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Transmission system comprising at least a coder.

The invention relates to a transmission system comprising at least a coder
for coding a signal, at least a transmitter for transmitting the coded signél to at least a
receiver, at least a decoder for decoding the coded signal and at least an adaptive
prediction filter.

The invention likewise relates to a terminal unit, a coder, a decoder and
an adaptive prediction filter.

Such a transmission system can be obtained, for example, without
difficulty from the document "Draft of G.728 Fixed Point Specification" Doc. AH. 93-
D.3, CCITT Study Group XV, London, March 29-30-1993, and from CCITT
Recommendation G.728, "Coding of speech signals at 16 kbit/s using low-delay code
excited linear prediction”. The two documents will henceforth be referenced [I] and [II].
Such transmission systems can always be used when multiple use is to be made of a
given transmission capacity. The reduction of the bit rate of a signal during coding
makes it possible, for example, to hold four telephone conversations simultaneously
over one 64 kbit/s transmission channel.

The multiple use of a given transmission capacity has very much
importance in radio channels, as will be readily understood if one thinks of the rising
number of subscribers of mobile radio systems. Also the storage capacity of a memory
with an arbitrary storage medium can be used to considerably more advantage when bit
rate reducing coders and appropriate decoders are used, because less storage space is
necessary for storing an information signal.

It is known to utilize linear ﬁrediction for bit rate reduction. In [I] and [II]
prediction coefficients are computed by an adaptive prediction filter. The computation is
performed segment by segment with the sample values of an auxiliary signal. The
auxiliary signal may be an (electric) audio signal or a speech signal, for example,
coming from a person. Alternatively, it is possible for the auxiliary signal to be a

synthetic audio or speech signal as produced in a coder which operates according to the
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by a synthesis filter. This synthetic audio signal is subtracted from an audio signal to be
coded and the difference is used for optimizing the selection of the excited signal.

The computation of the prediction coefficients calls for correlation
coefficients which are derived from the sampling values of the synthetic audio signal.
The computation of the prediction coefficients on the basis of the correlation coefficients
calls for much circuitry and cost. To reduce this circuitry and cost the prediction
coefficients are computed recursively. To begin with, a first reflection coefficient is
computed from the two ﬁrs;t correlation coefficients. From the first reflection coefficient
the first prediction coefficient is derived. Furthermore, also a prediction error is
computed, which is an indication of the quality of the predicﬁon. Then, a next (second)
reflection coefficient is determined with the next (second) correlation coefficient, the
previously computed prediction coefficients (at this point only the first prediction
coefficient is concemned) and with the current prediction error. With this (second)
reflection coefficient and the previously computed prediction coefficients the previously
computed prediction coefficients are recomputed. Then, a next (second) prediction
coefficient and a new prediction error are computed. The recomputation of the
previously computed prediction coefficients and the computation of a further prediction

coefficient is repeated so many times that all the necessary prediction coefficients are

In [II] an implementation in floating point arithmetic is proposed for
obtaining sufficient accuracy. The drawback of an implementation in floating point
arithmetic is the large circuitry. For this purpose, in [I] there is proposed to implement
16-bit fixed point arithmetic in which results and intermediate results of the computation
are retained in the so-called block floating point format. This is meant to be understood
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coeffi CI ents. The prediction coefficients are
common exponent is selected such that all the mantissas are situated within prescribed

limits. In [I] there is provided that all the mantissas are situated between -1 and +1. In

5 the block floating point format, for example, the predlcnon coefficients are shown
which, from previous expenence, assume values that may be on the order of 10.
If, for example, overflow occurs when the prediction coefficients are recomputed i.e. a
recomputed prediction coefficient will be 1 or exceed 1, the mantissas of all the
‘ previously computed prediction coefficients will be divided by 2 and the common
i 10 exponent (with base 2) will be increased by 1. Then the recomputation is started anew.
The change of the block floating point format due to overflow will here be called
adaptation of the block floating point format. For the repeated recomputation only the
mantissas of the previously computed prediction coefficients are used, and only with 16-
' - bit resolution. The reduction of the resolution from at least 17 bits to 16 bits which is
15 sometimes necessary for the computation can be effected in different manners. The
manner of reduction according to [I] will be outlined with the aid of an example. If, for
example, the third reflection coefficient has just been computed with a resolution of 17
bits - between the third reflection coefficient and the third prediction coefficient to be
derived therefrom there is only a difference in the numerical representation - it is
20 shortened by a rounding to 16 bits, so that the two first prediction coefficients can be
recomputed therewith in 16-bit fixed point arithmetic. If there is an overflow during this
recomputation, also the rounded third reflection coefficient is, for example, divided by
two when recomputation has ended, and the result which has a resolution of 16 bits is
stored as a mantissa of the third prediction coefficient. The division is broken off after
25 16 bits (including the sign bit). Due to the binary system this operation corresponds to a
shift of the decimal point by one position while the least-significant bit is lost. This

coadhg

procedure causes the inaccuracies - especially with a large number of prediction

coefficients - to become unacceptably large.
It is an object of the invention to reduce the computation circuitry and
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30 cost in a transmission system of the type defined in the opening paragraph, without
reducing the computational accuracy.

A transmission system having this property comprises
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and in that the following means are provided for recursively determining the
prediction coefficients to be represented in the block floating point format:

a) means for computing the k™ reflection coefficient,

b) means for recomputing the k-1 previously computed prediction coefficients while
utilizing the X* reflection coefficient obtained under a),

c) means for adapting the block floating point format of the k-1 prediction
coefficients already recomputed and not yet recomputed if overflow occurs during
the recomputation of the k-1 previously computed prediction coefficients obtained
under b), so that N bits are no longer sufficient to represent a recomputed
prediction coefficient,

d) means for continuing the recomputation of the k-1 prediction coefficients for the
prediction coefficient at which the overflow as under c) has occurred.

e) means for converting the k® prediction coefficient from the k* reflection
coefficient computed under a) in a floating point format, whose exponent is
represented by the exponent determined under c¢) of the block floating point
format, and

f)  means (X79) for storing the number obtained under ¢€) as the k™ prediction
coefficient.

If overflow occurs during the recomputation of the prediction coefficients,
according to [I] the floating point format of all the k-1 previously computed prediction
coefficients is adapted and then the recomputation is started again from the beginning.

In contrast, the embodiment according to the invention avoids a not inconsiderable part
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ted prediction coefficients and the
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i coefficients are known. In

i npl ementation in floating point arithnmetic is proposed for
suf ficient accuracy. The drawback of an .inplenentati

recomputed, except for the block-floating point format, correspond to the values which
5 would appear if the recomputation were repeated.
The order of the means indicated above and also to be indicated below is not to be
understood in such a way that they are also to be activated in this order in time.
A further embodiment of the invention comprises
2a) means for computing the k* reflection coefficient with 2 minimum
10 resolution of N+1 bits,
2b) means for buffering the k™ reflection coefficient with a minimum
resolution of N+1 bits,
2c) means for converting the k™ reflection coefficient buffered under 2b) to a
floating point format defined under e), whose mantissa has a resolution of
15 at least N+1 bits,
2d) means for rounding to N bits the mantissa obtained under 2c), and
2e) means for storing the mantissa rounded under 2d) as a mantissa of the k*
prediction coefficient.
The transmission system according to the invention is distinguished from a
20 transmission system described in [I] in that the k® reflection coefficient after its first
computation is buffered with a minimum accuracy of N+1 bits. For the recomputation
of the k-1 previously computed prediction coefficients a value is used which
distinguishes itself from the buffered value by a limitation to N bits. If overflow occurs
during the recomputation of the k-1 previously computed prediction coefficients, the
25 buffered value is divided, for example, by 2 after the recomputation has finished, and
then rounded to N bits. This way of incorporating the k® prediction coefficient in the
(adapted) block floating point format produces an error which is at most as large as the
corresponding error in [I]. However, equally important is it to find that the sign of the
error according to the invention appears to turn out as often positive as negative, which
30 is different from [I].
These assertions will now be confirmed with the aid of two simple

examples.
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a) 0.101 (k* reflection coefficient: +5/8 with 4-bits resolution)

10 b) 0.11 (value of b) rounded to 3 positions for the recomputation of the k-1
- previously computed prediction coefficients)
¢) 0.00 (value of b) divided by 4, also with 3-bits resolution. This value is the

mantissa of the k® reflection coefficient in the block floating point format
with the exponent 2 and with base 2)

15 For making an assertion about the error if the approximation c) is used in
lieu of ), c) is first to be multiplied again by 4. The difference between the value
resulting therefrom and the output value is the error F. In the present case
(representation as a fraction) F = ( - 5/8) = -5/8.

In contrast, according to the invention there is provided:
20 a) 0.101 (k® reflection coefficient: +5/8 with 4-bits resolution),
b) 0.001 (value of a) divided by 4, also with 4-bits resolution),
c) 0.01 (value of b) rounded to 3 bits).
Analogous with the preceding observations we now have as an errt:)r: F=(-5/8)=
3/8.

25 1f 0.011 (+3/8) is selected as the output value, there is a value of F = (0 - 3/8) = -3/8
for the error according to the same scheme of [I]. According to the invention, we now
have: F = (0 - 3/8) = -3/8.

The invention with its embodiments will be explained with reference to
the drawing Figures, in which:

30 Fig. 1 shows a specific transmission system in which the invention can be
used,

Fig. 2 shows the basic circuit diagram of an adaptive prediction filter,
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a terminal unit LE.

The coder 101 codes a speech signal 10a by means of an adaptive
prediction filter 10A. This filter has characteristic features according to the invention,
which will become apparent in the following. The speech signal 10a has a bit rate of 64
kbit/s. The coder 101 reduces this bit rate to the bit rate of the coded signal 10b. The
bit rate of the coded signal 10b is 16 kbit/s. The signal 10b consists of parameters of
the speech signal 10a which parameters are determined segment by segment.

The transmitter 102 transmits the coded signal 10b - transcoded into a
transmission code, as required - vig a transmission channel shown in the drawing to the
receiver 103 which transcodes the transmitted signal into a signal 10c and which signal
corresponds to the signal 10b except for coding and transmission errors.

The decoder 104 decodes the signal 10c also with the aid of an adaptive
prediction filter 10B. The result is a signal 10d. Except for coding, decoding and
transmission errors the signal 10d corresponds to the speech signal 10a. The adaptive
prediction filters 10A and 10B determine signal-dependent filter coefficients (prediction
coefficients) according to the Levinson-Durbin Recursion. The Levinson-Durbin
Recursion is an algorithm for determining in a step-by-step fashion the solutions of a
linear set of equations of which the coefficient matrix is a Toplitz matrix, thus a
symmetrical matrix having the same elements along a given diagonal.

The NCOF prediction coefficients (NCOF stands for the number of these
coefficients) for an adaptive prediction filter are unequivocally a consequence of the
requirement that the sum of the prediction error squares be minimized on average over
a signal section of a given length.

For example, if sampling values s(k) are applied to the input of the filter,

the following linear combination will be the output value of the filter at the instant n:
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LSEG - 1

>

i=0

(2)

{y(n+1) +s(n+1)]2

of a segment comprising LSEG sampling values, if (1) is put in (2) while the
coefficients a(i) are minimized in (2), above set of equations with the Toplitz matrix
will arise if the sampling values outside this segment are set io zero. The elements of
the Toplitz matrix are in this case the values of the autocorrelation function of the input
signal at the sampling instants of the input signal, which function will be referenced
autocorrelation coefficient r(minc) hereinafter. A detailed representation of the
Levinson-Durbin Recursion is found in: L.R. Rabiner/R.W. Schafer, "Digital Pocessing
of Speech Signals”, Prentice-Hall, 1978.

In the following the algorithm of the Levinson-Durbin Recursion
expressed in Rabiner/Schafer by the equations (8.67) to (8.72), is represented as a
pseudo code because this code permits a better detection of the program steps an

arithmetic unit is to carry out for the computation of the prediction coefficients.
LEVINSON-DURBIN Recursion (Pseudo code):
Input values: NCOF = Predictor Coefficient

r(0) ... r(NCOF)
Output values:a(0) ... a(NCOF)

= Autocorrelation coefficients

= Prediction coefficients

a0 =1.0 01
a(l) = -1(1) / r(0) 02
alpha = r(0) + (1) * a(l) 03
For minc=2,3,4,..., NCOF 04
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01

10 For ip=1,2,3,...,minc/2 014
{ Rl =a( ip)+ rc *a(minc-ip)) OI15

R2 = a(minc-ip) + rc *a( ip)) 016

(FY]

aip ) =Rl 017

a(minc-ip) = R2 018

15 019
a(minc) = rc 020

021

To render the program steps given in the pseudo code even more
20 transparent, several rows of the algorithm shown above will be further explained.

