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(57) Abstract

An analogue signal coder suitable for use in a speech codec for digital radio system comprises means (12) for digitising the analogue
signal, means (22) for deriving a long term correlation coefficient for the analogue signal and means (24) for deriving a number of short
term coefficients. The coder also includes means for deriving an excitation sequence which can be used to synthesise an approximation to
the analogue signal. The means (22) for deriving a long term coefficient derives a plurality of sums of products of samples of the digitised
signal and means for intetpolating the sums of products. The long term correlation coefficient is derived from the interpolated plurality of
sums of products with fractional resolution and reduced computational complexity. :




provi ded to both coder and decoder), as long term (or pitch-related) and
short term (or spectral envel ope) prediction coefficients together with
sonme paraneters including gain values. In order to reduce the coded
bit-rate and the 30 conplexity of the coder, the long term prediction
filter is usually a single tap device although | arger nunbers of taps
(notably three) have been used. Typical values of the delay required of a
“long termprediction filter in a speech: 2 coder are between 2 and 20

m | liseconds, corresponding to pitches of between 500 and 50Hz. As has been
observed in International Patent Application No. WO 91/03790, the speech to
be coded is sanpled at around 8kHz so the period 5 of a high pitched
voi ce signal can correspond to just 16 sanple periods. |If integer val ues of
sanpl e period are used to define the long termpredictor (LTP) delay then
the resolution is poor. This quantisation inaccuracy can cause quite severe
distortion in the resynthesis of coded high pitched speech. The

af orenenti oned Patent Application describes a solution to this problem 10
whi ch upsanpl es the speech signal using interpolation filtering to
effectively reduce the quantisation error in the long term prediction. The
search for the optimumlong termdelay is then anal ogous to that of the
prior art (integer resolution) arrangenent but at a higher resol ution.
Unfortunately the search for the optinum del ay beconmes nore conputationally
intensive in proportion 15 to the increase in long termprediction
accuracy obtained. Disclosure of Invention : '
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It 7is an oky@®ddrgake t he present invention to provide a speechpgp d?gsmhﬁgl ng
enhanced long term predictor resolution but which suffers less o

conput ational |oad penalty. According to one aspect of the present

i nvention there is provided a codi ng arrangenent for an anal ogue signal,
conprising means for digitising the anal ogue signal, neans for deriving a -
|l ong termcorrel ation coefficient for the anallogue signal, neans for

deriving a nunber_of erm coefficients for the 25 anal ogue
signal and neans Pgﬁc‘f}%ﬁ%w%b an excitation sequence whi ch can be used to

synthesi se an approxination to the gg ‘_P@@Es\% Rcterl sed in that
the nmeans for deriving a long termcoerrticieén corrprl seS neans for deriving

a plurality of sufechrficgirFigidct s of sanples of the digitised signal, means
for interpolating the fums of groducts and neans for determ ni nlg a |long
term correl ation coeff '&‘Pe?f?s? bipvamtionntelates i ap anaiparetsigsal soder, oh!avmg

product s sanp ln‘gét (;[ af, B (f(dll?é’f@@t idafioR35%' s gQﬁ%}'{ E:Bﬁe# ?@gh?égﬁ%%ltal

t hat the 3 co ose y an inter
prediction filterradio aysteglsalrhemutmntmrfuﬂheswaﬁesrtb iastbhy temiﬂltad‘o(‘u;aii@ehbfy '
by one half) if thelnter atlon &llterln |s%§rried out upon_a set of

