;z{| }~e3eUM UJ| 6T\s® ~ 8 D E C 2i 102 QUANTI ZED- LSP- PARAMETER EXTRACTOR
AND VETHOD Technj eld The present invention relates to a qua%iﬁ?@-éﬂﬁf
par amet er e\mu\ \ H@ met hod, and refers particularly, though no
excl usively n extractor and nmethod for dynam c characteristic
extraction and sp¥2f ¢ characteristic extraction. Background Art Used in the

fields of digital nobile communicationsg and speech storage a(MI Wmmm

codi ng apparatuses whi ch conpress speech information to enco ,IIIU”H"I
efficiency for utilization of radio signals and recordi ng nmedi a. QgAY
them the system based on a CELP (Code Excited Linear Prediction) systemis

carried into prag 1 del y for e erating mediumto | ow
bit rates. The deﬁgi%‘gﬁoiﬁﬁ@&&#ﬁﬁﬁtﬁmzﬁﬁdé cited Linear
Prediction (CELP) : Hi gh-quality Speech at Very Low Bit Rates"” by MR
Schroeder and B.S. Atal, Proc. | CAMR®TINOD4 1.1.) pp. 937-940, 1985.

Technical Field

The present invention relates to a quantized-LSP-
parameter extractor and method, and refers particularly,
. though not exclusively, to such an extractor and method
for dynamic characteristic extraction and  static

characteristic extraction.

Background Art

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 utilizatiop of radio signals and recording media.
Among them, the system based on a CELP (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 “Code-excited
Linear Prediction (CELP) : High-quality Speech at Very Low
Bit Rates” by M.R. Schroeder and B.S. Atal, Proc. ICASSP-
85, 24.1.1., pp. 937-940, 1985.

In the CELP type speech coding system, speech



In the CELP type speech codi ng system speech 2 ~ 8 DEC 202 signals are
di yided into predeterm ned frane |engths( about 5ns to 50ns ) |, li@FﬁEC 2002
predi ction of the speechsignals is perfornmed for each franme, the

predi ctionresidual (excitation vector signal) obtained by the5blinear
prediction for each franme is encoded usin? anadaptive code vector and
random code vector conprisedof known waveforns. The adaptive code vector
and randontode vector are selected for use respectively from anadaptive
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gener at ed bé%%%{%gg?iﬁggﬁérﬁég@éaesfﬁ %iafé‘ er gg.%npeo'si ttghoenspgggric Lfogodi ng

apparatus p I's and quanti zation, pitch™se

andomodenegs SETRR (S9LISUL SRIURSlo UMM PRIL 1 1) ohan! 9

uantize ch™p a ran

codebook. | nex [. S ), and, g 8 ncadebatici ngexn(O): § oon doreder Havever. the

above- 1'onal speechcodi ng apparat’us needs to cope

voi ced speechies; tya! Geths PPEERT, Alila PAGKAI L 821 S8 UL Woorisea .

single25typ8 of” Tandom codebook, "a erefore 1t I's

the input signghdul Watlebeiual i tihe aqdpPisel 88Wetyalc {dlald ¢hqdbirC2002

The present “invention provi des a quantize P- par ameter dynam c

char acterisgﬁaee&}ée%@a £LAPE SN 48RS f %ﬁ#&ybl@é ailyeqldthi g of a

par anet er bet ween franes; neans cal cul ati ng an aver age

antized L
qantized LB RAl 2B OF coudbEERTE LMY L NEravaliiLey LSGRARIBLET 1S

stationary; and neans for calculating an evo ion between said average
quant i zed LR nar20Rbel AoEtarei 484t A0UsRhadRd doeBBLATEEEbrifd NEAd form

of the invention provides a quantized-LSP paraneter dynam c characteristic
extracting pelhdc68MTed "héMBer of pre-prepared vectors with
predetermined shapes. Used as the random code vectors
stored in the random codebook are, for example, random
noise seguence vectors and vectors generated by
15 arranging a few pulses at different positions.
The CELP coding apparatus performs the LPC
synthesis and quantization, pitch search, random
. codebook search, and gain codebook search using input
digital signals, and transmits the quantized LPC (L),
20 pitch period (P), a random codebook index (S) and a gain
codebook index (G) to a decoder.
However, the above-mentioned conventional speech
coding apparatus needs to cope with voiced speeches,
unvoiced spz2eches and background noises using a single

25 type of random codebook, and therefore it is difficult

to encode all the input signals with high quality.



steps of cal'culating an evolution of a quantized LSP paraneter between
frames; calculating an average quantized LSP parameter in a frang| BnDEﬁi 2002
the quantized LSP paraneter is stationary; and cal cul ating an evol ution

bet ween sai d average quanti zed LSP paraneter and a current quantized LSP
paraneters. Finally, the invention al so provides a quantized-LSP-paraneter
static characteristic extracting nethod3conprising the steps cal cul ating

| i near prediction residual power using a quantized LSP paraneter; and

cal cul at i D@ okediconf heveweonnei ghboring orders of the quantized LSP
paraneter. Brief Description of Drawings Fig. 1 is a bl ock diagram

a1 19 e S o R RIS, 0 SR B cter
3 i a1 ISMRABTE SR ERETIrC CRpRELar COm AT SHeBeaR o FalcHatng an O
flowhart for the second speech decodi ng processing;
evolution of a quantized LSP parameter between frames; means for
calculating an average quantized LSP parameter in a frame in which
the quantized LSP paramater is stationary; and means for
calculating an evolution between said average quantized LSP
. parameter and a current quantized LSP parameter.

A third form of the invention provides a quantized-LSP-
parameter dynamic characteristic extracting method comprising the
steps of calculating an evolution of a quantized LSP parameter
between frames; calculating an average quantized LSP parameter in a
frame in which the quantized LSP parameter is stationary; and
calculating an evolution between said average quantized LSP
parameter and a current quantized LSP parameters.

. Finally, the invention also provides a quantized-LSP-parameter
static characteristic extracting method comprising the steps
calculating linear prediction residual power using a quantized LSP

parameter; and calculating a region between neighboring orders of

the quantized LSP parameter.

Brief Description of Drawings
Fig. 1 is a block diagram illustrating a first speech coding

apparatus for using the present invention;



Fig. SAis a block diagramillustrating a configuration of a first speech
signal transm ssion apparatus; Fig. 5B is a block diagramill ust rgtq’ E & 2002
configuration of a first speech signal reception apparatus; Fig. S a

bl ock diagramillustrating a configuration of a node sel ector of the

present invention; Fig. 7 is a block diagramillustrating a configuration

of a nultinode postprocessing section o# the present invention; Fig. 8 is a
flowchart for the fornmer part of nultinode postprocessing in the enbodi ment

Figure 6 of theifresqat 4 mieeki MagFam iﬂds%ratﬂ‘ddgawaattematfdaeg e
part of the multinode postprocessing in the enbodi nent of Figure of the

1 oo e asnttagtb i Bsind thebhes At TRFEbE o/ Phe br esont

invention; Fig. 11 is a flowchart for the fornmer, part of the multinode
post processi ngt'igh $H8 aMsmchanrt fox the Jinsd sPesch 1R04ingsRIACESRIBR i on; and

Fig. 4 is a flowchart for the second speech decoding processing;

Fig. 5A is a block diagram illustrating a configuration of a first
speech signal transmission apparatus;

Fig. 5B is a block diagram illustrating a configuration of a first
‘ speech signal reception apparatus;

Fig. 6 is a block diagram illustrating a configuration of a mode
selector of the present invention;

Fig. 7 is a block diagram illustrating a configuration of a
multimode postprocessing section of the present invention;

Fig. 8 is a flowchart for the former part of multimode
postprocessing in the embodiment Figure 6 of the present invention;

Fig. 9 is a flowchart for the latter part of the multimode

. postprocessing in the embodiment of Figure 6 of the present
invention;

Fig. 10 is a flowchart for the entire part of the multimode
postprocessing in the embodiment of Figure 6 of the present
invention;

Fig. 11 is a flowchart for the former part of the multimode
postprocessing in the embodiment of Figure 7 of the present

invention; and



5~8+ Ec ~o0z Fig. 12 is a flowhart for the latter part of the

mul ti m)de post processing in the enbodi nent of Figure 7 of the preqegltDEC 2002
i nvention. Best Mdde for Carrying out the Invention Speech coding
apparatuses and others in enbodi nents of the present invention are

expl ai ned below using FIG 1 to FIG 9. (First enbodinent) Fig. 1is a

bl ock diagramillustrating a configuratiSon of a speech codi ng appar at us
according to the first enbodi mrent of the present invention. |nput data,

conprised of, fps ep@any ea HbGidHrtSESLCEhS i 1aR8d1S . paft idIPhet Inultimode
preprocessing section 101. Preprocessing section 101 perforns processing

the | nputPhstaresdisdnd 1 4 ETRPoRRRRSHE N WAL, 148, 8 BREpBRer,

LPC anal yzer 102 and adder 106. In addition, although |t |s possible to
per f or m SEEEEPPe codi ng processing wit hout performng any processing in
preprocessi ng section 101, the coding performance is inproved by perform ng
t he above-nenti oned processing. LPC anal yzer 102 performnms |inear prediction
anal ysis, and calculates |inear predictive coefficients

Best Mode for Carrying out the Invention

Speech coding apparatuses and others in embodiments of the

present invention are explained below using FIG. 1 to FIG> 9.
. (First embodiment)

Fig. 1 is a block diagram illustrating a configuration of a
speech coding apparatus according to the first embodiment of the
present invention.

Input data, comprised of, for example, digital speech signals, is
input to preprocessing section 101. Preprocessing section 101
performs processing such as cutting of a direct current component
and bandwidth limitation of the input data using a high-pass filter
. and band-pass filter to output to LPC analyzer 102 and adder 106. In
addition, although it is possible to perforr'n successive coding
processing without performing any processing in preprocessing
section 101, the coding performance is improved by performing the
above-mentioned processing.

LPC analyzer 102 performs linear prediction analysis, and

calculates linear predictive coefficients



1 8DEC2 0026 (LPC) to output to LPC quantizer 103.LPC quantizer 103
quanti zes the input LPC, outputsthe quantized LPC to synthesis fLLBeQ%éq%DZ
and nodesel ector 105, and further outputs a code L that5represents®t

gquanti zed LPC to decoder. In addition,the quantization of LPC is perforned
usual ly after LPC s converted to LSP ( Line Spectrum Pair ) which has
betterinterpol ation characteristics.As sydthesis filter 104, a LPC
synthesis filter isl0Oconstructed using the quantized LPC i nput from
LPCquanti zer 103. Wth the constructed synthesis filter,filtering

processi ng Kéiﬁé}fBPnéHJBHuénggaﬁggigBéﬁgﬁ%ﬁrsﬂﬁﬁal i nput from adder 114)
and the resultantsignal is output to adder, 106. 15Mode sel ector 105

det ermi nes a nodel&fC CHRRREE8ELEIR BERRF 1 FRS it FRUtLPEC npYE TG o%n LPC
guanti zer 103. At this tjine ) e selector. 105 stores previouslyinput

i nf or mat i ontH® qHHﬁﬂfz’eaeEPd'nggnat%ersz&%efﬁﬁzo‘és)beegi ohV 8f Eh%ﬂe R_#Rg
bot h characteristjcs of evol utiop of quantized %PC bet ween franmes and of
t hequant i ze8eEBEFATa ¢0rent@? angl.lr’fﬁgrre SRR Feagttﬁﬁd?eypels ditehe

des, of which I d di t iced h
segrrent )? anfi R SRHBISCor S FHHANAG 256 Y i 418G 85dech LBgRARA T 100
e, i1 1 SEhG GHABEIART 167 86 LRE 1% REferReR00s A LhEnPRLRF RE

h I , dit i f [ d h
e uant 248 £8P S PR EP Vi E ddriire e SER FRued B B DR SECr Bua
. 5 Ad 106_cal cul at t th di t dat
power ?‘%&%%Ea'tﬁ%Ige‘gﬁf‘%nﬁ%‘{f?gaﬁgiﬂ?en e preprocessed input data

put from SSi € synt hesi zed signal to output
perfor e 10 per cchtust e ShE Prb Lt 4 d B} o el RSty TaARSToke o
codobodi | ngelieg SLREAET utla, Ceb B reta RIS E? £200° Trg
codebook L1BEAItEERn R e T R A a3 g v
Feapect | vel L Ee et Benarar e T Endam dodoposk Tt adant | v Caedanbel 110,
and gain codghqQe- 144 g$@ 1251 hPut0 FHdh naaae&hq]p@rCsahuadn&egeeg%taeﬁm

i nput from perceptual "weighting filter 107) and outputs a code

representing; e ¥ apdomosiet veet aaércade P representing the adaptive
code vector, and a code Grepresenting gain infornmation to decoder. 25

Random;godebook 18w 0B@3 ddeo HI Qs e tesmAnBRer a0fmé aBdWE Codsh ¥8[t O S
with different shapes, and outputs the random code vector designated by the

i ndex codebook using the quantized LPC input from LPC quantizer

103.
At this time, mode selector 105 stores previously
input information on quantized LPC, and performs the
20 selection of mode using both characteristics of an
evolution of quantized LPC between frames and of the
quantized LPC in a current frame. There are at least
two types of the modes, of which examples are a mode
corresponding to a voiced 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



1 8 DE C 2002 s Si of random code vector input fromerror mnimzes 108.
Random codebook 109 has at | east two types of nodes . For exanplq,gr@@gommz
codebook 109 is configured to generate a pul se-li ke random code vector ihn

t he node corresponding 5 to a voiced speech segnment, and further generate a
nokse-1i ke random code vector in the node corresponding to an unvoi ced
speech segnent and stationary noi se segnent. The random code vector out put
from random codebook 109 is generated with a single node selected 10 in
node sel ector 105 from anong at | east two types of the nodes descri bed
above, and nmianplized byP €héheqmrswhvesdelsguk fhi AsGoane nef fegltilre1t? to
be output to adder 114. Adaptive codebook 110 perforns buffering while 15
updat i ng t has® ecicouse ytgdneparamedyer s atsiusth vest othei gven tbgqeent LaPly,
and generates the adaptive code vector using the adaptive codebook i ndex
(pitch peri aekf{hecth vaag9eFipati &b @ndot imedithipzead 108 L oThe ealibguate
code vector generated in adaptive codebook 110 20 is nultiplied by the
adaptive cogebyoovk.gain Ga in nmultiplier 113, and then output to adder 114.
Gai n codebook 111 stores the predeterm ned nunber of sets of the adaptive
codebookSgai n Ga &fHeEnddfl©odEB3GR BRAFASGs gN gaPETWECt oPeFweednd bhieput s

t he adaptive
preprocessed input data input from preprocessing section

101 and the synthesized signal to output to perceptual
. weighting filter 107.
Perceptual weilghting filter 107 performs
10 perceptual weighting on the error calculated in adder
106 to output to error minimizer 108.
Error minimizer 108 adjusts a random codebook index
Si, adaptive codebook index (pitch period) Pi, and gain
codebook index Gi respectively output to random codebook
15 109, adaptive codebook 110, and gain codebook 111,
determines a random code vector, adaptive code vector,
and random codebook gain and adaptive codebook gain
respectively to be generated in random codebook 109,
adaptive codebook 110, and gain codebook 111 so as to
20 minimize the perceptual weighted error input from
perceptual 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 gain information to decoder.
25 Random codebook 109 stores the predetermined
number of random code vectors with different shapes, and

outputs the random code vector designated by the index



25 codebook gain component Ga and random codebook gai n conponent EE %f Eﬁﬁ
gai n vector designated by the gain codebook index G input from & @ C 2
mnimzes 108 ~ g DEC 202 9 respectively to nultipliers 113 and 112. In
addition, if the gain codebook is constructed with a plurality of stages,
It is possible to reduce a nenory anount required for the gain codebook and
a conputation amount required 5 for gai n8codebook search. Further, if the
nunber of bits assigned for the gain codebook is sufficient, it is possible

| ndependentdy @ ARAOB, REAS KESLTOS 1 BAGCEERE FRRAA RS CE6EoT 081 t he
gencrate | RABREN SOARPYRR o1 SIahdl® Ther bakiial vhe FERgaRR A or R ot o
i 01 on, i eRPL OGNSR CoTRGaRN 0N o 4 T ARAIAEE ot At

710" and gaih BakeBog A AN AR R Hof e ol BERR o RILRIT L

T L ot e BT A0 e B £ PRGN "o e o
noise-like random code vector in the mode corresponding
to an unvoliced speech segment and stationary noise
segment. The random code vector output from random

‘. codebook 109 is generated with a single mode selected
10 in mode selector 105 from among at least two types of
the modes described above, and multiplied by the random
codebook gain Gs in multiplier 112 to be output to adder
114.
Adaptive codebook 110 performs buffering while
15 updating the previously generated excitation vector
signal sequentially, and generates the adaptive code
vector using the adaptive codebook index (pitch period
(pitch lag)) 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 codebook 111 stores the predetermined number
of sets of the adaptive codebook gain Ga and random
codebook gain Gs (gain vector), and outputs the adaptive