The predictor coefficient carrying the name of NCOF and the NCOF+1
autocorrelation coefficients are required as input data. The predictor coefficient NCOF
is identical with the number of filter coefficients a(i) in equation (1). The
autocorrelation coefficients r(0), r(1) and so on, up to r(NCOF) are determined by other

25 functional units not disclosed here, which, however, are known to a person skilled in
the art.

The prediction coefficients a(0), a(1) and so on, up to a(NCOF) are output
data.

Rows 01 and 02 comprise assignments to the two first prediction

30 coefficients. In row 03 there is an assignment to an auxiliary variable alpha (prediction
error for NCOF=1) whose augend is the zero® autocorrelation coefficient and whose

addend is the product of the first correlation coefficient and the first prediction
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otherwise a loop having a running variable minc is passed through, which variable
assumes all integers from 2 to NCOF. In the loop for the running variable minc all the

5 previously computed prediction coefficients a(1), a(2) and so on, up to a(minc-1) are

changed (recomputed), as is shown in rows 017 and 018. At the end of all the
instructions which are to be carried out for the current value k of the running variable
minc, a value is assigned to the prediction coefficient having the index minc, as is
shown in row 020. This prediction coefficient is to be referenced the k® prediction

10 coefficient; the variables sum and rc (reflection coefficient) which are computed for the
first time for the current value k of the running variable minc are to obtain the same
addition.

In the loop having the running variable minc two further loops are passed
through which are not interleaved and have the running variable ip, the upper value of

15 which variable depends on the current value of the running variable minc, as is shown
in rows 06 and 014.

Auxiliary variables are those carrying the names of alpha, sum, rc, Rl
and R2. The auxiliary variable alpha is the sum of the error squares according to
equation (2), and also has a descriptive meaning; alpha is the energy content of the

20 error signal (prediction error). This content is always to be positive. The computation is
therefore broken off if there is a value for alpha smaller than or equal to zero, as is
shown in row 012. Also the variable rc has a descriptive meaning; it is the so-termed
reflection coefficient which plays a part in the so-called tube model of the vocal tract. A
reflection coefficient which occurs as a quotient of the auxiliary variables sum and

25 alpha, as is shown in row 09, belongs to each prediction coefficient.

Most real-time implementations of speech coding methods according to
which also coefficients for adaptive filters are to be computed, are based on 16-bit
fixed-point arithmetic units, while intermediate results are available partly with
enhanced accuracy (for example, 32 bits). The accuracy of the result of the Levinson

30 Recursion decisively depends on the computational accuracy in the recursion. As
regards computational accuracy the most sensitive positions in the pseudo code are
found where intermediate results of multiplication or division are available with higher
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A further enbodi ment of the invention conprises 2a) neans for
conput § ngv@ AE2306@r r]  meik biRedHa0Bees QNIcELT €Nt Wi th a mini mum PCT/IB94/00086

resol upion of N+ 1 b|t i"umul’w means for buffering the k[err]
reflecfion coefficient resolution of N+ 1
bits, 2c) nean ng the k[err] reflection coefficient
buf ferpd under 2b) to a floating point format defined under
e), se nm '

20y "rans Tavo P 487 BERTSPE sRurRl s vowis prsglndh dRRZErO Pt me
2e) ans fRivsUNM3N07! be, OENt0ISSA16@Haded. under 2d) as a mantissa of the
K[ err] red| ction coefficient, The transm ssi on
systen§ according to trﬁmqwqurdnallsmmtthWmﬁosﬂé@rbm Basursiondnsheris fised-
Yot erg SescriBRnkil v, bRk o SHL bRl BpR I GPRR SR Lo St
recongut asi ajefiaftidneardtd b@irrodaved firsgonput ed pr ediction coefficients a

limtgtion to Nbits. If overflow occurs during the reconputation of the

k-1 prievi ousLy, co %H‘esgi,fpés%ﬁ‘t’ﬂ .on coefficients, the buffered value is

di vi dgd, for exanp er’ the reconputation has finished, and then

roundgd to N bits. This way of incorporating the k[err] prediction

coeffigcient in the . .

< < Left shift operation;
10
round (reg) Rounding operation performed on a 32-bit-wide register "reg"”. Let us

assume that the bits in "reg" are numbered 0, 1, 2, ..., 31, while the sign
bit is bit 31 and the significance of the individual bits decreases from bit
30 towards bit 0. Rounding with an accuracy of 16 bits then means that

15 bit 15 is added to bit 16 after which the bits 16 to 31 are used as the

result.
*2*  Fixed-point multiplication;
20 / Fixed-point division;
Since the division is very costly to carry out, the result of the division is
computed accurate to only as many positions as are absolutely necessary.

Results of the divisions are flush right in the register containing the results.

25 x, means the 16 most significant bits of a 32-bits word x.

x, means the 16 least significant bits of a 32-bits word x.

16-Bits fixed-point Levinson Recursion (Pseudo code):

EXPa = 0; X1
30 den = r[0]; X2
num = r[l}; X3
if (num < 0) num = -num; X4

-
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(adaptfed) bl ock floating point format produces an error V\:hl ,? fbogdhst as
| ar ge Jasyt 8428360 r esp I@rﬂemRephacepl] However, equally inportant 1s it
to firgd that the sign ccordi ng to the i nvention appears to
turn qut as often pos ive whbch is different from([I].

These gjassertions will now be con |rrred with the aid of two sinple exanples.
6 Let us assune that three (N = 3) bits are available for

repregenting the results, _and at |east four bifs for internediate results.
Furthdrnmore, Pet TIURLIFY that the

a2 = a2<<l15; X6

al = round(a2); X7

if (r[1] > 0) al = -al; X8

5 rcl = alh; ' X9
a[1] = alh; X10

a0l = 0; X11

a0h = r[0]; X12

a0 = a0 + rcl *2* 1[1]; X13

10 a0 = round(a0); X14
alpha = a0h; X15

for (minc=2; minc < =NCOF; minc+ +) X16

{ a0 = 0; X17

for (ip=1; ip < minc; ip++) X18

15 a0 = a0 + rfminc-ip] *2* a[ip] X19
X20

a0 = a0< <EXPa; X21

all = 0; X22

al = r[minc]; X23

20 a0 = a0 + al; X24
a0 = round(a0); X25

sign = alh; X26

num = alh; X27

if (num < 0) num = -num; X28

25 if (num > = alpha) X29
goto LEDUMO_failed,; X30

a2 = num / alpha; X31

a2 = a2< <15; X32

al = round(a2); X33

30 if (a0 > 0) al = -al; X34
rc = alh; X35
X36




adaptption due to overflow requires a division by 4. Numeri s for
k[ errf ¥ 94296bn coefficients having a 4-bits resolution i %ﬁ#{[}%ﬁﬁﬁ&%ﬁem
repregentation are started from In a first exanple a k[err]
reflgetion coefficient has a value of +5/f In the binary systemthis
reflgction coefficient is represented as 0.101, the first zero denoting the

sign.} According to [I] the procedure is as follows: a) 0.101 (k[err]
reflection coethCL t: +5/8 with 4-bits resok4gion) b) 0.11 (val ue of
b) rounded to 3 positions for the reconputation of the k-I
previjpusly conpattee: piphdi ction coefficients) X380.00 (val ue of b)
divided by 4, also with 3-bi}s resol ution. Try(f value is the
mantijksa of theak[&r#} & FeCaPMBn coefficient % the block floati ng poi nt
for = o .he exponent 2 and yud h base 2) For
maki an asser%} on %Q\l{)ygg{hi’he error if the approximation c) is used in lieu
of a)} c¥ is fiifalpha e Oultiplied again by X41 The difference between the
val ug resulting therefro d_t out put val s the error F. In the
presegnt case (rep@@&%%ﬁ?ﬁgﬁ_%gg;fracti on) é&_i (- 5/8) =-5/8. In
contriast, accorgipg tgighe invention there isggzovided: a) 0.101 (k[err]
refl dction coeffrcient: +5/8 with 4-bits resolution), b) 0.001 (val ue of
a) dilvided by 4, also with 4-bits resol ution)X44
10 al = 0; X46
for (ip=1; ip <= (minc> >1); ip++) X47
{ 20h = afip]; X48
a0 = a0 + rc *2* a[minc-ip]; X49
a0 = round(a0); X50
15 If (overflow in a0) X51
{ EXPa = EXPa + 1; X52
for (lp=1; lp<minc; lp++) X53
a[lp] = aflp]> > 1; X54
a0h = aJip]; X55
20 a0 = a0 + rc *2* a[minc-ip}]; X56
a0 = round(a0); . X57
} X58
alh = a[minc-ip]; X59
al = al + rc *2* a[ip]; X60
25 al = round(al); X61
If (overflow in al) X62
{ EXPa = EXPa + 1; X63
for (Ip=1; lp<minc; Ip++ X64 .
(p P P ) This Sheet Has Beep Replaceq
a[lp] = aflp}> > 1; X65 / /”/I// /” // /”I /If
30 a0h = a[ip}; X66 l”/
a0 = a0 + rc *2* a[minc-ip]; X67
a0 = round(a0); X68
THIS SHECT HAS BEEN
REPLACED




c) 0.0 (value of b) rounded to 3 bits). Anal ogous with the precedin
obser vht 0842560 now have as an error: F = (1 - 5/8) = 3/8. mcr@meﬂwgﬁs/ 8)
is sel gcted as the output value, there is a value of F = (O - 3/8) = -3/8
for thg error according to the sane scherrg of [I]. According to the
i nvent§f on, we now have: F = (O- 3/8) = -3/8. The invention
with ifs enbodinents will be explained with reference to the draw ng
Figurep, in which,, _ .. Fig. 1 shows specific transm ssion
systenfin which ?ﬂg T RTRSBY can be used, X9 Fig. 2 shows the
basic fpircuit di agramof+ g «adapipiyve predictignofilter,
7
al = round(al); X71
} X72
5 a[ip ] = alh; X73
a[minc-ip] = alh; X74
} X75
a2 = a2> >EXPa; X76
a2 = round(a2); X77
10 if (sign > 0) a2 = -a2; X78
a[minc] = a2h; X79
} X80
a[0] = EXPa; X81
return; X82
15 _ X83 _
%83 Thﬁlsl}iiﬂt,l{as Been Replaced
LEDUMO,fad U]
a[0] = -1; X85

return; X86
20 '
Explanations of the pseudo code:
In fixed-point representation the prediction coefficients a[i] can only
assume values between -1.0 and +1.0. Since, however, the coefficients a[i] can exceed
1.0 (rows X47 ... X75) during the recursion, all the coefficients are represented in the
25 block floating-point format. This is to say, all the coefficients are normalized to a
common basis 28¥%, so that the mantissa of all the normalized prediction coefficients
lies again between -1.0 and +1.0. At the start of the Levinson Recursion no coefficients
have been computed yet, therefore the exponent EXPa is set to 0 (row X1).
Row 01 is not carried out here, because a(0) = 1.0 need not additionally
30 be computed.
Rows 02 and 03 are converted similarly in the loop having the running

variable minc. Therefore, an explanation of the fixed-point resolution will be given

THIS SP¥TT HAS BEEN
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& the basic circuit diagramof a speech coder and per/m9aoooss
avbgrans for clarifying a difference between the invention and
the art. Fig. 1 gives a diagramatic

ion of a transm ssion system conprising a coder 101 and a

102 on a transmtting side and a receiver 103 and a decoder 104
I ng side. The conbination of the coder 101 with the transmtter
t he, %qa@i nation of the receiver 103 with the decoder 104 fornms a
g . The coder 101 codes a speech signal 10a by
n adamtre vellpregi gescoiption (of dhe fingd-paint smplemearating of 7w dotterd7st i ¢

.C di -the 4 | ' ] ane '

e Sped T g PR Ra2-oPHRR i BERETRGRRRT ARG |,
Ehi s bi Lokt 6s (@xtab witht the aucofrelation coeffiticit gfmincifh A Thehari t rate
s el ghal 10b is 16 khit/s. The signal K 10b_consists of parangters
;c -[npliepian 106 wREeler pafoaded ¥ Bednyitisss Af HePreBighs!xtcogiput
1 onizp Lo SR S 02 S RIA bipdl R Bl
Phown iJfritiestsd rawbngld espedially e emphasizfiBthah tiehcdeficiemtaa]8]sist e
ed i‘gna.I Into a signal LOC and qu_ch Sl gq’al
z ‘chl\kd in the cr—=%zation, because a multiplication by a[0] = 1 need not

'ﬁ{i\mally be c==——==3 out.

