system is that the quality of the

- TeConstituted signal is inadeq uztc-fmta Phies SHEETS tlm_muired transmission
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codi ng_and decodi ng. A transm ssion systemas defined int |
par agraptwp§5’k??89m from publ i shed European Patent Applicat ?ﬁﬂﬂ%’?&o@@o 001

Such transm ssion systens are used, for exanple, for transmtting speech or
musi c- si gnal s through channel s that havé a linited transnission capacity. A

first exanple of suc chann I on
and a fixed base st a %‘\%c‘%é’\;éﬁﬁ gmzﬁﬁiénr Efn@%ogfs%l Oﬁ?@s\éﬁgégorf‘j@ %H.l a‘ﬁ hifkd

channel jj theld ingcbabg&apts dntwtich eHeaquatity of thetretoristintdalysigmal)is esianced whecond
exanple is a recordlng channel

P R

the transmission rate is unchanged, or, with an unchanged quality of the reconstituted signal,

the required transmission rate is reduced.
For this purpose, the invention is characterized in that the coder further

comprises a transform domain coder for deriving a further digitally coded signal from a

further spectral portion of the input signal, the transmitter also being arranged for

transmitting the further digfta’l.l';"coded signal through the transmission channel to the
receiver, which receiver comprises a transform domain decoder for deriving a further
decoded signal from the further digitally coded signal, and combining means for deriving a
reconstituted signal from the decoded signal and the further decoded signal.

The invention is based on the recognition that for certain spectral portions
of the input signal a time-domain coder is optimal and that for other spectral portions a
transform domain coder is optimal. Examples of transform domain coders are coders

utilizing sub-band coding and various forms of coding utilizing a transformation of the time

- domain to another domain. Such transformations are, for example, the discrete Fourier

transform, the discrete cosine transform or the discrete Walsh Hadamard transform.
Psychoacoustical properties of the human auditory system may then be utilized or not. By

utilizing a time-domain or transform domain coder respectively, for different spectral

portions of the input signal, it is possible to enhance the quality of the reconstituted signal

considerably.

It is noted that in German Patent Specification no. DE 26 05 306 C2 a

f?_ transmission system is disclosed in which an input signal is split up into a spectral portion

. Tepresented by a baseband signal and a further spectral portion represented by a plurality of
: sub-band signals. However, in that transmission syétem the reievant signals are transmitted in
analog mode, so that no coders and decoders are necessary. It will be evident that the

'5: Problem of digitally coding analog signals in the transmission system known from this

> German Patent Specification does not play any role whatsoever.

L e T .

A preferred embodiment of the invention is characterized in that the

frequencies situated in the spectral portion are lower than the frequencies situated in the -

further spectral portion.

Experiments have shown that the use of a time-domain coder in the low-

fl'e‘lutmcy area from 0 Hz to several kHz and the transform domain coder for the higher

7

fl'e'illlency areas leads to a considerable enhancement of the quality of the reconstituted
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used dn. a magnetic, apsB ced ocor di ng nmedi um such as, for exanple,
a ROM Thewoapaosmy |s m Here too. In the transm(ﬂtllimZ!O! he
transm ssion system kn UK Pat ent Application a spectral
portiore of ‘the input S|gnal is converted by a tine-domain coder to a
digital I¥ ded signal. Exanples of tinme-domain coders are coders

I npl enen a pul se code nodul ation, differential pulse code nodul ati on,
adaptive differential Tnel xaeermdawmcbw @&If@ﬁhercalplaandaoduh Féfefuince 26 &Y menng

del ta nodul ation, vector quantization (CELP) and
Flgures in which like elements are denoted by like reference characters, in which:

Fig. 1 shows a transmission system according to the invention;

Fig. 2 shows a sub-band coder to be used in a transmission system as
shown in Fig. 1;
Fig. 3 shows a sub-band decoder to be used in a transmission system as

o

. shown in Fig. I;
_ Fig. 4 shows selecting means to be used in the sub-band coder as shown
" in Fig. 2;
Fig. 5 shows a flow chart of a program to be used in the processor 118 in
the selecting means as shown in Fig. 4; -
Fig. 6 is a graphical representation of the reference envelopes used in the
* coder and decoder as shown in Figs. 2 and 3 which envelopes are represented by four
values; and
Fig. 7 is a graphical representation of the reference envelopes used in the
- coder and decoder as shown in Figs. 2 and 3, which envelopes are represented By eight
: values,
: | In the transmission system shown in Fig. 1 the input signal is applied to a
: tr;'msmitter 2. The input of the transmitter 2 is connected to an input of filter means 50 in the |
i. coder 51. A first output of the filter means 50 is connected to an input of a delay element 62.
The output signal on the first output of the filter means 50 represents. the spectral portion of
the input signal. An output of the delay element 62 is connected t0 an mput of the time-
dOmam coder in this case being a vector quantlzer 66 which implements linear prediction
(LPC Linear Predictive Coding). An output of the vector quantizer 66, carrying the digitally
COded signal for its output signal, is connected to a first input of the transmitter means in this
Qse being a multiplexer 68.
_' A plurality of outputs of the filter means 50 are connected each to an
_‘_inpllt of a transform domain coder in this case being a sub-band coder 64. The input signals
°f the sub-band coder 64 collectively represent the further spectral portion of the input
s’g"al An output of the sub-band coder 64, carrying the further digitally coded signal for its
“output signal, is connected to a second input of the multipiexer 68.
The output of the multiplexer 68 is connected, through channel 4, to an
Input of a receiver 6. In the receiver 6 the signal is applied to the input of a démultiplexer
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codi ng- mat hods |§pl enenting |inear predi.ct ion. The digitall ’?‘99 ﬂoﬁbgnal
is sent td&¥ cei ver through the channel while the trans g neans

are used. The ti me-domai n decoder derivep a decoded signal fromthe coded
si gnal s? 2 A problemof prior-art transmssion systemis that the

qual it y R AL Bfst output of the demultiplexer 70, carrying the digitally coded signal for its output
sxgnal is connected to a time-domain decoder in this case being an inverse vector quantizer
84 which implements linear prediction. An output of the inverse vector quantizer 84,
carrymg the reconstituted signal for its output signal, is connected to an input of a time delay

3 -element 86. The output of the time delay element 86 is connected to a first input of the

combmmg means 88. A second output of the demultiplexer 70 is connected to an input of the

transform domain decoder, in this case being a sub-band decoder 72. A plurality of outputs

’*  of the sub-band decoder 72"canymg reconstituted signals for their output signals which

SR AR

’< collecnvely represent the further spectral portion of the input signal, are connected each to an

mput of the combining means 88. The reconstituted input signal is available on the output of

RS »U"):ﬁ-

the combining means 88.
The input signal of the transmission system shown in Fig. | is split up
mto a spectral portion and a further spectral portion by the filter means 50. The spectral
5pomon is converted to a digitally coded signal by the vector quantizer 66. A suitable
lmplememanon of the vector quantizer 66 is described, for example, in CCITT
Recommendauon G.728 "Coding of speech at 16 kbit/s using low delay code excited linear
Predxctxon This coder is based on the "analysis by synthesis" principle.

In this vector quantizer the input signal to be coded is converted to

e Ll

gl

G

Successwe segments of a plurality of signal samples of the signal to be coded. A synthesis
;ﬁlter is used for generating a synthesized signal segment for a large number of codebook
%Words stored in a codebook. The difference between the actual segment of the input signal
;ﬂd the synthesized signal segment is ﬁltered by a perceptual weighting filter. The squared
*S“m of the signal samples is calculated from a segment of output signal samples of the
Percepnm weighting filter.

' This generation of the synthesuzed signal, the calculation of the difference
b"’t""een the input signal and the synthesized signal, the filtering by the perceptive weighting
mtel’ and the calculation of the squared sum is effected for each of the available 1024
g°°d°b00k words. From these codebook words the codebook word is selected that yields the

lm‘ squared sum.

ATy g ""*’3—

ih

The transfer function of the analysis filter is determined by making, by
h"w' bredicﬁon an estimate of the relation between successive signal 'sémples in the four
gmems of the synthesized signal previous to the actual segment. The coded signal now

Comprises a codebook index of the selected codebook word. It is noted that the prediction
'mNeters need not be transferred.
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. . . Jas Been Replaced - . .
reconstit alm h for all applications bec
requi red ﬁgggﬁsggl on mﬁg\‘ Mn obj ect of the inventi omg&%@%e a
transm ssion system a [ he openi ng paragraph, in which the

quality of the reconstituted signal is enhanced when the transm ssion rate

i s unchanged, or, W tITherfupthehspeowsl soitibn of U inphesipRd 95 péprésehted By Be3ub-

the required transm ssion rate is reduced. For this purpose, the present

i nvent i ofanst Bgnakben she puRULPiStE Jites yReaan 0o ihesessuncband sigmalsnare conveted to the
recei ver q,af digidfly %&&ﬂighﬂcﬂf@k@gbﬁﬂﬁi& Q8P St WYidili that the sub-band signals

on the output of the filter means 50 are baseband signals representing a passband signal in

. the appropriate sub-band. This baseband representation is advantageous in that the necessary
. samples per sub-band are determined by the bandwidth of the appropriate sub-band and not

- by the maximum frequency in the appropriate sub-band. A suitable implementation of the

: sub-band coder 64 for signalS"Having a sampling rate of 48 kHz is known from Draft
International Standard ISO/IEC DIS 11172 "Information technology - Coding of moving

'f pictures associated audio for digital storage media up to about 1.5 Mbit/s", section 3, pp-.

~ 174-337. The sub-band signals on the input are converted to a digital signal by means of
quantization. The sub-band signals are quantized with a number of levels that may be

- different for different sub-bands. The actual number of quantization levels used for each sub-
- band depends on the power of the relevant sub-band signal and the power of the sub-band
signals of adjacent sub-bands. Use is then made of the property of the human auditory
system that a weak signal near to a strong signal is inaudible. As a result, it is possible to
quantize such a weak signal with considerably fewer quantization levels than the strong
signal. Based on the power of the various sub-band signals a just audible noise level is

. calculated for each sub-band. The number of necessary quantization levels is determined for
each sub-band signal in response to this no'i.se level. The further digitally coded signal now
Comprises different quantized sub-band signals and information about the number of
qQuantization levels of each sub-band. It is noted that said coder is arranged for coding a

~ signal from 0-24 kHz. Since a spectral portion is coded by the time-domain coder, the sub-

- bands situated in this spectral area need not be coded. This may be simply effected by not

" allocating any bits to these sub-bands.

The multiplexer 68 combines the digitally coded signal and the further

- digitally coded signal to a single signal. The time delay element 62 is present for equalizing
the delays of the spectral portions of the input signal that reach the multiplexer 68 along two
. Paths. The transmitter transmits this combined signal to the receiver through the channel. In
the receiver the combined signal is split up again to the digitally coded signal and the further
digitaily coded signal. The digitally coded signal is converted to a reconstituted signal by the
- inverse vector quantizer 84. A suitable implementation of the sub-decoder is described in

. s2id CCITT Recommendation G.728. In this im'/erscf vector quantizer 84 the codebook word

selected by the vector quantizer 66 is generated on the basis of the transmitted codebook

,W{%,{ EREHE A TR



conprises filtering ﬁgg@ﬁee{@arwg&m hda@ a signal representing a first

spectral pdvo|9§!m08@bver s up to a few kil ohertz Z6I/TB9030hg a
signal representing a portéon havi ng a substantial |arger
bandwi'dt h than the fir rtlon the coding nmeans further

conprise a oder for der|V|ng me_domai n.co
di gi tal -si%ﬁ?éim%ﬂ?/c ??Qc’gd‘Yﬂ{Fds E%'bveﬁﬁdd? at‘fﬁ?"?#é?"@p%& synthests, fi t‘B’nq-g'Sverl ng
frequenci earadr® oft tﬁeeyynm&mmiéﬂare Fo¢ thiS petpbse d&ARE bylliddae Pr&ﬁkmifn' fFOM%Thé
transform domai n coder for deriving a second encoded %lta nal from

a

t he secondomgmcaus ppcmomsm thaacwgl segmens ohithd decored signalodhiswiseffectedidn t he

first sp_ecI rxila.r Ornte1" on tocf %Gt ransmtter furt her I ncl udi ng

: The further digitally coded signal is converted by the sub-band decoder 72
. to a plurality of decoded sub-band signals available on the output of the sub-band decoder 72
itself. It is noted that these sub-band signals are baseband signals representing a bandpass
.signal in the relevant Sﬁg:g;l;;i. This baseband representation is advantageous in that the
:.necessary samples per sub-band are determined by the bandwidth of the relevant sub-band
“and not by thé maximum frequency of this sub-band. The combining means 88 convert the
~sub-band signals to the desired sub-band frequency and thereafter combine these signals with
”_“the decoded signal to a reconstituted input signal.
In the sub-band coder 64 shown in Fig. 2 each of the sub-band signals is
applied to its own sub-coder 91 ... 100. The sub-coders 91 ... 100 all have an identical
structure. The input of the sub-coder 91 is connected to the segmenting means 90. The
?joutput of the segmenting means 90 is connected to an input of measuring means 92 and to an
mput of scaling means 94. A first output of the measuring means 92 is connected to a control
::input of the scaling means 94. A second output of the measuring means carrying a power
measure for its output signal is connecteg to a first input of a multiplexer 102.. The output of
the scaling means 94 is connected to an input of an absolute value calculator 95 and to an
input of sign determining means 98. An output of the absolute value calculator is connected
10 an input of a selecting means 96. An output of the selecting means 96, carrying an
_identiﬁcation code of a selected reference envelope for its output signal, is connected to an
input of the multiplexer 102. An output of the sign determining means is connected to a third
1input of the multiplexer 102. The output of the multiplexer 102 forms the output of the sub-
. band coder 64.

In an embodiment for the éodér 51 intended for a transmission system for
audio signals that have a maximum frequency of 8 kHz, the spectral portion comprises the
freq‘lency area from 0-2 kHz, while the further spectral portion comprises the frequency area
from 2 kHz to 8 kHz. The further spectral portion is represented by the eight sub-band
signals at the input of the sub-band coder 64. In the sub-coders 91 ... 100 the sub-band
-Signals are segmented into segments having identical time durations, while the number of
Sampies of the sub-band signal in a segment is proportional to the bandwidth of that sub-band
Signal. The frequency area of each sub-band and the corresponding number of samples per




mul tipl.exing neans for nultiplexing and transmtting said tine donmin
encoded diwot9s/1089Pgnal and sai d sub-band encoded digital si JHM‘P’&“’&’
transm ssion channel to a receiver, the rgceiver including a demultiplexer
for ‘deriving said tinme domain encoded digital signal and said second
encoded digital_ si l, | BREtGusdefgA3d I M€r, the receiver
conpri si ﬁé&%&%ﬁ%ﬁ%#&ﬁ%#%éf@?r?éﬁ%gonalfnmgé(&:%g%ﬁtqugrmgécodi ng the
single time domain coded digital signal to derive a first decoded signal
sai d decoder further conprises a tranatgéggggnain decoder for decoding said
second encoded digital signal to deriv ond decoded signal fromsaid
second encoded digital signal, the decoder further

sub-band i fnin [kHZ] fnax [kHZ] Af [kHz] samples / seg-
ment
i Il 1 2 2.5 | 0.5 4
2 2.5 3 0.5 : -4 I
3 3 3.5 0.5 4 !
4 3.5 4 0.5 4
5 4 5 l. 8 |
6 5 6 I 8 “
7 6 7 1 8
8 7 8 1 8

i In an embodiment for. the coder 51 intended for a transmission system for
audio signals that have a maximum frequency of 16 kHz, the spectral portion comprises the
frequency area from 0-4 kHz, while the further spectral portion comprises the frequency area,
from 4 kHz to 16 kHz. The further spectral portion is represented by the eight sub-band

3::' signals at the input of the sub-band coder 64. In the sub-coders 91 ... 100 the sub-band |
signals are also segmented into segments having identical time durations, while the number

- of samples of the sub-band signal in a segment are. proportional to the bandwidth of that sub-
- band signal. The frequency area of each sub-band and the corresponding number of samples

 Pet segment are given in Table 2. The time duration of the segment is 2 mS.
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conpri'ses conbi ning neans for reconstituting said input sign by conblnlng
the first wones/¥8¥Wond decoded signals. The invention is basgﬁc’aﬁ’
recognition that for certain spectral portions of the input S|gnal a
time-demai n coder is optinmal and that fof ot her spectral portions a

t ransform domai n coder is optimal. &rrplld%I of transform domain coders are
coders -utilizing sub-band codi ng and A8l fornms of codi ng utilizing a
transformation of the tinme domain to another dommin. Such transfornmations
are, for exanple, the discrete Fourier transform the discrete cosine

transfo\_}r O e § ¢ E £ W samples / seg-
) ’ ment |
1 4 5 ! ¢ ]I
2 S_—f 6 : *
3 6 7 ‘ ¢
4 7 8 ' ¢
5 8 10 2 8
6 10 12 2 8 |
7 12 14 2 8
8 14 16 2 ) 8

The masurmg means 92 determine a power measure for the relevant

_ segment of sub-band signal samples. This power measure is converted to a logarithmic power

m&sure and the difference between the logarithmic power measures of an actual segment and
the ‘segment preceding that actual segment is coded by Huffmann coding. The Huffmann
coded signal is applied to the mulitipiexer 68 and this signal is transmitted to the receiver 6.
An altematwe way of coding the power measure of the different sub-bands is coding the
POWCI' measure of the specific sub-band and coding the power difference between the power
of the relevant sub-band and that of the remaining sub-bands. In situations where the power
mmum of the different sub-bands are correlated, this leads to a cons:derable saving on
tl'«!nsmlssxon capacity. The scaling means 94 scale the sub-band signal samples in response to
3 control signal coming from the measuring means, so that the power of the segments on the

?“tput of the scaling means 94 has a constant value. The absolute value producer 95

Produces the envelope of the output signal of the scaling means 94 and applies this envelope

._ S€gmented form to the selecting means 96. The selecting means compares the envelope of

.-_'-_'; the output signal of the scaling means 94 with a number of reference envelopes and selects

the reference envelope that corresponds most to the envelope of the output signal of the
ng means 94. The selecting means produces on its output an identification code of the
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3 Psyc’hoa"coustical gﬁgeﬂ}gsgea‘nmeﬂa:edhurran auditory system nay then be
utilized: orwwsnoﬂp ut -domai n or transform doneRPGI/BRI4EP309
respectlvely, for dlff %j portions of the input signal, it is

pOSS|bIe to enhance th

he recdnstituted si gnal consi der abl y.

 selected reference envelope. This identification code is applied to the multiplexer 102 for
transmission to the receiver 6. In the sub-bands, in which four sub-band signal samples are

sed per segment, five reference envelopes are used, whereas in the sub-bands in which eight
sub-band signal samples are used per segment, eleven reference envelopes are used.

