1 CO\IVO_UTI ONAL CCDES The present appl ication is concerned with

t S C ~ s par t4-eu-ary——t-heugh
not excl usi vel y, concerned Wi t h the 5 transm ssion of digitally coded
speech signals. Patent application DE A 38 05 169 (Institut fur

Rundf unkt echni k) describes a nethod for transmtting data using punctured
convol uti onavoeutess The punctured (or deleted) bits are sSIEGBW®242 or der
to provide variable bit error protection depending on the protection
required by individual bits. 10 Patent application EP A 490 552
(Aneri can Tel ephone and Tel egraph conpany) describes a nethod for providing
unequal error protection for a signal conprising a plurality of classes by
separately codi NCONFIBENCD ARD GFRANEN SIGNAB SQUARITYS DEYECTION! TN Ar SOFT DECUSIDN

nmodul ati on schenGONSBRUTIEQNAL | QECaDERNg t he coded out puts for transm ssion.

The present application is concerned with transmission of data using

convolutional codes and is particularly, though not exclusively, concerned with the
5 transmission of digitally coded speech signals.

According to one aspect of the present invention there is provided a
method of decoding signals by processing received signals to provide confidence
measure signals and using a soft decision decoder to decode the received signals,
the method comprising:

10 {a} receiving known signals;

{b} storing data representing the extent to which the confidence

measure signals for the received known signals differ from a logarithmic

representation of the error statistics of the received known signals;

{c} receiving unknown signals;

15 id)  applying correction factors to the confidence measure signals for the
received unknown signals, the correction factors being derived from the
said stored data, so as to reduce the extent to which the confidence
measures differ from the said togarithmic representation;
fe) decoding the corrected signals using the soft decision decoder.

20 In another aspect the invention provides an apparatus for decoding signals

comprising:

means for processing received digital signais to provide confidence
measure signals;

translation means operable to apply correction factors to the confidence

25 measure signals so as to reduce the extent to which the confidence measure

signals differ from a logarithmic representation of the error statistics of the
received signals; and

a soft decision decoder to decode the corrected signais.

. In a preferred embodiment the correction factors are derived from tests

30 performed by :

* {s} receiving known signais;
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15 According to one aspect of the present invention there is
provi-ded a net hod of decoding signals by processing received sighals to
provi de confidence neasure signals and using a soft decision decoder to
decode the received signals, the nmethod conprising: (a) receiving test

signals; 20 (b) storing data representing the extent to which the
confi dence iV H2 gnals for the received test signals di FEREBS031%3 o

| ogarithm c representation of the error statistics of the received test
signals; (c) receiving the signals to be q$coded; (d) applying correction
factors to the confidence neasure signals tor the 25 recei ved
signals to be decoded, the correction factors being derived fromthe said
stored data, so as t®!reHioing date asaresenting thei extephdo cwhichdthe eonfidenge es

differ fromthe sai dnba@fd Lighl Gor' BB BSAUIAL AW sifRals B8P HoRPa idaritiakik ect ed
signal s using the soft decision decoder.
representation of the error statistics of the received known signals.

The apparatus may 8!so include
5 means to form a sum of the confidence measure signals for a frame period
of the signal and
means to compare the sum with a threshoid vaiue to provide a signal
indicating the quality of the frame.
In another aspect the invention provides
10 means for processing received digital signals to provide confidence
measure signals;
means to form a sum of the confidence measure signals for a frame period
of the signal;
means to compare the sum with a threshold value to provide a signal
15. indicating the quality of the frame.

} Preferably the apparatus may include means operable in response 1o the .
said signal indicating the quality of the frame tc suppress further processing of
those which are of a lower quality than that determined by the said threshold.

A further aspect of the invention provides a method of transmitting data
20 bits comprising, for each of successive frame petiods, formatting the bits into a
frame sequence, coding the bits by means of a convolutional coder, including
generating error check bits which are a function of {a} bits formatted into the
beginning of the frame sequence and (b) bits formatted into the end of the frame
sequence.
25 Preferably the bits {a) may be taken from the first 50% of the frame and
the bits {b) may be taken from the last 25% of the frame.
Some embodiments of the invention wilt now be described, by way of
example, with reference to the accompanying drawings, in which:
Figure 1 is a block diagram of an apparatus for the transmission of speech signals;
30 Figures 2 and 3 show graphically the resuits of error tests on the speech coder
used in the apparatus of Figure 1;
Figures 4 and 5 show graphically the results of error tests on the

convolutional codes used in the apparatus of Figure 1;
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I n anot her aspect the invention provides an apparatus for decodi ng signals

30conprising. . neans-—for processhg—-eceived—a-g-tal- si gnals—te—p+roevi-de
confi dence nmeasure signals; 2 transl ation neans operable to apply
correction factors to the confidence neasure signals so as to reduce the
extent to which the confidence neasure signals differ froma logarithmc
repr esent at WM9UM2¥he error statistics of the received si fAVGBIHMIIS

a soft decision decoder to decode the corrected signals. In a preferred
enbodi nent the correction factors are degived fromtests

Figures 6, 7, 8 and 9 are block diagrams of, respectively, the reordering
unit 4, convolutional coder 6, masking unit 8 and CRC unit 5 of the apparatus of
Figure 1 and Figure 10;

fFigure 10 is a block diagram of an apparatus for receiving speech signals

5 and

Figure 11 shows a typical plot of the likelthood of a bit error against the
confidence measure for that bit.

In Figure 1, speech signals are received in digital form at an input 1 and
are supplied to a digital speech coder 2. The preferred coder is a2 codebook excited

10 linear predictive (CELP} coder, operating at 8 kbit/s, in accordance with standard
G.729 of the International Telecommunications Union. However, other types of
coder may be used, and, indeed, simple p.c.m. is not excluded.

The coder 2 analyses each 10 ms frame of speech samples and, for each,
produces 79 bits representing a number of parameters (enumerated below! which

15 serve, at a receiver to drive a decoder which synthesises received speech signals.
Certain of these parameters are re-coded using Gray code, in a unit 3.

These bits are to be formatted into a bit-serial frame for coding by means
of convolutional codes. First, the bits are assembled into a specific order in a unit
4, then three cyclic redundancy check bits are generated in a unit 5 from the first

20 26 and last 6 bits of the frame, and appended to the beginning of the frame, which
now has 82 bits. These are followed by six tailing bits of fixed value such as zero
- a known expedient in convolutional encoding for clearing the coder memory and
permitting the corresponding decoder to reset itself at the end of a frame 1o reduce
error propagation.

25 The signals are then supplied to a convolutional coder which operates
according to a8 basic code and two punctured codes derived from it, switching
between these during the course of a frame. The basic code, in this example, has
a rate of 1/3 - i.e. it produces 3n output bits for every n bits input to it. A

- punctured code operates at a higher rate than the basic code, by simply deleting

30 some of the bits output by the basic coder; this increases the rate of the code but
reduces its error-correcting ability. [t has the advantage over using entirely
unrelated codes of relative simplicity and not requiring the insertion of tailing bit

between code changes. This process is shown in Figure 1 as a convolutional coder



performed by: (a) receiving test signals; (b) storing data representing
the extent to which the confidence 10 nmeasure signals for the
received test signals differ froma logarithm c representation of the error
statistics of the received testsignals. The apparatus nmay al so include

means to for ?':1,7? of the confidence neasure signals for Ei'cfrrt?(ﬁﬁ I od of
gi} 1 i Is o’l"?f%

the signal a nmeans to conpare the sumwith a thre val ue
to provide a signal indicating the quality of the frame. Some enbodi nents
of the invention will now be described, by way of exanple, with reference
to the acconpanying drawings, in which: Figure 1 is a block diagramof an

apparat s, 197 o B3R O o BESERL, S RaRL SR SIS 20l 2
frame, followed by a masking unit 7 which deletes bits according to a desired
puncturing pattern,

The coded bits are then subjected to intra-frame and inter-frame
5 interleaving (8,9} which serves to improve the robustness of the system against
the burst errors common in radio transmission. Interleaving of this kind is well
known.
The design is based on the following observations:
{a) some of the bits generated by the speech coder 2 are more sensitive to
i0 transmission errors than others. That is, the observed signal-to noise ratio
at the output of a speech decoder at a receiver in the presence of a given
error rate in a panicular one of the 79 bits is, for some bits, relatively good
and for others relatively poor.
{b} the level of received transmission errors over a given channel is higher
15 for some of the bits in the frame than for others. Mare particularly, the
error rate tends to be lower at the beginning and end of the frame {(after
interleaving has been remaved) than in the middle, as in those regions the
decoder for the convolutional code is commencing from {or converging on)

a known state.

20 {c} the overall signal-to-noise ratio of the system can be improved by

allocating sensitive bits to low-error positions in the frame and ailocating
- less-sensitive bits to high-error positions in the frame.

{d} this effect may be further enhanced by switching between different

code rates during the course of a frame so that the distribution of error

25 rates over the frame can be shaped to improve the match between this

and the distribution of sensitivity among the various bits produce by the
speech coder. Whilst no systematic method of optimising this shaping has
yet been found, in general terms one aims to keep the maximum bit error
rate low, whilst the number of bit positions within the frame which have a
30 very low error rate is sufficient 10 accommodate all of the most sensitive

bits.