suns of products %909%1?9 (ih%l pd of prediction dering ysed dystipfikery a) ues

(either direct fromthe source or 5 after spectral envel ope
filtering). The digitised signal may conprise, at |east in part, sone
previ ously coded Baakgmusdim es. This is nost likely to occur in a closed
oop det e{om nation of LLoTwP g‘ ?ra%s ana org%et gfé;ngi %\Qd?US||§/ é:e%%mmg more and more
| important, particularly with the introduction of digital private mobile radio and
digital cellular telephones to make better use of limited frequency spectrum.
However, there has to be a compromise between speech quality, bit-rate and
coder complexity. To obtain good quality speech at low bit-rates usually
15 requires a complex speech coder having a heavy computational load. There
is constant pressure to lower this computational load in order to reduce both
the cost and the power consumption of mobile radic units.
One family of low bit-rate speech coders utilise a long term predictor to
allow the coding of the pitch related redundancy in the source signal and this
20 can be a significant contributor to the complexity of the coder. One type of
anajogue signal coding which employs such pitch prediction is Code Excited
Linear Prediction or CELP. CELP is introduced in 'Code Excited Linear
Prediction (CELP): High Quality Speech at Very Low Bit Rates’ by B.S.Atal and
M.R.Schroeder in the Proceedings of the International Conference on
25 Acoustics, Speech and Signal Processing (ICASSP) 1985. Incoming speech
is coded as an index to a sequence in a stochastic codebook (which is
provided to both coder and decoder), as fong term (or pitch-related) and short
term (or spectral envelope) prediction coefficients together with some
parameters including gain values. in order to reduce the coded bit-rate and the
30 complexity of the coder, the long term prediction fiiar is-usually a single tap
device aithough larger numbers of taps (notably three) have been used.

Typical values of the delay required of a long term prediction filter in a speech



speech are used to derive the LTP delay coeffici | the re- -~
synt heg‘?g@hﬁgos access to the previously coded sanpl es aﬁ‘gf’?c??),"g%? cour se,

10 the original speech, this gives better quality resynthesised
speech. The selection of long termfilter coefficient in a CELP speech
coder, for exanple, can be carried out by maxim sation of a square of a
product between sanples separated by a time delay, divided by a term
relating to the anplitude of the sanple values (often an approximtion is

used) . The tegbdérare betwéen 2 and 20 etillidecarvisicoirespending $6 pitchew 6f hetaeerey
advant ageousl y _be ngp&!)l ed to either or both the nunmerator and/or
denomi nat or i RO Kzsi on process. According to a-second aspect of the

present invention e [ ' Lonedi cl fd i Al g

Compr i si ng. maans. 1 a5 b fedlf BBsERed IRl Rebfl ABEAATNET G .
plurality of 9403790, theodpeéch tobetdutied isrsdmpledcdt at0und 8kHEES® Itks pefibans
for interpolating the suns of prqQducts and neans for determning a Ion%

term cbrrel at PbA Rigbrpifciednyoice signalccameamrpspandto sirte sapple pedegso
bt esent i nventieach s &1 eSingle plriod she (HeBNo"dghee the fong term, phéfictor .
to the acconp@ufPngdelagvthepsthe resolutiom isFpoor. ETHis i quamtisation isadvtraty can
appl| od, “and FAGHR §UkS SRURIE USIONIRIN DR IRAYIBSRR L CoRFaIIGN PURA Soaech.
predictor in 3fg aforerieAfiorEd Patelit Appiléatioh Hedthibes £ 8b1ufibn to this problem
10 which upsamples the speech signal using interpolation _filtering to effectively ‘
reduce the quantisation error in the long term prediction. The search for the
optimum long term delay is then analogous to that of the brior art (integer
resolution) arrangement but at a higher resolution. Unfortunately the search
for the optimum delay becomes more computationally intensive in proportion
15 to the increase in long term prediction accuracy obtained.

Disclosure of Invention
It is an object of the présent invention to provide a speech coder having
enhanced long term predictor resolution but which suffers less of a
20 computational load penalty. |
| According to one aspect of the present invention there is provided a
coding arrangement for an analogue signal, comprising means for digitising the
analogue signal, means for deriving a long term correlation coefficient for the
analogue signal, means for deriving a number of short term coefficients for the
25 analogue signal and means for deriving an excitation sequence which can be
used to synthesise an app_roximatidn to the analogue signal, characterised in
that the means for deriving a long term coefficient comprises means for
deriving é plurality of sums of products of samples of the digitised signal,
means for interpolating the sums of p'.roducts and means for determining along
30 term correlation coefficient from the interpolated plurality of sums of products
‘of samples.
The present invention is based upon the realisation that the