25 codebook gain component Ga and random codebook gain

component Gs of the gain vector designated by the gain

codebook index Gi input from error minimizer 108



reference to FIG 3. This explanation describes the case that in the speech
" codi’ng processing, the processing is perfornmed for each unit proq@ss&]ErngﬂﬂZ
with a predeternmined tinme length (frane with the time length of a few tens
25 nsec) , and further the processing is perforned for each shorter unit
processing ( subfranme ) obtained by dividing a frane into the integer
nunber of | engths. ~ 8 DE Cz~00z 10 In step (hereinafter abbreviated as
ST) 301, allthe nenories such as the contents of the adaptivecodebook,
synthesi s Tbige SBTVN AL IMRNE 1RUNIH . o £61 gaBCdqoNextrn hRaT

i nput data suchi as a didital speechsignal corresponding to a frame 1s

i nput) “and pgl ;tﬁ,ressg%fnaéoaewogik %%Jﬁ&%&@ﬂdwnp&salﬁ&g%% O

ar eappl i ed e i'nput data to performoffset cancellationan

limtation P}gt s 1 nput; dyas s THedOps e @6eesehd Ly &ﬁ&anitsrwdffgg in

an input bu 0 be used for the follow ng codi ng processi ng. Next, |

ST303) the LBG ¢l @%iﬂf@_@h%@o‘éﬁ@%ﬁﬁié3ic?d}ﬁ§t)1t3'%fi|d&§iaﬁnéénﬁeite?fd%ge&nd LP

(l'inearpredictive) coefficients are cal cul ated. 15Next, 1 n ST304,  the

quanti zaf i op,of sbh§ EBRASSboki Dt Schal Clat elei) BF30PeitumBEiop BBl ¢ s

Whi | evarious quantization methods of LPC are proposed, thequantization can

be perforned efifacthved dr DX HONYBE L NB6EELIDYIO LSP Naf ety Wi iy goed

i nterpol ati on20characteristics to apply the predictive _

quant i zati opilsid 1121 89tbhe dail 4 # S§aaa tvesd of hdUaahipaaty &nc dadbd At -§ 4 8RE

correl ation. Further, for exanple in thecase where a frame is divided into

two subfrangsg rdnésHeRS@ébbekC geint | ZRdPR 1SN el vt her ségeRd sl £ arre,
d25determ ne the LPC of the first subframe by theinterpol ati on processing

Sing the quantizgdddiC afl 4 heaaeonthsubfdagemofcble |wsttbranenandthbe
quantized LPC 3 _, m 18 DEC 202 of the second subfrane of the present
frame. Next, agap¥B306,cdfe et copt takpeeitgihte Dg fnpuert han wel kaphidhe
per ceptual weighting on thepreprocessed input data is constructed. 5Next, in
ST306) a pergeptdd wMRi3ghtedgenbtrads sthét exdiadt genernadesor Y€ zed
signal of aperceptual weighting domain fromthe excitation vectorsignal is
construct edant@hicutplitar tilse coapeirsde df ekledsyalt hesi vyefat der sarchger tept ual
wei ghting filter in alOsubordination connection. The synthesis filter
i sconstruct egnwiidis 1 be fqubne rzé® 4. R Guadiaprtetven c®@iklooknd ltthe per cept ual
wei ghting filter is constructed withthe LPC cal culated in ST303.Next ) in
ST307 , the sel ecTnommdfifdds i siperthisedknbdfdmsgliect aditlwdugbdeondy
performed using static anddynam c characteristics of the quantized LPC
quant i 2&di nc8NEMN Exdaplank of08pkei Preoaiddedseddhartdte ennstiiowde e &h
evolution of quantized LSP,reflective coefficients calculated fromthe
quant i zed20LPCpaseil pAeditq i BRovdsiad adapéisie FafeoATodbbBodchrealins
performed according to the node selected inthis step. There are at | east
two types ofodedeplelld Hé tdeltd@ SPIHiPRAS sl WreERRWITO AT ¥red

a two-node structure of a voiced speech node, and an25unvoi ced speech and
Stationary hEbesawWdlétMext, in ST 308, adaptive codebook search
i sperformed. The adaptive codebovk search is to search . ~ 8 DEC 202 12 an
adaptive code vecTBf IV t¥atPROFESER GaPTVEPGRTY SORLRG AT ABviRor m
is generated that is the closest to a waveform obtained b erformng the
per ceptdfal HBERRAR NGS5 STHe PRESr SARILI™ERTutt YaP & tA %%thil@r?% “H‘th
whi ch the adaptive code %93505 is _fetched is d%ternined sp.as to mnimze
an error befﬁ/@@ﬁ%n%?gm%l .3. Thilis explanation describes the case

that in the speech coding processing, the processing is
performed for each unit processing with a predefermined
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.



obtained by filtering the preprocessed input data with the perceptual
“weighting filter constructed in ST305, and a signal obtained by i @IEiCnaﬂﬂz
t he adaptive code 10 vector fetched fromthe adaptive codebook as an
excitation vector signal with the perceptual weighted synthesis filter
constructed in ST306. Next, in ST309, thﬁ random codebook search is
performed. The random codebook search is 0 select a 15 random code vect or
to generate an excitation vector signal such that a perceptual wei ghted
synt hesi zed waver gind s, GePRLALAh L AEL -l Slife F1RREH J SriyBhol My
obt ai ned by perfoirm ng tHhe perceptual wei ghting on the prepfocessed Tnput
o oEfer ML L QY Bchl 20 COAST AEORELAR T JENA nEhCaBiH LA LOD

vect or sign i s generafed addi n e adaptive code vector and random

code vect or, §%t%058k“9§§nm§s%%&%éﬂp a@mg@wgﬂr{logﬁgsﬂ%&g%fnd%g%e

addi ng t he %9 1ve ¢o vecior determned 1n e ran
vect or storeg é t he random codebook. The random code vector is selected
fromthe random codé book so as to mininize an error between a signal

obtai ned, by 111t ekd { hey s D 2002 ch3ageReRal s ey shial Lan septor

signal With the percept wel ght e esi s er constructed’in 306 (

and the sig J Lt erd t hegpr S i+np a i t he
per cept ual %Pé‘hqtj% %ngle%e&ég%?tdr lr}g? e% if%ag{HS'?%%Sfﬁ?r?tg'dé%?leoE?lY!né]?ﬁe

case where pf,ageS§ENG SHE F55CHE PEEEed JHPCBEH A\ hSsPe { PEERA Ppet he
random code vector, the séarch is perforned also in consideration of such

rocessing. agts&tih@a tdithd andoatcedenopk pasralrn 83Hsd W y¥PEI 1t 1R
des. For 10 exanple, the search is perfornmed by using the random codebook

storing pul ggal i k@& @REQ@¥NCO8 M4eEd P18 nl Notehe tiede 16U €SpPAEANg torhle
voi ced speech segnent, and using the random codebook storing noise-Iike

randoml%Odgp.‘c‘%f)tﬂféeis%etd”@Lﬂ'@ﬁlﬁ aarespPsli Peetre d he Lawoiﬁgdtsm% _
segnent and stationary noi se segnent. The random codebook of which node is

used in thergedeChuseasaeet eHel FoIBOWineXdodingSHH e gaitm £ odebook

search is performed.

Next, in ST303, the LPC (linear predictive
coefficients) analysis 1is performed and LP (linear
predictive) coefficients are calculated.

15 Next, 4in ST304, the dgquantization of the LP
coefficients calculated in ST303 is performed. While
various quantization methods of LPC are proposed, the
guantization can be performed effectively by converting
LPC into LSP parameters with good interpolation

20 characteristics to apply the predictive guantization
utilizing the multistage vector gquantization and
inter-frame correlation. Further, for example in the
case where a frame is divided into two subframes, it is
general to guantize 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



The gai n codebook search is to select fromthe gain 20 codebook ftﬁoﬁl f %02

' the adaptive codebook gain and random codebook gai n respectively'to geg'
miltiplied the adaptive code vector determ ned in ST308 and the random code
vector determned in ST309. The excitation vector signal is generated by
addi ng the adaptive code vector 25 nulti EI ied by the adaptive codebook gain
and the random--t pair of the adaptive ddebook gai n and random codebook
~ 8 DE C 2002 14 gain is selected fromthe gain codebook so as to
m nim zean error. between si_gnal_ obt ai.n by fi (Al dhegener at ed
excitation 9§ctt6}esf5§|‘f§|m€\1/i fﬁg?ﬁea"b‘%r%gp?glaﬁ V%Il-%%tggé sr%ltrﬁesi s filter
constructed in ST306, and trgﬁer‘ias' nal t aj Yod i ! 84 RE RIepfogessed
i nput datawith th eﬂ%tr'cejﬁPua V\(}e?ghttlhﬁé; ﬁ%?t%%rpbcconstruétgg%:%'ngTSOIS. Next) in
ST311) the excitatiaon r sigpal | # . The E&xeLhat i ognvect Re
signal is gEH@r‘ét egforbf)ig‘g‘hgi ng{ggvecé%‘gegg)ttg%aﬁgd by It p?yi ngnt he

adapti vecode vector sel ect I . t i codebookgai n sel ected
in ST310 anBTERAREEFSS (fafﬁggr&b%n‘%ﬁgi g%yiér%’?aﬁggtr"é‘\r? om code vect or

selected in STBOQN%%Q?e rign%olng&gde%o?éi%g?%§g§§ftcﬁgqgimeﬁ'B;gnJéN;gn; in

ST312, the updat e he nmenory use e Subfrane”processing is

per f or med. Exaq?%egg sgglg‘itfi cgaésl%%/‘%_g%gsor r%dp%?ﬁth%% #pg&p es@hnidreadapt i ye

codebook, ahd up e of es of the ceptual weighting filter and

per cept ual mi%%ﬁgﬁgﬁYQ}é}?%?g_g%ﬁg{méﬂnSir:gg%l @ eS B3t LBE o LESEHRY 1S

per f ormed oR& rame- by-s asis.Next , in SI313 , the update of
menory used _i,n 0Pgo BQ%I]C @E@dproeﬁrcisé g4 1 E¥@Pke8omprised of the
q)eci ficall ?%ng?*pfﬁeéoare tl{1e update of states of the filter usedin the

eprocessing SACLEQR ey Wpdan e feapiizedlieid g (£hn Hde casa
where the intér-frame predictive ~ g DE C 2002 15 quanti zation of LPCis
perforned), .and t8enWRdale fonnBek 14Ai 8 bulrhes . shetthed DsSTB14tecoded data
is output. The coded data is output to a transm ssion path while being 5

subj ected tq hide Shbeda RFOERSEhBY qdidth Uk bAPLAG RE1 i BLeSH Nh ST304,
corresponding to the formof the transm ssion. In ST302 to 304 and ST313 to

314, the proGefsiHe@ ﬂér@é?ftfﬁa{mdvé)ﬂgﬁtfirrﬁgm?jbytéraﬂﬁ baastruwrélewithe 10
processing on a frame-by-frame basis and subfranme by-subframe is iterated

until the i pye gdata dal conatesl. ih Ss@aoB enbodi nent) FIG 2 is a bl ock
diagramillustrating a configuration of a speech decodi ng appar at us

accordi ng 15 to t hrserand snbodi, rehe o9& lelkd iprsehmade drst perrf dhwedode L
representing quanti zed LPC, code S representing a random code vector, code
P represgnt ipife ageddaptiva cnflemosdd ois anelr fodwed r gsdaeensitdd gai and
information, each transmtted froma coder, are 20 respectively input to
LPC decoder @fiahicactianaotebdskt 208, ofidape wiantibpedk LP4 qirn jared

codebook 205. LPC decoder 201 decodes the quantized LPC fromthe
in ST304. Examples of speclfically used

' characteristics are an evolution of quantized LSP,
reflective coefficients calculated from the gquantized
20 LPC, and prediction residual power. Random codebook
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. An 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 1is

performed. The adaptive codebook search is to search



code L to output to node selector 202 and synthesis filter 209. 23 @5@3% 02
sel ector 202 determ nes a node for random codebook 203 and post prdc ém
section 211 using the quantized LPC i nput from LPC decoder 201, and outputs
1 8 DEC 2 002 16 node information Mto random codebook 203 and

past processing section 211. In addition, nge sel ector 202 al so stores
previously input information on quantizea LPC) and perforns the selection

of node using 5 both characteristics of an evolution of quantized LPC

bet ween T oo dd o1y LhEaUA DU LR N Ra£UA F0E UG TSI a0

| east two t?Be e nodes , exanples are a e corr

Lo e CoUsIRERLs 26U Uay B BRAC 1507 SERAPATAY 1RaR0 1Y OAEH 1 3REEAD 10

segnent , an%lya node correspon to a stationary nol se segnen tfher,

it ti : i de. it LS. th
quant 1 seq LES thenaledPme BT NEE BT Textor Bty (RS CRArLeRE T T7°

paraneters égggﬁﬁg}ﬁgeo%yqng%ﬁggﬁkgg)é%%%Eag.gﬁﬁJQSGQQ%%jiciegégiqﬂgn{inear

predi ction Tt ési ower . stores e pre erm ned

nunber @f r e S M Life S and, o random
code ve%t oreggg{ngﬁgltqg:dwb;ttt ea\r,aaénlgd]%'rqnb%odgggtgk ?%%S)%%bp%l ngtfqﬁéyﬁ%lgco I ng

the input cedeg me,?QeEhi S r@aﬂkgg\ﬁﬁﬁ%&% 3 dasod éalee@v?éew% EYRg Pf the

nodes. For exanple, random co ok 203 is configured to generatée~a

pul se-1ike 53@%& EQUBYVEGL Y e I NEREDYE 0F 5 £8RRY Nth b A t2aud L6 Speech

segnent, and further generate a noise-like random code vector in the nodes
"5 COfreSpoeﬂgn%élocéﬁt%\@l@@ﬂgﬁmq@ SEIFRH ABWls ELerte d0iRES nt.

e random code vector output fromrandom codebook 203 is generated with a
singl e nodeypng~a 8sP§ra2008ptained by filtering the adaptive code
10 vector fetched from the adaptive <c<¢odebook 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

preprocessed input data. The search is performed in

20 consideration of that the excitation vector signal is

generated 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 in the random codebook. The random code vector is

selected from the random code book s0 as to minimize an

error between a signal obtained by filtering the



17 selected in node selector 202 fromanong at | east two types of the nodes
‘ descri bed above, and multiplied by the random codebook gain Gs in

mul tiplier 206 to be output to adder 208. 5 Adaptive codebook 294 @éﬁ?&ﬂﬁk

buffering while updating the previously generated excitation vector signal

sequentially, and generates an adaptive code vector using the adaptive

codebook index (pitch period ( pitch Iaglﬁ ) obtained by decodi ng the input

code P . The 10 adaptive code vector generated in adaptive codebook 204 is

L0 Bhaldic BUAPLLIE EREERRO 0 Bt ALl e 2L et 0
PR 1 TR R S T R R L
Cosebook oL TPk £ T VAL SSRGS D
e i i T R e T
SETer et S LERS ot KA o 908, P PHLUbE AL D REELALTL Sp o
e Bk B AR B F1he A ESER 24
symfmsiﬂﬁgggéthgecfbﬁlD Efe20Q@%arch is performed also in
consideration of such processing. Further this random
. codebook has at 1least two types of the modes. For
10 example, the search is performed by using the random
codebook storing pulse-like random code vectors in the
mode corresponding to the voiced speech segment, and
using the random codebook storing noise-like random code
vectors in the mode corresponding to the unvoiced speech
15 segment 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 the gain
20 codebook a palr of the adaptive codebook gain and random
codebook gain respectively to be multiplied the adaptive
code vector determined in ST308 and the random code
vector determined in ST309. The exciltation vector
signal is generated by adding the adaptive code vector

25 multiplied by the adaptive codebook gain and the random

~E A oyl S
[URGIRARRNS SRS

B}
D
'
D
c

,,,,,,,, plied w7y the xandem 2~daherol 2ain,  The

pair of the adaptive codebook gain and random codebook



is filtering processing is performed on the excitation vector signaJ%tEEg®
from adder 208, and the resultant signal is output to post filter] 8 1loc 4
filter 210 perforns the processing to inprove 5 subjective qualities of
speech signals such as pitch enphasis, f ormant enphasis, spectral tilt
conpensation and gain adjustnment on the synthesized signal input from
synthesis filter 209 to output to postprédessing section 211. 10

Post processi ng section 211 adaptively perforns on the signal input from

post filter 210 the processing to jnprove subjective qualities of the
stationary #8ifelSed r‘?tc%%étf%é m; rg?f‘lﬁn‘é‘)éﬁﬁ&o i ﬁg BPotRBiAgMdfze

the mode | nFBr I TRE 11 REGET BB Lol bt noBs Dot LhLaHT 80 (e

t hi ' d dom zi ' IS, I f dinth
modes. cor r ARBRGIHY RooTHd ot £BH LRSS SRRt BAGDLIAR deFepeiRl

t, d ' 20 J dapt.ivel f d.ig.th

correspond #8100 ThrE ERERERES et ER BT FohAr ReFed ShgrtAes Tadd the

t d si i S, t t t h di gi.tal decaded
Cpecen o gnatonen BnddHEHOHY EuEH - e RAS ok enP oA it ¥
i nf ti M out put f | ect. 2 i d_in_ both th de,
el oct | on 161 tPantiih CHRBBERE 05 Hid HBGLNLel ELTEER 18P AEGRT bEBscthg
section 211 i ng the node (' 8 DEC2D02 19 information Mfor either
of the nDdesggp ctions is also effective. In this case, the correspondi ng

éit her one perforgB. e (! Eiide, PEREESH 00k G ] | 9UeRlod ey BRRGESSI NG Of
e

e speech decoding in the above- nenti oned enbodi I'S "nex

scribed VbRl gnce i Fé&ﬁtawéneveaw!sgf%grsgcrféogg?ﬁgga%gf t hat

in the spe ng processing, the processing i ormed” for each unit

speethi Si g, . Or "Each unit
of o180 Lol MBI Y O IR AP il ERRT A GRS BATB LAY

shorter uni{oBeoGessiog £a4hiaad®) s Rbsainagl By hil dhagdiive ! caRRINR the

i nteger nunber of lengths. In ST401 , all the nenories such as the contents

of 15 the agé%! veeaadepaak, 1synidiesi ¢ fhhler amegRiot HPd SptRUL Wiy are
cl eared. Next, in ST40Z, coded data is decoded. Specifically, nultiplexed

recei ved signaky pArei A8Mvhel Pa@dsh vdet bectaneiserestaaahs eatdg upped in

20 bitstreans are converted into codes respectively
the random codebook gain selected in ST310.