The following table sets out the bits generated by the G.722 speech coder



used in the apparatus of Figure 1; Figures 4 and 5 show graphically the
r—esuH—s—ef——eppeHe%s—en—+he—-eeﬁ#eHﬂ+eﬁa4—eedes—used I N +he—apparatus of
Figure 1; 25 2a Preferably the bits (a) nay be taken fromthe first 50%
of the frane and the bits (b) may be taken fromthe |ast 25% of the frane.
Sonme enbodi nents of the invention will now be described, by way of exanple,
w th referemnwestmazshe acconpanyi ng drawi ngs, in which: 5 PET/gBsGE02223 s a

bl ock di agram of an apparatus for the transm ssion of speech signals;
Figures 2 and 3 show graphically the results of error tests on the speech
coder

TABLE |
index label no. description
stk) of
bits
0o LSPIMA | 1 Predictor switch
01to 07 LSP1 7 Codeword for vector-quantised predictor coefficient
set
08to 12 LSP2 5 Codeword for vector-quantised difference between
the actual first five coefficients and those given by
LSP1
13t017 | LSP3 5 Codeword for vector-quantised difference between
the actual second five coefficients and those given
by LSP1
18to 26 | M1 8 Pitch period for long-term predictor - first 5 ms sub-
R block
26 1 Parity check bit (not used)
27 t0 39 } C8B1 13 Codebook code for excitation positions for first &
ms sub-block
40t043 | S1 4 Codebook pulse signs
44 to 50 | G1 7 Gains
B1to 85 | M2 5 Pitch period for long-term predictor - second 5 ms
sub-block
{expressed as differential from M1)
56 to 68 | CB2 13 Codebook code for excitation positions for second 5
ms sub-block
691072 S2 4 Codebook pulse signs
731079 | G2 7 Gains

The sensitivity of these bits was measured by, for each bit,
{a) inverting the bit {i.e. simulating a 100% error rate}
5 (b} measuring the signal-to-noise ratio and spectral distortion at the output
of 8 G.729 decoder.



used in the apparatus of Figure 1; Figures 4 and 5 show graphically the
resul'ts of error tests ontThe convol utional codes used in the apparatus of
Figure 1; WO 97/ 14235

PCT/ GB96/ 02423 3 Figures 6, 7, 8 and 9 are bl ock diagrans of, respectively,
the reordering unit 4, convol utional coder 6, masking unit 8 and CRC unit 5
of the appar YOZM4Ps gure 1 and Figure 10; Figure 10 i s aPEFGERMEYr am of
an apparatus for receiving speech signals 5 and Figure 11 shows a typical

pl ot of the likelihood of a bit error ag%i nst the

The results are shown in Figure 2, where the horizontal axis shows the bit
index number as shown in the table and the vertical axis shows the signal-to-noise
ratio {SNR). A considerable variation in sensitivity is seen. The same resuits,
plotted in ascending order of SNR is shown in Figure 3 for later reference.

5 Similar tests performed using Gray code to represent each variable show a
small improvement in SNR on the pitch parameters M1 and M2 and codewords
CB1 and CB2, but poorer performance on others, and for this reason Gray code is
applied by the unit 3 only to those four parameters. Naturally, for CB1 and CB2,
this improvement is contingent on adjacent Gray codes being assigned to

10 codebook entries representing mutually similar excitations.

Turning now to the conwvolutional coding, the basic code used in this
example is a 1/3 rate code, defined by the generator polynomials:

gl =1+ X+ x3+x%+x8

g2=1+X+x2+x>+x°

16 g3 =1+ X+xX2+x3+x*+x>+x8

in addition, two punctured versions of this code are employed, namely a second

]

code having a rate of 2/5 in which alternate bits g3 are omitted and a third code,
of rate 1/2, in which all bits g3 are omitted. Punctured codes are well known per
se - see for example, J. Hugenaur, N. Seshadri and C.E.W. Sundberg, "The

20 Performance of Rate-Compatible Punctured Codes for Future Digital Mobite Radio”
IEEE Vehicular Technology Conference, June 1988.

The codes are assigned to bit positions within the frame, as follows:

TABLE I}

No. Rate | Bits Use

bits generated

3 13 |9 CRC bits

26 173 |78 speech coder bits

34 2/5 |85 speech coder bits

7 112 114 speech coder bits -

12 2/5 130 speech coder bits

5] 12 |12 tailing bits

% 228 THIS SHEET HAS BEEN
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confidence nmeasure for that bit. In Figure 1, speech signals are received
|A—digit al—f-olRegdtmgiet gL 1 RS ed—t 02 di gi tal-speech coder 2.
The preferred coder is a codebook excited 10 |inear predictive (CELP)
coder, operating at 8 kbit/s, in accordance with standard G 729 of the

I nternational Tel ecomruni cations Uni on. However, other types of coder may
be used, angkgémdsrd, sinple p.c.m is not excluded. The eodwssérnznanl yses
each 10 ns frane of speech sanples and, for each, produces 79 bits
representing a nunber of paraneters (enunerated bel ow) which 15 serve, at
a receiver to drive a decoder which synthesi ses received speech signals.
Certain of these paraneters are re-coded using Gray code, in a unit 3.

These bits are to R (ORI (diep vibeNobed ©fdr2l 2ddoPENLLlndel Unfilodplf 2N
ES Irst, the

of convol uti onal N ts are assenbl ed into a specific order
in-a unit 4, ttarﬁ'émwﬁ'nﬁ@erocyemdltacqsed'amaqume&fﬂsuQP§ 3y desgabrd iy &irarn a

unit 5 from tds@tefnbrfértchQualRﬁa@d?ﬁteLtaéﬁT@ Pist g1 TM¥¢TEH-ABETD N gapPided to
t he begi nni n%he ETS! GSM n?or{}lale rad:o standard and the residual bit error rate (RBER) - i.e. the
5 error rate after decoding by a Viterbi decoder - measured. In these tests, a cyciic
redundancy check was performed and frames failing this test were rejected. The
RBER results for the non-rejected frames are plotted for each speech bit position in
Figure 4 (and in Figure 5 in ascending order of RBER}.
A comparison of Figure 5 with the sensitivity distribution of Figure 3 does
10 not of course show an identity of shape: indeed such identity is probably not
achievable; moreover, a number of other considerations are applied, as wili be
discussed below.
The allocation of coder and CRC bits to frame positions performed in the
assembly unit 4 is as shown in Table il
15 Underlying this allocation is the notion that one allocates sensitive bits
f.rom the speech coder to low-error rate positions within the frame suppfied to the
convolutional coder. If this were the only consideration, one would simply take
the speech coder bits in ascending order of SNR and allocate then to frame
positions in ascending order of RBER. This of course would produce a workabie
20 system, but the allocation given above has some advantages. First, it is a
characteristic of the Viterbi decoders generally used for the decoding of
convolutional codes that when the channel error conditions reach a level such that
errors occur in the decoded output, then there is a tendency for such errors to be
grouped - e.g. with a pair of consecutive decoded bits being incorrect. It is
25 therefore preferred not to allocate consecutive frame positions to the same one of
the speech coder parameters; i.e. a degree of bit-interleaving is also applied prior to
the convolutional coding. This is not performed as a separate operation but is

inherent in the allocation table.



now has 82 bits. These are followed by six tailing bits of fixed value such
as zero - a known expedient in convolutional encoding for clearing the
coder nmenory and permtting the correspondi ng decoder to reset itself at
the end of a frame to reduce error propagation. 25 The signals are
t hen suppligg %ﬂuaﬁfonvolutional coder which operates according to a basic
code and two BaHEH ed codes derived fromit, swtching bePGEHER YRS
during the course of a frame. The basic code, in this exanple, has a rate
of 1/3 - i.e. it produces 3n output bits,for every n bits input toit. A
punctured code operates at a .higher rate than the basic code, by sinply
deleting 30 sone of the bits output by the basic coder; this increases the
rate of the cOMEMt reduces its error-correcting ability. It has the

advant age ov 5 - j nplicity and
not requirin e g “tail _ ges. This
process is sBSWY in m"é a d %"élutl
41 160 60
h 18 1 0 §61 32
lz 2 132 42 62 61
3 50 ]33 54 163 33
4 19 34 43 |64 62
5 3 B5 55 §65 34
16 46 6 35 j66 63
7 20 37 64 67 25
B 4 38 36 “j68 69
o 45 39 65 | ) 70
10 21 4.0 37 70 71
11 5 a1 66 71 72
12 44 K2 38 72 77
13 22 ja3 67 73 78
14 6 | 223 39 174 73
5 23 3 68 76 76
16 8 46 13 76 74
17 7 47 27 77 75
18 47 48 56 78 79
19 9 49 14 26 Il
20 51 50 28
21 10 51 57
22 52 I52 15
23 11 I53 29
24 49 54 58
25 12 55 16
26 48 156 30
27 53 157 59
28 40 J58 17
29 24 G2 31

The second consideration is that whilst signal-to-noise ratio is a useful

indication, nevertheless it is found that some speech coder parameters are

5 subjectively more sensitive than others in that the effect of errors on one
parameter may be more objectionable to the listener than errors in another
parameter, even though the SNR is the same in both instances. Thus the above
allocation table also reflects the fact that, based on listening tests, certain of the

speech coder bits have been allocated frame positions that are more {or less) error-



WO 97/ 14235 PCT/ GB96/ 102423
opet-att e ' o- pr oduci-ng—3x82 =246
bi.ts per frane, fol I ovved by a rraskl ng unlt 7 Whl ch deletes bits according
to a desired puncturing pattern. The coded bits are then subjected to
intra-frane and inter-frame 5 interleaving (8,9) which serves to inprove
t he robust newW® sM428%1e syst em agai nst the burst errors conmPOT/GBY6/@2d130
transm ssion. Interleaving of this kind is well known. The design is based
on the follow ng observations: (a) sone of the bits generated by the speech
coder 2 are nore sensitive to 10 ©ransmi ssion errors than ot hers.
That is, the observed signal-to noise ratio

free than the SNR figures would suggest. If one examines the effect of the above

allocations, for example by plotting the measured SNR of each speech coder bit
graphically against the measured RBER of the corresponding allocated frame
position, one sees that, whist the very sensitive bits {with SNRs below 4 dB} all

5 occupy frame positions with RBER values less than 20, and those with SNRs
grater than 16 occupy frame positions with RBERs grater than 80, the plot shows
a considerable scatter about the monotonically increasing line that one would
expect to see based on only the “simple” allocation method.

