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Transmission system implementing different coding principles.
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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

ogt———

. transmitter likewise compfising 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.

 published UK Patent Application no. GB 2 188 820.

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

A transmission system as defined in the opening paragraph is known from

: 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 many users. A second example is a recording

channel used on a magnetic, optical or other récording medium such as, for exampie, 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

i“‘Plememing 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 WPWM.MM@ transmission
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It is an object of the invention 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 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.
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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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. shown in Fig. I;
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signal. _ _
The invention will now be further explained with reference to the drawing
Figures in which like elements are denoted by Iike.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

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

: transmitter 2. The input of the transmitter 2 is connected to an input of filter means 50 in the
f- 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-

i;_dOmam coder in this case being a vector qua_ntlzer 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
f°“tput 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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70. A first output of the demultiplexer 70, carrying the digitally'coded signal for its output

g signal is connected to a time-domain decoder in this case being an inverse vector quandicr
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

T 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

el A 1“);;:- R

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

Ml L ey

\'%’!-‘"i-?':':'il,'-

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

% ords 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.

Ay 2947t ""*’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.

W“" R \v-fmaw m f“fﬁ‘f
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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 are converted to the
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 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
, €ach 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
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
. 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
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index. The codebook word is converted to a decoded signal by a synthesxs filter. The

. parameters of the synthesxs 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 sﬁg:;a-r;;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 muiltiplexer 102 forms the output of the sub-

. band coder 64.
' In an embodiment for the coder 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
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segment are given in Table 1. The time duration of the segment is 4 mS.

TABLE 1 |
sub-band i fnin [kHZ] fnax [kHZ] Af [kHz] samples / seg-
ment
} || 1 2 25 0.5 4
2 2.5 3 0.5 4 |
: 3 3 3.5 0.5 4 '
4 3.5 4 0.5 | 4
5 4 5 ] 8 |
6 5 6 ! 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
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-
baﬂd 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.

1aced
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TABLE 2

 sub-band i fpin [KHZ) fnax [kKHZ) Af [kHz] | samples / seg-
' ' ment

—
&
(¥

&

W 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

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 alternative way of coding 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
mﬂsures of the different sub-bands are correlated, this leads to a considerable;-saving on

tI'«msmission capacity The scaling means 94 scale the sub-band signal samples in response to

°“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
i“ S€gmented form to the selecting means 96. The selecting means compares the envelope of
the Output 31gnal 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
Scalmg 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

WO 95/ 10890

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 number of bits necessary for this power measure may differ from one
_v,"'b

"gsegment to the next. If there is excessive transmission capacity as a result, this transmission

'g capacity may be used for transmitting longer identification codes of reference envelopes, so

¥
§

2 output signal of the scaling means 94,

that a larger number of reference envelopes may be used for coding the envelope of the

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

w:xa' »Muﬁs #‘.‘4’4.‘?!3&:5

€L

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

':}i

T

?’e 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

; demultiplexer 70 is applied to a demultiplexer 104. Each of the sub-decoders 106 ... 114 is
’5 supplied with three output signals of the demultiplexer 104. A first one of these outputs is
cOﬂllecwd 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
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so 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

connected to four inputs of a processor 118. In Fig. 2 these four inputs of the selecting

.5 means 96 are symbolicﬁl-;};own by a single input. A first output of the processor 118,

g{

m_rryi_ng an address signal for its output signal, is connected to an input of a ROM 116. Four

;_T._P'dﬁtputs of the ROM 116, carrying four values that represent the reference envelope for their
"3 'o"'ii'ti)ut 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 ‘
ignal, 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
; chessive 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
uccessive 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
Tepresent 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

. Mmeasure is, for example, equal to the sum of the squared difference between the -

c‘_?mspondin_g values represented by the envelopes. The processor successively generates the
addresses of all the reference envelopes to be used in the comparison, and presents the
‘Mdentification code of this reference envelope on the second output with a minimized
dlffefence 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 o

. have eight inputs.

For performing said function, the processor 118 is to comprise a suitable
ngram whose flow chart will be shown in Fig. §. 'I‘he numbered instructions have the
- Connotation as mdlcated in the Table below.

—_—
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{ Nr. Designation Connotation

START Start of the program

MIN: =2 The value of the variable MIN is made equal

to a constant Z.

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

SHAPENO: =1 ' The first reference envelope is selected.

READ SHAPE The values representing the reference

envelope are read.

CALCULATE SQDIFF The squared difference between the
reference envelope and the segment envelope
is calculated.
2 SQDIFF < MIN ? A test is made whether SQDIFF is smaller
than MIN.
MIN: =SQDIFF _The value of the variable MIN is made equal

to the variable SQDIFF.

INDEX: =SHAPENO : The index of the thus far optimum reference
* envelope is stored.

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

A | segment envelope.
140 SHAPENQ: =SHAPENO+ | The next reference envelope is selected.

L ?!_42 WRITE INDEX . The identification code of the selected
: reference envelope is put on the second

output of the processor.

