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In a speech decoder (40) a speech signal is represented by a plurality of prediction parameters updated once per frame. Each frame
comprises a plurality of sub-frames in which the excitation signal generated by a fixed codebook (52) and an adaptive codebook (48) is
updated. In order to enhance the speech quality the prediction coefficients are interpolated by an LPC coefficient interpolator (46) to obtain
interpolated prediction coefficients for each sub-frame. According to the present invention the interpolation of the prediction coefficients
is not based on the prediction coefficients used for transmission such as reflection cocfficients or Log Area Ratios but on Line Spectral

t he
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2 recovered, and a synthetic signal is generated by applying the
excitation sequence to a synthesis filter. This synthetic signal is a
replica of the input signal of the transmitter. : Oten
the prediction coefficients are updated once per frane of sanples of the
speech signal,_whereas the excitation signal is represented by a plurality
of sub-frames SCEHAPTi si ng excitati on sequences. Mostly, PEH"‘?’M‘{}er nunber
of sub-franmes fits in one update period of the prediction coefficients.
In order to iTikRNGod dySterfl B krdshitilg shéedh sigmaal synt hesi sed at t he
receiver, in the known transm ssion systemthe interpol ated anal ysis
coefficients are cal cul ated for each excitation sequence. -

A second reason. for using interpolation is in the case one set of analysis
10 paraneters is received in error. An approximation of said erroneously
recei ved set of analysis paraneters can be obtained by interpolating the
| evel nunbers of the previous set analysis paraneters and the next set
of anal ysi s paraneter , .. Using interpolatjon results
always in a snall degiﬁﬂﬁ?ﬂeﬁﬁnvﬁ?“wwlé‘%@éﬁaﬁﬂ‘ﬁg‘?’fszmcmmédﬁﬁ%ﬁ’%‘lf‘wth a
situation in Mia@beeaoe;fﬁﬁefwoa?hﬁﬁgﬁaﬂ&ﬁrdeﬁqugﬁadaﬁm;ma&gmw%%edaq@ﬁ&dihcti on
15 paraneters_are avail abl e r.e ub:- f.rane,. . . The

obj bet “of  t narrReATeARRY PR PR o T e e sy ot
accordi ng exditatidn signpl; @diddeheniiter beihg @hpledida sieasaiddadn mediubf to b ecive oddhiat r uct ed

speech si gnglls g&‘ede%gde} nterpolation is reduced.
Ther ef or t h2 BGHMLNT Cati on network is characterized in that the speech
decoder 20 conpri ses Thapreseatinventionis ahe seiksedtoa reckdver, aidegder ahd adesddingned
representati o1y %121 said plurality of prediction coefficients nore
suitable for |°ﬁlf erpolation, in that the speech decoder conprises

i nterpol ati on neans f @rtraf@nissionmgstem deenrding ta the grepnbiel iskhovanfraw6SMi ci ents from
t he transforned . e tion of the predicti aneters, and in
that the decdrepmeiaiGie P Sy nBbEie SbAR HHAIEL" °, A1 |

basi s of the Tektoupmicaton®tapdardisation losiituweo@ETSY) Gangany 99225 | t
has turned out that s , A i | Ccid C Lcients are
nor e suitable for %P%ttéarﬁ%({)'ﬁgg’ﬁ?%%&% %é%eg{eﬁgég%rm%%rﬁggéﬁsg%fhﬁé&%%ﬁa

predi ction cdmhinissiosmedinmFyghas a adio channel sqoeoexial wablet ar emeptiodl fipreeSlickt i on

coefficients an%i 'Egglbépis e ' oper L.yt hat
smal | devi at it%)n OSH)IBE@\%S ua %gﬁ?@}%ﬁ@@kﬁg@g&éﬂ%gﬁ% "",?F{iac on
speech qual i tsych as a magnetic tape or disc. Possibi-applicatioi are autonptic answeringveachinesior i s
characteri Zlgddjé%ﬁoﬁﬂﬁémﬂebe i nterpol ati on nmeans 30 are arranged for deriving
i n dependence of a control signal, the interpolated prediction
coefficients from t he Inmpleasspeach tringmission sysiem. Shecstitech sigmals ircheftransgiitedtase or f or
deriving the df@ﬁsamﬁrg%m¥sisq;y% i#@&mfﬁﬂéflﬁ{hﬁ't&miﬁmf{%&ﬁ%igﬁ{l%mfOr”Ed
representation of the prediction coefficlents.

generated by means of a synthesis filter which is excited by a plurality of excitation sequences.

The synthetic speech signal is determined for a plurality of excitation sequences, and an error

20 signal representing the error between the synthetic signal, and a target signal derived from the
input signal is determined. The excitation sequence resulting in the smallest error is selected and
transmitted in coded form to the receiver.

The properties of the synthesis filter are derived from characteristic features of the
input signal by analysis means. In general, the analysis coefficients, often in the form of so-called

25 prediction coefficients, are derived from the input signal. These prediction coefficients are
regularly updated to cope with the changing properties of the input signal. The prediction

coefficients are also transmitted to the receiver. In the receiver, the excitation sequence is
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3 In general, the use of a transforned representation of

the prediction coefficients will result in an additional conputational
conpl exity of the decoder. By choosing the type of interpolation in
dependence of a control signal, it is possible to adapt the conputational

conplexity if required. This can be useful if the speech _decoder is

i npl emented on" 2 %rogrammabl e processor which has al sSEEHMPBor m ot her
tasks, such |ike audio and/or video eRcodi ng. In such a case the

conpl exi ty of NS BASGHHARE QeHall g6Rich BRDIyHg e kx BB iAREHERE R Fhthesis t he
cost of sorretrTcoss .b?ﬂsgg%m q%ﬁi f;y, to 1 re_gﬁ{gesources_%qui reds%f or the

ot her tasks. filter. This synthetic signal is a mplica of the.iopus siged of fha trangpittirhe j nvention is

characterized in sai d dffeq bR pRuIEG coefidiGR RS HRIA Q& bePfrank & Finiglids @ the

parameters is based on |ine spectral frequencies. 10 Li ne
spectral freqerephsisnal, heress thesxqifatingsispa) isirepagsenind by 2 pRiFalipy of Subfames cul ar 1 ne
spectral freghapising @dititiondequancBiMektly, i ind @R Genbefofautsfidihes filsi@eréPdage M ange in

t he spectrum of the reconstructed speech signal ki n hem ye

suitable for PRHRACE His PErdiction coetficients. In order to improve fhe q“ai“y%ﬁ °SE’@L§'H?‘°§“ﬁ‘5/ént i on
Wi ll now be enetqivee th i kidwh ebBEeesysto tHenétpeiéda@aysis coctliciniiafe Shows: 15
Fig. 1, a transnission systemin which the present invention can be used;

Fig. 2, the CHfu3edIgr faghexgation $eMueRte. conpri si ng synbol s representing the

speech si gnal ; A second reason for using-in@rpoldtionds # iRChse Bhe@t famysisa r ecei ver
to be used.in a netmork_a&cordi. to t.he [ ventiop' 2