A number of reference envelopes used in the sub-bands with eight sub-

&
f

band signal samples may vary from one to eleven. As a result of the Huffmann coding of the

T e

gpower measure, the numbeL of bits necessary for this power measure may differ from one
"gsegment to the next. If Ex‘::‘re is excessive transmission capacity as a result, this transmission
'g capacity may be used for transmitting longer identification codes of reference envelopes, so
gthat a larger number of reference envelopes may be used for coding the envelope of the

2 - output signal of the scaling means 94,

The sign determining means 98 determine the sign of the output signal of
the scaling means 94. This sign is applied to the third input of the multiplexer 102 for
transxmssxon to the receiver 6. It is possible that not for all the sub-bands the sign of the

w:xa' w\ruﬁs #‘.‘4’4.‘?!3&5

€L

r

output signal of the scaling means 94 is transmitted to the receiver, but that this sign is

':}i

T

Fe generated by means of a noise generator at the receiver end. This simplification has appeared
' i{ to be especially permissible for the higher sub-bands.

3 _ In the sub-band decoder 72 shown in Fig. 3.the output signal of the

ﬁ demultiplexer 70 is applied to a demuitiplexer 104. Each of the sub-decoders 106 ... 114 is
"f’ supplied with three output signals of the demultiplexer 104. A first one of these outputs is
‘connected to a reference envelope generator 108. A second one of these outputs is connected

t0-a first input of a multiplier circuit 110 and a third one of these outputs is connected to a
first input of a multiplier circuit 112. Alternatively, however, it is conceivable that the third
z Output of the multipiexer 104 is not present, but that the first input of the multiplier circuit
112§ I connected to an output of a noise generator 109. An output of the reference envelope
_Senelator 108 is connected to a second input of the multiplier circuit 110. An output of the
"mlltiplier circuit 110 is connected to a second input of a multiplier circuit 112. The output of
the multiplier circuit 112 forms one of the decoded sub-band s1gnals The sub-decoders 106

- 114 are structured in similar manner. :

_ The reference envelope generator 108 generates the selected reference

fi ‘©avelope in response to the received identification code. The multiplier circuit 110 multiplies
the selected reference envelope by the power measure, so that a reconstituted envelope of the
“ Sub-bangd signal concerned is obtained. The reconstituted envelope of the sub-band signal is

F% Multiplied in the multiplier circuit 112 by the received sign of the sub-band signal samples,

>"?- X




It is noted that in German Patent Speci fication no. DE 26 05 306
transm ssi oWOSPSP® i s di scl osed in which an i nput signal is Pﬂ"]’?z'ﬁ‘%o? nt o
a spectral portion represented by a baseb signal and a further spectral
portion represent ed by a plurality of sub-band signals. However, in that

ELZ[‘Snmosiﬁmi LR B M R o BRSPS

probl em of ggli Ginlianby uPQ/HicBQhé‘@thfo thé SAiApIes of :ﬁéﬂﬁ:&ﬁ@ﬂ%ﬁg;ﬁsmﬁm&mmﬁdﬂnw
fromthis Gernman Patent Speci fi'cation does not play any Tol e whatsoever. A

preferr ed muiipiieneinuitof 12 moltiplies el anputssigrtah of theemultipier pircyitd 1Q By the output
 signal of the noise source 109.
In the selecting means 96 shown in Fig. 4, four inputs carrying for their

3\ input signals four absolute values of the scaled sub-band signal combined to one segment are

connected to four inputs of a processor 118. In Fig. 2 these four inputs of the selecting
.5 means 96 are symbohcally shown by a single input. A first output of the processor 118,
#3:

i mrrymg an address signal for its output signal, is connected to an input of a ROM 116. Four
utputs of the ROM 116, carrying four values that represent the reference envelope for their

output sxgnals, are connected to four further inputs of the processor 118. A second output of

tk_xe processor 118, carrying the identification code of the reference envelope for its output ‘
ignal, forms the output of the selecting means 96.

. It is assumed that in the selecting means 96 shown in Fig. 4 the envelope

L of the output signal of the scaling means 94 is represented by four values of this envelope at
uccessive instants. It is also assumed that the reference envelopes are'represented by four
Va.lues of these reference envelopes. In the selecting means 96 the processor generates

'7:_; successive addresses for the ROM 116. This ROM 116 supplies in the form of four values

= the reference envelope stored at such an_address. The processor 118 reads the values that
represent the reference envelope and the envelope of the output signal of the scaling means
94 The processor 118 produces a difference measure between the two envelopes which
.:mﬂsure is, for example, equal to the sum of the squared difference between the
-“mspondmg values represented by the envelopes. The processor successively generates the
jaddresses of all the reference envelopes to be used in the comparison, and presents the

.‘ identification code of this reference envelope on the second output with a minimized
dlff'el'v.znc:e measure, It is observed that for the sub-bands in which the envelopes are
Tepresented by eight signal samples, the selecting means are to have eight inputs. The ROM
116 therefore has eight outputs, while the input ports of the processor 118 then also are to
+ have eight inputs,

For performing said function, the processor 118 is to comprise a suitable
3 ngram whose flow chart will be shown in Fig. 5. The numbered instructions have the
_¢°nnotanon as indicated in the Table below.
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frequencices situated in the spectral
portion.

situat ed i rwol®16899 t her spectr al

portion are |lower than the frequen

Experinents have sKR&GHABI4NE0%

cies
he

use of. a'time-domain coder in the |ow frgguency area fromO Hz to several
kHz and t'he transform donmain coder for the higher frequency areas leads to
a consi derabl e enhancenent of the quality of the reconstituted signal.
i nventi on. Nr) | Desigtatiohur t her expl ai nedCeunoratiosf er ence to the draw ng
Fi gures }n which i ke elenents are denoted by |ike reference characters,

whi ch:
120 START

MIN: =Z
READ SEGMENT _

SHAPENO: =1

READ SHAPE

CALCULATE SQDIFF

2 SQDIFF < MIN ?
MIN: =SQDIFF
INDEX: =SHAPENO

. SHAPENO=N ?

. 140" SHAPENO:=SHAPENO-+1

7142 WRITE INDEX

Start of the program

The value of the variable MIN is made equal

to a constant Z.

The values representing the envelope of a

segment are read.
The first reference envelope is selected.

The values representing the reference

envelope are read.

The squared difference between the
reference envelope and the segment envelope

is calculated.-

A test is made whether SQDIFF is smaller
than MIN.

to the variable SQDIFF.

The index of the thus far optimum reference

* envelope is stored.

A test is made whether all reference
envelopes have been compared with a

segment envelope.
The next reference envelope is selected.

The identification code of the selected
reference envelope is put on the second
output of the processor.

The

in

_The value of the variable MIN is made equal

. The program according to the flow chart of Fig. S is carried out once for
Qch s’~'-8ment of sub-band signal samples. In box 122 the variable MIN represennng the
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Fig. I shows a transm ssion systemaccording to the invention; Fig. 2 shows
a sub-band ovolesie8e be used in a transm ssion system as shomPC'flIlFﬂ4QO302
Fig. 3 shows a sub-band decoder to be USﬁg in a transm ssion system as
shown i.n Fig. 1; Fig. 4 shows selecting &ns to be used in the sub-band

coder as shown in Fig. 2; Fig. 5 shows a flow chart a proglramto be used
in the pr mgggm e[z measiiFeeis made equal to a number Z which 1s so large that the minimum

% dlfference measure is bound to fall short of this number Z. Subsequently, in box 124 the

gvalnes representing the envelope of the segment are read out by the processor 118. In box

gf;;:._126 the address belonging to the first reference envelope is presented at the first output of the

i

‘?ﬁ}ocessor In box 128 the values representing the reference envelope are read by the

;iprocessor In box 130 the difference measure between the envelope of the segment and the

greference envelope is calculated The difference measure SQDIFF can be calculated as

13 follows -

frevc

& L X |

'* _ SQDIFF =Y (X;-¥;) (1)

i=l

i In (1) i is a running variable, L the number of values that represent the envelope, x; the i®
value of the values that represent the envelope of the segment, and-y; the i value of the
.'\f._a'lues that represent the reference envelope.

s In box 132 the value of SQDIFF is compared with the value of MIN. If
the value of SQDIFF is smaller than the value of MIN, the actual reference envelope

____coxresponds more to the envelope of the segment than the reference envelopes that have been
%Pl‘e\ﬂously compared with the envelope of the segment. In that case the value of MIN in box
34 is made equal to the value of SQDIFF. In addition, in box 136 the value of INDEX

: l'?presenting the identification code of th:. reference envelope thus far corresponding most is
made equal to the identification code of the current reference envelope. If the value of
QDII-'F is not smaller than the value of MIN, the boxes 134 and 136 are skipped. |

3 & In box 138 there is examined whether all referenoe envelopes have already
& been Compared with the envelope of the segment of sub-band signal samples If they have,
the variable INDEX that is representative of the identification code of the reference envelope

corresponding most to the envelope of the segment of sub-band signal samples is written in
box 142, If not all the reference envelopes to be incorporated in the comparison have yet
been compared with the envelope of the segment of sub-band signal samples, the next
l'eference envelope is selected in box 140 and box 128 is leapt to.

It is noted that the coder and decoder may be fully implemented in
hardware but it is alternatively possible for the coder and/or decoder to be incorporated

_ Mpletely or in part in a signal processor. This signal processor is then controlled by
“Sllltable software.

Fig. 6 shows the five reference envelopes used for the sub-bands which
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selectlng nmeans as shown in Fig. 4; Fig. 6 is a graphical p n of
t he ref eren®0 ¥H9EW, opes used in the coder and decoder as sho\/\i’lsf'ﬁ‘gl‘jiu’!"08

and 3 mthh envel opes are represented by figur val ues; and
sub-bands are represented by four values. The reference envelopes are represented by the
: values Yi,i» Where k is the serial number of the reference envelope and i is a serial number of

the value that also defines the reference envelope. Expenmems have shown that not all

3x‘c:fcrenc:e envelopes occur equally often. This phenomenon may be used for reducing, for
' _.%ﬁgxample by means of Huffmann coding, the necessary transmission capacity for transmitting

Zthe identification code of the reference envelope.
" In Fig. 7 the eleven reference envelopes used for the sub-bands that are

grepresented by eleven valiies are shown. Here too experiments have shown that not all the

%reference envelopes occur equally often.
@i

It is noted that, optionally, adaptive reference envelopes to be derived

/from the sub-band signal to be coded can be used in addition to or in lieu of fixed reference

luch uuhzes linear predxctxon (LPC: linear predictive coding). An output of the vector

\lannzer 66, carrying the first digitally coded signal for its output signal, is connected to a

! _lnput of the transmitter means in this case being a multiplexer 68, and to a time-domain
$ d°°°der. 67. An output of the time-domain decoder 67 is connected to a second input of the
osu tracter circuit 65.

o A plurality of outputs of filter means 50, and the output of the subtracter
mra_nt 55 are connected each to an input of a transform domain coder, in this case formed by
S“b-band coder 64. The input signals of the sub-band coder 64 together reptesent a
mmbmm“ of the spectral portion and the further spectral portion of the input signal. An

j tl‘}ll?'t'tixe sub-band coder 64 carrying the further digitally coded signal for its output

is connected to a second input of the multiplexer 68.

The output of the multiplexer 68 is connected, through channel 4, to an

: o1 t_ecexver 6. In the receiver 6 the signal is applied to the input of a demultiplexer
2 ﬁm ; Qutput of the demultiplexer 70, carrying the digitally coded signal for its output
S = -...“ °°““°¢t°d 10 a time-domain decoder, in this case being an inverse vector quantizer

84 wluch
lmplcmcms linear pregiction. An output of the inverse vector quantizer 84,
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Fi 7 is-‘a graphical | ti f the reference envel opes used in the
coger and - dq;g@dgmsas sﬁlgg{l R%B ‘%(ziind 3, which envel opes RCEIB94/00309

r epr esent ed by eight v JIII MEHI ransm ssi on systemshown in Fig. 1 the
i nput signral is applied ter 214 The input of the transmtter 2
is connected to an input of filter means 50 in the coder 51. A first output
of the fi Imlmgemesiesodd@sxgrmhrfeutedumt agnalnmcormﬁctad tehmynpuk eﬁammcﬁdﬁlasrhe
out put si f it neans_.50. r epresent.s .t he

Spebtral clrmrDBs el s tine detdy Femeon fh iscieprase il £PrEaR R dpeer

connected? élﬂ:uitrm The output of the adder circuit 87 is connected to a first input of the combining
?

-
:‘mms 88. A second output of the demultiplexer 70 is connected to an input of the transform

The input signal of the transmission system shown in Fig. 8 is split up

“{into a spectral portion and a further spectral portion by the filter means 50. The spectral

rt}on is converted to a digitally coded signal by the vector quantizer 66. A suitable
mp:l;mént'ation of the vector quantiier 66 has already been explained with reference to Fig.
=1l T_he dlgltally coded signal is converted to a decoded signal by the time-domain decoder 67
hlch fiecoded signal is subtracted from the spectral portion of the input signal by the

: tracter circuit 65. On the output of the subtracter circuit is then a coding error signal
Vallable whlch represents a coding error of the time-domain coder.

: The further spectral portion of the input signal is represented by the sub-
band Slgnals on the output of the filter means 50. These sub-band signals and the coding

: crror Slgnal on the output of the subtracter circuit 65 are converted to the further digitally
°°d°d slgllal by the sub-band coder 64. The extension by the time-domain decoder 67 and the
txacter 65 make it possible to code once again any coding error of the time-domain coder
bY_ the sub-band coder 64 and transmit the coding error to the receiver. These measures
mahl_ it Possible to realise an improvement of the transmission quality. The additional
:mm?lemy required for this purpose is little, because there is already a time-domain decoder
,3V§;lable In an analysis-by-synthesis time-domain coder. It may be necessary to delay the
input signal of the subtracter circuit 65 and the signals representing the further spectral
Pomc?n for a certain period of time to provide that all input signals of the sub-band coder 65
nave u'“'1‘3"80ne the same period of delay.

_ It is noted that the sub-band signals on the output of the filter means 50
a’_‘ baseband signals representing a bandpass signal in that particular sub-band. This
"-Na"d representation is advantageous in that the required samples per sub-band are
%‘ned by the bandwidth of that parncular sub-band and not by the maximum frequency



E‘feg case being a vector qLﬁﬂtm%ogﬁﬁ

I nput of* 't
whi ch i npl Qﬁ'é)r#r"}sm? | neahmﬁ fi LPC: Linear Predictive Coding).

ﬁmﬁiwng
out put of: the vector q ml arryi by the digitally coded si gnal for

its output signal, is connected to a first input of the transnmitter means
inthis caﬁﬁ;abpamgular sab-bandl. & switabge inplpinamatibm pf tfe subthantd codér 64 forf $ignals

nmeans 50 fare connecied eac f a,transfor ' in this
case bei nfi?¥ingaame F“gmﬁé‘"?’ °‘§’| ‘E‘em‘*‘ %@ﬂgioﬂnggﬁczoder 64
col | ecti Veﬂnﬁoﬁrﬁ%ﬁ%&'ﬂholb@? cwhghﬁrm&ﬂﬁfbfc?ﬁrep%& hecifed fiRid ForUdi mg&aﬁge An
out put ofgthe sub-band coder carrying the further digitally code
signal f (%Lmednglmqbgpt 1.5 Mbit/s", section 3 pages 174-337. The sub-band signals on the input

' arc converted to a digital sxgna] by means of quantization. The sub-band signals are
quantlzed with a number of levels which may be different for different sub-bands. The actual
number of quantization levels used for each sub-band depends on the power of that particular
‘-*-sub-band signal and the power of the sub-band signals of adjacent sub-bands. Use is then

made of the property of the human auditory system that a weak signal near to a strong signal

inaudible. As a result, it is possible to quantize such a weak signal with considerably fewer

5¢:qu5iitiution levels than the strong signal. Based on the power of the various sub-band signals

44 Just perceivable noise level is calculated for each sub-band. The number of necessary

.Qquantization levels is determined for each sub-band in response to this noise level. The

funher digitally coded signal now comprises different quantized sub-band signals and
? formauon about the number of quantization levels of each sub-band. It is noted that said

is arranged for coding a signal from 0-24 kHz. Since a 0-4kHz spectral portion is
coded by the time-domain coder, the sub-bands situated in this spectral area contain only the
codmg error signal which will have a relatively small amplitude. As a resuit, not more than a
fe\.:v&_.bxts: will be allocated to these sub- bands so that there is hardly need for any additional
mslon capacity to transmit this codmg error signal.

The multiplexer 68 combines the dlgltally coded signal and the further

_:_)' coded signal to a single signal. The time delay element 62 is present for equalizing

d:ﬂays of the spectral portions of the input sxgnal that reach the multipiexer 68 along two
Thg_transmmer transmits this combined signal to the receiver through the channel. In
eiver the combined signal is split up again into the digitally coded signal and the
m;d@m‘)’ coded signal. The digitally coded signal is converted to a first reconstituted

: Signal by the inverse vector quantizer 84. A suitable lmplementatlon of the sub-decoder is

I ' __m said CCITT Recommendation G.728.

The further digitally coded signal is converted by sub-band decoder 72 to

b~band output s:gnal (0-4kHz) that represents the coding error signal is added
cxrcmt 87 to the decoded signal on the output of the delay element 86 to obtain

Ig is noted that these sub-band signals on the output of the sub-band




signal, is connected to a second input of the nultiplexer 68. The output of
the mul tipl WOISNEWO| s connect ed, through channel 4, to an i nfETABP4/RP309
receiver ;6. In the receiver 6 the signal i .applied to the input of a
denultlplexer This is the repl acenent sheé?