15 Next, in ST312, the update of the memory used in
a loop of the subframe processing is performed.
Examples specifically performed are the update of the
adaptive codebook, and the update of states of the
perceptual weighting filter and perceptual weighted

20 synthesis 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 filter used

in the preprocessing section, the update of quantized

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



representingquanti zed LPC, adaptive codevector,random code vector and gain
information. Next, in ST403) the LPC are decoded. The LPC are decPﬁegEtr?mm
the code representing the quantized LPC 25 obtained in ST402 with' The
reverse procedure of the quantization of the LPC described in the first
enpodi nent . 1 8 DEC 2002 20 Next, in ST404, the synthesis filter is
constructedw th the LPC decoded in ST403}ﬁéxt, i n ST405, the node sel ection
for the randontodebook and postprocessing is performed using thebstatic and
dynam ¢ characteristics of th C; de i 03. a S..qf

speci fical l gmﬁ%ﬁértgic?rgr?gt ief"cﬂga%g ?r)ledlggg?ﬂgaf?n O?Eéuan igzlégdate of
LSP, refl ecti,ve coeffi.cci | cul ated fromthe quantizedLPC, and
prediction ?ggvﬂﬁapaﬁ%hggﬁé?%g'decoding of thelOrandom code vector and

post processing is or gepd rdin { de_sel in IS .
There areat Ieastwgzﬁtyggs%oﬁ fﬁé %Sggngﬁﬁgcﬁsaﬁgﬁﬁﬁgf e%g%m%iéggrised

of a node cagtﬁaipq_rgdi r&qlg&ug Vol ced Qg%q{:grﬁgggqrgn ?Ag&cgfﬂffgor@éfggto an

unvoi ced speechlbsegnent ‘and node corresponding to tationary

noi seseqrent ekl o) 51448 ¢ S MDA 6099 PRl | fudeasderd The

adaptive co or 1s decoded by ng aposi ti1on from whi

adaptive co V. . 0s f :ﬁgp bhyid e ghti ygcod usipg t code
representing?ﬁgﬁg%ggpfie S% e %%gtg%, aﬁd ?gtchiﬁgethe a aptiJ%Pcodgggctor
from the obtained pasistdpn. Next , in ST407 , the random code vector is
decoded . The random code vector is decoded by decoding the randon25codebook
I ndex fromthe coge repsgsentl n® 4 hénaagmﬁoésvgquqr,t@@dgi:%bré%mg the

ndom code vectorcorresponding to the obtained i ndex fromthe random™ -~ a

C ~00z 21;¢oqebpek rmMdenoAt Rer s PaReeISy DEraue Bashist.Ch PeEked PreResSSi Ng
of the random code vector is applied, a decoded random code vector is

obt ai neg, af B%rod‘éléghlarg beinnga S ubt #Rkedy O £ BRePi bald IRET et PEREISsaRE- Thi s
5 random codebook has at |east two types of the nodes . For exanple, this

random codephaciu b sraar guf €6 rha 1e et B tth@ulieu tidet & andedneHsrewect or
in the node corresponding to a voiced speech segnent, and further generate

a noi se- i ke sleRisoa eadoderénr )i n the nodes corresponding 10 to an
unvoi ced speech segnment and stationary noi se segnment. Next, in ST408, the
adapti ve codebookrga@ e and g an@om badeilook dbagrane dedqdeskrdbenggi na
information is decoded by decodi ng the gain codebook index fromthe 15 code
repr esent i ngolnfel gara tiidroraita s ¢ eaind dreat o d nign@ pp ama t usf atche adlapgi ve
codebook gain and random codebook gain instructed with the obtained index
fromthe gat® the second embodiment of the present invention.
The code L representing gquantized LPC, code S
representing a random code vector, code P representing
. an adaptive code vector, and code G representing gain
information, each transmitted £from a coder, are
20 respectively input to LPC decoder 201, random codebook
203, adaptive codebook 204 and gain codebook 205.
LPC decoder 201 decodes the quantized LPC from the
code L to output to mode selector 202 and synthesis filter
209.
25 Mode selector 202 determines a mode for random

codebook 203 and postprocessing section 211 using the

gquantized LPC input from LPC decoder 201, and outputs



codebook. Next, in ST409, the excitation vector signal is 20 generated. The
"excitation vector signal is generated by adding a vector obtained1&yDEC 2002
mul ti plying the adaptive code vector selected in ST406 by the adaptive
codebook gain selected in ST408 and a vector obtained by nultiplying the
random code vector selected in ST407 by 25 the random codebook gain
selected in ST408. Next, in ST410, a decéd&ed signal is synthesized. The
excitation vector signal generated in ST409 is T 8 DEC 2002 22 filtered
with the synthesis_filter constrycted in ST404 , and.thereby decoded
signal is SYRBResi TBECOHRZELOM, LSLng O t HEP PO i ﬁ%‘??ﬂ&% oc%ggi nf1e
performed on the decoded signal..The g?stf&Ite%&gﬁﬁﬁ ﬁroceésing i S

conpri sed ROFRPTTPSEESHTY T HhBPtel subjldbl AP 1 1T RE 0T € dECTRK
signals, in ggrtic | ar, decoded speevc.h 3i nal s, sugch as pitch_enphasis
processi ng)2 Y or mfh#sgrrpﬁa 9% Br 0BESTI YT E et UL | EPESHIRAS AL O O
processi ng and _gai n_gdj ust nment. processi ng, ,.10 xt..1n ST412 .the final
postprocess‘i‘ﬂan&??}%af%ﬁ@da&g B8 LR B IRS agg'ledstub?gc? dipge using
postfilterin rogessi nﬂ%ﬁ The gost pr.ocessin liustforrpri ssi ng

d of, th
to i nprdve 2&5 egc[ JRAGEATT B8t Of A7 oREPY ot 22 SSZMnF%z%ﬁgrﬁfoded

15 si I ' - t hj ' f tral
anpli Cude SHECMERIbAATG e FhE TraER A A B 3HEE U B PR RS ng

corr espondifgetg e sel e3ted{ NGl L3 oL OLRI AL XYl G dle

snoot hing p Ssi ng and random zi ng essing is 20 rarély

Lhe nodes coprasnondi 0g.d Oy LS A0 C5M-SRGRANASRATY NG uyoh Ced spgech

processing I s perforne nmode corresponding to the

?gmant) and "8
o, 32 Y BEYRR DT moBle ShERELRARLALELS ol gnsLek EC it o
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 use the gquantized 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 fhe predetermined
number of random code vectors with different shapes, and
outputs a random code vector designated by the random
codebook index obtained by decoding the input code S.
20 This random codebook 203 has at least two types 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 aoise-like random code vector in the modes
25 corresponding to an unvoiced speech segment and steady

noise segment. The random code vector output from

random codebook 203 is generated with a single mode



a |l oop of the subframe processing is perforned. Specifically perforned are

" the 'update of the adaptive ~ ~ D E C 2D02 ' 23 codebook, and thg 8iftkfi 2002
of states of filters used in the postfiltering processing. In ST404 to
ST413 ( the processing is performed on a subfrane-by-subf rane basis. 5
Next, in ST414, the update of nmenory used_in a |loop of the franme processing
Is perforned. Specifically perforned ar e lthe updat e of quantized (decoded)
LPC buffer (in the case where the inter-frame predictive quantization of

L2 Ao e 30 U, 10 TR 2

and ST414, 1 cessing 15 pérforned on a frane-

e processiug an el (HIE Ryal o ol o AL el L codpd gate
speech ! 0ngh ol ARYLTSL ST APRY GL1D €O SAARLLORBIPLRLLS L eSRAEL Lyl

speech decoggn%jﬁgggrgﬁH§ 20 of the second enbodinment 2. FIG5A illustrates
the transm sSi on apparatus, and FIG5B illustrates the recepti on apparatus.

n the speech si opgladi AHSM 55408 0B35BS L e Bl oSS LMY 11

apparatus 501 converts a speech into n electric anal'og s1 g 0 8utput
nto a di o FRPAHReEh Shondl T 5 Surad oo e Rdc B Tt ool 2dne
signal sequentially, and generates an adaptive code
vector using the adaptive codebook index (pitch period
‘ (pitch lag)) obtained by decoding the input code P. The
10 adaptive code vector generated in adaptive codebook 204
1s 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 adaptive codebook gain Ga and random
15 codebook gain Gs (gain vector), and outputs the 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 code
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,
and outputs the generated excitation vector signal to
synthesis filter 209 and adaptive codebook 204.
25 As synthesis filter 209, a LPC synthesis filter is

constructed using the gquantized LPC input from LPC

decoder 201. With the constructed synthesis filter, the



~ 8 DEC zf1 02 24 Speech coder 503 perforns speech codi ng processing on the
" input signal, and outputs coded information to RF nodul ator 504. {1H BEC 2002
nodul at or 54 perfornms nodul ation, anplification and code spreading on the
coded speech 5 signal information to transmt as a radio signal) and
outputs the resultant signal to transm ssjon antenna 505. Finally, the
radio signal ( RF signal ) 506 is transnit8ed fromtransm ssion antenna
505. On the other hand, the reception apparatus in 10 FI G 5b receives the
radi o signal; ( is | Lt Ao ecepty gnn 07, an t he
recei ved sidﬁ%fg?ol%gﬁdéﬁbgﬁT%%%?gSGg. ?Fﬂgiﬁgﬁu?aﬁ%g éﬁggpgr ofﬁ%£?ﬁé
processi ng C SR, I N d GR{Edu io vert dio
signal int o%o%%%%i %ﬂgfnngffl (IE;'rll1 andgigaogt put’s tbﬁtze3 'co%J{ed(; ?ﬁgogﬁaﬁqgﬁapg

speech decoder 509. ; egﬁgagﬁgoggrgggglgﬁg%gégszgﬁfpding processing on the

coded i nforrmat? on and outputs a di oded speech signal to DA

converter 510. D/ V. r i 91 ! i gnal
Ut put 1 om speect T0° oS 209 Pta S arel o Hacs st the Il SASE fo
out put t sggﬂf ; Iy 5L H : t p s 511
convertsgthe_e iggg%gugngpggjggg%ﬁeﬁ%gﬁgggﬁbg{d%ggﬁgggoqg&ggpg edség%gbh to
output . It 4§ PO8Sish &dambae Ehpranove; @pb&&%ﬂl@iﬁaeam;p%%QQti n
apparatus and reception apparatus as a nobile station apparatus and base

station app | J@PLEE nfOTTHY G d QY PPREEAEES t =
a SEC 2002 g%ﬁigﬁg%honeg. I n addition, ?ﬁ% nediun1tha€' raﬁgﬁ??gE BEbf

thei nfor mat i, £ e 89ls EHMIdSH @9 tthe ol ot %&@;@Jsaﬁﬁeeb&dﬁ\?t&étion
odinent, and 1t nay be possible to useoptosignals, and further possible
t0o use cabl g5ty ansm ssion paths. Further, it may be possible to achieve the
speechcodi ng apparatus described in the first enbodi nent ( thespeech
decodi ngg appar at up Jiesg bk ¢ Injhse 823U HIONMDOH IBPE 4 vRNGE Bt F £HSRHISS SRON
appar atusand recepti onlOapparatus described in the third enbodi ment by
recor di ngt he &9y £§RANAHMG PE OFKE 8/ pBsd EAQOE i NP1 vedhemp e 8§ angRgRet i C
di sk, optomagnetic disk, and ROM cartridgeto use as software. The use of
t hus obt ai nachgrseedisngrpdcimenaghed ix pessetml thenpdLt 1 vaaty SWehsa
recordi ngl5nediumto achi eve the speech codi ng/ decodi ng appar at usand
transm ssi or/egeenpti suahpaat un {douf rhmarbedionetrii ) iThe gooecels sampdiorent
descries exanples ofconfigurations of node selectors 105 and 202 in
t he20above- mgdcbnad fiams 1t dsecomnldenrah demntiz.iFids . pBoicldasingt esfa
node sel ector according to thefourth enbodi ment. The node sel ector according
t hi s enb®Hdi mgrectsplophdese wi s hndy tdye onefer dotfarrmatdoex®™ datpwh £rom
section25601 that extracts the dynam c characteristic ofquantized LSP
paraneters, maritke f i ssllegitosec@®® st at | Eoar akxampdid ¢ ekheactiromo tbdmnigons

602 and 603 t hat 18 DEC2 002 26
' processing and randomizing processing 1is rarely

performed in the modes corresponding to the voiced speech
segment and-unvoiced speech segment, and such processing
20 is adaptively performed in the mode corresponding to,
for example, the stationary noise segment. The
postprocessed signal 1s output as output data such as

a digital decoded speech signal.
In addition, although in this embodiment the mode
25 information M output 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



extract the static characteristic of quantized LSP paraneters. D%nag(t
' characteristic extraction section 601 receives an input quantizg 8 80 2802
paranmeter in AR type 5 snpothing section 604 to perform snoot hi ng
processi ng. AR type snoot hing section 604 perforns the snoothing processing
expressed with the foll ow ng equation ( 16) on each order quantized LSP
paraneter, that is input for each unit pﬁ cessing tine, as tine sequence
data: 10 Ls[i]=(1-a )XLs[i]+a XL[i], i=1,2,...,M O<a<l ... (1) Ls(i]: ith

order snoot Q%‘}o%,ﬁ ti 266 &ﬁ?ﬁgﬁ&&fék&ge imtorbé).rsqgiegg?.%ﬁgﬁgs Ia‘a%?i on,

paranmeter a . srHbothing co i Cl anal ysi's or

nthe equaticgn (1) o ne ¥altgsal cdsh S8Rl 8b-80Aodaind kA FHOL 4400

i
strong snoo?ﬁlng “Hfe smoot quanti‘zed par anete a the above

equation ( 1 )rd‘g3r9%?y%?eﬁg‘{}@9t%‘dﬁ%f{’g%%_&g%fﬁgmes t hrough del ay section

605 and to BEdiTec to a I'ay section 605 del ays the

addor 606, Addor G06 roealvaE TRE BResTeq Ashnt: S L SR N3 -HALNG, | 0

adder 606._Adder “recerves t ant i _ t he
current ni ﬁne&ﬁf&&sskﬂg G, _é&&véhgle%ﬁ%gﬂ%he%n%@&‘ihé% LSFs paf aget er
i me. Adder 6

at the lTast unit processing t cal cul ates an evol uti on between

the snoot heﬂre%ﬁibé%d &%hpyﬁ@ééﬁg%t therrg; 8 D 'ih@szogﬁﬁétx&t’%{;ﬁt

unit process I'me, and the snoot guanti zedLSP par anet e ast

unit proces E%%fiFF'SCIh%eEQE‘ét L8R § nOWhRUG pledcifadu PR rBtelsFing,

parameter. Theresult calculated by adder 606 is output to square
urbcal cul arth%nP?r%“ééQEiﬁQﬂ_i§%@f§o§ﬁ@@§b®é§bhoﬁn§&0%k%%e@ogiﬁg'v?i'kﬂt es

esquare sumof the evolution for each order between thesnoothed quantized

LSP paranet gr ,al dde EMATRIY tithé PLOAGEH NG AdME whEH the $1Bd hethgtn
qgquanti zed LSPEOparaneter at the last unit processing tinme.Dynamc

charactigy i shieC gXtg &gt ittth $emidled) SOHMLeirASthde AUt ipaask & SB iRgy afet er
in delay section608 in parallel with AR snpoothing section 604. Delaysection

608 del ays Ea%ﬂdlﬁmtedqmia@dnLS!Bant@ﬁemridoy;iﬁac@rsigm@ow&sifrrgaxhéi)r? to
output to AR type averagecal cul ati on section 611 through switch 609. Switch
609 is connggireri NBanbiyh@ ipicked h §f etveatf e 6ifdtio tthé iheBger number
of lengths.
In ST401, all the memories such as the contents of
15 the adaptive codebook, synthesis filter memory and
output buffer are cleared.