. | 0 ¢ .
Fig. 4, a P SRFRBFSTHS 59eVad Bregar AW PRPXination ot s crramspusly spcsived sepof apgjysis
i npl enment i NQ paramk®N chrBecbiainkdbyointerpdlatitig tiei1¢vel mmbers of the previous set analysis | n t he
comuni'cation _system accor di tqQ Fig. atransmtter 1 is coupled to a
recei ver 8 vipé"‘é‘etf’fsgﬂiﬁf %?ﬂgfr‘?g‘ﬁ?'sﬁfrﬁgrﬂ'."g‘q'ﬁ'e input of the transmitter 1 is
connected to an i nput Using interpcodatispreati aloayd i a shnall Aegradatian of the speechafualithe speech
coder 2, carrying a signal P renresenting the 25 prediCti ' lglents is
connected to ‘% F "?nérfarefig'bntﬁf' s‘c‘ﬂa&gp wﬁ’t‘:il;l%?lgg??ﬁ%p.n e ue“%girll1 381?%%?%% +1ne
speech codds parametrsraye avajlable $or gachlsutEframecpr esent i ng the excitation signal, is
connected to a second . he 15 i I tRnsmis . I he
mul tiplexer 3 is coupITg?joqj%cpﬁl&éepg‘gsfﬁﬁﬁe%&{she&%&a{ ransm%%%wg&mé
The out put ofto tHe@reéambln &mvhichathe degradation ofitheceeodstutted speech signahdwitesinterpolationds um 4
to a 30 speec‘Pd‘Qﬁ)coder 40 in a receiver 8. In the
expl anation of the transm ssion system according to Fi %@ 1, it is assuned
that the speech encoddhersfor the gompmppisatipnmetwork iv.charasiesized in Motthe spsprhidesodey o

plurality 060 ®apRis takformation means for deriving a transformed representation of said plurality of

prediction coefficients more suitable for interpolation, in that the speech decoder comprises
interpolation means for deriving interpolated prediction coefficients from the transformed
representation of the prediction parameters, and in that the decoder is arranged for reconstructing
a speech signal on basis of the interpolated prediction coefficients.

25 . It has turned out that some representations of the prediction coefficients are more
suitable for interpolation than other representations of prediction coefficients. Types of
representations of prediction coefficients that are suitable for interpolation have the property that
small deviation of individual coefficients have only a small effect on speech quality.

An embodiment of the invention is characterized in that the interpolation means

30 are arranged for deriving in dependence of a control signal, the interpolated prediction
coefficients from the representation of the prediction coefficients or for deriving the interpolated
prediction coefficients from the transformed representation of the prediction coefficients.
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4 the i nput speech signal. In the speech coder once per franme a nunber of
prediction coefficients representing the short term spectrum of the
speech signal is calculated fromthe speech signal. The prediction

coefficients can have various representati ons. The nost basic
represent ati on¥ORBE34! so-call ed a-paraneters. The a- par an¥T8P8OYM | are
deternmined by minimzing an error signal 3 5 according to: [err] In

(1) s(n) represents tRiEHRRACHE ue INPhAMSiornl¥ld FBREABAGH oF tHepRodRHSHBEMBES ANPI €S
In a speech frane, P represents the predjction order, and i _and n are

. . . | ne
runni ng par arfiill &St inRp pddiffons) compptatignal eqmplexity of the decpder; By, chopsingthefyise ause
t hey ?r e veL Yint fnaﬁ@iifé&g&%n&um&akﬁm Cijﬁﬁc?fiﬁetq%ﬂaﬂtﬁ?&éfi?@ﬁﬁ&{al of this 10
aspect can be obtain ing so-called reflection coefficients or
derivatives tREPEGH ‘gﬁ%‘ﬁégtlﬁ’fsd’ be “s%‘fﬁééh_"r?‘f"lchagec ISITRICTSHFALRR s ne
transform FhRogrkbrhdie pratss6:0atidhi hes 2391t peifmeather Bk stiatiClikgiat®6laridfopideo  t he
a-paranmeters a rsi

ccordjng.to the follqQw rec n: [err] .
(2) e Yo e PR o e e O o Pl bp st a
respecti vel y thedostof dontedossjofspedch quality, to free resources required for the other tasks.
A further embodiment of the invention is characterized in said transformed

representation of prediction parameters is based on line spectral frequencies.

10 Line spectral frequencies have the property that an error in a particular line
spectral frequency only has a major influence on a small frequency range in the spectrum of the
reconstructed speech signal, making them very suitable for interpolation.

The present invention will now be explained with reference to the drawings.
herein shows:

15 Fig. 1, a transmission system in which the present invention can be used;

Fig. 2, the constitution of a frame comprising symbols representing the speech
signal;

Fig. 3, a block diagram of a receiver to Be used in a network according to the
invention; '

20 Fig. 4, a flow graph of a program for a programmable processor for implementing
the interpolator 46 of Fig. 3.

In the communication system according to Fig. 1, a transmitter 1 is coupled to a
receiver 8 via a transmission medium 4. The input of the transmitter 1 is connected to an input of
a speech coder 2. A first output of the speech coder 2, carrying a signal P representing the

25 prediction coefficients is connected to a first input of a multiplexer 3. A second output of the
s-peech coder 2, carrying a signal EX representing the excitation signal, is connected to a second
input of the multiplexer 3. The output of the multiplexer 3 is coupled to the output of the
transmitter 1.

The output of the transmitter 1 is connected via the fransmission medium 4 to a

30 speech decoder 40 in a receiver 8.

In the explanation of the transmission system according to Fig. 1, it is assumed

that the speech encoder 2 is arranged for encoding frames comprising a plurality of samples of
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and gli] = sinferr] (r[i])
(4) 15 The above nentioned representations of prediction coefficients are

wel | known to those skilled in the art. The representation P of the
prediction coefficients is available at the first output of the speech
coder. Besi des the representation of the prediction

coefficients, t“f?e”'g'?é’ech coder provides a signal EX r eBFESEMWWE | on of
the excitation signal. For the explanatioh of the present invention it 20

will be assungglinhiiateed BB i thedbielcodér@Rciper ﬁnfe%ﬁlﬁﬁﬁ& Bf BrddiBonCOLBLARK
I ndi ces and associ at ed codebook o%al ns of a fixed and an adaptive

codebook, butrRrEsepting theshort ern sprctrumyof, the speprhsigpgl i cpigulated frpm the speechisigalt i on i s

not restri ct eThelpfedti6lcobfipientOéan B ivirfub ﬁﬁe&hﬁﬁb’&k The 206 SAGUEREsEMatioRSare
excitation Pri nte?I fdreom.M rlr)osa .04/ 23/ 1999, 15 35:51
[1] are determined

page -6 so-called a-parameters. The a-parameters a y minimizing an error signal E 5
signal is faragesdiyton sum of codebook entries weighted with their
respective gain factors These codebook entries and gain factors are

found by an agagﬁs@sﬁ‘ b @j i S met hod. The (1)
representatio E ?; |ct n.signal and the representation of the
excitation Si gnal | s' mul ti pl exed by the multiplexer 3 and subsequently
transmitted via the transmssion 5 nedium4 to the receiver 8.