{decoder 72 are baseband signals which represent a bandpass signal in that particular sub-

:fi"band This baseband representation is advantageous in that the number of required samples
per sub-band is determined by the bandwidth of that particular sub-band but not by the
;i::’rpaximum frequency on that particular sub-band. The combining means 88 convert the sub-
band signals to the desired sub-band frequency and then combine the sub-band signals with
Tthe de;:oded signal to a reconstituted input signal.

o+
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70. A’first: out put of t 70 carry| ng the digitally coded
signal for |t‘BOG§!ﬂﬂrﬂﬁQ si mﬂnlm'nnﬁﬂm M}ed to a time-donain de@gaép“llqﬂnphi S
case heing:an inverse vector quansi zer ch inplenments |inear

predi cti on.: An :out put of the inverse vector quantizer 84, carrying the
reconstit uts d signal for its output signal, is connected to an input of a
time del ay nt 86. The output of the tine delay elenent 86 is connected

to a first §nput of the TRmeinision d‘y"@léﬁﬁccﬁﬁpns?n%ﬁ&ﬁﬁﬁhm&mﬁlch)fncldilesacoder for
denmul tiplexer 70 is connected to an input of the transform donmin decoder,

in this cageding aningussignalaihe mebe@mmgng A tﬂT“Erﬂa!"FWQS‘F’ &rr demtvingop digitally

E:Jg ng?rs]deql:@? d s:gZZx fréf'd yﬂe@galr S&BBEBH}'.{-} ﬁguﬂlgﬂﬂl the' tMnshiifedr’ 1118 & ¢omprising

: transmmmg means for transmitting the digitally coded signal through a transmit channel to a

;%fecexver which includes a decoder comprising a time-domain decoder for deriving a decoded
_s&gnal from the digitally coded signal, characterized in that the coder further comprises a

B

sform domain codgr for denvmg a further digitally coded signal from a further spectral

T_,mon of the input signal, the transmitter also being arranged for transmitting the further

_- llgltally coded signal through the transmission channel to the receiver, which receiver

s,

gqompnses a transform domain decoder for deriving a further decoded signal from the further

tdigitally coded signal, and combining means for deriving a reconstituted signal from the
gdecoded signal and the further decoded signal.

' _ Transmission system as claimed in Claim 1, characterized in that the time-
maln coder compnses a vector quantization coder and in that the time-domain decoder

mpnses a vector quantization decoder.

Transmission system as claimed in Clalm 1 or 2, characterized in that the

Transmitter as claimed in Claim 6, characterized in that the frequencies

Suated in the Spectral portion are lower than the frequencies situated in the further spectral
porion, . ===
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col l ectivel ¥ represent t”mulllmlulmﬂm?)l portion of the input signal,
are connect édywanéshiobsy an i ni ng neans 88. The rREHHEIINNY ed
i nput “signalt is avail abl e*on®tHe dut fut *of ;[N%e conbi ni ng neans 88. The

i nput signak-of ‘the transm ssion system sho W in Fi g. 1 is split upinto a

spectr al po@%-tion and a further spectral portipn the filter NS n Weeod
spectral pogé?-i on is conve??"éb"ef'og%{“‘?ﬁ‘ﬁ?ﬁ gl%"‘%&d@% QPR ?);?/‘m[eg%oa"\‘/égt or P For
quanti zer 665, Al Hiaddded siFRalEHERtAGighM PEodedssidfe, EHardiestzet 4R thdiGhe seceiver
descri bed, ;(_t_lgerrﬁé arrp?égd inﬁaCCI TT Reclgmmyr)ldat_i png%(F728 " Codi ng. of speech at
16 kbit/s u@dﬂ@pdmdahsfyrm@bmaak@qodgr farrdeniving a further decoded signal from a further

%'t_iigitall;y coded signal, and combining means for deriving a reconstituted signal from the

%lecoded signal and the further decoded signal.
. i Coder for coding an input signal, this coder comprising a time-domain

coderfor tj_iériving a digitally coded signal from a spectral portion of the input signal for

3

P FEr ig ~ s
#deriving a further digitally coded signal from a further spectral portion of the input signal.

" Decoder comprising a time-domain decoder for deriving a decoded signal

Method of input signal transmission comprising the coding of the input

prising deriving a digitally coded signal from a spectral portion of the input signal

ission method likewise comprising transmitting the further digitally coded signal,
g a further decoded signal from the further digitally coded signal, and deriving a
Muted signal from the decoded signal and the further decoded signal.

Method of coding an input signal, this method comprising deriving a

lﬁgltally coded signal from a spectral portion of the input signal while a time-domain coding
: M"d is implemented, characterized in that the method likewise comprises deriving a

'- fmh" digitally coded signal from a further spectral portion of the input signal while a
~~orm domain coding method is implemented.

Method of decoding a coded signal, comprising deri_ving a decoded signal
2 digitally coded signal while a time-domain decoding method is implemented,
d?“‘m’»nzed in that the decoding method likewise comprises deriving a further decoded

Slgna] from a further digitally coded signal while a transform domain decoding method is
lmplememed and deriving a reconstituted signal from the decoded signal and a further

- fdecogeq signal.
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predi ction™. This coder is based on the "anal ysi s by synthe5|s @@&ﬁ%hﬂke'
In thi.s vect WOSMIA zer the input signal to be coded is convef§
successi ve: segnents of a plurality of signal sanples of the signal to be
coded. A synthesis filter is used for generating a synthesized signal
segnent for. a |arge nunber of codebook words stored in a codebook. The
di fference :-between the actual segnent of ﬂhﬁ]lnput signal and the
synthe5|zed sig

-egngﬁf-rs—ﬁkkrered-br:a —wergttmo-fi | ter
The squared sum rﬁil"""l1e="""'gnal sanpl es i s—calcul gt froma segnegp of
out put sigipal sandl es of Lk perceptﬁéhﬁmeightirg ilter.
l
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Thi s generatlon of the synthesized signal, the calculation of the

di fference betWeoN1e8% input signal and t he synt hesi zed si gnal , POTdB94/00309
filtering by-the perceptive weighting filter and the cal cul ation of the
squar ed sunlfs ‘effected for each of the avail able 1024 codebook words. From
t hese codebogk words the codebook word is gelected that yields the |east
squared sum ' The transfer function of the i ysis filter is determ ned by
maki ng, by l&near prediction, an estinmate of the relation between
successi ve signal 'sanples in the four segnents of the synthesized signal
previous to ghe actual segnent. The coded signal now
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conprises a ébdebook i ndex of the sel ected codebook word. It is
the predicti dn W88 s need not be transferred. This is the r
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sheet -~ 6 THe further spectral portion of the input signal is represented
by the sub- &
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band S|gnalfton the output of the filter neans 50. These sub-band_si
are convert %@@éﬁ

3&89{({%95 urther digitally coded signal by the sub- BSRAB

64. It is n at the sub-band signals on the output of the filter neans
50 are basel@nd signals representing a passband signal in the appropriate
sub-band. T baseband representation is advantageous in that the
necessary s&#pl es..per sub-band are detern1dpﬁ7by t he bandw dth of the
appropri at e fsub- band and not by the nmaxi mum frequency in the appropriate
sub- band. A Table i npl enentation of the sub-band coder 64 for signals
havi ng a sa

_ ate of 48 kHz is known from Draft International Standard
ISOIEC DS 1.nformation technol ogy - Coding of noving

120
START
_m
MIN: = 2
il 12
" READ SEGMENT T
126
SHAPEND : = +
128
READ SHAPE. d
/130 0
"CALCULATE  SQDIFF | SHAPENO : = SHAPEND + 1°
132
SODIFF < MIN?
! 134
MIN: = SQDIFF
136
INDEX : = SHAPEND @
-B(.m

SHPENO =N~ D

Y
12
WRITE  INDEX

4

END ' | FI6.5
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pi ctures associated audio for digital storage media up to about 1.5
Moit/s", secty@bsosod@pP- 174-337. The sub-band signals on the iﬁﬁ'mn%”g”g
converted tig_*a digital signal by nmeans of quantization. The sub-band
signals arezrquanti zed with a nunber of levels that may be different for

di fferent shb-bands. The actual nunber of _quantization | evels used for each
sub- band depends on the power of the r'el§ gnt sub- band signal and the
power of t sub-band signals of adjacent sub-bands. Use is then made of
the propert¥sof the human auditory systemthat a weak signal near to a
strong sigmgd: is inaudible. As a result; it is possible to quantize such a
weak signali onsi derably fewer quantization |evels than the strong
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si gnal .-
noi se-l eve

this noise |

quantij zatio
arranged forg
coded by th

evel .

WE*dOﬁBIn coder,

L b7

fron10-24 kFE Since a spectra

Basaﬂ on the power of the various sub-band signals a jYygrRdsbd3bé
ﬂﬁr@ﬁhosdom ed for each sub-band. The number of necessary

quantlzailcwé evels is determ ned for each sub-band signa

The further digitally coded signal

di fferent qd‘ntlzed sub- band signal s and

.evel s-of each sub-band.

¢odi.ng-a signa

in response to
now conpri ses
rmati on about the number of
oted that said coder is

portion is

area need n

t he sub- bands situated in this spectral

toded This may be sinply effected by not allocating any
bits to the
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The rmul-tipl exe;g._.{- 68 conbines the digitally coded signal and the fug %gﬁg‘uoosog

digitally codegdwoomeBo o a single signal. The tine delay el enent

present for eqdl i zi ng the del ays of the spectral portions of the input

si gnal. t hat reﬁjh the nmultiplexer 68 along two paths. The transmtter

transmts this&conbi ned signal to the receiv7z7through t he channel. In the
t

receiver the ybi'med signal is split up agai othe digitally coded
signal and t he®f

UT o4 —eH-gti -t T Y CONEN- ST QA —TRE"TLGi tal 1y coded signal
is converted - ¥ ECan utﬁd si gnal g% he——-Rve§ S vector quantizdr 84.
A suitable i Hi tion dk-¥he sub-de er is degcrji bed in said CCITT
Reconnendatio_ -l I'n thHis inverse vectbr quantizqr 84 the codebo#k wor d
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The invention relates to a transmission system comprising a transmitter
which includes a coder for coding an input signal, the coder comprising a time-domain coder
for deriving a digitally coded signal from a spectral portion of the input signal, the
transmitter likewise comprising transmitting means for transmitting the digitally coded signal
through a transmit channel to a receiver which includes a decoder comprising'a time-domain |
decoder for deriving a decoded signal from the'digitally coded signal. '

The invention likewise relates to a transmitter, a recetver, a coder and a
decoder to be used in a transmission system of this type as well as a method of transmission
coding and decoding. -

E _ A transmission sysfem as defined in the opening paragraph is known from
published UK Patent Application no. GB 2 188 820. |

Such transmission systems are used, fbr example, for ti'ansmitting speech
or music signals through channels that have a limited transmission capacity. |

A first example of such a channel is a radio channel between a mobile
station and a fixed base station. The available transmission capacity of this channel is limited
because this channel is utilized by a great rhany users. A second example is a recording
_channel used on a magnetic, optical or other recording medium such as, for example, a
ROM. The.capacity is often limited here too.

In the transmitter of the transmission system known from said UK Patent
Application a spectral portion of the input signal is converted by a time-domain coder to a
digitally coded signal. - | |

Examples of time-domain coders are coders implémenting pulse code
modulation, differential pulse code modulation, adaptive differential pulse code modulation,
delta modulation, adaptive delta modulation, vector quantization (CELP) and coding methods
implementing linear prediction. The digitally coded sigﬁal is sent to the receiver through the
channel while the transmitting means are used. The time-domain decoder derives a decoded
signal from the coded signals. . '

A problem of prior-art transmission system is that the quality of the
reconstituted signal is inadequate for all applications because of the required transmission

rate. ] : .
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stn1lar manner to coder 66. The further digitally coded signal is converted
by the sub-band decoder 72 to a plurality of decoded sub-band signals
avai |l abl e on the output of the sub-band decoder 72 itself. .It is noted that
these sub-band signals are baseband signals representing a bandpass si gnal
in the rel evant sub-band. This baseband yepresentation is advantageous in
that the necessary sanpl es per sub- band:%fe determ ned by the bandw dt h of

(e el evant sub:band g gl S URIAFRLLBBUCHR MmO AL AL
f r equencyin alfelogeningepafdgeaphc oriwhich thdmﬂuys p@ﬂalrecomqthted signal is enhanced when

the transmission rate is unchanged, or, with an unchanged quality of the reconstituted signal,

the required transmission rate is reduced. '

For this purpose, the invention is characterized in that the coder further
comprises a transform domain coder for deriving a further digitally coded signal from a
further spectral pomon of the input signal, the transmmer also being arranged for
transmitting the further digitally coded signal through the tmnsmxsswn channel to the
receiver, which receiver comprises a transform domain decoder for dcnvmg a further
decoded signal from the further digitally coded signal, and combining means for deriving a
reconstituted signal from the decoded signal and the further decoded signal.

“The invention is based on the recognition that for certain spectral portions
of the input signal a time-domain coder is optimal and that for other spectral portions a
transform domain coder is optimal. Examples of transform domain coders are coders
utilizing sub-band coding and various forms of coding utilizing a transformation of the time
domain to another domain. Such transformations are, for example, the discrete Fourier
transform, the disé_rete cosine transform or the discrete Walsh Hadamard transform.
Psychoacoustical properties of the human auditory system may then be utilized or not. By
utilizing a time-domain or transform domain coder respectively, for different spectral
portions of the input signal, it is possible to enhance the quality of the reconstituted signal
considerably.

It is noted that in German Patent Specification no. DE 26 05 306 C2 a
transmission system is disclosed in which an input signal is split up into a spectral portion
represented by a baseband signal and a further spectral portion represented by a plurality of
sub-band signals. However, in that transmission system the relevant signals are transrhitted in
analog mode, so that no coders and decoders are necessary. It will be evident that the
problém of digitally coding analog signals in the transmission system known from this
German Patent Specification does not play any role whatsoever.

A preferred embodiment of the invention is characterized in that the
frequencies situated in the spectral portion are lower than the frequencies situated in the
further spectral portion. ,

Experiments have shown that the use of a time-domain coder in the low-
frequency area from O Hz to several kHz and the transform domain coder for the higher

frequency areas leads to a considerable enhancement of the quality of the reconstituted
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the decoded si gqﬂ,gsﬁegt}pdsggeg 5&4 uted input signal. In the sub-band coder

64 shown

sub-coder 91 ...
structure. The i

means 90.

nmeasuring means 92 and to an input of s
t he neaSU[lnP means 92 is connected to a control input of the scaling neans

94. A se
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in Fig. sub-band signals is applied to its own
oders 91 ... 100 all have an identical
-coder 91 is connected to the segnenting

The out put of the segnenti ng g{ans 90 i s connected to an i nput

out put of the neasuring neans carrying a power neasure for
gnal is conngqlketlehBowill héW be"ktherOéxpainad Witk référencel fb2the Brawing

Figures in which like elements are denoted by like reference characters, in which:

‘Fig. 1 shows a transmission system according to the invention; -

Fig. 2 shows a sub-band coder to be used in a transmission system as
shown in Fig. 1;

Fig. 3 shows a sub-band decoder to be used in a transmission system as
shown in Fig. 1, | .
Fig. 4 shows selecting means to be used in the sub-band coder as shown
in Fig. 2;

Fig. 5 shows a flow chart of a program to be used in the processor 118 in
the selecting means as shown in Fig. 4;

Fig. 6 is a graphical representation of the reference envelopes used in the
coder and decoder as shown in Figs. 2 and 3 which envelopes are represented by four
values; and

Fig. 7 is a graphical representation of the reference envelopes used in the
coder and decoder as shown in Figs. 2 and 3, which envelopes are represented by eight
values. _ . |

In the transmission system shown in Fig. 1 -the ittbut signal is applied to a
transmitter 2. The input of the transmitter 2 is connected to an input of filter means 50 in the

coder 51. A first output of the filter means 50 is connected to an input of a delay element 62.

The output signal on the first output of the filter means 50 represents the spectral portion of
the input signal. An output of the delay clerttent 62 is connected to an input of the time-
domain coder in this case being a vector 'quantizer 66 which implements linear prediction
(LPC: Linear Predictive Coding). An output of the vector quantizer 66, carrying the digitally
coded signal for its output signal, is connected 1o a first input of the transmitter means in this
case being a multiplexer 68.

A plurality of outputs of the filter means 50 are connected each to an
input of a transform domain coder in this case being a sub-band coder 64. The input signals
of the sub-band coder 64 collectively represent the further spectral portio_n of the input

- signal. An output of the sub-band coder 64, carrying the further digitally coded signal for its

output signal, is connected to a second input of the multiplexer 68.
The output of the multiplexer 68 is connected, through channel 4, to an

input of a receiver 6. In the receiver 6 the signal is applied to the input of a demultiplexer

of

ling means 94. A first output of

its
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the scal mgsﬂggméBe%élRé &pnnected to an input of an absolute value

cal cul ato |nput of sign determ ning neans 98. An output of

t he absolgn Iator is connected to an input of a selecting neans
96. An ou ectl ng nmeans 96, carrying an identification code of
a selected reference envel ope for its oufput signal, is connected to an

i nput of the nultiplexer 102. An output %f the si gn determning neans is

conmect o0yl ol b ot i eish el Rl AR S U i

enbodi mensigranris thitmeaed & a Sinerdutraird detoli@r inahis rcasestwting ano inveise tvemrf quannzer
84 which implements linear prediction. An output of the inverse vector quantizer 84,
carrying the reconstituted signal for its output signal, is connected to an input of a time delay
element 86. The output of the time delay element 86 is connected to a first input of the
combining means 88. A second output of the demultiplexer 70 is connected to an input of the
transform domain decoder, in this case being a sub-band decoder 72. A plurality of outputs
of the sub-band decoder 72, carrying reconstituted signals for their output signals which
collectively represent the further spectral portion of the input signal, are connected each to an
input of the combining means 88. The reconstituted input signal is available on the output of
the combining means 88.

The input signal of the tmnémission system shown in Fig. | is split up
into a spectral portion and a further spectral portion by the filter means 50. The spectral
portion is converted to a digitally coded signal by the vector quantizer 66. A suitable
implementation of the vector quantizer 66 is described, for example, in CCITT
Recommendation G.728 "Coding of speech at 16 kbit/s using low delay code excited linear
prediction”. This coder is based on the "analysis by synthesis" principle.

In this vector quaniizer the input signal to be coded is converted to
successive segments of a plurality of signai samples of the signal to be coded. A synthesis
filter is used for generating a synfhesized signal segment for a large number of codebook
words stored in a codebook. The difference between the actual segment of the input signal
and the synthesized signal segment is filtered by a perceptual weighting filter. The squared
sum of the signal samples is calculated from a segment of output signal samples of the
perceptual weighting filter.