Tz= ===]1 result of the accumulation, first without the component

- a.,!2‘.;«1-[minc], s —=cnced in row X21 from the floating-point representation to the

_ wpoint repres=—=0n by a left shift arrangement for denormalizing the 32-bit result

_ h;\-umulator el

: Irr mo=s X22 to X24 the component a[0]*2*r{minc] is added up while a

farder 32-bit-wice —=zister al is used. There should be noted that the lower part of the

| ggisRr al is to Te =—=sed, because, owing to its use, the auxiliary register al could still

> eagain previous wz==s at other locations.

Iz —o=3s X25 to X28 the counter term for the division is prepared to

coapute the curr=z= (k™) reflection coefficient rc. The division demands positive input

; éaa having a 16 5= data width which is achieved in row X25 by a rounding operation
of & 32-bit-wice -=sult in a0.

3 Rec"s=13 at the input of a divider unit are directly loaded to carry out the

= division for the co—Duration of the current (k) reflection coefficient rc; an exponent is

pecessary. Tm=c= should be stated here that in [I] the division by floating-point

values of alpha === Dum, recovered from a0 of row X24, is carried out. This

~ eoezesponds to = —ocsiderable increase of the necessary computing speed.

Tz —=sult of the division in row X31 is computed with an accuracy of 17

. the 17 biz 2=z necessary for the rounding operation. This rounding is performed

- mow X33 10 co—ozie the current (k") reflection coefficient and in row X77 to

soupute the ci——=—= (¥™) prediction coefficient. In row X32 the result of the division, of

_ #3ich the 17 biz=s == stored right-justified in the 32-bit-wide register a2, is

- @yropriately ad=—r=3 10 the fixedly set decimal point before the rounding operation.
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correspond he signal 10b except for coding and transm Sgij S.
The de dﬂ%?ﬂ%§ﬁ3decodes the signal 10c also with the aid ofiihﬂgaﬁgkgée
predicfion filter 10B. The result is a signal 10d. Except for coding,

decodi g and transmi ssion errors the signgé 10d corresponds to the speech
si.gnalf 10a. The adaptive prediction filters 10A and | OB determ ne

si gnal§ dependent filter coefficients (prediction coefficients) according to
the LeyinsodnduihBicBriBaCHEs hwbeewse&?e{&&s%@%mlg R etred OR flesticn

al gorifhmfor determning 1n a step-by-step fashion the solutions of a

set coeffeipnatre dsndervfedviindrathe npperqeit oft therd2-bitvwide ragister Alopy ireading
mat ri thus a s rical matrix having the same elenents along a given
di agorfal . the Spp rr?ggé‘t'“‘fa%w_ﬂ&?hbredi ction coefficients (NCOF stands for
nber of these g¢pedi %3?;159&46 e R @Q@@bf‘éﬁ)hﬁﬁ?ébﬁbh@ﬂ i? 'tit)éh gfanﬂére

unequijvocal |y a consequence of the requirement that the sum of t .
predi gt i 6n knowarhesgefarths whide allrtherinmat and output sygwablescarerepregenied drethei Enbist a

[ | : . F | Jf. | i | . lied
P thd | noutegrpoidormat, Herd o SRR Bty iS ek of BirerePeca’ tis Rt ©
out puff val yg @mpudRions htemadé wiltheflbdigaptintYepresentation for alpha and alh (aOh

corresponds to sum in row 09), which corresponds to a considerable increase of the

required computing speed.

10 In rows X45 to X74 the previously computed predictor coefficients are
adapted (recomputation and adaptation of the block floating-point format). This
corresponds to the operations from rows 015 to 018. The special thing about this is that
in the case of an overflow during the recomputation of the prediction coefficients afip]
and a[minc-ip] respectively, all the (i.e. the coefficients already recomputed and not yet

15 recomputed, thus those previously computed) coefficients af1], a[2], ... a[minc-1] are
reduced by the factor of 1/2 (= right shift by 1 bit in row X54, X65, respectively). No
overflow can then take place any longer when there is a recomputation in rows X55,
X56, X57 and X66 to X71, respectively.

After the adjustment of the old coefficients (computed previously) has

20 been terminated, the new (k™) prediction coefficient a[minc] is computed from rc (see
row 020). In the fixed-point format there should be noted that also the new (k*)
coefficient is to be stored in the block floating-point format. Therefore, the reflection
coefficient rc computed above, which is available in the non-normalized fixed-point
format, is stored in a[minc] after a right shift by EXPa bits. With the solution given

25 here, first the reflection coefficient, which is still stored in register a2 and has a 17-bit
resolution, is shifted to the right by EXPa bits and subsequently rounded with an
accuracy of 16 bits. This is the decisive difference from the solution published in {I] in
which the reflection coefficient already rounded directly after the division is shifted to
the right by EXPa bits and the new prediction coefficient is derived by clipping to 16

30 bits. This very difference at this position leads to the 16-bit fixed-point implementation
of the Levinson Recursion described here which produces better results with attendant

considerably '=<c cost of computation than the solution shown in [I].
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')][err]

10

15

20

25

30

err] a(i) * s(n - i)

(1)
gﬁgggbs c edi ct ed sanpling val ue s(EOr/Boi/obdse sum
3 squar es fi ’ [err] [ y(n + i) +

17

Fig. 2 shows an adaptive prediction filter. Such prediction filters comprise
a filter in a narrower sense 2 and a control unit 1. The filter in the narrower sense 2
produces output values y(n) according to equation (1) and sends them over a line a2.
Input values s(n) are applied both to the filter in the narrower sense 2 and to the control
unit 1 over a line bl.

The control unit 1 may again coarsely be subdivided into two functional
units 1A and 1B. The functional unit 1A computes correlation coefficients from a
section of the input signal, conveys these values to the functional unit 1B which
determines therefrom, by reducing the expression (2), new prediction coefficients with
the means described above. The control unit 1 then substitutes over a line bl the whole
block of coefficients computed by unit 1B for the prediction coefficients used so far.
The described filter comprising the functional unit 1B can be used several times in
modern speech codecs.

Fig. 3 shows a predictive speech coder by which the coded speech signa]
is also decoded to improve the coding. Therefore, a special description of a decoder is
omitted.

The speech signal to be coded is applied in the form of sampling values to
the coder via a line 6a. A subtracter 6 subtracts therefrom the appropriate values of the
speech signal again decoded by the coder, which speech signal is applied to the
subtracter 6 over a line 4a. Over a line 6b the difference is sent to a unit 9 which makes
a spectral weighting of the difference signal (for an extensive representation compare,
for example, CHEN, J.H.: HIGH-QUALITY 16 KB/s SPEECH CODING WITH A
ONE-WAY DELAY LESS THAN 2MS. 1990, IEEE S9.1, pp. 453 to 456), after
which for a speech signal segment the sum of the error squares is formed and stored.
For a segment of the speech signal on line 6a, 128 different coding options are tested
and, finally, the option bringing about the fewest errors is sent to the receiver as a code
signal.

These 128 options arise from the fact that a code book referenced 1 stores
128 so-called vectors. Each vector is a sequence of sampling values, which sequence
contains a simulation of the signal, by which the vocal tract of a human being can be
excited, for example, for resonance. The vectors are read consecutively from code book

1 and scaled by a controllable scaler 2 (this corresponds to the volume control when
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matrix will arise if the sanpling values outside this segnent are
zero. The elenents of the Toplitz nggrix are in this case the val ues
autocorrel ation function of the input signal at the sanpling

s of the input signal, which function will be referenced
rel at ed kon
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The diagrams of Fig. 4 graphically show what has been demonstrated
hereinbefore with respect to two examples, that is to say, that with the conversion of
prediction coefficients in a block floating point format with mantissas to 3 bits, the -

10 invention on average produces better results than according to the state of the art (I).

| Output data are all the positive binary numbers with 4-bits resolution. To facilitate the
verification of the two lower diagrams, the upper diagram shows an assignment of the
output data in binary representation (the sign bit is omitted) as against their
representation in fractions.

15 The middle diagram shows the error F which is made if the output data are first
rounded according to [I] and then the mantissas are computed with 3-bits resolution.
The lower diagram shows the error F which is made if the mantissas are first computed
with 4-bits resolution and then rounded to 3 bits. The scale for the error F is the same

in either case and corresponds to that of the upper diagram.




r(0) .§. r(NCOF = Autocorrel ation coefficients Qutput >

val uesja( 9.4(2.5363( NCOF) = Prediction coefficients a(0) ECTH/IRP4/00086
01 (ry =-r(l)y 1/ r(O 02 alpha =r(O + r(l)
* a(l) 03 For minc=2,3,4, .9 ,NCOF 04
9. { sum=0 05

CLAIMS:

n’i?ﬁ?iﬁ‘[i'ii;ﬁiﬂ“;i{’f,‘jﬁ’, U

L. Transmission system comprising:

- at least a coder (101) for coding a signal (10a),

- at least a transmitter (102) for transmitting the coded signal (10b) to at least a

receiver (103),

- at Jeast a decoder (104) for decoding the coded signal, and

5 - at least an adaptive prediction fiiter (10A, 10B) provided at least for a coder,
the adaptive prediction filter including:

- means for computing correlation coefficients from segments of sampling
values of an auxiliary signal that depends on the signal or on the decoded
signal, as well as

10 - means for determining reflection and prediction coefficients from the
correlation coefficients in N-bit fixed point arithmetic,

and in that the following means are provided for recursively determining the

prediction coefficients to be represented in the block floating point format:

a) means (X31) for computing the k™ reflection coefficient

15 b) means (X74, X75) for recomputing the k-1 previously computed prediction
coefficients while utilizing the k™ reflection coefficient obtained under a),

¢) means (X51-X58; X62-X72) for adapting the block floating point format of the k-
1 prediction coefficients already recomputed and not yet recomputed if during the
recomputation of the k-1 previously computed prediction coefficients overflow

20 occurs, so that N bits are no longer sufficient to represent a recomputed prediction
coefficient,

d) means (X62-X72) for continuing the recomputation of the k-1 prediction
coefficients for the prediction coefficient at which the overflow as under ¢) has
occurred,

25 e) means (X76) for converting the k™ reflection coefficient to a floating point format

number whose exponent is represented by the exponent determined under c¢) of the




for ip 1,2,3,...,mnc- sum:sum+r !l"%;
a(.i p) V@]94’2g960 This Sheet Has Been Rep laced 08 IIB9+’ 6
=-sum /f al pha III'"JH! ”I m al pha alpha + sum* rc

010 20 011 ' I —
0.0) bgeak _ ”"’"””” m ium,
013 For ip=1,2,3,...,mnc/2 014 * ¢ {t =sa( « 1p)
rc * a(lmnc |p) f&% nc-ip) +rc * a( ip)) 016
a(ip ) )bl&:;tSﬂoatmg point at, g%{n? a(minc-ip) = R

013 f) means (X79) for storing the number obtained un@&ﬂe) as the k® ;&éﬂicfiﬁ:)l_

02 0]
render ft he proglcaﬁflf@%eé‘bs given in the pseudo code even nor e

2. Transmission system as claimed in Claim 1, characterized by:
5 2a) means (X31) for computing the k* reflection coefficient with a minimum
resolution of N+1 bits,
2b) means (a2) for buffering the k® reflection coefficient with a minimum
resolution of N+1 bits, |
2c¢) means (X76) for converting the k® reflection coefficient buffered under
10 2b) to a floating point format according to €) (Claim 1) whose mantissa
has a resolution of at least N-+1 bits,
2d) means (X77) for rounding to N bits the mantissa obtained under 2c) and
2e) means (X79) for storing the mantissa rounded under 2d) as the mantissa
of the k® prediction coefficient.
15 3. Terminal unit (LE) comprising:
- at least a coder (101) and/or at least a decoder (104),
- at least a transmitter (102) and/or at least a receiver (103), and
- at least an adaptive prediction filter (10A, 10B), the adaptive prediction filter
including:
20 - means for computing correlation coefficients from segments of sampling
' values of a signal, as well as
- means for determining reflection and prediction coefficients from the
correlation coefficients in N-bit fixed point arithmetic,
and in that the following means are provided for recursively determining the
25 prediction coefficients to be represented in the block floating point format:
a)  means (X31) for computing the k® reflection coefficient
~ b)  means (X74, X75) for recomputing the k-1 previously computed prediction
coefficients while utilizing the k* reflection coefficient obtained under a),
c) means (X51-X58; X62-X72) for adapting the block floating point format of the k-
30 1 prediction coefficients already recomputed and not yet recomputed if during the

recomputation of the k-1 previously computed prediction coefficients overflow

occurs, so that N bits are no longer sufficient to represent a recomputed prediction
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transgarent, several rBAissshggH5 e al gorithm shown above will be further

expl aijnedyo 94/25960 s Repag@ef fi ci ent carrying t hePGRFRI4GPOS{COF
and t NCOF+ 1 aut ocor // icients are required as input data.
The prjedi ctor coefficien nticaé with the nunmber of filter
cqoeffijcients a(i) in equation (1). e aut éorrel ation coefficients r(0),

nd so on, up to r(NCOF) are determ ned by other functional units not
sed here, Whiffi;h’ however, are known to a person skilled in the art.
The prledi ction cO%fH¢EMents a(0), a(1l) and so on, up to a(NCOF) are out put
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autocqrrel ation coeffici ent and whose addend is the product of the first
ation coef$5l™&M and the first prediction

5 e) means (X76) for converting the k™ reflection coefficient to a floating point format
number whose exponent is represented by the exponent determined under ¢) of the
block floating point format, and _

f)  means (X79) for storing the number obtained under €) as the k*® prediction
coefficient.

