06/ 12/ 2005 5 DESCRI PTION MJLTI MODE SPEECH CODI NG APPARATUS AND %Eﬁﬁ?lgg
APPARATUS = Techni cal Field 10 The present invention relates to 2 ( ME
speech coding apparatus which performs coding on a speech signal to
transnmit, for exanple, in a nobile condunication system and nore
particubarly, to a CELP (Code ExcpbEsdrIpPm&eN Prediction) type speech
codi ng 15 apparatus which separates the speech signal to vocal tract
information and excitation information to represent. Background Art 20

Used in thenfiehdoon! seathatopehid AXRMYL HiP ecdPihg PREFRRIMGEA0C are
speech codi ng apparatuses which conpress speech information to encode wt
high efficiency for utilization of radio signals and recording nedia.
Anong t hemTetdhe igyash emmalased on a CELP 25 (Code Excited Linear Prediction)

temijs carri into_ .practice wdely for the apparatuses operating at
?r)e(Zi u?n%to | ow g"?lte S T Yt hhBl o g L6t ¢6hé coBL Py &t 1eder FBe&Chn t he

" Code- exci tediligheaprpiredid | am{&ELR e r e 8- aughihy Spgech at Very Low
Bit Rates" by Nﬁg. ggﬂéchroede[ and B.S. Atal, Proc.g[CASSP-85,p¥§.¥.1..
pp. 937- 940519983, | hOt hetEERPMEfipe sfeech esdimpdesystém speechobsignal s

are divided.j ol erm fr I ths about 5ns to 50ns Li near
predictiongg?ﬁPﬁéEgggg%h gggggﬁhaﬁgﬁ%sﬁgg?ngﬁ&&qé%ééi%ﬂlgPaﬁh,&FﬁE
predi ction(Cedei dBakifexci Lahieanr veutaalisiiga ) wiai ngskeby thedihhnear
i cid i d ing an
predi CH O”aE;BérS gg fvgfﬂrghl ssee};g]acgggesus‘éhg speech signal to vocal
tract information and excitation information to

represent.

Background Art
20 Used in the fields of digital mobile communications
and speech storage are speech coding apparatuses which
compress speech  information to encode with high
efficiency for utilization of radio signals and
recording media. Among them, the system based on a CELP
25 (Code Excited Linear Prediction) system is carried into
practice widely for the apparatuses operating at medium
to low bit rates. The technology of the CELP is
described in the “Code-excited ‘Linear prediction (CELP):
High-quality Speech at Very Low Bit Rates” by M.R.
30 Schroeder and B.5. Atal, Proc. ICASSP-85, 24.1.1..,
pp.937-940, 1985. ' ‘
| In the CELP type speech coding system, speech
signals are divided into predetermined frame lengths
(about 5Sms to 50ms), linear prediction of the speech
35 signals 1is performed for each frame, the predidtion
-residual (excitation fector - signal) obtained by the
linear'prediction for each frame is encoded using an

adaptive code vector and random code vector comprised of



adaptive code vector and random code vector conprised of 06/ 12/ 206?[5 2,5
known waveforns. The adaptive code vector and random code vect oP64rle2/2005
sel ected for use respectively froman adaptive codebook storing previously
generated excitation vectors and a random codebook storing the

pr edet efni netbwiunberedb rpise- pr apar eddyeet 0&6S ddddh *8cprhedel ey m-aadoshapes.

Used as the random fode vectors stored in the random codebook are, for

exanpl e, ra&Tdom VRGFEE SHfueftd erd&or soandsreckoFRegEABRAYed Hym anr angi ng
a few pul sestageidid T er eBlidbRil I Onse oH1e oCELP, £aqh pg appar afug perigrm the
seaf ch, ebo

LPC 15 synthesis and quantization, pitc random c ear ch,

and gai n c6FEBSGK iswar vechsinsy knguta digidah sicghedsok ard diriagymi thet he
a random codebook i ndex (S) and a

gquanti zed LP ). sRi t ched riod ),
gai n codebg)g%dl(e# g)?“?@)&t ong%g’gfode$g 2B 5o RVEI ¢ he IR STent VoREA
conventd onalrespeectinineeri §gapppar at yseAeads i CPRBaWI Ll ced-sRegches,
unvoi ced speeches and background noi ses using a single type of random

codebook, ah8TEReridt ofBei trandan f epdabpokt @ ncofleraldxane 6 npuandegnal s
with high ggakity. Disglo I nv. ion_An abject of the present
invention is to prsc’)(\%?%e a rrusﬁ(?%(g%sé spagg%:h gg&ﬁr?&%pp%?ﬁ?ﬁ?&&nd ¥eech
decodi ng @appardtog eapgabl euifsqw ovi dihff exehtapbentaedisng with 30

mul ti mode with enevngy ransrrc];‘tti ng node information, in particular,
per forning j udgnent o lsﬁpeeé:ﬁ’ BH onPREAL 8t SechPPA LdEISt | oRhEo jRRgnent of

voi cedisr egs it W@y OECedand  quantization, pitch search, random
codebook search, and gain codebook search using input
digital signals, and trasmits the quantized LPC (L),
pitched period (P), a random codebook index (S} and a
gain codebook index (G) to a decoder.
20 However, the above-mentioned conventional speech
coding apparatus needs to cope with voiced speeches,
~unvoiced speeches and background noises using a single
type of random codebook, and therefore it  is difficult
to enceode all the input signals with high quality.
25
Disclosure of Invention
An object of the present invention is to provide a
multimode speech coding apparatus and speech decoding
- apparatus capable of providing excitation coding with
30 multimode without newly transmitting mode information,
in particular, performing judgment of speech region/non-
speech in addition to judgment of voiced region/unvoiced
region, and. further increasing the improvement of
coding/decoding - performance performed with the
35 multimode. |
The present invention provides a multimode speech
coding apparatus comprising Vfiiét coding means for

coding at least one. type of parameter indicative of



region, and further increasing the inprovenent of coding/decodin
pe?formance performed with the 35 nultinmode. The present |nven9|5%ril2/2005

rovides a multinmde speech coding apparatus conprising first coding neans
1Por coding at | east one type of paraneser indicative of 06/12/2005 3 5

vocal tphactvdawlor mabicen tofbanaedonn domnenedd siignah; e €9dhag ;Means
for being capablqe of coding said at |east one type of paraneter indicative

of vocal tra&CRY nfoTHasi BRARIS £ preitad i F?Péblﬁodgf_s;cmeglé smﬁidghhgd
means for iat=ghi atg%pé'n Ld ., codi n an ased on a
dynam ¢ chg\r@ggﬁer?g?i c “of aggpeci él&{l:e@%%r érre%tqgédcplﬁgeedo?n Vsoaclrragt f?fgf:%cod! ng
means; andingpamedsion nwand far pdymtaidsivi og ambdefngt .nﬁbp@pﬁw%tgﬂ?hg gsl ng
a pluralit types of .paraneter informatiQon coded in sai irst coding
rregns and }sﬁglg Ssgfgoorhds%%gf:héngl§ g 'I*Pl‘_ég?n(?gnﬁadf? af PP 0GPERBIA

mul ti noele speech balecadicly aprafainis COARKESIERG ifddist gecadi )9 FBADS for
decoding at |east one type of paranmeter indicative of vocal ‘tract

i nf or mat i oR2EBREAPRed FRd@dspdéch sayAal fi26tsecondidecodiargareansndor

N e I A e A TS ki oL
swi t chi ng weang far slhitghing a?ﬂefg‘ft??gzﬂﬁ fgﬁ%fi%ﬁ%ggoded,
T oai 0 11T GBI & nEaREE AR 1EAnMIREEIS WednGof6r SB6sowl P4 He Speech
si gnal1susimgamspl urality of types . of parameter
The invention also provides A multimode speech
decoding apparatus comprising first decoding means for
decoding at least one type of parameter indicative of
vocal tract information contained in a speech signal;

20 second decoding means for being capable of decoding said
at least one type of parameter indicative of vocal tract
information with a plurality of decoding modes; mode.
switching means for switching a decoding mode of said
second decoding means based on a dynamic characteristic

25 of a spebific parameter decoded iﬁ said first decoding
means; and synthesis means for decoding the speech
signal using a plurality of types = of parameter
information decoded in said first decoding means and
said second decoding means.

30 - In énother form, the present invention provides the
multimode speech coding apparatus according to claim 2,
wherein saidlmode switching meané switches the coding
mode of said second coding means using a quantized LSP
paramenter.

35 In a further form, the present invention provides a
speech signal transmission apparatus having a speech

input apparatus that converts a speech signal into an

electric signal, and A/D converter that -converts a



informati on decoded in said first decoding neans and said second decqdin
means. 30 In another form the present invention provides the 9@&%@89095
speech codi ng apparatus according to claim 2, wherein said node switching
means switches the coding node of said4second codi ng neans using a

quanti zéd IsSRnglar anemter . £36ml ntlee f wpleherh f onputt hgppaesent iinuant on

rovi des a ,.speech sjgnal transm Sssion apparatus having a speech input
gppar at us tdﬁéﬁe(@g]nv%lr% abs sPeBEAtdgRS SEfRsFarrodingt 2PR25sEwWal thakd A /D

converter b@f&weﬁbaiﬁg@%ﬁ%%o%ﬁgit_5af: Qan: n(fQL“t BHEEEEO@d}J}F gpgech

i nput apparatus into a digital signal, a nulti € spee coding apparat us

that perf BuAd igwdieng speerche dogingl apmmedtost puind ram thensmiksionde
ransm ssi on . antenna that _transmts a radio

speech codi arat us,, and_a, . _
s!ognal out Sﬁtge%r%%mtﬁhae dﬁrq_ﬁs%%ﬁl at 6F Said IRt | HOdW s pbeh togi R
appar atus modnpeitsimg fbast cafingim®ass ffeLadi Nngodti nleasipPneachype of
paraneter indicative of vocal tract information contained in a speech

si gnal ; noUB"BREeRidgt hEdhs I nGwWeaRsngt ar c 6didigande dfe]ca_§é;i dosecon?
codi ng nea 5 51%@1: y i acterjstli f specifi ar anet er
codedgi n sg?géf io??t co%?%ge?reg%?;ﬁgﬂc %resyér\fh{ééfgéi- cr%é‘ﬁé%sjc f%r}f%glrgl?%g%?z! ng an
i nput speeepntpgned uUsi Ag speslar abigyadf tpes ofiipanangt eleany ofsmt i on

ded i i jrst coding,means and said second coding 20 nmeans. Al so
g(r)O\e/i dleg E%?Réh%?lgsgﬁt ?%%Iﬁ?i P é’%lspéééﬁl SPGREFA recepPordteaBPpar at us

havi ngrsa riegepdi owraNt @NN&ynamic characteristic of a specific
parameter coded in said first coding means; and
synthesis means for synthesizing an input speech signal
using a plurality of types‘ of parameter information
coded in said first coding means and said second coding

20 means,.

Also provided by the present invention is a speech
signal reception apparatus having a reception antenna
that receives a radio signal, an RF demodulator that
performs demodulation processing on the radio signal

25 received at the reception antenna, a multimode speech
| decoding apparatus that performs decoding on information
obtained by the RF demodulator, a D/A converter that
converts a digital speech signal decoded in the
multimode speech decoding apparatus into an analog

30 .signal, and a speech output apparatus that converts an
electric signal output from the D/A converter into a
speech signal, said multimode speech decoding apparatus
comprising first decoding means for decoding at least
one type of ©parameter indicative of vocal tract

35 information contained in a speech ~ signal; second
| decoding means for being capable of decoding said at
least one type of parameter indicative of vocal tract

information with a plurality of decoding modes; mode



that receives a radio signal, an RF denpdul ator that performs denpdul ation
processing on the radio signal 25 received at the reception an.éhﬁb3/3905
mul ti node speech decoding apparatus that perforns decoding on information
Obt ai ned by the RF denpdul ator, a D/ A cenverter that converts a digital
speech $i grmalitdechdgdnieanisheror suilddHmede speesd dihBgcappar abygy i nto
an analog 30 signal, and a speech output apparatus that converts an .

el ectric m%ﬁﬁﬂn%uﬁﬁﬁPdFPSmMﬁ%?qyﬁﬁ%%@v@ﬂnﬂ dynanic sheeshteirgsalic said

mul ti node h i3 QY 5 first decodi ans for
decodi ng a?ﬁfgﬁsfg%gﬁgbggH%Q€$£%%§§né%kr f%%iggtﬁ§é%%f ﬁ%%%lggF§§EH§5
i nf or mat i omegavitiai et | reyntSpeech shgmas; seecondecdeindi ngheeappeben being
capabl e of decoang said at_ | east aone type of paranmeter_ indicative of

i Wfor BEE84 with % Gy 6f detBrrfg wSdesPappmeter

vocal tracf™9 _ ( _ ¥
06/ 12/ 200515 fornid {eihi R@omRRRS far sytbchingsa deeading "?h%%n%f Sahd
second decodi ng neans based on a dynami c characteristic ”“ of a specific

par anet er 88d6dEFINSHerdding mWeeoding neans; and synthesis neanslgor

decoding t h i g Ln lurality of types of paraneter
inforna?iogﬁggggggd'Eﬁésg?%sgﬁksgnggggﬁfﬁb %%ﬁﬂspéﬁgldféldPs%%%BHtﬂécodlng
means. Furtrhaedabtlee peesentinignvaestiom alvs@hpr avi gespar epmMukt &&ut s8adabl e

e N9 R L 8, GOMPULEL, XG0 U BhLe [ POggram [ecorded thersL the
15  procedures of judging stationarity of a guantized LSP
parameter using a previous quantized LSP parameter and a
current quantized LSP parameter; judging a voiced
characteristic using the current guantized LSp
parameter; and switching a mode of a procedure of coding
20 an excitation vector, based on judgeéed results.

In anther form, the present invention provides a
computer readable recording medium with a computer
executable program  recorded therein, the program
comprising the procedures of judging stationarity of a

25 quantized LSP parameter using a previous quantized LSP
parameter and a current quantized LSP parameter: judging
a voiced characteristic using the current quantized LSP
parameter; switching a mode of a procedure of decoding
an excitation vector, based on judged results; and

30 :switching a procedure of performing postprocessing on a
decoded signal, based oﬁ the judged results.

In a penultimate form, the present invention
provides a multimode speech coding method for performing
mode switching of a mode for coding an excitation

35 vector, using a static characteristic and a dynamic
characteristic of a quantized parameter indicative of a
spectral characteristic of a speech. A multimode speech

decoding method for performing mode switching of a mode



15 procedures of judging stationarity of a quantized LSP paraneter using a
previ ous quantized LSP paraneter and a current quantized LSP p&6ne2éR005

judging a voiced characteristic using the current quantized LSP
paraneter; and switching a node of a preéecedure of coding 20 an excitation

vect or, shasid ondétiglgedgr estl t sxchinaantdier Joidpy t heyprggent i nyenption
provides a _conputer readable recording mediumwth a coﬁput er executable
progr am r eGFdetT ket BEHC t B&@r oyr aMyrewHpy | sthgraheepistadur est of a udgi ng

stationari Dt &P qu i SP p ter. _using previ ous quanti zed LSP
par amet er ?ﬁhd a current %%Ejgﬁnt%‘%zelgd Lsghggﬁg?r%tvgr; j%]ggi n§g a @8%5%531
char act er i sthiagasgfiawy sthiec cof renspgaanti zed LSP paraneter; sw tching a node
of a procedure ?‘fi decodi n an excitation vector, based on judged results;

and 30 switchi ng 4 %roced ofP HFETFOY i Ty P& PR 0ceb8P ngpeAvAdedecaded
si gnal jo bamed tamddie gotgedsF&€ssi h§- mbR hd P el z'tlh’?lgtdﬁ;t ‘:)’ér%’ié“ ?@%?eﬂéﬁ%em

invention provides a nultinode spéech coding pe mng node
swi tchi ng 8Fe® ndlle Fustoicudli Wheameaxcpration 35 vegion, issi Bg apstahic
characteri gLj n am ¢ har eristic of a _quantized paraneter

i ndi cative %1%&3% g‘psggtqf% r%:%%?%% eﬁlgét PELgfeteLpeddtt %%ﬁ’?‘?ﬁ%ﬂﬁlgﬁeech

decodi ng nethpd dforpeefdanihagraede oM oy nﬁr@ﬁs@o%d%r%@ejs?éi%g?%ﬁ 5 for
decodi ng an excitation vector, usi ngea static characteristic and a dynam c

characteri®ti 61P3d7 quht i z8Aephraret &thasrli chandendtingspedtaml of
char acfser i sAh8off z&ngPegChspERaLhY. pth%%epr %%q:rgir{encyerbtyi’ on, al §o Parts%\:/i des a
Fourier transform processing corresponding to a result
determined by said judgement step; the spectral
amplitude smoothing step of performing smoothing on a
spectral amplitude obtained by said fast Fourier
20 transform processing corresponding to said result; and
the IFFT processing step of performing inverse fast
Fourier transform on the spectral phase randomized by
said spectral phase randomizing step and the spectral
amplitude smoothed by said spectral amplitude smoothing
25 step.

In the present invention, the mode determination is
performed using static/dynamic characteristics of a
quantized parameter representing spectral
characteristics, modes of various codebooks for use in

30 coding excitation vectors are switched based on the mode
determination indicating the speech region/non-speech
region or voiced region/unvoiced region. Further, in
the present inventicn, the modes of various codebooks
for wuse 1in decoding are switched using the mode

35 information used in the coding in decoding.

Brief Description of Drawings



10 nul tinode postprocessing nethod conprising the judgement step of
j udgi ng mhethgr OP not a region is a speech region using a.decQébﬁilé@OOS
parameter; the FFT processing step of performng fast Fourier transform
processing on a signal; the spectral pRase random zing step of 15

randoni zi ng a spistral . phaseaolimidied diygaaind {aststFauiher 4 rapskerm
processi ng cq{respondinggto a , result, determned by said judgenent step;

the spectra®“'dipl FPEAE=SHGot Hi ng stpSbf gdradimenty sfoditid ngreseat
spectral anmplidiide,pbtai ned by said fast Fourier 20 transform processing
corresponding to said result; and the IFFT processing step of performng
inverse fast Fddfb-er2t righstorbionkt hitl speatr all Jphases triangon zegebyh sai d

spectr al andom.zi ng. step _and the spectral. anplitude snoothed by
sgi d specf?%l%%gr%p ta[Pd%érsrm%% hfﬁga §§c§f1§1p.erqtbr‘?4lt‘i[éerg1'pe‘§%n‘fh‘? nREREFBA, the
node deét er dinvatitdori;s perfornmed using static/dynam c characteristics of a

uantized paranmeter representing spectral characteristics, nodes of
8ari ous codebookdCfor us® fnidowehdinig Bxei sreRch vactiors precsssinged

based on thg gpde £idater, ndic n h peech re |o;n/ non- speec
regi on or voiced rég%on/éﬁr%ic@%ﬁt‘f e(g#oﬁﬁéFgﬂg gﬁ% |lﬁvepﬁ&%|5l_r esent _
i nvention, the Fbdes of vaisi ous cddebodksrt f orfaise spederodid@-caenswi t ched

i th 35 information used in the coding in decoding. Brie
Desor i pt ieoﬁpggeﬁé%gngénoes%?/ 2665074 5 o) diftents | deke dikir et
il lustratingvanspegaeh codi ng apparatus in a first enbodi nent of the present

FIG. SA is a Dblock diagram illustrating a
configuration of a speech signal transmission apparatus
in a third embodiment of the present invention;

FIG. 5B _ is a block diagram illustrating a

20 configuration of a speech signal reception apparatus in
the third embodiment of the present invention;

FIG. 6 is a block diagram illustrating a
configuration of a mode selector in a fourth embodiment
of the present invention;

25 FIG. 7 is a block diagram illustrating a
configuration of a multimode postprocessing section in a
fifth embodiment of the present invention:

FIG. 8 1is a flowchart for the former part of
multimode postprocessing in the fourth embodiment of the

30 present invention;

FIG. 9 1is a flowchart for the latter part of the
multimode postporcessing in the fourth embodiment of the
present invention;

FIG. 10 1is a flowchart for the entire part of the.

35 multimode postprocessing in the fourth embodiment of the
present invention;

FIG. 11 is a flowchart for the former part of the



invention; FIG 2 is a block diagramillustrating a speech decodé?g%/
apparatus in a second enbodi nent of the present 10 invention; ppc 15/ 2905
flowchart for speech coding processing in the first embodi ment of the
present invention; FIG 4 is a flowhart for speech decoding processing in
t he second enbodi nent of the present &5 invention; FIG 5A is a block '
diagramillustrating a configuration of a speech signal transm ssion
apparatus in a third enbodi ment of the present invention; FIG 5B is a
bl ock di agr armulitdstade ipgs &pRicessingiat cte &1 £ 15 NeRB b agingsat GECERE ONn
apparatus in the third enbodi nent of the present invention, FIG 6 is a
bl ock di agramrébkesitr atimvignd iomnti gurdati on of a node selector in a fourth
enbodi ment of the present invention; 25 FIG "7 is a bl ock diagram
illustrating a (HNﬂI@UiﬁUMB]@ffadﬂdhanﬁdﬁoﬂ0$hﬁCmﬁtﬁdﬁlﬁ&ﬁtl@flfhé
.fifth enbodi mrent of the present invention; FIG 8 is a flowhart for the
former part m‘ulhmmpldrm@ebspbprprmssngglnnthhefﬁ.mﬂﬁ Revbadinaat oFf the
30 present invention; FIG 9 is a flowhart for the latter part of the
mul ti noded pom%atsiingnmtﬁ.mlfourt h enbodi nent of the present

invention; FIG 10 is a flowhart for the entire part of the 35 nultinode
postprocessing in the fourth enbodi nent of the present invention;
Best Mode_for Carrying Out the Invention
Speech coding apparatuses and others in
embodiments of the present inver_ltion are explained below
10 using FIG.1 to FIG.9. .
(First émbodiment)

FIG.1 is "a Dblock diagram illustrating a
configuration of a speech coding apparatus according to
the first embodimenf of the present invention.

15 Input data, comprised of, for example, digital
_speech signals, is input to preprocessing section 101.
Preprocessing_section 101 performs processing such asg
cutting of a direct current component and bandwidth
limitation of the input data using a high-pass filter.

_20 and.band-pass filter to output to LPC analyzer 102 and
adder 106. 1In addition, although it is possible to
perform successive cbding processing without performing
any prOGeSSLHQ in preproce551ng section 101, the coding
performance is improved by performlng the above-

25 mentioned processihg.