Next, in ST402, coded data is decoded.
Specifically, multiplexed received signals are
demultiplexed, and the received signals constructed in

20 bitstreams are converted into codes respectively
representing quantized LPC, adaptive code vector, random
code vector and gain information.

Next, in ST403, the LPC are decoded. The LPC are
decoded from the code representing the gquantized LPC

25 obtained in ST402 with the reverse procedure of the

quantization of the LPC described 1in the first

embodiment.



s enosenpl eto operate output fromdelay secto input the quantized LSP
 paraneter output from del ay20section 608 to AR type average cal cu] 8§t D& 2002
section 611. Del ay section 610 receives the node informationoutput from node
determ nation section 621, and del aysthe input node information by a unit
pr.ocessing time tooutput to switch 609. 25AR type average cal cul ati on
section 611 cal cul atesthe average LSP pardheter over the noise region
basedon the equation ( 1) in the sane way as AR type snoot hi ng ~ 8 DEC

2002 28 ti 604 t t d 612. It di ti th I f c~

Che equat on (1 NaxCsdt Sfad, M s it farr bt heants crions igmtea” "
t hi ing, h th -1 f LSP t i

oaloul it od V8 UiobR%s LFE AERRRR 5F SHAUA 1 on for osch order between the
ti d LSP { t t Lt i i dth

verage: quant i rod MBS patarat 805 e THneBPAGEIN AR b Farnd A o, pe

aver age cal cul tionksegghon 61%.I;q3$$g re sgg1calcg%gtiqﬂesection 653

recei ves th‘éocﬂa%?%?ence InfBP fatfifoh o guz?ntl ZedP EEP PN PettF $78ut bBE from

adder 6 , .and cal cul at he s [ m f.qr. each _arder t utput to
speech egiﬁﬁéhﬁ%c #g:éigé?gﬁ ?ﬁ;faégﬁﬁiﬁﬁ%ﬁghggagﬁﬁi§?§CQ5&?éﬁ?ion
601 for quantized R paranet ergj i sed-of ¢ t 4 to 613 _.as
descri bed ablve. #?é%PétaticcH%#%@?ggﬁéticggxtrdgggggggt ?ggXOZ APl ates

e D el EE A cDOMEE e | I [P B0 JUNT LEeCglah dinf 2 mkp "

| i near predrction residu ower cal culatron Section

cal cul ates 2,601 0p, Gt V@@Q?E?c?%hﬁé Nga 9IHA 5t 84 %g%nﬁut?t%! ég.%nttsfzegsp

rameters as expr essed 1n oW ng equati on n nei bori ng

Egg' on cal cHpt | af $8Hd PcBlon £RsHIA T dwdl L ihe lde doding oM the
10 random code vector and postprocessing is performed
according to the mode selected in this step. There are
at least two types of the modes, which are, for example,
comprised of a mode corresponding to a voiced speech
segment, mode corresponding to an unvoiced speech
15 segment and mode corresponding to a stationary noise
segment.
Next, in ST406, the adaptive code vector is decoded.
The adaptive code vector 1s 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 code
vector from the obtained position.
Next, in ST407, the random code vector is decoded.
The random code vector is decoded by decoding 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



L[i]: ith order quantized LSP paraneter The val ue cal cul ated i n nei ghboring
LSP: T egi on ~ 8 D E C 2002 29 calculation section 615 is provi de8 858 2002
vari ance cal cul ati on section 616. Variance cal cul ati on section 616
cal cul ates the variance of quantized LSP paraneter regions output from

nei ghboring LSP region cal culation 5 sectjon 615. At the tine the variance
Is calculated, it is possible to reflect éharacteristics of peak and vall ey
except the peak at the | owest frequency, by elimnating the data of the

lovest frequepebébi.[ LlWnhaht Beule ispRgcatkidy satn afs LHSPrpar Yot £5a
regions. 10 Wth respect to a stationary noise with the characteristic such

that |evel spab e d8Wnlg eqeeneye barkhaon | bbed, vabesrsuch apgised,s passed
t hrough the high-pass filter, since a peak of the spectrum al ways appears

around the gel-idaf remesay cdfad heebitdder isi ovktaigeaf faact é¥e shix eqaeel
the information of such a peak of the spectrum In other words, it is

possi bl e t opeXtHfCEul e shataaier t Bk GHi ©&nPedc ddd Baldys 8inlghe BRest r al
envel op of an input signal, and therefore to extract the static

charact ey i sthaudR S88686bok haw ar 2Bawit! Rwid ghpRessiebt hietsohlal. t heoregi on
Is a speech region. Further, according to this constitution, it is possible

t 0 separ at eekgnFPeeCchniegran duml cddé itk Vi H W sef 1 §area Wid Gehidhate
accuracy. First staticcharacteristic extractionsection602 25 for quantized
LSP par anet grp $ seo/PL k & ath 9 omospaeevié & told i n6ive ansld 6 ko Asedesnid Drd

above. | nsecondstatic characteristic extractionsection ~ 8 DE C Z002

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 and
random codebook gain are decoded. The gain information
is decoded by decoding the gain codebook index from the

15 code representing the gain information, and retrieving
a pair of the adaptive codebook gain and random codebook
gain instructed with the obtained index from the gain

. codebook.

Next, in ST409, the excitation vector signal is

20 generated. The excitation vector signal is generated
by adding a vector obtained by multiplying the adaptive
code vector selected in ST406 by the adaptive codebook
gain selected in ST408 and a vector obtained by
multiplying the random code vector selected in ST407 by

25 the random codebook gain selected in ST408.

Next, in ST410, a decoded signal is synthesized.

The excitation vector signal denerated in ST409 1is



30 603, reflective coefficient calculation section 617converts the

' quantized LSP paraneter into a reflectivecoefficient to output to

voi ced/ unvoi ced judgnentsection 620. Concurrently with the abovd 8 DEC 2002
processi ng, 5l i near predictionresidual powercal cul ati onsecti on618cal cul at es
the linear prediction residual power from_thequantized LSP paraneter to
out put to voi ced/ unvoi cedj udgnent secti0of220.1n addition, since |inear
predi ction residual 10power cal cul ation section 618 is the sane as

Ui di cti . . e 4 it . ¢
Shar o bne. cotorhe de: Eet Becey BRu it i EREF COBa e LR SIAAF ot
t ti ti f l P t i i d
of component 8781 7 348 o¢¥s SheqdBYIEE EIBATE Byt EsiRe e
h teristi i OF | 60 kLSt k issticC.
xtr act i onsect i onNE3D ar BoRoi dba TS Rosk tAs &k gl dHAELSII "o 610
S " . , . . e h
orpot hed qUERE TR B e € aREUFEE, LIty 20 he halPLEnsEr 16
ti 7, ' ‘ S . h
ol se_ scameRE Sk BRES b e B e G L T 8T iR v e
Lol at | . T4 ti % L .
power | nput  PREMEFELLE"GhAY 10FoRUBE aZEHaadeTSREFS MLb Ba B .
Q02 31 sechion,$dd. JYLLOR Vali#haes,nf orgBhi oy of Hhang ghbarings P
region data 1nput fromvariancecal cul at'i onsecti on616. Then,usiné?ﬂ%se
pif or mat i on %?a‘%?&@siﬁﬁi,o'%dﬁn&ﬁ@ BRpHR 1 9 P delsidaes, WOEERR £ 30} ran
put S|gnaP or a décoded si gnal f at the currentunit processing time is
a_speech resb%e@@_st%trpgtggoéf@@kmelgeanaega&h ha e Rt ep FhRald L gect i on

621. Thenore specific net or judging whether the input signalis a
speech jiegi on is fesa,i edihat §¥4di ng &> Be 1AEN F%&Eﬂfgcg@%nén put put
e

from secondcharacteristic extraction section 603 i S provi
tovoi ced/ uny@irGesrhedgMesh SeehieOn B3@od@d cedd ugraicedsudgi@dtegect ggn 620
receives the reflective coefficientinput fromreflective coefficient
cal cul ati onpseatf DNE8Gihg apdolhes simgli zed THnoeapoptaskcte8B 1maApi dyal
power i nput ?ron1|inear predi ction residual power cal cul ati onsection 618.
Then, usingcbhgaeisefor o8t | 6hevoipaest ey dnged tjoudgnmsitosact 5am @0t f wdges
whet her thei nput signal (decoded signal) at the current unit20processing
tine is a vguead t £gsow Hr s tatdicearyemons end egynents ithetheddects@edl t to
node determ nationsection 621. The nore specific voi ced/ unvoi cedj udgnent
met hod 1iss desgmnel dwtlera sisi mye EFGshivbfiradet smuokb log proidess 624 of
receives the judged25result output from speech region detection section
619and t he gpegedraksuhmpold pudef r @ndoi ced/dambiad udgpmeae ssdatg ono20,
and using these information, ~ 8 D E C 2002 32 determ nes a node of the
i nput si gnaspearrabaduedesi gndl thetprpceaFirgatconre spaoneisgngotmedet o
tput . The nore specif is node classifying nethod is described | ater
usi ng FI G 18ellecteidi tion STt0hould Arerfpamedt i ond off e exkadtb be .t hbhe
snoot hi ng section and average cal cul ati on section in this enbodinment) it
may be posséblo® tlvlpgr fBFACERS Shgot aNfAg HAG ARt a§83caPEPeRFDRNBY USi ng
other methods. 10 The detail of the speech region judgnent nethod in the
above- #éht | 5AEE lehP&d frFredsineidre MPLar e hetPeriéponte the MG ged
First, in ST801, the first dynam c paraneter (Paral) is calculated. The
specif is copeettls segmedsand YUNYOALAT PREARM of eidinedht ev@ng i HUCAMOUNE
of quantized LSP paraneter for each_ unit processing tine) and exgressed
with the foPredessthdatsperiprigd)in the MadetFOrESSRANGFR2 (T thsi (t):

snoot hed quanti zed LSP at tine t . )
stationary nolse segment. The signal generated in this

step becomes output data.
25 Next, in ST413, the update of the memory used in
a loop of the subframe processing 1is performed.

Specifically performed are the update of the adaptive



Next, in ST802) it is checked whether or not the 20 first dynam c paraneter
is barger than a predeternined threshold Thl. Wentheparaneter 18§ DEC 2002
exceedst het hreshold Thl, since the evolution anmount of the quantized LSP
paranmeter is large, it is judged that the input signal is a speech region.

Oy the other hand, when the ~ s nEC zo zZ 33 paraneter is equal to or |ess
than the threshold Thl) since the evoluti"én anmount of the quantized LSP
paranmeter is small, the processing proceeds to ST803, and further proceeds

to steps fop JHOYFBR!, p&&&eﬁﬁgn%&ﬁlfgﬁ}beowerst%@@éaa%t H1148:ST8q yhen

the first dynamc paraneter Is e to or less than the thresh

processi ng g?@fﬁﬁgétEQJ§I§9§ng“QﬁE@bEE§i?%%per of a counter indicative of

t he nunber s the stationary noi se region is judged previously.

The initial valuezQf g#gogouBt 8ir4i13 0 théNgrbeelshOBgeDs eeR¥ olrif@§ SACH
unit processing tine judged as the stationary noise region with the node

determ nati gn J{pt pedmd byl 803 £ MRS HBG inunber of the counter equals to or
| ess than a 15 predetermned threshold ThC, the processing proceeds to

ST804 , gvhere it ietedasd st her cae fphatte JipdmStgnabelSia SPESSP
region using the static paraneter. On the other hand, when the nunber of

the counter ,gxcgrds £hamkhrgsbekd sy tilke peeesmdd. prosseds fik 1896,
where 20 it is judged whether or not the input signal is a speech region

using the sge¥ihFMBaAN £rear@t epdate bipeguah Hid adeti(@scatedoal cHtat ed
in ST804. One is the linear prediction residual power (Para3) cal cul ated

fromthe quanided LIM pehameisd &, whkd d heheéb iai ter - £ dnle palddaneei et the
| f ference information of nei ghboring orders of quantized LSP paraneters
arad) . Thguddessariedi G QPC ess et £powRId) s #htanpadty of output
10 data buffer.

In ST402 to 403 and ST414, the processing is
performed on a frame-by-frame basis. Further, the
processing on a frame-by-frame basis is iterated until
the coded data is consumed.

15 (Third embodiment)

FIG.5 1s a block diagram illustrating a speech

signal transmission apparatus and reception apparatus
. respectively provided with the speech coding apparatus
of the first embodiment 1 and speech decoding apparatus
20 of the second embodiment 2. FIG.5A illustrates the
transmission apparatus, and FIG.5B illustrates the

reception apparatus.

In the speech signal transmission apparatus in
FIG.5A, speech input apparatus 501 converts a speech into

25 an electric analog signal to output to A/D converter 501.

A/D converter 502 converts the analog speech signal into

a digital speech signal to output to speech coder 503.



18 D E C 2002 34 converting the quantized LSP paraneters into the

| i near predictive coefficients and using the relation equationi n1thdEC 2002
al gorithm of Levinson-Durbin. It is known thatthe |inear prediction

resi dual power tends to be higher5at an unvoi ced segnent than at a voiced
segnent) andtherefore the |inear predi ct%qn resi dual power is usedas a
criterion of the voiced/ unvoi ced judgnent.” Thedi fference i nformation of
nei ghbori ng orders of quanti zed LSP paranmeters is expressed with the

equat i 0n10(s§§)e%389dfe*}:e Y351 BRGE HmsUEBetUrp ééa@h@aiﬂ%es‘g\gﬁlﬂ%{ﬂefe

are sone cas ich are depending on the typesof noises and h

limtation, g %?ﬁkngitd}?éﬂ?c%rrﬂi Peefurls Rad @Veal JARAHERRY RANr

Thereforeit I's preferable to obtain the variance using the datalbfromi =2

to M1 (Migoanal ¥8b% @der) hzrt heo @ELatbeN62) péiPetndshd@uil®ion,

di fference i nformation of nei ghboring orders at the low frequency edge (i=1
i n theequat jQp 1(29 1 cakA i €afREESHAE! inﬁ'eaéiﬁge diet el ESDOH! U £En
formants at a"tel ephone band ( 200Hz to 3 . 420kHz ) , the LSP regions have
wi de porg i 083 gHuh NBHESMME £ i 8RS t ANEr iA8MAMOrLs theryvarli angegAk 1t hea g §9i on
datatends to be increased. On the other hand, in thestationary noise, since

there is nogf st id &S Wl ahfteskgRae8b P8 UMIA & Yohav et ERha! 548y
equal regions ,25and therefore such a variation tends to be decreased. By

the use of phase CharakseraaliocCsidgrial Y RIOSIIJH£1 § 05 0g0esWehhemidt&@t the
i nput signal is a speech region. 18 DEC 2p02 35 However, there is the

case that sgpen VEafbEmidSeohaadtennpesiosal peak at a | ow frequency band
described previously. In this case, the LSP region at the | owest

requency band beoanesheards derandahlgr efnee ftdee b tirrn aagpd HbaaugediRy
using all the neighboring LSP evolution data decreases the difference
caused iy thecprsaseneeedivedsehee mfdidbesignrEnt ( RFr gdign£l )t Berselyith

| ower i ngt hej udgnent accuracy. Accordingly, obtaining the variance with the
nei ghbori ngrkSRpt fénr entceddai 500r,mandPwiptbe the recwened edamal

el i mnated prevents such deterioration of the accuracy. However, since such
a static patanrRFedehmasidbaenbr Bd@EEent REMémbdbdutlhesto +heo dypamife 1ms ateéer )
it is preferable to use the static paranmeter as supplenmentary informtion.
Two 15 typeproicesss ingt snschcalscdcdedaesp S804 g @ndatemodSI80Siohlekd , in
ST805 ( two types of paraneters calculated in ST804 are processed with a
threshol d. Spesiefittathe Fadike shgbawhdiret @ heoldarkal nfraxmation .r esndual
power 20 (Para3) is equal to or less than a threshold Th3, and the variance
(Par a4)l5f euit@hvdo?i hhelLSrodedi okhnfarastsieruie tspeechprdechdera 0P eshol d
Th4 ( it is judged that the input signal is a speech region. |In other
cases, it iSPeeddediepaterhddhRersogms decqding iRFRF§SHdinE o5 klgion
(non-speech region). Wen the stationary noise_region is judged, the value
of the(xnm§@ﬂQQs#Wﬁ?@ﬂéﬂ%ﬁpb?nﬁ.OutPUts a digital decoded speech

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

the digital decoded speech signal output from speech

20 decoder 509 into an analog decoded speech signal to
output to speech output apparatus 511. Finally, speech
output apparatus 511 converts the electric analog
decoded speech signal into a decoded speech to output.