10 4. Terminal unit as claimed in Claim 3, characterized by:

2a) means (X31) for computing the k* reflection coefficient with a minimum
resolution of N+1 bits,

2b) means (a2) for buffering the k™ reflection coefficient with a minimum
resolution of N+1 bits,

15 2c) means (X76) for converting the k® reflection coefficient buffered under
2b) to a floating point format according to e) (Claim 3) whose mantissa
has a resolution of at least N+1 bits,

2d) means (X77) for rounding to N bits the mantissa obtained under 2¢) and
2e) means (X79) for storing the mantissa rounded under 2d) as the mantissa

20 . of the k® prediction coefficient.

5. Coder (101) for coding a signal (10a),
- comprising at least an adaptive prediction filter (10A, 10B), the adaptive
prediction filter including:
- means for computing correlation coefficients from segments of

25 sampling values of an auxiliary signal that depends on the

signal or on the decoded signal, as well as

- means for determining reflection and prediction coefficients
from the correlation coefficients in N-bit fixed point
arithmetic,

30 and in that the following means are provided for recursively determining the

prediction coefficients to be represented in the block floating point format:

a) means (X31) for computing the k™ reflection coefficient,
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occurs, so that N bits are no longer sufficient to represent a recomputed prediction
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coefficient,

d) means (X62-X72) for continuing the recomputation of the k-1 prediction

coefficients for the prediction coefficient at which overflow as under ¢) has
10 occurred,

e) means (X76) for converting the k® reflection coefficient to a floating point format
number whose exponent is represented by the exponent determined under c¢) of the
block floating point format, and

f)  means (X79) for storing the number obtained under €) as the k® prediction

15 coefficient.
6. Coder (101) as claimed in Claim 5, characterized by
2a) means (X31) for computing the k* reflection coefficient with a minimum
resolution of N-+1 bits,
2b) means (a2) for buffering the k™ reflection coefficient with a minimum
20 resolution of N+1 bits,
2¢) means (X76) for converting the k™ reflection coefficient buffered under
2b) to a floating point format according to €) (Claim 5) whose mantissa
has a resolution of at least N+1 bits,
2d) means (X77) for rounding to N bits the mantissa obtained under 2¢) and
25 2e) means (X79) for storing the mantissa rounded under 2d) as the mantissa
of the k® prediction coefficient.
7. Decoder (104) for decoding a signal (10c),
- comprising at least an adaptive prediction filter (10B), the adaptive
prediction filter including:
30 - means for computing correlation coefficients from segments of sampling
values of an auxiliary signal that depends on the signal or on the decoded

signal, as well as
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10 recomputation of the k-1 previously computed prediction coefficients overflow
occurs, so that N bits are no longer sufficient to represent a recomputed prediction
coefficient,

d)  means (X62-X72) for continuing the recomputation of the k-1 prediction
coefficients for the prediction coefficient at which overflow as under c¢) has

15 occurred,

e) means (X76) for converting the k® reflection coefficient to a floating point format
number whose exponent is represented by the exponent determined under c) of the
block floating point format, and

f)  means (X79) for storing the number obtained under €) as the k® prediction

20 coefficient. _

8. Decoder (104) és claimed in Claim 7, characterized by:

2a) means (X31) for computing the k® reflection coefficient with a minimum
resolution of N+1 bits,

2b) means (a2) for buffering the k™ reflection coefficient with a minimum

25 _ resolution of N-+1 bits,

2¢) means (X76) for converting the k® reflection coefficient buffered under
2b) to a floating point format according to ) (Claim 7) whose mantissa
has a resolution of at least N+1 bits,

2d) means (X77) for rounding to N bits the mantissa obtained under 2¢) and

30 2e) means (X79) for storing the mantissa rounded under 2d) as the mantissa

of the kK prediction coefficient.

9 Adaptive prediction filter (Fig. 2), comprising
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Several definitions are to be introduced 24rst: > > Right shift

oper at i @3 Sheet Hag
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10.

will

real i sing the Levinson-Durbin Recursion in 16-bit fixed- poi nt
be described with reference to the foll ow ng pseudo code.

Replaced
l”/ means for computing correlation coefficients from segments of

sampling values of a signal as well as
- means for determining reflection and prediction coefficients
from the correlation coefficients in N-bit fixed point

arithmetic,

and in that the following means are provided for recursively determining the

prediction coefficients to be represented in the block floating point format:

a)
b)

d)

2a)

2b)

2¢)

LT

means (X31) for computing the k® reflection coefficient,

means (X74, X75) for recomputing the k-1 previously computed
prediction coefficients while utilizing the k* reflection coefficient obtained
under a),

means (X51-X58; X62-X72) for adapting the block floating pbint format
of the k-1 prediction coefficients already recomputed and not yet
recomputed if during the recomputation of the k-1 previously computed
prediction coefficients overflow occurs, so that N bits are no longer
sufficient to represent a recomputed prediction coefficient,

means (X62-X72) for continuing the recomputation of the k-1 prediction
coefficients for the prediction coefficient at which overflow as under c)
has occurred,

means (X76) for converting the k™ reflection coefficient to a floating point
format number whose exponent is represented by the exponent determined
under c) of the block floating point format, and

means (X79) for storing the number obtained under ‘e) as the k® prediction
coefficient.

Adaptive prediction fiiter (Fig. 2) as claimed in Claim 9, characterized
by:

means (X31) for computing the k* reflection coefficient with a minimum
resolution of N+1 bits,

means (a2) for buffering the k* reflection coefficient with a minimum
resolution of N+1 bits,

means (X76) for converting the k® reflection coefficient buffered under

2b) to a floating point format according to e) (Claim 7) whose mantissa
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a2 =fphum/ den; X5 a2 = az2<<l15;

X6, al | 0942890 X7 if(r[1] > 0) al = -RAT/IBI4/00086
X8 rcly alh; X9 a[l] = alh;

X10 a@ = O; Xl ath = r[Q;

X12 a@ = aO + rcl *2* r[1]; 2/(3a0:round(a0);

X14 alfpha = aOn; 5 for (mnc=2; mnc < =NCCF;

m nc+ {+) X16 { aO = 0; X17 for (ip=1; ip <
m nc; {i p++) X18 a0 = a0 + r[mnc-ip] *2* alip] X19

xX20 a0 = alx <EXPa; xX21 all = 0;

X22
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al :?[mnc] X23 a0 = a0 + al:

x24 | aGve s2e968( aO) ; X25  sign = aOh;  FC1/IB94/00086
X26 num = aoOh; X27 if (num < 0) nuneE -num
X28 i f (num > = al pha) X29 goto LEDUMO fail ed;
X30 a2 = num/ al pha; 3/@1 a2=a2<<15:
X32 al = round(a?); 3 If (a0 > 0) al = -al;
X34 rc = al h; X35
X36 :
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13 all = 0; X37 al h = al pha;

X38 al =al + rc *2* aOh; X39 al = round(al);

X40 i f (al pha <= 0) X41 goto LEDUMO fail ed;

X42 al pha = al h; X43 ! I
X44 a0 =0; X45 al 0

X46 for (ip=l; ip <= (minc> > 1); ip++) X47 {_a)rBFJ’LApEMfNT SHEET
X48

Transmission system comprising at least a coder. 12 MAR 1997

The invention relates to a transmission system comprising at least a coder
for coding a signal, at least a transmitter for transmitting the coded signal to at least 2
receiver, at least a decoder for decoding the coded signal and at least an adaptive
prediction filter,

"The invention likewise relates to a terminal unit, a coder, a decoder and
an adaptive prediction filter.

Such a transmission system can be obtained, for example, without
difficulty from the document "Draft of G.728 Fixed Point Specification" Doc. AH. 93-
D.3, CCITT Study Group XV, Lon.don, March 29-30-1993, and from CCITT '
Recommendation G.728, "Coding of speech signals at 16 kbit/s using low-delay code
excited linear prediction”. The two documents will henceforth be referenced 1] and [11I].
Such transmission systems can always be used when multiple use is to be made of a
given transmission capacity. The reduction of the bit rate of a signal during coding
makes it possible, for example, to hold four telephone conversations simuitaneously
over one 64 kbit/s transmission channel. |

The multiple use of a given transmission capacity has very much
importance in radio channels, as will be readily understood if one thinks of the rising
number of subscribers of mobile radio systems. Also the storage capacity of a memory
with an arbitrary storage medium can be used to considerably more advantage when bit
rate reducing coders and appropriate decoders are used, because less storage space is
necessary for storing an information signal. |

_ o It is known to utilize linear prediction for bit rate reduction. In [I] and [11] .
prediction coefficients are computed by an adaptive prediction filter. The computation is

performed segment by segment with the sample values of an auxiliary signal. The
auxiliary signal may be an (electric) a‘ii;dio signal or a speech signal, for example,
coming from a person. Altem‘atively, it is possible for the auxiliary signal to be a

synthetic audio or speech signal as produced in a coder which operates according to the



aQ = a0 + rc *2* a[mnc-ip]; X49 a0 = round(aO; e, X50

If (overflow in aO X51 { EXPa = EXPa.t.l. d X52
for (Ip=l; Ip<mnc; |p++) X563 a[lp]=all ]RE%GEMENT SHEET ¢} X54
a0Oh = a[ip]; X565 aO = a0 +irc_* al.m-ne~+Ry| ; X56
a0 = round(aO; X57 } 2 X58
alh = a[mnc-ip]; X59 al = al +lrcl*3? §T&|°pfa;q7 X60
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EXPa = E?ﬁndpl&of “analysis by synth68i3". AClineat Bortéla
aflp] = al[lp] >>1; X65 th:aJ
a0 = aO +valye {predigfion valueppf the auxdiiary signal an

signal is realised with the prediction coefficients. The prediction coefficients are
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p&vfous sampling values of this

determined so that the sum of the squares of all the errors computed for a segment of
sampling values assumes a minimum value. An error is here meant to be understood as
the difference between a sampling value and its predicted value. More accurate
descriptions will be given hereinbelow.

In [I and [IIJ an excited signal is converted into a synthetic audio signal
by a synthesis filter. This synthetic audio signal is subtracted from an audio signal to be
coded and the difference is used for optimizing the selection of the excited signal.

The computation of the prediction coefficients calls for correlation
coefficients which are derived from the sampling values of the synthetic audio signal.
The computation of the prediction coefficients on the basis of the correlation coefficients
calls for much circuitry and cost. To reduce this circuitry and cost the prediction .
coefficients are computed recursively. To begin with, a first reflection coefficient is
computed from the two first correlation coefficients. From the first reflection coefficient
the first prediction coefficient is derived. Furthermore, also a prediction error is
computed, which is an indication of the quality of the prediction. Then, a next (second)
reflection coefficient is determined with the next (second) correlation coefficient, the
previously computed prediction coefficients (at this point only the first prediction
coefficient is concerned) and with the current prediction error. With this (second)
reflection coefficient and the previously computed prediction coefficients the previc.msly
computed prediction coefficients are recomputed. Then, a next (second) prediction
coefficient and a new prediction error are computed. The recomputation of the
previously computed prediction coefficients and the computation of a further prediction
coefficient is repeated so many times that all the necéssary prediction coefficients are
known. '

In [1I] an implementation in floating point arithmetic is proposed for
obtaining sufficient accuracy. The drawback of an implementation in floating point
arithmetic is the large circuitry. For this purpose, in {I] there is proposed to implement
16-bit fixed point arithmetic in which results and intermediate results of the computation

are retained in the so-called block floating point format. This is meant to be understood
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as the representation of a block of numbers in floating point format, with the restriction,
however, that all the numbers of the block have the same exponent (with base 2). The
common exponent is selected:such that all the mantissas are situated within prescribed
limits. In [I} there is provided that all the mantissas are situated between -1 and +1. In
the block floating point format, for example, the prediction coefficients are shown
which, from previous experience, assume values that. may be on the order of 10.