The reordering unit 4 is shown in more detail in Figure 6. It consists of an

10 88-bit serial -in, parallel-out shift register 41; the 79 speech coder output bits, the
three outputs of the CRC unit 5 and six zeroes {tailing bits} are connected in
accordance with the bit aliocation table above to the paraliel inputs. It is {oaded in
parallel by a frame puise f, from a clock generator 10 and the bits clocked out by a-
88xframe rate pulses f, from the clock generator. For convenience of illustration

15 the Gray coder 3 is shown as separate units 3a to 3d. In the interests of clarity,
;nly a few of the connections set out in Table lil are shown. In the description
which foilows, the output of the PISO register 41 is referred to as utk] where:
ul0l, u{1) and u(3} are the CRC bits ;

u(3) to u{81) are the speech coder bits numbered O to 78 in the “Conv,

20 coder bits” column of Table il and in box 41 in Figure 6, and in the same order:
u{82} to ul87) are zero {tailing bits}.

The convolutional coder 6 is shown in Figure 7 and has six delay stages
61 to 66 and three exclusive-or gates 66, 67, 68 connected to the taps of the
delay stages in accordance with the generator polynomials given earlier., The

25 outputs are g1(k), g2{k} and g3ik}.

The masking unit is shown in Figure 8. When the first {rate 1/3} code is
used, all bits g1{k}, g2(kj, g3(k} are forwarded to the output of the unit, cyclically (
g1(0}, g2(0), g3(0), g1{1), g2{1) etc..). When the second {punctured} code (rate

) 2/5} is in force, the masking unit serves to omit alternate ones of the bits g3(k),
30 whilst when the third (rate 1/2) code is use, all bits g3 are omitted. As shown in
the Figure, the bits g1, g2, g3 are clocked into serial-in parallel-out shift registers
81, 82, 83 respectively teach of 88 bits capacity) under control of the clock puises
¢1 and then loaded in parallel into a parallel-in serial-out shift register 84, 228 bits

i P



at the output of a speech_decoder at a receiver in the presence of a given
error rate in a particular one of the 79 bits is, for sone bits, relatively
good and for others relatively poor. (b) the |evel of received transm ssion
errors over a given channel is higher 1 5 for sone of the bits in
the frane thﬂgfévﬁg%hers. More particularly, the error rate tends to be

| ower at the ggllll g and end of the frane (after interleaPCMEBIG®R4FEEN
renoved) than in the mddle, as in those regions the decoder for the

convol utional code is comencing from (ogsconverging on) a known state. 20
(c) the overall signal-to-noise ratio of ?he system can be inproved by
allocating sensitive bits to lowerror positions in the frane and

al | ocati ng | e¥sleaghdivigiock nyises ¢ owherpe ey oraymesintieotieckes ouheerbliamsing ( d)
this effect myy beodyird hL SN CHMellons Virk GHold): Ra0C6E. dinhlREEM fi0de

rates during t course of a frame so that the distribution o
sequence mentioned, except that the bits g3(k} are, for the following values of k,

omitted:
5 k = 30,32,34 ...64 (i.e. even numbers from 30 to 62)
k = 83 to 69 inclusive
k =71, 73, 75,...81 {i.e. odd numbers from 71 to 81}
k = 82 to 87 inclusive.
The output bits are referred to as c{k).
10 The effect of the convolutional code and the following puncturing may be

summarised by expressing the coded bits (c{0},c(1},...,.cl227)} in terms of
u{0).....ui87}, as follows:
CRC bits and class I
c{3k} = ulk} + ulk - 2} + ulk - 3} + utk - 5} + ulk - 6}
15 c(3k + 1} = ufk) + ulk - 1} + ufk - 2} + utk - 3) + utk - 6)
ci3k+2) = u{k) + ultk- 1} + ufk - 2} + ufk - 3} + ulk - 4} + u{k - 5} +
ufk - 8) fork = 0,1,...,28

Class It:
Sk +1
of : +13) = wk) + etk — 2} + u(k = 3) + u(k - 5) + ulk — 6)
Sk +1
20 ol 3 + 1) =k )+ ulk — 1)+ ulk = 2)+ ulk - 3} + uik - 6)
Sk +1 .
A +13)=u(k)+u(k—1)+z¢(k—2)+u(k-3)+u(k—-4)+u(k—5)+u(k-6)
Jor k =2931.....61
5k
c(~—_,-+]4)=u(lc)+u(k—2)+u(k—3)+u(k-—5)+u{k—6)
Sk .
c(—q--.»b):u(k)-l-u(k—l)+u(k-2)+u(k—3)+u(k—6)
25 fork =3032....62
Class Hi:

c{2k+45) = ufk) + ufk - 2) + u{k - 3) + ufk - 5} + uik - 8)



25 rates over the frame can be shaped to inprove the match between
t-his-and-the distyibution of sensitivity_ampngthe vari ous-hbits—produce by
t he speech coder. Wi lst no systematic method of optimsing this shaping

has yet been found, in general terns one ains to keep the maxi mumbit error
rate low, whilst the nunber of bit positions wthin the frane which have a

30 6 Yl error rate is sufficient to accomopdatyratResfetazs e nost
sensitive bits. The following table sets out the bits generated by the

G 729 speech coder 2. WO 97/ 14235

PCT/ GB96/ 02423 5 11

10

15

20

ci2k+46) = ulk) + ulk - 1} + ufk - 2} + ulk - 3) + utk - 6) fork =
63,64,...,69

Class |V:

C(‘S':f-"-i-10)=tl(k)+u(k—2)+u(k =3+ utk - 5)+uk - 6)
c(2§'+ 11) = w(k) + ulk — 1)+ utk = 2) + utk — 3) + utk - 6)

C(%’i+ 12y = kY + 1tk = D+ utk =2y + 160k = 3y + 1u(k — 3+ w(k — 3) + w(k — 6)
fork=70.72....80

Sk + 1

EY

-

+ 11y=wtk)+ ulk —2v+ utk - 3+ u(k - 5) + ulk — 6)

of

- 5k +1

e = + 12)=u(k}+ utk = 1)+ w(k -2+ ulk — 3+ w(k - 6) for k = 71.73.... 81

—

Tail:
c{2k + 52} =u{k} +uik - 2} +utk - 3)+utk - B} +utk - 6}
c(2k +53) = ulk} +ulk-1) +uik-2) + utk-3} + uik-6) for k =82,83,...,87

The interleaving functions performed by the units 8 and 9 are optional, and
if included may be performed by any of a number of known algorithms. A
particularly preferred implementation for the present context is however as
follows, using modulo arithmetic with a step-size of 59. This value was chosen
by trial and error to optimise the burst error performance over a particular radio
channel and may be varied to suit particular channel conditions.

Each frame clk) of the convolutionally coded punctured sequence is
mapped to a new frame l{j} using the mapping

m(j} = 59j mod 228 forj = 0.,...,227

And i) = cimij.



TABLE | i ndex | abel no. description s(k) of bits 00

~LSPIMA 1 Predictor switch 01 to 07 LSP1 7 Codeword for
vector-quanti sed predictor coefficient set 08 to 12 LSP2 5

Codeword for vector-quantised difference between the actual first five

coefficients_and those given by LSP1 13 to 17 LSP3 5 Codeword for

vect or - quant WOSdM38f er ence between the actual second five PES&TE%AOMINt s and

those given by LSP1 18 to 25 ML 8 Pitch period for long-term

predictor - first 5 ns sub- 12

For example, bit {4} of the output frame | from the intra-frame interteaving
unit 8 is obtained from bit c(5) of its input;
since j=4
mij} = m{4) = [59 x 4] mod 228 = 233 mod 228 = 5
5 so (4} = cimi4)) = c(5).

Although shown, for clarity, as a separate unit 8, this function can be
implemented simply by rearranging the connection to the shift register 84 in Figure
8.

10 The inter-trame interleaving performed in the unit 9 may be performed as
follows, on the assumption that it is desired to generate 114-bit frames B, and Bg
for transmission. Each such pair of frames contains bits from four of the frames
Wj). We refer to the current frame as ly, |, the last and so on. The mapping
between | and B is given by:

15 Bilk) = I3,y mog 4lk) fork = 0,1....,113

Bolk} = 3. (k42 imod alk +114) fork = 0,1,...,113

B, and By carry data bits from four speech frames and they are
transmitted in that order. Figure 12 illustrates how the process is carried ogut.
Note how one 228 bit frame is spread over eight 114-bit blocks, with a fixed

20 patrern of allocating 28 or 29 bits in each block from a single frame.

The CRC unit 5, in this example, operates in accordance with the
polynomial 1 +X+X3, which may be implemented by the circuit of Figure 9, with
three one-bit delays 51, 52, 53 and two exciusive-OR gates, 54, 55. The 32 bits
from which the CRC bits are to be generated are supplied serially to the input 56.

25 The 32 bits used are the first 26 and the last six speech bits of the frame supplied
to the convolutional coder - i.e. u(3) to u{28} and u {76) to u (81). In general, it is
found that by choosing bits at the beginning and end of the frame, the
effectiveness of a receiver check to identify “bad frames” is enhanced and thus
the error rate in the remaining “good frames” is improved. The choice of 26 at the

30 start and six at the end as opposed to, say, 24 and 8, was made by trial and error
to minimise the measured good frame error rate during tests.

Figure 10 shows a suitable receiver for use with the apparatus of Figure 1.