It is possible to wuse the above-mentioned

25 transmission apparatus and reception apparatus as a
mobile station apparatus and base station apparatus in

mobile communication apparatuses such as portable



1 8 DE C 2002 36 In ST806 ( the second dynami c paraneter ( Para2 ) is

cal cul ated. Thesecond dynani cparaneteris a paraneter indicative qfa PEC
simlarity degree between the average quantized LSP paraneter in

a previo

2002
us

stationary noise 5 region and the quantized LSP paraneter in the current
unit processing tine, and specifically, as expressed in the equation (4),

I s obtained as the square

ML (Li(

guanti zed L

t)

sum of differedt val ues obtained for each order
usi ng the above-nentioned two types of quantized LSP parameters: E(t) _

g:g%'oe%ghgﬁe)s 10 fh.(é&ajr%‘i% t,i Zt.elllqa hn%PdfﬁmtE%ttt%éinBsﬁi\éﬁésgﬁei s

a noi se region Thé obtained second nam c

processed w&%@

whet her

t he second
simlarity

or

aranet er exceeds resno

YnaphG PaLHRS &I mExteedanlhes h[t\gépOItgeTte$§£B§%t98 use

egrée to the average ‘quanti ze par a

gi on. “When the second dynam c paraneter i s equa

than the thieshalds 83,051 paenlshe simlarity

10

15

20

25

Further, it may be possible to achieve the speech
coding apparatus described in the first embodiment, the
speech decoding apparatus described in the second
embodiment, and the transmission apparatus and reception
apparatus described in the third embodiment by recording
the corresponding program in 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
medium to achieve the speech coding/decoding apparatus
and transmission/reception apparatus.

(Fourth embodiment)

The fourth embodiment descries examples of
configurations of mode selectors 105 and 202 in the
above-mentioned first and second embodiments.

FIG.6 illustrates a mode selector according to the
fourth embodiment.

The mode selector according this embodiment 1is
provided with dynamic characteristic extraction section
601 that extracts the dynamic characteristic of
quantized LSP parameters, and first and second static

characteristic extraction sections 602 and 603 that

ot et Lol 48 o e o ¥HE rddis TR0panc kB HRET e

When

I'n"the previous
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degree to the average quantized LSP paraneter in the previous stationary

‘' noise region is high, it is judged 37 ,' 8 DES that the input slgngUSﬁmz
the stationary noi se region. The value of the counter is increnent by 1
when theinput signal is judged as the stationary noise region. The detail of
t he voi ced/ unvoi ced region judgnentSnethgg I n the above-nentioned

enbodi nent is nextexplained with referen to FIG9.First, in ST901,
first-order reflectivecoefficient is calculated fromthe quantized

LSPpar amet ef, i 0.ty qigenty ypit PERGEIYUTUr 1L ERe THRLORE LGt

coeffici entéﬁ(ggga({\'gul at ed at?tgr t he L%Ppar arreterci S con@ertegzlen(?o Ifshpe

| i near predjct.i gfticient. Next, in ST902 ( it is determ ned whether or
not theabo&%g%éﬁﬁfgne reflective coefficient exceeds thel5first threshold

Thi . When the cOef biyai gl ceXGRRHA 1Y €580l e Thhc o S seiigighnt ey the

current unitprocessi'ng tine I's the unvoiced region, and thei t d I fi
I hprocess [4puq fs 9%R" {Wph¥ Yuantized LSP parameter in AR type

5 smoothing section 604 to perform smoothing processing.
AR type smoothing section 604 performs the smoothing
processing expressed with the following equation (1) on
each order quantized LSP parameter, that is input for
each unit processing time, as time sequence data:

10 Ls[il=(1-a)XLs[i]l+a XL[i], i=1,2,...,M, 0 ea<1 ... (1)
Ls{i]: ith order smoothed quantized LSP parameter

L[i]: i1th order quantized LSP parameter

o : smoothing coefficient
M : LSP analysis order

15 In addition, in the equation (1), the value of «
is set at about 0.7 to avoid too strong smoothing. The

smoothed quantized parameter obtained with the above
. equation (1) is branched to be input to adder 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 adder 606.
Adder 606 receives the smoothed guantized LSP
parameter at the current unit processing time, and the
25 smoothed quantized LSP parameter at the last wunit
processing time. Adder 606 calculates an evolution

between the smoothed gquantized LSP parameter at the



n s voice ed. Wienthe coefficient is equal to or less than the

" threshol d20Thl, the voi ced/ unvoi ced judgnent processing is 18 DEC 2002
furthercontinued. When the region is not judged as the unvoiced regionin
ST902 , in ST903 , it is determ ned whether or not theabove-nentioned
refl ective coefficient exceeds the25second threshold Th2. Wen the
coefficient exceeds thethreshold Th2 , the processing proceeds to ST905 ,
and whenthe coefficient is equal to or less than the threshold ~$DEC

2002 38 Th2,yihe ¥ AGESEIPI%h P696aeds thitieSTAE tWeeBmdin: 1Rba v AR RN
reflective coefficient is equal or 1less than the second threshold Th2 in

ST903, in %I§P4PaEaénat%qt eaf ek WhgkRer it nﬁﬁroté'@s @bﬁaﬁ&m@ti ongh

reflective coefficient exceeds the third threshold Th3. en the

coef fi ci entes ¢X& QS0 & NEs LhrEsHe! Ko T aAcH e d¥ P GAS SisIpRFATREESrt 0 SEW7,
and when the coefficient is equal to or less than the threshold Th3 , the

region is jdgad acd DEuIpReSd BPJaQber UL the éﬁt}ﬁ@tCQCU Wyaheed duslgment

processing is finished. Wien the above-nentioned reflective coefficient

exceedsst hes seeantht DoaskRA ¢t 168 67903, the |inear prediction residual
power is calculated in ST905. The linear prediction residual power is

calculated after $faakle @inNtdZPOubaR iicn WuWELbad 6i0% @dCul bteY the
predictive coefficient: In ST906, follow ng ST905, it is determ ned whet her

or not the fbeue-eTBinosedthieneaso pitiost foY rescHUa quese eWeeadL Hd1e
threshold Th4. \Wen the 20 power exceeds the threshold Th4 ( it is judged

that the reghebtihed hquaimol £ed 1P oparame tde wa cenéurunt et wdgnent
‘ocessi ng is fini s.hed. When the power is .
processing time, and the smoothed qgquantized LSP
10 parameter at the last unit processing time.
Dynamic characteristic extraction section 601
receives the quantized LSP parameter in delay section
608 in parallel with AR smoothing section 604. Delay
section 608 delays the input quantized LSP parameter by
15 a unit processing time to output to AR type average
calculation section 611 through switch 609.
Switch 609 is connected when the mode information
. output from delay section 610 is the noise mode to operate
to input the quantized LSP parameter output from delay
20 section 608 to AR type average calculation section 611.
Delay section 610 receives the mode information
output from mode determination section 621, and delays
the input mode information by a unit processing time to
output to switch 609.
25 AR type averagde 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



equal to or less than the threshold Th4, it is judged that the region is

t he 'speech region, and the 25 voi ced/ unvoi ced judgnent processing is

fi'ni shed. Wen the above-nentioned reflective coefficient exceedsdtheCt2002d
threshold Th3 in ST904, the linear ~ 8 D E C 2002 39 prediction residual
power is calculated in ST907. In ST908, f,¢f lowing ST907, it is determ ned
whet her or not the above-nentioned |inear prediction residual power exceeds
the threshold Th5 . When the power exceeds 5 the threshold Th5, it is

,judged thafelhe s8J60n i@tbﬁrgﬂﬁ»@i@@daa@@'wmmpd the e cedowvoi ged
j udgenent processing is finished. When the power is equal to or |ess than

the threshold Tho dfri b i $ni vHlged fuiet 16Re (19010 de tdE §98%¢théie.e<9£ Opp and

t he voi ced/ unvol ced judgnment 10 processing is finished. The no

det er ni nat i gia r#R3 Ptk k6 £emiel yRdYy H ol High b Proeebsam P2 hdd thdeby
explained wth reference to FIG 10. First, in ST1001, the speech region

detection lpnheesidhgh%iinpuiveHaige SéE£PLERY pramdteek 1id sehl chad + o4r f or ns
t he speech region detection processing. Next, in ST1002, it is determ ned

whet her ¢ 0 deternpadidhatla sadecubatke simtdwhnayiovdl FoRvdach as@dron
the judgnent result on whether or not the region is 20 the speech region.

Wien the regeefrdénttResgaadit 12g80DSPt parpmoessiay Pheceads dot STH03.
When the region is not the speech region ( stationary noise region) , the

nmode det er nppaidexs Lagut imendand the ai ety sigatd whaey dNDEPep ARGEnd Ser

out put, and the node determ nation 25 processing is finished. Wen it is

determ ned ihatthke nedisen iregidnt hwalculated by AR type average
calculation section 611.

10 Square sum calculation sectilion 613 receives the
difference information of gquantized LSP parameters
output from adder 612, and calculates the square sum for
each order to output to speech region detection section
619.

15 Dynamic characteristic extraction 601 for
quantized LSP parameter 1s comprised of components 604
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 calculates
a region between neighboring orders of the quantized LSP
parameters as expressed in the followlng equation (2)
in neighboring LSP region calculation section 615:

25 Ld(il=L[i+1]-L[i], i= 1,2,....M-1 cee (2)

L[1i]: ith order quantized LSP parameter

The value calculated in neighboring LSP region



stationary noise node in ST1002, the voiced/ unvoiced ~ ~ D E C 2002 40
judgnent result is input in ST1003. This step may bea bl ock itself H@g@ Vi
perfornms the voi ced/ unvoi ceddet erm nati on processi ng. Fol | owi ng Sﬂl% ; t%@
node determ nation is5perfornmed to determ ne whether the node is the

vai cedregi on node or the unvoiced region,gpde based on thevoi ced/ unvoi ced
judgnent result. When the judgnentresult i's indicative of the voiced
region, the nodedeterm nation result indicative of the voiced regi onlOnode

is output, aadddEaiBede deieclikal i 0611pr 0gessiggbeitied shed. Vaen dhee
voi ced/ unvoi ced judgnment resultis indicative of the unvoiced region, the

nodedet er mi patican se3Wd sidwh Cahi §€6Qf tier YaKeleC 8@ A BHBEE sieT LS UL ,
and the node determ nation processingl5is finished. As described above,

usi ng the speecl£0éaN adL AN &N &S WHc sl Vgh 8AFHWR@I LS pHIGRRE e £DE
nodes of the input signals (or decoded signals) ina current unit processing
bl ock are ckagsidn8dolitipmtt Femnoges g2Hdr{4§ ERPOde¥nl c&l&ul 4181 8nb! ock
diagramillustrating aconfiguration of a postprocessing section according
tothe fift hseeodbnesl sof the preseniménvaet iveiridherotdroseesil: S&Cti on
is used in the speech signal 25decodi ng apparatus described in the second
enmbodi ment wi th itdepopea tsled eed ok e flaset | bR ddct deikawddhesbogiemntand
conbi ned therewith. The post processi ng 1 8 DE C 2002 41 section
illustratedvanld eiceptovilied pedk radethel elbwes tswerehpse8y,, 70§, 707
and 711, spectral anplitude snoothing section 706, spectral phase
random zi nge3aatimas in@d tdnel daka anfl theedloldak sefiriermén sgct(iLans] ¥P3 and
6. Weighted synthesis filter 701 receives decoded LPC output from LPC
coder 20lwirHdet puadiroysa)ldaste i dad & pekcl Sfecpdirametppar ateltsi d 0s .
construct the perceptual weighted synthesis filter, perforns wei ghted
filterivog 19ipmocessismeoh t hieosyr hesi zatiiopeesgh singniase outywlithf r otthe
synthesis filter 209 or post filter 210 in the speech decodi ng apparatus to
out put to FEhawackerilst isecuoh That EEVek9cabsA ngpwelt equeilly peahdr ns
FFT processing 15 on the wei ghting-processed decoded signal output from
wei ght ed syarleesliftield.erwhien) smdhowa poprdse spectpassedpl thndeghbAtheo
first threshold setting section 703, first spectral anplitude snoothing
section 706haghfpass fidcdienl pHARE ranBerikz ik thetispegogum@IFvays
threshol d setting section 703 cal cul ates the average of the spectral
anpl i tude cappfarErAuRdr theced§i-of Sdteanersy &t nkhel f iflitementy
signal conponents, and using the cal cul ated average as a reference, outputs
the thridshols Bfifeetiviesitperprfl Bhampnifagmasdos I hgsyed idDrPTdE and

first spectral phase random zing_section 709. FFT processing section 704
per f or s FP?mek%s§Mﬁftrum' In other words, it 1s possible to

extract the characteristics of peak and valley of the
. spectral envelop of an input 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 constitution, it 1s possible
to separate the speech region and stationary noise 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



~ B DEC 2a02 42 on the synthesi zed speech signal output fromsynthesis
«filter 209 and post filter 210 in the speech~decodi ng appar at us, {§{DEE £002
the spectral anplitude to node selection switches 705 and 712, adder 715,
and second 5 spectral phase random zi ng section 710, and further outputs

t he spectral phase to node sel ection smﬁé&h 708. Mode sel ection switch 705
receives the node information (Mde) output from node selector 202 in the
speech decodi ng apparatus, and the difference 10 information (D ff) output

from adder ¢33 apd4didges ehetbek sies dreodesl 8498l dd g@%@ysheﬂélmte

processing tinme is the speech region or the stationary noise reglon.

sel ection swih&he #9035 Q%@Qﬁ%&%@zgﬁd%@'ﬁ?f%\ﬂi@t%‘ﬁ 4Gt O, MOER JHd0Es that

t he decoded signal is the speech region | e connecting to first

spectral a{*ﬁbietfidfci@?ﬁt hing seetpar 7Q6 vwmwdgﬁwméeahea

b g
signal is e stationary noise region. First spectral anplitude snnotﬁing

section 7065keGei ¥8S eRE. SPEGHERIr riTPt 1 {Ude t3A tigat ﬁBTovfer Pr5ELseling,

processi ng section 704 through node selection switch 705, and perfor

snoot hi g pi 9GRISH i 1 8 t3idi2le AUPLD PV wak tdh Bcfill QRUEIIC ¥ 18 5 AT H1EE DY
the input first threshold Thl and wei ghted spectral anplitude WSAI to

output to npde £l #€kisOBhEM § e at0pretiEc febar fbBaldudl Yot &g 2Pofi GRS
conponent with the frequency to be processed for snoothing is performed by

det er mi ni nggwhAgites etiha. gei phrethspeet rdd @lRpiuitudeo VoA 1 ¢ &a AN o £ Qe 8"
| ess t han 1 8 DEC 2002 43 the first threshold Thl. In other words, the

snoot hi ng pﬁgg@&ﬁéﬁlg efedtheonpeQio.al anplitude SAl is perfornmed on the
gnhal conponent with the frequency i such that WSAi is equal to or |ess

an Thl. The snoohhi agda ti®sesss gceedutas dhe piesdDotiow t ¥elsidu e Of
the spectral anplitude caused by the coding distortion. In the case where
the sm@ hi pgwiermoceadinglasiper fosoedow t B1Bhel ARthypesampr eased iméArt he
equation (1), the coefficient cx can be set at about 0.1 when the nunber
prediction residual power calculation section 614, it
is possible to share one component as the sections 614
and 618.
Second static characteristic extraction section
15 603 for gquantized 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 gquantized LSP
parameter of the noise segment and the current quantized
25 LSP parameter input from square sum calculation section

613, the quantized linear prediction residual power

input from linear prediction residual power calculation



10 of FFT points is 128, and the unit processing-tine is | Ors. As node

sel ection switch 705, node selection switch 707 receives the nod
information (Mode ) output from node selector 202 in the speech ﬁ&@&%&““z
apparatus, and the 15 difference information ( Diff ) output from adder 715
, and judges whet her the decoded signal Hﬂ the current unit processing tine
is the speech region or the stationary ndi'se region. Mde selection switch
707 connects to node selection switch 705 when judges that the decoded 20

signal is the SPEEAN 690 ON.adli | €ng0MMaEtialEd O fi£simaRad A al o AMPLAEUME
snoot hi ng section 706 when judges that the decoded signal is the stationary

noi se regl oo 1ipbidant Lsesulded fohhe sl agnbla! tyrgRde val fehban

switch 705. An "out put node sel ection switch 707 is 25 connected to | FFT

processing §gGtd@RatdQn Madar S6h&LE6 ON BWielrthug3id $ha swiiteh Pha WRigGh t he

i '
output is swtched synchronously wth node sel ection ~ 8 DE C Q02 44

switch 705. sl;{%ﬂ;cﬁe&%@i&n gWitlecht 198 e 609 MRif4 ST QhiatH &P &Efode)
frode and t he

out put from selector 202 in the speech decodi n§g appar at us,

difference LoforfatiDiutDsibhaquiR of HABAME! s dRa13NA H ¥IQL T MBREDET

t he decoded signal in the current unit processing tine is the speech region

or the stat,ana Y FOLES s180F AimdDIOE £ Cd ERNCSYH b A0 GAVIPEES tRe
second spectral phase random zing section 710 when judges that the decoded

signal is thagpeechesagi ®ntoWhidlde cdebeetiiith 80oho slddsiofipectr al -phase
random zi ng section 709 when judges that the decoded signal is the

stationary meirss sipett Dfic Méehpddgarniutgdiuwld whe tiher i@ iaspd baii dyatode
| ection switch 705. In other words, node selection
is a speech region is descried later using FIG.S8.