If, for example, overflow occurs when the prediction coefficients are recomputed i.e. a

recomputed prediction coefficient will be 1 or exceed 1, the mantissas of all the

Ipreviously computed prediction coefficients will be divided by 2 and the common

exponent (with base 2) will be increased by 1. Then the recomputation is started anew.
The change of the block floating point format due to overflow will here be called
adaptation of the block floating point format. For the repeated recomputation only the
mantissas of the previously computed prediction coefficients are used, and only with 16-
bit resolution. The reduction of the resolution from at least 17 bits to 16 bits which is
sometimes necessary for the computation can be effected in different manners. The
manner of reduction according to [I] will be outlined with the aid of an example. If, for
example, the third reflection coefficient has just been computed with a resolution of 17
bits - between the third reflection coefficient and the third prediction coefficient to be
derived therefrom there is only a difference in the numerical representation - it is
shortened by a rounding to 16 bits, so that the two first prediction coefficients can be
recomputed therewith in 16-bit fixed point arithmetic. If there is an overflow during this
recomputation, also the rounded third reflection coefficient is, for example, divided by
two when recomputation has ended, and the result which has a resolution of 16 bits is

stored as a mantissa of the third prediction coefficient. The division is broken off after

16 bits (including the sign bit). Due to the binary system this operation corresponds to a

shift of the decimal point by one position while the least-significant bit is lost. This
procedure causes the inaccuracies - especially with a large number of prediction
coefficients - to become unacceptably large. _

It is an object of the invention to reduce the computation circuitry and
cost in a transmlssmn system of the type defined in the opemng paragraph, without
reducmg the computational accuracy.

A transmission system having this property comprises
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X79 } X80 al 0]. = EXPa.

X81 return; X82 ?2 M.Aﬁ f@?

X83 4 X83 'LEQ})LJI\b failed:

X84 a[0] = -1, X85 return;

X86 Expl anati ons of the pseudo code: I n lfixed-point
representati on gtheaspaa@ddet forrvodingfd sighéipts a[i] can only assunme val ues
between -1.0 and + 1.0. Since, however, the coeffjcients a[i] can exceed
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- at least an adaptive prediction filter provided at least for a coder, the adaptive

prediction filter including:

- means for computing correlation coefficients from segments of sampling
values of an auxiliary signal that depends on the signal or on the decoded
signal, as well as | |

- means for determining reflection and prediction coefficients from the
correlation coefficients in N-bit fixed point arithmetic,

and in that the following means are provided for recursively determining the

prediction coefficients to be represented in the block floating point format:

a) means for computing the k® reflection coefficient,

b) means for recomputing the k-1 previously computed prediction coefficients while
utilizing the k™ reflection coefficient obtained under a),

c) means for adapting the block floating point format of the k-1 prediction
coefficients already recomputed and not yet recomputed if overflow occurs during
the recomputation of the k-1 previously computed prediction coefficients obtained
under b), so that N bits are no longer sufficient to represent a recomputed

“prediction coefficient,

d) means for continuing the recomputation of the k-1 prediction coefficients for the
prediction coefficient at which the overflow as under c) has occurred.

e) means for converting the k™ prediction coefficient from the k™ reflection
coefficient computed under a) in a floating point format, whose exponent is
represented by the exponent determined under c) of the block floating point
format, and '

f)  means (X79) for storing the number obtained under e) as the k* prediction
coefficient.

If overflow occurs during the recomputation of the prediction coefficients,
according to [I} the floating point format of all the k-1 previously computed prediction
coefficients is adapted and then the recomputation is started again from the beginning.

In contrast, the embodiment according to the invention avoids a not inconsiderable part
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The invention is based on the recognition that the prediction coefficients already
recomputed, except for the block-floating point format, correspond to the values which
would appear if the recomputation were repeated.
The order of the means ix;dicated above and also to be indicated below is pot to be
understood in such a way that they are also to be activated in this order in time.
A further embodiment of the invention comprises
2a) means for computing the K® reflection coefficient with a minimum
. resolution of N+1 bits, (
2b) means for buffering the k® reflection coefficient with a minimum
resolution of N+1 bits,
2c) means for converting the k® reflection coefficient buffered under 2b) to a
floating point format defined under e), whose mantissa has a resolution of
at Jeast N+1 bits,
2d) means for rounding to N bits the mantissa obtained under 2c), and
2e) means for storing the mantissa rounded under 2d) as a mantissa of the k*
prediction coefficient.
| The transmission system according to the invention is distinguished from a
transmission system described in [I] in that the k® reflection coefficient after its first
computation is buffered with a minimum accuracy of N+1 bits. For the recomputatiop
of the k-1 previously computed prediction coefficients a value is used which B
distinguishes itself from the buffered value by a limitation to N bits. If overflow occurs
during the recomputation of the k-1 previously computed prediction coefficients, the
buffered value is divided, for example, by 2 after the recomputation has finished, and
then rounded to N bits. This way of incorporating the k* prediction coefficient in the
(adapted) block floating point format produces an error which is at most as large as the
corresponding error in [I]. However, equally important is it to find that the sign of the
error according to the invention appears to turn out as often positive as negative, which
is different from [IJ.
These assertions will now be confirmed with the aid of two simple

examples.
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ar Iroangeme cgen Fiealsi VH% 3 R'eb@z‘-%fﬂq\m?'bghh‘eq Hglggmemsagpn e started

In rows nl.0 X24 the conponent a[0]*2*r[m nc] is added up while a further

32-bit-wide register al is used. There should be noted that the |ower part
of the register al Insa fiostiexamplese&® refiection epeffivieny hao aivaiueusfes5¢31eln the

ocat i onsbinasy sysiem Sis SeHiacion snetieiest g reRaeri 33 brine dith #5 cepeing

(rj|CV| ihgnd%i%,gﬁcggn‘gﬁgégggy%?\r;;e&ig%%h;?ragrfgu&m:err]) refl ection coefficient
a) 0.101 (k% reflection coefficient: +5/8 with 4-bits resolution)
b) 0.11 -(value of b) rounded to 3 positions for the recomputation of the k-1

previously computed prediction coefficients)

c) 0.00 (value of b) divided by 4, also with 3-bits resolution. This value is the
mantissa of the k® reflection coefficient in the block floating point format

with the exponent 2 and with base 2)

For making an assertion about the error if the approximation c) is used in
lieu of a), c) is first to be multiplied again by 4. The difference between the value
resulting therefrom and the output value is the error F. In the present case
(representation as a fraction) F = ( - 5/8) = -5/8.

In contrast, according to the invention there is provided:
a) 0.101 (k" reflection coefficient: +5/8 with 4-bits resolution),
b) 0.001 (value of a) divided by 4, also with 4-bits resolution),

- €) 0.01 (value of b) rounded to 3 bits).
Analogous with the preceding observations we now have as an error: F = (1 - 5/8) =
8. -
If 0.011 (+3/8) is selected as the output value, there is a value of F = (0 - 3/8) = -3/8
for the error according to the same scheme of [I]. According to the invention, we now
have: F = (0 - 3/8) = -3/8.

The invention with its embodiments will be explained with reference to
the drawing Figures, in which:

Fig. 1 shows a specific transmission system in which the invention can be
used,

Fig. 2 shows the basic circuit diagram of an adaptive prediction filter,



data having a 16 bits data width which is achieved i{n 2 Ry ndi ng
operation of the 32-bit-wide result in ao0. REQ{YA@éﬁ\{%rSQEéf t he

i nput of a divider unit are directly |oaded to carry qut the divisiqgnifor
the conputation of the current (k[err]) reflection dodffiQ MR 1397 an
exponent is not necessary. There should be stated hgrg that in [I1] tihe
division by floating-point values of alpha and num jrecovered from a0 |of
row X24, is carried_out. This corresponds_ to a consiiderabl e increase df the
necessary conputi ngFigaceshows the basic circuit diagramcof\a SPEGEN CORETAM sion 1 n row
X31 is computed wt . r |+ i | [ . '
necessary for the rgl 31' %%%p@g%?ﬁ%nfyf%hgﬁpgéﬁf%g@é b%g&ﬁhrtlrigwgu?%w X33
t 0 conput end ke staterofrthe @it err]) reflection coefficient and in row X77 to
conpute the current_(k[err]) predictiqn coefficjent, In rqw,X32 the result

of the division, ofFighilkcgiVeha diagrynmatic represepfation, of s irapspission sYSIEM ¢ he
32-bi t-w Q&H'bﬁ%ggtaeéod%ﬁ 104 %agﬁﬁ'ﬁﬂﬁﬁ@ér ('I)Qoﬁlgﬂ%gmﬁtﬁné Rfte’ dndefteteRel 103

deci mal porn ore the roundi ng opera
and a decoder 104 on a receiving side. The combination of the coder 101 with the

transmitter 102 and/or the combination of the receiver 103 with the decoder 104 forms
a terminal unit LE. '

The coder 101 codes a speech signal 10a by means of an adaptive
prediction filter 10A. This filter has characteristic features according to the invention,
which will become apparent in the following. The speech signal 10a has a bit rate of 64
kbit/s. The coder 101 reduces this bit rate to the bit rate of the coded signal 10b. The
bit rate of the coded signal 10b is 16 kbit/s. The signal 10b consists of parameters of
the speech signal 10a which parameters are determined segment by segment.

The transmitter 102 transmits the coded signal 10b - transcoded into a
transmission code, as required - vig a transmission channel shown in the drawing to the

. receiver 103 which transcodes the transmitted signal into a signal 10c and which signal
corresponds to the signal 10b except for coding and transmission errors.

The decoder 104 decodes the signal 10c also with the aid of an adaptive
prediction filter 10B. The result is a signal 10d. Except for coding, decoding and
transmission errors the signal 10d corresponds to the speech signal 10a. The adaptive
prediction filters 10A and 10B determine signal-dependent filter coefficients (prediction
coefficients) according to the Levinson-Durbin Recursion. The Levinson-Durbin
Recursion is an algorithm for determining in a step-by-step fashion the solutions of a
linear set of equations of which the coefficient matrix is a Toplitz matrix, thus a
symmetrical matrix having the same elements along a given diagonal.

The NCOF prediction coefficients (NCOF stands for the number of these
coefficients) for an adaptive prediction filter are unequivocally a consequence of the
requirement that the sum of the prediction error squares be minimized on average over
a signal section of a given length.

For example, if sampling values s(k) are applied to the input of the filter,

the following linear combination will be the output value of the filter at the instant n:



16 After the correct sign has been used in row X34, finally the current
reflection coefficient rc is derived fromthe upper_part of the 32-hif-w de

regi ster al by reading the upper 16-bit-w de word al rh PLACEMENT SHEET |n
nEtII”Te mpunner Wh

rows X37 to X40 the new val ue of al pha is conputed

henceforth, while all the input and outmut variableg are éﬁrﬂé{ﬁﬁﬁ efd ¥kn the
e

16-bit fixed-point format. Here too special nentionji$

a¢t
nt

that at this position in [I] conputations are nade W th.floating-p

representation for al pha and aOh (aGnh corresponds t sumin row 09), which

corresponds to a consi der abl ewcpncr ease of the requi led conput-i-nRg-speed.

In rows X45 to X74 theydmdvirodsl ya Ebhpitseln prédi ctor cddf)icients

are

adapted (reconputati on and adagptation of the block floating-point fornmat).
This corresponds to the operations fromrows 015 to 018. The special thing

about 1t hifpd mﬁ@gg)iiﬁl chiMidered meoﬁ&reai&teavsahfﬂﬁag/_ Valliel §(). 10 ehe QUGR O Wedkrron Of
ficrents alip

the prediction c and a[ m'nc-ip] respectively,
(i.e. theqoareffis formedd.al r eady reconputed and not yet

LSEG - 1
Y, [ym+i) +s(n+i))? (2)

i=0

of a segment comprising LSEG sampling values, if (1) is put in (2) while the

all the

coefficients a(i) are minimized in (2), above set of equations with the Toplitz matrix

will arise if the sampling values outside this segment are set to zero. The elements of

the Toplitz matrix are in this case the values of the autocorrelation function of the input
signal at the sampling instants of the input signal, which function will be referenced
autocorrelation coefficient r(minc) hereinafter. A detailed representation of the
Levinson-Durbin Recursion is found in: L.R. Rabiner/R.W. Schafer, "Digital Pocessing
of Speech Signals”, Prentice-Hall, 1978. '

In the following the algorithm of the Levinson-Durbin Recursion
expressed in Rabiner/Schafer by the equations (8.67) to (8.72), is represented as a
pseudo code because this code permits a better detection of the program steps an

arithmetic unit is to carry out for the computation of the prediction coefficients.