Mode for GyploxiasagOut the Invention The speech coder in Fig | ses
aym crophone 10 whose output is digitised in an anal ogue tolp’éﬁélli;?‘gmi

converter (ADC) 12 to provide a series of digitised speech sanples to a
coefficient analyser 14 and to a conparator 5 shown as subtractor 16.
A codebook 18 contains a nunber of stochastic sequences which are read out-
in sequence to an anplifier 20 having a gain parameter G provided by the
coefficient analyser 14. The output of the anplifier 20 is fed to a |ong
termfilter 22 hopmputatioraldoadimpnsed bydn interpolatiogildegl téryn phedictier filteri iard

I 14. Th f th il 22,15 f 10 fil 4,
%?c%ssg suppl i 23?%¥E&%gﬁu%ﬁﬁr LISf ts%%t?f‘p!%lfyeﬁgguééd 39’&%%8& #’P%?Eﬂ% if the
anal yser 14. The jtekpolation fittdeng id %@rrrieaﬁofdt%ﬁd?\da 8t aheurﬁerwraa@étﬁ ;ogtdgw%éaa

gives an output corresponding to the difference between its two I
wei ghting filter signakhsatheshanupon thessaraple values éeithertdicect flons ¢he ssurde or

et o % e ¢ P SBEBg) AAGHDAG el TR HNESA o 5 pirthe R ees

i ncomi ng speech "sn pagt, someprRVOUSY 88ded lspeess sahiphs. el'histﬁ‘ﬁ%%ﬂiliél?% oeBur
e

codebook 18 is anplified and filtered in accordance wth )
characteristics detaelaseddioopodeteraminatiopnphd TEhdelaysswheaea the tpreviously caded

filtered sequence,.i : C e.se 2 . i.n &.he
codebook 18 whi cﬁpélé‘v"@g%ﬁf’ggﬂ%@é 3%?"8@@%’&% i ﬁr-g?rc]qcﬁ?)f %8e?ﬁlcfe[né.r égc? éhe re-
i ntended to appr eyhtheisizer taspatcess! footheQirebivtily beded SBamples a0d Hdt V6T SdBe,
of the incom ng speech can be provided. The coded version conprises a

codebook 8equencthe pEgipal ﬁBﬁgdgrfbissQiUﬁS bettemaualitysiesyaibesisedaspeechnd a gain
Lo e SPeech Y. sdiga e findtatf B bheffed n'E Ok bobbdn bRASE v
sanme codebook seexample aah lie tariedwutdbyahaximisatioretfa §§eareddf 4 produttibstwedn
samples separated by a time delay, divided by a term relating to the amplitude
of the sample values (often an approximation is used). The technique in
15 accordance with the present invention may advantageously be applied to either
or both the numerator and/or denominator in this division process.
According to a second aspect of the present invention there is provided
a prediction filtering arrangement comprising means for storing a plurality of
samples, means for deriving a plurality of sums of products for the plurality of
20 samples, means for interpolating the sums of products and means for
determining a long term correlation coefficient from the interpolated plurality
of sums of products of samples.

Brief Description of Drawings
25 The present invention will now be described, by way of example, with
reference to the accompanying drawings, in which:
Figure 1 is a block schematic diagram of a known CELP coder to which
the present invention may be applied, and
Figure 2 shows a block schematic diagram of a long term predictor in

30 accordance with the present invention.



di scussqgh spRYsH one source of poor quality re-synthesise h is the
long termfilter 22 as a result of limted tenporal resold%[sﬁg’ﬂ%%/i ded by

the sanple rate of the system While an open |oop arrangenent is shown the ¢

present 30 invention is equally applicable to a closed |oop LTP
predi ctor which derives the LTP delay from past coded sanples. |nproved
resolution in the long termfilter has beea proposed but the known

system uses an interpolation filter to upsanple the incom ng speech

wavef orm t husvipde\forCasryiMgpOut theefriventione! y a hi gher resol ution source
signal. The analysis of this uE-sagpled signal then proceeds in an

anal ogous way to t hEie speegh T ipEiguse 10amprises amicrophane 4 Owhysse output. -
Th tati . . h "~ is | ' both th )
Upsani ng. and® iatised in af SalERE BHGI conendt B} 180 Provnaia seuss et
conput i ng powetigitided m&nrsampledimt@rcobm@&ﬁ%mafgér 14 tdhd ft?ap{:]cgtﬁBQFator |