This generation of the synthesized signal, the calculation of the difference
between the input signal and the synthesized signal, the filtering by the perceptive weighting
filter and the calculation of the squared sum is effected for each of the available 1024
codebook words. From these codebook words the codebook word is selected that yields the
least squared sum. : _ '

The transfer function of the analysis filter is determined by making, by
linear prediction, an estimate of the relation between successive signal samples in the four
segments of the synthesized signal previous to the actual segment. The coded signel now
comprises a codebook index of the selected codebook word. It is noted that the prediction

parameters need not be transferred.
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aud| O ksSRAY Sas hat have a maxi mum frequency of 8 kHz, the spectral portion

Conprls area fromO0-2 kHz, while the further spectra
portlon frequency area from2 kcHz to 8 kHz. The furt her
spectr al epresented by the eight sub-band signals at the input
of the sub-band coder In the sub-coders 91 ... 100 the sub-band signals

are segnmented into segnents havi ng identfcal tinme durations, while the

nunber of sanples of the sub-band signal in a segnent is proportional to
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further digitally coded signal by the sub-band coder 64. It is noted that the sub-band signals
on the output of the filter means 50 are baseband signals representing a passband signal in
the appropriate sub-band. This baseband representation is advantageous in that the necessary
samples per sub-band are determined by the bandwidth of the appropriate sub-band and not
by the maximum frequency in the appropriate sub-band. A suitable implcmentaﬁon of the
sub-band coder 64 for signals having a sampling rate of 48 kHz is known from Draft
International Standard ISO/IEC DIS 11172 “Information technology - Coding of moving
pictures associated audio for digital storage media up to about 1.5 Mbit/s", section 3, pp.
174-337. The sub-band signals on the input are converted to a digital signal by means of
quantization. The sub-band signals are quantized with a number of levels that may be
different for different sub-bands. The actual number of quantization levels used for each sub-
band depends on the pow;\/er of the relevant sub-band signal and the power of the sub-band
signals of adjacent sub-bands. Use is then made of the property of the human auditory
system that a weak signal near to a strong signal is inaudible. As a result, it is possible to
quantize such a weak signal with considerably fewer quantization levels than the strong
signal. Based on the power of the various sub-band signals a just audible noise level is

“calculated for ech sub-band. The number of necessary quantization levels is determined for

each sub-band signal in response to this noise level. The further digitally coded signal now
comprises different quantized sub-band signals and information about the number of
quantization levels of each sub-band. It is noted that said coder is arranged for coding é
signal from 0-24 kHz. Since a spectral portion is coded by tﬁe time-domain coder, the sub-
bands situated in this spectral area need not be coded. This may be simply effected by not
allocating any bits to these sub-bands.

“The multiplexer 68 combines the digitally coded' signal and the further
digitally coded signal to a single signal. The time delay element 62 is preeent for equalizing
the delays of the spectral portions of the input signal that reach the multiplexer 68 along two
paths. The transmitter transmits this combined signal to the receiver through the channel. In
the receiver the combined signal is split up again to the ciigitally coded signal and the further
digitally coded signal. The digitally coded signal is converted to a reconstituted signal by the
inverse vector quantizer 84. A suitable implementation of the sub-decoder is described in
said CCITT Recommendation G.728. In this inverse vector quantizer 84 the codebook word
selected by the vector quantizer 66 is genei'ated on the basis of the transmitted codebook
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segrrent a oV asbeen Ie 1. The tine duration of the segnent is 4 nb.
TABLE 1 s r mn [kHz] [err]max [ kHz] Af [ kHz]
sarrpl es / l 2.5 0.5

6

index. The codebook word is converted to a decoded signal by a synthesis filter. The

_ parameters of the synthesis filter are for this purpose derived by lincar prediction from the
four segments previous to the actual segment of the decoded signal. This is effected in
similar manner to coder 66. .

The further digitally coded signal is converted by the sub-band decoder 72
to a plurality of decoded sub-band signals available on the output of the sub-band decoder 72
itself. It is noted that these sub-band signals are baseband signals representing a bandpass -
signal in the relevant sub-band. This baseband representation is advantageous in that the
necessary samples per sub-band are determined by the bandwidth of the relevant’ éﬁb—band
and not by the maximum frequency of this sub-band. The combining means 88 convert the
sub-band signals to the desired sub-band frequency and thereafter combine these signals with
the decoded signal to a reconstituted input signal.

In the sub-band coder 64 shown in Fig. 2 each of the sub-band signals is
applied to its own sub-coder 91 ... 100. The sub-coders 91 ... 100 all have an identical
structure. The input of the sub-coder 91 is connected to the segmenting means 90. The
output of the segmenting means 90 is connected to an input of measuring means 92 and to an
input of scaling means 94. A first output of the measuring means 92 is connected to a control
input of the scaling means 94. A second output of the measuring means carrying a power
measure for its output signal is connected to a first input of a multiplexer 102. The output of
the scaling means 94 is connected to an input of an absolute value calculator 95 and to an
input of sign determining means 98. An output of | the absolute value calculator is connected
to an input of a selecting means 96. An oﬁtput of the selecting means 96, carrying an
identification code of a selected reference envelope for its output signal, is connected to an
input of the multiplexer 102. An output of the sign determining means is connected to a third
input of the multiplexer 102. The output of the multiplexer 102 forms the output of the sub-
band coder 64.

In an embodiment for the coder 51 intended for a transmission system for
audio Signa]s that have a maximum frequency of 8 kHz, the spectral portion comprises the |
frequency area from 0-2 kHz, while the furfhcr spectral portion comprises the frequency area

. from 2 kHz to 8 kHz. The further spectral portion is represented by the eight sub-band
signals at the input of the sub-band coder 64. In the sub-coders 91 ... 100 the sub-band
signals are segmented into segments having identical time duratlons, while the number of
samples of the sub-band signal in a segment is proportional to the bandwidth™of that sub-band

signal. The frequency area of each sub-band and the corresponding number of samples per.
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segment are given in Table {. The time duration of the segment is 4 mS.

TABLE 1
.—H:b-band i fin [kHZ] fm;- {kHz] Af [kHz] | samples / seg-
ment
1 2 - 2.5 0.5 4
2 25 3 0.5 4
3 3 35 0.5 4
4 35 . 4 0.5 . 4
5 4 5 1 8
6 5 6 1 8
7 6 7 1 8
'8 7 8 1 8
- _— e

In-an embodiment for the coder 51 intended for a transmission system for
audio signals that have a maximum frequency of 16 kHz, the spectral portion comprises the
frequen.cy area from 0-4 kHz, while the further spectral portion comprises the frequency area
from 4 KHz to 16 kHz. The further spectral portion is represented by the eight sub-band
signals at the input of the sub-band coder 64. In the sub-coders 91 ... 100 the sub-band
signals are also segmented into segments having identical time durations, while the number
of samples of the sub-band signal in a segment are proportional to the ﬁandwidth of that sub-
band signal. The frequency area of each sub-band and the corresponding number of samples

per segment are given in Table 2. The time duration of the segment is 2 mS.
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audi o si gnal s that have a maxi num frequency of 16 kHz, the spectral portion

conpri s Hay' darea from0-4 kHz, while the further spectral
portion requency area from4 kHz to 16 kHz. The further
spectr al presented by the eight sub-band signals at the input

of the sub-band coder 64. In the sub-coders 91 ... 100 the sub-band signals
are al so segnented into segnents having Ydentical tine durations, while the
nunber of sanples of the sub-band sigf &h&‘a segnent are proportional to
t he bandwi dth of that sub- band signal” frequency area of each sub-band
and the correspondi ng nunber of sanples per segnent are given in Table 2.

The tinme
sub-band i fmin kHz] | £, (kHz] Af [kHz] | samples / seg-
ment

1 4 5 l 4
2 5 6 1 4
3 6 7 1 4
4 7 8 1 4
5 8 10 2 8
6 : 10 12 2 8
7 12 14 2 8
8 14 16 2 .8

-The measuring means 92 determine a power measure for the relevant
segment of sub-band signal samples. This power measure is converted to a logarithmic power
measure and the difference between the logarithmic power measures of an actual segment and
the segment preceding that actual segment is coded by Huffmann coding. The Huffmann
coded signal is applied to the multiplexer 68 and this signal is transmitted to the receiver 6.
An alternative way of coding the power measure of the different sub-bands is coding the
power measure of the speﬁiﬁc sub-band and coding the pow.cr_ difference between the power
of the rclevént sub-band and that of the remaining sub-bands. In situations where the power
measures of the different sub-bands are correlated, this leads to a considerable saving on
transmission capacity. The scaling means 94 scale the sub-band signal samples in rcsponse'to
a control signal coming from the measuring means, so that the power of the segments on the
output of the scaling means 94 has a constant value. The absolute value producer 95 |
produces the envelope of the output sigrial of the scaling means 94 and applies this envelope
in segmented form to the selecting means 96. The selecting means compares the envelope of
the output signal of the scaling means 94 with a number of reference envelopes and selects
the reference envelope that corresponds most to the envelope of the output signal of the
scaling means 94. The selecting means produces on its output an identification code of the
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selected reference envelope. This identification code is applied to the multiplexer 102 for
transmission to the receiver 6. In the sub-bands, in which four sub-band signal samples are

used per segment, five reference envelopes are used, whereas in the sub-bands in which eight
sub-band signal samples are used per segment, eleven reference envelopes are used.
A number of reference envelopes used in the sub-bands with eight sub-

band signal samples may vary from one to eleven. As a result of the Huffmann coding of the

. power measure, the number of bits necessary for this power measure may differ from one .

segment to the next. If there is excessive transmission capacity as a result, this transmission
capacity may be used for transmitting longer identification codes of reference envelopes, so
that a larger number of reference envelopes may be used for coding the envelope of the
output signal of the scaling means 94.

The sign determining means 98 determine the sign of the output signal of

' the scaling means 94. This sign is applied to the third input of the multiplexer 102 for

transmission to the receiver 6. It is possible that not for all the sub-bands the sign of the

" output signal of the scaling means 94 is transmitted to the receiver, but that this sign is

generated by means of a noise generator at the receiver end. This simplification has appeared
to be especially permissible for the higher sub-bands.

In the sub-band decoder 72 shown in Fig. 3 the output signal of the
demultiplexer 70 is applied to a demultiplexer 104. Each of the sub-decoders 106 ... 114 is
supplied with three output signals of the demultiplexer 104. A first one of these outputs is
connected to a reference envelope generator 108. A second one of these outputs is connected
to a first input of a multiplier circuit 110 and a third one of these outputs is connected to a

first input of a multiplier circuit 112. Alternatively, however, it is conceivable that the third

~ output of the multiplexer 104 is not present, but that the first input of the multiplier circuit

112 is connected to an output of a noise generator 109. An output of the reference envelope
generator 108 is connected to a second input of the muitiplier circuit 110. An output of the
multiplier circuit 110 is connected to a second input of a multiplier circuit 112. The output of
the multiplier circuit 112 forms one of the decoded sub-band signals. The sub-decoders 106
.. 114 are structured in similar manner.

The reference envelope generator 108 generates the selected reference

envelope in response to the received identification code. The muitiplier circuit 110 multiplies

the selected reference envelope by the power measure, so that a.reconstituted envelope of the
sub-band signal concerned is obtained. The reconstituted envelope of the sub-band signal is

multiplied in the muitiplier circuit 112 by the received sign of the sub-band signal samples,
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50 that the decoded sub-band signal is available on the output of the multiplier circuit 112.
For sub-bands in which the sign of the samples of the sub-band signal is not transferred, the
multiplier circuit 112 multiplies the output signal of the multiplier circuit 110 by the output
signal of the noise source 109.

In the selecting means 96 shown in Fig. 4, four inputs carrying for their
input signals four.absolute values of the scaled sub-band signal combined to one segment are
connected to four inputs of a processor 118. In Fig. 2 these four inputs of the selecting
means 96 are symbolically shown by a single input. A first butput of the processor 118,
carrying an address signal for its output signal, is connected to an input of a ROM 116. Four
outputs of the ROM 116, carrying four values that represent the reference envelope for their
output signals, are connected to four further inputs of the processor 118. A second output of
the processor 118, carrying- the identification code of the reference envelope for its output
signai, forms the output of the selecting means 96.

It is assumed that in the selecting means 96 shown in Fig. 4 the envelope
of the output signal of the scaling means 94 is represented by four values of this envelope at
successive instants. It is also assumed that the reference envelopes are represented by four
values of these reference envelopes. In the selecting means 96 the processor generates
successive addresses for the ROM 116. This ROM 116 supplies in the form of four values
the reference envelope stored at such an address. The processor 118 reads the values that
represent the reference envelope and the envelope of the output signal of the scaling means
94. The processor 118 produces a difference measure between the two envelopes which
measure is, for example, equal to the sum of the squared difference between the
corresponding values represented by the envelopes. The processor success‘ively generates the
addresses of all the reference envelopes to be used in the comparison, and presents the |
identification code of this reference envelope on the second output with a minimized
difference measure. It is observed that for the sub-bands in which the envelopes are
represented by eight signal samples, the selecting means are to have eight inputs. The ROM
116 therefore has eight outputs, while the input ports of the processor 118 then also are to
have eight inputs. _
For performing said function, the processor 118 is to comprise a suitable
program whose flow chart will be shown in Fig. 5. The numbered instructions have the
connotation as indicated in the Table below. '

This is the replacement sheet

Date: 0 9 FEB m
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mul tiplexer 68 and this signal is transmtted to the receiver 6. An
alternative way of coding the power neagure of the different sub-bands is
codi ng the power neasure of the specific sub-band and codi ng the power

di fference between the power of the relevant sub-band and that of the

r emai ni ngNs ub-Desigdationl n si t uat i ons w@eneotatien power measures of the
di fferent sub-bands are correlated, this | eads to a consi derabl e saving on

120 START ~ Start of the program

- 122 MIN:=2Z The value of the variable MIN is made equal
- to a constant Z.

124 READ SEGMENT - The values representing the envelope of a
-segment are read.

126 SHAPENO:=1 “The first reference envelope is selected.

128 READ SHAPE . The values representing the reference
envelope are read.

130 CALCULATE SQDIFF The squared difference between the
reference envelope and the segment envelope

is calculated.

132 SQDIFF < MIN? A test is made whether SQDIFF is smaller
than MIN. '
134 MIN:=SQDIFF The value of the variable MIN is made equal

to the variable SQDIFF.

© 136 INDEX:=SHAPENO The index of the thus far optimum reference

envelope is stored.

138 SHAPENO=N? . A test is made whether all reference
envelopes have been compared with a

segment‘ envelope.
140 SHAPENO:=SHAPENO-+1 The next reference envelope is selected.

142 'WRITE INDEX The identification code of the selected
' reference envélope is put on the second

output of the processor.

The program according to the ﬂm'w chér_t of Fig. 5 is carried out once for

each segment of sub-band signal samples. In box 122 the variable MIN representing the
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126 the address belonging to the first reference envelope is presented at the first output of the
processor. In box 128 the values representing the reference envelope are read by the
processor. In box 130 the difference measure between the envelope of the segment and the
reference envelope is calculated. The difference measure SQDIFF can be calculated as

follows:

sonrr-'thj (x;-y:i)? | (2)
- isl
In (1) i is a running variable, L the number of values that répr:sent the envelope, x; the i®®
value of the values that represent the envelope of the segment, and y; the i value of the
values that represent the reference envelope.

' In box 132 the value of SQDIFF is compared with the_ value of MIN. If
the ‘value of SQDIFF is smaller than the value of MIN, the actual reference envelope .
corresponds more to the envelope of the segment than the reference envelopes that have been
previously comparéd with the envelope of the segment. In that case the value of MIN in box

134 is made equal to the value of SQDIFF. In addition, in box 136 the value of INDEX
representing the identification code of the reference envelope thus far corresponding most is
made equal to the identification code of the current reference envelope. If the value of
SQDIFF is not smaller than the value of MIN, the boxes 134 and 136 are skipped.

In box 138 there is examined whether all reference envelopes have already
been compared with the envelope of the segmen-t of sub-band signal samples. If they have,
the w}ariable INDEX that is representative of the identification code of the reference envelope
corresponding most to the envelope of the segment of sub-band signal samples is written in
box 142. If not all the reference envelopes to be incorporated in the comparison have yet
been compared with the envelope of the segment of sub-band signal samples, the next
reference envelope is selected in box 140 and box 128 is leapt to. _

It is noted that the coder and decoder may be fully implemented in

. hardware, but it is alternatively possible for the coder and/or decoder to be incorporated
completely or in part in a signal processor. This signal processor is then controlled by
suitable software.

Fig. 6 shows the five reference envelopes used for the sub-bands which
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This is the replacenent sheet 10 selected reference envel ope. This
i‘dentification code is applied to the nultiplexer 102 for¥s 1333iBeeni Repladed
the receiver 6. In the sub-bands, in which four sub-band H are
used per segment, five reference envelopes are used, mher [

sub-bands in which eight
13

sub-bands are represented by four values. The reference envelopes are represented by the
values y, ;, where k is the serial number of the reference envelope and i is a serial number of
the value that also defines the reference envelope. Experiments have shown that not ail
reference envelopes occur equally often. This phenomenon may be used for reducing, for
example by means of Huffmann coding, the necessary transmission capacity for transmitting
the identification code of the reference envelope.

~ In Fig. 7 the eleven reference envelopes used for the sub-bands that are
represented by eleven values are shown. Here too experiments have shown that not all the
reference envelopes occur equally often.

It is noted that, optionally, adaptive reference envelopes to be derived
from the sub-band signal to be coded can be used in addition to or in lieu of fixed reference
envelopes.

In the transmission system shown in Fig. 8 the input signal is applied to a
transmitter 2. The input of the transmitter 2 is connected to an input of filter means S0 in the
coder 51. A first output of the filter means 50 is connected to an input of a delay element 62
and to an input of a subtracter circuit 65. The output signal on the first output of the filter
means 50 represents the spectral portion of the input signal. An output of the delay element
62 is connected to an input of the time domain coder in this case being a vector quantizer 66
which utilizes linear prediction (LPC: linear predictive coding). An output of the vector
quantizer 66, carrying the first digitally coded signal for its output signal, is connected to a
first input of the transmitter means in this case being a multipfcxer 68, and to a time-domain
decoder 67. An output of the time-domain decoder 67 is connected to a second input of the
subtracter circuit 65. |

A plurality of outputs of filter means 50, and the output of the subtracter
circuit 65 are connected each to an input of a transform domain coder, in this case formed by
a sub-band coder 64. The input signals of the sub-band coder 64 together represent a
combination of the spectral portion and the further spectral portion of the input siénal. An
output of the sub-band coder 64 carrying the further digitally coded signal for its output
Signal is connected to a second input of the multiplexer 68.