The frame 28 ﬁQQQ{rﬁbﬁ&s&n&tﬁ'sﬂeec@mﬁ@ﬁPN refSserts meaﬂxﬂ;er ot Qarhyfdés if £ GRS inbhhk,"g

e.g. a  frage synchronization word part represents the prediction
paraneters. TREPSERELS r??dymnordersanm@énmwspmﬁmé‘b 1% gpamppeters are

excitation sigehnsmBRE Bdtate they e Vo) BnGPHEr qhdiBzaibReHRrO An Shie\3inent of HBNP! €S
can be subdivided in Msub-franes each with its own excitatijon S|gnal

portions arid &Beohea8deniiaingd by jaing jozalied refleftiop peedlicippts ORdrri¥atiyps thireol HcB pag| Iv:‘or

the conpl ete dreablos andthemverse sine transform. The reflBion S fickRts rBan beWRteinMddifrodd gnal
is applied to an JﬁrBUt of %r%' decoder 40. In_ the decoder 40, outputs of a

bi t st r eam def BF FrBTRRTersaccerfing fodhyfally Vﬁ'éﬁ’?%“%?&rrespondl ng inputs of a
(2)
afi] = ali]
il= i) b i=P,P-1,...2]1
) 1. o -Dr;
-1y, 1 @ ml+rii}-a7li-m]) ol gl
a [m] 1—r[i]2 ym=1,...,0
The log-area ratios and the inverse sine transform are respectively defined as:
LAR[i]= m(l ’[’]) ' (3)
' 1+ r[i]
and
gli] = sin ™1 (r[1]) - (4)

15 The above mentioned representations of prediction coefficients are well known to those skilled in
the art. The representation P of the prediction coefficients is available at the first output of the
speech coder.

Besides the representation of the prediction coefficients, the speech coder provides
a signal EX representation of the excitation signal. For thé explanation of the present invention it

20 will be assumed that the excitation signal is represented by codebook indices and associated
codebook gains of a fixed and an adaptive codebook, but it is observed that the scope of the
present invention is not restricted to such type of excitation signals. Cdnsequently the excitation
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par anmet er decoder 44. A first output of the parameter decoder 44, carrying
an out put signal ( P] representing P prediction paraneters is connected
to an input of an LPC coefficient interpolator 15 46. A second out put of
t he paraneter decoder 44, carrying a signal FCBK | NDEX representing t he
fixed COdEbOOkyv'o?ﬂgéu' s connected to an input of a fixed codebook 52. A
third output o paranet er decoder 44, carrying a MMK GAI N
representing the fixed codebook gain, is3 connected to a first i nput of a

nul tiplier S54onh i fauﬁsdfbyqtearaufcoeébo&muﬁawagﬁémmqu&g&u%m factéi@ThiseNg a
si gnal ACBK I ed%resentj t he H‘% tive book | ndex, is connected to
an 20 input Ao 3%@6‘?6%‘ YRR yf“ﬁ %?YP‘BEFES“Eﬁm"Phe par anet er
decoder 44, car rying a‘hStegﬂsdntanon ofﬂ@BiédiGNd‘dxghﬂpﬁ&lﬁeﬁbﬂeﬁgmﬁdmafﬂﬂa:ﬁtaﬁm
codebook gain, is cQ d.to t | i er .54.

An out put of sﬂgﬁ‘gﬁﬁﬁg n\% %Xgﬁé'ﬂ'ib(?[fxifé isug ‘ff&‘i‘f‘éﬂ“ﬁ“&"m%‘@% %t of the
mul tiplier 50medimd 4amtheregivdr 80f the fixed codebook 52 is connected to a
second i nput of the 2 ltinier out put ltiplier 50 is
connected to a first F%‘ﬁ %W’%{%‘Bf‘gs%mﬁ’ﬁﬁ’ eader%g"g]ﬁ?tﬂ“%ﬁ EGHha

mul tiplier S4frante sgmhmxzhtenlvctooi ﬁheamnemtpremptsthemfedicﬂmxmﬂdeuemsnmpmmmwnput of

t he adder 53%1%@1& i N senn ?%ﬁl#g%%igniﬂslaconnect fII’St ngi%"t of a

synthesis filt and “Fhe apti ve co
A control si gumpleG@hBe subdivisied mmgsubﬁantywmmwmmpmhmnlsmnum pmaoxperef or med

is 30 Conngl?’t%e'?d]sgﬁtﬁlb@e%%é%8%{%99%6’%&?‘%’93%5%@%?3 &é% [ nterpol at or 46.

An out put I'Cl en ;. carfying a signal
a[P][M repr esent'i ng tTh éhe zecgizier Sntbe inpg sighad is@pplied totas ihput of a decoder 40. In the

Printed from M o&é&t%gf/%‘lg synt](gl forimtter 42AA% G ?dt&meﬁpgn&gﬁ% ﬂuts of a

6 toasecon |n|6ut 0 e5|sf|Iter of the
synt hesi s fi | pasmegpdechder 44. me@gmmummenwm@wowgﬁammppmyt siggal C[P]

avai | abl e. P predi Réﬁ}nett SEEIME NG a1 PE Ll AR BnBhtelpBfiol NPUT
of the decoderpresentl esécsug% fﬁsg he danﬁ'g;urratter 42e 'Iréhe tz‘:i{/pal?mab l e
predi cti on Botf: ﬁseqoeﬁplgpla pEtheperameter émder Harartying b sigeal FeBFNPEKX representing

the fixed codebook index is connected to an input of a fixed codebook 52. A third output of the

parameter decoder 44, carrying a signal FCBK GAIN representing the fixed codebook gain, is
connected to a first input of a multiplier 54. A fourth output of the parameter decoder 44,
carrying a-signal ACBK INDEX representing the adaptive codebook index, is connected to an

20 input of an adaptive codebook 48. A fifth output of the parameter decoder 44, carrying a signal
ACBK GAIN representing the adaptive codebook gain, is connected to a first input of a
multiplier 54. _

An output of the adaptive codebook 48 is connected to a second input of the

multiplier 50, and an output of the fixed codebook 52 is connected to a second input of the

25 multiplier 54. An output of the multiplier 50 is connected to a first input of an adder 56, and an
output of the multiplier 54 is connected to a second input of the adder 56. An output of the adder
56 , carrying signal e[n], is connected to a first input of a synthesis filter 60, and to an input of
the adaptive codebook 48.

| A control signal COMP indicating the type of interpolation to be performed is

30 connected to a control inputl of the LPC coefficient interpolator 46. An output of the LPC

coefficient interpolator 46, carrying a signa} a[PJ[M] representing the a-parameters, is connected
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5 passed to the LPC coefficient interpolator 46. The LPC coefficient