I nvention is shown in Fi&ure 2. The sarrBI ed signal applied tot _
coeffi & ent arffioyde@sosulitragier: 16. iA codebaok 48 Bontaing; @ pombier of stoghastic s

e 10, R ISP U e SR S P Bl

than wite corparameters G qufovided bielthe Sdeffibieat dmalyder 214.alTHe 8litpBt\botHeP Ut

whil e the contents of_anpother RAM | ocation is retrieved. Once the contents
of the second ae¥fies20;js:fedtor a dorg terme filte, 22 having audelay pasameter: dit also

T bort o s RTSIRERAY R bSETRRRaRE E, TR LRSS o e 22 8 a5 d o
accumuiat or 3dilteh @dewhichpistsuppliéd dvithoa aimbérmef coeritiéAts d2 dyAY éBéfﬁéeﬁf'OV‘
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an output corresponding to the difference between its two inputs to a weighting
filter 26 whose output is analysed for p'érceptual closeness of match between
the waveform from the ADC 12 and the fiter 24. A further filter may be
15 provided in cascade with the ADC 12 to filter the incoming speech signal in
known manner. S
In operation, a sequence from the codebook 18 is amplified and filtered
in accordance with the characteristics determined from the incoming speech |
signal with which the filtered sequence is then compared. Once the sequence
20 in the codebook 18 which gives the closest perceptual match (the filter 26 is
intended to approximate the perception of human heéring), a coded version of
the incoming speech can be provided. The coded version comprises a
codebook sequence index, long and short term filter coefficients and a gain
term. The speech may then be stored or transmitted at very low bit-rates. The
25 speech may be recreated from memory or at a receiver using the same
codebook sequence and filter parameters as were used at thé coder. As'
discussed above one source of poor quality re-synthesised speech is the long
term filter 22 as a result of limited temporal resolution provided by the sample
rate of the system. While an open loop arrangement is shown the present
30 | invention is equally applicable to a closed loop LTP predictor which derives the
' LTP delay from past coded samples. |
Improved resolution in the long term filter has been proposed but the



conpri ses w@o&baages. Each of the stages of the shift regist 22
cennected to a first input of a nultiplier 44,1 to 44,20 (only sone shown
f &r clarity), which 20 mul tipliers each have a second input to which
is supplied an interpolation filter coefficient and the outputs of the
multipliers 44,1 to 44,20 are accunul ated in a sumrer 46. The conbi nation-
of the shift register 42, nmultipliers 44,1 to544,20 and the sumer 46 form
an interpolation filter. Control means 48 are connected to the output of
the summer 46 toknewaisystém uses anrintexpolatien filier Ito 2fsample ltke decamingesbeech

Sincfunct i on, ( BAYGIT. thus PEOVABR AR SHEGHVal 2iSer faspliiopTsures signal
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I ncom ng signal to 6 derive the long term predictor coefficient a
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10 {(RAM) 32. An output of the RAM 32 (which in practice will comprise the data

bus of the RAM under read rather than write control) is fed to a delay 34 which

holds a value of RAM output while the contents of another RAM location is

retrieved. Once the contents of the second address are retrieved the two can

be multiplied by the multiplier 36. The multiplier inputs can be fed values

15 retried from any part of the RAM 32. An output of the multiplier 36 is fed to

an accumulator 38 whose output is fed to a further RAM 40. The RAM 40 is

shown coupled to a shift register 42 for ease of description which shift register

comprises 20 stages. Each of the stages of the shift register 42 is connected

to a first input of a multiplier 44,1 to 44,20 (only some shown for clarity), which

20 multipliers each have a second input to which is supplied an interpolation filter

coefficient and the outputs of the multipliers 44,1 to 44,20 are accumulated in

a summer 46. The combination of the shift register 42, multipliers 44,1 to

44.20 and the summer 46 form an interpolation filter. Control means 48 are

connected to the output of the summer 46 to retain the maximum value as will

25 be described below. The interpolation filtering may conveniently be carried out

by a sinc function, (sin x)/x as is known from, for example, ‘DFT/FFT and
convolution algorithms’ by C.S. Burrus and T.W. Parks, John Wiley 1985.