LEVINSON-DURBIN Recursion (Pseudo code):

Input values: NCOF . = Predictor Coefficient
1(0) ... r(NCOF) = Autocorrelation coefficients
Output values:a(0) ... a(NCOF) = Prediction coefficients

a(0) = 1.0 01

a(l) = -r(1) / r(0) 02

alpha = r(0) + r(1) * a(l) 03

For minc=2,3,4,...,NCOF 04



reconput ed, thus those previously conputed) coefficients a[l], a[2], )
a[mnc-1] are reduced by the factor of 1/2 (= right shift by 1 bit in row
X54, X65, respectively). No overflow can then take place any |onger when
there is a reconputation in rows X55, Xg6, X57 and X66 to X71,

respectively. After the adjustnment off 1 g@#{;}wg L{%g\_ents
I on

(comput ed previously) has been term nated, the newli(
)i I'n the f1xed ppint

coef ficient agm' nclai s conputed fromrc (s 5 [ OW 0
f or mat ther{e 'HBuTcP be noted that also the new (k[err]) {5 439t} i5 to
be stored in fdrapiogrR,3,l 0ghinBa- poi nt formede Therefoje, the refleckipn
coefficient rc conputed above, which is available ijn the non-nornalizgd

fi xed- poi nt for sem, =i symyror@pintdpht #iRk] af®%r a rijght_shift by EXPa bits.
Wth the solution given here, first the refhgction coefficient, which is
still stored in register a2 and has a 17-bit resolution, is shifted to the
ri ght by EXPargi t2 agign gulfitaquent |y roundedO® th an accuracy of 16 bits.
This is the decisive difference fromthe solution published in [I] in which
the reflecti odpbdet plphachisuml #d8dy rounded @9 ectiy after the division is
shifted to the right by EXPa bits and the crjﬁ?\’fpredi ction coefficient is
derived by clipping to 16 bits. This very difference at this position |eads
to the 16-bi tif{al <p2i00) brsgkenent ati on ofOlhe Levi nson Recursion

descri bed here i ch produces better results with attendant considerably
| ess cost of conmputation than the solution hown in [1].
For ip=1,2,3,...,minc/2 014

{ Rl =a( ip)+ rc*a(minc-ip)) OIS
R2 = a(minc-ip) + rc *a( ip) O16

aip ) =Rl 017
a(minc-ip) = R2 - 018
019
a{minc) = rc 020
021

To render the program steps given in the pseudo code even more
transparent, several rows of the algorithm shown above will be further explained.

The predictor coefficient carrying the name of NCOF and the NCOF+1
autocorrelation coefficients are required as input data. The predictor coefficient NCOF
is identical with the number of filter coefficients a(i) in equation (1). The
autocorrelation coefficients r(0), r(1) and so on, up to r(NCOF) are determined by other
functional units not disclosed here, which, however, are known to a person' skilled in
the art.

The prediction coefficients a(0), a(1) and so on, up to a(NCOF) are output _
data.

Rows 01 and 02 comprise assignments to the two first prediction
coefficients. In row 03 there is an assignment to an auxiliary variable alpha (prediction
error for NCOF=1) whose augend is the zero™ autocorrelation coefficient and whose

addend is the product of the first correlation coefficient and the first prediction



17. Fig. 2 shows an adaptive prediction [f REPEACERERD SHEET
prediction filters conprise a filter in a narrower sensfe

unit 1. The filter in the narrower sense 2 produces outjpu éimw
n

according to equation (1) and sends themover a line a2z s n
are applied both to the filter in the naldower sense 2 fan ol
unit 1 over a line bl. The control unit lijmy agai n coarsely

be subdivided into two functional units 1A and 1B. The
conput es coeffiwienti on coefficients froma section of the input signal,

conveys these val uege 9 LlRclol Wkirkat NEBE id Bk, the computation is over,

otherwise a loop having a running variable minc is passed through, which variable

assumes all integers from 2 to NCOF. In the loop for the running variable minc all the
previously computed prediction coefficients a(1), a(2) and so on, up to a(minc-1) are
changed (recomputed), as is shown in rows 017 and 018. At the end of all.the

~ instructions which are to be carried out for the current value k of the running variable
minc, a value is assigned to the prediction coefficient having the index minc, as is
shown in row 020. This prediction coefficient is to be referenced the k* prediction
coefficient; the variables sum and rc (reflection coefficient) which are computed for the
first time for the current value k of the running variable minc are to obtain the same
addition.

| In the loop having the running variable minc two further loops are passed

through which are not interleaved and have the running variable ip, the upper value of
which variable depends on the current value of the running variable minc, as is shown
in rows 06 and 014,

Auxiliary variables are those carrying the names of alpha, sum, rc, Rl
and R2. The auxil_iaxy variable alpha is the sum of the error squares according to
equation (2), and also has a descriptive meaning; alpha is the energy content of the
error signal (prediction error). This content is always to be positive. The computation is
therefore broken off if there is a value for alpha smaller than or equal to zero, as is
shown in row 012, Also the variable rc has a desériptive meaning; it is the so-terined
reflection coefficient which plays a part in the so-called tube modei of the vocal tract. A
reflection coefficient which occurs as a quotient of the auxiliary variables sum and
alpha, as is shown in row 09, belongs to each prediction coefficient.

Most real-time implementations of speech coding methods according to
which also coefficients for adaptive filters are to be computed, are based on 16-bit
fixed-point arithmetic units, while intermediate results are available partly with
enhanced accuracy (for example, 32 bits). The accuracy of the result of the Levinson
Recursion decisively depends on the computational accuracy in the recursion. As
regards-computational accuracy the most sensitive positions in the pseudo code are

found where intermediate results of multiplication or division are available with higher



determ nes therefrom by reducing the expression (J)ngwgéﬁ 5!‘”55?1
coefficients with the nmeans descri bed above. The cantjrol unrt I T
substitutes over a line bl the whole block of coeff]igi eh@sMARNNI7 e t_y uni t
| B for the prediction coefficients used sig far. Thg described filta@r
conprising the functional unit | B can be used severlal tines I n noderr

speech codecs. Fig. 3 shows a predictijve speech coder by which
the coded ?&Sﬁ%n%art?t th @ﬁ@raﬁeaﬂedm&emﬁrerrwuﬁ&ﬁ m@ a9 espopllTREe, a
speci al description o ecoder is omtt he speech signal

to be codelbwsoz,pml(b’lj()%(llﬁemi;r(iﬁéoﬁnds&ﬁ)l ing values to the coder via a
line 6a. A subtracter 6 btr act romth riate.v S-0f, the
speech signal again 6&8@@8 Hé’i/"iaﬁ %iev%ﬁ?'bf?“gggég%“ﬁ%m %’geta@iﬁdl ed to
the subtr aphift af afithivellc, av;ixlueeaéaubéa/ﬁnh %efeké?x%e 46 th oIIWihE bSES dodeSSVerdl0 @
unit 9 which, makes -a spectra welég hting of the difference signal (for an
ext ensi ve defmitonsarettode introduged, fifstsr exanpl e, CHEN, J.H.: H G+ QUALITY 16
KB/ s SPEECH CODI NG W TH A ONE- WAY DELAY LESS THAN 2Ms. 1990, | EEE S9.1, pp.
453 to 456), after whi ch for a speech signal segnent the sum of the error
squares i s gh mlFor a segnment of the speech signal on |ine
erent co

6a, 128 di I ng optlons are tested and, finally, the option
bri ngi ng about the fewest errors is sent to the receiver as a code signal.

<<  Left shift operation;

round (reg) Rounding operation performed on a 32-bit-wide register "reg". Let us
assume that the bits in “"reg" are numbered 0, 1, 2, ..., 31, while the sign
bit is bit 31 and the significance of the individual bits decreases from bit
30 towards bit 0. Rounding with an accuracy of 16 bits then means that
bit 15 is added to bit 16 after which the bits 16 to 31 are used as the

result.
*2*  Fixed-point multiplication;
/ Fixed-point division;
Since the division is very costly to carry out, the result of the division is
computed accurate to only as many positions as are absolutely necessary.

Results of the divisions are flush right in the register containing the results.

X, means the 16 most significant bits of a 32-bits word x.

x, means the 16 least significant bits of a 32-bits word x.

16-Bits fixed-point Levinson Recursion (Pseudo code):

EXPa = 0; X1
den = r[0]; X2
num = r{l1]; X3

if (num < 0) num = -num; X4



These 128 options arise fromthe fact that a code book referenced 1 stores
128 so-called vectors. Each vector is a sequence of sanpling val ues, which
sequence contains a simulation of the signal, by which the vocal tract of a

human bei ng can be excited, for exanple, for resonance.

The vectors are

read consecutively fromcode book 1 and scaled 12 a controllable scaler 2

(this corresponds to the vol unme control  when

18 human speech is generated).  The scaler 2 is controlled v

Subsequently, the a2 = num/ den;
a2 =a2<<l1s;
al = round(22);
if (x[1] > 0) al = -al;

rcl = alh;
af1] = alh;
a0l = 0;

aOh = r[0];

a0 = a0 + rcl *2* rf1];

‘a0 = round(a0);

alpha = a0h; _
for (minc=2; minc < =NCOF; minc++)
{ a0 = 0;

for (ip=1; ip < minc; ip++)
a0 = a0 + r[minc-ip] *2* a[ip]

a0 = a0< <EXPa;

all = 0;

al . = r{minc];
a0 = a0 + al;
a0 = round(a0);
sign = a0h;
num = alh;

if (num < 0) num = -num;
if (num > = alpha)

goto LEDUMO _failed;
a2 = num / alpha;
a2 = a2<<15;
al = round(a2);
if @0 > 0) al = -al;

rc = alh;

X5
X6
X7
X8
X9
X10
X11
X12
X13
X14
X15
X16
X17
X18
X19
X20

X22
X23
X24

X25

X26
X27
X28
X29
X30
X31
X32
X33
X34
X35
X36
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scal ed vectors are fed to a predictor 4, 5 and 8 havi ng backward
prediction. The predictor forns a copy of the operation of the human vocal
tract. It conprises a filter 5, 8 as shown in Fig. 2. Such filters are
furthernore included in the units 3 and 9. Via aline lais transmtted,
for exanple, the nunber of the vector that s led to the fewest errors in
the current speech signal segnent. The diagrans of Fig. 4
graphi cal |y show what has been denonstrated hereinbefore with respect to
two exanpl es, tha& 18 §0 say, that with the conygysion of prediction
coefficients in a })I ocK floating point format with mantissas to 3 bits, the
invention on aver aye =paipiages better results t h¥38according to the state of
the art (1). Qutput data are*%LI fl.he positive b#gary nunbers—wi-t+h-4-bi ts -~ -
resol ution. To fadllFtald th&2Ve@PNtication of t t wo IomTr—-di-a-gLarrrt, the
upper di agram shogf gnr(ﬁﬁ,%kggnent of the outputxdeta in bifnREPLACEMENT SHEET
representation (the sign brt’is onmtted) as against their {r } N
fractions. The m ififaiphdi €g¢ & shows the error FXd&hi ch is rade Hf m py
data are first rounded %M .&o_[l] and the&ﬁzhe mant ijsslas ;% mte
with 3-bits resol ut iES ?‘?ﬂ’agramshows e error, |F ek~ t
if the nanti ssas g{ af;raqlh.corrput ed with 4-bitsx4dsol utiof and then rounded
to 3 bits. The scal'e for the error Fis the sane in either-ease—ane
corresponds to that of the upper diagram X44 :

—

d

a0 = 0; X45
al = 0; X46
for (ip=1; ip <= (minc> >1); ip++) X47
{ aOh = afip]; X438
a0 = a0 + rc *2* a[minc-ip}; X49
a0 = round(a0); X50
If (overflow in 20) X51
{ EXPa = EXPa + 1; X52
for (lp=1; lp <minc; Ip++) X53
allp] = allp)>>1; . Xs4
a0h = afip]; . X55
a0 = a0 + rc *2* a[minc-ip]; X56
a0 = round(a0); X57
} X58 i
alh = a[minc-ip]; : X59
al = al + rc *2* a[ip]; X60
al = round(al); X61
If (overflow in al) ' - X62
{ EXPa = EXPa + 1; X63
.for (lp=1; lp <minc; Ip++) X64
a[lp] = aflp]> >1; X65
aOh = afip]; - X66
a0 = a0 + rc *2* a[minc-ip]; X67

a0 = round(a0); X68
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CLAI Ms: 1 Transm ssion system conprising: - at

| east a coder (101) for coding a signal (10a),

14

alh = a[minc-ip]; X69 -
al =al +1c 2% alip; X70 REPLACEMENT SHEET
al = round(al); X71 - .
} XT2 | 12 MAR 1997
alip ] = a0h; X73 |
a[minc-ip] = alh; X74 | o |
} X75
a2 = a2> >EXPa; X76
a2 = round(a2); X77
if (sign > 0) a2 = -a2; %78
a[minc] = a2h; X79
} X80
a[0] = EXPa; . X81
return; X82 .