10 on the other hand, an output from second
characteristic extraction section 603 is provided to
voiced/unvoiced judgment section 620. Volced/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 prediction residual power calculation
section 618. Then, using these information,

" voiced/unvoiced judgment 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 speclfic voiced/unvoiced
judgment method is descried later using FIG.9.

Mode determination section 621 receives the judged

25 result output from speech region detection section 619

and the judged result output from voiced/unvoiced

judgment section 620, and using these information,



switch 708 is connected to first spectral phase 15 random zi ng section 709
when node sel ection switch 705 is connected to first spectral a ?igg@ezmz
snoot hi ng section 706 , and node selection switch 708 is connect to
second spectral phase random zing section 710 when node sel ection switch
705 is connected to node selection 20 swaxh 707. First spectral phase
random zi ng section 709 receives the spectral phase SPi output from FFT
processi ng section 704 through node sel ection switch 708, and perforns
randoni zi ng drbesrdings amads gfathesiebrpondanad { Rradecodieshsyl atea ki ni ned
by the input first threshold Thl and weighted spectral anplitude WSAI to
out put to node tded CITBHANEWRRER PXOC ngt hbAefbp ocutpBtREC Thoe miGre
determ ning the signal conponent at the frequency to beprocessed for
randomi zi ng sipe¢ché isanBodgy atasFdf¥indemathadng ¢ hdesiapidredonipobent at
the frequency to beprocessed for snobothing in first spectral

anpl i t ude5snopimgng IfeckPon 706. In other words, the random zi ngprocessing
of spectral phase SPi is perforned on thesignal conponent with the
frequency i such thmta ipseqadithergh ARSEYPRaBETHIL O i speedras
phase random zi ng section 71010recei ves the spectral phase SPi output from
FFTpr ocessi idi&sesmpert bdong t fetdie hodRdsave®a @ SALCEH FbBaRd St bo hs
random zi ng processing on_a si%nalponponent with a frequency determ ned by
the input sédondthfeSfRW RSP and SpBeYr Re RpFfinde g'ﬁ? PRréemmutthe

t 0l15node sel ection switch 711. The nethod for determ ningthe signal
conponent asMARLRLBGIeRAA t ABETFHISce SBHFBL RN BY nguFdng ni9®rero

‘at in first spectral709 | th i i ion. n o ng sect er words, the z
methods.
10 The detail of the speech region judgment method in

the above-mentioned embodiment is next explained with
reference to FIG.S8.

First, in ST801, the first dynamic parameter

(Paral) 1is calculated. The specific contents of the

15 first dynamic parameter is an evolution amoupt of

gquantized LSP parameter for each unit processing time,

and expressed with the following equation (3):

@ D(t)=. Z] (LSi(r) - LSi(t - 1)’ (3)

LSi(t): smoothed quantized LSP atltime t
Next, in ST802, it is checked whether or not the
20 first dynamic parameter is larger than a predetermined
threshold Thl. When the parameter exceeds the threshold
Thl, sincelthe 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



phase randonr andom zi ng processi ng of spectral phase SPi is20perfaorned on
* the 'signal conponent with the frequency isuch that SA is equal id SEG 2882
t han Th2i. Mode sel ection switch 711 operates synchronousl yw th node
selection switch 707. As node selectionswitch 707 , node selection switch
710 receives the node25i nformati on (Mdde)gzout put from node selector 202 in
t hespeech decodi ng apparatus, and the differenceinformation (Diff ) output
from adder 715, and judges 1 8 DE C 2002 ' 46 whether the decoded signal
in the currpatametepr deessqaglt ite ¢5 lLbesspdenh thei ahmsshbedstmiipnary

noi se regi on. Mdde selection switch 711 connects to second spectral phase
random zi ngss@eid ame 28 otheni prndames unitad £t tice Hukestded si.gPapairantdwe speech
region, while connecting to first spectral phase random zi ng section 709
when j udgesikhamdlie, detedpdosiegsin gsptheesidd itoma@ T8 08i, sande@fuarthedhe
judgment result is the same as that by node selection switch 708. An out put
of node sel peoicaredd 2w tsheplsl fercgnbpentt pridddspimgeseing echenn
720. As nopde selection switch 705 , node selection switch 712 receives the
node i nfsor npar@mé tade ) out put from node sel ector 202 in the speech
decodi ng apparatus , and the difference information ( Diff ) output from
adder 715 , and 13n 88862 wwdtdrerthane& idesbdigthamgicaparantdice cuks euabi t
processing tinme is the speech region or the stationary noise region. Wen
it is judgetot har thesgecttea sitineal thgerholfie Bhdechthegi pnocessihg
stationary noise region ) , node selection switch 712 is connected to
out put the goospeedsal tanpsTB80de SAheweputhér omuMPRIDr odess ngesectteéon 704
second spectral anplitude snoothing section 713. Wien it is determ ned
at the detodddtative of the number of times the stationary noise
10 region is Jjudged 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 counter equals to or 1less than a
15 predetermined threshold ThC, the processing proceeds to
ST804, where it is judged whether or not the input signal
is a speech region using the static parameter. On the
. other hand, when the number of the counter exceeds the
threshold ThC, the processing proceeds to ST806, where
20 it is judged whether or not the input signal is a speech
region using the second dynamic parameter.
Two types of parameters are calculated in ST804.
One 1s the linear prediction residual power (Para3)
calculated from the quantized LSP parameters, 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



signal is the speech region, node selection swtch 712 is di sconnected, and
therefore the spectral anplitude 25 SAl is not output to second.ﬁBe Etahmz
ahpl i tude snoot hing section 713. Second spectral anplitude snoot ng
section 713 ~ 8 D E C 2002 - 47 receives the spectral anplitude SAi

out put from FFT processing section 704 t@rough node sel ection switch 712,
and perforns the snoothing processing on §ﬁgnal conponents at all frequency
bands . The average spectral 5 anplitude in the stationary noi se regi on can

pe obt ai ned a0+ 1P XY Ry £ PE82H 8P Pak SHOOLBNInRIP IR 11K L art Ne

sanme as that 1n first spectral anplitude sioothing section 7

addi ti on, \g/pggera’@e%iw eld £ 8 Welhts Gl us i § AW B¢ 1IhE 3R ¢ POn 713

does not p m 10 the processing, and a snoot hed spectral anplitude SSA

of the statignaiye n&iﬁeﬂag{reno_fmﬂgwdssoﬁ 25LrBHOLessed, 1k k%vmlttné[ge
snoot hed spectral anplitude SSAI processed in second spectral anplitude

snmoot hi ng pPreGesSsi Afasepe@t JiBohSradtikittal G SFbaytsadd &b M&j[%éf-cond

threshold setting section 716 , and node sel ection swtch 718

section g7144el ys yiifs 1 Hekt _'éneutﬁq&anfaemase@wée%oegé?aﬂe | jppde
snoot hing section 713, by a unit processing tine to output to adder 715. 20

Adder 715 cghQi@tsredtdid ef 868 belawrstiba seralded1Spesid2l1 fnpséfude
SSAI of the stationary noise region in the last unit processing tinme and

the spectrahgsampl cirddee SPbni b hEheUV &k e BNiuin v DEEESI NYA§MBRA tH.0 OvhBUtL tO
node switches 705, 707, 708, 711, 712, 718, 25 and 719. Second threshold

setting sechi@¥rd#neel S 1heotMeshohd BRI usiighiwsSranef eseaesd heor
‘mot hed spectral _ . '

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 existing the

spectral peak at the lowest frequency band. Therefore

it is preferable to obtain the varlance using the data

15 from i=2 to M-1 (M 1s analysis order) in the equation

(2) without wusing the difference information of

neighboring orders at the low frequency edge (i=1 in the

_. equation (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.



~ 8 DE C 2002 48 anplitude SSAi of the stationary noise region output from
> second spectral anplitude snoothing section 713 to output to secqr§l DEC 2002

spectral phase random zi ng section 710. Random spectral phase generating

section 717 5 outputs a randonmy generated spectral phase to node sel ection

switch 719. As node selection switch 712 , node selection switch 718

recei ves the node information (Mde) out ﬁt?t from node selector 202 in the

speech decodi ng apparatus, and the 10 difference information (D ff) output

(v om adder e od, | 19955 0 D K doeRUedshandda dRed el

processi ng Speech® r &gion or t ona

i ton 510 Poel Ynd fe A0 ROM 400G 1ok (A1 IREREY AN QN s TRAZ AT S8R’ O

switch 718 connec 0 output "an msecond  specCtra

anpl i tude supQLY 0go36eti Of, 7 LOGLEET RACIssd Nt aech gi 120, et s

cod srghal I's not e speech region (s lonary

noi s reg! op) dinden 86l Rl WLEGHHS 2 lhgeonnsnd echnand ddiec of ppg 20

t he out put spectr i tude snoot' hi ng section 'S no

outpu P, | FER ARGE>S 083 oby72s ieandl obhiom NIy e

SW tche&’ sy‘r';(i,l ronously w node | ec SWtc

SWLeh 718 o U0G% PEhCH D JULLehSdS ERCCIIFEERhS LG sL YYPEAE

(Mbde) out puat from node sel ector
presence or absence of the formant structure, thereby

lowering the judgment accuracy. Accordingly, ocbtaining
‘ the varliance with the neighboring LSP difference
10 information at the 1low frequency edge eliminated
prevents such deterioration of the accuracy. However,
since such a static parameter has lower judgment ability
than the dynamic parameter, it is preferable to use the
static parameter as supplementary information. Two
15 types of parameters calculated in ST804 are used in
ST8O0S.
Next, in ST805, two types of parameters calculated
‘ in ST804 are processed with a threshold. Specifically,
in the case where the linear prediction residual power
20 (Para3) is equal to or less than a threshold Th3, and
the variance (Para4) of neighboring LSP region data is
equal to or more than a threshold Th4, it is judged that
the input signal is a speech region. In other cases,
it is judged that the input signal is a stationary noise

25 region (non-speech region). When the stationary noise

region is judged, the value of the counter is incremented

by 1.



202 in the speech decodi ng apparatus, and the difference information (Diff)
output from adder 715, and judges ~ $ DEC Z~O~ - 49 whet her the qﬂ§948ﬁ2
signal in the current unit processing tinme is the speech region og e
stationary noise region. Wien it is judged that the decoded signal is the
speech region, node selection switch 719 45 connected to output 5 an out put
fromrandom spectral phase generating section 717 to Il FFT processing
section 720. When it is judged that the decoded signal is not the speech

region (is stationgiysnensg me@ Wegondagaantl®d CamewelrC Pal®aby is
di sconnected, and therefore the output fromsecond 10 random spectral phase

generating seglitQnatlddis male sutpuid 8y nldntic pacanstie 58 by it eFFT
processi ng section 720 receives the spectral anplitude output from node

sel ection swii@hca®Avé hefspecting 1 pbaty Al Préel berbwese ShleecvORagwi tch
711) 15 the spectral anplitude output from node selection switch 718 , and

the spectralqwhasa zad MEPfparanmeice selrcai prevaciions 7491 bn aney fo6 1seFFT
processi ng, and outputs the processed signal. Wen node sel ection sw tches

718 and 19 ¢ ¢1i0nsenihethedgquladi pedcesSH nuasameiter 720 Ehet ransionms t he

spectral anplitude input from node selection 707 and the spectral phase

i nput from npget Spreckisanisyit the7landnspex ifthtapayt, apeetwpreasdd in

i magi nary part spectrum of FFT, then perfornms the |IFFT processing, and

out puts the tteal egpratbbnt hed)esuis amtbtained as the square sum of
different values obtained for each order using the

. above-mentioned two types of quantized LSP parameters:

E(t)= ZZI(Li(t) ~ LAz')2 (4)

10 Li(t): guantized LSP at time t

LAl: average quantized LSP of a noise region

The obtained second dynamic parameter is processed with
the threshold in ST807.

. 15 Next, in ST807, it is determined whether or not the
second dynamic parameter exceeds the threshold Th2.
When the second dynamic parameter exceeds the threshold
Th2, since the similarity degree to the average quantized
LSP parameter in the previous stationary noise region

20 is low, 1t is judged that the input signal is the speech
region. When the second dynamic parameter is equal to
or less than the threshold Th2, since the similarity
degree to the average quantized LSP parameter in the

previous stationary noise region is high, it is judged



25 as a tinme signal. On the other hand, when node selection switches 718
and.719 are connected, | FFT processing section 720 transforns ttlpssgggtm
anplitude input from ~gDEC2002 50 npde sel ection 707 and the Spectral
phase input from node selection switch 711 into a first real part spectrum
and first imaginary part spectrum and further transforns the spectral
anplitude input from node selection 718 ahtd 5 the spectral phase input from
node sel ection switch 719 into a second real part spectrum and second

i magi nary part spectrumto add, and then perforns the | FFT processing. In
ot her wor dsthaSulify IMhREtaSdgnayl r 281 the tSTat dppamed ey seddiagione
first real part spectrum 10 to the second real part spectrum and that a
third i magi A& Pats Loptien&P Wt a8dikTg Jt%%rgi“!aé‘ttqcﬁab?nér WheRt the
spectrumto the second imagi nary part spectrum the |FFT processing is
perfornmed udifRPEngiORad %aﬂuégﬁd Gt ant kA 1R FBYi Hﬁdisrﬁarﬁleﬁgpt“
spectrum At the tine 15 of ~adding the aboye-nentioned spectra, the second
real part spectr uﬁql};ﬁ'lcfi%EE‘Eyljrd°ifn§g'i%é(ﬂF$%??u§H€&?%% Legian siidgBenty
constant _tines or an_ adaptively controll eg varj able. For exanple, at the
time of AddMffFRAL aB&/e-tr%ti%hQHesTﬂbec‘” onggy SRRAGIMENt pat® spedt um
20 is multiplied by 0O, 25 and then added to first real part spectrum
and the sec&ﬁ‘(P]r?rﬁéieﬁIar‘gliB r CeGfCERE/ it n!it.ufie’i';gl'i ed by 0.25, and then

added to the first_.innginary, part ecirum thereby aopbtaining the third

real part spectru%ﬁiaﬁfagt hi r)(;" rragisﬁg?r(ﬁ part ftsip'éigféﬁ &% Thé& okt prddéssi ng
nmet hod previ ousl y.descr, bed i s next expl gi ned usi FI GS. 11 and 12. _EILG 11

‘s a flgmhé’ﬂe’%%{?‘ﬁg‘terrﬁi njgssp‘éf‘,‘ﬁ“ﬁ%l$€%§es§irﬁé“ of RRe AUBNd Iy edc S5

parameter in the current unit processing time. The

10 reflective coefficient 1s calculated after the LSP
parameter 1is converted into the linear predictive
coefficient.