In operation,a number of pairs of speech samples are read from the

RAM 32, muitiplied and accumulated to provide a plurality of sums of products

30 of the incoming signal at different time delays. These sums are then stored

for feeding through the interpolation filter 42, 44, 46 to enable the interpolation

to be carried out. By interpolating sums of products of the incoming signal to



N = val lagi Ving max [err] 10 I n whi ch: d(k) _i filtered
ver si onw Pg’%#gospeech signal k is the (integer) sanple iﬁ&i@?sﬂmazher wor ds

N is the maxi num val ue of nultiplying sanples fromthe signal at a
separation of i sanples divided by a termrepresentative of the anplitude
of the incom ng signal. The summations are carried out for values of k.15
corresponding to the tine interval being agal ysed. A typical value is 80
speech sanpl es al though any nunber of this order is suitable. The numerator

(num and dengghipat the (HY fepM SprRACIBE ¥6afiiéiBAt 2. considbrafle savird Gint Ne

value of Nis equal to value of i maxinmsing [err] The technique is”
ext ended to fcamputational oveshead canibe figalisedreueariaosystemawhich interpdlatesitheger

delay i, thus; J[err] 25 and the yalue of [err] -which nmaxim ses [err]
can be deri vem&wgﬁﬁegphﬁ"@ﬁ_ﬁrd('}ggﬁy'to i nproved resol ution thus replaces -
i with a term[err]n erbﬂphﬁfgéxarﬁplésbrm@!teﬂﬁbrémBMGeW@teﬁmaﬁaﬁ the

rel evant sanple is determ ned using known interpolation techniques. The
requir &d i nt efqllowing assumptias @PPIY-ed out using a sinc function F: [err]

where [err] afgel @tjﬁﬁ{_}%ﬁﬁ'??g@%ﬂe&ﬁﬁg Gbehfilted BY ndxii&ihgthe” Gdged’

sunmmat i on woul
delay i, the LTP delay in the following (integer) equation:

N = vaiue of i giving max (Zd(k+i).d(k))>/Zd(k+i)? 1]
10 in which:  d(k) is a filtered version of the speech signal q
k is the (integer) sample index - _
In other words N is the maximum value of multipiying samples from the signal
at a separation of i samples divided by a term representative of the amplitude
of the incoming signal. The summations are carried out for values of k-
15 corresponding to the time interval being analysed. A typical value is 80 sbeech
samples although any number of this order is suitable.
' The numerator (num) and denominator (den) terms can be written as:

num(i) = Sd(k-+i).d(k) | [2]
den(i) = Ed(k+i)? S 3]
20 and the value of N is equal to value of i maximising num(i)®/den(i).

The technique is extended to fractional delays by adding a fractional
term & to the integer delay i, thus:

num (i+d) = Zd(k+i+d).d(k) | (4]
den (i+48) = Ed(k+i+6)> : _ [5]
25 and the value of i+é which maximises num(i+d)*/den(i+&) can be derived.

The prior art approach to improved resolution thus replaces i with a term
(i+é) where 6 is a. fractional sample delay and the relevant 'sample is
deterrﬁined'using known interpolation techniques. The required interpolation

may be carried out using a sinc function F: '
- 30 d(k+i+d) = ZF(j,8).d(k+j) ' ' ' : [6]
' | where F(j,8) are interpolation filter cpefﬁcients and a typical range of

summation would be j=-10 to j=+10.



