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1. 
s DESCRifTION 

MULTIMODE SPEECH CODING APPARATUS AND DECODING APPAltATUS 

Technical Field 

10 The present invention relates to a multimode speech 
coding appar_atus . which ·performs coding on a . speech. 
signal to transmit, for example, in a mobile 
comni.unication system, and more particularly, to a CELP 
(Code Excited Linear P~ediction} type speech coding 

15 apparatus which separates the speech signal to vocal 

20 

tract information and excitation information to 
represe.nt. 

Background Art 

Used in the fields of digital mobile communications 
and speech storag~ are speech coding apparatuses which· 
compress speech ·information to encode with high 
efficiency for 

recording media. 

utilization of radio signals and 

Among .them, the system based on a CE.LP 
~ (Code Excited Linea~ Prediction)_ system is carried intQ 

practice widely for the apparatuses operating at medium . . . . , . . .. 

to low bit rates. Thci technology of the CELP is 
descr.ibed in the "Code-excited Lin~ar prediGtion {CELP): 
H~gh-quality Speech ~t Very Low Bit Rates# by M.R. 

30 Schroeder and- B.S. Atal, Proc. ICASSP~as, 24.1.1 .. , 
pp.937-940, 1~85. 

In .the CELP type speech c·oding system, speech 
signals are divided into predetermined frame lengths 
(about Sms to . SOms) , . linear prediction of the speech 

35 signals is performed for each frame, the prediction 
re$idual (excitation vectpr signal) obtaiped by the 
linear prediction for each frame is encoded using an · 
adaptive code vector and random code vector comprised of 
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S known waveforms. The adaptive code vector and random 

code vector are selected for use respectively from an 
adaptive codebook storing previously generated 
exci tatiqn vectors and a random codebook storing the 
predetermined number . of pre-prepared vectors with 

10 _predete,rmined shapes. Used as the random code ·vectors 
stored in the random codebook are_, for. example; random 
noise sequence vectors and ·vectors generated by 
arranging a few pulses at different positions. 

The CELP coding apparatus . performs the LPC 

lS synthesis and quantization, pitch search, random 
codebook Se.arch, and gain Codebook search using input 
digital ·signals, and trasmits the quantized · LPC (L), 

pitched period (P), a ·random codebook index (S) and a 
gain codebook index (G) to a·decoder. 

20 However, ~he above-mentioned conventional speech 

25 

coding apparatu~ needs to cope with voi.ced speeches, 
unvo;Lced speeches and background noise~ using a single 
type of. random ~odebook, .. and therefore it· is difficult 
to encode all the input signals with high quality. 

Disclosure of Invention 

An object of the present invention is to provide a 
multimode speech coding apparatus and speech decoding 
apparatus capable of .providing excitation coding . with 

30 mult:i..mode without newly transmitting mode information, 
in particular, performing judgment of speech region/non­
speech in addition to judgment of voiced region/unvoiced 
region,. and further increasing the improvement of 
coding/decoding performanc;:e performed . with the 

35 multimode. 

The present invention provides a mul timode. speech 
co_ding apparatus comprising .first coding means for 
coqing at least one type of parame·ter indicative of 
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s vocal tract information contained in a speech signal; 

second coding means for being capable of coding said at 

least one type of parameter indicative of vocal tract 

information with a plurality o·f modes; mode s~itching 

means for switching a coding mode of s~id s~cond coding 

10 means based on a dynamic characteristic of a specific 

parameter coded in . said first coding means; and 
. . . . 

synthesis means for synthesizing an input speech signal 

using. a_ plural:i,ty of _.types . of parameter information 

coded in said first coc:iing means and said se~_ond coding· 

15 means. 

The invention also provides A multimode speech 

decoding apparatus comprising first decoding means for 

decoding at. leas·t one. type of - parameter indicative of 

vocal tract information _.contained in a speech signal; 

20 second decoding means for being capable of decoding $aid 

at l~a~t one type. of paramet~r indicative of vocal tract 

information with a plurality of. decoding modes; mode 

switching means for switching a decoding mode of said 

s~cond decoding. m~ans ba~eci. on a dynamic . ch_a::racteristic 

-25 of . a specific parameter decoded in said first dec;:oding 

means; and .synthesis means for decoding the speech 

30 

35 

signal; us,ing a . pl~ral.t t_y . of typ~s of _par~met~r 

infor~ation decoded in said first decoding means and 

sai~ second decoding means. 

In another form, the present invention pro"vides the 

_multimo~e spe~ch coding ap~aratus ~c~ording to clai~ 2, 

wherein said mode switching means switches the coding 

mode of said second coding means using a quantized LSP 

paramente_r. 

In a further form, the present invention provides a 

speech signal transmission apparatus having a speech 

input apparatus ·that converts a speech signal into an 

electric signal, and A/D converter that converts a 
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ii s signal output from the speech input apparatus into a 

digital signal, a·multimode_speech coding apparatus that 

performs coding on the digital ~ignal . output ·from the 

multimode speech coding apparatus, and a transmission 

~ntenna·that transmits a radio signal output from the·Rf 
10 modulatol'.', said multimo~e speech· coding apparatus 

comprising first coding mean.s for coding at least one 
type of parameter indicative of vocal tract information 

contained 

.switching 

in a speech signal; mode switching means for 

a coding mode of . said second coding ~eans 

15 based on a . dynamic characteristic of a ·specific 
parameter coded . in said first coding means; and 
synthesis means for synthesi~ing an input speech signal 
using a plur.ality of types . of parameter information 
coded in said first coding means and said second coding 

20 means. 

Also provided by the prese~t inventio.n is a speech 
s.ignal reception . apparatus having a reception antenna 
that receives a radi.o signal, an. R~ demodu.lator that 
performs demodulation processing on the radio signal· 

25 · received at the reception antenna, a multimode speech 
decodipg apparatus that.performs .. decoding o~ info~ation 
obtained by the . RF demodulator, a. DIA converter that 
converts a digital speech signal gdecoded in the 

' multimode speech decoding apparatus into an analog 
~ signal, and a speech out~ut apparatus that conv~rts an 

electric signal output from ·the D/A converter into a 
speech signal, said multimode speech decoding apparatus 

comprising first decoding means . for decoding at least 

one type of parameter indicative of vocal tract 
35 information ·contained in a speech signal; second. 

decoding means for being capable of decoding said at 
least one type of parameter ·indicative of vocal tract 

informatiou with a plurality of decoding modes; mode 
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;; s switching means for switching a decoding mode of said 

10 

second decoding means based on a dynamic characteristic 

of a specific parameter decoded in said first decoding 

means; and synthesis means· for decoding the speech 

signal using a plµrali ty of types of parameter 
I information deco~ed in said first decoding means . and 

said second decoding means. 