LPC analyzer 102 performs 1linear prediction

analysis, and calculates linear predictive coefficients



FIG 11 is a flowhart for the former part of the 06/12/2005 8 rrul}i nzde
post processing in the fifth enbodi nent of the present. i nvent i-8&/ 442005
FIG 12 is a flowhart for the latter part of the nmultinbde -postprocessing
in the fifth enbodiment of the 5 present invention. Best Mde for Carrying
Qut the Invention Speech codi ng appara%]uses and others in enbodi nents of
the present invention are explained below 10 using FIG1 to FIG9. (First
enbodiment) FIG 1 is a block diagramillustrating a configuration of a
speech codi ng(ap@ayr atos cactcpudi t® tHPCt haahtriszeeniedi rent of the present

I nvention. 15 Input data. conprised of, for exanple, digital 'speech
signals, is input thPEraewaceisenyloacguamntildes PhepinpassLeg seaitpatldl
perfornms processing such as cutting of a direct current. conponent and
bandwi dth |ithéatquwandfizdd iIpOt tat syusilngsfishighipass okt eand0 mode

band-pass filter to output to LPC anal yzer 102 and adder 106. In addition,
al though it isepestiddte 105 ,perdmi mBurthes veownphitg paocessiag W t BRt
perform ng any processing in preprocessing section 101, the coding
per f or manée irmeprpsereds by heeghoamt hgeih& Pabave-d€Sodent.i onbtl A4AIASEHAJ.-
LPC anal yzer 102 perforns |inear prediction analysis, and cal cul ates
| i near predi diheequaaffizatdion &O6/IRC20685p8rformed usually after LPC
is converted to LSP (i.ine Spectrum Pair) which has bettér
interpolation characteristics. |
As synthesis filter 104, a LPC synthesis filter is
10 construdted using the 'quantized ‘LPC input from LPC
quantizer 103. With the constructed synthesis filter,
filtering processing is performed on an excitation
vector signal input from adder 114, and the resultant
signal is oufput to adder 106.
15 Mode selector 105 determines a moderof random
codebook usi'ng the quantized LPC input from LPC gquantizer
103.
" At this time, mode selector 105 stores previously
input information on quantized LPC, and performs the
20 selection of mode using both chai:‘-acte'risticsvof an
evolution of gquantized LPC between frames and of thé
quantized LPC in a current f;;ame. There are at least
two types of the modes, of‘ which examples are a mode
corresponding to a voicled speech segment, and a mode
25 ‘corresponding to an wunvoiced speech segment and’

stationary noise segment. Further, as information for

use in selecting a mode, it is not necessary to use the



(LPC) t,0 output to LPC quantizer 103. LPC quantizer 10.3 quantizes, the
i nput LPC, outputs the quantized LPC to synthesis filter 104 af®/baé2005
sel ector 105, and further outputs a code L that 5 represents the quantized
LPC to decoder. In addition, the quantization of LPCis perforned usually

after LPC is converted to LSP (Line Spectrum Pair) which has better
i nterpolation characteristics. As synthesis filter 104, a LPC synthesis
filter is 10 constructed using the quantized LPC input fromLPC quantizer

103. Wth theqneist{zeled. sy nthesise 1voke and i L Ee%id% d%féﬁi?fagta%get o

perforned on an excitation vector. signal 1nput froma

resultant siggal bsnQePrbat QAMERE tEIG -ggéefgds.s%%ﬁ&t uﬁa]’leg?:q(%grn éﬁf a

node of random codebook using the quantize C input fr

103. At this {58 edPfgeSelRitPLciBR s URif PLRY! ' | QieOl MRLI0
on quantized LPC, and perforns tﬁe 20 sc%lr ectilaion g%”?or?ediu%?%gnb%t%fﬁuaf
characteri stiéglgwgfr.an evol ution of quantized LPC between frames and of the

guantized LPCin a current frame. There are at |least two types of the

modes, of gwhich exatg@hes areos Me1 c62RPONdINY éfrarVOit&f’ijé@%eChEhe

segnent, and a node 25 corresponding to an unvol ced speech segnent .an

stationary ngiSepeeddiedrthpa® dadd iR ﬁﬁ:@%b%ﬂg&@'prd@@s%ﬁf%eclsﬁgiﬂgna

node, it is not necessary to use the 06/12/2005 10 quantize

themsel ves, amgll idndsthy esphthedMfed Os Y§RACOWET &€ pRAT BRI PP 8%

t he quantized LSP, _ ' :
weighting filter 107.

Perceptual weighting filter 107 performs
10 perceptual weighfing on the error calculated in adder
106 to output to error mihirﬁizer lo8.
Error minimizer 108 adjusts a random codebdok index
Si, adaptive codebook index (pitch period) Pi, and gain
c_odebook index Gi respectively output to ra:ndom codebook
15 109, adaptive codebook 110, and gain codebook 111,
deter_mines a random code vector, adaptive code vector,
and random codebook gain and adaptive codebook gain
respectively to be geherated in random codebook 109,
adaptive codebook 110, and gain codebook 111 so as to
20 minimize the perceptual‘. weighted error input from
pe_rceptuai weighting filter 107, and outputs a code S
representing the random code vector, a code P
representing the adaptive code vector, and a code G
representing Qain information to decoder.
25 Random codebook 109 stores the predetermined
number of random code vectors with Idifferent shapes, and

outputs the random code vector design'ated by the index



refl ective coefficients and linear prediction residual power. der 106
cal cul ates an error between the preprocessed i nput data input f3@§815/2%05

preprocessing section 101 and the synthesized signal to output to
perceptual weighting filter 107. Perceptual weighting filter 107 perforns
10 perceptual weighting on the error cHl culated in adder 106 to output to
error mnimzer 108. Error mnimzer 108 adjusts a random codebook i ndex

Si, adaptive codebook index (pitch period). Pi, and gain codebook index G

respectively gut p#t raddéRdesEeodebeads 1aph P%rafagkrvt mdeherkelq o gnd

gai n codebook 111, determ nes a random code vector, adaptive code vector.

and .random cofakenkm & deddbladant hues 600ELAGK Ed tyrff‘éé).%@ beles to r
generated in random codebook 109, adaptive codebook 110, and gai n codebook

111 so as-t0 gRaMipldl ZeaEomeEsarbodk M9 dhked oW PhurBAltd l¥lerate
perceptual weighting filter 107, and outputs a code s representing the

random code VEE@®lsed 100E8 rLRESMEDEHBIréHE0RURAILHE £OEE YEEFREpE it
code G representing gain information to decoder. 25 Random codebook 109 -

stores thg predet£r Hokdednuwipeecti sagfemCodan@cistmblh ghhbeaqy a
shapes, and outputs the random code vector designated by the index

06/ 12/ 2005 1In&isef- YEmdopaadim Ridevédpdt Lo MYddidifé8poBing
Random codebook 109 has at |east two types.of nobdes. For exanple, random
codebook 109 ¢ emf ugiweticed gespercaile segmene-|laka repdeioecdeyVverdfsd N
t he node correspondi ng _ ' _ -
segment. The random code vector output from random
codebook 109 is generated-with a single mode selected
10 in mode se.lect'or 105 from'among at least ‘two types of
the modes des'cribed above, and multiplied by the raﬁdom
codebook gain Gs in multiplier 112 to be output to adderxr
114. _
Adaptive codebook 110 performs buffering while
15 updating the'previously generated excitation vector
signal sequéﬁtially. and generates the adaptive code
vector using the ;daptive codebook index (pitch period
(pitch 1ag)) input from error minimizer 108. The
adaptive code vector generated in adaptive codebook 110
20 . is multiplied by the adaptive codebook gain Ga in
multiplier 113. and then output to adder 114.

Gain codeﬁook 111 stores the predéterminéd number
of sets of the adaptive codebook gain Ga and random
codebook gain Gs (gain vector) , and outﬁuts the adaptive

25 codebook gain componrent Ga and random codebook gain

component Gs of the gain-vector'designated by the gain

codebook index éi input from error minimizer 108



5 to arvoiced speech segnent, and further generate a noise-Ii kerﬁrjmdgm
code vector in the node corresponding to an unvoi ced speech se@ k2484905

stationary noi se segnent. The random code vector output from random
codebook 109 is generated with a single node selected 10 in node sel ector
105 from anong at | east two types of ti®e nodes descri bed above, and
multiplied by the random codebook gain Gs in multiplier 112 to be out put
to adder 114. Adaptive codebook 110 performs buffering while 15 updating
the previousl yegaeehivekrctoanudtipdcierssijdabmequen! i afny adddtion ,
generates the adaptive code vector using the adaptive codebook i ndex

(pi tch peri odif( phtecigdby) Fodepeok riom eonst ruioti edl zef t h08. pIhara ARk ioe
code vector generated in adaptive codebook 110 20 is multiplied by the
adaptive codebbelgeyni niGdd posndbipl terddiceandthdmepyoampuint ¢egdeireld 4.
Gai n codebook 111 stores the predeterm ned nunber of sets of the adaptive
codebook gai fE@a the gaidomnodebelodolanghian desnf gt ivat tamig unan el Rled
t he adaptive 25 codebook gai n conponent Ga and random codebook gain
conponent 5Gs f¥rideigatadedsiwk sdssighat eFunythée, ghf theadahbek bEdex G

i nput fromerror mnimzer 108 06/ 12/ 2005 12 respectively to multipliers
113 and 112. assiagaied ofior | thehedyhnn coutiebook isscosfificiehnttit is
plurality of stages, it is possible to reduce a nenory anount required
for the. gai POBBébdsk thcsaadsrmavanbhzentihe adaptive Sddebgaikn gain
codebook search. Further, if the nunber of bits assigned for the gain
codebook is 3®diEppfomgofebook gain independently of each other.

Adder 114 adds the random code vector and the
10 adaptive code vector respectively input from multipliers
112 and 113 to generate the excitation vector siénal,
and outputs the generated excitétioh vector signal to
synthesis filter 104 and adaptive codebook 110.
In addition, in this embodiment, although only
15 random codebobk 109 is provided‘with the multimode, it
is possible'to provide adaptive codebook 110 and gain
codebook 111 with the multimode, and thereby to improve
the quality. | |
The flow of processing of speech coding method in
20 the above-mentioned embodiment is next described with
:eferencetoFTG;B. Thisexplanationdescribesthecase
that in the speech coding processing, the processing is
performed for each unit processing with a predeterminéd
time length (frame with the time length of a few tens
'25 msec}, and further the processing is performed for each
shorter unit processing (subframe) obtained by dividing

a frame into the integer number of lengths.



possi bl:e to scal ar - quant ize the adaptive codebook gain and random codebook -
gai n i ndependent |y of each other. Adder 114 adds the random cod®6/ec2 6204/

the 10 adaptive code vector respectively input fromnmultipliers 112 and
113 to generate the excitation vector signal, and outputs the generated
excitation vector signal to synthesisi¥ilter 104 and adapti ve codebook
110. In addition, in this enbodi nent, although only 15 random codebook 109

is provided with the nmultinode, it 1is possible to provide adaptive

codebook 110 and gairn ssigboble rldindftler hepprbiiigRds 28dgitherehy Q14
inprove the quality. The flow of processing of speech codingsnethod in 20

the above- mentheneslesitiofesensuca ngst €Rscribatettd oef Q&@C%&ag@ﬁré-
Thi s expl anation describes the case that in the speech codi ng procéessing,

the processi ngodebdskf osyertHesisagh e+ REAGESSaHA i pue Bﬁﬁﬁfégf H0gd
time length (frame with the tinme length of a fewtens 25 nsec) , an
further the psrbeassdyg is perforned for each - shorter unit processing
(subfrane) obtained by dividing a frame into the integer nunmber of
| engths. 86/ 12/ 2005N4&Rtl,nist SF3OES ainphtedaebbEakhabg0a in%Dta%Q]spéLalch
t he menories such as the -contents of the adaptive - codebook, synthesis
filter menorybgmdalnmdrbakpending tead eframd\ed , inpudl3Qnal #ouUl + data
such as a digital speech signal corresponding to a frame is Input, and
filters suclswshaas gh- febghfiplasss #dd tendaprbSbanlit-@asEe £ appkiredat@
the Input data to performoffset cancellation .
applied to the input data to perform offset cancellation
and bandwidth limitation of the input data. The
10 preprocessed inp'ut data is buffered in an input buffer
to be used for the following coding processing.

Next, 1im ST303, the LPC (linear predictive
coefficients) analysis is performe‘d. and LP (linear
predictive) coefficients are calculated. |

15 Next, in §T304, the quantization of the LP
.coefficients calculated in ST303 is performed. While
various quantization methods of LPC are proposed, the
gquantization can be performed effectively by converting
LPC into LSP° parameters with good inteérpolation

20 characteristics to apply the predictive quantization
utilizing the multistage vector quéntizatién and
inter-frame correlation. Further, for example in the
case where a frame is divided into two subframes, it is
general to quantize the LPC of the second subframe, and

25 determine the LPC of the first subframe by the

‘interpolation processing using the quantized LPC of the

second subframe of the last frame and the quantized LPC



and bandwidth [imtation of the input data. The 10 preprocessed | nput data
Is buffered in an Input buffer to be used for the foll ow ng colip &2/2005
processing. Next, In ST30.3, the LPC (linear predictive coefficients)

anal ysts is performed and LP (linear predictive) coefficients are

cal cul ated. 15 Next, -in ST304, the quadftization of the LP .coefficients
calculated in ST303 is perforned. Wi le various quantization nethods of
LPC are proposed, the quantization can be perfornmed effectively by

converting LBE |the s8Borhr subiramvi b 0908 LRbedif! Fqmel0
characteristics to apply the predictive quantization utilrzing the

nul tistage vector gNamtti,zainOST3W5,i IR - peddRPOLLE! .:i%h ryher, for
exanple in the case where a frane is di vi%ed into tm%tséu r%%é ff‘lltser
general to quthaltze paefldmsf tfkResecpadcapiysire, vﬁﬁjgl% erm ne the
LPC of the first subframe by the interpol a?:%n pr ocessl ngiggi[ ng e E?‘e
quanti zed LPdpoéptriocessednd mphitr @t of ikhedwpstribday and the quantized
LPC 06/ 12/ 2005 14 of the second subfrane of the present frame. Next, in

ST305, thé percept Nextweiight SWgd6 |t ar pd @b pPaaow&ihh r al .
wei ghting on the preprocessed Input data is ]E::’onstruct eg. %gqﬁleéﬁ?’ttﬁlne%ﬁ‘%&
a perceptual fidel garedtiyait hegenedatéeer bhalgyafrwsaised VDRSS zecfdfsi g”a'
of a perceptual weighting domain fromthe excitation vector™ signal is

construct ed. PRY¥eeptiadr wesighmjnige@lomﬁihhgrcﬁwﬁﬂesé:ic&iﬂatﬂorﬁ”gec
perceptual weighting filter in a 10 subordination connecti on. e syrﬁcﬁ’ési S
filter is signal ;i.s constructed. This filter is comprised of the

synthesis filter and perceptual weighting filter in a
10 subordinafién connectionv. The synthesis filter ig
constructed with the quantized LPC quantized in ST304,
and the per_ceptual welghting filter is constructed with
the LPC calculated in S7303.
Next, in ST307, the ée_lection of mode is performed.
15 The selection of mode is performed using static and
dynamic chafacteristics o_f the quantized LPC quantized
in ST304. Examples of _specifically used
characteristics are an evolution .of quantized LSP,
reflective coefficients calculated from the gquantized
20 LPC, and prediction residual_.power. Random éodebook
search is performed according to the mode selected in.__
this step. There are at least two types of the modes
to be_selected in this step. ,Ah example considered is
a two-mode structure of a voiced speech mode, and an
25 unvoiced speech and stationary noise mode.
_Next‘, in ST 308, adaptive. codebook. search is

performed. The adaptive codebook search is to search



constructed with the guanti zed LPC quantized In ST304, and the_pe ceEtuaL
wei ghting filter is constructed with the LPC calculated in ST388. 2005

ST307, the selection of node Is perforned. 15 The selection of node.ls
performed using static and dynam c characteristics of the quantized LPC
quantized In ST304. Exanples of speciically used charecteristics are an
evol ution of quantized LSP, reflective coefficients calculated fromthe
guanti zed 20 LPC, and prediction residual power. Random codebook search Is

performed acces dhdgphtd véecondeveeeit eshéR- thhbi & SEeRept8al @kl fjtlgast
two types of the nodes to be selected In this step. An exanpl e consi dered

IS a two-nodey§thed i 8d0kaire0b £Ad 1T a0 FR4RA AFa N is_25tfx'8v9:i19:?§j?<st
speech and' stationary noise node. Next', in ST 308, adaptive codeboo

search is pard oaNBflavEE BRaRl e §ede WPk peaa Shmi fid Otﬁaarﬁar%_/pl@ddﬁ%

15 an adaptive code vector such that a perceptual weighted synthesize
vwaveformis gaNegatatd heh ithd r&pesesdsdeaaingual caataht a'ﬂeﬂogiti&)n

perform ng the perceptual weighting on the preprocessed input data.
position § framemhivibiehe eHapt auaptive vasd@e ivedtbeheds sgedainsdi ned so
as to mnimze an-error between a signal obtained by filtering the -
preprocesseddeuimialed éd hast 8o pacaRi val aneiedhtd A0bbithicdn CRNS i ghe £
in ST305, and a signal obtained by filtering the adaptive code 10 Vector
fetched fronmobitea fleat bye fickiebpak gatitd X6 braidexs ¥ach apdt dataWviity he
perceptual. weighted synthesis filter constructed in ST306.
the perceptual weighting filter constructed in ST305,
and a signal obtained by filtering the adaptive code
10’ vector fetched from the adaptive codebook as an
excitation vector signal with the perceptual-weighted
synthesis filter constructed in ST306.
Next, in ST309, the random codebook search is
'performed. The random codebook search is to select a
15 random code vector to generate an excitation wvector
signal such that a perceptual weighted synthesized .
waveform is generated that is the closest to a waveform
~obtained by performing the perceptual weighting on the
preprocéssed input data. The search is performed in
20 consideration of that the excitation vector signal is
Qenerated.by adding the adaptive code vector and random
code vector. Accordingly, the excitation vector signal
. is generated by adding the adaptive code vector
determined in ST308 and the random code vector stored
25 1in the random codebook. The random code vector is

selected from the random code book so as to minimize an

error between a signal obtained by filtering the



Next, i‘n ST309, the random codebook search As performed. The rand/om \
codebook search is to select a 15 random code vector to generap@ élr12/2005

excitation vector signal such that a perceptual wei ghted synthesized
waveformis generated that is the closest to a waveform obtained by
perform ng the' perceptual weighting ontfthe preprocessed input data. The
search is perfornmed in 20 consideration of that the excitation vector
signal is generated by adding the adaptive code vector and random code
vector. Accor diefppateide eoxel tattiiom veectorssdualal iwiganeha ebbyepddi 89
t he adaptive code vector determned in ST308 and the random code vector
stored 25 in VWedghhednsyaddvesits Fhid teandum codactasd oin isr3esleanqf fram
t he random code book so as to minimze an error between a signal obtained
by filtering SRETEE} Pbadperd byefidditexingdihatpvepyrectass sdgmaput tia ¢ Je
perceptual weighted synthesis filler constructed in ST306, and the signal
obt ai ned by f¥itdyikhet neepogpiodadsadeighttingnt £iMéh domperaeis@l in -
wei ghting filter constructed in 5 ST305. In addition, in the case where
processi n§ sueh308s pi Frhagéld blopr.odes dihey dass @ewherre b pocebe g de@apde
vector, the search is perforned also in consideration of such processing.
Furt her this @@anBékchopesd®ad arogedsing 150 pemBermed hon moHes r4wa okd
exanple, the search is performed by using the random codebook storing-
pul se-1ike r &b cHRCEO& or s the t heeanshe cds espeafiogmed t helge cedn
speech segnent, and using the random codebook storing noise-Ilike random
vect or $945 1 TR kOB PEe SHHY DKL EOSSA@ diny oF vtk Ivpeethis random

code

codebook has at least two types of the modes. For

10 example, the. search is perf-ormed by using .the random
codebook storing pulse-like random code vectors in the
mode corresponding to 1_:he voiced séeech segment, and
using the rand_dm codebook storing noise-like random code
vectors ih the mode corresponlding to the unv&iqed speech

15 segmént and stationary noise segment. The random
codebook of which mode is used in the search is selected

in ST307.

- Next, in ST310, gain codebook search is performed.
'The gain codebook search is .to select from tﬁe gain

20 ‘ codebook a pair of the adaptive codebook gain and randbm
codebook gain respectively to be multiplied the adaptive
code vector déterminéd in ST:§08 and the random code
vector determined in ST309. The excitation vector
signal is generated by adding the adaptive code vector

25 _mi:ltiplied by the adaptive codebook gain and the random
code vector multiplisd by the randem codebook gain. The

pair of the adaptive codebook gain and random codebook



15 seggent and stationary noi se segment. The random codebook of %plch nod
is used in the search is selected in ST307. Next, in ST310, gaf®/cbdéB 6H%5

search is perforned. The gain codebook search is to select fromthe gain
20 codebook a pair of the adaptive codebook gain and random codebook gain
respectively to be nultiplied the adapti¥e code vector determ ned in ST308
and the random code vector determned in ST309. The excitation vector
signal is generated by adding the adaptive code vector 25 nultiplied by the

adaptive codegaah g3 Beaultba £a3dPEh e 1 BUDAIK! L6 R 4 dlﬁ!ﬂﬁ. ize

random codeboOk gain - The pair of the adaptive codebook gain and ran

codebook 06/ 13h2005r &7 %ewe%éelae%fgna&m%hsiﬂ@& 6¢d genrgﬁ At e

mnimze an error between a signal obtained by filtering the

excitati on vegholerdtdal eWditibe W%@Qﬁé&ﬁ' ahtack 5 Y- - »
constructed |% S‘Ig306 ang the ' 505| gnal obtglj'\rqgld by fil t%&??ﬁgb&éébkﬁal

preprocessed wa&%ﬁi@das{ﬂﬂtﬂééf§ PL1 @R bdIn ¥Rt if b‘x%roéonéhﬁu%‘x-ﬁ{
in ST305. Next, in ST31 the excitation vector signal is genérated e

excitati os vesighali- gwaiﬁeﬁeﬂ?rﬂlider&%@kﬁé%f‘%ﬁo&%&%d9_ dﬁgﬂe&a%

mul tiplying the adaptive code vector selected in 08 by the adaptive

codebook gaiwi e8! aied peérSEBUAN vk VERE 2 gPDE 2l QG D¥onBH theltddY ifrhe
random code vector selected in ST309 by the random codebook gain sel ected

i n.ST310. 15 d¥e3s5.in ST312, the update of the nmenory used in a |oop of
t he subfrane processing is perforned
Next, in ST311, the excitation vector signal is
generated. The excitation vecfor signal is generated
10 by-adding'a vector obtaihed.by'multiplyihg the adaptive
code vector selected in ST308 by the adaptive codebook
gain selected in ST310 and a vector obtained by
multiplying the random code vector selected in ST309 by
the random codebook gain selected in ST310.
15 Next, in ST312, the update of the memory used in
a loop of ‘the spbframe proqessing is performed.-
Examples specifically performed are the update of the
adaptive codebook, and the update of states of the
perceptual welghting filter and perceptual welghted
_29 synthe51s filter.
In ST305 to ST312, the processing is performed on
a subframe-by-subframe basis.
Next, in ST313, the update of memory used in a loop
of the frame processing. Examples specifically
:25 - performed are the update of states of the filtér used

in the preprocessing section, the update of guantized

LPC buffer (in the case where the inter-frame predictive



Exanpl es specifically performed are the update of the adaptive %gpe K,
VAR PRI

and the update of states of the perceptual weighting filter an

wei ghted 20 synthesis filter. In ST305 to ST312, the processing is
in ST313, the update of

essing. Exanples specifically 25
used in the preprocessing

t he update of quantized LPC buffer (in the case where the

performed on a subfrane-by-subfranme basjs. Next,

menory used in a loop of the frame pr
performed are the update of states of the filter

secti on,

inter-frame pESEntize tds/26200PA 8L guSEEaked )l ARG it%é’%??:f)&{]?%fﬁo@”d

the update of input data. buffer. Next, in ST314, coded data

The coded datBPWE odapat wfferransni ssion path while being 5 subjected
to bit stream processing and multiplexing processing corresponding to the
formof the transriesiton. inrSBI3@2 taod8d @atST8d30he pkd, “i\ﬁeorcogg%%{ ng

Is perforned on a frane-by-frane basis. Further the

10 processing on

f r ame- by- f r arfta basi sancuéphitr atre ba- subhnmﬁibherga%ﬂ Ughisl1d hhd PRY

data is consuned. (Second enbodinent) FIG 2 is a bloc di agram

i 11 ustratPngshbiesitiflr & oni bf Sitspaﬂchpﬂee:@ﬂm%p%{&t W PEE &‘Q;Pﬂ?gﬁg

to the second enbodi nent of the present invention.
quanti zed LPRre@@Esdng epresenespprdiagdomeende tipst orgoepde Be

representing :
transmission.

an adaptive code vector, and code G representing gain

he code L represen

the

In ST302 to 304 and ST313 to 314, the processing

is performed on a frame-by-frame basis. Further the

10. prbcessing on a framé-by-frame basis and subframe-
?y-suhframeisiterateduntiltheinputdahaisconsumed.
(Second embodiment)

FIG.2 1is a block. diagram iliustrating a
qonfiguration of a speech decoding apparatus accordiﬁg

15 to the second embodimeht of the present invention.