The output of the multiplexer 68 is connected, through channel 4, to an
input of a receiver 6. In the receiver 6 the signal is applied to the input of a demultiplexer
70. A first output of the demultiplexer 70, carrying. the digitally coded signal. for its output
signal, is connected to a time-domain decoder, in this case being an inverse vector quantizer

84 which implements linear prediction. An output of the inverse vector quantizer 84,
This is the replacement sheet
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sub-band signal sanples are used per segnent, eleven r fieéyg&q@smg
‘{E\

are used. A number of reference envel opes used in the . I ght
sub- band signal sanples nay vary fromone to el even. he
Huf f mann codi ng of the power neasure, the nunber of bits ry for this

power measure nay differ fromone segment to the next. If there is
excessive transm ssion capacity as a redélt, this transm ssion capacity may

be used for transmitting longer identification codes of r
envel opeSATYREthe fecqded signal tof it utPyrsignal: d3 gonaecten I A it gFIr’r%/%B‘(eéedﬁlsagd f or

codi Ng t RfanfinY 86011 ftpdtv? uRLERE ey @RMendB6 ifonhecatd woa fiestinpuddf an adder
circuit 87. The output of the adder circuit 87 is connected to a first input of the combining
means 88. A second output of the demultiplexer 70 is connected to an input of the transform
domain decoder, in this case being a sub-band decoder 72. A plurality of outputs of the sub-
band decoder 72, carrying reconstituted signals for their output signals which collectively
represent the further spectral portion of the input signal, are connected each to an input of
the combining means 88. An output of the sub-band decoder 72 which represents the spectral
portion of the input .signal is connected to a second input of the adder circuit 87. The |
reconstituted input signal is available on the output of the combining means 83.

The input signal of the transmission system shown in Fig. 8 is split up
into a spectral portion and a further spectral portion by the filter means 50. The spectral
portion is converted to a digitally coded signal by the vector quantizer 66. A suitable
implementation of the vector quantizer 66 has already been explained with reference to Fig.
1. The digitally coded signal is'converted to a decoded signal by the time-domain decoder 67
which decoded signal is subtracted from the spectral portion of the input signal by the
subtracter circuit 65. On the output of the subtracter circuit is then a coding error signal
available which represents a coding error of the time-domain coder.

The further spectral portion of the input signal is represented by the sub-
band signals on the output of the filter means 50. These sub-band signals and the coding
error signal on the output of the subtracter circuit 65 are converted to the further digitally
coded signal by the sub-band coder 64. The extension by the time-domain decoder 67 and the
subtracter 65 make it possible to code once again any coding error of the time-domain coder'
66 by the sub-band coder 64 and transmit the coding error to the receiver. These measures
make it possible to realise an improvement of the transmission quality. The additional
complexity required for this purpose is little, because there is already a time-domain decoder
available in an analysis-by-synthesis time-domain coder. It may be necessary to delay the
input signal of the subtracter circuit 65 and the signals representing the further spectral
portion for a certain period of time to provide that all input signals of the sub-band coder 65
have undergone the same period of delay. _

It is noted that the sub-band signals on the output of the filter means 50
are baseband signals representing a bandpass signal in that particular sub-band. This
baseband representation is advantageous in that the required samples per sub-band are

determined by the bandwidth of that particular sub-band and not by the maximum frequency
This is the replacement sheet
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The sign determ ning neans 98 determ ne the sign of the :
the scaling means 94. This sign is applied to '?he th| rd ?MMH"lét lep?aced

mul ti pl exer 102 for transm ssion to the receiver 6. not
for all the sub-bands the sign of the output signal of th

is transmtted to the receiver, but that this signis generated by rreans of
a noi se generator at the receiver end. This sinplification has appeared to
be especially perm ssible for the higher sub-bands. In the sub-band decoder
72 shown of thabpgrticilart fub-trant A suitatge snplementatoni of thet subtband codey G4sfor signaled t o

A demUl S amoiing taasof 48 KHL Ts RAbw SR GaR ih@fhal 1soARE BIS 11172
“Information technology coding of moving pictures and associated audio for digital storage
media up to about 1.5 Mbit/s", section 3 pages 174-337. The sub-band signals on the input
are converted to a digital signal by means of quantization. The sub-band signals are
quantized with a number of levels which may be different for different sub-bands. The actual
number of quantization levels used for each sub-band depends on the power of that particular
sub-band signal and the power of the sub-banid signals of adjacent sub-bands. Use is then
made of the property of the human auditory system that a weak signal near to a strong signal
is inaudible. As a result, it is possible to quantize such a weak signal with considerably fewer
quantization levels than the strong signal. Based on the power of the various sub-band signals
a just perceivable noise level is calculated for each sub-band. The number of necessary
quantization levels is determined for each sub-band in response to this noise level. The
further digitally coded signal now comprises different quantized sub-band ﬁignals and
information about the number of quantization levels of each sub-band. It is noted that said
coder is arranged for coding a signal 'froﬁ 0-24 kHz. Since a 0-4kHz spectral portion is
coded by the time-domain coder, the sub-bands situated in this spectral area contain only the
coding error signal which will have a relatively small am;;litude. As a result, not more than a
few bits will be allocated to these sub-bands so that there is hardly need for any additional
transmission capacity to transmit this coding error signal.

The multiplexer 68 combines the digiﬁlly coded signal and the further
digitally coded signal to a single signal. The time delay element 62 is present for equalizing
the delays of the spectral portions of the input signal that reach the muitiplexer 68 along two
paths. The transmitter transmits this combined signal to the receiver through the channel. In
‘the receiver the combined signal is split up again into the digitally coded signal and the
further digitally coded signal. The digitally coded signal is converted to a first reconstituted
signal by the inverse vector quantizer 84. A suitable implementation of the sub-decoder is
described in said CCITT Recommendation ‘G.728.

The further digitally coded signal is converted by sub-band decoder 72 to
a plurality of decoded sub-band signals available on the output of the sub-band decoder 72.
The lowest sub-band output signal (0-4kHz) that represents the coding error signal is added
by the adder circuit 87 to the decoded sxgnal on the output of the delay clement 86 to obtain
the decoded signal.

It is noted that these sub-band signals on the output of the sub-band
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suppl [ ed with three output signals of the denultiplexer 104. A first one of—
these outputs is connected to a reference envel ope generammhm@[asMﬁC nd

one of these outputs is connected to a first input of a nul
110 and a third one of these outputs is connected to a fir mmﬂ’

multiplier circuit 112. Alternatively, however, it is conc
third output of the nultiplexer 104 is nof present, but that the first
i nput of the nmultiplier circuit 112 is cthnected to an out put of a noise

donmect od drpder 2ot ibtbundiebals pRIENFGPIEFaK AGANARRL SFA 41 0P RRBHEE I of ¢ he
nul ti pli embasd. r'nuu ﬁas&ﬁdﬁdlripreséﬁlﬂﬁﬁﬁ #Chdvant@ged8s Mal MR Huntler af guireddkanfples
cireuit 112:' sub- Retcrmmed by the bandwidth of that particular sub-band but not by the
maximum frcquency on that particular sub-band. The combining means 88 convert the sub-
band signals to the desired sub-band frequency and then combine the sub-band signals with

the decoded signal to a reconstituted input signal.
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t he nultlpller circuit 112 fornms one of the decoded sub- agﬁa g al T
sub-decoders 106 114 are structured in sim/lar nmanner.
envel ope generator 108 generates the selected reference eﬂmﬂ Elil r
response to the received identification code. The nultip

mul tiplies the selected reference enveIoFe by the power neasure, SO that a
reconstituted envel ope of the sub-band s gnal concerned i s obtained. The

reconstituted envel ope of the sub-band signal is miltiplied in the
mul tipli efdadmgicyit 112 by the received sign of the sub-band signal sanples,

This is the repl acemenf,shfisdion system comprising a transmitter which includes a coder for
coding an input signal, the coder comprising a time-domain coder for deriving a digitally
coded signal from a spectral portion of the input signal, the transmitter likewise comprising
transmitting means for transmitting the digitally coded signal through a transmit channel to a
receiver which includes a decoder comprising a time-domain decoder for deriving a decoded
signal from the digitally coded signal, characterized in that the coder further comprises a
transform domain coder for deriving a further digitally coded signal from a further spectral
portion of the input signal, the transmitter also being arranged for transmitting the further
digitally coded signal through the transmission channel to the receiver, which receiver
comprises a transform domain decoder for cieriving a further decoded signal from the further
digitally coded signal, and combining means for deriving a reconstituted signal from the
decoded signal and the further decoded signal.

2. Transmission systerﬁ as claimed in Claim [, characterized in that the time-

domain coder comprises a vector quantization coder and in that the time-domain decoder
comprises a vector quantization decoder.

3. ) Transmission system as claimed in Claim 1 or 2, characterized in that the
time-domain coder comprises linear prediction means.

4. Transmission system as claimed in one of the preceding Claims,
chara:i:teriz_.cd in that the transform domain coder comprises a sub-band coder and in that the
transform domain decoder comprises a sub-band decoder
S. Transmxss:on system as clalmed in one of the preceding Claims,
characterized in that the frequencxcs situated in the spectral portion are lower than the
frequencies situated in the further spectral portion.

6. ' Transmitter which includes a coder for coding an input signal, the coder
comprising a time-domain coder- for deriving a digitally coded signal from a spectral portion
of the input signal, the transmitter comprising transmitting means for transmitting the
digitally coded signal, characterized in that the transmitter comprises a transform domain
coder for deriving a further digitally coded signal from a further spectfal portion of ihe input
signal, the transmitting means likewise being arranged for transmitting the further coded
signal.

7. - Transmitter as claimed in Claim 6, characterized in that the frequencies
situated in the spectral portion are lower than the frequencies situated in the further spectral
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so that the decoded sub-band signal is available on the output of the
mul tiplier circuit 112. For sub-bands in which the %lﬂShC&ﬁ'Iﬂb&ﬂﬁﬁé £s of

the sub-band signal is not transferred, the multipli
mul tiplies the output signal of the rrultlpller CII’CU ﬂ!ﬂgwﬂ

_ _ ut put
signal of the noise source 109. In the selecting neans
four inputs carrying for their 18

8. : Receiver, comprising a decoder that comprises a time-domain decoder for

deriving a decoded signal from a digitally coded signal, characterized in that the receiver
comprises a transform domain decoder for deriving a further decoded signal from a further
digitally coded signal, and combining means for deriving a reconstituted signal from the
decoded signal and the further decoded signal.

9. Coder for coding an input signal, this coder comprising a time-domain
coder for deriving a digitally coded signal from a spectral portion of the input signal for
deriving a further digitally coded signal from a further spectral portion of the input signal.
10. Decoder comprising a time-domain decoder for deriving a decoded signal
from a digitally -c'oded signal, characterized in that the decoder further comprises a transform
domain decoder for deriving a further decoded signal from a furtﬁer coded signal, and
combining means for deriving a reconstituted 5|gnal from the decoded signal and the further
decoded 51gnal

11. Method of input signal transmission compn"sing the coding of the input
signal, comprising deri‘ving a digitally coded signal from a spectral portion of the input signal
while the time-domain coding method is implemented, transmitting the digitally coded signal,
and deriving a decoded signal from the digitally coded signal, characterized in that the
method likewise includes. deriving a further digitally coded signal from a further spectral
portion of the input signal while a transform domain coding method is implemented, this
transmission method likewise comprising trinsmitting the further digitally coded signal,
deriving a further decoded signal from the further digitally coded signal, and deriving a
reconstituted signal from the decoded signal and thé further decoded signal.

12. Method of coding an input signal, this method comprising deriving a
digitally coded signal from a spectral portion of the input signal while a time-domain coding
method is implemented, characterized in that the method likewise comprises deriving a
further digitally coded signal from a further spectral portion of the input signal while a
transform domain coding method is implemented.

13. Method of decoding a coded signal, comprising deriving a decoded 31gn31
from a digitally coded signal while a time-domain decoding method is implemented,
characterized in that the decoding method likewise comprises deriving a further decoded
signal from a further digifally coded signal while a transform domain decoding method is
implemented and deriving a reconstituted signal from the decoded signal and 2 further

decoded signal.
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I nput signals four absolute values of the scal ed sub-band signal conbi ned
to one segnent are connected to four inputs of a processor 118. In Fig. 2
these four inputs of the selecting neans 96 are synbolically shown by a
single input. A first output of the processor 118, carrying an address
signal for its output signal, is connected to an input of a ROM 116. Four
outputs of the ROM 116, carrying four ¥& es that represent the reference
envel ope for their output signals, are connected to four further inputs of

E Eini’ i f?tiﬁ%ﬁf«%%a&éy? %%&%#@%g%ﬁgﬁ&& R, Ll R AR o,
e output O e sel ectl ng neans .
ABSTRACT OF THE DISCLOSURE

In a transmission system for transmitting speech
and music signals, an input signal is split up into
two spectral portions in a coder. These spectral
portions are coded each by its own sub-coder. The
transmission quality may be improved considerably by
coding according to the inventive idea a spectfal
portion by a time-domain coder and coding a further

spectral portion by a transform domain coder.
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It

i s assumed t hat
of the output signal

i n the sel ecting héah§l§6:shomn in Fig. 4 the envel ope

of this envel ope at successive instants.
reference envel opes are represented by four val ues of these reference

envel opes.

t he val ues t hat

It..

addr ess.

The processor
nvel ope and t he envel ope of the

of the scaling neans 94 is represented by four val ues
I's al so assuned that the

In the selecting neans 96 the processor generates successive

addresses for the ROM 116. This ROM 116 supplies in the formof four val ues
the reference envel ope stored at such a
represent the reference
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measure i s, for exanple, equal to the sumof the squared difference between
.the correspondi ng val ues represented by the envel opes. The processor
successively generates the addresses of all the reference envel opes to be
used in the conparison, and presents the identification code of this

ref erence envel ope on the second output with a mnimzed difference
nmeasure. It is observed that for the sub-bands in which the envel opes-are
represented by eight 'signal sanples, the selecting neans are to have eight

i nputs. The ROM 116 therefore has eighy outputs, while the input ports of
the processor 118 then also are to have.ei ght inputs.
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For perform ng said function, the processor 118 is to conprise a suitable
program whose flow chart wll be shown in Fig. 5. The nunbered instructions
have the connotation as indicated in the Table below This is the
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Nr . Desi gnati on , Connot ation 120 START

.Start of the program 122 MN Z The val ue of the
variable MN is made equal to a constant Z. 124 READ SEGVENT

The val ues representing the envel ope of a segnent are read. 126 SHAPENQO:

=1 The first reference envelope is selected. 128 READ
SHAPE The val ues representing the reference -
A
120
START
MIN: =1 - 12
READ SEeMENT
SHAPEND :=1 126
_ 128
READ SHAPE 1
. . - /130 o Tho
CALCULATE  SODIFF SHAPENO : = SHAPEND + 1
. 132
——N<SHDIFF < MIN? >/
! 134
MIN: = SQDIFF
136
CINDEX: =SHAPEND |~
1

SHAPEND = N? XC
v /N
Y

12
WRITE INDEX Y

W

> FIG.5
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envel ope are read. 130 CALCULATE SQDI FF The squar ed

di fference between the reference envel ope and the segnent envel ope is

cal cul ated. _132 SQDI FF < M N? A test is nade whet her
SQDIFF is snallerthan MN. 134 M N =SQDI FF The val ue of
the variable M N is nmade equal to the variable SQDI FF.
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136 1 NDEX. =SHAPENO The index of the thus far optinmum
refe-meslfeeuﬁgﬁé‘ehi\ % stored. 138  SHAPENO=N ? Atest is
er

made ence envel opes have been conpared with a segment
envel ME’”HH PENO. =SHAPENO+ 1 The next reference envelope is

sel e TE | NDEX The identification code of the
sel ected reference envel ope is put on the second
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- \
out put_qQf the processor. The program according to the flow chart of Fig. 5

is car faeed each segnent of sub-band signal sanmples. In box 122
t he var ,! senting the 13 minimum error neasure i s nade equal
to a nu - s so large that the mninmum
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“

di fference neasure is bound to fall short of this nunber Z. Subsequm?ifw
in box 124 the val ues representing the envel ope of the segnent are read R{"Eheet
by the processor 118. In box 126 the address1 bel ongi ng t &htehis t\hﬁr’QP‘aceme

ref érence envel ope is presented at the first output of. the progeis 1933

box 128 the val ues.represent.ing the r ce.envel a by the
processor % missty Sﬁge’alwng ﬁé@?ﬁﬁ)‘ s feﬁe tl ope” of the

segment and the ref erence envel ope is calculated. The difference neasure
HﬁsShmt}heBeaalmi ed as follows: [err]

U

The invention relates to an audio transmission system comprisi_ng a
transmitter which includes a coder for coding an input signal, the transmitter comprising
transmitting means for transmitting the digitally coded signal through a transmit channel to
a receiver which includes a decoder comprising a decoder for deriving a decoded signal
from the digitally coded signal.

. The invention likewise relates to a transmittef, areceiver, a coder and a
decoder to be used in a transmission system of this type as well as a method of transmission
coding and decoding.

_ A transmission system as defined in the opening paragraph is known from
published European Patent Apphcatlon No. 230 001.
| Such transmission systems are used, for example, for transmitting speech or
music signals through channels that have a limited transmission capacity.

A first example of such a channel is a radio channel between a mobile station
and a fixed base station. The available transmission capacity of this channel is limited
because this channel is utilized by many users. A second example is a recording channel
used on a magnetic, optical or other recording medium such as, for example, a ROM. The
capacity is often limited here too. |

In the transmitter of the transmission system known from said UK Patent
Applicatioﬁ a spectral portion of the input signal is converted by a time-domain coder to a
digitally coded signal.

' Examples of time-domain coders are coders implementing pulse code
modulation, differential pulse code modulation, adaptive differential pulse code
modulation, delta modulation, adaptive delta modulation, vector quantization (CELP) and
coding methods implementing linear prediction. The digitally coded signal is sent to the
receiver through the channel while the transmitting-means are used. The time-domain

decoder derives a decoded signal from the coded signals.
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o . o This ig the replacemen sheet
In«1) i is a running variable, L the nunber of val ues Rat represent the
envel ope, x[err] the i[err] value of the values that represent 1t'pe$@1\4§93pe
of the segnent, and y[err] the i[err] value,of the val Da®:t hat 'represent
the reference envel ope.- I n box 132 the val ué of SQDI FF is conpared with the

value of MN. If the vaJjue.of SQDLFF is snmaller than. the val ue of N, the
actual reference envel d'lpqul,’g‘}r?Q Wa%“msgu%sm%’ég&h\m%ﬂée %gflglggment
than the ref efeaBinfey ARN9SinhdRfuald Ry LalPRINcRY S bRBAISY of BRI BFEd W anSmisiR
“envel ope of tﬁ_e segnment. In ltnhat case the vgl ue of M Noi n bg(?( 134 is madé1

equal to the ratd.ue of SQDIFF. In addition, in box 136 the val ue of | NDEX

It is an object of the im}ention to provide a transmission system as defined in
the opening paragraph, in which the quality of the reconstituted signal is enhanced when the
transmission rate is unchanged, or, with an unchanged quality of the reconstituted signal,
the required transmission rate is reduced. .