I nterpol ator determ nes for each of the sub-frames interpolated
a-paranmeters a[m|[i]. The operation of the LPC coefficient i nt er pol at or
will be explained later in nore detail. The synt hesi s

filter 60 calcul ated the output signal [err][n] accordin rrj
In (9) e[n] is™Of®P®¥4citation signal. 10 g"‘?ﬁg’éj"?l% number

of prediction coefficients passed to the éparaneter decoder S | ess than
P due to thetba%e%a{dqn u?&qﬁets&ﬂﬁksﬁ@iﬁ&rﬁd'ﬂ%etoﬁtpﬁm%@m{éhéﬁlier@ﬁh@ val ue of P
IS substituted a valué of P snaller than P. The cal cul ations
accor di ng tor(osysnpgydsppv@hp}anaidphﬁ&vapleble = parameters instead of P
paranmeters. The a-paraneters for use in the synthesis filter with rank

| arger than P' are Sellnﬂm@re@a1ve1§theb1tstreamatthemputﬁﬂfbdpﬁiﬂ&mﬁﬁlisadaﬁmdﬁfy 44

extracts also the excita fers CKB
"NDEX and  FCie 45 “W‘feb‘ﬁz gh el Gttty ¢ D‘E‘ﬁ‘?ﬁﬁ‘@ﬁ%ﬁ ‘g@eé?ﬂ.““g and
presents t herpatsed foliie: IIPESqoeRfitiEnt ntezpodatae 46.The LPC mmannwmlawmtetmmwmc odebook

52 presents a epce of e ation sappl.es, for C
response to t%ﬁ“?f%l?gﬁb Eﬂﬁ?%@w &?mﬂefslf@kfl E‘?‘@?é“?@?@ cmn
par anmet er dedﬁﬁ@bla%ﬂmlﬁes;ﬂamweraImmadmmpl es are scal ed by 20 the

multiplier 54 with a act m d thef. book gai n
(FCBK GAIN) rece| ‘?‘bﬁﬁ @%&9"5%? lﬁ%{@?w o Zflg‘gcfr gadapt ive
codebook 48 presents a sequence of ex0|tat|on sanples for eagh,subfrane
I n response to the adapHlve codebook index (ACBK | NDEX) receivéd from
t he paranet er sapeafe)+ 4X al&lés&[rexqdi t at i'on sanples are scal ed by the
multiplier 50 wth a gatp factor determ ned by the adaptive codebook gain
(ACBK GAIN) 25 received fromthe paraneter decoder 44. The output sanples
of the multi %i@r fn]?sqm L2d 8 added to obtain the final excitation
signal e[n] ¥ Ol |ed 0 the synthesis filter. The excitation
si gnal sanploes for eadh caseithe hnrpbepofpredictipseyefEivitits pagsed totths meﬁmdew
codebook, 11 QL p dup ol AR EAEAN B RBuilh, 1A OIS 30N

according to Fig. 4 the | abel ed bI ocks
have the foll ovalyepf P* smatierithay P The calcula’uons accordmg to (5)-(9) are performed for P’

parameters instead of P parameters. The a-parameters for use in the synthesis filter with rank

UNA

larger than P’ are set to 0.

15 The parameter decoder 44 extracts also the excitation parameters ACBK INDEX,
ACBK GAIN, FCKB INDEX and FCBK GAIN for each of the subframes from the bitstream,
and presents them to the respective elements of the decoder. The fixed codebook 52 presents a
sequence of excitation samples for each subframe in response to the fixed codebook index
(FCBK INDEX) received from the parameter decoder 44. These excitation samples are scaled by

20 the multiplier 54 with a gain factor determined by the fixed codebook gain (FCBK GAIN)
received from the parameter decoder 44. The adaptive codebook 48 presents a sequence of
excitation samples for each subframe in response to the adaptive codebook index (ACBK
INDEX) received from the parameter decoder 44. These excitation samples are scaled by the
multiplier 50 with a gain factor determined by the adaptive codebook gain (ACBK GAIN)

25 received from the parameter decoder 44. The output samples of the multipliers 50 and 54 are
added to obtain the final excitation signal e[n] which is supplied to the synthesis filter. The
excitation signal samples for each sub-frame are also shifted into the adaptive codebook, in order

to provide the adaptation of said codebook.
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No. Inscript Meani ng 62 cow = 1? The
val ue of the signal COW is conpared with 1 64 DETERM NE LAR' S The

LAR s are determ ned fromthe input signal. 66 | NTERPOLATE LAR S The

i nterpol ated values of the LAR s are calcul ated for all

subf ranes 68 CALCULATE a[err] The interpol ated a-paraneters
are cal cul at ed™PEpR%341) ' PC, s from
the interpolated LAR s 70 DETERM NE & err ] The a-paraneters
are determ ned from t Reml ARMbragt RB8din toFZg%theQﬁélQﬂlﬁ%Iﬁla'vaﬁe&llowﬂ; e LSF's
are calculated for all subfranes. 7g | NTERPOLATE LSF'S The LSF' s are
i nt er pol at ed MeBRIng| | subframes. 76 CALC. INT. af err] The

i nterpol ated a-paraneters are cal culated for all

subfranes fromthe LSF s 5 In instruction 62, the value
of the input Ng graseripts corrpar ed MetH& he value 1. If the val ue of COWP
is equal to 1, the interpolation to be performed will be based on LAW. |f

t he val ue of COWP. differs fro tion to be perfornmed wll
be based on L8F LOMPR17 nstruﬁ‘?W@ ?f'lefe{‘?‘&}@“\ﬁaiﬂaaé d0‘1"(3’t1he reflection
cgef'}‘_ ::(c:;i enthf¢4[ eIPETERMINBIIARC S n&g%]f.‘&gg%h&eﬂnﬁﬁaﬂﬁorﬁﬂ@mﬁiugmgnalof t he C[P} o{(
t he coeffjci r ter naloo
up table 10 wifi cm{ﬁW&X{‘% Thejptyeo fmed&a eéf’&%ﬁ*%ﬁ“&ﬁé?‘?‘?%ﬁgr

response to an i ndex (k] represeitifiaties the k[err] reflection

coefficient. Jo use o Ietalef ng up the
refl ection gécoe?@?@@f#gam a sugﬁ'%/lg%fpgia %lﬁu#]a%(agn agf f get f or

each of the paraneters k] repreﬂﬂaﬁesrfgmahemtemhtédum{}n paraneter. It is

assuned t hat 20 prediction ba t t he
I nput franes. ‘?OT éém e is Cph’%%'gaﬁ?"é 'oerr%év as "F&g%sas‘gmﬂ
Printed from % noGALCULATE LSO 1Th8bSIB4darpenipalated for all subframes.

74 INTERPOLATELSF’S The LSF’s are interpolated for all subframes.

—

76  CALC.INT. a; The interpolated a-parameters are calculated for all
subframes from the LSF’s.
5 In instruction 62, the value of the input signal is compared with the value 1. If the

value of COMP is equal to 1, the interpolation to be performed will be based on LAR’s. If the
value of COMP differs from 1, the interpolation to be performed will be based on LSF’s’. In
instruction 64 first the value of the reflection coefficients r,, are determined from the input signal
of the C[P] of the LPC coefficient interpolator 46. This determination is based on a look up table
10 which determines the value of a reflection coefficient in response to an index C[k] representing

the k™ reflection coefficient. To be able to use only a single table for looking up the reflection
coefficients, a sub table is used to define an offset for each of the parameters C[k] representing a
prediction parameter. It is assumed that a maximum of 20 prediction parameters is present in the

input frames. This sub table is presented below as Table 1.