Next, in ST902, it is determined whether or not the
above-mentioned reflective coefficient exceeds the

15 first threshold Thl. When the coefficient exceeds the
threshold Thl, it is judged that the current unit
processing time 1s the unvoiced region, and the

. voiced/unvoiced judgment processing is finished. When
the coefficient is equal to or less than the threshold

20 Thl, the voiced/unvoiced judgment processing 1s further
continued.

When the region is not judged as the unvoiced region
in ST902, in ST903, it is determined whether or not the
above-mentioned reflective coefficient exceeds the

25 second threshold Th2. When the coefficient exceeds the
threshold Th2, the processing proceeds to ST905, and when

the coefficient is equal to or less than the threshold



51 postprocessing nmethod in this enbodinment. First) in ST1101, FFT

| ogarithm c spectral anplitude (W5AI ) of a perceptual weight ed‘r PnBFE ?mﬁnal
(decoded speech signal) is calculated. 5 Next, in ST1102, the r

threshold Thl is calculated. Thl is obtained by adding a constant kIl tothe
averageof WBAi. The value of kl is determ nedenpirically,and, for exanple (
about 0 . 4 in the commonl ogarithm cregi oh® Assumi ng that the nunber of
FFT10 points is N,and that the FFT spectral anplitude is WBAI (i=1,2,...,N))
t he average of WSBAI. is obtai ned bycal cul ati ngth verage value of an N2
number of WA hecdie RERCES SRIePEP <A Srggpgcfg?ﬂ)'the boundar yof i=N 2
andi =N/ 2+1. 15 Next,in ST1103, FFT |logarithmc ectralanmplitude ( SAi ) and
FFT spectral phasd"ReBpin¢ afpoys- g?@ﬁﬁ:r?gg&ﬁfe’d"% éé%#]géFdﬁQS 1Shat

i s not t i ghted i scal cul ated. Ne in ST1104 . th tral
i t1orence (DAL PR oL SBSCHIAN aFBR. SRPADCEPFASRR A oFBAca N SRR Aot a

ost dual” spect gl 204 1ESaRY SUDLERE! RO e et g, FRT  ogprim ¢

SLet LoneLy, ol S, CoRLen LLPILENS ur (U LTG0 LT Gospog i A vt
(o ) udoe, whslier flo 0% 48 ST aRG-POURr | 4 aEee e L aygrags pover
|anger han LSRG RONST ol pthe SLALL GRELCII G0 oGk LG 4 Sl oo
o T RIS AT, 00 SRR b,
phcodedst gnalyf+ LUIORE A4 SRR LSS EEOLINRR S 4yl Bithe

i n ot hep worgs; cWRSdvd $ cleldd hah o ierdeeedad, §! Eakdﬁﬁéﬂgd

stationaryn0|se region preV|oJ£iy§mnth sone extent o? stéb ity, the
processing proceeggdR $hielOdbokd Inflen PiBNe £FagE 1R A DEE WY HSE 5 WS it

is little judged that the decodedlb5signal is the stationary nolse region

previ ously, esH g QL h i nc t 106
and ST1107 ieg&?ﬁ%tagt ﬁ?%pggthr al g???gfgr%%&?r%aﬁflésfﬁggd g:rr@;loﬁgggap

judgnent crid.&lhpBt1H1e SO8EhuH Wigdwé 8nes ERI1IdU 14 Ee@ahaulsaigsls USi Bg of he
average FFTZ0l ogarithm c spectral "anplitude (SSAi) in the regionpreviously

judged as the $tati PEN L ER FESILANA 1 RN 1 SeFL Al a¥ed@de tE the
| ogarithm c spectral anplitude (SSAi), it is necessary to use a

previ ousst algiat ¥ ze@ SESPegisOrcom¥draed!ffn coerhd i Ienéargipgiiboi ceare
extent, and therefore ST1105 is provided. Wienthere is no previous
stationary rajeefiedieantiv th asufficient tinme length, since it is
consi dered that the 1 8 DEC Q02 53 average FFT |l ogarithm c spectral
anplitude ( SSAI ) I[a nBT 9 adhull bowfing eSM9Q5 t hel pr dcesslege rainrtdnded
. proceed to ST1106 in which the spectral difference ( Dff ) is not used.
e initial wied tikeof dihenoduntiee iaddve SmEettionadSTlildeaor Fdddétiidn i s
j udged whether or not the decoded signal is the stationary noise region.
residual power exceeds the threshold Th4. When the
20 power exceeds the threshold Th4, it is judged that the
region is the unvoiced region, and the voiced/unvoiced
judgment processing is finished. When the power is
equal to or less than the threshold Thd4, it is judged
that the 1region 1is the speech region, and the
25 voiced/unvoiced judgment processing is finished.
When the above-mentioned reflective coefficient

exceeds the third threshold Th3 in ST904, the linear



In ST1106, it is judged that the decoded signal is the stationary GdEE 2002
region in the case where an excitation node that is already determned in

t he speech decoding 10 apparatus is the stationary noise region node. In
ST1107 , it is judged that the decoded signal is the stationary noise
region in the case where an excitation e that is already deternmned in
the speech decoding apparatus is the stati‘onary noise region node, and the
15 spectral difference (Diff) calculated in ST1104 is equal to or |ess than

the thre.shO]pgg,ge ok on' 10816k OagTépleZert 1% PEQEERT L @' 2iCYdR § 9 STLIOS

when it is nal”Is the stationary n0|se regi on,

whil e the process&qgs&rg%@e%ffoﬂﬁalfs%%%n bk {8 dél@&fﬂﬁ{@& {x?g
S, at t he

decoded signal is not the stationary-noi se regi on, in other wor

decoded si gngl i t@ﬁespde@goerﬁg'n%oy\éanllltnéérJyégatiéé%n.t Q%sdf&ggﬁ
A% next

signal is I onary nol se region, the snoothling processing 1S

per f or med ; %L&l%%gea@ 2h &H%e% PeerET 'ﬂa@rlggl@lgg)ef%gnsé% gs )

of the stat Shary Toi se region . e equafion in
constants i ndhgatiyfe sho B Driks ¢ gl:) 9.25 judged that the region is the

unvoiced region, and the voiced/unvoiced 3judgement
processing is finished. When the power is equal to or
less than the threshold Th5, it is judged that the region
' is the speech region, and the voiced/unvoiced judgment
10 processing 1s finished.

The mode determination method wused 1n mode
determination section 621 is next explained with
reference to FIG.1O0.

First, in ST1001, the speech region detection

15 result is input. This step may be a block itself that
performs the speech region detection processing.

Next, in ST1002, it is determined whether to

. determine that a mode is the stationary noise mode, based
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 (stationary noise region), the mode
determination result indicative of the stationary
noise mode 1is output, and the mode determination

25 processing is finished.
When it is determined that the region is not the

stationary noise mode in ST1002, the voiced/unvoiced



54 of an intensity of snoothing in the range of 0.0 to 0.1. /3 may be about
0. 1. when the nunber of FFT points is 128, and a unit processing tiﬁ%ﬁ%iﬁ@h
| Ons (80 points in SkHz sanpling ) . The snoothing processing F%ap
on all 5 logarithmc spectral anmplitudes (SAI) i=1,...,N, Nis the nunber
of FFT points). Next) in ST1109, the snoofhing processing of FFT
| ogarithm c spectral anplitude is perfor % to perform snoot hing on the
spectral anplitude difference of the 10 stationary noi se region. The
snoot hi ng prQ i i sa at; | . Hpypye {he t hi ng
processi ng ijn&‘%a@fgg iIge%l{c])?tpglrr?o?ﬁggr%or%dalr?'§géé%§i t hm c¥s%)epcetﬂr]arpggo%e
anpl i tudes (_SA t d | np t w rn[ C

DAy o8 NYILI FRd e @ sdééf'f‘brﬁn% U PoliBe fE R

such that the perceptua i ghted ["fogarrthm c spectra

is equal to h l.d, Thl. r in the equation in ST1109 is
t he garre as ‘f%tégﬁ'éfﬂ%% ‘;nrt(f%rrgégﬁ'g e the same val ueqas (3 . Partially
snoot hed | ogarit hm I intaude ([ bt ad i 9. |
Next, in ST1110, ﬁhgligﬁggﬁf;i%gﬁgfﬁges§§?§?i?°§§ffd§%§§gSﬁHFﬁgiégT £
spect 1 al 5 PNgpg, ¢ J0g JANOMLE UL R RECITd¥hes RA HARE. 98 21 W8l ced

conmponen a Selected tfrequency in the same way as in the snoothing

processi ng I{éﬁéﬁo%o%énoql heh e WITdfo 1 c8d ir‘lsgfir&ﬂo%odé h?a%@d agfomzl ng

processing is ormed on the signal conponent with the frequency i such

t hat the per, I ' I i } C ySRaet £ al int U (VN qual

18DEC Zﬁ'&gp%%at/%&?xégg tﬁggbﬁ\éﬂ hr eshoﬁj Thﬁm%\?l tﬂli%;'sa pol n%’fneﬁltterray

be possi bl eztegﬁ?ﬁ T ahdiGatavR VeEUe s b!&i%Té_éOQ'e@hfjoﬁlS(trpé’sﬁl'oqéa to

et Thl at a different value adjusted to obtain higher subjective quality.
addi tiongdrsandea€ibn) dds$TE1 i d ScatAveerbsaltnel ¥8 1lcadi pa ghlghn - 2

TC to +2 TC generated randomy. To generate random ( i ) , it may Dbe

possi bl g9t 0 (dET 2kE ot t FREOMaTDER e NRVGIdE E¥EEY rivitRat IBnSPMHbEessin

conputation anmount, it nay be al so possible to hold pre-generated random

nunbers in a4 abigidbed. usghvhi it ivicid adiyng vdeceantadignahtt hesiald e

for each unit processing tine. Wen the table is used, two cases are

consi dered tjhat thaicentEwes @ff t hehktablumveigedd Wwédouh nodiKécamiode and

that the contents of the table is added to the FFT spectral phase to use.

15 Next, in ded#hinmtcoopl ex skl sipedicamive gefiethtedniicdmétierEGLon

| ogarithm c spectral anplitude and FFT spectral phase. The real part is

obt ai ned by nedeir hsnguttpu €FT alnglyat & hmiodl es pde t eatim Jangt L bund e rS5Ae s stim@n t he

|l ogarithmc region to the Iinear region, and 20 then nultiplying by a

cosi ne D5 aispectmelsiphdse RER2| deFlribadi rabgveart usd nabt dihveedspgech

returning the FFT logarithm c spectral anplitude SSA2i fromthe |ogarithmc

region to thediopadetagtohonamesnbh mﬁgnxwypﬁgﬂﬂﬂﬁpépﬁd(ﬁudgeegﬂxnra

phase RSP2i .
the modes of the input signals (or decoded signals) in

. a current unit processing block are classified 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

embodiment, combined therewith. The postprocessing



25 Next, in ST1112, the nunber of the counter indicative of the r([a)a' (En
judged as the stationary noise region is incremented by 1. 1 B8 E cZ28020z
56 On the other hand, when it is judged that the decodedsignal is the
speech region (not the stationary noiseregion) in ST1106 or ST1107, next in
ST1113, the FFTlogarithm c spectral anplitude SAi is copied as the5snoothed
| ogarithm c spectrum SSA21. In other wordslthe snoothing processing of the
| ogarithm c spectral anplitude is not performed. Next, in ST1114) the

random zi ng processing_of the 8er_for nmed. The random zi ng FFT spectral
hase i s10pr §&%51AY i lﬁé‘rsftd’rffgﬁ ont® dilfal dohp®Fideah Wddihecmede
frequency as in ST1110. However, the threshol dfor use_in selecting the
frequency | SSFRCFRPT BYL LERRF ueld? ai k¥ by Wl PR Jonst arfiPRE tEGISSA
previ ousl yobtai ned in ST1108. This threshold equals to the

second15t hr &I HTRAS | APRPENELNYn 54t 1QBr ds? 0% her SRRFL Fiddg~oPhafe

spectral phase is perforned on asi | comanent wth a frequency such that
t he spectralrzi‘rﬁﬂ?‘f‘g&ém% SqaFters; ﬁ§% a V&p@&’f?élh I?%/EEIE—I'BIQ t he

stationary noise, reqi ONext,_ jin ST1115, a conpl ex FFT spectrum
i sgener at ed s@r‘b‘?ﬁ?ﬂg %nl'—gl'gl Sﬁéri"t]héjn' c spectral anplitudeand FFT spectral

h . Th I Ny ' byaddi h I ' b '

Phe. FFT1 ogar |+t LR Al SRREMS e ‘SoAbe™ 75 | REsaruar e nhAed Lhfon 1 o

RSP21, and a VALBE DL B oy SUTTF Bl SPAYLE SRELB=O0t BPREA Togte s o hoBHE C

2t 102 57 ' he, FET | ' ] | i SSAI_ f

‘Egarithm’r CSRAoN PSSP aRPIRg R By o DhafRiay We Bancebihade

don2(i), d furth |t pLyERg.th lL.tant_ by th . k5. The 5

gt nar y pARL PAE R Sy PaERA s 5. TR Eb I HeddRssY Bl berdnone

FFT | i thm I | i f I i_t-hm [ to th

[ noar Tegi Bt SSREER R H bR g ired HBASER PRBRaL B FLpSE Bigh? 1 "°

RSP21, d t ad tdplyi bt ai b [
o T AT 30060 a0 48l v 2t A otLal ek Bt 19

the linear RY apdieaPhst 88 RAGBER! tBheFe AWIOILsGg)
further nmul Il%gIé;(?Ilgﬁt hg%res‘altgnt by the constant Kb5. Tﬁ%scon%tsa?l?eggnl
the range 0543 0 to 1.0, and 15 specifically set at about 0.25. In
addi tion, k5 may be

FFT processing section 702 performs FFT processing

S in

15 on the weighting-processed decoded signal output from
weighted synthesis filter 701, and outputs a spectral
amplitude WSAL1 to first threshold setting section 703,

‘ first spectral amplitude smoothing section 706 and first
spectral phase randomizing section 709.

20 First threshold setting section 703 calculates the
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



an adaptively controlled variable. It is possible to inprove the subjective
qualities of the background stationary noise in the speech regiBnDEE 2002
mul tiplexing the average stationary noise multiplied by k. The 20
randon2(i) is the same random nunber as random(i). Next ( in ST1116 , |FFT
is perfornmed on conpl ex FFT spectrum (Re(S2)i, In(S2)i) generated in ST1111
or ST1115 to obtain a conplex (Re(s2)i, 421(s2)i). Finally, in ST1117, the
real part Re(s2)i of the 25 conpl ex obtained by the IFFT is output.

According to the nultinode speech coding, a rat.us p

i nventi on, osi rdee t HENESE SkZ ABdEPSE GHh gﬁgi gul‘l_rl)pélo% é%g)ﬁ\ Eg%ggci:%ﬁéscodi ng
section is determ ned using the codedresyl.t in_t fi di ction, it
i s possi bl €itlopeovi2dd t3RAsBOSTI £bUFRG ?e]t:q i ON \Eug'?h %Qiéeegngll tdl%ogg\%\nhphout

addi ng any new i nformation indicative of a node,5 t, y i marsave t he
codi ng per agpmnasus t RSLRBASt i CHS oﬁ%e%%aﬁod%agvﬂ%:&gg t8 ! g

sectionswitches the node of the second cadjng secti at d
exci t ati on seebe ot 13l rRWikehqant P 24P gﬁe%]eralgﬁtﬁ canl‘{l\g/é %r}&gpgéghlﬂ%

spectral characteristic,10whereby ip the speech codi apparsat
encodespar ameetsailndpbé‘tﬁﬁleréf"%ﬂ%%??ﬁlg c %?gétog‘ri Z?L?’c's gﬁgga?g%t%%

indicative of the excitation vectorindependent| f oLN8k.cH B d .
possi bl e t @pepuitdethe ERATHTBL Pﬁ@s& Pt 'g(fglﬁgng\?g&%?fgmnt %Q?’ﬁec

mul ti nodel5w t hout increasing new transm,ssi in 1408, apdl hejgiore to
i nprove the codi r?éf’ﬂﬁrfﬁrerkﬁg‘é.l?ﬁ tﬁiwrslstggarge,pgf)nc%g:b{@% s possible to detect

t hestati onary noi se se nt using. d l har | B4 Leof0n dhe fmdee
sel ecti on, itlhéoé'%t?r‘i'Ja?ggEM\‘?é]t,e[)oroq‘%éllq%g]ﬁggﬁloaio ed%rvﬁ:?% the mul ti node

nproves the codi ngperforpgance for_ t tiongamnyg Noiwgfe SE0ARRETERBEr) I N
.thi s case, sheefdde %?%H&H& se&qpoé]n]gem’?b%ﬁes the mode of the processing

section that encodesthe exc] ion Ol U Ndqeant 18d Lokd judges
par amatl@rs,t@ﬁﬁ&%%‘é%@f‘oré)*%giss op%gé}grt‘):l 590 apply the presenti r?venti on

L e okt a5 b SR G s manpwoeses ins
ogi on are BABE, TRt EPS BBEA & Do T oG Re ] hagment of the stationarity

of the ﬂxmﬁggg ggga%%?éﬁog%ﬂ{bﬁnﬁwﬁmbonnects to mode selection

switch 707 when judges that the decoded signal is the

15 speech region, while connecting to first spectral

amplitude smoothing section 706 when judges that the

decoded signal is the stationary noise region.