Signals received at an input 110 are assumed to have arrived over a



bl ock 26 1 Parity check bit (not used) 27 to 39 CB1

13—~ Codebook—caae=—igi—aititatior—pesitions—for—fi+ st 5 As—sHb—bleck—40 to
43 S1 4 Codebook pul se signs 44 to 50 Gl 7 Gai ns 51
to 55 (V% 5 Pitch period for long-termpredictor - second 5 ns
sub- bl ock (expressed as differential from ML) 56 to 68 CB2 13
Codebook codgobfiszssxcitati on positions for second 5 ns subpd¢i/GRIsaR3t 0O 72
S2 4 Codebook pul se signs 73 to 79 (€74 7 Gai ns The
sensitivity of these bits was neasured by, for each bit,

13

communications path such as a telephone line or radio link and to have been

demoduiated by a demodulator which provides not only demodulated bits but also

a confidence measure for use by a soft decision decoder. For the purposes of the

present description, it is assumed that the modulation scheme used transmits one

5 bit per symbol, so that a confidence measure is provided for each bit. However,

this may not always be the case; in transmission systems carrying more that one

bit per symbol, then one obtains a confidence measure (or measures} for each

symbot. These data are then supplied to a channel equaliser 111, followed by an

inter-frame imterleavers 112 , both being of conventional construction. This is

10 followed by a soft decision transformation unit 113, whose function will be

discussed below, and an intra-frame interleaver 114. Units 112 and 114 remove

the effects of the interieavers 8 and 9 of Figure 1. The signal then passes to a

“demasker” 115 which reinserts into the bit stream the “g3” bits which were

deleted in the masker 7. Of course, the values of these bits is not known, and {as

15 is usual for decoding of punctured codes) one may insert bit values of zero with an

accompanying confidence measure of zero. Sometimes inserting zeros {or ones)
may result in decoder bias and if desired, random bit values may be inserted.

The signal has now been formatted in accordance with the first {1/3 rate}

convolutional code and is now supplied to a Viterbi decoder 115 {of conventional

20 construction} which operated according to that code. A CRC unit 117 performs a

cyclic redundancy check, and the decoder bits are assembled {118) for use by a
speech decoder 120 (G.729) with the Gray-coded bits being receded at 119.

The output of the cyclic redundancy check is supplied to the speech

decoder 12 so that in the event of failure the relevant decoded frame is discarded,

25 the speech decoder regenerating the discarded information using the error

conceaiment method described in the G.729 standard. It is observed, however,

that there is a limit to the number of errors such methods can detect, so that,

when channel conditions are extremely bad, the number of errors may be such that

a “bad frame” indication is not obtained. Thus, additionally, a further error

30 detector 122 is provided, which serves to sum the confidence measures for each

bit of @ frame to form a “frame score” b - viz.

Rt

b= e(k) :
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(a) inverting the bit (i.e. sinulating a 100%error rate) 5 (b)
nmeasuring the signal-to-noise ratio and spectral distortion at the out put
of a G 729 decoder. 6 The results are shown in Figure 2, where the
hori zontal axis shows the bit index number as shown in the table and the
vertical axis shows the signal-to-noise ratio (SNR). A considerable
variation i nvOHHRS vi ty is seen. The sane results, plotteBCTABERERAi ng
order of SNRis shown in Figure 3 for later reference. 5 Simlar
tests performed using G ay code to repref nt each variable show a smal |
| nprovenent in SNR on the pitch paranete ML and M2 and codewords CBl1 and
CB2, but poorer performance on others, and for this reason G ay code is
where elk} are confidence measures in the range O to +127. This frame score

could equally well be calculated after the soft decision transformation process,
described below, in which case the error detector 122 would receive its input from
the soft decision transformer 113,

5 A threshold is applied at 123 and if b exceeds 2100 {for example) a bad
trame indication is output which is combined in an OR gate 124 with the output
from the CRC check unit 117 so that rejection aiso occurs for alt frames with
b>2100. I, of course a different range of values is used for e{k) then a different
threshold value will be appropriate.

10 We return now to the soft decision transformation unit 113 . The soft
decision inputs for the Viterbi decoder are produced by the channel equaliser 111,

ldeally these inputs should be logarithmically inversely proportion to the likelihood

. . . . . I~
of a bit error having occurred, or, in other words, directly proportional to log :

P

yvhere P, is the probability of an error in the bit in question. Tests show however

15 that this is not always the case. The method for testing a channel is as follows:
{a) transmit test data
[b) record the received data and associate confidence measures elk)
ic) compare the received data with the original to determine which bits are
in error

20 (d) for each value of etk} {from G to 127}, count the number of bits N
received with that measure and the number of bits n actually in error;

compute P, = n/N and hence

&

1-P ’
£ = Iog-—;——. Figure 11 shows a typical plot of ¢ against e. As is seen,

¢
this deviates significantly from a straight line. The Viterbi algorithm

25 produces the best results when true log likelihoods of error are used. This
is because it operated by adding these values to obtain accumulated
distance metrics, which is not equivalent to taking the products of the
error probabilities {(which is what is really required} unless a logarithmic
relationship is adhered to.

30 Thus the purpose of the transformation unit 113 is to provide a correction

for this nonlinear characteristic. It is implemented as a look-up table having 128
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o ae
appliéd by the unit 3 only to those four paraneters. Naturally, for CBl1 and
s . : . cod b . g

to 10 codebook entries representing nutually simlar excitations. Turning
now to the convol uti onal coding, the basic code used in this exanple is a
1/3 rate code, defined by the generator polynomals: gl =1 + X[err] +
Xerr] + X{wodmazs[err] g2 = 1 + X + Xerr] + Xerr] + XperrGBoiH2423

g3 =1+ X+ Xerr] + Xerr] + Xerr] + Xerr] + Xerr] In addition, two
punctured versions of this code are enployed, nanely a second code having a
rate of 2/5 in which alternate bits g3 ase omtted and a third code, of
rate 1/2, in which all bits g3 are omtted. Punctured codes are well known

per se - see . I N nauer N Ses ' W ndber g,
"The 20 Perfolgér)féa‘ﬁgge(go s%édt e rr%gtti F%drﬁjshcﬁfr e%q%ﬁggq‘?egtfgﬁﬁ ﬁar§ge fﬁegi tal
Mobi | e Radi o"thé FBlEeskfe inlfigwe Tedlmol ogy Conf erence, June 1988.

fore = 0to0o 127:
ele) ={
5 0, 1, 2, 3, 5, 7, 9, 11, 13. 15,
18, 20, 23, 25, 27, 30, 32, 3% 37, 39,
42, 44, 47, 48, 51, 52, 55 57, 5§59, 61,
63, 65 687, 89, 70, 72, 74, 77, 77, 78,
82, 81, 85, 86, 89, 87, 92, 91, 85, 95,
10 96, 94, 95, 107, 107, 112, 109, 115, 108, 1086,
114, 119, 114, 107, 127, 110, 105, 126, 126, 126,
117, 127, 127, 127, 125, 127, 125, 127, 127, 127,
124, 115, 127, 127, 1127, 127, 123, 127, 127, 127,
127, 127, 127, 127, 127, 127, 127, 127, 127, 127,
15 127, 127, 127, 127, 127, 127, 127, 127, 127, 127,
127, 127, 127, 127, 27, 127, 127, 127, 127, 127,
127, 127, 127, 127, 127, 127, 127, 127}

It shouid be noted that this mapping needs to suit the channel equaliser in
20 wuse: in general each equaliser will have its own characteristics and therefore the
contents of the look-up table need 1o be based on tests performed - as described
above - on that particular design. If desired, the system may be made adaptive
with transmissions including a known test sequence which may be analysed at
intervals using the above-described method and the resuits used to update the

25 contents of the iook-up table.



The code r‘m‘ bit positions within the frame, as foll ows:
1@“ m“ﬁ ~ Use bits generated 3 1/3 9
CRC b ts 11/8 8" speech coder bits 34 2/5 85
speech coder bits 7 1/2 14 speech coder bits 1 2 2/'5 30
: ) . 2%
speech coderwglggﬁ‘n?s 1/ 2 12 tailing bits 88 O 8
16
CLAIMS
1. A method of decoding signals by processing received signals to provide

5 confidence measure signals and using a soft decision decoder to decode the

received

10

15

signats, the method comprising:

{a) receiving known signals;

{b) storing data representing the extent to which the confidence
measure signals for the received known signals differ from a logarithmic
representation of the error statistics of the received known signais;

{c) receiving unknown signals;

{d} applying correction factors to the confidence measure signals for the
received unknown signals, the correction factors being derived from the
said stored data, so as to reduce the extent to which the confidence
measures differ from the said logarithmic representation;

{e} decoding the corrected signals using the soft decision decoder.

A method according to Claim 1 including:

forming a sum sum of the confidence measure signals for a frame period

20 of the signal; and

comparing the sum with a threshold value to provide a signal indicating

the guality of the frame.

3. A method of decoding signats comprising:
25 processing received digitat signals to provide confidence measure signals;
forming a sum of the confidence measure signals for a frame period of the
signal; and

comparing the sum with a threshold value to provide a signal indicating

the quality of the frame.
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WO 97/ 14235 PCT/ GB96/ 02423
I } : nes unde.u'_SJ_m,u_aLed_

"Error patterns for the of TCH HS" ETST: TMB/ TCHHS, TD
No. 89/1 for the ETSI c’\wm“"m nalﬁﬁ landard and the residual bit error
rate (RBERwostngssthe 5 efrar na te-r decodi ng a \peEGBYs/deoder -
nmeasured. In these tests, a cyclic redundancy check mas per formed and
frames failing this test were rejected. The RBER results for the
non-rejected franes are plotted for eacty speech bit position in Figure 4
(and in Figure 5 in ascending order of RBER). A conparison of Figure 5 with
the sensitivity distribution of Figure 3 does 10 not of course show an
identity of shape: indeed such identity is probably not achievabl e;

mor eover, a fwnberA afethndhancordingstod@eiat 2onsClaime3 dpgidirgl,in aespanse tdothe

di scussed belgyVsignal indicating the quality of the frame, suppressing further processing of
those frames which are of a lower quality than that determined by the said
5 threshold.