Further, the.present invention also provides a computer 

re.adable recording· . medium ·with a compµter executable 

program recorded therein, the program comprising the 
15 pr<;>cedures of .judging stationarity of a quantized ·LsP 

parameter using a previous quantized LSP parameter and a . . 
current quantized LS~· parameter; judging a -voiced 

characteristic using the current .quantized· LSP 

parameter; and switching a mod~·of a procedure of coding 
. . 

20 an·excitation·vector, based on judged results. 

:J:n anther form, the present invention provides a 
computer readable recording medium with a computer 

executable program recorded· the·rein, the program 
comprising the procedures of judging stationarity of a 

25 quantized. LSP para.meter 1,lsing a previous qu,antized · LSJ? 
parameter and.a current quantized LSP parameter; judging 
a voiced characteristic using· the· current quantized LSP 

parameter; switching a mode of a proced~re of decoding 
an excitation· vector, based on judged results; and 

30 sw:it~hing a procedure of perf_o·rming postpr_oce_ssing on _a . ,,_. ·. . . . . . ·. 

decoded signal, based on the ju~ged results. 

In a penultimate form, the present invention 

proviqe~ a multimode speech_ coding method for performing 
. . ~ ... 

mode switching of ·a mode for coding an excitation 

JS vector, using a static characteristic and a dynamic 

characteristic of a quantized parameter. indic_ative of a 

spectral characteristic of a speech. A multimode speech 

decoding method for performing mode switching of a mode 
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~ s for decoding an excitation vector, using .a static 

characteristic and a dynamic characteristic of a 

quantized parameter indicative of· a spectral 

characteristic of a speech. 

Finally, the present invention also provides a 

IO multimode postprocessing method comprising the judgement 

s_tep of ·judging. whethe~ or .·not a region is a speech 

region using a decoded LSP parameter; the FFT processing 

ste.P of performing . fa.$t Fourier transform proces,sing on 

a signal; the spectral· phase· randomizing step of 

15 r~ndomizing a ~pectral phase obt~ined by said fast 

Fourier transform processing corresponding to a result 

determined by said judgement step; the spectral 

amplitude smoothing step o.f · perf.orming smoothing on a 
. . . . . . . . . 

spectral· amplitude obtained by said fast Fourier 

20 transform processing corresponding . to said result; and 

the IFFT processing step of performing inverse fast 

Fourier .transform on the. spect.ral phase randomized b_y 

said spectral phase randomizing step and the spectral 

amplitude smoothed by said spectral amp~.itude smoothing 

25 step. 

In the present invention,· the mode determination is 

performed using static/dynamic cbaracteristics ()f a 

quantized parameter representing ·spectral 

characteristics, modes of various codebooks for use in 

30 coding excitation vectors are switched based on the mode 

determination indicating the ··speech region/non-speech 

region or voiced region/unvoiced region. Further, in 

the present invention, the·· modes of various codebooks 

for use in decoding are switched using the mode 

35 information used in the coding in decoding. 

Brief Description of Drawings 
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FIG. 1. is a block diagram illustrating a speech 
coding apparatus in a first embodiment of the present 

invention; 

FIG. 2 is a block diagram illustrating a speech 
decoding apparatus in a second embodiment of the present 

10 invention; 

FIG. 3 is a flowchart for speech.coding processing 
in the first embodiment· of the present invention; 

FIG. 4 is a. flowchart for speech decoding 
processing in the second embodiment of the present 

15 inve_ntion; 

FIG. SA is a block . diagram illustrating a 
~onfiguration of a speech signal transmission app~ratus 
in a third embodiment of the present inventi·on~ 

FIG. SB ., is· a block diagram illustrating a 
20 configuration of a speech signal reception apparatus in 

the third embodiment of the present invention; 
FIG. 6 is a block .diagram illustrating · a 

configuration of a mode selector in a fourth embodiment 
of the present iriventiori; 

25 . .FIG. 7 is a block ·dia.gram. illustrating. a 
configuration of a multimode pqstprocessing section in a 
fifth embodiment of the present invention; 

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

· 30 pres.ent invention; 

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

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

35 multimode postprocessing in the fourth embodiment of the 
pres~nt invention; 

FIG. 11 is a flowchart for the former part of the 
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mu.l.timode postprocessing in the fifth embodiment .of the 

present .invention: and 

FIG.12 is a f.l.owchart for the 1.atter part of the 

mu.l.timode ·postprocessing in the fifth embodiment of the 

5 present invention. 

Best Mode for Carrying Out the Invention 

Speech coding apparatuses and other$ in 

embodiments of the present invention are exp.l.a.:tned be.l.ow 

10 using FIG.l to FIG.9. 

15 

. . 
(First embodiment) 

FIG.1 is a b.l.ock diagram i11ustrat.ing a 

configuration of a speech coding apparatus according to 

the first embodiment of the present invention. 

Input data. comprised of. for examp.l.e. digita1 

speech sig~a~s. is input t~ preprocessing section 101. 

Preprocessing section 101 performs processing such as 

cutting of a direct current. component and bandwidth 

1.imitation of the input data using a high-pass fi.l.ter 

20 and band-pass fi.l.ter to output to LPC ana.l.yzer 102 and 

adder 106. In addition~ a1thou~h it is possib1e to 

perform successive coding processing without: performing 

any processing in prel?rocessing secti:on 101, the codin11· 

performance is improved by performing the above-

25 mentioned processing. 

LPC analyzer 102 performs linear prediction 

analysis,, and cal.cul.ates linear predictive coefficients 

/'· 
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(LPC) to output to LPC quantizer 103. 

LPC quanti.zer 103 quantizes the input LPC. outputs 

the quantized LPC to synthesis filter 104 and mode 

se1ector 105. and further outp~ts a code L that 

5 represents the quant:Lzed LPC to decoder. In addition. 

the quantizati.on of LPC ;s performed usua11y after LPC 

is conirerted to LSP (Line Spectrum· Pair) wh:l.ch has better 

:Lnterpo1ation characteristi.cs. 

As synthesis· fi1 ter 104. a LPC synthesis fi1 ter is 
. . . 

10 constructed using the quantized LPC input from LPC 

15 

quantizer 103. With the constructed synthesis £1.1 t!Br. 

fi1tering processing is performed on an excitation 

vector.signa.l input from adder 114. and the resul.tant 

signal. is output to adder 106. 

Mode sel.ector 105 determines a mode of random 

codebook using the quanti.zed LPC 1.nput from LPC quantizer 

103. 