. First spectral amplitude smoothing section 706
receives the spectral amplitude SAi output from FFT
20 processingsection704throughnmdeselectionswitch705,
and performs smoothing processing on a signal component
with a frequency determined by the input first threshold
Thl and weighted spectral amplitude WSAi to output to
mode selection switch 707. The determination of the
25 signal component with the frequency to be processed for

smoothing 1is performed by determining whether the

weighted spectral amplitude WSAi is equal to or less than



5 the coding performance for stationary noises. Mreover, in this se,
node switching section judges the stationarity of the quant i zed &@&al‘u

the previous and current quantized LSP paraneters, judges the voiced
characteristics using the current quantized 10 LSP) and based on the
judgnment results ) perfornms the node sel ection of the processing section
that encodes the excitation vector) wheréby it is possible to performthe
coding of the excitation vector while smntchlng bet ween t he statlonary

h d h d
Cheref or ot Bhei ot sty RBERRN L LERFor it & WY T reREA gt e SEOM Tt RBde of
th t at t di h th h d di
horaraus oPtRSSEdnd o f rEBal et Z‘%rqpf%%@gs.#e ¥§ BETAQTDRE case
that 20 th f d ded | i | d
pogsi bl e tgog‘oﬂ: r?/\??ﬁagt"r% g%cgrgpf%hgtnat Waé?écgggz erequr;‘géﬁgse&u)fébc}byg?ﬁg

b - ti t t t d { Furth

't he. Spectide0dd ng dhthr SLsCh! Th zg’tﬁ‘éeie‘ﬁF?. vetTon SR qERiE S
ble to_detect th t t

Char act o | SPFELSE id 1 o FERTRE | Sk LSS%% §3It”ed9%‘m”?ﬁ?%e%| EPfode

18DEC 2gpectral amplitude caused by the cod:Lng distortion. In

the case where the smoothing processing is performed

with the AR type expressed with the equation (1), the

" coefficient @& can be set at about 0.1 when the number

10 of FFT points is 128, and the unit processing time is
10ms.

As mode selection switch 705, mode selection switch

707 receives the mode information (Mode) ocutput from mode

selector 202 in the speech decoding apparatus, and the

15 difference information (Diff) output from adder 715, and

judges whether the decoded signal in the current unit

processing time is the speech region or the stationary

‘ noise region. Mode selection switch 707 connects to

mode selection switch 705 when judges that the decoded

20 signal 1s the speech region, while connecting to first

spectral amplitude smoothing section 706 when judges

that the decoded signal is the stationary noise region.

The judgment result is the same as 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



60 the excitation vector coding provided wth the multinode inproves the
codi ng performance for the stationary noise segnent. As descri b$d BIE&/@UZ
according to the present 5 invention, since the node sel ection of speech
codi ng and/ or decodi ng postprocessing is perforned using the static and
dynam ¢ characteristics in the quantized data of paraneters indicative of
spectral characteristics, it is possible 44provide the speech coding with
the 10 nmultinode without newy transmtting the node information. In
particular) since it is possible to performthe judgnent of the speech

r egi on/ non- §¥EEERRr 28Pon MP AT BRTEST RY Yty rsice hEegot begmode
regi on/ unvoi ced region, iévis Rossible to provide the 15 speech coding
appar at us addSPEBET IRR M AgedppRtRLs %ﬁ&'ﬁl‘l‘ﬂaetﬁ@lier?c‘i'%ﬁs%ezi APr SREnent
of the coding perfornmgnce the nmultinode. This ppligation,is based on
the Japanes&B®g#eht Xgﬁﬁ R9ns RBPAER}93861437F | efP6n Adddstedencrygs(
20 and No. HEI'l O 266883 fil ed 3£*Se tenber 21 1%%@, entire content .of which
i s express| ¢ ATREMAT AR (By ek ePAEEM hef EPR 38Tt riln - ABRIG cABABES, 25

Th (O ti ' ffectjvel | i cabl e t i cati t I nal
apparat s aMPSRRETSEEIBRCaAsH e A h IR hRGi CUFTARE JrodnRATE PORT

system ~t81',m|:)<=:EcisZttJher s%leecclz'ﬁ‘lrl\gsgion or the stationary noise region.

Mode selection switch 708 connects to second spectral

phase randomizing section 710 when judges that the

‘ decoded signal is the speech region, while connecting
10 to first spectral .phase randomizing section 709 when
judges that the decoded signal is the stationary noise
region. The judgment result is the same as that by mode
selection switch 705. 1In other words, mode selection
switch 708 is connected to first spectral phase

15 randomizing section 709 when mode selection switch 705
is connected to first spectral amplitude smoothing
section 706, and mode selection switch 708 is connected

. to second spectral phase randomizing section 710 when
mode selection switch 705 is connected to mode selection

20 switch 707.

First spectral phase randomizing section 709
receives the spectral phase SPi output from FFT
processing section 704 through mode selection switch 708,
and performs randomizing 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



A quanti zed- LSP- paraneter dynam c characteristic extractor conpr,isihg.
megns for cal cul ati ng an evolution of a quantized LSP paraneter1b€tgggﬂmuz
frames; neans for calculating an average quanti zed LSP paraneter in a frane
in which the quantized LSP paraneter is stationary; and neans for

cal culating a di stance between said avergge guanti zed LSP paranmeter and a
current quantized LSP paraneter. 18 DEC%2 62 2. A quantized- LSP- paraneter
dynam c characteristic extracting nethod conprising the step of:

cal cul ati ng

cal cul ati ng SR arRLRY. She sadtab Fophrol AP L e FréRi e Eno e
dad averagd TRETIS £S5 sagrEind e Bk Pt anB i CERA e er
ATy, A RS RETR AT ATR s enet FTPRRCT 3 £18 FHEIRPIERVC RS AY. @
arr av A BEORPERE TR AT A A e B e oA b
5 smoothing section 706. In other words, the randomizing
processing of spectral phase SP1 is performed on the
signal component with the frequency i such that WSAi is
equal to or less than Thl.
Second spectral phase randomizing section 710
10 receives the spectral phase SPi output from FFT
processing section 704 through mode selection switch 708,
and performs randomizing processing on a signal
component with a frequency determined by the input second
threshold Th2i and spectral amplitude SAi to output to
15 mode selection switch 711. The method for determining
the signal component at the frequency to be processed
for randomizing is similar to that in first spectral
. phase randomizing section 709. In other words, the
randomizing processing of spectral phase SPi is
20 performed on the signal component with the frequency i
such that SAi 1s equal to or less than Th2i.

Mode selection switch 711 operates synchronously
with mode selection switch 707. As mode selection
switch 707, mode selection switch 710 receives the mode

25 information (Mode) output from mode selector 202 in the

speech decoding apparatus, and the difference

information (Diff) output from adder 715, and judges
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TI 1" 1008 () PFF P E6 )SeﬁF )EAE QP IRRIL)2Y fé erigten 712,
and performs the smoothing processing on signal
components at all frequency bands. The average spectral
5 amplitude in the stationary noise region can be obtained
by this smoothing processing. The smoothing processing
is the same as that in first spectral amplitude smoothing
section 706. In addition, when mode selection switch
712 1s disconnected, the section 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 1in second spectral amplitude smoothing
processing section 713 is output to delay section 714,

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

Delay section 714 delays the input SSAi, output
. from second spectral amplitude smoothing section 713,
by a unit processing time to output to adder 715.

20 Adder 715 calculates a difference between the
smoothed spectral amplitude SSAi of the stationary noise
region in the last unit processing time and the spectral
amplitude SAi in the current unit processing time to
output to mode switches 705, 707, 708, 711, 712, 718,

25 and 719.

Second threshold setting section 716 sets the

threshold Th2i using as a reference the smoothed spectral
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amplitude SSAl of the stationary noise region output from
second spectral amplitude smoothing section 713 to
output to second spectral phase randomizing section 710.

Random spectral phase generating section 717
outputs a randomly generated spectral phase to mode
selection switch 719.

As mode selection switch 712, mode selection switch
718 receives the mode information (Mode) output from mode
selector 202 in the speech decoding apparatus, and the
difference information (Diff) output from adder 715, and
judges whether the decoded signal in the current unit
processing time is the speech region or the stationary
noise region. When it is judged that the decoded signal
is the speech region, mode selection switch 718 is
connected to output an output from second spectral
amplitude smoothing section 713 to IFFT processing
section 720. When it 1s determined that the decoded
signal is not the speech region (stationary noise region),
mode selection switch 718 is disconnected, and therefore
the output from second spectral amplitude smoothing
section 713 is not output to IFFT processing section 720.

Mode selection switch 719 is switched
synchronously with mode selection switch 718. As mode
selection switch 718, mode selection switch 719 receives
the mode information (Mode) output from mode selector
202 in the speech decoding apparatus, and the difference

information (Diff) output from adder 715, and judges

DEF wx
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time is the speech region or the stationary noise region.
When it is judged that the decoded signal is the speech
region, mode selection switch 719 is connected to output

5 an output from random spectral phase generating section
717 to IIFFT processing section 720. When it is judged
that the decoded signal is not the speech region (is
stationary noise region), mode selection switch 719 is
disconnected, and therefore the output from second

10 random spectral phase generating section 717 4is not
output to IFFT processing section 720.

IFFT processing section 720 receives the spectral
amplitude output from mode selection switch 707, the
spectral phase output from mode selection switch 711,

15 the spectral amplitude output from mode selection switch
718, and the spectral phase output from mode selection
section 719 to perform IFFT processing, and outputs the

. processed signal. When mode selection switches 718 and
719 are disconnected, IFFT processing section 720

20 transforms the spectral amplitude 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 performs the IFFT
processing, and outputs the real part of the resultant

25 as a time signal. On the other hand, when mode selection
switches 718 and 719 are connected, IFFT processing

section 720 transforms the spectral amplitude input from
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|, part spectrum to the second imaginary part spectrum, the
IFFT processing is performed using 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
attenuated by constant times or an adaptively controlled
" variable. For example, at the time of adding the
above-mentioned spectra, the second real part spectrum
20 is 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 first
imaginary part spectrum, thereby obtaining the third
real part spectrum and third imaginary part spectrum.
25 The postprocessing method previously described is

next explained using FIGS.1l1 and 12. FIG.1l1l dis a

flowchart illustrating specific processing of the
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of an intensity of smoothing in the range of 0.0 to 0.1.
8 may be about 0.1 when the number of FFT points is 128,
and a unit processing time is 10ms (80 points in 8kHz
sampling). The smoothing processing is performed on all

5 logarithmic spectral amplitudes (SAi, i=1,...,N, N is
the number of FFT points).

Next, in ST1109, the smoothing processing of FFT
logarithmic spectral amplitude is performed to perform
smoothing on the spectral amplitude difference of the

10 stationary noise region. The smoothing processing is
the same as that in ST1108. However, the smoothing
processing 1n ST1109 is not performed on all logarithmic
spectral amplitudes (SAi), but performed on a signal
component with a frequency i such that the perceptual

15 weighted logarithmic spectral amplitude (WSAi) is equal
to or less than the threshold Thl. T in the equation
in ST1109 is the saﬁe as 3 1in ST1108, and may have the
same value as B . Partially smoothed logarithmic

spectral amplitude SSA2i is obtained in ST1109.

20 Next, 4in ST1110, the randomizing processing is
performed on the FFT spectral phase. The randomizing
processing is performed on a signal component with a
selected frequency in the same way as in the smoothing
processing in ST1109. In other words, as in ST1109, the

25 randomizing processing 1is performed on the signal
component with the frequency i such that the perceptual

weighted logarithmic spectral amplitude (WSAi) is equal



(& ()-3nl (M(10% (& ()-3m 10% (& () - 3nl (347pX<410m 10% (& () - 3nl (M 10%
(& ()-3m10% (& ()-3nl (M 10% (& ()-3m 10% (& () - 37mosW410m 10%

(& ()-3n(10% (& ()-3nl (m(10% (& () -3 10% (& () - 3nl (m( 10% (& () -3} Ly 4
(& ()-3m 10% (& ()-3m 10% (& ()-3m 10% (& ()-3m 10% (& () - 3m 10%8 DE

(& ()-3nl (_Gran(10% (& () - 3nl (M(10% (& () 3m(10% (& ()-3m(10%

5
o
10
15
@
20
25

to or less than the threshold Thl. At this point, it
may be possible to set Thl at the same value as in ST1109,
and also possible to set Thl at adifferent value adjusted
to obtain higher subjective quality. In addition,
random (i) in ST1110 is a numerical value ranging from
-27T to +27T generated randomly. To generate random (i),
it may be possible to generate a random number newly every
time. To save a computation amount, it may be also
possible to hold pre-generated random numbers in a table
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
table is added to the FFT spectral phase to use.
Next, 1in ST1111, a complex FFT spectrum is
generated from the FFT logarithmic spectral amplitude
and FFT spectral phase. The real part is obtained by
returning the FFT logarithmic spectral amplitude SSA2i
from the logarithmic region to the linear region, and
then multiplying by a cosine of a spectral phase RSP2i.
The imaginary part is obtained by returning the FFT
logarithmic spectral amplitude SSA2i from the
logarithmic region to the 1linear region, and then
multiplying by a sine of the spectral phase RSP2i.
Next, 1n ST1112, the number of the counter
indicative of the region judged as the stationary noise

region is incremented by 1.

10%

2002



(& ()-3m10% (& ()-3m 10% (& ()-3_?+4m 10% ( &M 10% (& () - 3m 10%
(& ()-3m10% (& ()-3m 10% (& ()-3m 10% (& ()-3m 10% (& ()- 3 _G+4ri‘i( Bec 2002

(& ()-3nl (M 10% (& ()-3m10% (& ()-3m(10% (& ()-3m 10% (& ()-3m

(& ()-3vWZsW4n(10nm(10% (& ()-3m(10% (& ()-3nl (m 10% (& ()-3m10%

(& ()-3nl (M 10% (& () -3xX@n(10nl (M 10% 56

On the other hand, when it is judged that the decoded
signal is the speech region (not the stationary noise
region) in ST1106 or ST1107, next in ST1113, the FFT
logarithmic spectral amplitude SAi is copied as the

5 smoothed logarithmic spectrum SSA2i. In other words,
the smoothing processing of the logarithmic spectral
amplitude is not performed.

Next, in ST1114, the randomizing processing of the
FFT spectral phase 1s performed. The randomizing

10 processing is performed on a signal component with a
selected frequency as in ST1110. However, 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

15 threshold Th2i in FIG.6. In other words, the
randomizing of the spectral phase 1s performed on a
signal component with a frequency such that the spectral

. amplitude is smaller than the average spectral amplitude
of the stationary noise region.

20 Next, in 8ST1115, a complex FFT spectrum 1is
generated from the FFT logarithmic spectral amplitude
and 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 linear region, and then

multiplying by the cosine of the spectral phase RSP2i,

and a value obtained by multiplying a value obtained by
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from the logarlthmlc region to the linear region by a
cosine of a spectral phase random2(i), and further
multiplying the resultant by the constant k5. The
5 imaginary part is obtained by adding the value obtained
by returning the FFT logarithmic spectral amplitude
SSA2i from the logarithmic region to the linear region,
and then multiplying by the sine of the spectral phase
. RSP2i, and a value obtained by multiplying a 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 constant k5.
The constant k5 is in the 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 possible to
improve the subjective gqualities of the background
‘ stationary noise in the speech region by multiplexing
the average stationary noise multiplied by k. The
20 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) generated in ST111l1l or
ST1115 to obtain a complex (Re(s2)i, Im(s2)1).
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 the present invention, since the coding mode of the
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of parameters indicative of spectral characteristics,

. it 1s possible t provide the speech coding with the

10 multimode without newly transmitting the mode

information. In particular, since 1t 1s possible to

perform the judgment of the speech reglon/non-speech

region 1in addition to the Jjudgment of the voiced

reglion/unvoiced region, it 1s possible to provide the

15 speech coding apparatus and speech decoding apparatus

enabling the increased improvement of the coding
performance by the multimode.

.' This application is based on the Japanese Patent

Applications No.HEI10-236147 filed on August 21, 1988,

20 and No.HEI1l0-266883 f£filed on September 21, 1988, entire

content of which is expressly incorporated by reference

herein.

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

apparatus in a digital radio communication system.
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comprising:
means for calculating an evolution of a quantized LSP parameter
between frames;
means for calculating an average quantized LSP parameter in a
. frame in which the quantized LSP parameter is stationary; and
means for calculating a distance between said average quantized

LSP parameter and a current quantized LSP parameter.
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2. A guantized-LSP-parameter dynamic characteristic extracting method
comprising the step of:

calculating an evolution of a quantized LSP parameter between

frames;
calculating an average quantized LSP parameter in a frame in which

the quantized LSP parameter is stationary; and
calculating a distance between said average quantized LSP

parameter and a current quantized LSP parameter.