5. An apparatus for decoding signals comprising:
means for processing received digital signals to provide confidence
measure signals;

10 transliation means operable to apply correction factors 1o the confidence
measure signals so as to reduce the extent to which the confidence measure
signals differ from a logarithmic representation of the error statistics of the
received signals; and

a soft decision decoder to decode the corrected signals,

15
é. An apparatus according to Claim 5 in which the correction factors are
derived from tests performed by :

{a} receiving known signalé;
(b} storing data representing the extent to which the confidence

20 . measure signals for the received known signals differ from a logarithmic

representation of the error statistics of the received known signals.

7. An apparatus according to Claim 5§ or Claim 8 including:
means to form a sum of the confidence measure signals for a frame period
25 of the signal; and
means to compare the sum with a threshold value to provide a signal

indicating the quality of the frame.

- 8. An apparatus for decoding signals comprising:
30 means for processing received digital signals to provide confidence
measure signals;
means to form a sum of the confidence measure signais for a frame period

of the signal; and

- THIG SHEET HAS BEEN
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The al | ocation of coder and CRC bits to frame positions performed in the

assenbly u In Table I'l'l. 15 Underlying this

al | ocati onrum“‘ Mﬂllmm““mlat one allocates sensitive bits fromthe speech
coder to Iov+enxon ratespositions wthin the frame supplied to the

convol utional coder. If this were the only consideration, gne would sinply
take the spéﬂ?ﬁ“éﬁﬁ%r bits in ascending order of SNR and aPFHEROH . (o
frame positions in ascending order of RBER This of course would produce a
wor kabl e 20 system but the allocation glven above has some advant ages.
First, it is a characteristic.of the Vit decoders generally used for

t he decodi ng of convol utional codes that when the channel error conditions

reach a |l evel such rhéems ﬁré&ﬁrfafO(iﬁdJ&umnwtth% teesmdrRI0vALE Polforovideed digiai e is a
t endency for sgch errors }o ? {ou ed - e.g. with a pair of consecutive
decoded bits PEIFAEY WeSPL¥ Lt e frARe.o5 (herefore preferred not to all ocate

consecutive franme positions to the sane one of the speech coder paraneters;
i.e. a degr €€gq0 f bi.&ﬁ L%a%th? gc\:/éo tgngl tso éx'a:%%’ 7%p@lau%% Bcihg ['cg means operable in
5 response to the said signal indicating the quality of the frame to suppress further
processing of those frames which are of a lower quality than that determined by
the said threshold.

10. A method of transmitting data bits comprising, for each of successive
10 frame periods, formatting the bits into a frame sequence, and coding the bits by
means of a convolutional coder, including generating error check bits which are a
function of {a) bits formatted into the beginning of the frame sequence and (b} bits

formatted into the end of the frame sequence.

15 11, A method according to Claim 10 in which the bits {a) are taken from the
first 50% of the frame and the bits {b) are taken from the last 25% of the frame.

12. An apparatus for transmitting data bits comprising:
means for formatting the bits into a frame sequence;
20 means for convolutional coding; and
means for generating error check bits which are a function of {a) bits
formatted into the beginning of the frame sequence and {b) bits formatted into the

end of the frame sequence.

25 13. An apparatus according to Claim 12 wherein the bits are taken from the
first 50% of the frame and the bits are taken from the last 25% of the frame.

14. Apparatus for the decoding of digital signals substantially as herein described

with reference to the accompanying drawings.
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the convolutional coding. This is not performed as a separate operation but

i .
PCT/ GB96/ 02423 8 TABLE 111 Conv. Speech Conv. Speech Conv
Speech Coder Coder Coder Coder Coder Frane Frame rame
Fr ame Fr ame Coder Frane O 1 30 41 60
60 1 N80 97/142353 1 0 61 32 PCT/GB96/02423
1/10
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2 32 42 62 61 3 50 33

63- 3345 34 43 64 Lo 5
55 65 34 6 46 6 35
20 37 64 67 25 8 4
68 69 45 9 65 69 70 10
A(OWO 97114235 37 70 71 11 5 PCT/6B96/02423
72 12 44 42 2/10 38 72 77 13
67 73 78 1 4 6 44 39
23 45 _ 68 75 76

" BIT POSITION

w
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20
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16 8 46 13 76 74 17 7 7

27 - 77 Z5.13 Wi 4G 56 76 79
19 9 49 14 26 20 51 0
28 21 10 51 57 22 52 52 15 23 11
3 29 24 49 54 58 25 12 55 16 26
48 56 wo 9711423530 27 53 57 59 28 PCTAGBY96/02423 58
17 29 24 59 31

3/10
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The second consideration is that whilst signal-to-noise ratio is a useful

h coderparaneters. are

5. subjectlvely nore sensitive than others in that the effect of errors on
one paraneter nmay be nore objectionable to the |istener than errors in

anot her paraneter, even though the SNRis the sane in both instances. Thus
t he above amemis2sn table al so reflects the fact that, basasseysmeiaest eni ng
tests, certain of the speech coder biti? ave been all ocated frame positions
that are nore (or less) error- 9 frd%han the SNR figures would
suggest. If one exam nes the effect of the above allocations, for exanple
by plotting the neasured SNR of each speech coder bit graphically agai nst

t he neasured RBER of the corresponding allocated frane

Fig.4.

Lt 'Y
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position, one sees that, whist the very sensitive bits (with SNRs bel ow 4
dBy—att—5—otetpy—fftie=pesiti-ort-w-t-a-—RBER val ues | ess than 20 __and those
with SNRs greater than 16 occupy frame positions with RBERs greater than
80, the plot shows a considerable scatter about the nonotonically
increasing line that one woul d expect to see based on only the "sinple"

al | ocati on n¥W®M423he reordering unit 4 is shown in nore defTacBosiofyayi gur e
6. It consists of an 10 88-bit parallﬁ* -in, serial-out shift register 41,
the 79 speech coder output bits, the t L3 outputs of the CRC unit 5 and
Six zeroes (tailing bits) are connected in accordance with the bit

al l ocation table above to the parallel inputs. It is |loaded in parallel by
a franme pulse flerr] froma clock generator 10 and the bits cl ocked out by
a 88xfrane rate pulses f[err] fromthe clock generator. For conveni ence of
illustration 15 the Gray coder 3 is shown as separate urf1843a to 3d. In
the interests of clarity, onl'yza few of the connectidnslSet9but in Table
1l are shown. In the descriptirzon which follows, the:o utvbf the PI SO

register 41 is referred to as u(k) where: .

3 for |
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Fig.5.
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u(0), u(l) and u(2) are the CRC bits; u(3) to u(81) are the speech coder

I : i - t-s-—col ump—ef—Fabte—++—and
in box 41 in Figure 6, and in the sane order; u(82) to u(87) are zero
(tailing bits). The convolutional coder 6 is shown in Figure 7 and has six
del ay stages 61 to 66 and three exclusive-or gates 66, 67, 68 connected to
the taps of Wa®/1d4®ay stages i n accordance with the gener RCHIGBISNIENi al s
given earlier. The 25 outputs are gi( n g2(k) and g3(k). The masking unit
is shown in Figure 8. Wien the first ( a?e 1/3) code is used, all bits
g1(k), 92(k), 93(k) are forwarded to the output of the unit, cyclically
g1l(0), 92(0), g3(0), gl1(1), 92(1) etc..). Wen the second (punctured) code
(rate 2/5) is in force, the masking unit serves to omt alternate ones of
the bits g3(k), 30 whilst when the third (rate 1/2) code is use, all bits

g3 are onmtted. As shown in the Figure, the bifs gl, b2, g3 are cl ocked
into serial-in parallel-out shift register
:-O R |
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81, 82, 83 respectively (each of 88 bits capacity) under control of the
: . a p et

serial-out shift register 84, 228 bits WO 97/ 14235
PCT/ GB96/ 02423 10 in |l ength by clock pulses [err] whence they nmay again be

cl ocked out serially using [err] Only a few of the connections are
shown; t hesWOA?44236nnected in the sequence nentioned, exc®ET/GBIP24Rhe bits
g3(k) are, for the follow ng val ues 9f , omtted: 5 k = 30, 32, 34
... 64 (i.e. even nunbers from30 to 6 k = 63 to 69 inclusive k = 71, 73,
75,...81 (i.e. odd nunbers from71 to 81)
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k = 82 to 87 inclusive. The output bits are referred to as c(k). 10
The—efHeet—e+—the—econvolutional—sede—and--thefoll ow Nng puncturing my be
sunmari sed by expressing the coded bits (c(0),c(1),...,¢c(227)) in terns of
u(0),...,u(87), as follows: CRC bits and class 1: c(3k) = u(k) + u(k - 2) +
u(k - 3) + u(k - 5 + u(k - 6) 15 c(3k + 1) wu(k) + u(k - 1) + u(k
- 2) + u(k - MOk - 6) c(3k+2) = u(k) + u(k - 1) + u(k PCcrisBos/od4ds - 3)
+ u(k - 4 + u(k - 5 +u(k - 6) for k = q 1,...,28 Cass Il: [err] 20
[err] [err] 8/10
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= ) ....61 Jerr err] 25 for k = 30.32..... 62 C ass
]Icf—lr—ié(—z-i-?—-iéaq '6"'£ ' ]"[ ]2) ol il - 5) + _u(k - 6) WO

97/ 14235 S o PCT/ GB96/ 02423 11
c(2k+46) = u(k) + u(k - 1) + u(k - 2) + u(k - 3) + u(k - 6) for k =
63,64,...,69 dass |V
WO 97/14235 PCT/GBS6/02423
9/10
Fig.9.
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5 [err] [err] for k = 70.72....80 10 [err] [err] Tail: 15
AR &)—c(2k + 53) = _u(k) +

c - 7 A}
u(k-1) +u(k-2) +u(k-3) + u(k-6) for k = 82,83,...,87 The interleaving

functions performed by the units 8 and 9 are optional, and if included may
be perforned by any of a nunber of known algorithns. A 20 particularly
preferred i W@ adeasti on for the present context is howeverpaascisslobsdys,

using nodulo arithnetic with a step-si%syﬁg 59. This val ue was chosen
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BY/1 4% 1416 wimeteretwas 250w 9t% mi se the burst error performance over a

particul ar radi o channel .and may be varied to suit particul ar channel-
-conditions. Each franme c(kk) of the convolutionally coded punctured sequence
is 25 mapped to a new franme 1(j) using the mapping nm(j) = 59} nod 228

for j =0,...,227 And 1 (j)= c(mj). VD 97/ 14235

PCT/ GB96/ 02423 12 For exanple, bit 1(4) of the output frane I fromthe

intra-franme interleaving unit 8Wt c(5) of its input:

since | =4

The -present application is concerned with transmission of data using
convolutional codes and is particularly, though not exclusively, concerned with the
5 transmission of digitally coded speech signals.