At this time. mode se.lector 105 stores previous.ly 

input information on quanti.zed LPC. and perfo~ms the 

20 se1ection· of ·mode using both. characteristics of an 

evo1ut:Lon of quantized LPC between frames and of the 

quantized LPC in a current frame. There are at 1east 

two type.s of the modes. of which examp1es are a mode 

corresponding to a vo:Lced speech segment. and a mode 

25 corresponding to an unvoiced speech segment and· 

stationary noise segment. Further. as information for 

use in selecting a mode, it is not necessary to use the 
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quantized LPC themse1v~s. and it is more effe·ctive to 

use converted parameters ~uch as the quantized LSP. 

ref1ective coefficients and 1inear prediction residua.1 

powe:r;. 

Adder 106 ca1cu1ates an error between the 

preprocessed input data input from preprocessing sect.i.on 

. ~01 ·and the synthesized signal. to output to perceptua.1 

weighting fi1ter 107. 

Perceptua1 weighting fil.ter 107 performs 

10 perceptua1 weight~ng on the ~rror ca1cu1ated i~·adder 

106 to output to erro~ ~inimizer 108. 

Error mi.nimizer 108 adjusts a random codebook index 

Si. adaptive codebook index (pitch period} Pi. an~ gai.n 

codebook 1.ndexGi respectively output to random codebook 

15 1.09. adaptive codebook 110. and g~in codebook 11.J.. 

determines a random code vector, adaptive code vector. 

and random codebook gain and adaptive codebook gai.n 

respec_tive1y ·to be generated in random codebook 109. 

adaptive c6debook 110. and gain codebook .l~l so as·to 

20 minimize the perceptua1" weighted error input from 

perceptual weighting fi1ter 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 stqres the predetermined 

number of random code vectors with different shapes. and 

outputs the random code vector designated by the index 



_____ _j_ _______________________________________________ _ 

~ . , 

~ 11 

Si of random code vector input fr<?m error minimi.z~r 108 • 

Random codebook 109 h:as at 1east two types.of modes. For 

examp1e. random codebook 109 is configured to generate 

a pulse-like random code vector in the mode corr~sponding 

5 to a voiced speech segment. and further generate a 

noise-.like rand<?m code vector in the mode correspond:i.ng 

to an unvo·iced speech segment and stationary no1.se 

segment. The random code vector output from random 

codebook 10_9 is generated with a si-ng1e mode se1ected 

· 10 in mode se1ector 105 from among at least two types of 

the modes described above,, _and mu1 tip_l.ied by the random 

codebook gain Gs in mu1tipl.ier 112 to be output to adder 

114. 

Adaptive codebook 110 performs buffering whi1e 

15 updating the -prev1.ously generated exc1.~at1.on vector 

signal. sequent~all.y. and generates the adaptive-code 

veQtor using the adaptive codebook index (pitch period 

(pitch 1a_g)) input froni error: m1.n1.mizer 108. The 

adaptive code vector gener~te~ in adaptive codebook 110 

20 . 1.s mul. tipl.ied by· the adaptive codebook gain Ga ::Ln 

multi.plier 113, and then output to adder 114. 

~ain 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 

2s codebook gain component Ga and random codebo·ok gain 

component Gs of the gain·vector designated by the gain 

codebook index Gi. input from error minimizer 108 
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respectivel.y to mul.tipl.iers 113 and 112. rn addition. 

if the gain cod.ebook is constructed with a pl.ural.i~y of 

stages. it is possibl.e to reduce a memory amount· required 
. . 

for the. gain codebook and a computation amount required 

5 for gain codebook search. Further. if the number of bits 

assigned for the gain codebook is sufficient. it is 

possibl.e to scal.ar-quantiz·e th.e adaptive codebook gain 

and random codebook gain independentl.y of each other. 

Adder 114 adds the random code vector and the 
. . 

10 adaptive code vector respectivel.~ input from·mu1tipl.ierl!I 

112 and 113 to genera~e the exc~tati.on vector signa1. 

and outputs the generated excitation vector signal. to 

synthesis fil.ter 104 ·and adaptive codebook 110. 

In addition. in this embodiment. al.though onl.y 

15 random codebook 109 is provided with the mul.~i.mode. it 

is possibl.e'to provide adaptive codebook 110 and gain 

codebook 111 with the mu.lti.mode. and thereby to improve 

the qual.1. ty·. 

The f 1.ow o~ process~ng of speech coding method in 

20 the above-mentioned embodiment is next described with 

reference to FIG. 3. This expl.anation describes the case 

that in the speech coding processing. the processi.ng is 

performed for each.unit processing with a predetermined 

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 l.engths. 
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In step (hereina~ter abbreviated as ST) 301. a11 
• 

the memories such as the .contents of the adaptive 

codebook., synthesis fi1 ter memory and input buffer are 

c1eared. 

Next. in ST302. input data ~uch as a digi ta1 speech 

signa1 corresponding to a frame is input. and fi.1ters 

such as a high-pass f.11ter and band-pass fi1ter are 

appl.ied to the input data to perform offset canc;e11a tion 

and bandwidth 1imitat1.on of the input data. The 

10 preprocesse~ input data is buffered in an i.nput buffer 

to be us.ed for the. fol.I.owing coding processing. 

15 

Next.. in ST30.3. the LPC . "( l.inear predictive 

coefficients) anal.ysis is performed and LP ( 1inear 

predictive) coefficients are cal.cul.ated. 

Next. in ST304. the· quantization of the LP 

.. coeff:ici.ents cal.cul.ated in ST303 is performed. Whil.e 

various quantizat:Lon methods of LPC ·are propo.sed., the 

quantizat:Lon can be performed effectivel.y by converting 

LPC i.nto LSP· para~eters wi.th good :Lnterpol.at:Lon 

20 characteristi.cs to appl.y the predictive quantization 

util.izing the .mul.ti·stage vector quantization and 

inter-frame corre1ation. Further. fo~ exampl.e in the 

case where a frame is divided into two subframes. it is 

general. to ·quantize the LPC of the second subframe. and 

25 determine the LPC of the first subframe by the 

inter.po1ation processin.g using the quantized LPC of the 

second subframe of the l.ast frame and the quantized LPC 
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of the second s~bframe of the present frame. 

Next. in ST305- the ·perceptua1 .weighting fi.l.ter 

that performs the perceptua1 weighting on the 

preprocessed input data is c.onstructed. 