X83

X83

- LEDUMO_failed: X84

a[0] = -1;. o X85
returmn; X86

Explanations of the pseudo code:

- In fixed-point representation the prediction coefficients a[i] can only ]
assume values between -1.0 and +1.0. Since, however, the coefficients a[i] can exceed
1.0 (rows X47 ... X75) during the recursion, all the coefficients alle represented in the
block floating-point format. This is to say, all the coefficients are normalized to a
common basis 25%P, so that the mantissa of all the normalized prediction coefficients
lies again between -1.0 and +1.0. At the start of the Levinson Recursion no coefficients
have been computed yet, therefore the exponent EXPa is set to 0 (row X1).

Row 01 is not carried out here, because a(0) = 1.0 need not additionally
be computed. :
Rows 02 and 03 are converted similarly in the loop having the running

variable minc. Therefc;re, an explanation of the fixed-point resolution will be given



- at least a transmtter (102) for transm tting the coded signal (10b)

to at least a recei ver (103), - at |l L, Cip4) for
decodi ng the coded signal, and - at | east 'ggﬁﬁﬂ EMENBﬁﬂﬁE t§on
filter (10A, I OB) provided at |east for a coder, thre—adept § ve
prediction filter including: - means

coefficients fromsegnents of sanpling 15

Om ' el ati on
sia uesn a= Xiliary
signal that depends on the signal or on the decoded

wel | as means for determning refle

coeffici eh?’§‘"le’t9m ‘t he correl ati on coe t fixed

poi nt ari Fi}% will be a czé%&‘i‘pdd?: bk fb%ﬁ é{ oftti ?(l)ée}%dﬁ?dﬁsofafo%/sp%fi’d ged for

recursively determning Ion Icients

repr esent burows Xia, mecao ddnoeaslzm@fz—pmwnﬂe focumnilatian) registeran’s n{uftiplicatibnr
conputing.the Klerr | ectjon coeffi ent b ) for
reconput i input qgeq}sr;p WD Jhe 3HB g icight r?mmc"é’g'ebf'xé‘g%t s while

utilizing L f [ ed TEans
(X51- X58; iyl 1%%'{ frgh “@frécégt bt i3 Joaded e o haggés?ndgﬁg%kg%"os?’)nﬁ?rﬁ%‘ft the k-
é pr edi tCL normaliized predietot sctaeffmreattd;r[lp]e ﬂmmbaalted rectpomnt E(Pi therpmge dctm 411
uring r.ecanpug at.i.on o ut ed_predi ction
coef fi ci eﬁ'lesmef ignte, It s °“ld6€P§f|‘§1t Wé“o“"f‘ 31 s‘kél" lqnbﬁ AS B8Ok fi ci ent
to represgiydddif Qﬁl{rﬂb‘ﬁﬁﬁlzﬁﬁ&g'%&@ a muluphcatlon by a[0] = 1 need not
additionally be carried out.

The final result of the accumulation, first without the component £
a[0]*2*r[minc], is reduced in row X21 from the floating-point representation to the '
fixed-point representation by a left shift arrangement for denormalizing the 32-bit result
in accumulator a0.

In rows X22 to X24 the component a[0}*2*r[minc] is added up while a
further 32-bit-wide register al is used. There should be noted that the lower part of the
register al is to be erased, because, owing to its use, the auxiliary register al could still
contain previous values at other locations.

In rows X25 to X28 the counter term for the division is prepared to
compute the current (kK*) reflection coefficient rc. The division demands positive input
data having a 16 bits data width which is achieved in row X25 by a rounding operation
of the 32-bit-wide result in a0. - (*

Registers at the input of a divider unit are directly loaded to carry out the
division for the computation of the current (k) reflection coefficient rc; an exponent is
not necessary. There should be stated here that in [I] the division by floating-point N
values of alpha and num, recovered from a0 of row X24, is carried out. This
corresponds to a considerable increase of the necessary computing speed.

The result of the division in row X31 is computed with an accuracy of 17
bits, the 17™ bit being necessary for the rounding operation. This rounding is performed
in row X33 to compute the current (k™) reflection coefficient and in row X77 to
compute the current (k™) prediction coefficient. In row X32 the result of the division, of
which the 17 bits are stored right-justified in the 32-bit-wide register a2, is
appropriately adapted to the fixedly set decimal point before the rounding operation.



coefficient, d) means (X62-X72) for continuing thE ﬂ@&éﬁﬁdﬁ&fl%ﬁf

k-1 prediction coefficients for the prediction fH+etent—at—

the k[err] reflection coefficient to a floating pointif

the overflow as under c) has occurred, e) mean& (%Zg%ﬁ QhagqF O
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whose exponent is represented by the expddnent deterp het—under—ey

20 bl ock floating point format, and f) pans (X79) for sto

1

t he
ch
brting
ber

he
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t he nunber obtained under e) the k[err] prediction

After the correct sign has been used in row X34, finally the current reflection
coefficient rc is derived from the upper part of the 32-bit-wide register al by reading
the upper 16-bit-wide word alh.

In rows X37 to X40 the new value of alpha is computed in the manner
known henceforth, while all the input and output variables are represented in the 16-bit
fixed-point format. ‘Here 00 special mention is made of the fact that at this position in
[I} computations are made with floating-point representation for alpha and aOh (aOh
corresponds to sum in row 09), which corresponds to a considerable increase of the
required computing speed.

In rows X45 to X74 the previously computed predictor coefficients are
adapted (recomputation and adaptation of the block floating-point format). This
corresponds to the operations from rows 015 to 018. The special thing about this is that
in the case of an overflow during the recomputation of the prediction coefficients a[ip}
and a[minc-ip] respectively, all the (i.e. the coefficients already recomputed and not yet
recomputed, thus those previously computed) coefficients a[1], a[2], ... a[minc-1] are
reduced by the factor of 1/2 (= right shift by 1 bit in row X54, X635, respectively). No
overflow can then take place any longer when there is a recomputation in rows X585,
X56, X57 and X66 to X71, respectively. _

After the adjustment of the old coefficients (computed previously) has
been terminated, the new (k) prediction coefficient a[minc] is computed from rc (see
row 020). In the fixed-point format there should be noted that also the new (k%)
coefficient is to be stored in the block floating-point format. Therefore, the reflection
coefficient rc computed above, which is available in the non-normalized fixed-point
format, is stored in a[minc] after a right shift by EXPa bits. With the solution given
here, first the reflection coefficient, which is still stored in register a2 and has a 17-bit
resolution, is shifted to the right by EXPa bits and subsequently rounded with an
accuracy of 16 bits. This is the decisive difference from the solution published in [I] in
which the reflection coefficient already rounded directly after the division is shifted to
the right by EXPa bits and the new prediction coefficient is derived by clipping to 16
bits. This very difference at this position leads to the 16-bit fixed-point implementation
of the Levinson Recur.sion described here which produces better results with attendant

considerably less cost of computation than the solution shown in [I].
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filter  yunit1l ovépglhﬁglmg means for conputing correlation
coefficients fromsegnents of sarrpl ing val ues of a signal, as
wel | as The control unit 1 may again coarsely be subdivided into two functional

units 1A and 1B. The functional unit 1A computes correlation coefficients from a
section of the input signal, conveys these values to the functional unit 1B which
determines therefrom, by reducing the expression (2), new prediction coefficients with
the means described above. The control unit 1 then substitutes over a line b1 the whole (7
block of coefficients computed by unit 1B for the prediction coefficients used so far.
The described filter comprising the functional unit 1B can be used several times in
modern speech codecs.

Fig. 3 shows a predictive speech coder by which the coded speech signal
is also decoded to improve the .coding. Therefore, a special description of a decoder is
omitted.

The speech signal to be coded is applied in the form of sampling values to
the coder via a line 6a. A subtracter 6 subtracts therefrom the appropriate values of the
speech signal again decoded by the coder, which speech signal is applied to the
subtracter 6 over a line 4a. Over a line 6b the difference is sent to a unit 9 which makes
a spectral weighting of the difference signal (for an extensive representation compare, C
for example, CHEN, J.H.: HIGH-QUALITY 16 KB/s SPEECH CODING WITH A
ONE-WAY DELAY LESS THAN 2MS. 1990, IEEE S9.1, pp. 453 to 456), after
which for a speech signal segment the sum of the error squares is formed and stored.
For a segment of the speech signal on line 6a, 128 different coding options are tested
and, finally, the option bringing about the fewest erférs is sent to the receiver as a code
signal.

These 128 options arise from the fact that é code book referenced 1 stores
128 so-called vectors. Each vector is a sequence of sampling values, which sequence
contains a simulation of the signal, by which the vocal tract of a human being can be
excited, for example, for resonance. The vectors are read consecutively from code book

1 and scaled by a controllable scaler 2 (this con"esponds to the volume control when



- means for determning reflection and prediction coefficients fromthe
correlation coefficients in N-bit fixed point arithnetic, and in
that the foll owi ng neans are provided for recursively determ ning the
prediction coefficients to be represented in the block floating point
format: a) means (X31) for conputing the k[err] reflection coefficient b)
means (X74, X75) for reconputing the k-1 _previously conputed prediction
coefficients while utilizing the k[err] Fgflection coefficient obtained
under a), c) means (X51- X58; X62-X72) for adapting the block floating

poi nt format of the k- edi ¢ction coef ients alte recqQnmpyt ed
nd ot _ydEmBcwr Bcesneratedi RS sraler 215 rallsftar ol b SieeRgy: e
previ ous| ycaledRebees Hetrel ¢6 aPtediont 4, 5 A § haviagUaekivard pre@iRfbA.STh&O that N
bits are no longer sufficient to represent a reconputed prediction

predictor forms a copy of the operation of the human vocal tract. It comprises a filter 5,
8 as shown in Fig. 2. Such filters are furthermore included in the units 3 and 9. Vig a
line 1a is transmitted, for example, the number of the vector that has led to the fewest
errors in the current speech signal segment.

The diagrams of Fig. 4 graphically show what has been demonstrated
hereinbefore with respect to two examples, that is to say, that with the conversion of
prediction coefficients in a block floating point format with mantissas to 3 bits, the
invention on average produces better results than according to the state of the art (I).
Output data are all the positive binary numbers with 4-bits resolution. To facilitate the
verification of the two lov./er diagrams, the upper diagram shows an assignment of the
output data in binary representation (the sign bit is omitted) as against their
representation in fractions.