The'cdde L representing quantized LPC, code S
represenfing'a random code vector, code P representing
an adaptive code vector, and Code G representing Qain
information, ‘each transmitted from a coder, aré

20 respectively input to LPC decoder 201, random codebook
293, adaptive codebook 204 and gain codebook 205.

LPC decoder 201 decodes the gquantized LPC from the
codeI.tooutputtomodeseléctarzozandsynthesisfilter
209. '

25 Mode selector 202 determines.a mode for random
codebobk 203 and,postprocessiﬁg section 211 using the

quantized LPC input from LPC decoder 201, and outputs



I nformation, each transmtted froma coder, are 20 respectivelé iéfut to

LPC decoder 201, random codebook 203, adaptive codebook 204 an fbp #/2005
codebook 205. LPC decoder 201 decodes the quantized LPC fromthe code L to
output to node selector 202 and synthegps filter 209. 25 Mdde sel ector 202

determ nes a node for random codebook 203 and postprocessing section 211°
using the quantized LPC input from LPC decoder 201, and outputs 05/12/2005

19 node information Mto random codebook 203 and postpro' cessing section

211. In addi the@e Moogreaiest@on 202 aks0 SEQRAIAP' SVLALY ok "PYo3 . an
I nformati on on quantized LPC, and perforns the selection of node using ‘%

bot h char act epéstipio®é saify ¥dét28n031 guantiy e d£E Bat Waead rs%f?éci‘?qﬁ ﬁf
e

the quantized LPCin a current frame . There are at least two types O

modes, of whizhz ewarEd essaidrés 0P $esRINdiNGEe 2 ¥ SAHaRESE" on
segnent, a node corresponding to an unvoi ced speech 10 segnent, and a node

correspondi ngyd&n8iledd iDPELY aRd pR rfeAMBNtheFdeitit1 88 bR AL ilﬁ;%a%f
use in selecting a node, it is not necessary to use the quantized

thenmsel ves; afitht char®eeeaff£ei b olfO dif e ¢8RS oPAARIEL £5S e p RS
t he quantized LSP, reflective 15 coefficients and |inear prediction

resi dual powsre tvieatlofraadadacld o208h6iQi&A ¢ ilzZwa RPRIehes @&Fﬁen&“ﬁ%&ﬁn@f

random code vectors with different shapes, and outputs a randomc

vector desi giaieark by rteheatantieas tcoted oelypawes fobt Rbneth By sdecodi hidg
I nput code S. 20 This random codebook 203 has at |east two types of the
' examples are a mode corresponding to a voiced speech

|
segment, a mode corresponding to an unvoiced speech
.10 segment, and a mode corresponding to a stationary noise
segment. Further, as information for use in selecting
a mode, it is not necessary to ose the quantized LPC
themselves, and it is more effective to use converted
‘parameters such as the quantized LSP, reflective
15 coefficients and linear prediction residual power.
Random codebook 203 stores the predetermined
- number of random code vectors with different sﬁapes, and
.outputs—a random code vector designoted by the random
lcodebook index obtained by decoding the input code S.
20 This random-codebook 203 has at least twortypes of the
modes. For example, random codebook 203 is configured
to generate a pulse-like random code vector in the mode
corresponding to a voiced speech segment, and further
generate a noiée—like random code vector in the modes
- 25 corresponding to on unvoiced speech segment and‘stéady

noise segment. The random code vector output from

random codebook 203 1is generated with a single mode



nodes. ‘For 'exarrpl e, random codebook 203 is configured to generét%f
pul se-1i ke random code vector in the node corresponding to a vEi erzéBQ(QCFh

segnent, and further generate a noise-like randomcode vector in the nodes
25 correspondi ng to an unvoi ced speech segnent and steady noise segnent.
The random code vector output from rag@om codebook 203 is generated with a
singl e node 06/ 12/ 2005 20 selected in node selector 202 from anong at | east
two types of the nodes descri bed above, and nmultiplied by the random
codebook gai ns€deated| dimpinede2G@ techerodutf rom adderg 288. 1B a8 i

codebook 204 perforns buffering while wupdating the previously generated
excitation vekYBes Q@nﬁhesémgﬁﬁi sldscribddgatarates aamd atabtipd x@deby
vector using the adaptive codebook index (pitch period (pitch |ag)) :
obt ai ned by deedraydeReciotirikoeldigakn Ghdniouddapliecadé vedi®butput
generated in adaptive codebook 204 is multiplied by the adaptive codebook
gain Ga in rfPtRpdier 208 - and then output to adder 208. Gain codebook 205
stores the predeterm ned 'nunber of sets of the adaptive codebook gain Ga
and randofh 15 cod@tRRtdare cedeprakyddér perfordmsut pufferimadagiive
codebook gain conponent Ga and random codebook gain conponent Gs of the
gai n vector Hé’squg-bi‘é'd Ehre hergiirusdyepnrernded Gexbi batdo by veerodirng
the input code G respectively to nultipliers 207 and 206. 20 Adder 208
adds the ran§dntdte SREVSLIALiNe aBdpasrersdes comoradappdcte velgde

input frommultipliers, 206 and 207 to generate the excitation vector
si gnal , vector using the adaptive codebook index (pitch period

(pitch lag)) obtained by decoding the input code P. The
107 adaptive code vector generated in adaptive codebook 204
is multiplied by the adaptive codebook gain Ga in
multiplier 207, and then output to adder 208.
Gain codebook 205 stores the predetermined number
of sets of the a&aptive codebook Qain Ge and random
15 codebook gain Gs (gain vector), and outputs.t_:he adaptive
codebook gain component Ga and random codebook gain
component Gs of the gain vector designated by the gain
codebook index Gi obtained by decoding the input eode
_ G respectively to multipliers 207 and 206.
20 : Adder 208 adds the random code vector and the
.adaptive code vector respectively input frommultipliers
206 and 207 to generate the excitation vector signal,
ahd outputs the geﬁerated excitation vector signal to
synthesis filter 209 and adaptive codebook 204.
25 As synthesis filter 209, a LPC ’synthesis filter is
constructed using the,‘quantized'LPC input from LPC

dec_oder 201. With the constructed synthesis filter, the



and ‘outputs the generated excitation vector signal to synthesis f/' I t?rrzog
and adaptive codebook 204. 25- As synthesis filter 209, a LPC sP®/He&f 4005

filter is constructed using the. quantized LPC input from LPC decoder
201. Wth the constructed synthesis fibjer, the 06/12/2005 21 filtering
processing is performed on the excitation vector signal input from adder
208, and the resultant signal is output to post filter 210. Post filter
210 performs the processing to inprove 5 subjective qualities of speech
signal s such #4igidringenphesiessingnuid eETESIAcedSPER! et bdcitation
conpensation and gain adjustnent on the synthesized signal input from
synthesis filvectd)® $hgadpuinpatpEtenoadsing2eeGt ized #He. reultant
Post processi ng section 211 adaptively perforns on the signal input from

post filter 24fghntad piscesstpytt o ipgs oveEisitbéechinee, qualities of the
stationary noi se segnment such as. Inter-frame snoothing processing of

spectral anplitude Podtr fiidonézi 20 o OL €YY thfe TRO6EE 85 1PATD YUMpHothe
node information Minput from node selector 20-2. For exanple, the
'snoot hi n§ pswbdssitnigranguahiiviies ngf pspeaschnN@iignd Bs ekaceakorpee di
t he nodes corresponding to the voi ced speech segnment and=unvoi ced speech
segnent, and emphapistestonpall: iesnphiaptisvelspetianlmdlith ddigpsa&ation
corresponding to, for exanple, the stationary noise segnent. The
post processedinsd gainiadjusginent ontphe sphiahescizad shgradi ialput from
decoded- speech signal. In addition, although in this enbodi nent the node
synthesis filter 209 to output to postprocessing section

211.

10 Postprocessing section 211 adaptively performs on
the signal input from post filter 210 the processing to
improve subjective gualities of the stationary noise
segment such as. inter-frame smoothing prodessing of
spectral amplitude and randomizing ﬁrdceSsing of

‘15 spectral phase using_ the mode information M input from
mode seléctor 26-2. For example, the " smoothing

ﬂ'processiﬁg and randomizing _proceésing is rarely
performed in the mddes corresponding to the voiced épeech
ségment and-unvoiced speech se.agmerntr, anti such processiﬁg

20 is adaptively pgrformed in the mode corresponding to,
for example, the stationary noise 'seghent. The
postprocessed signal 1s output as output data such as
a digital dedoded.speech signal.

In addition, although in this embodiment the mode

25 information M ou_tput from mode selector 202 is used in
both the mode selection for random codebook 203 and mode

'selection for poStprocessing section 211, using the mode



25 infarmati on M output from node selector 202 is-used in both t de
sel ection for random codebook 203 and node selection for postmqu;2?3@05A

section 211, using the node 06/12/2005 22 information Mfor either of the
node selections is also. effective. Ini&his case, the corresponding either
one perforns the nultinode processing.”“The flow of the processing of the
speech decoding 5 nethod in the above-nentioned enbodi nent i s next
described with reference to FIG 4. This explanation describes the case

that in the spesbbrmediign M oEessédgher i NN GR6E80sb 3 A {OREEYd & 3 £8Ch
unit processing with a predetermned tinme length (frame with the tine

length 10 of afffwctens J/Eelh, thld basdperthbechiawssoRding LeEhRYRS, Lor
each shorter unit processing (subfrane) obtained by dividing the frane

into the inteperfomier thnd mangtiodénpEAtdssahly.t he menories such as-the
contents of 15 the adaptive codebook, synthesis filter rmenory and out put

buf fer are cl eared. THextE1éw &F4€Re padasedalia '%fdm%eeéﬁeﬁéé{i@:ﬂr%’ ‘
mul ti pl exed received signals are demultiplexed, and the ‘received S|gna.%

construct&d ime:hidd t stneathedr @atoovge ettt idhedcoabd®sRealt Vely next
representing quanti zed- LPC, adaptive code vector', random code vector and
gai n i nfor mtdeacrddx¢d wiitIT4938£ drhen&BC tag eFdecaded. ThAG @Q?ir&aéi%qged
fromthe code representing the quantized LPC 25 obtained in ST402 with

the- reverse gescetibes ofhe easearhatainothef spee diPEodEsts i Pedcies s Pig
first theproCessingisperformedforeachunitprocessingwith
a predetermined time length (frame with the time length
10 of a few tens msec), and further the processing is
performed for each shorter unit processing (subframe)
obtained by dividipg the frame into the integer number
of lengthsf
In Sf4pi, all the memories such as the contents of
15 the adaptive codebook, synthesis filter memory and
outpﬁt buffer are cleared. -
Next, 4in ST402, coded data is decoded.
Specifically, multiplexed received signals are
demultiﬁlexed, and fhe received signals constrﬁctéd in
20 Dbitstreams are converted info codes respectively
.representingquantizedLPC,adaptivecodevecfor.random
‘code vector and gain information. -
Next, in ST403, the LPC are decoded. The LPC are
decoded from the code representing the quantized iPC

25 obtained in ST402 with the reverse procedure of the

quantization of the LPC described in the first

embodiment.



enbodi pent.. 06/ 12/2005 23 Next, in ST404, the synthesis filter is
constructed with the LPC decoded in ST403. Next, in ST405, theorﬁfd%2/2005

selection for the random codebook and postprocessing is performed using
-the 5 static and dynami c characteristics of the LPC decoded in ST4083.

Exanpl es of specifically used charact@@istics are an evol ution of
quanti zed LSP, reflective coefficients calculated fromthe quantized LPC,

and prediction residual power. The decoding of the 10 random code vect or

and post processi ng Nexies fior sed 0 AcaMlsRRh e s08 FPIR 3L 8CLSH St BS g -
step. There are at |least two. types of the nodes, which are, for exanple,

conpri sed of wimbdetlwer LPEpAEcodeld Pn VOTa9ed: speech segnent, node
correspondi ng to' an unvoi ced speech 15 segnent and node corresponding to a -

stationary noise sNgsent inNesT406n EMOmoddesadapit Mn CLI2 ¥R YahSom
decoded. The adaptive code vector is decoded by decoding a positi-on Pfom
whi ch the adapb@edowdde amtt gossprelcasing f1OMpdpradadd V& stEhe
using the code representing the adaptive code vector, and fetching the
adapt i ve Sodestaedcomrfd ofiyhlaen Dbt ehaed qisriseicdNeyt; the IO 7aeldSded
random code vector is decoded.' The random code vector is decoded by

decodi ng t he imando®T 483 codebookEkatiagx1és0m (de CodpdEPEeSNIPI tRfseqg
random code vector, and retrieving the random code vector' correspondi ng
to the obtai cdaxradéeriimnitee azedoan064#342d¥on of quantized LSP,
reflective coefficients calculated from the quantized‘
LPC, and prediction residual power. The decoding of the
10 random code vector and postprocessing is performed
according to the modé selected in this step. There are
at least two. types of the modes, which are, for example,
comprised of_ a mode corresbonding to a voiced speech
segment, mode cori‘esponding to an unvoiced spééch
15 segmén_t and mode corresponding to a stationary noise
segment.
Next,- in ST406., the adaptive code vector is decoded.
The adaptive code vector is decoded by decoding a
position from which the adaptive code vector is fetched |
20 from the adaptive codebook using the code representing
the adaptive code vector, and fetching the adaptive codé
vector from the obtained positionr. |
Next, in ST407, the random code vector is decoded.
The random code vector is decoded by deqod:i_,ng the random
25 codebook index from the code representing the random code -

-vector, and retrieving the random code vector

- corresponding to the obtained index from the random



24 codebook. Wien ot her processing such as pitch period processwﬁiﬁg éhe
random code vector is applied, a decoded random code vector i s 08utlet AQ05

after further being subjected to the pitch period processing. This 5
this

random codebook has at |east two types of the nodes. For 'exanple,
random code book is configured-to geneddate a pul se-l1i ke random code vect or

I n the node corresponding to a voi ced speech segnent, and further generate
in the nodes corresponding 10 to an :

a noise-like_r om code vect or
SH’E;%};% © altheBaPtHRF ypRoices s segnenich Next p1iterSTHA%; d §e

unvoi ced spee

adapti.ve codebook gai n and _random codebook gain are decoded. The ‘gain

i nformation. PE°F&EIIEB%yOfectiengandogai sodedebockorndey fagpn'i dge 15

code represeq%in% h %ain information, and retrieving a pair of the” =

adapti ve codebdy dtg%‘fn afdlemngef oieBsor ai obittaineat e ¥ekh #hether

obt ai ned indq; fromthe gain _codebook. Next, in ST409, the excitation

vector signal®TE29FYRAECHSA. tehdhs crididlonpeedioar proeals s EngenepRY ed
by multiplying the adaptive code vecCtor

by addi oLl jed
i ected Tn SHAROR,CPAZ BRAKIIES tbdamnt taortmmbecs ot ie HTdas andeg,

selected Tn
t he random code vector selected in S

vect or obt ai mul ti.pl yin
ag‘dadgﬁ%&débd%%wge?%@ehopn 53408nflignirednt Sldderd te

by 25. the ran
The excitation vector signal generated In

decoded si gngl_] i zed.
ST400 1's. 06 1 S00E 5 £ T EPEGMFOA HeahaX Roctbembder contus et g

ST404, to a voiced speech segment, and further generate a

| noise-like random code vector in the modes corresponding

10 to an unvoiced speech segment and stationary noise
segment.

Next, in ST408, the.adaptive codebook gain ang
random codebook gain are decoded. The gain information
is decéded by’decodiqg the gain dodebook index from'ther

15 cod§ representing the gain information, and retrieving
a pair of the ddaptive codebook gain and random codebook
gg?n instructed with the obtained index from the éain-
codebook. |

Next, in ST409, the excitation vector signal is

20 generated. The excitation vector signal is geheréted
by adding a ve-cto::; obtained by mulfiplying the adaptive
code vector selected in ST405 by the adaptive codebook
-gain 'selected in ST408 and a vector obtained by
multiplying the random cbde‘vector'selected in ST407 by

25 - the random codebook'gain selected in ST408.

Next, in ST410, a decoded signal is synthesizedq.

The excitation vector signal generated in ST409 ig



and thereby the decoded signal is synthesized: Next, in ST411, the
postfiltering processing is perfornmed on the decoded signal. TR&/12/2005

postfiltering processing is conprised of the processing to inprove

subj ective qualities of decoded signals, in particular, decoded speech.
signals, such as pitch enphasis proce$$ing, fornmant enphasis processing,
spectral tilt conpensation processing and gai n adjustnent processing. 10
Next, in ST412, the final postprocessing is perfornmed on the decoded

si gnal subj ecked ¢Sre@Gfithl tRel SGnRANRLES AN t dPECHRASERREESE 19 dPa04a

conprised of the processing to inprove subjective qualities of stationaty

noi se segment ah@ ttiee #8690a6h 45 38BN SHE gnast | PEe Lyl 1 blaie smoothing

processing of spectral anplitude and random zing pracessing of spectral
phase, and the procgegitng £Rr SIsPPNdi R Opayéeilsz?éffhsdéifbééé%ﬂa is
performed. For exanple, the smoothing processing and random zing _
processing i spe@fiormdd RAi f eh@dakddead ngi%aﬁ?fresﬂ?&d'ﬁ%{fitl%fih%?d
speech segnent and unvoi ced speech segnent, and such procCessing Is

per for medsi n g RECERIALEG! A POSRIDIG SHAt BE BHal bedes 89h @&gqﬁ% e
signal generated in this step beconmes out put datba. : s.)25_ Ne§>e<t , In ]Znﬂyé
the update ofsibgediDfey q8litied dPALBdedl HEghdN S A PLELI S S
performed. Specifically perforned are the update of the adaptive

06/ 12/ 2005 2@ ecdaedok, spaddle spdai#lo] Sisaigts Ohsfi| ﬁst&huseémbmaé*ﬂ%
postfiltering processing, In ST404 to ST413, the processing is perforned on

processing, formant emphasis processing, spectral tilt
compensation processing and gain adjustment processing‘.r

10‘ Next, in 8ST412, the <final ﬁostprocessing is
performed on the decoded sigﬁal subjected to.
postfiltering processing. The postprocessing is

comprised of the processing to improve subjective

gualities 6f_stationary noise segment in the decoded

15 signal such as inter-(sub)frame smbothing processing of
spectral amplitude and randomizing processing of

spectral phase, and the proéessing corresponding to mode

selected in ST405 is performéd. For example, the
smoothing'processing and randomizing processing is

20 rarely performed in the modes corresponding to the voicead
speecp segment and unvoiced-speech segment, and such .
processing is éerformed in the mode corresponding to the
stationary noise segment. The signal generated in this

~step becomes output data. o
25 Néxt, in ST413, the update of the memory used in

a lodp of  the subframe pr'odessing is performed.