Next. in ST306. a perceptua1 weighted synthes~s 

f i1 ter that generates a synthesized signal. ·of a 

perceptual. we1:ghting domain from the excitat.i.on vector 

signal. is constructed. 'l'hi.s f il. ter. i!I compri.sed of tbe 

synthesis fil.ter and perceptua1 weighting fil.ter in a 
.. 

10 subordination connection. . 'l'he syn.thes:Ls. f i..l. ter is 

15 

constructed with the quantized LPC quantized in S~304. 

and the perceptual. we~ghti.ng f.11ter 1.s constructed with 

the LPC cal.cul.ated in ST303. 

Next. ·in S'l'307. the se.l.ection of .mode .is performed. 

The sel.ect.ion of mode is performed using static and . . . 

dynami.c charact.eristi.cs o~ the quantized LPC quantized 

1.n S'l'304. Exampl.es of specif .ical.l.y used 

characteristics .are an. evol.ution of quantized LSP. 

ref 1ect.ive coeffi.cients cal.cul.ated from the qu~ntized 

20 LPC. and prediction residua~ power. Random·codebook 

search is performed according to the mode sel.ected in .. 

this step .. There.are at 1east two types of the modes 

to be se1ected in this step. _An exampl.e considered is 

a two-mode structure of a voiced speech mode, and an 

25 unvoiced speech and· stationary noise mode. 

Next. in ST 308. adaptive codebook search is 

performed. The adapt1ve codebook search is to search 
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an adaptive code vector s~ch· that a percep_tua1 weighted 

synthesized waveform is generated tha~ is the c1osest 

to a waveform obtained by performing the perceptua1 

weighting on the preprocessed input data. A position 

5 from which the adaptive code vector is fetched i.s 

determined so as to minimize an error between a signa1 

obtai:ned by fi1tering the preproce·ssed input data w:Lth 

the perceptua1 we.f:ghting filter constructed :t-n S'l'305 .. 

and a signal. o·btained by filterin~ the adaptive code 

10 vector fetched from the adapt.iv~ codebook as an 

excitation· vector signal. with the perceptuaJ..weighted 

synthesis fi1ter constructed in S'l'306. 

Next,, in S'l'309. the random codebook search is 

performed. The random codebook search ~s to sel.ect a 

15 random code vector to generate an ~:xcit·ation vector 

signal. such ·that a perceptual wei.ghted synthesized 

waveform is generated that ~s the c1osest to a waveform 

obtained by performing the· perceptual weighting on the 

preprocessed input data. The search is performed in 

20 consideration of that th~ excitation vector signal is 

generated by adding the adaptive code vector and random 

code vector. Accordingl.y,, the excitation vector signal. 

is generated by adding the adaptive code ·vector 

determined in S'l'308 and the random code vector stored 

25 i.n the random co·debook. The random code vector is 

sel.ected from the random code book so as to minimize an 

error between a signal obtained by filtering the 
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generated excitation vector s.ignal. with the perceptu~l. 

·weighted synthesis fiLter constructed in ST306,, and the 

signal. obtained by fil.tering the preprocessed input data 

· with the perceptual. weighting f i.l. ter constructed in . 

5 ST305. In addition,, in the cas~ where processing such 

as pitch period processing is performed on the random 

code vector,, the search is performe·d a.I.so in 

consideration of such proc.essi.ng. Further this random 

codebook has at l.east two types of the modes. For 

10 exampl.e,, the search is performed b~ using the random 

codebook storing pul.se-l.ike random code vectors ip the 

mode correspondi·ng to the voiced speech segment,, and 

using the random codebook storing noise-l.ike random code . . . 

vectors in the mode corresponding to the unvoic_ed speech 

15 segment and· st;ationary ~oise segment. The random 

codebook of whicli mode is used in the search is sel.ected 

in ST307. 

Next,, in ST310,, galn codebook search is performed. 

·~he gain codebook search is.to se1ect from the gain 

20 co·debook a pair of t~e adaptive codebook gain and random 

codebook gain respectivel.y to be mul.tipl.ied the adaptive 

code vector determined 1.n ST308 and the random code 

. :vector determined in ST309. The excitation vector 

signal. is generated by adding the adaptive code vector 

25 mu.ltipl.ied by the adaptive codebook gain and the. random 

code vector mu.l tip.lied by the =an1.cm codebook gain. '!'he 

pair of the adaptive codebook gain and random codebook 
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gain is se1ected from the gain codebo.ok so as to minimize 

.an error between a signal obtained by fi1tering the 

generated exci ta ti.on vector signal with the perceptua1 

weighted sy.nthesis filte~ constructed in ST306. and the 

s signai·obtained by fi1tering the preprocessed .:lnput data 

with the perceptua1 weighting fi1ter constructed in 

ST305. 

Next. in ST311. the excitation vector signal. is 

generated. The excitation v~ctor signa1 is generated 
. . 

10 by ~d~ing a vecto;r: obtained by mu1tip1ying the adaptive 

15 

code vector se1ected in ST308 by the adaptive codebook 

gain se1ected in S'r310 and a vector obtained by 

multiplying the random code vector se1ected .1.n ST309 by 

the random c·odebook gain selected in ST310. 

Next, in ST312, the updat~ of the memory used in 

a loop of ·the subframe processing is performed. 

Bxamp1es specif ica11y performed are the update of the 

adaptive codebook,. and the update of states o.f the 

perceptual weighting filter and perceptual. weighted 

20 synthesis fi1ter. 

In ST305 to ST312, the processing is performed Qn 

a subframe-by-subframe basis. 

Next; in ST313. the update of memory used in a loop 

of the frame processing. Examp1es specif ica11y 

25 performed are the update of states of the fi1ter used 

in the preprocessing section, the update of quantized 

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

/·. 
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quantiza_tion of LPC 1.s · performed). and the update of 

input data.buffer. 

Next. in ST314. coded data is output. The coded 

data is output. t~ a transmission path wh1.1e ·be:ing 

s subjected to bit stream processing and mu1tip1exing 

processing corresponding to the form of the 

transmission. 

In ST302 to 304 and ST313 to 314. the processing 

is performed on a frame-by-f~ame basis. Further the 

10 pr.ocessing on a ·frame-by-frame basis and subframe­

by-subframe 1.s iterated until. the input data is consumed. 

(Second embodiment) 

FIG.2 is a b.lock. diagram i11ustrating a 

configuration of a speech decoding apparatus accorcl:l.ng 

15 to the second embodiment of the present invention. 

The. code L representing quantized LPC. code S 

representing a random code vector~ code P representing 

an adap~ive code vector. a~d code G representing gain 

information. each transmitted from a coder. are 

20 respective1y input to LPC decoder 201. random codebook 

25 

203. adaptive codebook 204 and gain·codebook 205. 