. 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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rninimum error measure is made equal to a number Z which is so large that the minimum

% drfference measure is bound to fall short of this number Z. Subsequently, in box 124 the
values representing the envelope 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

v

5 processor In box 128 the values representing the reference envelope are read by the

g; 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

e i—

mm

~

13 follows
froc
g L
: _ SQDIFF=Y (x;-y;)? | (1)

i=}

%«

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
values 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

____COHeSponds 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

; r?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. |

. In box 138 there is examined whether ail reference envelopes have already
\ b°°“ Compared with the envelope of the segment of sub-band signal samples If they have,
the variable INDEX that is representative of the ldennﬁmnon 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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"sub-bands are represented by four values. The reference envelopes are represented by the

f':;'values Yy j» 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‘efcrenc:e envelopes occur equally often. This phenomenon may be used for reducing, for
' _.%ﬁexample by means of Huffmann coding, the necessary transmission capacity for transmitting

the identification code of the reference envelope.

o _ " In Fig. 7 the eleven reference envelopes used for the sub-bands that are
represented by eleven valiies are shown. Here too experiments have shown that not all the
%referenee 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

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
Tsu tracter circuit 65.

) 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

; cl'lllbxnan(m of the spectral portion and the further spectral portion of the input signal. An

] 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

e ;_‘_ecexver 6. In the receiver 6 the signal is applied to the input of a demultiplexer
ﬁ"_“_outpm of the demultiplexer 70, carrying the digitally coded signal for its output
"‘M__ .“_“ °°'m°¢ted 10 a time-domain decoder, in this case being an inverse vector quantizer

84 which
lmplemcms linear pregiction. An output of the inverse vector quantizer 84,
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fcarrymg the decoded signal for its output signal, is connected to an input of a time delay

III PCT/IB94/00309

element 86. The output of the time delay element 86 is connected to a first input of an adder

',_;c1rcu1t 87. The output of the adder circuit 87 is connected to a first input of the combining
T

:':niea'ns 88. A second output of the demultiplexer 70 is connected to an input of the transform

g
:domam decoder, in this case being a sub-band decoder 72. A plurality of outputs of the sub-
_’f'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

Vallable which represents a coding error of the time-domain coder.

o 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
error 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
; s“bmter 65 make it possible to code once again any coding error of the time-domain coder

b_Y_ 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
m_PlemY required for this purpose is little, because there is already a time-domain decoder
Wle In an analysis-by-synthesis time-domain coder. It may be necessary to delay the

it signal of the subtracter circuit 65 and the signals representing the further spectral

. '_on for a certain period of time to provide that all input signals of the sub-band coder 65
ve 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
*‘are basebaﬂd 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

: Idete’mmed by the bandwidth of that parncular sub-band and not by the maximum frequency
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of that particular sub-band. A suitable implementation of the sub-band coder 64 for sxgnals

havmg a sampling rate of 48 kHz is known from draft internal ISO/IEC DIS 11172

“wInformation technology coding of moving pictures and associated audio for digital storage

: édia up to about 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

§Pade of the property of the human auditory system that a weak signal near to a strong signal
___:x__n_ax_:dible. As a result, it is possible to quantize such a weak signal with considerably fewer
béquantiution levels than the strong signal. Based on the power of the various sub-band signals

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

:bquannzatxon 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
eoder 1s arranged for coding a signal from 0-24 kHz. Since a 0-4kHz spectral portion is

ded by the time-domain coder, the sub-bands situated in this spectral area contain only the

5 i _._8' _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

ﬂ_'ansxmssnon 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

delays of the spectral portions of the input sxgnal that reach the multiplexer 68 along two

e_transmxtter transmits this combined signal to the receiver through the channel. In

Caver 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

:_"'d&ibed_m said CCITT Recommendation G.728.

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

) It is noted thai these sub-band signals on the output of the sub-band
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Edecoder 72 are baseband signals which represent a bandpass signal in that particular sub-

“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

-"'max:mum frequency on that particular sub-band. The combining means 88 convert the sub-

f _band signals to the desired sub-band frequency and then combine the sub-band signals with
the decoded signal to a reconstituted input signal.

ot
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$1 : Transmission system comprising a transmitter which includes a coder for
g codmg an mput signal, the coder comprising a time-domain coder for deriving a digitally

: coded signal from a spectral portion of the input sngnal the transmitter likewise comprising
¥ 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
%gnal from the digitally coded signal, characterized in that the coder further comprises a
sform domain cod&r Tfor denvmg a further digitally coded signal from a further spectral

%_,mon of the input signal, the transmitter also being arranged for transmitting the further
B

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

s,

Lémain 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
portion, === ===
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Receiver, comprising a decoder that comprises a time-domain decoder for

n.qg,;.—“g_‘ﬁt,, .

envmg a decoded signal from a digitally coded signal, characterized in that the receiver

ompnses a transform domain decoder for deriving a further decoded signal from a further

o

&’W

1gxtally coded srgnal and combining means for deriving a reconstituted signal from the

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

[ A
ot

for denvmg a dlgltally coded s;gnal from a spectral portion of the mput sxgnal for

.. 0

mﬂSl'ﬂission method likewise comprising transmitting the further digitally coded signal,
- Vmg a further decoded signal from the further digltally coded signal, and deriving a
mmmted signal from the decoded signal and the further decoded signal.
g Method of coding an input signal, this method comprising deriving a
24 coded signal from a spectral portion of the input signal while a time-domain coding
. ___- is implemented, characterized in that the method likewise comprises deriving a
et digitally coded signal from a further spectral portion of the input signal while 2

Orm domain coding method is implemented.
Method of decodmg a coded s:gnal compnsmg denvmg a decoded signal

BT