Specifically‘ performed are the update of the adaptive



a subfrane- by-subframe basis. 5 Next, in ST414, the update of . n%pnry used
inaloop of the frame processing is performed. Specifically Bé/flbtf@805
are the update of. quantized (decoded) LPC buffer (in the case where the
inter-franme predictive quantization of LPCis perforned), and update of
output 10 data buffer. In ST402 to 4086and ST414, the processing is
performed on a frame-by-frame basis. Further, the processing on a
frame-by-franme basis is iterated until the coded data is consumed. 15
(Third enbodi RA¢bEPE.5 aBda thleookpdader & | Ltusksatld MOF 81 $REEE N s il r?llg
transm ssi on apparatus and reception apparatus respectively prOV|aegpmn h
t he speech codih®y Rppafdiliteviindheptorets ssimydi ment | and speech decodi ng
apparatus 20 of the second enbodinent 2. FIG5A illustrates the :
transmi ssi on appar algls STHU4FEG BB 413 usthat prodes s 1R§ERLI B APARAY Yn |
t he speech signal transm.ssion apparatus in FIG 5A speech input

appar at us 5013c &Mk ramg -dresnbifiname 2baaise) ectri ¢ anal og-signal to
output to A/b converter 501. A/D converter 502 converts the anal og speech
signal into a di giNaKtspdar ST hhal the uptptie bE MRSy GPSEa PA3a 10

06/ 12/ 2005 27 Speech coder 503 perfornms speech coding processing on tRE

i nputsi gnal ,®Bndhut fRame odxpreselng i bs tweRFormuh at (psedsiRlf1 1y
nodul at or 54' perforns_nodul ati on, anplification and code spreading on~t he
codaﬂspeechE?Ef@ﬁ&eqnﬂ&&mth&1vndﬂmaﬁmftqnantiaﬂd)§B§@ﬂdeéﬁdLPc

buffer (in the case where the inter-frame predictive
qugntization of LPC is performed), and update of output
7107 data buffer.
| In ST402 to 403 and ST414, the DProcessing is
performed on a frame-by-frame baéis. Further, the
processing on a framefby-frame basis is iterated until
the coded data is consumed.
15 (Third embgdiment)'

FIG.5 'is a block diégram illustrating a ;‘.peech
signal tra‘nsmis_sion apparatué and recei:tion apparatus
respectively provided with the spee&h coding apparatus

" of the first embodiment 1 and speech decoding apparatus

20 of the second embodiment 2. FIG.5A illustrates the
o .tz_:ansmission app.arat_:us, anq FIG.5B illustrates ther

reception apparatus.

| In the speech sigrial transmission apparatus in
?‘IG. 54, speech input apparatus 501 converts a speech into

25 an electric analog signal to output to A/D éonverter 501.
A/D converter 502 converts the analog speech signal into

a digital speech signal to output to speech coder 503.



outputs the resultant signal to transm ssion antenna 505. Finally
radio signal (RF signal). 506 is transmtted fton1transnissionoéﬁpé%2§005

505. On the other hand, the reception apparatus in 10 FIG 5b receives the
radio signal (RF signal) 506 with rechtion antenna 507, and outputs the
received signal to RF denodul ator 508"" RF denodul ator 508 perforns the
processi ng. such as code despreadi ng and denodul ation to convert the radio
signal into coded information, and 15 outputs the, coded infornmation to
speech decodeSp®3ch Gpdech 51@8oper H50Pmpe sipeerh deoddiny proeessd NHgO# he
coded information and outputs a digital decoded speech signal to DA
converter 510the/ Arputestign®l) eordestsputtize cb@édalindroaned iHieeed RF
signal output from speech 20 decoder 509 into an anal og -decoded speech
signal to outpdutatepeddit outPAF appiubatsxr55U pensbbyns wweaallavibput
apparatus 511 converts the electric analog decoded speech signal into a
decoded speecimpdidiipation asdpassdél spreadbrgt lvnh abhee-dedé dongsle edh

transm ssi on apparatus and reception apparatus as a nobile station .
appar at usSands bgselstimfonrmaipbent e itramshilte axonaunaddic ani gpadr AtAEeS

such as portable 06/ 12/ 2005 28 tel ephones. In addition, the mediumthat
transnits theutpbdsniheonesulitantisigndlt bottheananie ssigman teana bed . | n

this enbodinment, and it may be possible to use optosignals, and further
possible to F9cnaibVe the raskiy ssignadalRE. skgmidie) 506 imtrzen pmitithed to
achi eve the speech coding apparatus described in the first enbodi ment, the
rom transmission antenna 505. : o

On the other hand, the reception apparatus in

10 FIG.5b receives the.radio signal (RF signal) 506 with
reception antenna 507, and outputs the received signal

to RF demodulator 508. RF demodulator 508 performs the
processing such as code despreading and demodulation to

.conﬁert the rcdio signal into codcd information, and

15 outputs the coded information to speech decoder 509.
Speech decoder 509 performs decoding proceésing on the

coded information and outputs a digital decodec'Speech

signal to D/A converter 510. D/A converter 510 converts

-thc digital decoded speech signal output from speech

20 decoder 509 into an analog decoded speech signal to

- output to speech output acparatus 511. Finally, speech

output apparatus 511 converts the electric analog

‘decoded speech signal into a deccded speech co output.

It is possible to use the above-mentiorned
- 25 transmission apparatus and reception apparatus as a -

mobile station apparatus and base station apparatus in

mobile communication apparatuses such as portable



speech, decodi ng apparatus described in the second enbodi nent, 3nd th? :
transm ssi on apparatus and reception 10 apparatus described in B 1/ 2§05
enbodi nent by recording the corresponding program!| n a recordi ng nedi um
such as a magnetic di sk, optomagnetlc disk, and ROM cartridge to use as
software. The use of thus obtained recdtding medium enables a personal
conputer using such a recording 15 nediumto achi eve the speech codi ng/
decodi ng apparatus and transnl sslon/reception apparatus. (Fourth

enbodi ment ) Tﬂ@lﬁe@iﬂdrbe§erO_Ciiﬂ"%ft’ldﬂ@i@lhi,e%h%xmmoéhaﬁoﬂfﬁﬁ@nﬂf@ngh%f
node selectors 105 and 202 in the 20 above-nentloned first and secon

enbodi ments: FhEo®mdt L6hr ases08 TDAE t3Rl ¢ haead i i §RalNge sSSHH HB
enbodi ment. The node sel ector according this enbodinent is provided wt
dynam ¢ char ach ertilsi § C eanboadmendt secdn@n i 25 Wt pddAsia 188 dyam c
characteristic of quantized LSP paraneters, and first and second static
characteri stigpeskiagid D8, secin@ns farRef 6QGos82b1@06/ 12620Qhs29 & phagt
the static characteristic of quantized LSP paraneters. Dynam c

char act er st itcr&xémacid Donspetlo®. 601 receives an input quantized LSP
paranmeter in AR type 5 snoothing section 604 to. perform snoothing
processing. AR typ@wnthél,ngd tsecdy e 6PdsBa s Bot A6hIFRAY HWE speech
processi ng expressed with the follow ng equation (1) on each order
quanti zed LSEoHirgsippartdiaisidespmitbddrin aged £k EtPenOJLTAMEn THh&S

ti me sequence dat a: :
speech decoding apparatus described in the second
émbodiment,andthetransmissionapparatusandreception

10 apparatus described in the third embodiment by recording

the corresponding program.ih a recording medium such as

a magnetic disk, optomagnetic disk, and ROM cartridge

to use as software. The use of thus obtained recording

" medium enables a personal computer using such a recording -

15 medium to achieve the speech coding/decoding apparatus

and transmission/reception apparatus.

(Fourth embodiment)

The fourth embodiment descries examples of
configuratioens of mode selectors 105 and 202 in the
20 above-mentioned first and second embodiments.
| FIG.6 il_lustrates a mode selector according to the
fourth embodiment. |
The mode selector according this embodiment is
provided with dynamic characteristic extraction section
25 601 that extracts the dynamic characteristic of
quantized LSP parameters, and first and second static

characteristic extraction sections 602 and 603 that



10- Ls[i]=(i-ajXLs[i]+aXL[il. O<a<l ... 1 .Ls[i]: ith order snmpothed
quanti zed LSP paraneter L[i]: ith order quantized LSP paraneteﬁ 12/2005
snoot hing coefficient MLSP analysis order 15 In addition, in the equation
(1), the value of a- i S set at about Q,_ 7 to avoid -too strong snoot hi ng.
- The snoothed quantized paraneter obf@ineQ-mAth t he above equation (1)
I's branched to be input to adder 606 through delay section 605 and to be
directly input to adder 606. 20 Del ay section 605 delays the input snoothed

quanti zed pargFericPy EneNidtAteeSehBd-dd HEr§iata¥ Pls aqﬂ@f 6
Adder 606 receives the snoothed quantized LSP paraneter g? t he %ﬁ??e%?P

unit processigpgriam8tesgd the 2.5 snoothed quantized LSP paraneter at the
| ast unit processing tine. Adder 606 cal cul ates an evol ution between the

smoot hed quantized LBRi@nmaeet&lahciter D661/ @Qér%%%ﬁe@ect&"ﬁgbpas?o&m :

processing time, and the smoothed quantized LSP paraneter at
processing tir@ceit®s edal Wipati Fuuk P¥keOLEACh A dRs o LSP ﬁﬁ fé‘ﬁ;%r 3
ul.at ron

The result cal cul ated by adder- 606 is output to square sum' calc

section 687. skipoth it Setetlod 60U SE6thaPEeTm GHEHLALSY tﬂiﬂ‘oéaﬁgfns‘ﬂm

of the evolution for each order between. the snoothed quantized
paraneter at Afhetgplel edovtHing’ eeeids 60, papd dries SR hedoduan 4 ged
LSP 10 paraneter at the last unit processing tinme. Dynam c characteristic
extraction speide@@s8ihg expressed with the following equation (1) on
each order quantized LSP parameter, that is input for
each unit processing_t;me, as time sequence data:
10 Ls[il=(1-c)XLs[i]+a@ XL[4i), i=1,2,...,M, o{a<1 ... (1)
'Ls[1]: ith order smoothed quantized LSP parameter
L[i]: ith order guantized LSP paramefer
o : smoothing coefficient
M : LSP analysis order
15 ' In addition, in the éguation (1), the value of «-
is set at about 0.7 to avoid -too strbng smoothing. - The
smoothed quantized parameter obtained with the above
-equation (1) is branched to be input to édder 606 through
delay section 605 and to be directly input to adder 606.
20 ; Delay section 605 delays the input .smoothed
quantized.parameter‘by/a'unit processing time to output
to addgr 606.
“Adder 606 receiﬁes the smoothed quantized LSP
parameter af the current unit processing time, and the
- 25 smoothed quantized LSP parameter at the last unit

processing time. Adder 606 calculates an evolution

between the smoothed quantized LSP parameter at the



receives the quantized LSP paraneter in delay section 608 in parallel _wth
AR snoot hi ng section 604. Delay section 608 delays the input q@ 11244 003p
parameter by 15 a unit processing tine to output to AR type average

cal cul ation section 611 through switch %39 Switch 609 is connected when
the node information output from del ay “Section 610 is the noise node to
operate to input the quantized LSP paraneter output from delay 20 section
608 to AR type average cal cul ation section 611. Delay section 610 receives
t he node i nf ocoatdemt und puprbressig tibhel andtine siwsbitdedyuantigeq
delays the input node information by a unit processing time to .output to
switch 609. 26SER gapemetsEngatcatisel dlaisan seiti @rdddsedlmy! atigfe . t hephea
average LSP paraneter over the noise region based on the equation (1). in
the sane way @soAR ttipe kswoitpay D6t lLaEhHr d4rSee TSP piMame @4 Put The
adder 612. In addition, the value of ci in the equation (1) is set at
about 0. 05 tarepalftoroaketlasdd byghddemtdo a0l Hroaeai 10t o aBgGudies eBum
the long-tinme average of LS P paraneter is calculated. 5 Adder 612

cal cul at e§ arca¥culatohonosegathoar &dX7 . bet ween t he quanti zed LSP paraneter
at the current unit processing tine, and the average quantized LSP
paranmeter . in the riqsareegiuom sl cullattcibinys ARt Lppe 68VE iagbcutalttts aghan
section 611. 10' Square sum cal cul ati on section 613 receives the

di fference i signanei smofofjubhei eotb LiSPipar fort @achubpded roateeder a3,
and cal cul ates the square sumfor each order to output to speech region

det ecti on sesmapmthed quantized LSP parameter at the current unit
processing time, and the smobthed quantized LSP
10 parameter at the last unit processing time.
Dynamic characteristic -extraction | secticon 601
receives the quantized LSP parameter in delay section
608 in parallel with AR sinoot:hing section 604. Delay
section 608 delays the :I.npui: quantized LSP parameter by
1_5 a .un:l.t processing time to output. to AR -type average
calculation section 611 through swi#ch 609.
| Switch 609 is connected when the mode information
output from delay section 610 is the noise mode to operate
to input the quantizeerSPrparameter output from delay
20 section 608 to AR type average ca.lcrulation section 611.
Delay section 610 receives the mode information
"output from mode determination section 62-.1', and_delayé
the input mode info_rma_ltion by a unit processing time to
output to switch 609. |
25 | AR type average calculation section 611 calculates

the average LSP parameter over the noise region based

on the equation (1) in the same way as AR type smoothing



619. 15 Dynanic characteristic extraction 601 for quantized LSP gagf?gter
I's conprised of conponents 604 to 613 as descri bed above. Fi r sP6dt 005

characteristic extraction section 602 calculates linear prediction

resi dual power fromthe 20 quantized L%P paraneter in |linear prediction
resi dual power cal cul ation section 614, And further calculates a regi on
bet ween nei ghboring orders of the quantized LSP paraneters as expressed in
the follow ng equation (2) in neighboring LSP, region calculation section
615: 25 Ld[i|sectddn | p0|Y, o oukput thladdex 2§12L[i [In iadddrtdeon, the
quantized LSP paraneter The val ue cal cul ated in nei ghboring LSP region .
06/ 12/ 2005 . 32vadiuzulceft | @n smcthen egfifatsopr ¢li)ddd tsevadtaabeuEad colsatd ®n
section 616. Variance calcul ation section 616 cal cul ates the variance of
quanti zed LSPPexfamm extryegedyshdghpsmoiotdni mgimphdoesisdidP amdjitttereby
calculation 5 section 615. At the tine the variance is calculated, it is
possi bl e to reeedongratifecraceragefophechiPapranétey s epalichel peald At
the | owest frequency, by elimnating the data of the | owest frequency (Ld
[1]) witBAout usinddden Hd 2acalsulsbegapanevalutjoonson Oedithh orgpeact
to a stationary noise with the characteristic such that levels at a | ow
frequency baretween ithrequantizad S mivamed emadhereuyrerie unit

hi gh-pass filter, since a peak of the spectrum always appears around the
cut-of f freqidiRGeEFINE Fime erandithe aeerpgecanan tizedeSP parameter

I nformati on of such a peak . ,
in the noise region calculated by AR type average

-calculation section 611,

10 Squa;e sum calculatidn section 613 receives the
difference informétion of gquantized@ LSP par«_‘;imeters
output £rom adder 612, and calculates the square sum for
each order to output to speech region detection section
619. | | |

15 Dynamic characteristic extraction 601 for
gquantized LSP parameter is comprised of components 664
to 613 as described above.

First static characteristic extraction section 602
calculates linear prediction residual power from the

20 quantized LSP parameter in linear prediction residual
power calculation section 614, and further calculétes

| a region between neighboring orders of the quantized LSp
parameters as expressed in the'following equation (2)
in neighboring LSP region calculation section 615:
25 CEA{il=L{i+1]-L{di], i=1,2,...,M-1 ve- (2)
“L[i]l: ith order quantized LSP. parameter

The value calculated in neighboring LSP region



of the, spectrum In other words, it is. possible-to extract the__, '
characteristics of peak and valley of the spectral envel op of Qﬁ/ﬂﬁ%6?005
signal, and therefore to extract the static characteristics to detect a
region 20 with high possibility that the region is a speech region.

Further, according to this constitution2 It is possible to separate the
speech region and stationary noise region wth high accuracy. First static
characteristic extraction section 602 25 for quantized LSP paraneter is
conpri sed of cakpuistiton6liseéticand 616 adsdessrobddeaboveo | Fhetante
static characteristic extraction section 06/ 12/2005 33 603, reflective
coefficient cahtcudtdnhopeseiocni éi76160onvadisi aheeqdaLdZEdtion pERERLS
into a reflective coefficient to output to voi ced/ unvoi ced judgnent '
section 620. €b6coaientlyteist thdevabluagy edspuagtized ESP pacedingd tei
resi dual power cal culation section 618 calculates the linear prediction
resi dual powere@iomst loaatpuanificoen nSPghboainigrLEP eelgidn talculation
voi ced/ unvoi ced -judgnent section 620. In addition, since |linear prediction
resi dual 510.seotdpncd il at iAdn ket tdmebhe sviahei anoe 4% |dabeulated,
predi ction residual power calculation section 614, it is.possible to share
one conponentitasishpossibbes BlirefijecdlGhHractbsiaticschaf apeaki dha
extraction section 15 603 for quantized LSP paraneter is conprised of
conponent s 6YRlalely 6 ¥xaepdesthiebepgealoveat the lowest frequency, by

eliminating the data of the lowest freqﬁency-(Ld {1]1)
without using all the data of LSP parameter regions.
10 With réspect to a stationary noise with the
characteristic such that levels at a low frequency band
are lifted, when such a noise is passed through the
high-pass filter, since a peak of the spectrum always
appears around the cut-off frequency of thé filter, it
" 15 1is effective to cancel the information of such a peak
of the spectrum. In other words, it is possible to
extract the characteristics of peak and valley of.the
spectral envelop of an inbut signal, and therefore to
extract the static chﬁracteristics to detect a region
20 with high possibility that the region is a speech region.
'Further, according to this constitution, it is possible
to separate the speech region and stationary nbise region
" with high accuracy{

First static characteristic extraction section 602
25 for quantized LSP parameter_is comprised of components

614, 615 and 616 as described above.

In second static characteristic extraction section



Qut puts: from dynam ¢ characteristic extraction section 601 and fJ
static characteristic extraction section 602 are provided to sﬁégéﬁﬁ(géﬂgﬁ

detection 20 section 619. Speech region detection section 619 receives an
evol ution anmount of the snoothed quantized - LSP paraneter input from square
sum cal cul ati on section 607, a di st ance’ bet ween the average quantized LSP
paraneter of the noise segnent and the current quantized 25 LSP par aneter

i nput from square sum cal cul ation section. 613, the quantized |inear

predi ction reéddual rpdbectiiveut cbe@iidheat peadiceilpisrSishiet iRAers1 7
cal cul ation 06/12/ 2005 34 section 614. and the variance information of the
nei ghbori ng L&Envegiva ddiea quynit iEed@TLEF ipRcamedad Uit b 08 se¢tlidntilfe
Then, using these information, speech region detection section 619 judges
whet her or 5 coefdnichpatt sitgnaloydpua deeodedb segazinviié8a CYdd@Gherntit
processing tinme is a speech region, and outputs the judged result to node
det er mi nat i onssetticon 620.. Theonoureeapelyf wa tittod abbvidldgi-oeethes e,
the input signal is a speech region is descried later using'FIG 8. 10 On

t he ot her 5haridinearoprediétdonseesiduah piods rdasl ¢a LatHAC ket 66t 593
603 is provided to voiced/unvoiced judgnent section 620. Voi ced/ unvoiced

j udgment sectdahc@l@atesctheslihearepiredtiotei sneféstidesl pioweit f¥emM the
reflective coefficient calculation section 15 617, and the quanti zed'

| i near predi @uiamtiesdubiShoperametar toomutpedr tpr edbdiceddy/ uasiclieed
power cal culation section 618. Then, using these information,

voi ced/ unvoi dedlgmeptersesddannt 820 j udges whet her the

In addition, since linear prediction residual
10 . power calculation section 618 is the same as linear
prediction residual power calculation section 614, it

is possible to share one component as the sections 614

and 618.

Second.static éharacteristic extraction section
15 603 for quantized LSP parameter is comprised of
components 617 and 618 as described above.

Outputs from dynamic characteristic extraction
section 601 and first static characteristic extraction
section 602 are provided to speech region detection

20 section 619. Speech region detection section 619'
.receives an evolution amount of the smoothed gquantized
LSP parameter input from square sum calculation section
607, a distance between the average quantized ILSP
parameter of the noise segment and the current quanti-ze'cl
25 LSP parameter input from square sum calculatic;n_- section
613,  the gquantized linear prediction residual power

input from linear prediction residual power calculation



i nput signal (decoded signal) at the current unit 20 processing.ti I
voi ced regi on or unvoiced region, and outputs the judged resul Pé&%é@aos
determ nation section 621. The nore specific voiced/ unvoiced |udgnent

met hod is descried later using FIG 9. I\/%ie.det.er m nation section 621
receives the judged 25 -result output om speech regi on detection section
619 and the judged result output from voiced/ unvoiced judgnment section
620, and using these information, 06/ 12/2005 35 determ nes a node of the
i nput signal ¢geciibendefldi.gnand athehevamiamte uninfproedsksong bifre the
output. The nore specific node classifying nethod is described |ater
usi ng, FI G | O ngighbagiimon, L3Pt haeghl 2R t it aecinput arferomed warildece
snmoot hi ng section and average cal cul ation section ¥n this enbodinent, it
may be possi bfslimibatiomeerd 1ianmbdithi ngThed avsiage tbalsou liaf onmayt 118 nng
other nethods. 10 The detail of the speech region judgnent method in the
above- ment i oneHe@divdr agion fAebrctdan asacdt ion hé 1fefjadywe vhatilte® or
First, in ST801, the first dynami c parameter (Parcel) is calculated. The
speci fic Sonteptsapfinpat sigradt (gynanfiecrsdeds: bgnal )aatetbleutcunramtint
of quantized LSP paraneter for each unit processing time, and expressed
with the fol [WALBgPEQERTPANEIFimg i a2 gpeqqlsigaegion, | Sn outhyLst the
LSi (t):-snoothed quantized LSP at tine t

judged result to mode determination section 621. The

more specific method for judging whether the input signal

is a speech region is descried later using FIG.8.

10 On the other hand, an output from second
characteristic extraction section 603 is provided to
voiced/unvoeiced judgment section 620. Voiced/unvoiced
judgment section 620 receives the reflective coefficient
input from reflective coefficient calculation section

15 -‘617, and the quantized linear prediction residual power
input from linear predigtion residual power calculation
section 618. Then, using these information,
voiced/unvoiced judgmernt section 620 judges whether the
input signal (decoded signal) at the current | unit

20 processing time is a voiced region or unvoiced region,
and outputs the judged result to mode determination

- section 621. The more specific voiced/unvoiced

judgment method is descried later using FIG.9.
Mode determination section 621 receives the judged
25 result outpﬁt from speech region detection sectioﬁ 619
and the judged result output from voiced/unvoiced

judgment section 620, and wusing these information,



Next, 4n ST802, it is checked whether or not the 20 first dynamc
paraneter is larger than a predeterm ned threshold Thi. Wen tﬂ?ﬁk@éﬁ@ﬂé‘
exceeds the threshold Thl, since the evolution anount of the quantized LSP

paraneter is large, it is Judged that the, input signal is a speech
region. On the other hand, when the 06/%@/2005 36 paranmeter is equal to or
| ess than the threshol d Th| since the evolution anmount of the quantized

LSP paraneter _ is snall the roc roceeds tqQ ST803, and furt her
proceeds to sF@prseFBf" eﬁd&n‘@ﬂ gcéégg’n'gpw:tﬂlgpﬁ'&r oF ggcodadsignal)

ST802, when th rst aneter is,equal to or |ess than the
threshol d Thi & %tﬁi‘ nkd‘“%%o@ﬁ&??%%“&%@“evﬁ‘ér%uFHéltnunb"élPedFOa‘e
counter indicativ of r of tines the stationary noise 10 region

t
i s judged prei® cﬂﬂ??ﬂlﬁ%%s§§ﬁﬁiﬁﬂ medh %uﬁ%de§Q¥1%ﬂG|%a er

I ncrenment ed bX I, for g&na unit processing tine judged as the stationary
noi se region th &« determination met hod. In ST803, when the
redet er m ned

nmb f h I
hr eshol d5TG. t he. Lhr 8RESHARP pr 8 EBGLE ARG Hae SpEFaons a%s jimdes
whet h he i | h h :
parameter. Of PhesmsEh i Rand S aRny Rl Arer age ey ﬁtr@?oritx%é@&me
th hol d Th t 1806, where 2 dged
whether or no® AR, SESRThAH 611 :B'eag’cﬁ"?eﬁf’éﬁ‘f}%fﬁg% LA Bt o
paraneter. T%ééf?ﬁi ?Jdug%;&neggreﬁg?, é‘aicufi s Ln S‘g%04 us%& |s°tt héar

| i near prediction res
methods.