LPC decoder 201 decodes the quantized LPC from the 

code L to output to mode se1ector 202 and synthesis fil-ter 

209. 

Mode se1ector 202 determines a mode for random 

codebook 203 and postprocessing section 211 using the 

quantized LPC input from LPC decoder 201, and outputs 
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mode information M to random codebook 203 and 

postprocessing section 211. In addition. mode se1ector 

202 a1so stores previously input information on 

quantized LPC. and performs the selection of mode us:lng 

5 both characteristics of an evolution of quantized LPC 

between frames and of the quantized LPC .in a current frame. 

There are at least two t"ypes of the modes. of which 

examp1es are a mode corresponding to a voiced speech 

segment. a mode corresponding to an unvoiced speech 

10 segment. and a mode corresponding to a stationary n·oise 

segment. Furt:her. as information for use in sel.ect.:1.ng 

a mode. it is not necessary to use the quantized LPC 

themselves~ and it is more effective to use converted 

parameters such as the quantized LSP. ref 1ect:lve 

15 coeff~cients and linear p~ediction residua1 power. 

Random codebook . 203 stores· the predetermined 

number of random code vectors with di.~ferent shapes. a:nd 

outputs a random code vector des.ignated by the random 

codebook index obtained by decod~ng the input code s. 
20 '!'his random codebook 203 has at least two types of the 

modes. For example. random codebook 203 .ts configured 

to generat·e a pulse-like random code vector in the mode. 

corresponding to a voiced speech segment. and further . . 

generate a noise-like random code vector in the modes 

25 corresponding to an unvoiced speech segm~nt and· steady 

noise segment. The random code vector output from 

random codebook 203 is generated with a single mode 
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se1ected in mode se1ector 202 from among at l.east two 

types of the modes described above. and mu1tipl.ied by 

the randoin codebook gain Gs in mul tip1ier 206 to be output 

to adder 208. 

Adaptive codebook 204 performs buffering whil.e 

updating the previous1y ·generated excitation vector 
/ 

signa1 seqQentia1l.y. and generates an adaptive code 

vector using the adaptive codebook index (pitch per~od 

(pitch 1ag)) obtained by decoding the input code P. The 

10 ~d~ptive code vector generated in adaptive codebook 204 

is mu1tipl.ied by the adapti.ve codebook gain Ga in 

mul.tipl.ier 201. and then output to adder 208. 

Gain codebook 205. stores the predetermined number 

of sets of the adaptive codebook gain Ga and random 

15 codeb~ok gain Gs (gain vector). and outputs ~be adaptive 

codebook gain component Ga and random code~ook gain 

component Gs of the gain v~ctor designated by the gain 

cod.ebook index Gi obtained by dec_oding the input code 

G respectivel.y to mul.tip1iers 207 and 206. 

20 

25· 

Adder 208 adds the random code vector and the 

adaptive code vector respective1y input from mu1 tip1iers 

206 and 207 to gen~~ate the excitation vecto~ signa1, 

and outputs the generated excitation vector signal. to 

synthesis fi1ter 209 and adaptive co~ebook 204. 

As synthesis fi1 ter 209. a LPC synthesis f.i1 ter is 

constructed using the. quantized LPC -input f.rom LPC 

decoder 201. With the constructed synthesis fi.1 ter. the 
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fil.tering processing is performed on the excitation 

vec~or signal. input from adder 208. a~d the resul.tant 

s1.gna1 is output to post f-il.ter 210. 

·Post fil.ter 210 performs the processing_ to improve 

5 subjective qua1ities of speech signals such as pitch 

emphasis~ fo~mant emphasis. spectral._ til.t compensation 

and gain adjustment on the synthesized signa1 .input from · 

10 

synthesis f1.J.ter 209 to output to postprocessing section 

211. 

Postprocessing section 21.1 adaptive1y performs on . 

the signa1 input from post fi1ter 210 t-he processing to 

improve subjec~ive gual.ities of the stationary no1.se 

segment such as. inter-f.rame smQothing processing of 

spectra1 ampl.itude and randomizing processing of 
. . 

15 spectral. phase using the mode information M input from 

mode sel.ector 202. For exampl.e. t:he smoot·hing 

processing and r·andom.tzing . processing :Ls rarel.y 

performed in the modes corresponding to the voiced ~p~ech 

segment and~ unvc:>iced speech segment. and such processing 

20 is adaptivel.y performed in th~ mod~ correspon~ing to. 

£or exampl.e. the stationary noise segment. The· 

postprocessed signal. i• output as output data such as 

a digital. decoded.speech signal.. 

In addi t.ion. a,l. though in this embodiment the mode 

25 inf·ormation M output frC?m mode sel.ector 202 is used in 

both the mode se1_ection for random codebook 203 and mode 

sel.ection for postprocessing section 211. using the mode 



22 

information M. for either of the niode sel.ection$ is al.so 

effective. ln this case,, the corresponding ei t])er one 

performs the multimode processing. 

The fl.ow of the processing of the s_peech decoding· 

· s method in the above-mentioned embodiment is next 

described with reference to FIG. 4. · This ·expl.a.nation · 

describes the case that in the speech coding processing·. 

the processing is performed for each unit processing with 

a predetermined time l.ength (frame with the time 1ength 

10 of a few tens msec). and further the processing is 

per~ormed for e·ach shorter uni. t processing (subframe) 

obtained by di-vid:lng the frame· :into the integer number 

of l.engths. 
. . 

In S'1'401, a11. the memories such as the contents of 

15 the adaptive codebook,, synthesis fil.ter memory and 

output buff~r are cl.eared. 

Next. in ST402,, coded data is decoded .• 

spec1.fica1.l.y. mul.tipl.exed re·ceived s.:l.gna1.s are 

demu1.tipl.exed,, and the receive"d signal.s constructed i.n 

20 bitstreams are converted into codes respectivel.y 

representing quantized LPC, adaptive code vector. random 

code vector and gain information. 

Next /1 in S'l'403 /1 the LPC are decoded. The LPC are 

decoded f~om the code representing the quantized LPC· 

25 o·btained in S'l'402 with the· reverse procedure .of .the 

quantization_ of the LPC described in the first 

embodiment. ·-
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Next .. in 8'1'404 .. the synthesis fi.lter is constructed 

with the LPC decoded ~n S'1'403. 