Printed from Mimosa 04/23/1999 15:35:51 page -9-



8 Table 1 k Ofset Kk O fset

0 13 10 18 1 0 11
17 2 16 12 19

3 12 13 17 4 16 14
119 5 13 15 18

6 16 wQ@asssdl 19 RCT/BIS/0103, 17
17 ' 8 88 18 19

9 16 19 18 5 For each of the received prediction

paraneter, the offset to be used in the main table (Table 2) is

determ ned fAeMelabl e 1, by using the rank nunber k of the prediction
coefficient as input. Subsequently the entry in table 2 is found by
addi ng the value of Ofset to the |evel nunher Clk]. Using said entry,

t he val ue of the correspondi ngkr ef | @fset gk coef@ffset gnt r[k] is read from
Tabl e 2.

0 13 10 18

1 0 11 17

2 16 12 19

3 12 13 17

4 16 14 19

5 13 15 18

6 16 16 19

7 14 17 17

8 18 18 19

9 16 19 18

5 For each of the received prediction parameter, the offset to be used in the main table (Table 2) is -
determined from table 1, by using the rank number k of the prediction coefficient as input.
Subsequently the entry in table 2 is found by adding the value of Offset to the level number C[k].
Using said entry, the value of the corresponding reflection coefficient r{k] is read from Table 2.
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9 Table 2 gk] + r[ k] k] + 0 r[K]
0 0 -0. 9896 25 0. 4621
1 -0. 9866 26 0. 5546 2 -0.9828
27 0. 6351 3 -0.9780 28 0. 7039
4 -0.97V¥g9%8i35341 59 0. 7616 PCIABIBA0103  _ o 9640
30 0. 8093 ' 6 9 -0.9540 31 0. 8483
7 -0. 91(4)5@,,@2 32 0. 8798 8 -0. 9253
33 0. 9051 Q - 0..9051 34 0. 9253
10 -0.8798 9kl + [rk] 0. 9414 |CIk] + O |1k} 11 -0. 8483
36 0. 9540 o)

0 -0.9896 25 0.4621

1 -0.9866 26 0.5546

2 -0.9828 27 0.6351

3 -0.9780 28 0.7039

4 0.9719 29 0.7616

5 -0.9640 30 0.8093

6 -0.9540 31 0.8483

7 -0.9414 32 0.8798

8 -0.9253 33 0.9051

9 -0.9051 34 0.9253

10 -0.8798 35 0.9414

i1 -0.8483 36 0.9540

12 -0.8093 37 0.9640

13 0.7616 38 0.9719

14 -0.7039 39 0.9780

15 0.6351 . 40 0.9828

16 0.5546 41 0.9866

17 -0.4621 142 0.9896

18 0.358 4 43 0.9919

19 0.2449 44 0.9937

20 0.1244 45 0.9951

21 0 46 0.9961

22 0.1244 47 0.9970

23 0.2449 48 0.9977

24 0.3584

The set of reflection coefficients determined describes the short term spectrum for

the M™ subframe of each frame. The prediction parameters for the preceding subframes of a
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12 - 0. 8093 37 0. 9640 13 -0. 7616

38 0.9719 14 -0.7039 39 0.9780
15 -0.6351 40 0. 9828 16 0. 5546

41 0. 9866 17 -0.4621 42 0. 9896
18 0.358 4 43 0.9919 19 -0. 2449
44 0. 99WP98/35341 20 -0.1244 PCTABI800103 9951
21 0 ' 46 0. 99610 22 0.1244
47 0. 9140 are found by interpolation betwedBthe predictiof patdmders for the currefitframe and the 0. 9977
24 0. 35%, , . The set of reflection coefficients determ ned
describes t h@diffen copfBrigns PEle PITHPEIP™ Y he Merr] subframe of each frame.

The prediction paranmefrehscabedCOMP Rasprvelnedt Inthe Mtdnfolatioreis baskd en log area ratios.
Printed from sa 04/23/1999.15: 35:51. e -11-. .

10 frame ar%sg%ﬁ??rﬁti?sf“ﬁt%%t?we H’W%@F\%gaecﬁr%ﬁ%mpredi ction paraneters for
the current frane ang_ G predi ction coefficients for the prev'tpys
franes. lk[z‘]=ln(; the case COW has a value of 1, the interpolation
I's based on log are L lids | This log area ratios are determ ned in

I nst ti 64 di . . . ' | 66 th
I nstructiong accor :Irpﬂst}uguon[ég El{e]mtqargolémn of th? 18% area drat#d;s is gﬁ'foq‘lu&lts fa €

i nterpolation of the ['og area ratio 'S per r rames.
subframes.

For subframe m of frame k, the interpolated value of the log area ratios are given by:
M-m

Ix[i)m)=

Instruction 68 starts with calculating from each interpolated log area ratio an interpolated

lk_l[i]+%lk[i] 0<i<P-1 1Sm<M-1 (7

reflection coefficient according to:

1 kLM (8)
—_—; 0Zi )

10
For m=M, 7,[i][m] needs not to be computed as it is directly available from Table 2.
Subsequently the a-parameters are derived from the reflection coefficients. The a-parameters can

be derived from the reflection coefficients according to the following recursion:
aDpi)=ri] _ (9)
O 1m=aC D)+ i) a¥ Dli - mi]; m=1,...,i -1

15 Finally the a-parameters a®[i] obtained by (9) are supplied to the synthesis filter 60.
If the value of COMP is not equal to 1, the interpolation will be based on Line
Spectral Frequencies yielding a better interpolation at the cost of an increased computational
complexity.
In instruction 70 the a-parameters are determined from the values of the reflection
20 coefficients found by using Table 1 and Table 2 as explained above. Subsequently the a-
parameters ap; are calculated from the reflection coefficients using the recursion according to (9).