10 The detail of the speech:region judgment method in
the above-mentioned embodiment is next explained with
reference to FIG.8.

First, in ST801, the first dynamic parametef
(Paral) is calculated. The specific contents of the

15 first dynamic parameter is an evolution amount of

quantized LSP parameter for each unit processiﬁg'time,

and expressed with the following equation (3):

D(é)=Z,f""=](LSi(t)—LSz‘('.r—-l))'2 (3

ﬁ81(t):.smoothed gquantized LSP at time t
Next, in ST802, it is checked whether or not the
20 first dynaﬁiq parameter is larger than a predetermined
"threshold Thl. When the parameter exceeds the threshold
1 Thl, since the evolution amount of the quantized LSP
parameter is large, it is judged that the input signal

is a speech region. On the other hand, when the



cal cul,ated fromthe quantized LSP paraneters, and the n 25 other is the
variance of the difference information of neighboring orders of 6uahf 208
LSP paraneters (Parad4). The linear prediction residual power is obtained
by 06/ 12/ 2005 37 converting the quantized LSP paraneters into the |inear
predi ctive coefficients and using the r# ation equation in the algorithm
of Levinson-Durbin. It is known that the linear prediction residual power
tends to be higher 5 at an unvoiced segnent than at a voiced segnment, and
therefore thephirmrestoredisctd ppaleticiust DEwRr tifan'S€fe athPeshidied i R 10f

t he voi ced/ unvoi ced judgnent. The difference information of neighboring

orders of queRhickedhkeSEvpA AR ArSmbaneXHE 56 G f BiRa1 681G RNO+63) -
and the variance of such data is obtained. However there are sone cases,
whi ch ar e depbsdsing1dn tthee tpPesesaiimgi peocaedhawEd b3l i Anl@iFdthaf
exi sting the spectral peak at the | owest frequency band. Therefore it is
preferabl e t pobtaietd heovart@pse fisi ngudmetet apto dé o8ling? woth o €ibirs
anal ysis order). in the equation (2) without using the . difference

i nformati 5n neaghhetery. orders at the | ow frequency edge (1=1 in the
equation (2)). In the speech signal, since there are about three formants

at a tel ephone bandr ZI®E02t{owBeh PAekfl)stt Agnlatilc g pametase 1 dorual
portions and narrow portions, and-therefore the variance of the region
data tends tto bexr nlesssedhdn -the otieeshaldl Mhi he tisé atpLoaey doh§e,
since there is no formant structure, the LSP regions usually have ,
relatively eguaiceedsontp ST803, where the number of a counter
indicative of the number of times the stationary noise
10 region is judged previously."The initial value of the
counter is 0, and is incremented by 1 for each unit
processing time judged as the stationary noise region
with the mode determination method. 1In ST803, when the
number of - the countgr' eguals to -or less fhan a
'15 predetermined threshold ThC, the. processing proceeds to
ST804, where it is judged whether or not the input s:_i_.gnal
is a speech region using the static barameter._ "On the
other hand, when fhe number of the counter exceeds the
_ threshold ThC, the proceséing proceeds to ST806, where
20 it is judged whether or not 'thé input s-ignal-is a speech
‘region using the second dynamic parameter.
Two types of parameters are calculated in STB804.
One 1s the linear prediction residrual' power (Para3)
ca}\culated—'from the quantized LSP paramefers, and the
25 other is the variance of the difference information of

.neighboring orders of quantized LSP parameters (Para4).

The linear prediction residual power is obtained by



25 and, therefore such a variation-tends to be decreased. By the use of
these characteristics, it is possible to judge whether- or not 06tel2AB0OI05
signal is a speech region. 06/12/2005 38 However, there is the case that
sone type of noise has the spectral peak at- a | ow frequency band as

tHe LSP region at the | owest frequency

described previously. In this case, :
band becones narrow, and therefore the 5 variance obtained by using all
t he nei ghboring LSP evolution data decreases the difference caused by the

presence or absenverffiagether quainisizdat US®, phbenfdYe rsOVAHIEH Y inear
| he

j udgnent accuracy. Accordingly, obtaining the variance wth t
nei ghboring L§redfifdrieneccdefififoi entisoandlubhagd eWd HAUSPEHrCeSfation
elimnated prevents such deterioration of the accuracy. However, ~ sl nce

such a static ijpurtimet aldwsi thweof UdgwEnsoabipdifyint han ¢ Nes KRS hat
paranmeter, it is preferable to use the static paraneter as supplenentary

i nf or mation. Biee U5ingpes pafe phe tdeirere £ad6Eh apetd tIR84 ﬁbeb‘ésglq_aé;lger
ST805. Next, in ST805, two types of paraneters calculated in ST80 e
processed Wi t Rta anmr eshobiiceSpeneginealt! yehahn althea Coo KT §eldifehitnea]
rediction residual power 20 (Para3) is equal to or less-than™a t réshoﬁlg
P p q
Th3; and thethextefore( Rireadineareipgiiii ¢ 8gonSRdLOGAR Y Frd s 180YHedO
or nore than a threshold Th4, it is judged that the input signal I1s a _
speech regi on2S| @ cendtextes, off thej wigbdedfanddiEce@PHudgmett i S Fhe
stationary noise 25 region (non-speech region). Wen the stationary noise
region is judjbffemmngsl udinformatbont erof s nedi@iBorethg orders of
quantized LSP parameters is expressed with the equation
10 (2)., and the variance of such data is obtained. However
there are some cases, which are depending on the types:
of noises and bandwidth limitation, of exXisting the
spectral peak at the lowest frequency band. Therefo‘re
it is preferable to obtain the variance usinQ the data
15 from _;I.=2 to M-1 (M is analysis order) in the equation
(2) without ~using the. difference 'information of
'neighborj.ng orders at the low i:‘rec;.guencjcgr edge (i=1 in the
egquation (2)). In the speech signal, since there are
about three formants at a telephone band (200Hz to 3.4
20 kHz), the LSP regions have wide portions and narrow
portions, and therefore the variance of the region data
tends to be increased. On -the other hand, in the
stationary noise, since there is no formant structure,
the LSP regions usually have relatively equal regions,
25 - and therefore such a variation tends to be decreased.

By the use of these characteristics, it is possible to

judge whether. or not the input signal is a speech region.



by 1. 06/12/2005 39 In ST806, the second dynam c paraneter (Para2) is
is a parameter indicafievd df 2905

cal cul ated. The second dynam c paraneter
simlarity degree between the average quantized LSP paraneter in a
previ ous stati-onary noise region.and the quantized LSP paraneter in the

current unit processing time, and spect&ically, as expressed in the
equation (4), is obtained as the square sum.of different val ues obtained
for each order using the above-nentioned two types of quantized LSP
paraneters E(However,(ltHdde-ik' 4he d4deal i, (t): gquantized LSP at tinme t
LAl : average quantized LSP of a noise é%%?ogh'l?htfa %%ﬁ'%i ﬁ%ﬁes&fodboéﬁﬁarh%s
paraneter is PheCeFPEItWallh pddR Lir 1 817. S5 Next, in ST807, it
i s determ ned whether or not™ T he se%ﬁﬁ?vgy%ﬁ%ggg ﬁya#ﬁ'g& gRcdascridead
threshol d Th2preWiaius e .second: gy gapi arg{et exceeds the threshold
Th2,. since the sinilari t?y degree to tﬁ%eg'veragef%%aﬁ?gggﬁ atshhe  Lawestin
the previous stagu@ipety NBa%@ I Wk OBmel | it is judged that the input
signal is the speech region.- Wien the sec?ﬁdﬂg%’am &% rg%é?‘é'ﬁﬁ%r%quéah%o '
lliriﬁ{e degree.to the average

or less than vaeibeasheluwtdideasi pge ﬁE?.n?t g%l Snatdendieid Bhngs kS

previ ous.

guanti zed LSP paranmeter in the-
it is judgedeBon1dbib dQtbhd i teRL9R e ¢ g.Stationary noise
oS82 AL 0BT 4 REe L S0 6y LS

region. The.value of the counter
presence or absence of the formant structure, thereby

lowering the judgment accuracy. AccoArdingly, obtaining

the variance | with the neighboring LSP differenc-é

10 information at the,l low frequency edge eliminated
prevents such deterioration of the accﬁracy. However,
since such a static parameter has lower judgment ability
than the dynamic pqrameter, it is preferable to use the
static parameter as supplementary information.. Two

15 types of parameters calculated in ST804 are used in
ST805. ‘
Next, in ST805, two types of parameters calcu'lated

in ST804 are processed with a threshold. Specifically,

in the case where the linear prediction residual power

20 (Para3} is. equél to or less- thén a threshold Thé,‘ and
| f:he variance (Parad4) of neighboring LSP regio-n.data is

7 equal to or more than a threshold Th4d, it is judged that
the input signal is a speech region. 1In other- cases,

it is judged that the input signal is a stationary noise

25 region (nonwépeech region). When the stationary ﬁoise

region is judged. the value of the counter is incremented

by 1.



I's judged as the stationary noise region. The detail of the
voi ced/ unvoi ced region judgment 5 method in the above-menti one86dnbddR M
is next explained with reference to FIG 9. First, in ST901, first-order
reflective coefficient is calculated fromthe quantized LSP paraneter in
the current unit processing tinme. The B3 reflective coefficient is
cal cul ated after the LSP paraneter is converted into the |inear predictive

I nput si gnal

coefficient. Next , in SI902, it is deternined whether or not the
above- menti oned ref | && Sk %ef Ehe srcandcdyratiic: ﬁﬁkéﬁé%bﬂﬂvﬁg?ﬁbq Phi .
When the coefficient. exceeds the threshold Thl, it is judged that g’ s

current unit PPOCEELRREdi n'he seeonddynenicpacanePeriie o aramete
voi ced/ unvoi ced_judgnenpt processing is finished. Wien the coef?i0|en? i

equal to or |e%# Fihe ofr &reiailarmity Gegres cedtwawi Cefle) H@Q{:{;@Qg

processing is further continued. Wen the region is not judged as the e

unvoi ced regi o%uFHtéﬁﬂg,L$ﬁ BRg@meteri dndet e vibou shetthars O a P u:]J‘;F e
e coefficient exceeds. the 25 second thieshord

above-nment ioned refl ecti ]
Th2. When Phe To&fPhci Ehecaian tidzeid ds¥®| paFahe tde RhOGS Brrent
proceeds to S}%ﬁg and when the coefficient is equal to or |less than the
threshol d 06/ 1212b@F AFSFFLNG HelMpocand apemitieda 1y SBekpbeRdde

above-nentiongd re Iect&ge coefficient is equal or less than the secon
tgr eshol d Th2 i1 ST9ES 4R éﬁa{m, %3 Phtpiredi rmsl whet hegqueiré0ls e o £
above . '

- Qifferent values obtained for each order using the

abovg-mentionedrtwo types of quantized LSP Parameters:

E®=Y " (LO- L4 (4

10 Li(t): guantized LSP at time t

LAi: average quantized LSP of a noise region

Thé obtained segond dynamic parameter is pProcessed with
the threshold in ST807.

15 Next. in ST807, it is determined whether or not the
second dynamic parametet exceeds the.threshold'Thé.
When the second dynamic Parameter excéeds the threshold
Th2, since the similarity degree to the average quantizegd
LSP parameter ;n the previous stationary noise region

20 is low, it is judged_that the'inpqt signal is the sﬁeech
region. When the secbnd dynamic parameter is equal to
or ;éss than the threshold Thz; since the similaritf

degree to the average quantized LSP parameter in the -

previous stationary noise region is high, it is judged



5 mentioned reflective coefficient exceeds the third threshold Th3. Wen

the coefficient exceeds the threshold Th3, the processing proc® 62005
'ess than the threshold-

ST907, and when the coefficient is equal to or
Th3, the region is judged as the speech region, and the 10 voiced/ unvoiced
j udgnent: processing is finished. Wen t H above- menti oned reflective

coefficient exceeds the second threshold Th2 in-ST903, the |inear

prediction residual power is calculated in ST905. The linear prediction
LSP is converted into

resi dual powerthatcailoel ahethtfsegnkie 3 n
the linear predictive coeffici en? I'n 1559{8%@ cﬁzafg WREEETN@ESe (region.
ction _residual

determined wiBhbevaluaob £t th &bey APt ':P%eg léf@r@ég%g‘é’gIQme 1 whemotie

power exceeds the threshold Th4. Wien the 20 power

Th4, it is judgeputhstidgnel fegijeagsaty Oi i_on and t he

voi ced/ unvoi ced j udgnent procegm n% is Elﬂ\éhemgﬁ Ai¥e MHhER e edoal.

to or |ess than the THs edéthd 1Tk tHe %i&éag‘&m}{‘fﬁ%hggge O am e hed
C :

speech region, and the 25 voiced/ unvoiced |Judg

When the dbovametdnedontd. rtaid ecibyoeCafidt t he third

threshol d Th3 in ST904, the |inear 06/12720 gﬁ%éi preréﬁga 8180 tsi dSal nower

i s cal cul at edekplsTongd Wi TR £ 208 h QWi Y %J_P&?a | I's determ neg W{‘ﬁt her
dal power exceeds the

or not the above-nentioned |inear prediction resi
I s_judged

t hreshol d Ths. V\henFJi.hsqo.ower iexceedgoDit,he treshol it >
that the region is the unvoiced region, and the vmgeg)e nvoi T&EF Tee&divat
coefficient is calculated from the quantized LSP

parameter in the current unit bProcessing time ‘The
10 reflective coefficient is calculated after the LSP
barameter is converted into the 1linear Predictive

coefficient.
.Next, in ST902, it is determined whether or not the

above-men-tiongd reflective coefficient exceeds the

.15 first threshold Thl. When the coefficient exceeds the

threshold Thl, it is judged that the current -unit

pProcessing time is the unvoiced region, and the

voiced/unvoiced judgment Processing is finished. When‘

| the coefficient is qual to or less than the threshold

20 Thl, the voiced/unvoiced judgment processing is further
continued. |

When the region is nﬂt judged as the unvoicedq region

in ST902, in ST903, it is determined whether.or not the

| above-mentioned reflective coefficient exceedé. the

25 second threshold Th2. When the coefficient exceeds fhe

thresholad Th2, the Processing proceeds to ST905, and when

the coefficient_ is equal to or less than the threshold



processing is finished. Wen the power is equal to or less than the
BA420105

threshold Th5, it is judged that the region is the speech regi &
10 Processing is finished. The node determ nation

voi ced/ unvoi ced judgnent
determ nation sectign 621 is next explained with

met hod used in node
reference to FIG10. First, In STI0O, tHe speech region detection 15
perfornms the speech

result is Input. This step nay be a block itself that
regi on detection processing. Next, in ST1002, it is determ ned whether to
based on the judgnent

deterni ne that Th2nodenhes ﬁﬁ%ék%ﬁnﬁf%ﬁ‘%g%iefqeﬁnggggmq%gi on.” Wen the

result on whether or not the regio
roceeds to ST1003. Wen the

region is the speechwhes rocessin
| R e e 3 oAk fiedl e otiluie pobit Dodent 1o

region is not the speech region \ _ _
detier 1 nat ] on seoul ditegis ungh Lis ALY 10 S8 ol 19 output
he. voi cods unvol cog 06 321 300" 48° HEagHRe d, shiR thes iatpunotn 574 0abo FhL
Ztetegr rr?%a?i-eonagﬂoiggggiég.eIIfI?ofI?%%mtﬁ'ggsggfg)s&%%]fﬁi%ﬁg%%%ggathen itihi;?&_
invoi cod regi on mode. based on the TeY ccliBnyGPERd ] GgREnt erapaeas VAL
the judgment theeshoig -]j-mgi,cgﬁé\ﬁ&éeggil{s}’gir%egeég%i1?3’5%337?0216“1 when

10 voiced/unvoiced judgment.processing is finished.
When the above-mentioned reflective c&efficient
exceeds the second threshold Th2 in ST903, the linear
prediction residual bpower is calculated in ST905. The
linear prediction residual power is calcul&ted after the
15 ‘quantizgd LSP is converted into the linear Predictive

coefficient. |

In ST906, following ST905, it is determineqd
whether or not the aboﬁe-hentioned linear predibtion-
| residual_powe? exceeds the fhreshold Th4. When the
20 power exceeds the threshold Th4, it is judgead thaf the
region is the unvoiced :egion, and the voiced/unvoiceq
judgment pProcessing ié finished. - When the Power is
equal to or less than the th;eshold Th4, it is Judgeq
?hat' the ;egion is the speéch region, and the

25 voiced/unvoiced Jjudgment Processing is finished.

When the above-mentioned.reflective coéfficient

exceeds the third threshold Th3 in ST904, the linear



determ'nation result indicative of the voiced region 10 node is out éBB%nSd

the node determ nation processing is finished. Wen the voi cedOér
judgnment result is indicative of the unvoiced region, the node
determ nation result indicative of the unvoiced region node is output, and
the node deternination processing 15 is 4% ni shed. As described above, using
the speech region detection result and voi ced/ unvoi ced judgnent, the

nodes of the input signals (or decoded signals) in a current unit
20_(Fifth enbodi nent)

processi ng bl agkeddes i onsirté £daizalo modes.
FIG7 is a block diagramillustrati nQE;':mg orffd g‘fﬁ'&f’}%ﬁtﬁd alposiPPogessi ng
i nvention. The

section according toIntSl'B9bI8ftboq_r1tmpil;r§ %B gﬁ present
speechidighkiisg edeomine & pyies Bhies

postproce53|ng section is used in the
e, rode selector., described in

described in ©@® setothenabdviEen ¥ bl ti] .Im B&'stpd?%%%ll@ 0B8eEA @083

the fourth enbodi nent, conbi ned therewt
i.t h npde sel ection swi tches

44 section il Du&te:atedceed:é ®he ith
705. 708, 707 and 711, spectral ﬂTrlﬁ;{t 8 Othmtf'%éfé’é@ FPWeE, exprcd aal

phase rarﬁjonthleng:lseesmmd 7@95anqt7 hold setting 5 sections

703 and 716. Wi ghted synthesis fil ter&%?dﬁ‘mg@g 33’:9 ddbReieH®notspWh e

from LPC decod@yod@iedn Tegipreyi Qisg Y g.? crd,g d?Flnglsvgohfb‘gg%gdb;gd;pMUs
r e

to construct the per cept ual weighted synt hesi
filtering 10 BFeeessimgon st 15 Si z eech signal output from
g 10 B¥ iy VEREAS 2§, SREERR power is gqual to or

is the speech region, and the voiced/unvoiced judgment
10 Pprocessing is flnished
The mode qetermination method wused in mode
determination Section 621 3is npext explained with
reference to FIG.10.
First, in ST1001, the Speech region detection
15 result is input. This step may be a block 1tself that
pPerforms the speech reglon detection processa.ng
Next, in ST1002, it is determinedq whether to
determine that a mode is the stationary noise mode, baseq
on the judgment result on whether Or not the region is
20 the speech region. When the region is the speech region,
the Processing proceeds to ST1003. When the--region is
not the speech region (stat:.onary noise region), the mode
determination result indicative of the Stationary
noise mode is outbut, and the mode deterinination'
25 processing is finished. |
When it is determined that the. region is not the

stationary noise mode in ST1002 the voiced/unvoiced



synthesis filter 209 or post filter 210 in the speech -decoding apparatus
to output to FFT processing section 702. FFT processing secti oB6702/2005
perfornms FFT processing 15 on the wei ghting-processed decoded si gnal

out put from wei ghted synthesis filter 701, and outputs a spectral
anplitude WBAI to first threshol'd settirg section 703, first spectral
anpl i tude snoot hing section 706 and first spectral phase random zing
section 709. 20 First threshold setting section 703 cal cul ates the average
of the .spectrabndgment udescel tuist dhpit ERTSTN®FSSS| 7§, seckign, 702 u% ng
all frequency sigggl conmponents, and using the calculated'averagﬁ Y, be
ref erence, outputblolek t hrtesddlifd WHato bekForapect 2 b t

snoot hi ng section 706 and first spect rali)phase ran%%%i z?r?g'r%)ée%{iﬂgﬁveage‘i
FFT processi nfetermdm&0iloperfmooesEihgl ocessi ng 06/ 12/ 2005 45 on the
synt hesi zed speech signal - output fromsynthesis filter 209 and- post

filter 210 in the sgsethowdngli N§T1M3BY atthe OWodd S §HE eI |l
adder 731E, a%glsoe%on&SS

sel ection switches 705 and 712,

anplitude to node
spectr al pﬁas@Q¥#mmmﬁﬁrﬁp-@e¢anmuﬂé0whﬁﬁhéﬁrth@'méﬁ@pygigﬁ@ §g¥%éal
Mbde sel ection switch 705 recei ves the

phase to node sel ection switch 708.
node i nf or mat F&YXMpdepdutpat themmdd ced egledi 2R 2micud sheesh the
m

decodi ng apparatus, and the difference 10. Information (EP??? out put
addm.7151eﬂmoﬁgﬂﬂﬁqugﬂqutmgdbmemuiBéswﬂtintﬂﬁéﬁmfﬁétjﬁﬁbmént
processing result is indicative of the'voicedrregion, the mode
determination result indicative of the voiced region
10 mode is output, and the mode determination Processing
is finished. Whén the voiced/unvoiced Judgment result
is indicative of the unvoiced region, the mode
determination result indicative of the unvoiced region
mode is output, and the mode determination processing
15 1is finishéd. As described above, using the Speech
region detection resuit and voiced/unvoiced judgment,

the modes of the input signals (or decoded signéls) in

@ current unit processing block are classifi'ed into three

modes.