" Patent application DE A 38 05 169 {Institut fur Rundfunktechnik)
describes a method for transmitting data using punctured convolutional codes. The
punctured (or deleted) bits are selected in order to provide variable bit error
protection depending on the protection required by individual bits.

10 Patent application EP A 490 552 {American Telephone and Telegraph
company) describes a method for providing unequal error protection for a signal

" comprising a plurality of classes by separately coding each one of the classes
using a different coded modulation scheme and multiplexing the coded outputs for
. transmission.

15 According to one aspect of the present invention there is provided a
method of decoding signals by processing received signals to provide confidence
measure signals and using a soft decision decoder to decode the received signals,
the method comprising:

{a)} receiving test signals;

20 {b) storing data representing the extent to which the confidence
measure signals for the received test signals differ from a logarithmic
representation of the error statistics of the received test signals;

{c}  receiving the signals to be decoded;
{d) applying correction factors to the confidence measure signals for the

25 received signals to be decoded, the cqrrection factors being derived from
the said stored data, so as to reduce the extent to which the confidence
measures differ from the said logarithmic representation;

(e} decoding the corrected signals using the soft decision decoder.
--In another aspect the invention provides an apparatus for decoding signals

30 comprising:
means for processing received digital signals to provide confidence

measure signhals;
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mj) m(4) = 159 x 41 nod 228 = 233 nod 228 =55 so  |(4) = c(n(4)) =

c(5). A though shown, for-clarity, as a separate unit 8, this function can
be i npl ement ed " si rrply by rearranging the connection to the shift register
84 in Figure 8. 10 The inter-fra interleaving performed in the
unit 9 may be perforned as follows, on the assunption that it is desired to
generate 114-bit franmes B[err] and B[err] for transm ssion. Each such pair

of franes contai nsratmistaSiohrmaada)omeraﬁletﬂoeaﬁmw%&eéuidn) fadﬁ&[srﬁ; g{e bonfiddfice
current fraqﬁa and so on, The map bet ween |

I
and Bis gi Veena%ére Lﬁdgmals so[ {%[récrq%]e( %et exquErtp]wmgy the comp qqupe kmeasure
0,1,...113 l[guars] differ=frohera Jlodaithmikl fdpresent&idh of 0ﬁh@ error statidticE bf ¢ ﬁ@dl .

B[err] carry data blt% fromfour speech franes and they are transmtted
that order. TP583(A%519308: aN&st r at es how the process is carried out.

5 a soft decision decoder to decode the corrected signals.
" In a preferred embodiment the correction factors are derived from tests
performed by :
{a) receiving test signals;
{b) storing data representing the extent to which the confidence
10 measure signals for the received test signals differ from a logarithmic
representation of the error statistics of the received testsignals.
The apparatus may also include
means to form a sum of the confidence measure signals for a frame period
of the signal and
15 means to compare the sum with a threshold value to provide a signal
indicating the quality of the frame.
In another aspect the invention provides
means for processing received digital signals to provide confidence
measure signals;
20 - means to form a sum of the confidence measure signals for a frame period
of the signal;
means to compare the sum with a thres_hotd value to provide a signal
‘indicating the quality of the frame.
Preferably the apparatus may include means operable in response to the
25 said signal indicating the quality of the frame to suppress further processing of
- those which are of a lower quality than that determined by the said threshold.
A further aspect of the invention provides a method of transmitting data
bits comprising, for each of successive frame periods, formatting the bits into a
frame -sequence, coding the bits by means of a convolutional coder, including
30 generating error check bits which are a function of {a} bits formatted into the
beginning of the frame sequence and (b) bits formatted into the end of the frame

sequence.
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NB{ PR EWTOHE DR B12PFas i s spread over ei ght 114-bit blocks, with a
fixed 20 pattern of allocating 28 or 29 bits in each bl ock froma single
frame. The CRC unit 5, in-this exanple, operates in accordance with the
pol ynom al 1 +X+X3, which may be inpl ene %ed by the circuit of Figure 9,
with three one-bit delays 51, 52, 53 and o excl usi ve- OR gates, 54, 55.
The 32 bits fromwhich the CRC bits are to be generated are supplied

serially to the inpiferably the blt'Eh@) Flaydbd sauea%rartﬁetfhst 60%sbf B Aamel AR
| ast six speech bits of the frame supplied he convol utional coder -

i.e. u(3) toth?(lﬂtﬁ)(bémﬁv@%%ﬁ“tf@"&ﬂ(%@?t 25% @fe"r'i’érféﬁmelt i s found that by
choosing bits at Smgeﬁrﬂ&hﬁﬂa’&ngf TR ;Wenrnﬁﬁ WiiiRRGw Eé‘%eﬁéﬁb’éﬁt' 25 of?f @

recei ver check to I dent f ranmes enhanced and t hus the err rate
i n the renniexawgplegoit rfefeam toutselanmmn@wmgrmwsm cre\Adw“tchG at the 30
start and e al
and error 5tsol\é'ﬁ?;n% im s%%F%kadﬁrred;sur eaa(it %f’g”gr%g%rfr%%g?rq%?'sgﬁ o] n%clt?é fs

Figure 10 shpigares zwnﬁaalshomegmpheall\i ahe tesiltai dsmeﬂrdsreta&pg)anaﬂwu&méctﬁcgdé:e 1.
used in the apparatus of Figure 1;
Figures 4 and 5 show graphically the resuits of error tests on the

convolutional codes used in the apparatus of Figure 1;
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Signals received at an input 110 are assuned to have arrived over a

comuni cations path such as a tel ephone |ine or

13

radio link and to have been

denodul at ed by a denodul at or whi ch provides not only denodul ated bits but
al so a confidence neasure for use by a sofg decision decoder. For the

pur poses of

schene used transmts one 5 bit per synbol,

the present description, it is assuned that the nodul ation

*is provided for eadhebedultstivashewn it IFigurey whete tea\bgtizoheal talkiz shasws thierbit

ste carr t hat bit. per .sypbol , then one .
IR R 28 P B Bahs 2 g fhe gprichE o HiBHe hé sBBeencise, o
then suppl i egatiod (SNRYIa &onsiderabies @driatibh, mf SansRIVAY 1Yse¥n. | Ther saniétidsults,
interleavers 112 , both being of conventional construction. This is

t ransm ssi on,
obtains a co

5

10

15

20

piotted’in ascending order of SNR is shown in Figure 3 for later reference.

Similar tests performed using Gray code to represent each variable show a
small improvement in SNR on the pitch parameters M1 and M2 and codewords
CB1 and CB2, but poorer performance on others, and for this reason Gray code is
applied by the unit 3 only to those four parameters. Naturally, for CB1 and CB2,
this improvement is contingent on adjacent Gray codes being assigned to
codebook entries representing mutually similar excitations,

Turning now to the convolutional coding, the basic code used in this
example is a 1/3 rate code, defined by the generator polynomials:

gl =1+X2+x3+ x5+ x8

g@2=1+X+X+xX*+x°

g3 =1+X+X+xX+xX*+x¥+x°

In addition, two punctured versions of this code are employed, namely a second

i

code having a rate of 2/5 in which alternate bits g3 are omitted and a third code,
of rate 1/2, in which all bits g3 are omitted. Punctured codes are well known per
se - see for example, J. Hagenauer, N. Seshadri and C.E.W. Sundberg, “The
Performance of Rate-Compatible Punctured Codes for Future Digital Mobile Radio”
IEEE Vehicular Technology Conference, June 1988.

The codes are assigned to bit positions within the frame, as follows:

"TABLE Il

No. Rafe Bits Use

bits generated

3 173 |9 CRC bits

26 173 |78 speech coder bits
34 2/5 |85 speech coder bits
7 T1/2 | 14 ' speech coder bits
12 2/5 |30 speech coder bits
6 172 112 tailing bits

88 228

AMENDED SHEET
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18R ﬁsg\/l\’/e\'pdteﬁtsm%{d\% V8 d8%i si on transformation unit 113, whose function

wll be dlscussed bel ow, and an intra-franme deinterleaver 114. Units 112
*and 114 renove the effects of the interleavers 8 and 9 of Figure 1. The
signal then passes to a "demasker" 115 whjch reinserts into the bit stream
the "g3" bits which were deleted in the masker 7. O course, the val ues of
these bits is not known, and (as 1 5 is usual for decodi ng of punctured

codes) one e itAgR ke SNR fGtkeR ol £AGEstN If Bnd BxARFRIRAGLHBE: 6O slaRGe
measure of zero. Sonetimes Inserting zeros (or ones) may result I n decoder

bi as and if alesatiens, fewauamplei by PM fhﬁawebéuﬂeds%lﬂ ad . eathespgegh sodembitnow
and i s now S apPalfy BgeREfie Nobsyef paeetort e dofisGlorEil Snbl 8 a8 "
const r uct i orposithing lonepsmeatthat, aglsist meﬂgertvoselnlsalvecmtée(wﬁ SRBsUreléw14 HB) all
(118 1 or Busepy SaPR R tatecHEn AN (aroeg, i 4tk fadfosdaniny SHEe
bei ng recedq;ie@ﬁer 16&h 1Breceupypframef pddiiorsy WithC RBERS! fieater tiidieel, | shespii! | ed
to the Speecs?\ows a considerable scatter about the monotonically increasing line that one
would expect to see based on only the “simple” allocation method.
The reordering unit 4 is shown in more detail in Figure 6. It consists of an
10 88-bit parallel -in, serial-out shift register 41; the 79 speech coder output bits, the
three outputs of the CRC unit 5 and six zeroes {(tailing bits} are connected in
accordance with the bit allocation table above to the parallel inputs. It is loaded in
parailel by a frame pulse f} from a clock generator 10 and the bits clocked out by a
88xframe rate pulses f, from the clock generator. For convenience of illustration
15 the Gray coder 3 is shown as separate units 3a to 3d. In the interests of clarity,
only a few of the connections set out in Table lii are shown. In the description
which follows, the output of the PISO register 41 is referred to as ulk) where:
u(0), u{1) and u{2) are the CRC bits ;
u{3) to u{81) are the speech coder bits numbered O to 78 in the “Conv,
20 coder bits” column of Table Il and in box 41 in Figure 6, and in the same order;
u{82) to u({87) are zero (tailing bits}.
The convolutional coder & is shown in Figure 7 and has six delay stages
'61 to 66 and three exclusive-or gates 66, 67, 68 connected to the taps of the
delay stages in accordance with the generator polynomials given earlier. The
25 outputs are g1{k), g2{k) and g3{k).