TPIe new ap‘gég)?é I n accordance with the present invention, f}p%«;%!ngﬁb

gener at es tions to numand den as follows: [err] 5

sanme filter coefficients and the same interpolation paranmeters. This
technique is valid for bandlimted signals sanpled at the Nyquist rate and
in low bit-rate speech coding and nost other applications this criterion i-s
satisfied. There is a need to store the internedi ate values of nun(i) and
den(i) but this requires only a nodest anmount of nenory. The reduction in
conpl exity of the new e ABWCalSHraBeR if AEBa MY with iﬂ@p%éé??_iﬁ&énﬁorg?%mk
delay technique is nowillustrated by two exanples. Inthe first: Speech
sanpl e bl ock si zgenerates approxinggiopatpl rasn Rudgden aisdeollows:val ues

20 to 147 15 Fr, | 0 .del ay .interval 1/8 Interpolatio

filter coeffici er’ﬁ“%“ﬂ%'i z?*é&#ﬁﬂaxﬁt{'@e _. Bkiz To [4]

eval uate the LTPdepqi{d)c SF{j,s)detyi+jt erpol ation of the speech sanples 20[5]
: 2]

directly would require: Eqn. to'be evaluated 8x128 tines, requiring
8x128x80 @&per at i tising-the1saroe diteEgoefiiciEnts anddhe sameninterpojation pammeters. This

be80. 11 mas T equ eauE b BidaE PaRRiREed onsls shifiisr AL ol Ny Gulst Fats i in
abbrevi ati on f or |spepiRiaten spaseh Weodikg " &5d!l indst rother GippliBhtidris>MhieP efittiriodN s

per second (MOPS) by summ ng the above operations and nul ti pltyl ng by 100,
i .e the nunber ofatisfirddhese isaneed. to store the intermediate values of num(i) and den(i)

but this requires only a modest amount of memory.

t he

10 The reduction in complexity of the new technique when compared with
the prior art fractional delay technique is now illustrated by two examples. in

the first:

Speech sample block size : 80 samples

Range of delay values 20 to 147
15 Fractional delay interval 1/8

interpolation filter coefficients 20

Sample rate 8kHz

To evaluate the LTP coefficient using interpolation of the speech samples

20 directly would require:
Eqgn. [4] to be evaluated 8x128 times, requiring 8x128x80 operations = 81920
op '
Eqn. [5] to be evaluated 8x128 times, requiring 8x128x80 operations = 81920
op '

25 Eqn. [6] to be evaluated 8x80 times, requiring 8x80x20 operations = 12800 op

where op is an abbreviation for operations and which results in 17.664 million
operations per second (MOPS) by summing the above operations and
muitiplying by 100, i.e the number of blocks per second.

30 Using the sum of cross products'technique would require}
Eqgn. [2] to be evaluated 148 times, requiring 148x80 operations = 11840 op
Eqn. [3] to be evaluated 148 times, requiring 148x80 operations = 11840 op



Usi n ? t he sum of cross products technique would re% re: Eqn [ 2]
to be é‘(fh? 148 times, requiring 148x80 operations = Eqn [ 3]

to be evaluated 148 tines, requiring 148x80 operations = 11840 op 8 Eqn. f
[7] to be evaluated 8x128 tines, requiring 8x128x20 operations = 20480 op
Egn. [8] to be evaluated 8x128 tines, .requiring 8x128x20 operati ons = 20480
op 5 giving a total of 6.464 MOPS when the above operations are sumed
and mul tiplied by 100, which is a reduction by a factor of alnost three

over the prio r And Eﬁgs i £ on
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denom nator tepm of the equation for optimsi ng the LTP del ay is cal cul at ed
recursively a resul S | a | ow co t overhead that it
Wil be eyt cBamclt o berekaliataf 128 tines TeGiRhY g 128%30 eppiations = 20480
sufficiently curate approxi mati on to the denonminator term |n addition,

fractional #del ay values are only cal cul ated over part of 15 t he
del ay sange, givihgattotaloafs8.464| MORS whemetheaabovenopesationsi ane $ummed ahdgs.
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128 20 MbAbH teehnhigae! del ay interval 1/8 '

The second example uses some Simpliﬂcation techniques which are already

10 known for CELP coding systems. The denominator term of the equation for ‘
optimising the LTP delay is célculate_d recursively and this results in such a low
computational overhead that it will be neglected from the analysis.' This is
_known to generate a sufficiently accurate approximation to the denominator
term. In addition, fractional LTP delay values are only calculated over part of