For this purpose, the present invention provides a transmission system
comprising a transmitter and receiver, the transmitter including coding means which.
comprises filtering means for deriving a signal representing a first spectral portion
covering frequencies up to a few kilohertz and deriving a signal representing a second
spectral portion having a substantial .larger bandwidth than the first spectral portion, the
Coding means further comprise a time domain coder for deriving a single time domain
coded digital signal by time domain coding of the first spectral portion covering frequencies
up to a few kilohertz, said coding means further comprising a transform domain coder for

" deriving a second encoded digital signal from the second spectral portion having a -
substantial larger bandwidth than the first spectral portion, the transmitter further inclu-ding
multiplexing means for multiplexing and transmitting said time domain encoded digital
signal and said sub-band encoded digital signal via a transmission channel to a receiver, the
receiver including a demultiplexer for deriving said time domain encoded digital signal and
said second encoded digital signal from the input signal of the receiver, the receiver
comprising a decoder comprising a time domain decoder for decoding the single time
domain coded digital signal to derive a first decoded signal, said decoder further comprises
a transform domain decoder for decoding said second encoded digital signal to derive a
second decoded signal from said second encoded digital signal, the decoder further
comprises combining means for reconstituting said input signal by combining the first and
second decoded signals. |

The invention is based on the recoghition that for certain spectral portions of
the input signal a time-domain coder is optimal and that for other spectral portions a
transform domain coder is optimal. Examples of transform domain coderé are coders
utilizing sub-band coding and various forms of coding utilizing a transformation of the time
domain to another domain. Such transformations are, for example, the discrete Fourier

transform, the discrete cosine transform or the discrete Walsh Hadamard transform.
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_ It is noted that in German Patent Specification no. DE 26 05 306 C2 a

transmission system is disclosed in which an input signal is split up into a spectral portion
represented by a baseband signal and a further spectral portiofx represented by a plurality of
sub-band signals. However, in that transmission system the relevant signals are transmitted
in analog mode, so that no coders and decoders are necessary. It will be evident that the
problem of digitally coding analog signals in the transmission system known from this
German Patent Specification does not play any role whatsoever.

A preferred embodimenf of the invention is characterized in that the
frequencies situated in the spectral portion are lower than the frequencies situated in the
further spectral portion. | '

Experiments have shown that the use of a time-domain coder in the low-
frequency area from 0 Hz to several kHz and the transform domain coder for the higher
frequency areas leads to a considerable enhancement of the quality of the reconstituted
signal. o
- The invention will now be further ekplained with reference to the drawing
Figures in which like elements are .denoted by like reference characters, in which:

Fig. 1 shows a transmission system according to the invention;

Fig. 2 shows a sub-band coder to be used in a transmission system as shown
in Fig. 1; _

Fig. 3 shows a sub-band decoder to be used in a transmission system as
shown in Fig. I;

Fig. 4 shows selecting means to be used in the sub-band coder as shown in
Fig. 2; |

Fig. 5 shows a flow chart of a program to be used in the processor 118 in the
selecting means as shown in Fig. 4;

Fig. 6 is a graphical representation of the reference envelopes used in the
coder and decoder as shown in Figs. 2 and 3 which envelopes are represented by four

values; and
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In the transmission system shown in Fig. 1 the input signal is applied to a
transmitter 2. The input of the transmitter 2 is connected to an input of filter means 50 in
the coder 51. A first output of the filter means 50 is connected to an input of a delay
element 62. The output signal on the first output of the filter means 50 represents the
spectral portion of the input signal. An output of the delay element 62 is connected to an
input of the time-domain coder in this case being a vector quantizer 66 which implements
linear prediction (LPC: Linear Predictive Coding). An output of the vector quantizer 66,
carrying the digitally coded signal for its output signal, is connécted to a first input of the
transmitter means in this case being a multiplexer 68.

A plurality of outputs of the filter means 50 aré_connectcd each to an fnput of

- a transform domain coder in this case being a sub-band coder 64. The input signals of the
sub-band coder 64 collectively represent the further spectral portion of the input signal. An
output of the sub-band coder 64, carrying the further digitally coded signal for its output
signal, is connected to a second input of the multiplexer 68.

The output of the.multiplexer 68 is connected, through channel 4, to an input

of a receiver 6. In the receiver 6 the signal is applied to the input of a demultiplexer
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envel opes occur equally often. This phenomenon may be used for reducing,
for Claims :

1. _ An audio transmission system comprising a transmitter and receiver, the
transmitter including coding means which comprises filtering means for deriving a signal
representing a first spectral portion covering frequencies up to a few kilohertz and deriving
a signal representing a second spectral portion having a substantial larger bandwidth than
the first spectral portion, the coding means further comprise a time domain coder for

| deriving a single time domain coded digital signal by time domain coding of the first
spectral portion covering frequencies up to a few kilohertz, said coding means further
comprising a transform domain coder for deriving a second encoded digital signal from the
second spectral portion having a substantial larger bandwidth than the first spectral portion,
the transmitter further including multiplekiﬂg means for multiplexing and transmitting said
time domain encoded digital signal and said sub-band encoded digital signal via a
transmission channel to a receiver, the receiver including a demultiplexer for deriving said
time domain encoded digital signal and said second encoded digital signal from the input -
signal of the receiver, the receiver comprising a decoder comprising a time domain decoder
for decoding the single time domain coded digital signal to derive a first decoded signal,
said decoder fﬁrther comprises a transform domain decoder for decoding said second
encoded digital signal to derive a second decoded signal from said second encoded digital
Signal, the decoder further comprises combining means for reconstituting said input si_gnal-
by combining the first and second decoded signals.
2. Audio transmission system as claimed in Claim 1, characterized in that the
time-domain coder comprises a vector quantizer and in that the time-domain decoder
comprises an inverse vector quantizer. _
3. Audio transmission system as claimed in Claim 1 or 2, characterized in that
the time_-_don’iain coder is arranged for implementing linear prediction.
4. Audio transmission system as claimed in one of the preceding Claims,
characterized in that the transform domain coder is a sub-band coder and in that the

transform domain decoder is a sub-band decoder.
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kilohertz and deriving a signal representing a second spectral portion having a substantial

larger bandwidth than the first spectral portion, the coding means further comprise a time
domain coder for deriving a single time domain coded digital signal by time domain coding
of the first spectral portion covering frequencies up to a few kilohertz, said coding means
further comprising a transform domain coder for deriving a second encoded digital signal
from the second spectral portion having a substantial larger bandwidth than the first spectral
portion, the transmitter further including multiplexing means for mﬁltiplexing and
transmitting said time domain encoded digital signal and said sub-band encoded digital
signal. |

6. Audio receiver including a demultiplexer for deriving a single time domain
encoded digital signal and a second encoded digital signal from the input signal of the
receiver, the receiver comprising a decoder comprising a time domain decoder for decoding
the single time domain coded digital signal to derive a first decoded signal covering '
frequencies up to a few kilohertz, said decoder further comprises a transform domain
decoder for decoding said second encoded digital signal to derive from Said second encoded
digital signal a second decoded signal having a substantially larger bandwidth than the first
decoded signal, the decoder further comprises combining means for reconstituting sa1d
input signal by combnung the first and second decoded signals.

7. Audio coder which comprises filtering means for deriving a signal representing a a
first spectral portion covering frequencies up to a few kilohertz and deriving a signal
répresénting a second spectral portion having a substantial larger bandwidth than the first
spectral portion, the coding means further comprise a time domain coder for deriving a
single time domain coded digital signal by time domain coding of the first spectral portion
covering frequencies up to a few kilohertz, said coding means further comprising a
transform domain coder for deriving a second encoded digital signal from the second
spectral portion having a substantial larger bandwidth than the first spectral portion.

8. Audio decoder comprising a time domain decoder for decoding a single time
domain coded digital signal to derive a first decoded signal covering frequencies up to a |
few kilohertz, said decoder further comprises a transform domain decoder for decoding a
second encoded digital signal to derive from said second encoded digital signal a second
decoded signal having a substantially larger bandwidth than the first decoded signal, the

T




In &he em shown in Fig. 8 the input siThisie the *'SB‘BF?@S“% Sheaei
transm mmﬂﬁum mﬁ of the transmtt er 2'is connected to an input of
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portion having a substantial larger bandwidth than the first spectral portion, the coding
method derives a single time domain coded digital signal by time domain coding of the first
spectral portion covering frequencies up to a few kilohertz, said coding means further
derives a second encoded digital signal by transform domain coding from the second
spectral portion having a substantial larger bandwidth than the first spectral portion.
10. Audio decoding method which decodes a single time domain coded digital
signal and derives a first decoded signal covering frequencies up to a few kilohertz, said
method further decodes a second encoded digital signal and derives from said second
encoded digital signal a second decoded signal having a substantially larger bandwidth than
the first decoded signal, the decoding method further combines the first and second
| decoded signals into a reconstituted signal.
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The invention relates to an audio transmission system comprising a
transmitter which includes a coder for coding an input signal, the transmitter comprising
transmitting means for transmitting the digitally coded signal through a transmit channel to

a receiver which includes a decoder comprising a decoder for deriving a decoded signal

.from the digitally coded signal.

The invention likewise relates to a transmitter, a receiver, a coder and a
decoder to be used in a transmission system of this type as well as a method of transmission
codxng and decoding. . '

A transmission system as defined in the opening paragraph is known from
published European Patent Application No. 230 001.

Such transmission systems are used, for example, for transmitting speech or

'music signals through channels that have a limited transmission capacity.

A first example of such a channel is a radio channel between a mobile station
and a fixed base station. The available transmission capacity of this.channel is limited
because this channel is utilized by many users. A second example is a recording channel
used ona magnetic, optical or other recording medium such as, for example, 2 ROM. The
capacity is often limited here too. ' .

In the transmitter of the transmission system known from said UK Patent
Application a spectral portion of the input signal is converted by a time-domain coder to a
digitally coded signal. o |

Examples of time-dom‘éin coders are coders implementing pulse code

rd

modulation, differential pulse code modulation, adaptive differential pulse code

_ modulation, delta modulation, adaptive delta modulation, vector quantization (CELP) and

coding methods implementing linear prediction. The digitally coded signal is sent to the
receiver through the channel while the transmitting means are used. The time-domain
decoder derives a decoded signal from the coded signals. '
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signal is connected to a second input of the nultiplexer 68. The out put of
the multiplexer 68 is connected, through channel 4, to an input of a
receiver 6. In the receiver 6 the signal is applied to the input of a
denul ti pl exer 70. A first output of the demultiplexer 70, carrying the
digitally coded signal for its output sigﬁal, is connected to a time-domain
decoder, in this case being an inverse vector quantizer 84 which inplenents
linear prediction. AnApmbbern ofpriorart franserissio sistasn istbatrthe qealitg of the

reconstituted signal is inadequate for all applications because of the required transmission
rate.

Itisan object of the invention to provide a transmission system as defined in
the opening paragraph, in which the quality of the reconstinit’ed signal is enhanced when the
transmission rate is uric_ﬁan_ged, or, with an unchanged quality of the reconétimted signal,
the required transmission rate is reduced. '

For this purpose, the present invention provides a transmission system
comprising a transmitter and receiver, the transmitter including coding meahs which
comprises filtering means for deriving a signal representing a first spectral portion

\_’ - covering frequencies up to a few kilohertz and deriving a signal representing a second
spectral portion having a substantial larger bandwidth than the first spectral portion, the
coding means further comprise a time domain coder for deriving a single time domain
coded digital signal by time domain coding of the ﬁrét spectral portion covering frequencies
up to a few kilohertz, said coding means further comprising a transform domain coder for
deriving a second encoded digital signal from the second spectral portion having a
substantial larger bandwidth than the first spectral portion, the transmitter further including -
multipléxing means for rhultiplexing and transmitting said time domain encoded digital
signal and said sub-band encoded digital signal via a transmission channel to a receiver, the
receiver including a demultiplexer for deriving said time domain encoded digital signal and
said second encoded digital signal from the input signal of the receiver, the receiver

W, comprising a decoder comprising a time domain decoder for decoding the single time

domain coded digital signal to derive a first decoded signal, said decoder further comprises
a transform domain decoder for décoding said second encoded digital signal to derive a
second decoded signal from said second encoded digital signal, the decoder further
comprises combining means for reconstituting said input signal by combining the first and
second decoded signals.

_ The invention is based on the recognition that for certain spectral portibns of
the input signal a time-domain coder is optimal and that for other spectral portions a
transform domain coder is optimal. Examples of transform domain coders are coders
utilizing sub-band coding and various forms of coding utilizing a traﬁsfonnation of the time
domain to another‘domain. Such transformations are, for example, the discrete Fourier

transform, the discrete cosine transform or the discrete Walsh Hadamard transform.
This is the replacement sheet
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15 carrying the decoded signal for its output signal, is connected to an

I nput of a tinme delay elenent 86. The output of the tine delay el enent 86
is connected to a first input of an adder circuit 87. The output of the
adder circuit 87 is connected to a first ipput of the combining neans 88. A
second out put of the denultiplexer 70 is nnected to an input of the
transform donai n decoder, in this case being a sub-band decoder 72. A
plurality of outputs of the sub- band decoder 72, carnxing reconstituted

si gnal s f or Psysheacousticel propergiaspEthehuman auditery sysjemynay then be utilized or not. By

utilizing a time-domain or transform domain coder respectively, for different spectral
portions of the input signal, it is possible to enhance the quality of the reconstituted signal
coﬂsiderably. |

It is noted that in German Patent Specification no. DE 26 05 306 C2 a
transmission system is disclosed in which an input signal is split up into a spectral portion
represented by a baseband signal and a further spectral portion represented by a plurality of
sub-band signals. However, in that transmission system the relevant signals are transmitted

in aﬁalog mode, so that no coders and decoders are necessary. It will be evident that the
problém of digitally coding analog signals in the transmission system known from this
German Patent Specification does not play any role whatsoever.

A preferred embodiment of the invention is characterized in that the
frequencies situated in the spectral portion are lower than the frequencies situated in the
further spectral portion.

~ Experiments have shown that the use of a time-domain coder in the low-
frequency area from 0 Hz to several kHz and the transform domain coder for the higher
frequency areas leads to a considerable enhéncement of the quality of the reconstituted
signal. | |

The invention will now be further explained with reference to the drawing
Figures in which like elements are denoted by like reference characters, in which:

Fig. 1 showsa transmis‘sidn system according to the invention; |

Fig. 2 shows a sub-band coder to be used in a transmission system as shown
in Fig. 1;

Fig. 3 shows a sub-band decoder to be used in a transmission system as
shown in Fig. 1; _

Fig. 4 shows selecting means to be used in the sub-band coder as shown in
Fig. 2; |

Fig. 5 shows a flow chart of a program to be used in the processor 118 in the
selecting means as shown in Fig. 4;

Fig. 6 is a graphical representation of the reference envelopes used in the

coder and decoder as shown in Figs. 2 and 3 which envelopes are represented by four

values; and

This is the replacament shaat

——

Datet 08 FEB 1998



represent the further spectral portion of the input signal, are connected
each to an input.of the conbining neans 88. An output of the sub-band
decoder 72 which represents the spectral portion of the input signal is
connected to a second input of the adder circuit 87. The reconstituted
input signal is available on the output d the conbining neans 88. The

I nput signal of the transm ssion systemshown in Fig. 8 is split up into a
spectr al portion and a further spectral portion by the filter nmeans 50. The

spectral portionis c nv rted to. a itally coded signal by the vector
quanti zer 66. A suitabl& ‘ﬁﬁlgéaﬁ’g’r?? gﬁﬁe’l}?t“%/%%totg%ﬁf%r’egﬁ%%’ﬁ'?r 55 ussd Ip the
al ready beenog¥iinaideesierat hdvai ﬁrﬁgé:Q an8 35Which envelopes are represented by eight

values. -

In the transmission system shown in Fig. 1 the input signal is applied to a
transmitter 2. The inpﬁt of the transmitter 2 is connected to an input of filter means 50 in
the coder 51. A first output of the filter means 50 is connected to an input of a delay
element 62. The output signal on the first output of the filter means 50 represents the
spectral portion of the input signal. An output of the delay element 62 is connected to an
input of the time-domain coder in this case being a vector quantizer 66 which implements
linear prediction (LPC: Linear Predictive Coding). An output of the vector quantizer 66, -
carrying the digitally coded signal for its output signal, is connected to a first input of the
transmitter means in this case being a multiplexer 68. |

A plurahty of outputs of the filter means 50 are connected each to an input of
a transform domain coder in this case being a sub-band coder 64. The input 51gnals of the
sub-band coder 64 collectively represent the further spectral portion of the input signal. An
output of the sub-band coder 64, carrying the further digitally coded signal for its output
~ signal, is connected to a second input of the multiplexer 68.
The output of the multiplexer 68 is connected, through channel 4, to an input

of a receiver 6. In the receiver 6 the signal is applied to the input of a demultiplexer
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1. -The digitally coded signal is converted to a decoded signal by the

ti me-donmai n decoder 67 which decoded signal is subtracted fromthe spectral
portion of the input signal by the subtracter circuit 65. On the output of
the subtracter circuit is then a coding error signal avail able which
represents a coding error of the tine-dogain coder. The further spectral
portion of the input signal is represented by the sub- band signals on the
out put of 70hd first pupuinefthe demultipigrerc’Os garrying dhe digitall s coded stanal %beﬁ RYPEE r or
signal on & Bitec C I 'tfa@%ﬁ,;

further di%ﬁdﬁ% co%%?ér@%ﬁtﬂﬁﬁﬁﬁggjﬁ co erg%ﬁ?ﬂ%ﬁgwgg?‘teﬂgihg%rby
t he ti me- dB¥nwhich impleatents dinearpiediction. An output of the inverse vector quantizer 84,

carrying the reconstituted signal for its output signal, is connected to an input of a time delay

‘element 86. The output of the time delay element 86 is connected to a first input of the
combining means 88. A second output of the demultiplexer 70 is connected to an input of the
transform domain decoder, in this case being a sub-band decoder 72. A plurality of outputs
of the sub-band decoder 72, carrying reconstituted signals for their output signals which
collectively represent the further spectral portion of the input signal, are connected each to an
input of the combining means 88. The reconstituted input signal is available on the output of
the combining méns 88. _

The input signal of the transmission system shown in Fig. 1 is split up
into a spectral portion and a further spectral portion by the filter means 50. The spectral
portion is converted to a digitally coded signal by the vector quantizer 66. A suitable |
implementation of the vector quantizer 66 is described, for example, in CCITT
Recommendation G.728 "Coding of speech at 16 kbit/s using low delay code excited linear

~ prediction”. This coder is based on the "analysis by synthesis” principle.