.20 (Fifth embodiment)

-

FIG.7 is a block diagram illustrating a
configuration of a postprocessing section according to.
the fifth embodiment of the present invention. The
postprocessing'section is used in the speech signal

25 decoding apparatus described in the second embodiment
with the mode selector, described in the - fourth

embodimentr combined therewith. The postprocessing



time i's the speech region or the stationary noise region. Mde se]ection
switch 705 connects to node selection swtch 707 when judges tR&/ %¥H£2005
decoded signal is the 15 speech region, while connecting to first spectral
anpl i tude Snoot hi ng section 706 when judges that the decoded signal is the
stationary noise region. First spectral 4éanplitude snoothing section 706 -
receives the spectral anplitude SAI output fromFFT 20 processing section
704 through node selection switch 705, and perforns snoothing processing on
a signal conmpanedtios t hiadsegderd 96 epigned theo! fir

threshold Thi and wei ghted spectral anplifude V\%ﬁ ?%ogt}twp% t‘bﬂﬁnda"de
sel ection swi tgd1 0E1iohhe sief ecAkBat 798 0f 7plge 25,51 g component with the
frequency to be processed for snoothing is pérfopﬁledgggli dg?gr'm' ﬁ'rpr?gc ral
whether the \amiphiedaweckndotibhit Udee ¥R S 9642l 1o QL .55 than

06/ 12/ 2005 46 the first threshold Tkh,l. I n other worags t%%gscrfr:lorg?‘ﬁi ngPahase
processi ng of ridirdoneetimey sedtibnde 794 Ama PR Or e signal . . .
conponent with the frequency | such that WSAI 1§ %fgﬁaFR?gtsg}ofgsgempg

Thl . The $hokkictk)idnpr quESSang rggices the discontinuity In tine of the
spectral anplitude caused by the coding distortion. Inh the case where the

SOt hi ng pr ocessi nBeiigILedos ynenesh § k1 NeerARotYPECRIVES o aldy THE.

equation, (1), the coefficient a can be set at about 0. 1 when
el acti on owi toh 705,  mode o6l ection s tenhrogor Brene tEE gsfefbka
| nformati on (s\peephOdeobdiimynapgaratus to construct the perceptual
' weighted synthesis filter, performs weighted filtering
10 processi‘ng on the synthesized speech signal output from
synthesis filter 209 or post filter 210 in the speech
decoding apparatus to output to FPT processing section
702.
FFT processing section 702 éerforms FFT précessing
15 on the weighting-processed decoded signal outpuf from
weighted synthesis filter'701, and oﬁtputs a spéctral
amplitude WSAi to first threshold setting section 703,
first spectral amplitude smoothing section 706 and first
épeqtral Phase randomizing section 709.

- 20 First threshold setting section 703 calculatesuthe
average of the spectral amplitude calculated . in FFT
processing section 702 using all frequency signal
-components, and using the calculated average .as a
reference, outputs the threshold Thl to first spectral

25 amplitude smoothing section 706 and first spectral phase

randomizing section 709.

FFT processing section 704 performs FFT processing



sel ector 202 In the speech decodi ng apparatus, and the 15difference
information (Diff) output fromadder 7 15, and judges whet her Oife’ 12£30b

signal In" the current unit processing time |Is the speech region or the
stationary noise region. Mde selection switch 707 connects to node
sel ection switch 705 when judges that t#e decoded 20 signal is the speech
region, while connecting to first spectral anplitude snoothing section 706
when judges that the decoded signal Is the stationary noise region. The
j udgment resul gni h as, that by node selection switch 705. An
out put of rr_odeégelﬁéltcet i%i,@gﬁﬁséﬁ%ﬁpgecgs siogmett ed tht f RRloRN 258Ssi ng
section 720. Noge " i tch 708 i R ol PRhess

( : tggjeﬂ;.lorﬁr%wc is aswtcho icl s
swi t ched synchronous! y- wit RAthdRe gt &dtlier 0BA D2/13008n 4 7 \@éclcltl 705. Mode
sel ection sw tacijbiggtru%‘ei ves.the node information (I\/bde)iJ Sut puB ST mstie
sel ector 202 in'the spé’echO‘dEBb‘d:ishg HYpparspestrand taMp i £ gence '
i nformation (Qief]fe)cf’{ﬂb%“t ftg adder 715, and judges 5 whet her t he? ddeeded
signal in the current unii”prg i h9S5t msl i %12 heag@rach { 80 %‘ir t he
stationarys Nosge e PN-pp Made sel ection switch 708 connects to eBGfpnd
spectral phase random ziTPEEctT BRAPrd Zheg jamigesohhai 1 phe 44 coged si gnal
Is the speech,ﬁgﬁh%ggmlse connecting 10 to first spectral -phas urthe_r
randoni zi ng sectlon 7 V\heg"lecFE&g]thﬁ% ch radibe atele 6 £ 9133 s"'fﬁgﬁ ;
stationary noise q\ﬁg&gn.s'gheeéﬁggrrént result is the sane as that "Dy Rte
sel ection switch 705. In other s, SWdkc el 206i orecivel 7Q4.d S

15 random zi ng section 709 when mo4ede

connected t oihifiGtmaR&GH e
sel ection switch 705 aﬂMBH%ﬁ cutput from mode Selector 202 in the

speech decoding apparatus, and the differenc
10. information (Diff) output from adder 715, ang judgee
whether the decoded signal in the curreht unit processip ]
time is the Speech region or the stationary noise J":egiong
Mode sele.ction switch 705 cbnn-ects to mode selection
switch 707 when judges that the decodeq signal is the
15 speech region, while connecfing to first Spectral
amplitude  smoothing Section 706 when Vjudges that the

decoded signal is the sta‘tiohary noise region

- ] 5 Fl

29 signal component with the frequency to be processeg £
or



is - gonnected to first spectral anplitude snoothing section 706, and node
sel ection switch 708 is connected to second spectral phase ran86mt2Ag005
section 710 when node selection switch 705 is connected to node sel ection

20 switch 707. First spectral phase raqgonizing section 709 receives the

spectral phase SPi output from FFT processing section 704 through
node- sel ection switch 708, and perforns random zing processing on a signal

25 conponent with a frequency determ ned by the input first threshold Thi

and wei ght ed t i | .0 0 ut to node selection switch
711. The netho ofrf%gﬁz?}%%@m{%-m :#‘Egoms%‘swgﬁéls cdiperenp cdth i nlee
Is the. sane way as that for

[feduency to BerodEReanaplabor o MRILEI. L3 U, Fane, vey 3s Lhal for
smoot i ng T bi ¥nchesbials AUBLLENIE, © SIPRNNY Secllon 106 Inother |
the, op.dnal, CASRINCH, kLo o oUenE L SURl,(DEL VBN s, cual Lo ot
el ecti on evi LeRCrsE Lo o Haues Ehe (R AR ERnT fiededsi by diimesiafaitne.
ut. second threshold Th2

and spect ral herttods WP EEET S sdlny Fne Bonudg G svereRoma. T
rocessed {ors andin o B TS 8RR FFBBISG PRI ATING G R rormea
with the AR type expressed with the equation (1), the
coefficient @ can be set at about 0.1 when the numbér

10 of FFT points is 128, and the unit praocessing—time is

l0ms. ) |

As mdde‘selection switch 705, mode selection switch

707 receives the mode information (Mode) output from mode

selector 202 in the speech decoding apparatus. and the

15 difference information (Diff) output from addér 715, and
judges whether the decoded signal ‘in:f the 'c'urre_'nt unit
processing time is the speech region or the stationary

noise region. Mode selection switch i07 connects to

- mode selection switch 705 whenljudges that the decoded

.20 Signal is the speech_region, while connecting to first
spectral amplitude smoothing section 706-when judges

that the decoded signal is the stationary noise region.

,.The judg.ment result is the same aé that by mode selection

switch 705. An output of mode selection switch 707 is

25 connected to IFFT processing section 720.

Mode selection switch 708 is a switch of which the

output is switched synchronously with mode selection



phase randomi zi ng section 709. In other words, the randonizing processi ng
of, spectral phase SPi is 20. perfornmed on the signal -conponenf6évik?/ 2085

frequency i such that .SA is equal to or less than Th2i. Mde sel ection
switch 711 operates synchronously wi th node selection switch 707. As node
sel ection switch 707, node selection s#tch 710 receives the node 25

I nformati on (Mbde) output from node selector 202 in the speech decoding

apparatus, and the difference information (Diff) output from adder 715,
In the current unit

and judges 06/ 12/.2005 49 whet her the decoded signal
processing ti ﬁ%’il%s&? ﬂ&%peeé’ﬁ%@%‘aﬁﬁiiﬂﬁ’esgﬂé}ﬂfbﬁ’@@rm:'esﬁvesgthm mdVpge
selection switch 711 connects, t econd spectral ‘phase random zing section
710 when judge’s“tfr?a‘im?ﬁg% &@'&ﬁﬂ%g &Rt Eramamagecetlection, 208 ke the
connecting to_first spectral égtlﬂase random zi ng section 709 when judges

that the ‘decodet®§&%hal GECPHERG ot idRRBRTAtMSSe @dyl on. thee | ddgiBmtence

sel ection switch 708. An output of node

It is th that
result is the safﬁ_‘éﬁ.%,sﬁtlfﬁ?g 2é1~{£gsed3'{BPPFFfrﬁ?‘@Jcé§§i% 3&6t.i oand2Qjuddes

sel ection 10 sWi
| ection switch 712 recei ves the node

d | i i h 5, d L
feachicy ?%{,‘%‘}i’%ﬁ %89 FFERIRNS Larplctp it o urr ant wpktQrdeest 1g g

i nformati on
R T RS M VLA N
the decoded srsels e18Eidh SRAReR"T0d Givthecthe ke doanad sBestral
region).,  MABnA e HhSRE b hd 15d St IO 1§ Wt Pilieen that the
-decoded signal is the speech region, while connecting
10 to first spectral .phase ra_nddmizing section .709 when
judges that the decoded signal is the statibnary noise
region. The judgment result is the same as that by mode
Selection switch 705. 1In other words, mode selection
| switch 708 1is connected to  first séectral phase -
.15 randomizing section 709 when mode selection switch 705
is - connected to first spectral amplitude smoothi-ng
gection 706, and mode selection switch 708 is connected
to second spectral phaée randomizing section 710 when
mode selection switch 705 is connected to mode selection
.20 switch 707. | |
First spectralA phase rahdomi_zing section. 709
receives the spectral phase SPi output from FFT
processing section 704 through mode-selection switch 708,
and performs randomizihg processing on a signal
25 component with a frequency determined by the input first
threshold Thl and weighted‘spectral amplitude WSAi to

output to mode selection switch 711. The method for



20 spectral anplitude SAI output from FFT processing section 704 to second
spectral anplitude smoothing section 713., Wen it is deterni n8&/tIaf 2006

decoded signal is the speech region, node selection switch 712 is
anplitude 25 SAI is not output to

di sconnected, and therefore the spectral
sedfion 713. Second spectral anplitude

second spectral anplitude snoothing
snoot hi ng section 713 06/ 12/ 2005 50 receives the spectral anplitude SA.

output from FFT processing section 704 through node selection switch 7.12,

and perforns the [ p essing on signal conmponents at al

frequency bands. Iﬂe %\h}(aig%e&gée%?p&%]s Ppread At the fxequearyynbbsbe
rocessi ng. The snoothi ng

. b : b ' t hi n
region can be ghtained, d 5@(&%2‘?‘&3 cﬁH'g{E%ngﬁ rgheam@ne udeysmmot bhag for

processing ‘s the sane as
n npde selection switch 712 is disconnected,

section 706. | It
the section 71 eg%gsﬁ%lg?n%? T i 197 Brte COMRARN K ga tahliea farenpn bad s as th &l
anpl i tude SSAI f statjonar i.se region., which is |ast processed,
i s out put . Thepgcﬁ%gt%%%dsﬁ%raﬁm%ﬁgﬁ%ei SAirgtoceBectal semmplitude
spectral agplidd | r.Qc | ng section 713 is output to del ay
98t§1’1‘i§§ %?ggﬁ&%de’g& ti ngRsREheghwersls artheodenswimet ki oy

section 714, 15 secon

switch 718."' S¥esGld PN L l.ays-the input SSAi, output from second

spectral anpl ?titdeesm)odt i ﬁéf gse‘ggfgﬁ: SPhaﬁf Lhhi L Hreesssnmedi mnt dhe
a difference between the

out put to addef; g2 38"§ﬁﬂ§ 15.cal cul at es [
snmoot hed spect ra anpl I t dde ";Sg tég)'fctq} F\tgl%tfg’f?gl'}&lnflﬁo‘r dgich that WSai is
equal to or less than Thl. : :

Secénd spectral phase randomizing section 710

10 receives the spectral phase SPi output from FFT

processingsection704throughmodeselectionswitch708,

and performs randomizing processing on a signal

-component with a frequency determined by the :!.nput Second

threshold Th2i and spectral amplitude SAi to ouAtput to

15 mode selection switch 711. The method for determining

the signal component at the frequency to be pro;éssed

for randomizingris similar to{that in first spectral

ph;se randomizing sectipn 709, In other words, the

randomizing processing of spectral phase SPi isg

20  performed on the signal component wifh the ffequency i
such that SAi is equal to or less than Th2i. |

Mode $election switch 711 operates synchronoﬁsly

with mode selection switch 707. As mode selection

switch 707..mode selection switch 710 receives.the modé

?5 information (Mode) 'output from mode selector 202 in the

speech decoding apparatus, and the difference

information (Diff) output from adder 715, and Jjudges



region in the

the current unit processing tine to

711, 712, 718,
threshold Th2i

last unit processing time and the spectral anplitude SAI in
out put to node switches 7086 /A07/ 2008,

25 and 719. Second threshold setting section 716 sets the
using as a reference the snoot hed spectral 06/ 12/2005 51

anpl itude SSAi of the stationary noise 4%gion output from second spectral

anpl i tude snoot hing section 71.3 to

out put: to second spectral phase
phase generating section 717 5

random zi ng section 710 Randon1spectral
phase to node -selection switch 719.

outputs a rand Cl
S hode UL AR AL S%f@?e‘l%%ﬂoﬂrpmﬁ EMT IS et ES ohes SDHY

As node sel ection s

i nformati on (

appar atus, and

, and judges
time is the s
judged that t

718 is 15 conn cte

qﬁa %fb% t fron1 sel ector 202 in the speech decoding
° 9 PHYRE rr RISPFPFORh eLF taY iomauy Hobmenteayi dhd
W%%L eigecoded signal _In the current unit processing
peec ré% &Y oroOR hEWtER 0Rdrly Coppeetsefiorsewhed |$pbetral
h %goded §# ? I S the speech region, node selection switch
T t 5 gt ‘g’ﬂ zdﬂ‘%ulsrﬁﬁt?-?ﬂm %é@oﬁﬂl%pecjmdbemnﬁh&udethe

section 720. When it is determ ned

snoot hi n ect 713 to. | EFT p
9% ege olsh iggnan‘lot §h§i§péﬁepbgir@g-‘(@{1at wividle coimeecting

that the deco

regi on),

out put fron1secon

5|gna
and therefore 20 the

n- tch 71 s di sconnect ed
%?L%P 1 fnﬁ?flt Gg‘é%ﬁomﬂ%mlgéag oReTLIOlm TMO owhsi

spectr
tion swtch 719

to IFFT[NOCG%%&@3§E%54¥]E§8 dM%%ﬁggleggna is the stationary noise

10

15

20

region. The judgment result is the same as that by mode
selectipn switch 708. .An output of mode selection
switch 711 is connected to IFFf‘processing section 720.
As mode selection switch 705, mode selection sw'itch
712 receives the mode information (Mode) output from mode
selector 202 in the speech decoding apparatus. and the
difference information (Diff) ocutput from adder 715 and
judges whether the decodeﬁ signal in the current unit
processing time is the speech region or the statiédary
noise region. When it is judged that the decoded signal
is not the speech region (is the stationary noise region),

mode selection switch 712 is connected to output the

spectralr amplitude SAi output from FFT processing

section 704 to second spectral amplitude smoothing

Ssection 713. When it is determined that the decodeq

25

signal is the speech region, mode selection switch 712

is disconnected, and therefore the spectral amplitude

SAi is not output to second spectral amplitude smoothi'ng

section 713.

Second spectral amplitude smoothing section 713



is switched synchronously with node sel ection switch 718. As node :
sel ection switch 718, node selection switch 719 receives 25 theOggds2/2005

i nformati on (Mbdde) output from node selector 202 in the speech decodi ng
apparatus, and the difference information (Diff) output . from adder 715,

and judges 06/12/2005 52 whet her the de¥bded signal in the current unit |
processing tinme is the speech region or the stationary noise region. \Wen

It is judged that the decoded signal is the speech region, node sel ection
an.. output fromrandom spectral phase

switch 719 is nnect ed tao out put
?;38:?1“??[? t@’ﬁ |§’|e‘b!‘-66éss¢fﬂgl§§d{¢%nsm. owt@utt fropudueg

generating sec

that the deco signal is not .the_speech region (is stationary noise

regi on), m)dedégf)g ShR &P BEt LRy 7 tHi“é’d’d%h@b’-’t sedrict honeswric ¢her1 2,
dom spectral phase generating section 717 is not

out put from S% d 1Q, rﬁn .
output to |FF 'g oc EEHhYTOS 1 | bRe726MaIH1BOoc REP g SSdnd 0NOT20 = RgRIAES

t he spectral ca&‘gbi tuede outﬁuti Erom node sel ection switch. 707, the
spectral phasé dUPSERTE fHeaUeRAYSHARES 71 Thevéragespettral
phase

anpl i t ude gut m Jode | ection,switch 718, and the spectral
out put f ro?n n%ﬁ"g %'rélgé‘c $ ot St?é%ﬁ'iﬂwtﬂgatrdf Bo%sR megionpeaocbei ahtained
Wihen npde . sel ection switches 718 and = 719

o o 3
are di sconnectda onRr Py SRBend g ThAR P8R R0 JbReramePSAR - apesis Th

are di sconnect
ectral phase input from

T err T AR o S MO e S Bl
sp(ictrum of FElcdfSh BYE O MBpt g%ciiFtFiron. when mode selection switch |
712 is disconnected, the .s'ection 713 does not perform

10 the processing, and a smoothed spectral amplitude SSAi
of the stationary noise region, which is last Processed,
is output . The smoothed spectral amplitude SSAi
processed in second spectral amplitude smoothing
processing section 713 is output to delay sectidn 714,

15 second threshold setting section 716. and mode selection
switch 718.° | |

De.jl.ay ‘section 714 d«elayrs the input SSai. 6utput
from second spectral amplitude smoothing section 713,
by a unit processing time'to'outpdt to adder 715.

20 ' - Adder 715 calculates a difference between the
Smoothed spectral amplitude SSAi of the stationary noise
reg;‘.on in the last unit processing time and the spectral
amplitude SAi in the current unit processing tiﬁe to
output to mode switches 705, 707, 708, 711, 712, 718,

25 and 719. o

Second threshold setting section '716 sets the

threshold Th2i using as a reference the smoothed spectral



part of the resultant 25 as a tine signal.
On the other hand, when npde selection switches 718 and 719 ar 86ddnhé208d
| FFT processing section 720 transforns the spectral anplitude input from
06/ 12/ 2005 53 npde sel ection 707 and the spectral phase input from node -
selection swtch 711 into a first real spart spectrumand first inmaginary
part spectrum and further transfornms the spectral anplitude input from

node sel ection 718 and 5 the spectral phase input from node sel ection
ctrum and second inmagi nary part

switch 719 in S nd al _pari spectr
spectrumto ad%&pgjhﬁgﬁﬁgnségﬁ SEnEE’?h'gtPFF?napFﬁéEs%$ﬁg:eghoot but pwt Brom
assum ng t hat 2 t&'é@ r eal art is obtained by adding the first real part
spect rum 10 t o~ FREELcSRPPELR L2 AMRELERAS SRe® thbRga sectd on eyl Bar ¥ o
part is obtai ngg 2 ding the first inmaginary part spectrumto the second
i magi nary part°SpEdty &R ,S%tch%ndlﬁ?c Pha#e izapdendizieng B ag dtdre 1 hor d
real -part spectrum g-third imaei nar#/] part spectrum At the. tine 15 of -
addi ng the above-nen RelicTo spiReFETahe RRREBJ Federgbingspsesuivand 717
econd i magin A1t ectr are attenuated by constant tinmes or an
Zdapt i v:al ygl:o?\c{'}rlgp?éﬁ Sgaﬁt%ﬁa]@“l%r gmﬁﬁﬁ?datgﬁﬁ‘ét;’lade Bhlél:ii!;i e t hode
above- nmenti on r Seco real part spectrum 20 is nmultiplied by
0. 25 and then%gedlggg%#'gﬁ héeas'itrcg'{ ?ggl part spectrum and the second

I magi nary part specty, | iplied by 0.25 and then added to the first
i magi nary -part_ spectp*réluir?ri]]‘:'dt%es;géhlbé/cgﬂ'toéﬁ ﬁr’\ﬂl‘d:cilhg]t% mpde &8 leard apsott tioh
and thi rd | mgIREL Y ¢eSPERL Tl e Pn FEE RS BhOAESEL ol onodl dar Sy ous! y

described is

processi ng, and outputs the real

selector 202 in the speech decoding apparatﬁs. and the
10 difference information (Diff) output from adder 715, and
judges whether the decoded signal in the .current uanit
processing time is the speech regio_n or tﬁe stationa-ary
noise region. When it is judged that i:he decoded signal
is the spéech region, ﬁode selection sw-itch 718 is
'15. connected to output an output from second spectral
amplitude smoothing section 713 to IFFT p'r'ocessix.zg
section 720. When it is determined that the decoded
signal is not the speech region (stationary noise region),
mode selection switch 718 is disconnected, and therefore
20 the output from second spectral amplitude smoothing
section 713 is not output to IFFT proceséing section 720.
Mode _selection switch 719 is switched
synchronously with mode selection sﬁitch 718. As mc.’de
selection switch 718, mode selection sﬁit.ch 719 receives‘
25 the mode information (Mode) oﬁtput from mode selector
202 in the speech decoding apparatus, and the difference

information (Diff) output from adder 715, and judges



next explained using FIGS 11 and 12. FIG11 is a flowhart illustrating
speci fic processing of the 06/12/2005 54 .postprocessing nethod0ien 1272005

enbodi ment. First, in ST1101, FFT logarithm c spectral anplitude (WBAi) of

a perceptual weighted input signal (de%zded_speech signal) is calcul ated.
5 Next, in ST1102, the first threshold | is calculated. Thl is obtained
by adding a constant kl to the average of WSAI. The value of kIl is

determned enpirically, and, for exanple, about 0.4 in the common
of FFT 10 points. is N,: and

| ogarithm c regi Lng that the nu r
that the FFT s%%‘%ﬁ%#%i‘?%ﬁsaﬁét ﬁgﬂParfiﬂFéf'—. curgent ya it preresis 164
e value of an N 2 nunber of WBAI

I bt ai ned by, .cal cul at.i t h
because Ve | S8 e PO PRl FRG 0D TR e sicht honemy v bs ardeg Lon .
litude (SAi) and

| =N/ 2+1. 15 ' ST110 FET. | i t.hm tral
FFT spectral Ngﬁ%?éll ?‘§PPP)1 i‘?dgﬁ‘di *8%6{ ;ﬁﬁaﬁeég%g“diggggcﬁssi%l $pewath
' ot t . I ght ' l.cul ated, Next, in ST1104, th tral -
i trerence (ot eriol HPES 451 8RETORRLEeh: 14p' deieanencted theoubpait

difference (Di : _ : ’
eSSBS A0 et e ST S0 LT
ol oge! o5 EO e £ WRA G B M on Y0 T Se 5 4% smapas
gvgfggge;g\r,\eﬁ Qg&‘?ﬁgh\g{]gélg-gﬁér&;d nQE.gUée.l_ CYL" ey Eﬁ\éers;;gelcgr greégglg?ln E}:':_es
stationary noise region), mode selection switch 719 is
disconnected, and therefore the output froﬁl sevcond

10 random spectral phase generating section 717 is not

output to IFFT processing section 720.