Next .. in· 8'1'405. the mode se1ection for the random 

codebook and postprocessing is performed using ·the 

5 static and dynamic characteristics of the LPC decoded 

in S'1'403. Examples Of specif ical.:.1y used 

characteristics are an evo1ution of quantiz.ed LSP .. 

ref1ective coefficients ca1cu1ated from ~he quantized 

LPC. and prediction ~esidua1 p~wer. The decoding of the 

10 -.random code vec't:or and postprocessing .is performed 

according to the mode se1ected .in· th.is step. There are 

at l.east two. types of the modes. which are. for exampl.e .. 

compris.ed 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 is decoded by decoding a 

position from which the adaptive code vector is fetched 

20 from the adaptive codebook using the code repres~nting 

the adaptive code vector .. and fetching the adaptive code 

vector from the obtained posit.ion. 

Next. in 8'1'407 .. the random code vector .is decoded: 

The random code vector .is decoded by de".'od~ng the random 

25 · codebook. index from the code representing the _random code· 

vector.. and retrieving the random code vector 

corresponding to the obtained index from the random 
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codebook. When other processing such ~s pitch period 

p~ocessing of· the random code vector is appl.ied.. a 

decoded random code vector is obtained after further 

being su·bjected to the .pitch period processing. 'l'h"1.s 

s ra11dom codebook has at 1ea~t two types of the modes. p·or 

·exa,mp1e .. this random code book is configured to generate 

a pul.se-1.ike random code vecto~ in the mode correspond~ng 

to a voiced speech segment. and further generate a 

noi.se-1.ike random code vector in the modes correspond1.ng 

· 10 to an unv·oiced speech segment and stati.onary noise 

segment. 

Next .. in S~408., the adaptive codebook gain and 

random codebook gain are decoded. The ga~n inforJ.Dat.:Lon 

is decoded by.decoding the gain codebook index froQl.the 

15 .cod~ representing the ~ain i.nforma~.i.on .. and retr:l.ev.i.ng 
. . 

a pa.i.r of the adaptive codebook gain and rando• !=Odebook 

gain .i.nstructed with the obtained .i.ndex from the· gain· 

codebook. 

Next. in S'l'409., the excitation vector signa1 is 

20 generated. The excitation vector signal. is generated 

by adding a vector obtained by mult:Lp1ying the adaptive 

code ~ector sel.ected in ST406 by the adaptive codebook 

gaiz:i se1ected in S'L'408 and a vector obtained by 

mul. tipl.ying the random code vector se1ected in ST407. by 

25 . the.random codebook.gain se1ected in ST408. 

Next. in ST410, a decoded signa1 ·is synthesized. 

The excitation .vector signal generated in ST409 is 
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f1.1tered wi. th the synthesis fi.lter constructed 1.n ST404. 

and the~~by the decoded signa1 is- synthe~ized; 

Next. in ST411. the postfi1tering processi.ng is 

performed on the decoded signa1. The postfi1tering 

5 processi.ng is compri.sed of the processi.ng ~o improve 

subjective qua1:lt1.es of decoded signa1s. :ln part:Lcul.ar. 

decoded speech.. signa1s. s_ucb as pi.tch - emphasis 

processing. £or~ant emphasis processi.ng, spectra.l t:ll. t 

compensat:lon process.:Lng and ga.:ln adjustment processing. 

10 Next~ 1.n ST412. the f1.na1 .postprocessing :ls 

performed on the decoded s1.gna1 subjected to 

postfi1ter.:lng processing. The postprocessi.ng .:ls 

compr1.sed of the processi.ng to 1.mprove subject.:lve 

qua11.t1.es of.stati.onary·noise segment in the decoded 

15_ s1.gna1 such as 1.nter- (sub-) frame smoothi~g processi.ng of 

spectra.l · amp.litude and randomizi.ng processing Of 

spectra1 phase. and the process.:lng correspondi.ng to mode 

se1ected .:l.n S'l'40.S is performed. For examp1e. the 

smoothing processi.ng and randomiz.ing proces$ing 1.s 

20 rare1y performed 1.n the modes corresponding to the voi.ced 

25 

. . 

speech segment and unvoiced s~eech segment. and such 

processing .:ls performed :ln t·he mode corresponding to the 

s~ationary no:ise segment. The signal. generated in th.is 

step becomes output data. 

Next. in ST413. the update of the memory used in 

a .loop of· the subframe process:ing is performed. 

Specifica11y performed are the update of the adaptive 
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co~ebook. and the update of states of fi.1ters used -~n 

the postfi.lterin~ processing~ 

In S'l'404 to S'l'413. the processing is performed on 

a subframe~by-subframe basis. 

5 Next. in ST414. the update of .memory used 1.n a .1oop 

of t:he frame proces·sing is performed. Specifical.1y 

performed are the update of.quantized (decoded) LPC 

buffer (in the case where the inter-frame predi.ct~ve 

quantization of LPC is performe~),. and update of output 

10 data buffer.· 

In S'1'402 to 403 and S'1'414. the processing .i;s 

performed on a frame-by-frame bas.:Ls. Further,. the 

processing on a frame-by-frame basis is iterated unt~i 

the coded data .:Ls. consumed. 

15 (Third embod.:Lment) · 

F:IG. 5 "is a bl.ock diagram ~11.ustrating a speech 

signa1 transmission apparatus and reception ~pparatus 

respectively provided with the speech coding apparatus 

of the first embodiment 1 ·and speech decoding apparatus 

20 of the second embodiment 2. FIG.SA i11ustrates the 

t~ansmi.ssion apparatus, and FXG. 58 il..1ustrates the 

recept~on appa~atus. 

In the speech sign~.1 transmission apparatus in 

FIG. SA, speech inpu~ apparatus 501 converts a speech into 

25 an e.1.ectric ana.1og·signa.1 to output to A/D convertei: 501. 

A/D converter 502 converts the ana1og speech si.gna.l into 

a digita.1 speech signal. to output to speech coder 503. 
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Speech coder 503 performs speech coding processing on 

the 1.nput signa1. an·d out:euts coded: informat.i.on to RF 

modulator 504. R/F modulator 5~ performs modu1ation. 

amp1.if1.cation and code spreading on the· coded speech 

s signa1 1.nformation to transmit as a radio signal. and 

outputs the resul. tant signal. to transmission antenna ·sos. 

Finally. the radio signal. (RF signal.). 506 1.s transmitted 

from transmission antenna sos. 

On the other hand. the reception apparatus .1.n 

10 FIG.Sb receives the radio signal. (RF.signal.) 506 with 

reception antenna S07. and outputs the received signa1. 

to RF demodu.1.ator 508. RF demodulator SOB performs the 

processing_ such as CQde de-spreading and demodu1ation to 

convert .the radio signal. int·o coded informati·on. and 

15 outputs the· coded information to speech dec·oder 509. 