In this vector quantizer the input signal to be coded is converted to
successive segments of a plurality of signal samples of the signal to be coded. A Synthcsis
filter is used for generating a synthesized signal segment for a large number of codebook
words stored in a codebook. The difference between the actual segment of the input signal
and the synthesi.zed signal segment is filtered by a perceptual weighting filter. The squared

\_s" sum of the signal samples is calculated from a segment of output signal samples of the
| perceptual weighting filter. |

This generation of the synthesized signal, the calculation of the difference
between the input signal and the synthesized signal, the filtering by the perceptive weighting
filter and the calculation of the squared sum is effected for each of the available 1024
codebook words. From these codebook words the codebook word is selected that yields the
least squared sum. _

The transfer function of the analysis. filter is determined by making, by
linear prediction, an estimate of the relation between successive signal samples in the four
segments of the synthesized signal previous to the actual segment. The coded signal now
comprises a codebook index of the selected codebook word. It is noted that the prediction

parameters need not be transferred.
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subtracter 65 nake it possible to code once again any coding error of the
ti me-domai n coder 66 by the sub-band coder 64 and transmt the coding error
to"the receiver. These neasures nake it possible to realise an inprovenent
of the transm ssion quality. The additional conplexity required for this
purpose is little, because there is alregdy a tinme-domain decoder avail able
in an anal ysi s-by-synthesis time-domain<toder. It nmay be necessary to del ay

the input signal of theyStRthédspestial Potion 6f he ifgud sighal isirepresented cyyr s sutt-i ng

the further spectral portion for_a certain period of tine to provide that
al | i nput bandgmgnals anf the loutputipf the ftites seans 56 ﬁms‘emmdgw@l& e @amﬁgé? pﬁd

of delay. further digitally coded signal by the sub-band coder 64. It is noted that the sub-band signals
on the output of the filter means SO are baseband signals representing a passband signal in
the appropriate sub-band. This baseband representation is advantageous in that the necessary
samples per sub-band are determined by the bandwidth of the appropriate sub-band and not
by the maximum frequency in the appropriate sub-band. A suitable implementation of the
sub-band coder 64 for signals having a sampling rate of 48 kHz is known from Draft
.Inte_mational Standard ISO/IEC DIS 11172 "Information technology - Coding of moving
pictures associated audio for digital storage media up to about 1.5 Mbit/s”, section 3, pp.
\-/ 174-337. The sub-band signals on the input are converted to a digital signal by means of
~ quantization. The sub-band signals are quantized with a number of levels that may be
different for different sub-bands. The actual number of quantization levels used for each sub-
band depends on the poner of the relevant sub-band signal and the power of the sub-band
signals of adjacent sub-bands. Use is then made of the property of the human auditory
system that a weak signal near to a strong signal is inaudible. As a result, it is possible to
quantize such 2 weak signal with considerably fewer quantization levels than the strong
signal. Based on the power of the various sub-band signals a just audible noise level is
calculated for each sub-band. The number of necessary quamiiation levels is determined for
each sub-band signal in response to this noise level. The further digitally coded signal now
comprises different quantized sub-band signals and information about the number of
quantization levels of each sub-band. It is noted that said coder is arranged for coding a
signal from 0-24 kHz. Since a spectral portion is coded by the time-domain coder, the sub-
bands situated in this spectral area need not be coded. This may be simply effected by not
allocating any bits to these sub-bands. |
__The multiplexer 68 combines the digitally coded: signal and the further
digitally coded sighal to a single signal. The time delay element 62 is preSent for equalizing
the delays of the spectral portions of the input signal that reach the multiplexer 68 aldng two
paths. The transmitter transmits this combined signal to the receiver through the channel. In
the receiver the combined signal is split up again to the digitally coded signal and the further
digitally coded signal. The digitally coded signal is converted 10 2 reconstituted signal by the
inverse vector quantizer 84. A suitable implcmenta_tion of the sub-decoder is described in
said CCITT Recommendation G.728. In this inverse vector quantizer 84 the codebook word
selected by the vector quantizer 66 is generated on the basis of the transmitted codebook
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It 'i's noted that the sub-band signals on the output of the filter means 50
are baseband signals representing a bandpass signal in that particul ar
sub- band. This baseband representation i s advantageous in that the required
sanpl es per sub-band are determ ned by the bandw dth of that particular
sub-band and not by the maxi mum frequencyr This is the replacement sheet

index. The codebook word is converted to a decoded signal by a synthesis ﬂl;er. The
parameters of the synthesis filter are for this purpose derived by linear prediction from the
four segments previous to the actual segment of the decoded signal. This is effected in
similar manner to coder 66. | :
The further digitally coded signal is converted by the sub-band decoder 72
to a plurality of decoded sub-band signals available on the output of the sub-band decoder 72
itself. It is noted that these sub-band signals are baseband signals representing a bandpass
signal in the relevant sub-band. This baseband representation is advantageous in that the
necessary samples per sub-band are determined by the bandwidth of the relevant ‘sub-band
and not by the maximum frequency of this sub-band. The combining means 88 convert the
sub-band signals to the desired sub-band frequency and thereafter combine these signals with
the decoded signal to a reconstituted input signal.
| In the sub-band coder 64 shown in Fig. 2 each of the sub-band signals is
applied to its own sub-coder 91 ... 100. The sub-coders 91 ... 100 all have an identical
structure. The input of the sub-coder 91 is connected to the segmenting means 90. The
output of the segmenting means 90 is connected to an input of measuring means 92 and to an
input of scaling means 94. A first output of the measuring means 92 is connected to a control
input of the scaling means 94. A second output of the measuring means carrying a power
measure for its output signal is connected to a first input of a multiplexer 102. The output of
the scaling means 94 is connected to an input of an absolute value calculator 95 and to an
input of sign determining means 98. An output of the absolute value calculator is connected
to an input of a selecting means 96. An oﬁtpu’t of the selecting means 96, carrying an
\,i identification code of a selected reference envelope for its output signal, is connected to an
input of the muitiplexer 102. An output of the sign determining means is connected to a third
| input of the multiplexer 102. The output of the multiplexer 102 forms the output of the sub-
band coder 64.
| In an embodiment for the coder S1 intended for a transmission system for
audio signals that have a maximum frequency of 8 kHz, the §pectml portion comprises the
frequency area from 0-2 kHz, while the further spectral portion comprises the frequency area
from 2 kHz to 8 kHz. The further spectral portidn is represented by the eight sub-band
signals at the input of the sub-band coder 64. In the sub-coders 91 ... 100 the sub-band
signals are segmented into segments having identical time durations, while the number of
samples of the sub-band signal in a segment is proportional to the bandwidth of that sub-band

signal. The frequency area of each sub-band and the corresponding number of samples per
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16 of that particular sub-band. A suitable inplenentation of the sub-band
coder 64 for signals having a sanpling rate of 48 kHz is known fromdraft
internal ISOIEC DIS 11 172 "Informati on technol ogy codi ng of noving

- pictures ‘and associ ated audio for digital storage nedia up to about 1.5
Moi:t / s", section 3 pages 174-337. The sub-band signals on the input are
converted to a digital signal by neans ofg quantization. The sub-band
signals are quantized with a nunber of |ewels which nmay be different for

di ff er ent sSpanba0 Given ThraBle! L Ahentitid Bhiralbn OF Bididegmbnrdid 4/ mSel s used for each
sub- band depends on the-power of that particul ar _

TABLE 1
sub-band i [ fmin [KHZz] fnax [kHZ] Af [kHz] | samples / seg-
ment
1 ' 2 25 0.5 | 4
2 2.5 3 0.5 4
N\ 3 3 35 0.5 4
4 35 . 4 0.5 4
S 4 S l 8
6 5 6 1 8
7 6 7 1 8
8 7 8 1 8

In-an embodiment for the coder 51 intended for a transmission system for

audio signals that have a maximum frequency of 16 kHz, the spectral portion comprises the

\V | frequency area from 0-4. kHz, while the further spectral portion comprises the frequency area
from 4 kHz to 16 kHz. The further spectral portion is represented by the eight sub-band
signals at the input of the sub-band coder 64. In the sub-coders 91 ... 100 the sub-band
signals are also segmented into segments having identical time durations, while the number
of samples of the sub-band signal in a segment are proportional to the bandwidth of that sub-
band signal. The frequency area of each sub-band and the corresponding number of samples
per segment are given in Table 2. The time duration of the segment is 2 mS.
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sub- band signal and the power of the sub-band signals of adjacent

sub-bands. Use is then nade of the property of the human auditory system
that a weak signal near to a strong signal is inaudible. As a result, it is
possi ble to quantize such a weak signal with considerably fewer

guanti zation levels than the strong signa .. Based on the power of the

vari ous sub-band signals a just perceivable_noise |evel is calculated for
each sub-band. The nunber of necessarb‘&ﬂéﬁ?izatioh | evel s i s _determ ned
for each sub-band in response to this noise level. The further digitally

coded signal now conprises different gquantized sub-band signals and .
SEA e o
. : ment
1 4 S 1 4
2 5 6 1 4
3 6 7 1 4
4 7 8 I 4
\_ 5 8 10 2 8
6 ' 10 12 2 8
7 12 14 2 8
8 14 16 2 -8

The measuring means 92 determine a power measure for the relevant
segment of sub-band signal samples. This power measure is converted to a logarithmic power
measure and the difference between the logan'th:hic power measures of an actual segment and
the segment preceding that actual segment is coded by Huffmann coding. The Huffmann
coded signal is applied to the multiplexer 68 and this signal is transmitted to the receiver 6.

s An alternative way of co@ing the power measure of the different sub-bands is coding the
‘power measure of the specific sub-band and coding the power difference between the power
of the relevant sub-band and that of the remaining sub-bands. In situations where the power
measures of the different sub-bands are correlated, this leads to a considerable saving on
transmission capacity. The scaling means 94 scale the sub-band signal samples in response to
a control signal coming from the measuring means, so that the power of the segments on the
output of the scaling means 94 has a constant value. The absolute value producer 95 |
produces the envelope of the output signal of the scaling means 94 and applies this envelope
in segmented form to the selecting means 96. The selecting means compares the envelope of
the output signal of the scaling means 94 with a number of reference envelopes and selects
the reference envelope that corresponds most to the envelope of the output signal of the
scaling means 94. The selecting means produces on its output an identification code of the
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coder is arranged for coding a signal fromO0-24 kHz. Since a 0-4kHz
spectral portion is coded by the tinme-domain coder, the sub-bands situated
inthis spectral area contain only the coding error signal which will have
arelatively small anplitude. As a result, not nore than a few bits will be
al located to these sub-bands so that thgqpe is hardly need for any
additional transm ssion capacity to tramsmt this coding error signal. The
mul ti pl exsected referdaice esveidpe. Thisi identificavardesicds gppliedatndhe muitinigxen dy2 for

digitally coded, signal ta a si [gnhal .. The: .t I ) i
present f BFSEHHEN; '8 i‘&\'g'*ﬁ‘(‘;‘“dé’l @3&% £ 5@‘?7‘@5'5 g'e'tc)ﬁ'f: I;:31:f&r“f)a"oér?]t% Tﬁg ‘iiépﬁfx e p% Stcts
si gnal t hided 'pRAGdEnieRE Vel fefepdner @nveéiGpes aesgsetlvhereas in the sub-bands in which eight

sub-band signal samples are used per segment, eleven reference envelopes are used.

A number of reference envelopes used in the sub-bands with eight sub-
‘band signal samples may vary from one to eleven. As a result of the Huffmann coding of the
~ power measure, the number of bits necessary for this power measure may differ from one
segment to the next. If there is excessive transmission capacity as a result, this transmission
capacity may be used for transmitting longer ide_n'tiﬁation codes of reference envelopes, so
that a larger number of reference envelopes may be used for coding the envelope of the
output signal of the scaling means 94.

The sign determining ﬁeans 98 determine the sign of the output signal of
the scaling means 94. This sign is applied to the third input of the multiplexer 102 for
transmission to the receiver 6. It is possible that not for all the sub-bands the sign of the
output signal of the saliﬁg means 94 is transmitted to the receiver, but that this sign is
generated by means of a noise generator at the receiver end. .This simplification has appeared
to be especially permissible for the highef sub-bands.

In the sub-band decoder 72 shown in Fig. 3 the output signal of the
demultiplexer 70 is applied to a demultiplexer 104. Each of the sub-decoders 106 ... 114 is
supplied with three output signals of the demultiplexer 104. A first one of these outputs is
connected to a reference envelope generator 108. A second one of these outputs is connected
L | to a first input of a multiplier circuit 110 and 2 third one of these outputs is connected to a

\ first input of a multiplier circuit 112. Altemnatively, however, it is conceivable that the third
output of the multiplexer 104 is not present, but that the first input of the multiplier circuit
112 s éonnected to an output of 2 noise generator 109. An output of the reference envelope -
generator 108 is connected to a second input of the multiplier circuit 110. An output of the
multiplier circuit 110 is connected to a second input of a multiplier circuit 112. The output of
the multiplier circuit 112 forms one of the decoded sub-band signals. The sub-decoders 106
... 114 are structured in similar manner. ' '

The reference envelope generator 108 generates the selected rcfcreﬁcc
envelope in response to the received identification code. The multiplier circuit 110 multiplies
the selected reference envelope by the power measure, so that a.reconstituted envelope of the
sub-band signal concerned is obtained. The reconstituted envelope of the sub-band signal is
multi-piied in the multiplier circuit llZ by the received sign of the sub-band signal Samples,
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paths. The transmitter transmts this conbined signal to the receiver

t hrough the channel. In the receiver the conbined signal is split up again
into the digitally coded. signal and the further digitally coded signal. The
digitally coded signal is converted to a first reconstituted signal by the
I nverse vector quantizer 84. A suitable inplenentation of the sub-decoder
Is described in said COTT ReconnendatloH G 728. The further dlgltally

coded = ek e AL i L AR e doal TR it 0

| owest suBebsubebands imuwhish gheadign( 6f this sapleh at thecsubdmad signilhie noodanxfprmdr

stgnal is agnp%er circuit 112 multiplies the output signal of the multiplier circuit 110 by the output
signal of the noise source 109.

In the selecting means 96 shown in Fig. 4, four inputs carrying for their
input signals four.absolute values of the scaled sub-band signal combined to one segment are
connected to f_our- inputs of a processor 118. In Fig. 2 these four inputs of the selecting
means 96 are symbolically shown by a single input. A first output of the processor 118,
carrying an address signal for its output signal, is connected to an input of 2 ROM 116. Four
outputs of the ROM 116, carrying four values that represent the reference envelope for their

\_/ output signals, are connected to four further inputs of the processor 118. A second output of
the processor 118, carrying the identification code of the reference envelope for its output
signal, forms the output of the selecting means 96. _

It is assumed that in the selecting means 96 shown in Fig. 4 the envelope -
of the output signal of the scaling means 94 'is'represcmed by four values of this envelope ai
successive instants. It is also assumed that the reference envelopes are represented by four
values of these reference envélopes. In the selecting means 96 the processor generates
successive addresses for the ROM 116. This ROM 116 supplies in the form of four vaiues
the reference envelope stored at such an address. The processor 118 reads the values that
represent the reference envelope and the envelope of the output signal of the scaling means
94. The processor 118 produces a difference measure between the two envelopes which

~ measure is, for example, equal to the sum of the squared difference betwgen the

corresponding values represented by the envelopes. The processor successively génexates the
addresses of all the reference envelopes to be used in the comparison, and pi‘csents the
identification code of this reference cn_vélope on the second output with a minimized
difference measure. It is observed that for the sub-bands in which the envelopes are
represented by eight signal samples, the selectiﬁg means are to have eight inputs. The ROM

116 therefore has éight outputs, while the input ports of the processor 118 then also are to

have eight inputs.
For performing said function, the processor 118 is to comprise a suitable
program whose flow chart will be shown in Fig. 5. The numbered instructions have the

connotation as indicated in the Table below.
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by the adder cfrcuit 87 to the deboded sfgnal on the output - of t he del ay

el ement 86 to obtain the decoded signal. It is noted that  these sub-band
signals on the output of the sub-band This is the replacenment sheet 17
12
Nr.  Designation Connotation
120 START Start of the program
122 MIN:=Z The value of the variable MIN is made equal
'to a constant Z.
124 READ SEGMENT The values representing the envelope of a
-segment are read.
126 SHAPENO:=1 The first reference envelope is selected.
. 128 * READ SHAPE The values representing the reference
envelope are read.
130 CALCULATE SQDIFF The squared difference between the
- reference envelope and the segment envelope
is calculated.
132 SQDIFF < MIN? A test is made whether SQDIFF is smaller
than MIN.
134 MIN:=SQDIFF ' The value of the variable MIN is made equal
to the variable SQDIFF.
- 136 INDEX:=SHAPENO The index of the thus far optimum reference
N/ ' envelope is stored.
133 SHAPENO=N? . A test'is made whether all reference
énvelopes have been compared with a
segment envelope.
140 SHAPENO:=SHAPENO+1 The next reference envelope is selected.
142 WRITE INDEX The identification code of the selected

reference envélope is put on the second

output of the processor.

The program according to the flow chart of Fig. § is carried out once for

each segment of sub-band signal samples. In box 122 the variable MIN representing the
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decoder 72 are baseband signals which represent a bandpass signal in that
particul ar sub- band. This baseband representation is advantageous in that
t he nunber of required sanpl es per sub-band is determ ned by the bandw dth
of that particul ar sub-band but not by the nmaxi num frequency on that '
particul ar sub-band. The conbi ni ng neans138 convert the sub- band signals
to the desired sub-band frequency and then caonbine the sub-band sjgnals
with the osicioien cgpymeasursisamadecsaualt praaueber forhich; ig se larserfag the gnipigum

repl acement3heetmeasure is bound to fall short of this number Z. Subsequently, in box 124 the
values representing the cnvélopc of the segment are read out by the processor 118. In box
126 the address belonging to the first reference envelope is presented at the first output of the
processor. In box 128 the values representing the reference envelope are read by the
processor. In box 130 the difference measure between the envelope of the segment and the
reference envelope is calculated. The difference measure SQDIFF can be calculated as

follows:
L
SEDIFF=Y (x;-¥;)? ' (2)
- isl
N\ In (1) i is a running variable, L the number of values that répresem the envelope, x; the i

value of the values that represent the envelope of the segment, and y; the i value of the
values that represent the reference envelope. | | |

In box 132 the value of SQDIFF is compared with the value of MIN. If
the value of SQDIFF is smaller than the value of MIN, the actual reference envelope
corresponds more to the envelope of the segment than the fefcrence envelopes that have been -
previously compared with the envelope of the segment. In that msc the value of MIN in box
134 is made equal to the value of SQDIFF. In addition, in box 136 the value of INDEX '
representing the identification code of the reference envelope thus far corresponding most is
made equal to the identification code of the curreni reference envelope. If the value of
SQDIFF is not smaller than the value of MIN, the boxes 134 and 136 are skipped.