IFFT processing section 720 receives the spectral

amplitude output from mode selection switch. 707, ~tha

spectral plhase output fr;om mode selection switch 711,
15 the spectral amplitude output from mode selection switch

718, and the spectral phase output from mode Selec-tion

section 719 to perform IFFT processing, and outputs the

processed signai. When mode selection switches 718 and

. 719 are disconnected, IFFT Processing section 720

20 _ transfb_rrns the spectral ampl_itudé input from mode
selection 707 and the spectral Phase input from mode

selection switch 711 into a real part spectrum and
“imaginary part spectrum of FFT, then perfo:.;ms the IFFT

processing, and outputs the real pért of the resultant

25 as a time éignal. On the other hand, when mode selection

switches 718 and 719 are connected, IFFT brocessing

section 720 transforms the spectral amplitude input from
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different froma stationary noise conponent,
judged to be not the 5 stationary noise region.
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t :
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and therefore
ince it is

stationary nOlp%‘rf:e 0%?1?/’5%'65 %%Ufaftbﬁ' eNhnly l engperéorms the IFFT

consi dered t hat

10

pProcessing. 1In other words, assuming that a third real
part is obtained by adding the first real-part speétrum
to the second real part spectrum, and that a third
imaginary part is obtained by adding the first imaginary
part spectrum to the second iniaginary part spectrum, the

IFFT pProcessing is performed ﬁsing the third real part

spectrum and third imaginary part spectrum. At the time

15

of adding the above-mentioned spectra, the second real

-part spectrum and second imaginary part spectrum are

. 20

25

attenuated by constant times or an adaptively controlled
variable. For example, at the time of adding the

above-mentioned spectra, the second real part spectrﬁm

- i1s multiplied by 0.25 and then added to the first real

part spectrum, and the second imaginary part spectrum
is multiplied by 0.25, and then added to the Ffirst
imaginary part spectrum, thereby obtaining the third
real part spectrum and third imaginary part spectrum.

The postprocessing method previously described is

‘'next explained using FIGS.11 and 12. FIG.11 is a

flowchart illustrating specific processing of the



average FFT logarithm c spectral anplitude (SSAl) is not averaged
sufficiently, the processing is intended to proceed to ST1106 0% At £BOOTe
val ue of the counter

spectral difference (Diff) is not used. The initial
is 0. 5 Next, in ST1106 or ST1107, it is judged whether or not the decoded

signal is the stationary noise region. 5I1106;, it is judged that the

decoded signal is the stationary noise region in the case where an

excitation node that is al ready determned In the speech decoding 10
11107, |t i's judged

| _ in_s
P the doc Ejég Si gna %gltrﬂg ﬁ]%tr %néPy : %egF‘E’é’i ehtrhe case where

t hat the deco I'S

an excitation node S alrea rm he speech_ decodi ng
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I se region, while.
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t he proce55|ng procee
i on t her rds, .that the

| h
signal 1s 5ot the Silyenary 10y {69! ONepgl e r]st}age PREPHR (BRdded s

decoded signal is the speech region
roceSS|n ls 25

| ‘h
el TR, S IR KR

next perforned |n ST1108 to tain

(SSAi ) of the t oi ison. t uat .o n 13 is a.
constant indi gﬁ%\%@%@:ﬁ § 00% {5' go an T e’?lgi]'?'% '%Jf Rﬁj’btﬁ g&?ﬁeﬂ%i'l‘&ﬁge
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of 0.0 to 0. émpf&ﬂ@&ﬂ%&EKEHH,Of%fMﬁihﬁBQeQu@§%uef PR RP1E conmmon
logarithmic regibn. Assuming that the number of FFT
10 points is N,:and that the FFT spectral amplitude is WSAi
(1=1,2,...,N), the average of WSAi is obtained by
calcuiating the average value of an N/2 number of WSAi-
because WSAi is symmetry with respect to the boundary

of i=N/2 and 1=N/2+1.- |
15 Next, in ST1103, FFT 1og&rithmic spectral
'amplitude (SAi) and FFT spectral.phase (SP1i) of an input
signal (Qecoded speech signal) that is not perceptual.

weighted is calculated.
" Next, in ST1104, the spectral difference (Diff) is

20 calculated. The spectral.‘difference is the total .
residual spectra each obtained by subtracting the
average FFT logarithmic spectral amplitude (SSAi) in the
region previously judged as thé stationary noise region
from the current FFT logarithmic spectral amplitude

25 (SAi). The spectra difference Diff obtained in this
'step is a parameter to judge whether or n&t the current

power is larger than the average power of the stationary



and a unit processing tine is Ov (80 points in 8kHz sanpling). The
smoot hing processing is perfornmed on all 5 logarithnic spectral Oénfpl2f 3065

(SAl, i=i,...;N, Nis the nunber of FFT points).- Next, in ST1109, the
snoot hi ng processing of ' FFT logarithm c spectral anplitude is perforned to
perform snoothing on the spectral anpld3tude. difference of the 10
stationary noise region. The snoothing processing is the sane as that in

ST1108. However, the snoothing processing in ST1109 is not performed on
"a signal

Conponent w tHoS TTEAIEARE SHHSR EES: durpanERane® ie dnugescthan the
threshol d Tl TP aBBuEs Be the LadiShderiasidhorasion o Wre wegom
ey have the ARFR @t teBulAgL e sl het dopar e specural L
Cormoneat i (e CraaenG] mocbhet, £ be EotoEm et st
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the sae val ueoa T SrTp8ot G BERRLoe belBkmtes O e s tRe eradaa
val ‘ue,_adj ust edi g POt AN BifHGE aSURILCliyE qgggitti%nélr__lyad%iotiisog, fegion

previously. In the case where the number of the counter
10 is more tl_lan a predei_:ermined value, in other words, when
it is judged that the decoded signal is the s-tationa'ry
noise region previously with some extent of stability;
the processing p;oce’eds to ST1107. 1In the other case,
in other words, when it is little Jjudged thét the decoded
15 signal is the stationary noise region previously, the
processing proceeds to ST1106. . The difference'befween.
ST1106 and ST1107 is that the spectral difference (Diff)
is used or npt as a judgment criterion. The spectral
difference‘(Diff} is calculated usiﬂg the average FFT
20 logarithmic spectral' amplitude (SSAi) :i.n. th‘e_. region-
previously judged as the stationa_ry noise région. To
obtain such an average FFT logarithmic spectral
amplitude (SSAi), it is necessary fo use a previous
sta'tionary noise region with a sufficient time length
25 of some extent, and therefore ST1105 is provided. When
there is no previous stationary noise region w.i"th a

sufficient time length, since it is considered that the



val ue ranging from-27r to +27r

5 random (1) .in ST1110 is a nuneri cal
it may be possible t6gen2/20dm

generated randomy. To generate random (|
random nunber newly every tinme. To save a conputation anount, it may be

al so possible to hold pre-generated random nunbers in a table 10 to use
while circulating the contents of the table for each unit processing tine.
When the table |Is used, two cases are considered that the contents of the

table is wused without nodification, and that the contents of the table is
in ST1111, conpl ex FFT

dded h i
pectrum i s gendra e fron TaeFA HAEe, TBRREFap ahnle ta { BaAL) e woT

spectrumis generated from.
spectral phasegvE¥a I : .ne returni the FFT | ogarithmc
spectral anpli ?nge f‘gi sq?é%ﬁ]k'?ﬁgpﬁ%ér &trﬁ% BrPézgq-%sh{] g e tniendedyi to,
s PR PO 6 0y MR A 18T Fgde, e

| magi nary part |s_obta|ned by returning tl : !
L g by s Srne o fic cpi P SRALEPasA s RBTTed fR s 01
noise regton o TnereeEnt o By OBt TS 1 W S reeR bRt Bamo ¢
noi se. region) 15 Sri106 o TR EL A ERECSHACRRREY Rades) Somt onn ¢

spectral anpl T d&FHL06,S i00PL §0588ddE that the decoded signal is the

stationary noise region in the case where-an excitation

mode.that is already determined in the speech decoding

10 apparatus is the stationary noise region mode. In
. ST1107, it is judged that the decoded signal is the

stationary noise region in the case where an excitation

mode th;t is already determined in the speech decoding

| apparatus is the station&ry noise region mode, ahd the

15 spectral difference (DiffE) ca];cqlate'd in ST1104 is equal

to or less than the threshold K3. In ST1106 or s'r1.1"07,

the processing proceeds to ST1108 when‘it-is Jjudged that

the decoded signal is the stationary noise region, while

the processing proceeds to‘ ST1113 when it is judged that

20 the decoded signal is not the statibnary noise region,

in other words, that the decoded signal is the speech

-region. |

When it is judged that the decoded signal is the

‘stationary noise region, the smoothing processing is

25 next pgrformed in s¢11oa to obtqin the . average FFT

1ogarithmspectrum(SSAi)ofthestationarynoiseregion.

In the equation in ST1108, B is a constant indicative



5 snoot hed | ogarithm c spectrum SSA21. In other words. the snoothing
anplitude is not perforMbéd.1AER005

processing of the logarithm c spectral

in ST1114, the random zing processing of the FFT spectral phase is
performed. The random zing 10 processing is perfornmed on a signal conponent
with a_ selected frequency as inSTil 10.57However, the threshold for use in
selecting the frequency is not Thl , but a value obtained by adding a
constant k4 to SSAl previously obtained in ST1108. This threshold equals’

to the second j In qt her words, the
random zi ng. " éf'a' t%‘hq{e&?;%%{lfgrﬂypﬁgggﬁ{%%éﬁﬁ?edh(fnra?!”gl%: ﬁﬁa?r;@oﬁﬁﬁr%nl .
mplitude is smaller an e

average spectr Bl BAMHS AReUE O THEE: tBRippnkn 0% Eibmot ot aa 128,

aver age spectr
ST1115, a conp. EFT c ' - ted fromthe FET |ogarithmc
spectral anpl i%ﬁ?e A:a%YSEEFEp'I;HpBeéC ?5‘?’%%@'@9 e £ 5584 P%gBB'-tsai%’édaﬂﬁﬂz
addi ng t he val tal ned by.returnipng.the EET | ogarif hm c spectral -
anpl i ?ude SSAZéllgwg’(?hﬁﬁz'ZSﬁhfggﬁot%%ﬂ%hgeﬁF8ﬁeﬁf Rd 5 Pe%’if1g€g}%,°raﬁdl

then mltgplyy 4 ; GOS h ral phase RSP21, and a val ue
obt ai ned by n&t?%&%%@ﬁéavgip%gc%%?%i %3@9'@%%8%/%%'66?%{ urni-fye t NedseT
logarithnic spags’ Aun@ti e rdAo il the logarithiic region to the
| i near region by a cosine of a specira hase randon2(i), and further

O ek 19 5,17 HEEEL, 58 SS08 o Snpk s SIBHASRE o e
spectral anpl hig¢flerithmic spectral amplitude is performed to perform
smoothing on the specttal amplitude difference of the

10 stationary noise’region. The smoothiﬁg processing isg
theﬂsame as that in $T1108. However, the smoothing
processing in ST1109 is not performed on all logari’thmié

spectral amplitudes (SAi). but performed on a signal

component with a frequency i such that the pefceptual

15 we_ighted logarithm:i_.c spectral amplitude (WSA1) is equal

- to or less than the threshold Thl. 7T in the equation
in ST1109 is the sam.t_a" as B in ST1108, and may have the
same value as f3 . | Partially smoothed logarithmic
spectral amplitude SSA2i is obtained in ST1109.

20 Next, in STI110, the randomizing processing is
performed on the FFT spectral phase. The randomizing
processing is performed on a signal co-mpbnent with a
selected f;‘eqﬁency in the same way as in the smoothing
processing in ST1109. 1In other words, as in ST1109, the

25  randomizing processing .is ‘performed on the signal

component with the ffequency i such that the perceptual

weighted logarithmic spectral amplitude (WSAi) is equal



he | ithmc region to the linear region, and then

ﬁusib\tzilpr;ionmgt b§ tﬁga;: ne of thg spectral phase RSP2i, and a val 06_/db2é26@c5
by nultiplying a value 10 obtained by returning the FFT | ogarithnc _
spectral anplitude SSAl from-the Iogﬁ%i% hmc region to the |linear regi (r)]n
by a sine of the spectral phase rando i) , and further nultiplying the
resul tant by the constant k5. The constant k5 is in the range of 0 0 to
1.0, and 15 specifically set at about 0.25. In addition, k5t Lngysgg_ eg?i Ve
adaptively contto i I SS _ I mpLove .t} {
qualoi ties of t .(Se %ggg'g%%%nﬁ% a{:ii;"oan}rh%p%%#lgéait #q}liri'(eadsége%‘\‘{'r%g?(ﬂim}- it
mul ti pl exi ng : : | r 1,S h‘f‘! ) .
randoPrQ(i) isn% Itg% &ggrﬁ)f)]?nénu éeztg%;égﬁggl |iz)mﬁe§f?§qj:igfilf'rsﬁ_ffflis
per f or med, on &R ot ( [ _

or ST1115 to o aai n a%%ﬁ%ﬁe%‘{ l‘l%?( Sg)%l, %‘rﬁe%fgéf‘i ;rﬁiﬁgﬁgzig?zﬂm,stﬁ@
real part Re i ' 7
Accorgi ng to(t%?e ﬁ%é%ﬁdeﬂjggg%g %é&?‘ﬁ%%%ﬁglr a'ﬁi? z‘(ffy't he EPesEﬁtdith:I_.

i nvention,g Si i fn tshe 06/.12/ 2005 second codi ng section
i s determsnedg‘%?idn‘gﬁt ?\gqco e rfégi?l tlr}’i‘anatt'ilam?il:ﬁﬁa]c?vﬁzlﬁt}:zﬁ(?f‘?nggzq E:Tit-‘ﬁglm

ossible to p i t S | S Lon W ‘ ,

gddi ng any newb%f g‘%nﬁ?i%gneqc%gigg%% %v&;ggp%gorﬂ;gﬁe, é%aﬁﬁnﬁﬁgﬁﬁ?ﬁggc?iﬂik.
the codin : Iy , I _

swi t ches tg hg%ﬁ%gﬁ&%}[ﬁ fi?eégg%or%osla g%giﬁtﬁghgedc‘%]gnig ﬁadim'i g‘ﬁ‘i‘%%’s’ If?iglé&&vtea‘ﬂfon
vector using timequantizefave a computation amount, it may be also

' possible to hold pre-generated random numbers in a table
10 to use while circulating the contents of the table for
"each unit processing time. When the table is used, two
cases are considered that the contents of the table is
used without modification, and that the contents of the
'ta}.)le is added to the FFT -spectral phase to use.-
15 Next, in ST1111, a compiex FFT spectrum is
generated from the FFT logarithmic spe;tral amplii:i:de
-and Ff‘T 'spectr.al phase. Tl;e real part .isobtained bf
r.eturning the FFT logaj:ithri:;i.c spéctral amplitude SSA2i
from the logarithmic region to the linear region, and
20 tﬁen multipiying by a cosine of a s.pectral phase RSP2i.
The imaginary part _is obtained by returning the FFT
logarithmic spectral amplitude S8A2i from the
logarithmic region to the linear region, and then
multiplying by a sine of the spectral phase RSPZ:I..
25 ‘Next, in ST1112, the number of the counter

indicative of the region judged as the stationary noise

region is incremented by 1.



paranmet er indicative of speech spectral characteristic, 10 whereby in the
speech codi ng apparatus that encodes paraneters indicative of 8pddt24AR005
characteristics and . paraneters' indicative of the excitation vector

I ndependently of each other, it is posségbl e to provide the coding of the
excitation vector with the nultinode 15w thout. increasing new

transm ssion information, and therefore to ihprove the codi ng perfornance. .
In this case, since it is possible to detect the stationary noi se segnent

using dynam ¢ char a@d@rired \FEhekHahliC lecti he excitatjon
vector coding 20 provided wt hot heo mul t@n%gef?r%p%fé\k}éﬁgetiggcao%%ﬁge decoded
performance f gidRa1stiad | AR BPWeSh CrnEWt , kN this case, the
node swit ching séect ion sw tchegét)%e mﬁ% o# tﬁé“’g odc}g%s#ﬁat&é’c‘f?ﬁﬁ Haise

e ore It PeuiohhommosalL 06! B WALLLASC o RF Y WFITLS, ERifET

therefore it is possible to apply the present” invention _
051 1212005 62 Char act erysy| SPOFLE ek enPIIRTE SALL B o Ra B8 Hha
The Pliprens SrommAncLtersaep SpEciath Siadh PO, e, BSART
Che mode. sut cning Sectron ¥ agbes Thatd att onhs 1yo SRt bde B
LSP. usi ng t heamplavwiwde and sotrpereoaabazed LSP paraneters, judges the

voi ced characteristics using the current quantized . ‘
Next, in ST1114, the randomizing procéssing of the

FFT spfactral Phase is performed. The randomizing
10 processing is performed on a signal component with a.
.select;ed frequency as in ST1110. ﬁowever. the thresholad

for use in selecting the frequency is not Thl, but a value

obtained by adding a constant k4 to SSA:I. previously
obtained in ST1108. This threshold equals tc" the second |

15 _ threshold Th2i in FIG.6. In other words, the

. randomizing' of the spectral phase is. performed on a

_sign-al componeht with a frequency sﬁch that the spectral

amplit_ude is smaller than the average spectral amplitude

_of the stationary noise region. |

20 Next, in ST1115, a complex FFT spectrum is
generatéd from the FFT logarithmic spectral amplitu&e

‘a-nd FFT spectral phase. The real part is obtained by

adding the value obtained by returning the FFT

logarithmic spectral amplitude SSA2i from the

25 logarithmic region to the iinea'i: region, and then

multiplying by the cosine of the spectral phase RSP2i,

and a value obtained by multiplYi’ng a value obtained by



10 LSP, and based on the judgnent results, perforns the node selection of
the processing section that encodes the excitation vector; whefé\l24206€5
possible to performthe coding of the excitation vector while swtching

between the stationary noise segnent, unvoiced speech segnent 15 and
voi ced speech segnent, and therefore to6@nprove the coding performance by
preparing the coding. node of the excitation vector corresponding to each

segnent. In the speech decodi ng apparatus of the present invention, since

|t |5 possibl eréeuteiney the ®PP LBgarPhhl PUicPlal dfofed $ha"Yed 2

suddenly increased, it is possible to cope wt e case

error is causkfiohy tihe pbgUe-iENhienshyionesH %éefih%%%g@%gjg%e%eggg a

t he speech reégion. Further-, in the speech decodi ng appara

DLenert \oyenidsnios noe |4 eneoteal ot gl dndlia (% WK 5L ERer
D ovi ded Wi th T he ol T ode T Tprees B e R KT e IThe
Thvent | on oinee Lhe: mads el ect on ol nmart, RAAFRY TP veIAd SRR nea °
"t he quant | 2ed data of paranetare i nd Sar Fon S SRR AT UhE1ALLGE
characteri sti 8SA24 tfromptasi mbgamiﬁhﬁa\ﬁjcﬁ&'é@.ﬁoﬁpﬁé%épﬂiﬂ%%tPeyleo =10
mul ti node without newly transmtting the node. information. In par |cJFar;
since it is papd henraultiplying by the sine of the spectral phase
RSP2i, and a value obtained by multiplying ﬁ value
10, obtained by returning the FFT logarithmic spectral
amplitude SSAi from the logarithmic region to the linear
region by a sine of the spectral phase random2(i), and
further multiplying the resultant by the consfant.ks.
The constant k5 is in fhe range of 0.0 to 1;0, and
15 specifically set at about 0.25. 1In addition, k5 may be
an adaptively controlled variable. It is possibie to
improve-the subjective gqualities of the backgrqund
.~stationary noise inlthe speech region by multiplexing
the average stationary noise multiplied byllc. The
30‘ random2(i) is the same random number as random(i).
Next, in ST1116, IFFT is performed on complex FFT
spectrum (Re(S2)i, Im(S2)i) génerated in ST&lll or
ST1115 to obtain a complex (Re(s2)i, Im(s2)i).
Finally, in ST1117,.the real part Re(s2)i of the
25 complex obtained by the IFFT is output. | -
According to the multimode speech coding apparatus

. of thg present invention, since the coding mode of the



performthe judgnent of the speech regi on/ non-speech region in addition to
t he judgnment of the voiced region/ Unvoiced region, it is possOl/d 262005
provi de the 15 speech codi ng apparatus and speech decodi ng appar at us

enabling the increased i nprovenent of the coding performance by the
mul ti node. This application is based on't he Japanese Patent Applications
No. HEl 10- 236147 filed on August 21,. 1988, 20 and No. HEl 10266883 filed on
Sept enber 21,- 1988, entire content of which is expressly incorporated by

reference hereig. | ndustyi al gp licabiljty 25 The present invention is
ef fectively appPFeaHt e“CF*2Ic Bt % e tR FaLpgShanaiag ableaseded

station apparatus..n a digital.radi o communi cation system 06/12/2005 5
CLAIMB 64 1. AR hoh® §§e@ei"rl%’é% iﬁ&dg?F’FﬂRﬁ?GQ:’QR/PRFQ NS Ppssibdei
araneter i ndicative of vocal tract

means 1 or CO%#?%?&igafgéﬁg%ﬁgﬁgeg%§£Bﬂm§e§538ﬂjY%HFn&h@aW&kt#mbdem

information c
ar ameter indicative of vocal

Cract ot or mitt SHOR ARty HF e BEasnd iR Lopicatiyauafsameds

tract informatl _ _ :
Chas oo, 8 CHREP Y b T e AT gy o
ST ar ean A R BEM BB PR 5020 Yo
switches the mode of the second coding section that
encodes the excitation vector using the quantized
parameter indicgtive of speech spectral characteristic,
10 whereby in the speeéch coding apparatus that encodes
parameters indicative of Spectral characteristics and
‘parameters indicative of the excitation vector
independently of each other, it is possible to provide
the coding of the excitation vector with the multimode
15 without‘increasing new transmission information, and
therefore to improve the coding performance.