' The masking unit is shown in Figure 8. When the first {rate 1/3) code is
used, all bits g1{k}, g2(k}, g3{k} are forwarded to the output of the unit, cyclically {
g1(0), g2(0}, g3{0}, g1{1}, g2(1} etc..). When the second {punctured) code (rate
2/5} is in force, the masking unit serves to omit alternate ones of the bits g3(k),

30 whilst when the third (rate 1/2} code is use, all bits g3 are omitted. As shown in
the Figure, the bits g1, g2, g3 are clocked into serial-in paraliel-out shift registers
81, 82, 83 respectively (each of 88 bits capacity) under control of the clock pulses

¢¢ and then loaded in parallel into a parallel-in serial-out shift register 84, 228 bits

* AMENDED SHEET
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decoder 12 so that 1n the event of failure the relevant decoded frane is

di scarded, 25 the speech decoder regenerating the discarded information
'using the error conceal ment method described in the G 729 standard. It is
observed, however, that there is a limt 1P t he nunber of errors such
met hods can detect, so that, when channel “conditions are extrenely bad, the
nunber of errors may be such that a "bad frame" indication is not obtained.
Thus, addi t i eomablpicatiorisu patre suet raer a &Q!feﬁﬁétﬁﬂiﬁé bq?fl%d;[os liﬁ? %Hdd&fl ,ha}m'&'%n

[ r it of a frame to forma
ffe ; \érer: tsgofg@r%hdﬁxlqc;ggfﬂyg gr[eng pl?tsol# rme/l;'@r %W\gg;gg,got only demodulated bits but also

PCT/ GB96/ 024 8onfidence measure for use by a soft decision decoder. For the purposes of the

present description, it is assumed that the modulation scheme used transmits one

5 bit per symbol, so that a confidence measure is provided for each bit. However,

this may not always be the case; in transmission systems carrying more that one

bit per symbol, then one obtains a confidence measure (or measures) for each

symbol. These data are then supplied to a channel equaliser 111, followed by an

inter-frame interleavers 112 , both being of conventional construction. This is

10 followed by a soft decision transformation unit 113, whose function will be

discussed below, and an intra-frame deinterieaver 114. Units 112 and 114

remove the effects of the interleavers 8 and 9 of Figure 1. The signal then passes

to a “demasker” 115 which reinserts into the bit stream the “g3” bits which were

deleted in the masker 7. Of course, the values of these bits is not known, and {as

15 is usual for decoding of punctured codes) one may insert bit values of zero with an

accompanying confidence measure of zero. Sometimes inserting zeros {or ones)
may result in decoder bias and if desired, random bit values may be inserted.

The signal has now been formatted in accordance with the first {1/3 rate)

convolutional code and is now supplied to a Viterbi decoder 116 {of conventional

20 construction) which operated according to that code. A CRC unit 117 performs a

cyclic redundancy check, and the decoder bits are assembled {118) for use by a
speech decoder 120 (G.729) with the Gray-coded b'its being receded at 119,

' The output of the cyclic redundancy check is supplied to the speech

decoder 12. so that in the event of failure the relevant decoded frame is discarded,

25 the speech decoder regenerating the discarded information using the error

- concealment method described in the G.729 standard. it is observed, however,

that there is a limit to the number of errors such methods can detect, so that,

when channel conditions are extremely bad, the number of errors may be such that

a “bad. frame” indication is not obtained. Thus, additionally, a further error

30 detector 122 is provided, which serves to sum the confidence measures for each

bit of a frame to form a “frame score” b - viz.

227

b= Ze(k)

k=0

AMENDED SHEET



1 R & e BN uBkce measures in the range 0 to + 127. This frane
score could equally well be calculated after the soft decision .
‘transformati on process, described below, in which case the error detector
122 woul d receive its input fromthe soft geci sion transfornmer 113. 5

A threshold is applied at 123 and if b extteds 2100 (for exanple) a bad
frame indication is output which is conbined in an OR gate 124 with the

out put from AgrdBk) € DontiBbhcelhéasited Mlthé €hsgd 00R al £87.08KN Park® rsg@#felor

frames with b>2100. |f, of course a different range of values is use
el k) then a epyld aaually (welk §h talculeted caftar| thepsoftysiscision treasfotroation procesyie

return now t stcgs Sl f | ' T sof . Si on
i nputs for tﬁee | ?(Z(P%fovgzﬁo é@pgésreea{;g’?oeg{]@%*%&fﬂ%é C aﬁdnreﬁcggﬁdaﬁ é‘ggfﬁ'étfl
| deal | y t hesthei sgftidecisihodtadstoemeo§®8i t hmically i nversely proportion to the

lplr ESLL P iog%alof t ?)_ Fl)é t?aré%s?if)idh %Vaip%ﬂeé) %t qrzgegdd RrH e%‘ee%ts %odl\ﬁ&d %karg;all;a?%ttla%
frame indication is output which is combined in an OR gate 124 with the output
from the CRC check unit 117 so that rejection also occurs for all frames with
b>2000. If, of course a different range of values is used for e{k} then a different
threshold value will be appropriate.
10 We return now to the soft decision transformation unit 113 . The soft
decision inputs for the Viterbi decoder are produced by the channel equaliser 111.

Ideally these inputs should be logarithmically inversely proportion to the likelihood

-P
of a bit error having occurred, or, in other words, directly proportional to log%—P—"—

¢
where P, is the probability of an error in the bit in question. Tests show however
15 that this is not always the case. The method for testing a channel is as follows:
(a) transmit test data
{b) record the received data and associate confidence measures e{k)
(c) compare the received data with the original to determine which bits are
in error _ o |
20 {d) for each value of e{k} {from O to 127}, count the number of bits N
received with that measure and the number of bits n actually in error;

compute P, = n/N and hence

-P
€= Iogi—}%—. Figure 11 shows a typical plot of £ against e. As is seen,

¢
this deviates significantly from a straight line. The Viterbi algorithm
25 produces the best results when true log likelihoads of error are used. This
is because it operated by adding these values to obtain accumulated
‘- distance metrics, which is not equivalent to taking the products of the
error probabilities {which is what is really required} unless a logarithmic
relationship is adhered to.
30 Thus the purpose of the transformation unit 113 is to provide a correction

for this nonlinear characteristic. It is implemented as a look-up table having 128

‘AMENDED SHEET



\A?19”r°'g7|5f%7ur\]"atemsw’f"hd\zswrsgbaqﬁl lity of an error in the bit in-guestion— Tests™
show however 15 that this is not always the case. The nethod for ¢t

‘channel is as follows: (a) transmt test data (b) recordlﬂ ﬂﬂ“ h!ﬁm[;
and associ ate confi dence neasures el k) (c? corrpare the r

the original to determne which bits are error (d) for each

val ue of e(k) (fromO to 127), count the nunber of bItS N received with
that nmeasure and the nunber of bits n agfapgy in error; conpute Plerr] =

n/ N and hence [err] Figure 1 1 shows a typical plot of [err] against
e. As is seen, this deviates significantly froma straight line. The
Viterbi algorithm 25 produces the best results when true | og

| i kel i hoods of error are used. This is because it operated by addi ng these
val ues to obflai n aécumethast ofi detarding signaist by psocesbing [Tecsiverbisignglsi toapevide o

taking th% p&&’%ﬂﬁe%ewﬁe signals and using a soft decision decoder to decode the
received signals, the method comprising:
{a) receiving test signals;
{b} storing data representing the extent to which the confidence
measure signals for the received test signals differ from a logarithmic
10 representation of the error statistics of the received test signals;
{c) receiving the signals to be decoded;
{d) applying correction factors to the confidence measure signais for the
received signals to be decoded, the correction factors being derived from
the said stored data, so as to reduce the extent to which the confidence
15 measures differ from the said logarithmic representation;

(e} decoding the corrected signals using the soft decision decoder.

2. A method according to Claim 1 including:
forming a sum of the confidence measure signals for a frame period of the
20 signal; and ' '
comparing the sum with a threshold value to provide a signal indicating

the quality of the frame.