Speech decoder S09 performs decoding processing on the 

coded information and outputs a digital. decoded·speech 

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

the digita.1. decoded speech signa.1. output from speech 

20 decoder 509 into an analog decoded speech signa.1. to 

output ·to speech outpu~ apparatus Sll. F:lnal.ly. speech 

output apparatus 511 converts t.he electric analog 

decoded speech signa1 into a decoded speech to output. 

It is poss:lb1e to. use the above-mentioned 

·2s transmission apparatus and reception apparatus as a 

mob1.1e s·tation apparatus and base station apparatus in 

mobil.e communication apparatuses such as portable 
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te1ephones. In addition. the medium that transmits the 

in.formati.on is not 1im1ted to· the radi.o signa1 descri.bed 

in this embod:l.ment, and it may be possibl.e to use 

optosigna1s. and further possib1e to use cab1e 

5 transmission paths. 

Further. it may be· pos·sib1e to achieve the speech 

coding apparatus described in t:he f i.rst embodiment. the 

speech decoding apparjitus described in t:he second 

embodime~t, and the transmission al>paratus and reception 

10 apparatus described in the third embodiment: by recording 

the corresponding program :Ln a recording med:l.um such as 

a magnetic d:l.sk. optomagnetic disk. and ROM cartridge 

to use as software. The use of thus obta:lned record:l.ng 

medium enab1es a personal computer using such a recording . 

15 medium to achi.eve the speech cod:lng/decoding apparatus · 

and transm:Lssi.on/reception apparatus. 

( Fou.rth embodiment:) 

The fourth embodiment 4escries examples of 

configurations of mode se1ectors 105 and 202 in the 

20 above~mentioned first aQd second embodiments. 

PIG. 6 i11ustrates a mode selector according to the 

£ourth embodiment. 

Th~ mode se1ector according thi$ embodiment :Ls 

provided with dynamic characteristic extraction sect:Lon 

as 601 t:hat extracts the dynamic characteristic of 

quantized LSP parameters. and first and second static 

characteristic extraction sections 602 and 603 that 
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extract the static characteristic of quantized LSP 

paramet;ers. 

Dynamic characteristic extraction section 601 

receives an input quantized LSP parameter ~n AR type 

5 smoothing section 604 to perform smoothing processing. 

A~ type smoothing section 604 performs the smooth~ng 

processing expressed with the fol.l.owing equat.ion ( l.) on 

each order quantized LSP parameter. that is input for 

each unit processing_ time. as time sequence data: 

10- Ls(i]=(.1• a j XLs[iJ+.a XL[iJ. i=1.2 •••. · .M. o{a(1 ••• (1) .. 

·Ls[i): ith order smoothed quantized LSP paratn:eter 

15 

20 

L[i]: J.:th or~er quantized LSP parameter 

smoothing coefficient 

M : LSP anal.ysis order 

In addition. in the equation ( 1). the val.ue of a· 

is set at about O. 7 to avoid -~oo strong smoothing. · The 

smoothed quantized· parame-ter obtained wi_th the above 

equation ( 1) is branched to be input to adder 606 through 

de.J.ay section 605 and to be directl.y input to adder 606. 

Del.ay section 605 delays· the input . Sllloothed 

quantized parameter by a unit processing time to output 

to adder 606. 

Adder 606 receives th~ smoothed quantized LSP 

parameter at the curr~nt uni"t processing time. and the 

25 smoothed quantiz$d' LSP parameter at the J.ast uni. t 

processing time. Adder 606 cal.cul.ates an evol.ution 

between the smoothed quantized LSP parameter at the 
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current unit processi.ng time. and the smoothed quantized 

LSP. parameter at the ~ast unit processing time. The 

evo.lution is output for each ord.er of LSP parameter. The 

resu.lt ca1culated by adder· 606 is output to square· sum 

5 ca.lculation section 607. 

Square sum ca1cu.lat.1on section 607 ca.lcu1ates the 

square $Um· of the evo.lution. for each order between. the 

smoothed quantized LSP parameter at the current unit 

process~ng time. and the smoothed quantized Lsp· 

10 parameter at the 1ast unit processing time. 

Dynamic charac::teristic extraction section 601 

receives the quantized LSP parameter in de.lay section 

608 in para1.le1 with AR smooth.ing·section 604. De1ay 

section 608 de1~ys the input qu·antized LSP parameter by 

15 a unit process.ing time t~ output to AR type average 

ca.lcu1ation·section 611 through switch 609. 

Switch 609 1.s connected when the mode information 

. output from de1ay section 610 is the no:.Lse· mode to operate 

to input the quantized LSP_ parameter· outpu~ froin de.lay 

20 .-ect:.Lon 608 to AR type av~rage ca.lcu1ation section 611. 

De·.lay sect:.lon 610 receives the mode information 

output from mode determination section 62_1. ~nd. de1ays 

the input mode information by a un:tt processing ti.me to 

. output to switch 609. 

25 AR type average calculation sect.ion 611 calcu.lates 

the average LSP parameter over the noi.se region based 

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



5 

10 

15 

31 

section 604 to output to adder 612. In addition. the 

va1ue of a in the equation fl) i~ set ~t abo·ut o. 05 to 

perform extreme1y high smoothing processi·ng, and thereby 

the long-time average of LS~ parameter is ca1cu1ated. 

Adder 612 cal.cul.ates an evol.ution for each order 

between the quantized LSP parameter at the current unit 

processj.ng time .. and the average quantized LS~ parameter 

in the noise region cal.culat.ed by AR type average 

cal.cQl.ation section 611. 

Square sum calcul.ation section 613 receives the 

·difference information of quantized LSP par~meters 

output from adder 612 .. and cal.cul.ates the square sum for 

each order to output to speech region detection ·section 

619. 

Dynamic ~haracteristic extraction 601 for 

quantized LSP parameter is comprised of components 604 

to 613 as described above. 

First static characteristic extracti.on_section 602 

ca1cul.ates linear prediction residual. power from the 

20 quantized LSP parameter in linear prediction residual. 

power ca1culation section 614 .. and further calculates. 

a region between neighboring orders of the quantized LSP 

parameters as expressed in the fo11.~w.in~ equa tio·n ( 2) 

in neighboring LSP. region calculation section 615: 

25 -Ld[i]=L[i+l]-L[iJ .. 1= 1.2 ....... M-1 • • • ( 2) 

L[i): ith order quantized LSP parameter 

The value calculated in neighboring LSP region 
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calculation section 615 is provided to variance 

calcul.at~on section 616. Variance calculation section . . . 