\/ In box 138 there is examineq whether all reference envclopés have already
been compared with the envelope of the segment of sub-band signal samples. If they have,
the \-rariable INDEX that is representative of the identification code of the reference envelope
corresponding most to the envelope of the segment of sub-band signal samples is written in
box 142. If not all the reference envelopes to be incorporated in the comparison.havc yei
been compared with the envelope of the segment of sub-band signal samples, the next
reference envelope is selected in box 140 and box 128 is leapt to.

It is noted that the coder and decoder may be fully implemented in
. hardware, but it is alternatively possible for-t'hc coder andlor decoder to be incorporated
completely or in part in a signal proccﬁsor. This signal processor is then contrdlled by
suitable software. |

Fig. 6 shows the five reference envelopes used for the sub-bands which
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18 d ains 1. An audi o transnission systemconprising a transnitter
and receiver, the transmtter including coding neans which conprises
filtering neans for deriving a signal representing a first spectral portion
covering frequencies up to a few kil ohertz and deriving a signal

representing a second spectral portion having a substantial [|arger
bandwi dt h t han _ —_—

sub-bands are represented by four values. The reference envelopes are represented by the
values y, ;, where k is the serial number of the reference envelope and i is a serial number of
the value that also defines the reference envelope. Experiments have shown that not all
reference envelopes occur equally often. This phenomenon may be used for reducing, for
example by means of Huffmann coding, the necessary transmission capacity for transmitting
the identification code of the reference envelope. :

In Fig. 7 the eleven reference envelopes used for the sub-bands that are
represented by eleven values are shown. Here too experiments have shown that not all the
reference envelopes occur equally often.

It is noted that, optionally, adaptive reference envelopes to be derived

~ from the sub-band signal to be coded can be used in addition to or in lieu of fixed reference
envelopes. | _

In the transmission system shown in Fig. 8 the input signal is applied toa
transmitter 2. The input of the transmitter 2 is connected to an input of filter means 50 in the
coder S1. A first output of the filter means 50 is connected to an input of a delay element 62
and to an input of a subtracter circuit 65 . The output signal on the first output of the filter
means 50 represents the spectral portion of the input signal. An output of the delay element
62 is connected to an input of the time domain coder in this case bemg a vector quantizer 66
which utilizes linear prediction (LPC: linear predictive coding). An output of the vector
quantizer 66, carrying the first digitally coded sxgnal for its output signal, is connected to a
first input of the transmitter means in this case being a multiplexer 68, and to a time-domain
decoder 67. An output of the time-domain decoder 67 is connected to a second input of the
subtracter circuit 65.

A plurality .of outputs of filter means 50, and the output of the subtracter
circuit 65 are connected each to an input of a transform domain coder, in this case formed by
a sub-band coder 64. The input signals of the sub-band coder 64 together represent a
combination of the spectral portion and the further spectral portion of the input s1gna1 An
output of the sub-band coder 64 carrying the further digitally coded signal for its output
signal is connected to a second input of the muitiplexer 68. |

The output of the multiplexer 68 is connected, through channel 4, to an
input of a receiver 6. In the receiver 6 the signal is applied to the input of a demultiplexer
70. A first output of the demultiplexer 70, carrying the digitally coded signal for its output
signal, is connected to a time-domain decoder, in this case being an inverse vector quantizer

84 which implements linear prediction. An output of the inverse vector quantizer 84,
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the first spectral portion, the coding neans further conprise a tinme donmain
coder for deriving a single time domain coded digital signal by tinme domain
coding of the first spectral portion covering frequencies up to a few
kilohertz, said coding means further conprising a transform domain coder
for deriving a second encoded digital signal from.the second spectral
portion having a substantial |arger bandwrdth than the f.irst spectral
portion, datmyingrthededoded:sighal fohisy outpet sighiahgis sannccisd 4R 3 (AW 9ha tms; delay

cai o Sub TR TREAR nBP B8 i e B e Y g

recei ver, ciichit 87¢Thé vepui ofaheidddey circuie 8T it cqrinested td o fire dapu} iof hesepmpining
means 88. A second output of the demulitiplexer 70 is connected to an input of the transform
domain decoder, in this case being a sub-band decoder 72. A plurality of outputs of the sub-
band decoder 72, carrying reconstituted signals for their output'signals which collectively
represent the further spectral portion of the input signal, are connected each to an input of
the combining means 88. An output of the sub-band decoder 72 which represents the spectral
portion of the input signal is connected to a second input of the adder circuit 87. The
reconstituted input signal is available on the output of the combining means 88.

The input signal of the transmission system shown in Fig. 8 is split up
into a spectral portion and a further spectral portion by the filter means 50. The spectral
portion is converted to a digitally coded signal by the vector quantizer 66. A suitable

| implementation of the vector quantizer 66 has already- been explained with reference to Fig.
1. The digitally coded signal is'converted to a decode;i signal by the time-domain decoder 67
which decoded signal is subtracted from the spectral portion of the input signal by the
subtracter circuit 65. On the output of the subtracter circuit is then a coding érror signal
available which represents a coding error of the time-domain coder.

The further spectral portion of the input signal is represented by the sub-

" band signals on the output of the filter means 50. These sub-band signals and the coding

error signal on the output of the subtracter circuit 65 are converted to the further digitally

. coded signal by the sub-band coder 64. The extension by the time-domain decoder 67 and the

(& subtracter 65 make it possible to code once again any coding error of the time-domain coder
66 by the sub-band coder 64 and transmit the coding ervor to the receiver. These measures
make it possible to realise an improvement of the transmission quality. The additional
complexity required for this purpose is little, because there is already a time-domain decoder.
available in an analysis-by-synthesis time-domain coder. It may be necessary to delay the
input signal of the subtracter circuit 65 and the signals representing the further spectral
portion for a certain period of time to provide that ali input signals of the sub-band coder 65
have undergone the same period of delay. _

It is noted that the sub-band signals on the output of the filter means 50
are baseband signals representing a bandpass signal in that particular sub-band. This
baseband representation is advantageous in that the required sampies per sub-band are
determined by the bandwidih of that particular sub-band and not by the maximum frequency
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ti me dormai n encoded digital signal and said second encoded digital signa
fromthe input si-gnal of the receiver, the receiver conprising a decoder
conprising a time domain decoder for decoding the single tinme donain coded
digital signal to derive a first decoded signal, said decoder further
conprises a transform domai n decoder forldecodlng sai d second encoded
digital S|gnal to derive a second decoded signal from said second encoded

digital sig élga:%ﬁ%% A ‘dﬁlmfcrm?ﬂ&ﬁédtﬁtﬁﬁ\ SORP isth-Bghd 'ERIBS 64 @dr signals

reconstltutlng sald i nput signal by conbining the first and second decoded
si gnal s. Baving a sampling/raui of QSrIGIﬁsm@QWBrfTW srafpingermal BOMERE OIS & g

charact er l'l%\‘?armatmn pe%;motlogy coding of moving pictures and associated audio for digital stomge
media up to about 1.5 Mbit/s”, section 3 pages 174-337. The sub-band signals on the input
are converted to a digital signal by means of quantization. The sub-band signals are
quantized with a number of levels which may be different for different sub-bands. The actual
number of quantization levels used for each sub-band depends on the power of that particular
sub-band signal and thé power of the sub-band signals of adjacent sub-bands. Use is then
made of the property of the human auditory system that a weak signal near to a strong signal
is inaudible. As a result, it is possible to quantize such a weak signal with considerably fewer
\ quantization levels than the strong signal. Based on the power of the various sub-band sxgnals
a just perceivable noise lcvel is calculated for each sub-band. The number of necessary
quantization levels is determined for each sub-band in response to this noise level. The
further digitally coded signal now comprises different quantized sub-band signals and
information about the number of quantization levels of each sub-band. It is noted that said
coder is arranged for coding a signal from 0-24 kHz. Since a 0~4kHz spectral portion is
coded by the time-domain coder, the sub-bands situated in this spectral area contain only the
coding error signal which will have a relatively small amﬁlitude. As a result, not more than a
few bits will be allocated to these sub-bands so that there is hardly need for any additional
transmission capacity to transmit this coding error signal.

The multiplexer 68 combines the digitally coded signal and the further
digitally coded signal to a single signal. The time délay element 62 is present for equalizing
the delays of the spectral portions of the input signal that reach the multiplexer 68 along two
paths. The transmitter transmits this combined signal to the receiver through the channel. In
‘the receiver the combined signal is split up again into the digitally coded signal and the
further digitally coded signal. The digitally coded signal is converted to a first reconstituted
signal by the inverse vector quantizer 84, A suitabie implementation of the sub-decoder is
described in said CCITT Recommendation ‘G.728.

The further digitally coded signal is converted by sub-band decoder 72 to
a plurality of decoded sub-band signals available on the output of the sub-band decoder 72.
The lowest sub-band output signal (0-4kHz) that represents the coding error signal is added
by the adder circuit 87 to the decoded signal on the output of the delay element 86 to obtain
the decoded signal. '

It is noted that these sub-band signals on the output of the sub-band °
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ti me-domai n coder conprises a vector quantizer and in that the tine-donain
decoder conprises an inverse vector quantizer. 3. Audi o

transmni ssion systemas clained in Claim1 or 2, characterized in that the
ti me-domai n coder is arranged for inplenenting |inear prediction. 4.

Audi o transm ssion systemas clained in one of the preceding d ains,
characterized in that the transform donmijp coder is a sub-band coder and in

that the transform domain decoder is a stb=band decoder, This. is:the
r epl acenerdecodee §2 are baseband signals which represent a bandpass signal in that particular sub-

band. This baseband representation is advantageous in that the number of required sampies
per sub-band is determined by the ban_dwidth of that particular sub-band but not by the
maximum frequency on that particular sub-band. The combining means 88 convert the sub-
band signals to the desired sub-band frequency and then combine the sub-band signals with
the decoded signal to a reconstituted ihp_ut signal. '
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19 5. Audi o transm tter including coding neans which conprises
filtering nmeans for deriving a signal representing a a first spectral
portion covering frequencies up to a few kilohertz and deriving a signal
representing a second spectral portion haV|ng a substantial |arger

bandw dth than the first spectral portlon__l he codi ng means further
conprise a tine

Claims

1. An audio transmission system comprising a transmitter and receiver, the
transmitter including coding means which comprises filtering means for deriving a signal
representing a first spectral portion covering frequencies up to a few kilohertz and deriving
a signal representing a second spectral portion having a substantial larger bandwidth than
the first spectral portion, the coding means further comprise a time domain coder for
N deriving a single time domain coded digital signal by time domain coding of the first
spectral portion covering frequencies up to a few kilohertz, said coding means further
comprising a transform domain coder for deriving a second encoded digital signal from the
second spectral portion having a substantial larger bandwidth than the first spectral portion,
the transmitter further including multiplexing means for muitiplexing and transmitting said
time domain encoded digital signal and said sub-band encbded digital signal via a |
transmission channel to a receiver, the receiver including a demultiplexer for deriving said
time domain encoded digital signal and said second encoded digital signal from the input
signal of the receiver, the receiver comprising a decoder comprising a time domain decoder
for decoding the single time domain coded digital signal to derive a first decoded signal,
said decoder further comprises a transform domain decoder for decoding said second
encoded digital signal to derive a second decoded signal from said second encoded digital
signal, the decoder further comprises combining means for reconstituting said inpuf signal
by combining the first and second decoded signals.
2. Audio transmission system as claimed in Claim 1, characterized in that the
time-domain coder comprises a vector quantizer and in that the time-domain decoder
comprises an iﬁverse vector quantizer.
3. Audio transmission system as claimed in Claim 1 or 2, characterized in that
the time-domain coder is arranged for implementing linear prediction.
4. Audio transmission system as claimed in one of the preceding Claims,
characterized in that the transform domain coder is a sub-band coder and in that the

transform domain decoder is a sub-band decoder.
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domai n coder for deriving single time domain coded digital signal by tine
domai n tHIINHuw"“ Hluu"st spectral portion covering frequencies up to a
few kil ng nmeans further conprising a transform donain
coder for der|V|ng a sécond encoded dlgltal signal fromthe second spectral
portion having a substantial |arger bandwdth than the first spectral
portion, the transmitter further including nultiplexing neans for

mul tiplexing and transmitting said time domain encoded digital signal and
sai d sub-basgd encAddid tehinginitedr irhgling coding meansAwhiich compnseseﬁltenng mednsfpra

demul ti pl ex erenfrx%rg aci?grnlay }egxgesgntmlgnag; rs% gp%%uglo&ar{xon covering frequencies up to a few
kilohertz and deriving a signal representing a second spectral portion having a substantial
larger bandwidth than the first spectral portion, the coding means further comprise a time
domain coder for deriving a single time domain coded digital signal by time domain coding
of the first spectral portion covering frequencies up to a few kilohertz, said coding means
further comprising a transform domain coder for deriving a second encoded digital signal
from the second spectral portion having a substantial larger bandwidth than the first spectral

portion, the transmitter further including multiplexing means for multiplexing and .

transmitting said time domain encoded digital signal and said sub-band encoded digital

signal. '

6. Audio receiver including a demultiplexer for deriving a single time domain

encoded digital signal and a second encoded digital signal from the input signal of the

receiver, the réceiver comprising a decoder comprising a time domain decoder for decoding
the single time domain coded digital signal to derive a first decoded signal covering
frequencies up to a few kilohertz, said decoder further comprises a transform domain
decoder for decdding said second encoded digital signal to derive from said second encoded
digital signal a second decoded signal having a substantially larger bandwidth than the first
decoded signal, the decoder further éornprises combining means for reconstituting said

input signal by combining the first and second decoded signals.

P 7. Audio coder which comprises filtering means for deriving a signal representing a a
first spectral portion covering frequencies up to a few kilohertz and deriving a signal
representing a second spectral portion having a substantial larger bandwidth than the first
spectral portion, the coding means further comprise a time domain coder for deriving a
single time domain coded digital signal by time domain ceding of the first spectral portion
covering frequencies up to a few kilohertz, said coding means further comprising a
transform domain coder for deriving a second encoded digital signal from the second
spectral portion having a substantial larger bandwidth than the first spectral portion.

8. Audio decoder comprising a ﬁme domain decoder for decoding a single time

- domain coded digital signal to derive a first decoded signal covering frequencies up to a
few kilohertz, said decoder further comprises a transform domain decoder for decoding a
second encoded digital signal to derive from said second encoded digital signal a second

decoded signal having a substantially larger bandwidth than the first decoded signal, the
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encodmnd a second encoded digital signal fromthe input

si gnal mumumﬂm the receiver conprising a decoder conprising a tine
domai n Mamdl ng the single tinme domain coded digital signal to
derive a first decddetl si gnal covering frequencies up to a few kilohertz,
said decoder further conprises a t ransf #m donai n decoder for decodi ng said
second encoded digital signal to derive™Tromsaid second encoded digital
signal a second decoded signal having a substanti al ly | arger bandwi dt h t han

he fi he decoder f 9 f
" econst  t uEROARE S P GREEBR e o b ””’ i SR S8 Gecoaca

signal's.  combining the first and second decoded signals.

9. Audio coding method derives a signal representing a first spectral portion covering
frequencies up to a few kilohertz and which derives a signal representing a second spectral
portion having a substantial larger bandwidth than the first spectral portion, the coding
method derives a single time domain coded digital signal by time domain coding of the first
spectral portion covering frequencies up to a few kilohertz., said coding means further

' derives a second encoded digital signal by transform domain coding from the second
spectral poi'tion having a substantial larger bandwidth than the first spectral portion.

W, 10. Audio decoding method which decodes a single time domain coded digital
signal and derives a first decoded signal covering frequencies up to a few kilohertz, said |
method further decodes a second encoded digital signal and derives from said second
encoded digital signal a second decoded signal having a substantially larger bandwidth than
the first decoded signal, the decoding method further combines the first and second.
decoded signalsinto a reconstituted signal.
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7. . - Audio coder which conprises filtering neans for deriving a signal
representing a a first spectral portion covering frequencies up to a few.
kiTohertz and deriving a signal representing a second spectral portion
having a substantial |arger bandwi dth than the first spectral portion, the
coding neans further conprise a tine d@min coder for deriving a single
time domain coded digital signal by tiTe domain coding of the first
spectral portion coveringgfrequencies up_to_a_few kil ah sai d_codi ng

means f ur t FRANEMESELON, §YSTEM, FNPLENENS AN, DEEFERENT, c&'ﬁ&%‘éﬁ RINCIELES]

encoded digital signal fromthe second spectral portion having a

substantial |arger bandw dt RBEMC&‘hSFf j,rrﬂit ]ﬁg(égors ortion.

In a transmission system for transmitting speech
and music signals, an input signal is split up into
two spectfal portions in a coder. These spectral
portions are coded each by its own sub-code;'. The
transmission quality may be improved considerably by

coding according to the inventive idea a spectral

portion by a time-domain coder and coding a further
spectral portion by a transform domain coder.
FIGURE 2
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8. °~ Audio decoder conprising a time donmain decoder for decoding a single
time domain coded digital signal to derive a first decoded signal covering
frequencies up to a few kilohertz, said decoder further conprises a

transf orm donai n decoder for decoding a second encoded digital signal to
derive from said second encoded digital signal a second decoded si gnal

havi ng a substantially |arger bandwi dth than the first decoded signal, the
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decoder further conprises conbining neans for reconstituting said input

signal by conbini.ng the first and second decoded signals. 9. Audi o

codi ng nmethod derives a signal representing a first spectral portion

~covering frequencies up to a few kilohertz and which derives a signal
representing a second spectral portion having a substantial |arger

bandwi dth than the first spectral portion, the coding nethod derives a

single time donmain coded digital signalaby tine domain coding of the first

spectral portion covering frequencies to a few kilohertz, said coding
means further '
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derives a second encoded digital signal by transform donmain coding fromthe
second spectral portion having a substantial |arger bandw dth than the
fiftst spectral portion. 10. . Audi o decodi ng net hod whi ch decodes a
single tinme domain coded digital signal and derives a first decoded signal
covering frequencies up to a few kil ohertz, said nmethod further decodes a
second encoded digital signal and derig?s fromsaid second encoded digital
signal a second decoded signal having substantially | arger bandw dth than
the first decod ngnaL,.Lha-decodLng-ne&hed-#upbhe*-feﬁb+fes the first
and second déBb?ed signghgkinto a reconstituted sHﬁgal. '
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