The middle diagram shows the error F which is made if the output data are first
rounded according to [I] and then the mantissas are computed with 3-bits resolution.
The lower diagram shows the error F which is made if the mantissas are first computed
with 4-bits resolution and then rounded to 3 bits. The scale for the error F is the same

in either case and corresponds to that of the upper diagram.
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21 coefficient, d) means (X62-X72) for continuing the
reconputation of the k-1 prediction coefficients for the prediction
coefficient at which overflow as under c) has occurred, e) means
(X76) for converting the k[err] reflection coefficient to a floating point
f or mat nunber whose exponent is re|d|9esent ed by the exponent determ ned
under c) of the bl ock floating point format, and f) nmeans” ( X79) for
storing the nunber obtained under e) as the k[err] rﬁgbgééﬁ

coef fi ci eGLAIMS: Ternminal unit as clained i MENT SHEET
characterized by means X31 for conpytijng the RerT]
reflection coeff|C|ent esol | 0 ] t#its
2b) neans (a2) for buffemmg“mu“mmj l“ efl ectionjc ?cﬁehr?tfgvg\nw:f 3
m ni num resol’ution of N+ 1 bits, . 20) neans (X76)| for
converting the k[err] reflection coefficient buffergd under
2b) to a floating point format according to e) (C aim3) whosSé mantrssa

1. Transmission system comprising:

- at least a coder (101) for coding a signal (10a),

- " at least a transmitter (102) for transmitting the coded sighal (10b) to at least a |

receiver (103), '

- at least a decoder (104) for decoding the coded signal, and

- at least an adaptive prediction filter (10A, 10B) provided at least for a coder,

the adaptive prediction filter including:

- means for computing correlation coefficients from segments of sampling
values of an auxiliary signal that depends on the signal or on the decoded
signal, as well as

- means for determining reflection and prediction coefficients from the
correlation coefficients in N-bit fixed point arithmetic,

and in that the following means are provided for recursively determining the

prediction ;:oefﬁcients to be represented in the block floating point format:

a) means (X31) for computing the k™ reflection coefficient

b) means (X74, X75) for recomputing the k-1 previously computed prediction . (
coefficients while utilizing the k® reflection coefficient obtained under a),

c) means (X51-X58; X62-X72) for adapting the block floating .point format of the k-

1 prediction coefficients already recomputed and not yet recomputed if during the
recomputation of the k-1 previously computed prediction coefficients overflow
occurs, so that N bits are no longer sufficient to represent a recomputed prediction
coefficient,

d) means (X62-X72) for continuing the recomputation of the k-1 prediction
coefficients for the prediction coefficient at which thé overflow as under c) has
occurred,

e) means (X76) for converting the k* reflection coefficient to a floating point format

number whose exponent is represented by the exponent determined under c) of the



has a resolution of at least N+ 1 bits, .2d) neans (X77) for

roundi ng to Nbitsthe—+anti ssa obtai ned under 2c) and....._.....2e) neans
(X79) for storj rounded under 2d) as the mantissa

of the k[err] Mllﬂlﬂﬂmlﬁﬂﬂﬂiﬁﬂlcu ent. 5. o ?p%d@ﬂ%\ﬁfgﬁ gﬂd! ng a
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signal or on the decoded as well as
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recursively deter ef ERrh Gk sadt
represent ed I n thghgqug%m %slterr]réa%ga‘rr:ﬂéﬂx? %lmﬁp nmeans (Q?,l) for
conputi ng the Rakr njeane{X3D)tfoorompefifg tieckt reﬂectxon coefficient with a minimum

ngans

resolution of N+1 bits,
2b) means (a2) for buffering the k™ reflection coefficient with a minimum
resolution of N+1 bits, '
2c) means (X76) for converting the k® reflection coefficient buffered under
'2b) to a floating point format according to €) (Claim 1) whose mantissa
has a resolution of at least N+1 bits,
2d) means (X77) for rounding to N bits the mantissa obtained under 2c) and
2e) means (X79) for storing the mantissa rounded under 2d) as the mantissa
of the k® prediction coefficient.
3. Terminal unit (LE) comprising:
- at least a coder (101) and/or at least a decoder (104),
- at least a transmitter (102) and/or at least a receiver (103), and
- at least an adaptive prediction filter (10A, 10B), the adaptive prediction filter
including: '
- means for computing correlation coefficients from segments of sampling
values of a signal, as well as X
- means for determining reflection and prediction coefficients from the
correlation coefficients in N-bit fixed point arithmetic,
and in that the following means are provided for recursively determining the
prediction coefficients to be represented in the block floating point format:
a) means (X31) for computing the k® reflection coéfﬁcient
b)  means (X74, X75) for recomputing the k-1 previously computed prediction
coefficients while utilizing the k* reflection coefficient obtained under a),
¢) means (X51-X58; X62-X72) for adapting the block floating point format of the k-
1 prediction coefficients already recomputed and not yet recomputed if during the
recomputation of the k-1 previously computed prediction coefficients overflow

occurs, so that N bits are no longer sufficient to represent a recomputed prediction



22 b) means (X74, X75) for reconputing the k-
prediction 66eLLLc|ents mhlle utilizing the '
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coeffici eng) at [ nmeans
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occurred,
e) means (X76) for converting the k® reflection coefficient to a floating point format

number whose exponent is represented by the exponent determined under c) of the
block floating point format, and
f)  means (X79) for storing the number obtained under e) as the k® prediction
coefficient.
4. | Tenninal unit as claimed in Claim 3, characterized by:
2a) means (X31) for computing the k® reflection coefficient with a minimum
resolution of N+1 bits,
2b) means (a2) for buffering the k® reflection coefficient with a minimum
resolution of N+1 bits,
2c) means (X76) for converting the k* reflection coefficient buffered under
2b) to a floating point format according to €) (Claim 3) whose mantissa
has a resolution of at least N+1 bits, _
2d) means (X77) for rounding to N bits the mantissa obtained under 2c) and
Ze) means (X79) for storing the mantissa rounded under 2d) as the mantissa
of the k® prediction coefficient.
5. Coder (101) for coding a signal (10a),
- comprising at least an adaptive prediction filter (10A, 10B), the ad;.ptive
prediction filter including:

- means for computing correlation coefficients from segments of
sampling values of an auxiliary signal that depends on the
signal or on the decoded signal, as well as

- means for determining reflection and prediction coefficients
from the correlation coefficients in N-bit fixed point
arithmetic,

and in that the following means are provided for recursively determining the
prediction coefficients to be represented in the block floating point format:

a)  means (X31) for computing the k* reflection coefficient,
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segnents of <Seeeprs; §g that N bits are no longer sufficient to represent a recomputed prediction
coefficient,

d) means (X62-X72) for continuing the recomputation of the k-1 prediction
coefficients for the prediction coefficient at which overflow as under c) has
occurred,

e) means (X76) for converting the k® reflection coefficient to a floating point format
number whose exponent is represented by the exponent determined under c) of the
block floating point format, and

f)  means (X79) for storing the number obtained under e) as the k® prediciion
coefficient.

6. Coder (101) as claimed in Claim 5, characterized by

2a) means (X31) for computing the k* reflection coefficient with a minimum
resolution of N+1 bits,

2b) means (a2) for buffering the k™ reflection coefficient with a minimum
resolution of N+1 bits,

2c¢) means (X76) for converting the k* reflection coefficient buffered under
2b) to a floating point format according to €) (Claim 5) whose mantissa
has a resolution of at least N+1 bits,

2d) means (X77) for rounding to N bits the mantissa obtained under 2¢) and

2e) means (X79) for storing the mantissa rounded under 2d) as the mantissa
of the k® prediction coefficient. .

7. Decoder (104) for decoding a signal (10c),

- comprising at least an adaptive prediction filter (10B), the adaptive
prediction filter including:

- means for computing correlation coefficients from segments of sampling
values of an auxiliary signal that depends on the signal or on the decoded

signal, as well as
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coefficients while utilizing the err] reflectio

n, coefficient obtained

under a), correlation coefficxents in N-bit fixed point arithmetic,

and in that the followmg means are provided for recursively determining the

prediction coefficients to be represented in the block floating point format:

a) means (X31) for computing the k* reflection coefficient

b) means (X74, X75) for recomputing the k-1 previously computed prediction

coefficients while utilizing the k® reflection coefficient obtained under a),
c) means (X51-X58; X62-X72) for adapting the block floating point format of the k-
1 prediction coefficients already recomputed and not yet recomputed if during the

recomputation of the k-1 previously computed prediction coefficients overflow

occurs, so that N bits are no longer sufficient to represent a recomputed prediction

coefficient,

d) means (X62-X72) for continuing the recomputation of the k-1 prediction

coefficients for the prediction coefficient at which overflow as under c) has

occurred,

. €) means (X76) for converting the k™ reflection coefficient to a floating point format

number whose exponent is represented by the exponent determined under c) of the

block floating point format, and
f) . means (X79) for storing the number obtained under

coefficient.

e) as the k™ prediction

8. Decoder (104) as claimed in Claim 7, characterized by:

2a) means (X31) for computing the k™ reflection coefficient with a minimum

resolution of N+1 bits,

2b) means (a2) for buffering the k™ reflection coefficient with a minimum

resolution of N+1 bits,

2c) means (X76) for converting the k® reflection coefficient buffered under

2b) to a floating point format according to €) (Claim 7) whose mantissa

has a resolution of at least N+1 bits,

2d) means (X77) for rounding to N bits the mantissa obtained under 2c) and

2e) means (X79) for storing the mantissa rounded under 2d) as the mantissa

of the k* prediction coefficient.

S. Adaptive prediction filter (Fig. 2), comprising
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prediction coefficients to be represented in the block floating point format:

a) means (X31) for computing the k® reflection coefficient,

b)  means (X74, X75) for recomputing the k-1 previously computed
prediction coefficients while utilizing the k™ reflection coefficient obtained
under a),

c) means (X51-X58; X62-X72) for adapting the block floating point format
of the k-1 prediction coefficients already recomputed and not yet _
recomputed if during the recomputation of the k-1 previously computed
prediction coefficients overflow occurs, so that N bits are no longer
sufficient to represent a recomputed prediction coefficient,

d) means (X62-X72) for continuing the recomputation of the k-1 prediction
coefficients for the prediction coefficient at which overflow as under c)
has occurred,

e) means (X76) for converting the k® reflection coefficient to a floating point
format number whose exponent is represented by the exponent determined
under c) of the block floating point format, and i

f)  means (X79) for storing the number obtained under e) as the k™ prediction
coefficient. '

1.0. Adaptive prediction filter (Fig. 2) as claimed in Claim 9, characterized
by: .

2a) means (X31) for computing the k* reflection coefficient with a minimum
resolution of N+1 bits,

2b) means (a2) for buffering the k™ reflection coefficient with a2 minimum
resolution of N+1 bits,

2c) means (X76) for converting the k™ reflection coefficient buffered under

2b) to a floating point format according to €) (Claim 7) whose mantissa



2b) to a floating point format according to e) (Claim7) whose nmantissa
has a resolutiion of at least N+ 1 bits, 2d) neans (X77) for
unding to N bi s the TmaAti‘ssa obtained under 2c) and 2e) means

(X79) for stor| Hm ﬂ"ﬂ:ﬂlﬂmﬁu ounded under 2d) as the mantissa
of the k[err] p ul ent. 9. Adaptlve prediction

filter (Fig. 2), corrpr|S| 25 nmeans for
conputing correlation coeffl cients from segnents of
sanpling values of a signal as well as

has a resolution of at least N+1 bits,
2d) means (X77) for rounding to N bits the mantissa obtained under 2c) and
2e) means (X79) for storing the mantissa rounded under 2d) as the mantissa
of the k® prediction coefficient.
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means for determining reflection and prediction coefficients
fromthe correlation coefficients in N-bit fixed point

arithnetic, and in that the followi ng nmeans are provided for
recursively determning the prediction coefficients to be
represented in the block floating polnggformat: a) means ( X31)
for conmputing the k[err] reflection coefficient, b) means ( X74,
X75) for reconputing the k-1 previously conputed prediction
coef fici ents whrRansMIssazoN) SYSTEHM COMPRISTIING AL LEAST A CJORER obt ai ned
under a), C) means (X51- X58; X62-X72) for adapting the bl ock
floating point formt of the k-1 prediction coefficients

al ready reconputed and not yet ABSTRACT reconputed if during the
reconmputation of the k-1 previously conputed predictlion

coefficients overflow occurs, so that N bits are_no, | onge
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I's represent e(d.l.&y) ,t h%tenggggt getr%rc@:.%q (103) and at least a
decoder (104). At least for a coder (161_) is at least
provided an adaptive prediction filter (102, 10B) by
means of which speech or a:.ud.iolsignals'are coded while
their bit rates are reduced. The filter coefficients
for an adpative prediction £ilter (10A, 10B) are

recursively determined according to the Levinson-

Durbin Recursion in fixed _point arithmetic.
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under c) of the block floating point format, and f) means ( X79)
for storing the nunber obtained under e) as the k[err] prediction

coefficient. 10. Adaptive prediction filter (Fig. 2) as clained in
Claim9, characterized by: 2a) means (X31) for
conputing the k[err] reflection coefficient wwth a m ni num

resolution of N+l bits, 2b) nmeans (a2) for buffering the k[err]
reflection coefficient with a mninu resolution of N+ 1 bits,
2c) means (X76) for converting the k[err] reflection coefficient buffered
under 2b) to a floating point format according to e) (Claim7)

whose manti ssa
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25 has a resolution of at |east N+1 bits, 2d) means (X77) for
rounding to N bits the manti ssa obtai ned under 2c) and 2e) neans (X79) for
storing the manti ssa rounded under 2d) as the mantissa of the k[err]
predi ction coefficient.
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