In instruction the Line Spectral frequencies are determined from the a-parameters.
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For subframe mof franme k, the interpolated value of the log area ratios

are given by: [err] Instruction 68 starts with calculating from each
interpolated | og area ratio an interpol ated reflection coefficient

according to: [err] 10 For m=M [err][i][mM needs not to be conputed
as it is directly available from Table 2. Subsequently the a-paraneters

are derived frBM%B#I ef | ection coefficients. The a- par arcraP8oU%,  pe
derived fromthe reflection coefficientslaccording to the follow ng

recursion: [err] ﬂ?ﬁegi:&@ﬂa#a)ﬁe&ﬂ%mgbgﬁ&ﬁe@%d%ipﬁi'lﬂﬁﬁ%lfhuzhﬁbéﬂyned by (9)

are supplied to the synthesis filter t he val ue of COWP

is not equal to0Jy_the, j-+i 2t i.on, 9l L bémbaded on tlmel) ; ,Speabnal
Frequenci es ylA@I(%)l n?f%l et-teé interpo}aﬂg’ﬂzgn at themcoqgt of an %Qlcreased
conput at i onal conpl exity. In instruction 70 the
a-paraneters are det erAfinvetepfin thevddtdmpingtioniobthe bSP’s s eplitting)Aa£2) ingwo pglynomials
coefficients un ' Tabl e 1 and Table 2 as expl ai ned above.
Subsequent |y é( eang_Q@f_a&%Jg%gﬁ%t ers a[err] are calculated fromthe reflection

coefficients i\1g t hesr eedmsil) €byding to (9). I n instructiipp the
Li ne Spectral ﬁ@e’dﬁ%’h@pgg are d‘gl"ggm' ed fromthe a-paraneters.
Printed from jMgnosa 04/23/ 1999 15:35:51 page -12-

0(z) = Am(2) -z~ "D 47T - (12)
5 (11) and (12) can be written as:

P(z) =1+(ay +am)z"1 +(ap +am_1)z—2 +-ee+(ag +am_.1)z_(m_1) (13)

and

Q(Z) = 1+(a]_ —am)z‘l +(a2 —am_l)z‘_z +...._(a2 —am-—-1 )z—(m—l) (14)

In the following the coefficients of P(z) and Q(z) will be indicated as p;, P " P.1> Pm 20d 1, Q2
** Qm-15 Am-
The polynomials P(z) and Q(z) each have m+1 zeros. It further can be proved that P(z) and Q(z)
10 have the foilowing properties:
o All zeros of P(2) and Q(z)- are on the unit circle in the z-plane
e The zeros of P(z) and Q(z) are interlaced on the unit circle; between two zeros of P(z) there is
one zero of Q(z) and vice versa. The zeros do not overlap.
e The minimum phase property of A,,(2) is easily preserved when the zeros of P(2) and Q(z) are
15  quantized. Consequently the stability of the synthesis filter with transfer function 1/A,(2) is
ensured.
It can easily be demonstrated that z=-1 and z=+1 is always a zero of P(z) or Q(z). These zeros
were introduced Ey expanding the order from the polynomials from m to m+1. These zeros do
not contain information about the parameters of the LPC filter. For m is even, P(z) has a zero at
20 z=-1 and Q(Z) has a zero for z=+1 and for m is odd both additional zeros +1 and -1 are in Q(z).
These zeros can be divided out of the polynomials without any loss of information. By doing so

polynomials P’(z) and Q’(2) can be obtained for m is even according to:
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The set of .a-paraneters can be represented by a polynomal Alerr](z) given
by: [err] Afirst step in the
determ nation of the LSP's is splitting Alerr](z) in tw polynom als P(2)
and Q(z) according to: P(z) = Alerr](z) + z[err] Alerr] (x[err])

(11) and z) = Aerr] (z) - z [err]Aerr] (z[err]

( 12 ) 5 (11)"ARPM2) can be witten as: P(z) = 1+(l) 103
+a[err])z[err] +(a[err] +a[err])z[err] +12  +(a[err] +a[err]z[err] (13)
and Qz) =1+ (pkgrr] - alerr]pherr] + [err] : %5:)4)

In the foll owPi{g)+ fic3@s ) and Qz) wll beindicg d as
Plerr], Plerr] ... (Pkerr). p[err] (andz"c}Derr], glerr] ... q[err] q[err].
The polynomials P(z) and Qz) each have mtl zeros. It further can be proved
that P(z) anddfosinigeddascesdiRgia: ¢ o) | owi ng properties: [err] Al zeros of
P(z) and Qz) are on the unit circIQ(jz)n t he z-pl ane [err] The 0s of
P(z) and Q z)P4er=iR(Er| altd)s ot gircl e; between two zer 65 of P(z)
there is one zero of Q z)(lazd Ylee Vorsa. The zeros do not overl ap.
[err] The m ni_tum, phas roperty of Alerr](z) is easily preserved when the
zeros of P(z) F&m‘%vﬁ’)ﬁggmf?ﬂy%aﬁ&%ﬂ[‘%% * Consequently the stability of
the synthesis filter yyth transfer function 1/Alerr](z) is (gPpured.
It can easil ypk@)dqnmﬁeﬁiatpgi_f)lga‘t ZSoinpiR@var+1l i s always a zero of P(z)
or z). These zeros ;_y were introduced by expanding the order fromthe
polynomals frommto mtl. These zeros do not contain information about
the paraneters of the LPC filter. For mis even, P(z) has a zero at 20 z=-|
and Qz) has 2'@3edP@dr z=+ 1 and farmmisaddodd bot h additional zeros +1 and

-1 arein Qz). .These zeros, can,be.diyvided out .of th I i.al s
wi t hout any |%§§’>a¢1 § WWW’@P’P‘&P‘WU ‘ﬂ@ °§]g§°rm'Sﬁg‘?'f/%rgcmcgﬁ{s%%q?%) “and
Q (z) can be ehfiriaed. for mis even according to:

5 Q’(z) can be recalculated as:

m i . (18)
Q'@ =1+ X(g; +qi-1)z" for m is even
i=1
-1 m—1 _ .
Q'@)=1+q1z "+ X (gi+gj-2)z for m is odd
i=2

Now the zeros of P*(z) and Q’(z) have to be determined to obtain the Line Spectral Frequencies.
Because P*(z) and Q’(z) have complex poles it requires a large computational effort to find them.

‘Because all zeros lie on the unit circle, for finding these zeros z can be replaced by e By
using the theorem of Euler ( coska = (e’ +¢™#%)/2), P’(z) and Q’(2) can be written as:
j —jom , .
P'(e/?)=2¢ J@mp {cos(mpw) + pf cos((mp - 1)w+---+%pmp} =2¢ (19)
10 and

0'(e/?y =277 {cos(my o) + g cos(my — @) +---+ %qmq 3= (20

26 7P Gi(w)
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12 [err] and for mis odd according to: [err] For mis even P (2)
can easily be reconputed as: [err] P (z) = P(2) for
mis odd In (17) [err] is calculated using p'[err] =p[err]-p'[err] with
p'[err]=1. ForWao%334dd no recal culation of P (z) is reqRCTERp8HARI03| | 5

Q (z) can be recal cul ated as: [err] 1jerr] i =2

In (19) and (20) m, and m, are equal to m/2 if m is even. m, =(m+1)/2 and m=(m-1)/2 if m is
odd. Now polynomials P(w) and J(w) with real zeros are obtained. Searching of these zeros has
to be performed by stepping with small steps through a range from 0 to =. This requires a large
number of evaluations of P(@)and J(w). Because P(w)and J(w)comprise cosine terms, this
5 requires a substantial amount of computations. However the e@mﬁon of P(w)and O(a)can
substantially be simplified by using Chebychev polynomials. By using the mapping x=cos(®),

cos(ma) can be written as:

cos(m) = (%) (21)
In 1) Ty, is the m™ order Chebychev polynomial defined as:
IH(x)=1
fix)=x - (22)
Iin(%) = 2xT i1 (%) = Tip—2(x)
Using the above mentiong:d mapping, P(x)and J(x) can be written as:

(23)

P(x) = Tonyy (9)+ PATom,—1(3)+ P3Tiny 2 () 420+ Py 1T1(X) + P,

~ (24)
O(x) = Trng () + 1Ty ~100)+92Tmy —2 () + 4+ my ~1 T (X) + Iy

10 Using (22), (23) and (24), P(x)and J(x) can rapidly be evaluated for any value of x. If the zeros

P(x)and J(x) are found, the line spectral frequencies @, can be found by

@} = arccos(xf ) (25)

Resuming the above, the LSP’s are calculated in the instruction 72 using the
following steps
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Now t he zeros of P (z) and Q (z) have to be determ ned to obtain the Line
Spectral Frequencies. Because P (z) and Q (z) have conplex poles it
requires a |large conputational effort to find them Because all zeros lie
on the unit circle, for finding these zeros z can be replaced by e[err], By
usi ng the theo lEuI er ( cosk[err] = (e[err] + qe””cgﬁi@b&lﬂ{' (z) and
Q (z) can be wiitten as: P (e[err]) = 2e [err] {cos(nme err] :
cos((nferr] - Lferr]+. ...+ [err] 10 and* Q(e[err]) = 2e [err]
{cos(nferr]) o DéeridatioOeP(A)y ey Q) accoldidgars (8) and (14).. +[err]} = (20) [err]
Printed from M nosa 04/23/ 1999 15: 35: 51 page - 14-

13 I 19 | tom2 if [ .
rhorr] =(me)§ 5 na BT OO gl (829 B TR0 pol ynomals

[err]([err]) and [err]([err]) with real zeros are obtained. Searching of
t hese zeros haFindingsheyootpef P mdd2(s)bystepping with siiall pepsirpyghgrange fremridadh a

range fromO t . j ] : R uati ons of
[err]([err]) aggz%lgxr grh}‘?%e g%%d-tﬁe%g%cgﬁ%gﬁ? léﬁf]g%oecﬂ %&H{gﬁgy ec‘r:er%iéfé[ err])
conpri se coS$i Nepp@kifftion. Rorevaliating H() ardsOE) foridash wihieiofk, (2B)(24) and@5) are

conput ati ons. Hovgver the evaluation of [err]([err]) and [err]([err]) can
substantially BE®*Sinplified by using Chebychev polynonials. By using the

mappi ng X=coshiguldting the zeros @, using (25).

In instruction 74 the interpolated Line Spectral Frequencies are calculated
10 according to: '

M-m

o [il[m]= wk_l[i]+%wk[i] 0ZisP-1; 1<sm<M-1 (26)

In instruction 76 the interpolated values of @, [{][m]are converted to a-parameters. Each value of

o, contributes to a quadratic factor of the form 1-2cos(w )zt +272. The polynomials P*(z) and
Q’(2) are formed by multiplying these factors using the LSF’s that come from the corresponding
15 polynomial. For P’(z) and Q’(z) can now be written:
mp -1 (27)

P(2= TI (1—2c:o's(4:t)2,-)z—l +z_2)
i=0

mp—1

p -1, -2
Q'(2)= TI (1-2cos(@wpj41)z  +2

i=0 :

The polynomials P(z) and Q(z) are computed by multiplying P’(z) and Q’(z) with the extra zeros
z=-1 and z=+1. Finally the a-coefficients are determined by using the property:

Am(z)=&;_g_(zl (28)

This property can easily be verified by adding (11) and (12)
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cos(nferr]) can be vvrltte
(21) In (21) T[e

err]) = T[err]([err])
g& der Chebychev pol ynom al defined
as: Tlerr]([err]) “\\3“% err])=[err] :

(22) Tlerr]([err]) Terr] (x) - T[err](x) Usi ng the above

menti oned mapp i ] (x) and [err](x) can be witten as l‘,ierr](x)
T[err] (x)+p[err] err (x)+[err]T[err]2(x)+...

(24) [err](Xx)

= Tlerr] ([err]) +[err]Tdferr]-1 ([err]) +[err]T[err] -2

(x) + ... + [(elmm]srr[err] -[err]T[err](x) + g[err] 10 Using (22), (23) and
(24), [err](x)and [err](x) can rapidly be evaluated for any value of x. If
the zeros [err](x) and [err](x) are found, the |line spectral
frequencies [err] can be found by [err] = arccos(x[err]) _
(25) Resum ng the above, the LSP's are calculated in
the instruction 72 using the foll ow ng steps
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15

20

25

1. Transmission system comprising a transmitter, with a speech encoder comprising
means for deriving from an input signal a symbol sequence including a representation of a
plurality of prediction coefficients and a representation of an excitation signal, said transmitter
being coupled via a transmission medium to a receiver with a speech decoder, characterized in
that the speech decoder comprises transformation means for deriving a transformed
representation of said plurality of prediction coefficients more suitable for interpolation, in that
the speech decoder comprises interpolation means for deriving interpolated prediction
coefficients from the transformed representation of the prediction parameters, and in that the
decoder is arranged for reconstructing a speech signal on basis of the interpolated prediction
coefficients.

2. Transmission system according to claim 1, characterized in that the interpolation
means are arranged for deriving in dependence of a control signal, the interpolated prediction
coefficients from the representation of the prediction coefficients or for deriving the interpolated
prediction coefficients from the transformed representation of the prediction coefficients.

3. Transmission system according to claim 1 or 2, characterized in that said
transformed representation of prediction parameters is based on line spectral frequencies.

4, Receiver for receiving a symbol sequence representing a speech signal, including
a representation of a plurality of prediction coefficients and a representation of an excitation

signal, said recetver comprising a speech decoder for deriving a reconstructed speech signal from

the sequence of symbols, characterized in that the speech decoder comprises transformation
means for deriving a transformed representation of said plurality of reflection coefficients more
suitable for interpolation, in that the speech decoder comprises interpolation means for deriving
interpolated prediction coefficients from the transformed representation of the prediction
parameters, and in that the decoder is arranged for reconstructing a speech signal on basis of the
interpolated prediction coefficients.