15 the delay range, and not necessarily with the maximum resolution for all lags.
The parameters are:
Speech sample block size 80 samples
Range of integer delay values 20 to 147
Number of fractional delay values 128
20 Minimum rational delay interval 1/8
Interpolation "fﬂte_r coefficients 20
Sample rate 8kHz

To evaluate the LTP coefficient using interpolation of the speech samples
25 directly would require:
Eqn. [2] to be evaluated 128 times, requiring 128x80 operatnons = 10240 op
" Eqn. [4] to be evaluated 128 times, requiring 128x80 operations = 10240 op
Eqn. [6] to be evaluated 8x80 times, requiring 8x80x20 operations = 12800 op
giving a total of 3.328 MOPS when summed and multipiied by 100.
30 '
Using the sum of cross p'roducts technique would require:
Eqn. [2] to be evaluated 148 times, requiring 148x80 operations = 11840 op
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8kHz To ev‘gpg‘g%gs{’ he LTP coefficient using interpolation of ﬁ?@gﬂ‘é"&%
sanpl es 25 directly would require: Eqn. [2] to be evaluated 128 tines,
requiring 128x80 operations = 10240 op Eqn. [4] to be .evaluated 128 tines,
requiring 128x80 operations = 10240 op Eqn. [6] to be eval uated 8x80 ti nes,
requiring 8x80x20 operations = 12800 op giving a total of 3.328 MOPS when
sumed and multiplied by 100. 30 Using the sum of cross products technique

woul d require: O 8rdd ; A 3
opor at| one = 11500 ol 1o 8 QIGHRY, ekl rdqulfg 128430 dndfaticli2 2660 o9
128x20 oper at i onEqn. [8} 0 bepe\Ejvateds]28 times, eaquiting d28%23 openationsr = @560

128x20 ti ., = 2560 P 1ot al f 1.696 MOPS:) d and .
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t hi s cases becauskelative raslustionlie computationalfcamplexity buet the pdanarttteahnigaess
overal | interpol
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a LTP del ay derimakh8thatiesd overall inférpbiAiongs Weftirédie present invention
wi || have much nore wi despread application.

Although the present invention has been described with reference to a

CELP speech coder it will be appreciated that a LTP delay derivation in
10 accordance with the present invention will have much more widespread
application.

From reading the present disclosure other modifications will be apparent
to persons skilled in the art. Such modifications may involve other features
which are already known in the design, manufacture and use of analogue

15 signal coding arrangements and component parts thereof and which may be
used instead of or in addition to features already described herein. Although
claims have been formulated in this application to particular combinations of
features, it should be understood that the scope of the disclosure of the
present application aiso includes any novel feature or any novel combination

20 of features disclosed herein either explicitly or implicitly or any generalisation
thereof, whether or not it relates to the same invention as presently claimed
in any claim and whether or not it mitigates any or all of the same technical
problems as does the present invention. The applicants hereby give notice that
new claims may be formulated to such features and/or combinations of such

25 features during the prosecution of the present application or of any further

application derived therefrom.

Industrial Applicability
Speech codecs for digital radio systems, for example cordiess and

30 cellular telephone systems and private mobile radio systems.
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10 - digitised signal, means for interpolating the sums of products and means for ‘

determining a long term correlation coefﬁclent from the mterpolated plurality
of sums of products of samples.

2. A coding arrangement as claimed in Claim 1, characterised in that the
15 means for determining the long term correlation coefficient derives a maximum
from a plurality of interpolated sums of products'd'ivided by a term representing

the energy of the digitised signal.

3. A prediction filtering arrangement comprising means for storing a
20 plurality of samples, means for deriving a plurality of sums of products for the
plurality of samples, means for mterpolatmg the sums of products and means
for determining a long term correlation coefﬂcrent from the mterpolated pluralrty _
of sums of products of samples.

25 4. A prediction filtering arrangement as claimed in Claim 3, wherein the
means for determining the long term correlation coefficient derives a maximum
from a plurality of interpolated sums of products divided by a term representing

the energy of the plurality of samples.
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