3. A method of decoding signals comprising:
25 processing received digital signals to provide confidence measure signals;
forming a sum of the confidence measure signals for a frame period of the
signal; and
comparing the sum with a threshold value to provide a signal indicating

the quality of the frame.

| THIS SHEET HAS BEEN
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error probabilities ?V\:hl ch is what is really required) unless a | ogarithm-ec

relationship is adhered to. 30 . Thus the purpose ?f
transformation unit 113 is to provide a correction for 't Im g"ﬂ ” "
characteristic. It is inplemented as a l@pk-up table haviny ¥2
97/ 14235 PCT/ GB96/ 02423 15
| ocations accessed using e as the address. The contents of the | ookup table
are the values of e-in Figure 11, i.e. for e = 0 to 127: [err](e) = {-5
0 1 2 7 1
’ ’ ‘4. 3, A n?éthod éccord?ﬁg to Cj[é]iin 2 o?}’ Clairr% % including, in response to the
said signal indicating the quality of the frame, suppressing further processing of
those frames which are of a lower quality than that determined by the said

& threshold.

5. An apparatus for decoding signals comprising:
means for processing received digital signals to provide confidence
measure signals;

10 translation means operable to apply correction factors to the confidence
measure signals so as to reduce the extent to which the confidence measure
signals differ from a logarithmic representation of the error statistics of the
received signals; and

a soft decision decoder to decode the corrected signals.

15
6. An apparatus according to Claim 5 in which the correction factors are
derived from tests performed by :
{a} receiving test signals;
. {b) storing data representing the extent to which the confidence
20 measure signals for the received test signals differ from a logarithmic

representation of the error statistics of the received test signals.

.7. An apparatus according to Claim 5 or Claim' 6 including:
meéns to form a sum of the confidence measure signals for a frame period
25 of the signal; and
means to compare the sum with a threshold value to provide a signal

indicating the quality of the frame.

8. -.An apparatus for decoding signals comprising:
30 means for processing received digital signals to provide confidence
measure signals;
means to form a sum of the confidence measure signals for a frame period

of the signal' and

— THIS SHEET HAS BEEN
is Sheet Has Been R Ileﬂ ) REPLAGED
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18, 20, 23 555 3S 32, 36, 37, 39, 42, 44 B S BTTB2.

55 57, 59, 61, 63, 65, 67, 69, 70, 72, 74,

"85, 86, 89, 87, 92, 91, 95 95 10 96, 94 “‘mmm w
112, 109, 115, 108, 106, 114, 119, 114, %§7, 127, 110,

117, 127, 127, 127, 125, 127, 125, 127, 127, 127, 124, 118 127’ 127 127
127, 123, 127, 127. 127, 127, 127. 127, 127, 127. 127, 127, 127. 127, 127,

15 ’ 127, 12mean® to daparé2the €uit, witR i3 tﬂrggholgaialuell%,prigge éi% a%g;i
127, 127, 12, 127, 127, 127, 127, , , , _
It shoul d be'z'rqlctja%czfgtﬁg u?l?&so‘fﬁé?)ﬁﬁ M needs to suit the channel equaliser in

20 use: in general each equaliser will have its own characteristics and

therefore t hg. An apparatus according to Claim 7 or Claim 8 including means operable in

5 response to the said signal indicating the quality of the frame to suppress further
processing of those frames which are of a lower quality than that determined by
the said threshold.

10. A method of transmittiﬁg data bits comprising, for each of successive
10 frame periods, formatting the bits into a frame sequence, and coding the bits by
means of a convolutional coder, including generating error check bits which are a
function of {a) bits formatted into the beginning of the frame sequence and (b) bits

formatted into the end of the frame sequence.

15 11. A method according to Claim 10 in which the bits {a) are taken from the
first 50% of the frame and the bits (b} are taken from the last 25% of the frame.

12. An apparatus for transmitting data bits comprising:
means for formatting the bits into a frame sequence;
20 means for convolutional coding; and
means for generating error check bits; wherein said means for generating
error check bits is connected to receive (a) bjts forrpatted into the beginning of the
| frame sequence and (b) bits formatted into the end of the frame sequence so as to
generate er;or check bits which are a function only of said received bits.
25
- 13. An apparatus according to Claim 12 wherein the bits bits formatted into
the beginning of the frame sequence are taken from the first 50% of the frame and
the bits bits formatted into the end of the frame sequenceare taken from the last
25% of the frame.
30
14. Apparatus for the decoding of digital signals substantially as herein described

with reference to the accompanying drawings.
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contents of the | ook-up table need to be based on tests performed - as
_described above - on that particular design. If desired, the system nay be
"made adaptive with transm ssions including a test _seqguence wrt¢h may

”2000“

be anal ysed at intervals using the above-descfi ang the regults
used to update the 25 rts of the | ook-up M5 1 A
net hod of decodi ng.si 5& processing r preyi de|5
confidence neasure¢ siqpals}and using a sof; d t odecogle the
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"~ (b) storing data representing the extent to which the confidence neasure
signals for the received test signals differ froma logarithmc 10
representation of the error statistics of the received test signals; (c)
receiving the signals to be decoded; (d) applying correction factors to

t he confidence nmeasure signals for the received signrals to be decoded, the
correction factors being derived fromthe said stored data, so as to reduce

the extent to which the confidence 15 neasures differ fromthe said
|l ogarithm c representation; (e) decoding2the corrected signals using the
soft deci sion decoder. 2. A met hod according to Caim1 including:

formng a sumof the confidence neasure si glnal s for a frame period_of the
20 signal; and corfpISaen: MEaRYAPemRblE t© epRlv B9FIeation Tagtory t9 by caefidense gnal

i ndi cating the gpaldidnar@kol 4€ th7@BEce the extent to which the confidence measure
signals differ from a ‘logarithmic representation of the error statistics of the
received signals; and

5 a soft decision decoder to decode the corrected signals.
In a preferred embodiment the correction factors are derived from tests
performed by : '
{a} receiving test signals;
(b} storing data representing the extent to which the confidence

10 measure signals for the received test signals differ from a logarithmic

representation of the error statistics of the received testsignals.

The apparatus may also include

means to form a sum of the confidence measure signals for a frame period
of the signal and

15 means to compare the sum with a threshold value to provide a signal
indicating the quality of the frame.

Some embodiments of the invention will now be described, by way of
example, with reference to-the accompanying drawings, in which:
Figure 1 is a block diagram of an apparatus for the transmission of speech signals;

20 Figures 2 an@ 3 show graphically the results of error tests on the speech coder
used in the apparatus of Figure 1;

Figures 4 and 5 show graphically the results of error tests on the

convolutional codes used in the apparatus of Figure 1;
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25 thod according to Caim2 including, in response to
t he s mml‘ ”ﬁtl ng the quality of the franme, suppressing further
proce anes which are of a lower quality than that

det er m ned by the said 5-threshold. 4 . An apparatus for decoding
signals conprising: means for processing received dirgital signals to
provi de confidence neasure signals; 10 16 transl ati on neans operabl e

to apply correction factors-to the confidence neasure signals so as to
reduce the extent to which the confideﬂﬁgmﬂgasure

1. A method of decoding signals by processing received signals to provide
5 confidence measure signals and using a soft decision decoder to decode the
received signa_ls, the method comprising:
{a) receiving test signals;
{bj storing data representing the extent to which the confidence
measure signals for the received test signals differ from a logarithmic
10 representation of the error statistics of the received test signals;
{c) receiving the signals to be decoded;
{d}  applying correction factors to the confidence measure signals for the
received signals to be decoded, the correction factors being derived from
the said stored data, so as to reduce the extent to which the confidence
15 measures differ from the said logarithmic representation}

(e} decoding the corrected signals using the soft decision decoder.

2. A method according to Claim 1 including:
. forming a sum of the confldence measure signals for a frame period of the
20 signal; and _
comparing the sum with a threshold value to provide a signal indicating

the quality of the frame.

25
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signals differ froma logarithmc representation of the error statistics of
the received signals; and a soft decision decoder to decode the corrected

signal s r“‘\ kratus according to Caim4 in which the
correcthwm |ved fromtests perforned by: (a) receiving test
signal s ¢ stori®ng data representing t tent to which the confidence
neasure signals for the recei ved’fﬁést signals differ froma
Iogarlthmc representation of the error statistics of the received test

signals. 6 . An apparatus according to daim4 or daimb5 including:
means to forma sumof the confidence neasure signals for a frame period 25

of the signad; ant methpd aceprdipgpa Claimn? indlvding.tin Tesponsectontbed val ue to

provide a si ghdlsignal indicating the quality of the frame, suppressing further processing of
those frames which are of a lower quality than that determined by the said
5 threshold.

4. An apparatus for decoding signals comprising:
means for processing received digital signals to provide confidence
measure signals;

10 translation means operable to apply correction factors to the confidence
measure signals so as to reduce the extent to which the confidence measure
signals differ from a logarithmic representation of the error statistics of the
received signals; and

a soft decision decoder to decode the corrected signals.

15
5. An apparatus according to Claim 4 in which the correction factors are
derived from tests performed by :

fa) receiving test signals;
{b) -storing data representing the extent to which the confidence

20 measure signals for the received test signals differ from a logarithmic

representation of the error statistics of the received test signals.

6. An apparatus according to C!éim 4 or Claim 5 including:
means to form a sum of the confidence measure signals for a frame period
25 of the signal; and
means to compare the sum with a threshold value to provide a signal

indicating the quality of the frame.

7. An apparatus according to Claim 6 including means operable in

30 response to the said signal indicating the quality of the frame to suppress further
processing of those frames which are of a lower quality than that determined by
the said threshold.
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i ndi cat i ng the quality of thegprane,ed.
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the quality of the frame to suppress further prbcessi n
which are of a lower quality than that determ ned by the sai dgh

s according to daim
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(57) Abstract

Received signals are processed (111) to generate confidence measure signals. Before these are forwarded to 2 soft decision decoder
(116), corvection factors are applied, e.g. by a look-up table (113), to reduce the extent to which the signals differ from 2 logarithmic
representation of the emer statistics of the received signals. Altemnatively, or as well, the confidence measure signals may be summed (122)
and thresholded (¥23) to provide a quality-indicating signal. In a coder, error check bits for a frame of bits to be convolutionally coded are
generated from bits taken from the begioning and end of the frame but not the middie,