5. Réceiver according to claim 4, characterized in that the interpolation means are

arranged for deriving in dependence of a control signal, the interpolated prediction coefficients

Printed from Mimosa 04/23/1999 15:35:51 page -17-



14 [err] Determ natioanmwordi ng to (13) and (14).
[err] Calculation of P and (17) and (18). [err] Finding
the roots of [err](x) and “\mm(ﬁmm ing with small steps through a

range from-1 to 1. nge *s found the exact position of the

zero can be f succes§| ve approxi mation. For evaluating [err](x)
and [err](x) %ggg%h val ue of x, (23) (24) and (25) ar e
Cal cul ating the zeros [err] using (25). In instruction 74

the inter pol %ﬁdlel}'ép?déerﬂhﬁﬁbﬁﬁé prEli&iqﬂ&ﬂfﬂcﬁﬁts a:rﬂer &ahﬁglﬁ.ain&ebolhﬁd@feanﬁdi ng to:
[err] str ction 7%th§|nter Iint;n &lues err] [i1][m are
convert ed to“%i i ’L“él?e TPetratadn of the predichion cosfiicients o5 o a
guadratic faetor of tk&exirﬁf‘aéﬁoﬂdmgi&:ﬂﬂ(n[ms]c)nﬂ-{.ownlze]dﬁﬂ{lﬁtrsm}i trankfem@D| ynom al s
P'(z) and are for mul ti the actors using the LSF' s
that come frgﬁﬁ(ef‘%f'@ %‘f'flpéeg ’%5‘ d(%feél% °§P°°%§(§T'e and Q (z) can now
be witten:s ferr] Speech decoderfdsré'or[dai\mrgmmmhm&édzs)aeaamdgrﬁ(ﬂ@m asgmwdbnput ed by
mul tiplying sque%x):e f%Ele:% 41%gres¥\=4lt5ttlm oPa pl%ltt; of p%'eedric%§n coefficients and a representation

of an excitation signal, characterized in that the speech decoder comprises transformation means

for deriving a transformed representation of said plurality of reflection coefficients more suitable
for interpolation, in that the speech depoder comprises interpolation means for deriving

10 interpolated prediction coefficients from the transformed representation of the prediction
parameters, and in that the decoder is arranged for reconstructing a speech signal on basis of the
interpolated prediction coefficients.
8. Speech decoder according to claim 7, characterized in that the interpolation means
are arranged for deriving in dependence of a control signal, the interpolated prediction

15 coefficients from the representation of the prediction coefficients or for deriving the interpolated
prediction coefficients from the transformed representation of the prediction coefficients.
9. Speech decoder according to claim 6 or 7, characterized in that said transformed
representation of prediction parameters is based on line spectral frequencies.
10. Method for deriving a reconstructed speech signal from a symbol sequence

20 including a representation of a plurality of prediction coefficients and a representation of an
excitation signal, characterized in that the method comprises deriving a transformed
representation of said plurality of reflection coefficients more suitable for interpolation, in that
the method comprises deriving interpolated prediction coefficients from the transformed
representation of the prediction parameters, and in that the method comprises reconstructing a

25 speech signal on basis of the interpolated prediction coefﬁcients
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z=1 and z=+1. Finally the a-coefficients are determ ned by using the

property: [err] This property can easily be verified by adding (11)
and (12) ' Printed from M nosa 04/ 23/ 1999 15: 35:51
page - 16- 15

C ai s ?ﬁh' Transm ssi on system conp g o3
transmtter, mﬁ? Speech encoder conpri sing nmeans F%ih% |ng from

an input signal a synmbol sequence including a representation of a

plurality of prediction coefficients afd/% representation of an excitation
signal, said transmtter bei ng coupled via a transm ssion nmediumto a
receiver with a speech decoder, characterized in 5 that the speech decoder
conprises transformati on neans for deriving a transforned representation
of said plurality of prediction coefficients nore suitable for
interpolation, in that t he speech decoder conprises interpolation nmeans
for deriving interpol ated prediction coefficients fromthe transforned
representation of the prediction paraneters, and in that the
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decoder is arranged for reconstructing a speech signal on basis of the
i nterpol ated prediction 10 coefficients. 2. Transm ssi on
system according to claim1, characterized in that the interpolation

nmeans are arranged for deriving in dependence of a control signal, the

i nterpol at ed p?@gbgsgjuon coefficients fromthe repr esenl;m,ggg t he
i'clen [

prediction coe ts or for deriving the interpolated prediction
coefficients fromthe transforned representation of the prediction
coefficients. 15 3. Transnizpfon system according to claim1 or
2, characterized in that said transforned representation of prediction
paraneters is based on |line spectral frequencies. 4,

Recei ver for receiving a synbol sequence representing a speech,?ignal

i ncl udi ng a representation of a plurality of prediction coeffjcients and

a representation of an excitation signal, said receiver cogDising a
speech decoder for deriving a reconstructed speech signal froffyZ0 the
sequence of synbol s, char%:teri zed in that the speech d_e.pgder conpri ses
transformation means fof deri&ing a transformed repn8s@ntation of said
plurality of reflection g_o_gf_ji_clf nts_nore suitable f8r}interpolation, in
that the speech decoderl rcenprt —+ FL-C-p O] G-+ N~ aN&- £ GF [T~ INg

interpol ated predicti odlcoefficients fromthe transforned repredent ati on of
the prediction par affdters, and in that the decoder is ar rangdd f or
reconstructing a speecrilsi gnal on basis of _the 25 interpolated Idr edi cti on
coefficients. 5. 0 4| =] Receiver &Eccording toretarm4,l

characteri zed i n Ehat* Tike{ | neEgepol ati on m&AENS are hrg:ang od Klor deri vi ng
. | | . L

in dependence of @ contdolestglhl , the interpol ated pr édg:g bn Icoef fi cients
Printed from M nosa 04/ %‘ﬁ% |5: 35: 51 page -17- > = I' fromthe
representation of the defli cBitgh coefficients or for dar?m np tt!e -

i nterpol ated predictio ! T icients fromthe transtacged! rddresentation
of the prediction coeffiifcifnts. 6. ®ecei ve &ccdr ding to
claim4 or 5, charact eqi'zeE n that said transforngd & p%seI tation of
prediction parameters i)j5 bpeed onZine spectral fr
Speech decoder for for derjving a% ecofistructed s
sequence including a rgpresenta i of |a plurality

encl gs.

5 |
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for deriving a transfornmed representation of said plurality of reflection
coefficients nore suitable for interpolation, in that the speech decoder
conprises interpolation nmeans for deriving 10 interpol ated prediction
coefficients fromthe transformed representation of the prediction

par anet er s, an.gJo @M%ﬂat t he decoder is arranged for reconstructlag a speech
signal on basis 0 i nterpol ated prediction coef fi A&

Speech decoder according to claim7, characterized in that the

i nterpol ati on neans are arranged foB riving in dependence of a control
signal, the interpolated prediction 15 €oefficients fromthe representation
of the prediction coefficients or for deriving the interpol ated

prediction coefficients fromthe transformed representati on of the
prediction coefficients. 9. Speech decoder according to
claim6 or 7, characterized in that said transforned representation of
predi ction paraneters is based on I|ne .pectra frequenci es. 10.

Met hod for deriving a reconstru¥t ed S ﬁa froma symbol sequence 20
including a representati gn of a fi pn coefficients and a
representation of an excitation S|gna , C aracterlzed in that the

met hod conprises deriving a transforned represent ati on of said
plurality of reflection ¢oefficients nore suitable fof interpolation, in

t hat the net hod_conpii ses deriving interpol ated piediction coefficients

fromthe transforng $e ti on of r ranmeters, and
. ﬁErERMINES 209 o : Vblfus @@@!’i'ﬁogkg .

in that the nmet hodLCompr g¢constructing a 2 hal on basis of

the interpolated prediction coefficients
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