In this case, since it is possible to detect the
stationary noise segment using dyhamic characteristics
for the mode selection, the excitation vector coding

20 provided with the multimode improves ther coding

performance fot the stationéry noise segment.

7 Further, in this éase, the‘mdde switching section

switches the modé of the processing section that encoées

the excitation vector using quantized LSP parameters,

725 and therefore it is possiblé to apply the preéent
invention simply to a CELP system that uses the Lsf

‘parameters as parameters indicative of spectral



20 coded in said first coding neans and said second coding neans. 2. The
mul ti rode speech coding apparatus according to claim1, wherei A659adi2/2005
second codi ng neans conprises coding neans for being capable of coding an
excitation vector 25 with a plurality of coding nodes, and sai d node

swi tching means switches the coding noéé of _said second codi ng neans
using a quanti zed paraneter indicative of a spectral characteristic of a
speech. 3. The multi node speech codi ng apparatus according to 30 claim 2,

uherein sal d ToRgratddri BeiRANS Plirliermble  £2Hc0LARIESH padidh SpEoNd.

codi ng neans using a static characteristic and a dynam'c char errs

the quantize ageleLnd P8 | h racteristj f the
speech. 35 4. q:TrE%EmJI ti rrpo%‘ggig%?eécﬂgcgéi %g%%ﬁ@réa‘iﬁt 5% orc&?ngﬂaou% gi'm »
wherein said Lt e ] 'tlﬂfg [ e i cond
codi ng nmeans %%&%%&gﬁ%e Lgléwg{aﬁzg%;r?t er .mgg?’lg%gg% gga§§g$€.ﬁé%y
nul tinpde speggh €RAI ) SPPRUR,USaREC Y f@if'éi?'ef:' N 4o s €l n-said node

swi tching neans switches the coding node of sai s_ecoPlg codi ng neans using
a static ghagyd esbaling Pare SbMAHLe FW AEEahiYd £rpf ntofl%d?ggat“g ' ng'aiﬁ’ :

paranmeter. 10 6. The nultinode speech codi ng apparat us™ accor

4, wherein said NMdRcVed ¢8I iMERMS £ YHY & SESh IBHHE | tidHfi0h B9
stationarity of the quantized LSP parameter using aepérg%itjous q aﬁ?iczte%OESP

parameter andjaages che §¢utisAdrliFy Fof 2PRECHuAAK FBELIP ub Y Wha
previous and curr_ent quantized LSP parameters, judges
_the voiced characteristics using the current quantized
10 LSP, and based on the judgment results, performAs the mode
selection of the processing sectibn that encodes the
gxcitation vector, whereby it is possible to perform the
coding of the excitation vector while switching bétween
the stationary noise se.gment, unvoiced speech segment
15 and voiced speech segment‘, and theréfore to improve the
coding performance by preparing the coding mode (.Jf the
excitation vector corresponding to each segment.
In the speech decodi—ng apparatus of the present
inveﬁtion, since it is possible to detect the case that |
20 the powér of a decoded Vsi-g_nal is suddenly in.creased,‘ it
is possible to cope with the case that a detection error
is caused by the above;mentioned processing section th.it
detects the speech region. -
Further., in the speech decoding abparatus of the
- 25 present invention, since it is possible to detect the
| stationary noise segment using dynamic characteristics .

the excitation vector coding provided with the multimbde



15 characteristic using the current quantized LSP paraneter, and based on
a juddged results, swtches the coding mode of said second codi A¢/Medhn2005

A mul ti node speech decodi ng apparatus conprising: first decoding neans for
decodi ng at | east one type 20 of paraneter indicative of vocal tract

i nformation contained in a speech signalf3 second decodi ng means for being
capabl e of decoding said at |east one type .of paraneter indicative of
vocal tract information with a plurality of decodi ng nodes; 25 node

swi t chi ng neangp § i x & Wirlathi o4 @eQ‘E%fidEBQli’}f&‘?ﬁviﬁ??ﬁw%ﬁﬁo?ﬂedﬁﬁggégggdi?n

means based on a dynam c characteristic o specl araneter

said first dqﬁgg' y ki ot ER0 | 0g - e
signal using 3 gagle{?reglrhi%t y of ltségfégfgfb%par an%tfeé)fi n %%’?r&a%?éhm(}eggd‘gggl%
said first decagim@n¥eans and said second decoding nmeans. 8. The nultinode

speech decodi ng apparatus according to claim?7, wherein said second

decodi ng ‘neans conpryseyed ' 15af OF ' able of,decqodi a
excitation 35 vect orA%vi t he aégﬁ'sjr%?i ty o edecg ?#&%n%lggstgndégg d%%LDQd%en%
swi t chi ng greannwaht§bes, the h@d f | c LN ns
using a quantized paraneter P%aﬂfgg?i@}vﬁsages%?%gﬁ (%[gr gg’?&?&s‘t i%c 0$n§

speech. 06/ 1'26&@)5:‘@6&.9%0%13?ﬂ&éb%%%ﬁ%@%@ﬂf‘&rﬁ%é@éﬁg the

according to claim9, wherein said node swtching neans swt

decodi ng nodesela t58¢ hifd @BlaM@eOehd- IR 14 1¥s A 15 tdd qud éi.%‘é&fd'fé{;%‘:
and a dynam c characteristic of the quantized paraneter i'ndicative o e

spectral of parameters indicative of spectral characteristics,
' it is‘possible toprovidé the speech coding with the
10  multimode without newly transmitting the mode .
information. In particular, since it is possible to
perform the judgment of the speech region/non-speéch 
- fegion in addition to the judgﬁent of the jvoiced-
region/uhvoiced region, it is possibleAto provide the
15 speech coding appapatus and speech-decoding apparatus
enabling the increased improvement of the coding
'performance by the mﬁltimode.
This application is based on the Japanese Patent
Applications No.HEI10-236147 filed on August 21, 1988,
20 and.No.HﬁIlO-ZGGBBB filedrn1$e§tember 21, 1988, entire

content of which is expressly ihcorporated by reference

herein.

Industrial Applicability
25 The present invention is effectively app-iicable to
a communication terminal apparatus and base station

apparatus in a digital radio communication system.



10 characteristic of the speech. 10. The nulti node speech decodi ng
apparatus according to claims8, wherein said node switching me8its s 2610&s
the decoding node of said second decodi ng neans using a quantized LSP
paranmeter. 15 11. The nutli node speech gtecodi ng apparatus according to
claim 19, whargish sai d node swi tching neans switches the decodi ng node of
sai d second decodi ng neans using a static characteristic and a dynamc
characteristic of the quantized LSP paraneter. 20 12. The nulti node speech

decodi ng appar at,us Zﬁcorgi ng to . claim 10, _wherein said node sw tching
means conprises’ REans™PoF EBSSFHQ‘:@?&PQO%B%WTW CHERARNG zed LSP
par amet er usi NgfarpEe\dRUS 1UABEAZ edok SR RAMYTEL €1 180d:a o eUr anti zed
LSP paraneter, and nmeans f(?(r:I j udgi ngoa‘ 2c5 voiced charact grnféstig‘\gﬁ%s%g t he

current quBAtpPedcESPndigeadseect amcdhserdon jufdgedatisnl toptanhedhes the

decodi pg mpde,of sald gg@ggg_decoding means. 13. The nultinode speech
decodi ng apparatﬁs according’to claim?7, wherein said apparatus switches

post processi ng s86ofidr caddagodednsi gal Hased @ipdnidgess resgths. sdda A

mul ti node %gstlgro essi ng a}g) aratus conprising: judgenent neans for judging
whet her orfbt ~§3P&giCIT i SYP% SpeléRaFesren lusiing td vée fdetPesP puaabet er ;

FFT processhigrm®edisn f@ftpes fﬁﬂg@ig)@%f Ii%geise;r 35 transform processing
on a signal; spectral phase random zi'ng nmeans for random zing a spectral
phase obt ai ned ®dsafditabinFomeias thansswiteclBid 242005916% wmde osessi ng
Correslgondé-a(%tQe@orgcfs&ljéiljléjdrggéjnsbybgs%cc{i on a dynamic characteristic
of a specific parameter coded in said first coding means;
and
synthesis means for synthesizing an input speech
signal using a plurality of types of parameter information
20 coded in said first coding means and said second coding
means.
2. The multimode speech coding apparatus according to
claim 1, wherein said second coding means comprises coding
means for being capable of coding an excitation vector
25 with a plurality of coding modes, and said mode switching
means switches the coding mode of said second coding means
using a gquantized parameter indicative of a spectral
characteristic of a speech.
3. The multimode speech coding apparatus according to
30 claim 2, wherein said mode switching means switches the
coding mode of said second coding means using a static
characteristic and a dynamic characteristic of the
quantized parameter indicative of fhe spectral
characteristic of the speech.
35 4, The multimode speech coding apparatus according to
claim 2, wherein said mode switching means switches the
coding mode of said second coding means using a quantized

LSP paramenter.



j udgenent means; spectral anplitude snmoothing neans for perform ng
Jsm)gt hing on a spectral anplitude obtained by said fast Fouri el 6/ 420105
processing corresponding to said result; 10 and |IFFT processing means for
perform ng inverse fast Fourier transfgrmon the spectra: phasle_ ragdom zed
by saids spgctr hase+k m.z] . and tral  _amplitude
s?lmot heé by sai ?hsegeﬁttﬁrg%iﬁg%% isﬁje%%hgénggtah?ﬁg a&:%%r%&g%s' & %?rqqﬁég_ Pti mode
post pr ocessilggrappar ahescaccmadidhgmdde chditrehidyg wheirei nssatdhdevicee

det erm nes f.r equen of. the spectral phase to be random zed using
aver age sﬁg)éjtlrn 3 %%%%/i PLerS%*dasﬁFQ?gong% spedef Mg Gn #nS&akec.
speech regicharaaftdrdetecm ngs a brequenay Of dherspectidl; - Phage ta.be
random zed and the spectral anplitudé to be snoboted~ using an average
spectral aﬁ]b‘lainﬂt&éédwi%ﬁlﬁ’ BRFamPEeguencies in a perceptual weighted domain in
a non- (gpeech regLo . T ti e postprocessing a ratu
accordilﬁg '?(5 c?gibm 1%112“51 S%i %E)Segl(%% d%l%l)lj(':n mi E?ﬁﬁ%gﬁesg‘f?f?%?‘%e R
regi on a noilsémgénematediusisagdavedagewipenthal naapki t:ldﬁlprgils@sﬁm%ﬁgl 0U530
non-speech_region, .17. A speech signal_transm ssion apparatus having a
speecﬁ i nphP~ apPit S FEQE”&’&W&%F?S % speechUsngRard rﬁa%f; ﬁﬁrégééﬁrl c i
signal, andsM® congeetebuthajusanvald srar 408l fé’%%ﬂﬁd oM., e gpeec
i ngut appargt ug i nt%S a d}lgi ?:}a]ﬁi signal, a msﬁ ti m)e e .spee.ch aC(r)TEI ng appar at us
that perf@PaRtEedd ngSEn Ravearditit al asdgmedansut Hort ﬁd(lﬁ]lhbe a35v@rydt:édirmded_

' 1ssion antenna that transmts a radio
:PSﬁ;Pﬁg8?%%%&??@%#?%%§%F3Q9n3 %B%n%mrrén quantized LSP parameter,

and based on a judged results, switches the coding mode of

an

said second coding means.
7. A multimode speech decoding apparatus comprising:
first decoding means for decoding at least one type

20 of parameter indicative of vocal tract information
contained in a speech signal;

second decoding means for being capable of decoding
sald at least one type of parameter indicative of vocal
tract information with a plurality of decoding modes;

25 | mode switching means for switching a decoding mode of
said second decoding means based on a dynamic
characteristic of a specific parameter decoded in said
first decoding means; and .

synthesis means for decoding the speech signal using

30 a plurality of types of parameter information decoded in
| said first decoding means and said second decoding means.

8. The multimode speech decoding apparatus according to

claim 7, wherein said second decoding means comprises

decoding means for being capable of decoding an excitation

35 vector with a plurality of decoding modes, and said mode

| switching means switches the decoding mode of said second
decoding means using a quantized parameter indicative of a

spectral characteristic of a speech.



nodul ator, said nultinode speech codi ng apparatus conprising: 06/ 12/ 2005
68 5 first coding neans for coding at |east one type of parane0é/12/2005

indicative of vocal tract infornmation contained in a speech signal; node
switching neans for switching a codi ng emde of said second codi ng neans

d ] i St 0 .speclfli rameter ed in said
TR o o R et s e e

first coding nm . : . Y s . .
si gnal usiﬁgﬁdﬂplﬁrawhﬁyeoﬁ tsepies wbdparsanetedn rignfrosaved | enitepded thr sai d

first codi ea d, said second codjn 15 means. 18. A speech signal
reception g%par a?l s T %)gfdasa dgéeeﬁqn% O%rﬁoéjr}ﬁé’ IR0 dfeinded & Y3ddico
signal, andRBraderudultaicor dhwat per iy ide o At - fH10GessSL g @Rt he

radi o signal received at the reception antenna, a 20 nul ti node speech

decodi ng afparatdsdt hatPHedneras dedpdirgtive i nfat mattbe obtsmiemddaldy t he

RF de ul I Ay jcopye r converts a digital speech signa
decodggﬁin@h?ﬁgcﬁﬁgééﬁégenggéghségg%gfng apparatus into an analog signal,

and a speeéR-oufpet mypdnades dpesdcicomwesd sn@napba £he6s I hecskgnay eyt put
into a_.speech signal, said nmultinode speech

decodi ng aGuatir i TORBFISI A6iof TM® dSEoRFhynfededor S deceing LA | east

decodi ng apparat us ¢ \ )

one type décpaiagetesdendbeatiyed ofsaadl tdaCly iy OEn%%%ﬂsonu %g coptai ned

in a speech signal; second decoding neans for being capable of "déco i ng
quanfized LSP parameter. :

15 11. The mutlimode speech decoding apparatus according to
claim 10, wherein said mode switching means switches the
decoding mode of said second decoding means using a static
characteristic and a dynamic characteristic of the
guantized LSP parameter.

20 12. The multimode speech decoding apparatus according to
claim 10, wherein said mode switching means comprises
means for judging stationarity of the quantized LSP
parameter using a previous quantized LSP parameter and a
current quantized LSP parameter, and means for judging a

25 voiced characteristic using the current quantized LSP
parameter, and base don judged results, switches the
decoding mode of said second decoding means.

13. The multimode speech decoding apparatus according to
claim 7, wherein said apparatus switches postprocessing

30 for a decoded signal based on judged results.

14. A multimode postprocessing apparatus comprising:
judgement means for judging whether ornot a region is
a speech region using a decoded LSP parameter;
FFT processing means for performing fast Fourier

35 transform processing on a signal;

' spectral phase randomizing means for randomiiing a

spectral phase obtained by said fast Fourier transform



said at |east one type of parameter indicative of vocal tract information
with a plurality of decoding nodes; npde switching means for swP6dHi%§2805

decodi ng node of 35 said second decoding neans based on a dynamic
characteristic of a specific paraneter gkecoded in said first decoding

means; and cbd/s2005 62 rro=pwhidiesi s teans fQr decodi Lihespeech ;si gna
using a plggg{ity o%.typéé g para%%ter i Nf of MALT 0N ggb%&ed |§ salg first
decodi ng medkgeawatsaednsecond decodi ng neans. 19. A conputer readable

recording nediu i C ter . executabl e programrecorded therein, the
progran1glo con%?%%%%&ﬁthgﬁggéggﬁﬁregﬁg?ehiﬂ%gﬂﬁ%HEiaﬁFHhaMQFfO6W189 |
quanti zed kSBopataneter au%pa¢ﬁ1ay%ﬁm@uﬁt@ﬂgnbbgggng§Pkgar§§fgg@aggq a
current qyantized LSP paraneter; judging a voiced characteristic using the
current 15°HuaREI 2E4RESPIPaPaREEEEiNENGOSREEEANAGNE hodeadtl @epndtedure of
codi ngi@n zg%citation vector, based on judged results. 20. A conputer
readabl e recording nmediumw th a conputer executable programrecorded

therein, the pr&fFampR@eosirg simgrishe fproosetf &minfg jiudgirde skastonarity
revious quantized LSP paraneter and

tized. LSP_parapeter usjng a _ : _
gfcﬁr?gﬁP kéﬁ%ﬁ?FzE gﬂ%ﬁgﬁﬁrﬁﬂefé??sPﬁgﬁFﬁb BhY8F cEandfat aed ePy séatdusi ng

the currenspe2brguanthzed LSPaRASATBLES; SWMLGhi Ngna nqgﬁagaﬁﬁeg£9gfdure of

decoding an .excitation vector, based on judged results; ‘
amplitude smoothed by said spectral amplitude smoothing

I5 means.
15. The multimode postprocessing apparatus according to
claim 14, wherein said device determines a frequency of
the spectral phase to be randomized using an average
spectral amplitude of a previous non-speech region in a

20 - speech region, and determines a frequency of the spectral
phase to be randomized and the spectral amplitude to be
smooted® using an average spectral amplitude with all
frequencies in a perceptual weighted domain in a non-
speech region.

25 16. The multimode postprocessing apparatus according to
claim 14, wherein said device multiplexes in a speech
region a noise generated using average spectral amplitude
in a previous non-speech region.

17. A speech signal +transmission apparatus having a

30 speech input apparatus that converts a speech signal into
an electric signal, and A/D converter that converts a
signal output from the speech input apparatus into a
digital signal, a multimode speech coding apparatus that
performs coding on the digital signal output from the

35 multimode speech coding apparatus, and a transmission
antenna that transmits a radio signal output from the RF
modulator, said multimode speech coding apparatus

comprising:



switching a procedure of perform ng postprocessing on a decoded signal,
based on the judged results. 30 21. A nultinpde speech coding mO6HAR 1 3005

perform ng node swtching of a node for coding an excitation vector, using
a static characteristic and a dynam c asaracteristic of a quantized

paraneter indicatirwe Afodimpeptial soharagdgld stic b2 § eC%p 5,¢2. A
mul ti node speech decodlong rrQ(rrjw:t hod for per?&oﬁrlmdnggt v gsgvmo'?lc égof Og node
for decod|@@rameéﬁclu@ﬁumathmanqﬁ vosahgtaastatindochataoherioatbinadd a

dynam ¢ 06/ ;.12/ 2%&%%? 5 ch racteristic of a quantized paraneter indicative
of a spectral ractefi %PF‘ ‘of a speech. 23. The nultinpde speech decoding

met hod accordi ngotie selididNi2g Bek ek nEéPOQW%EFHE‘Lh £0) éélﬁrﬁ;f]ed?&d@f
perform ng postprocessing on a decoded signal; an 10 switching the step of
perform ngsﬁégt BE6EBYsR inghased soRagsde onnfodyaeinds. charaateul stiode

post pr ggesgieng had t S f d ing _whet her or
not a region rg%tae spéggﬂ}yrgeag%é(}%rus%bgjgéd;d%ecod%d lk_ggs%a?:g(rgre 1% ©38°f{he FFT
processi ngasdep of perfor mng fast Fourier transform proce55| ng on a

signal; the spectr hase randonj 2| ng st of random zing a spectral
g p E%?

phase obt ai ned BY" L asTeESUr i T t rards 5 zig%cé8si rGPEbr r 8BPBA™I ng to
a result d@i@ﬁ@ln@§1@? saplurg®itydgemepbest £8; pEPSméQQEtFﬁkogﬂQt£5 yde

snmoot hing step of performng snoothing on a spectral anplitu tai ned by
said fast CFdFi &P S5 b AFbr 606d80nduasrs eapdndiend txecaidd ceding ;

15 means.
18. A speech signal reception apparatus having a
reception antenna that receives a radio signal, an RF
demodulator that performs demodulation processing on the
radio signal received at the reception antenna, a
20 multimode speech decoding apparatus that performs decoding
on information obtained by the RF demodulator, a D/A
converter that converts a digital speech signal decoded in
the multimode speech decoding apparatus into an analog
signal, and a speech output apparatus that converts an
25 electric signal output from the D/A converter into a
speech signal, sald multimode speech decoding apparatus
comprising:
first decoding means for decoding at least one type
of parameter indicative of <vocal tract information
30 - contained in a speech signal;
second decoding means for being capable of decoding
said at least one type of parameter indicative of vocal
tract information with a plurality of decoding modes;
mode switching means for switching a decoding mode of
'35 said second decoding means based on a dynamic
characteristic of a specific parameter decoded in said

B

first decoding means; and



and 25 the |FFT processing step of performng inverse fast Fourier
transformon the spectral phase randonized by said spectral ph8$e/12/2005
random zi ng step and the spectral anplitude snoothed by said spectral

anpl i tude snoot hing step. 30 69
5 synthesis means for decoding the speech signal using

a plurality of types of parameter information decoded in
said first decoding means and said second decoding means.
19. A computer readable recording medium with a computer
executable program recorded therein, the program
10 comprising the procedures of:
judging stationarity of a quantized LSP parameter
using a previous quantized LSP parameter and & current
quantized LSP parameter; '
‘ judging a voiced characteristic using the current
15 quantized LSP parameter; and
switching a mode of a procedure of coding an
excitation vector, based on judged results.
20. A computer readable recording medium with a computer
executable program recorded therein, the program
20 comprising the procedures of:
judging stationarity of a quantized LSP parameter
using a previous quantized LSP parameter and a current
gquantized LSP parameter;
judging a voiced characteristic using the current
25 quantized LSP parameter;
switching a mode of a procedure of decoding an
excitation vector, based on judged results; and
switching a procedure of performing postpfocessing on
a decoded signal, based on the judged results.
30 21. A multimode speech coding method for performing mode
switching of a mode for coding an excitation vector, using
a static characteristic and a dynamic chéracteristic of a
quantized parameter indicative of a spectral
characteristic of a speech.
35 22. A mnmultimode speech decoding method for performing
mode switching of a mode for. decoding an excitation

vector, wusing a static characteristic and a dynamic
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characteristic of a quantized parameter indicative of a

spectral characteristic of a speech.
23. The multimode speech decoding method according to
claim 22, said method comprising the steps of:
performing postprocessing on a decoded signal; and
switching the step of performing postprocessing,
based on mode information.
24. A multimode postprocessing method comprising:
the judgement step of judging whether or not a region
is a speech region using a decoded LSP parameter;
the FFT processing step of performing fast Fourier

transform processing on a signal;

the spectral phase randomizing step of randomizing a

spectral phase obtained by said fast Fourier transform

processing corresponding to a result determined by said
judgement step;

the spectral amplitude smoothing step of performing
smoothing on a spectral amplitude obtained by said fast
Fourier transform processing corresponding to said result;
and

the IFFT processing step of performing inverse fast
Fourier transform on the spectral phase randomized by said
spectral phase randomizing step and the spectral amplitude

smoothed by said spectral amplitude smoothing step.