616 cal.cul.ates the vari.ance of .qua~tized LSP parameter 

region·s output from ne.i.ghboring LSP region ca1cul.at:l.on 

5 section 615. At the time the variance is calcu1ated •. 

Lt is possible to reflect characteristics of peak and 

valley except the pe~k at the lowest frequency. by 

eliminati.ng the data of the lowest freque~cy (Ld (1)) 

without using all. the data of LSP parameter regions. 

10 With respect to a stationary noise with the 

charact-eristic such that leveis at a low ·frequency band 

are lifted. when such a noise is passed through the 

high-pass filter. since a peak of the spectrum al.ways 

appears around the cut-off frequency of the £1.l.ter. it 

· 15 is effective to cancel. the· information of such a peak 

of the spectrum. In other words; it is p~ssibl.e to 

extract the characteristics of peak and val1ey of the 
. . 

spectral envelop of an input signal.. and therefore to 

extract the static characteristics to detect a reg·ion 

20 wi ~h _high possibility that the region is a speech region. 

Further. according to this constitution. it is possible 

to separate the speech region and stationary noi.se region 

with high accuracy._ 

Fir.st static f;Jharacteristic extraction sectio~ 60 2 

25 for quantized LSP parameter is comprised of components 

614. 615 and 616 as described above. 

In second static characteristic extraction section 
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603. ref1ective coefficient ca1cu1ation secti.on 617 

converts the quant~zed LSP parameter into a ref 1ective 

coefficient to output to voiced/unvoiced judgment 

section 620. Concurre_nt1y with. the above ~rocessing. 

5 1inear prediction. residua1 power ca1cu1ation section 618 

ca1cu1ates the 1inear p,rediction residua1 power from the 

quantized LSP parameter to output to voiced/unvoiced 

judgment section 620. 

In addition. since 1.:1.near prediction residua1 

. 10 .. power· ca1cu1ation ~ect.:Lon 61~ J.s the . same as. 1:tnear 

prediction residua1 power ca1cu1ation section 614. it 

.:Ls possib1e to share one component as the sections 614 

and 618~ 

Second static characteristic extraction section 

15 603 for quantized LSP parameter is comprised of 

components 617 and 618 as described ~bove. 

Outputs fl;'om dynami.c characteristic extraction 

section 601 and first stati.c characteristic extraction 

section 602 are provided to speech region d.etection 

20 section 619. Speech region detection section 619 

receives an evo1ution amount of the smoothed quantized 

LSP parameter i.nput from square sum ca1cu1ation section 

607, a distance between the average quantized LS:P 

paJ:"ameter of the noise segment and the current quantized 

25 LSP parameter input from square sum ca1cu1ation section-

613 •. the quantized 1inear prediction resi.dua.l power 

input from .linear prediction residual. PC?Wer ca1culation 
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section 614.. and the variance information of the 

neigbboring LSP region data input from variance 

calculation section 616. Then. using these informatio~. 

speech region detection ·seQtion 619 judges whether or 

5 not an .i.nput signal. (or a decoded signal.) at the current 

unit processing time is a speech region. and outputs the 

judged resul.t to mode determination section 621. The 

more specific me"thod for judging whether the input s.:l.gnal. 

is a speech region is descried iater using PIG.a~ 

10 On the other hand·.. an output from second 

c~aracteristic extraction· section 603 is provided to 

voiced/unvoiced judgment section 620. Voiced/unvo.:Lced 

judgment .section 620 receives the refl.ective coeff.:1.cient 

~nput from ref l.ective coefficient cal.cul.ation section 

- 15 -617. and the quantized· 11.near predicti,on residual. power 

input from l.inear prediction residual. power cal.cul.ation 

section 618. 'l'hen. 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 resul.t to mode determination 

section 621. The more specific voiced/unvoiced 

judgment method is descried l.ater using F·IG. 9. 

Mode determination sect~on 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. 

r 
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determines a mode of the input .signal. (or decoded signa.l) 

at the current unit processing time to output. 'l'he more 

specific mode c1assifying method is described iater 

using FIG.10. 

In addition. al. though AR type sections are used as 

the smoothing section and average cal.cul.ation section 

in thi~ embodiment. it may be possib1e to perform the 

smoothing and averaqe caicul.ati~n by using other 

methods. 

The detail. of the speech region judgment method in 

the above-mentioned embodiment is next expl.ained with 

reference to FIG.a. 

First. in ,S'l'801, the first dynamic parameter 

(Paral) is cal.cul.ated. The ~pacific contents of the 

~ irst ·dynamic paramet•r is an evol.uti.on amount . Of 

quantize~ LSP parameter for each unit processing· ti.me, 

and· expressed with the fol.I.owing equation (3): 

(3) 

LSi(t):. smoothed quantized LSP at time t 

Next. in S'l'802. it is checked whether or not the 

20 first dynami.c parameter is l.arger than a predetermined 

thresbol.d 'l'hl. When the parameter exceeds the thresho1d 

'l'hl. si.nce the evol.uti.on amount of the quanti.zed LSP 

parameter i.s l.arge. it i.s judged that the·input-si.gna1 

is a speech region. On the other hand. when the 
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parameter .1.s equa1 to or 1ess than the thresho1d Th1. 

s.1.nce the ev~1ut:lon amount of the qualit.1.zed LSP p~rameter 

.1.s sma11. the process:lng proceeds to ST803. and further 

proceeds to steps for judgment pro<:ess.1.ng· with other 

5 parameter. 

In ST802. when the f:lrst dynam:lc parameter .1.s equal. 

to or .1ess than the thresho.1d Thl. the processing 

proceeds to S'l'803. where the numbe·r of a counter 

1.nd:lcat:lve of the number of ti.mes the stat:lonary noise 

10 reg:lon 1.s judged prev1.ous1y. · The 1.n.1. tia.1 va1.ue of the 

counter 1.s o. and is :lncremented by 1 for each unit 

process:lng ti.me judg~d as the stat:lonary noise reg:lon 

w:l th the mode determ1.nat1.on method. :In ST803 • when the 

number of· the counter equa.1s · to or less than a 

15 prede.term:l.ned thresho1d 'l'hC. the. process:lng proceeds to 

ST·804. where it i.s .judgef;l whether or not the :lnput s~gnal. 

is a speech reg:1.~n us:lng the static parameter. On the 

other hand. when the numJ;>er of the: counter exceeds the 

thresho1d ThC. ·th~ process:lng proceeds to ST806. where 

20 it is judged whether or not the 1.nput signa1 is a speech 

reg:lon using the second dynam:lc par~meter. 

Two types of parameters are ca1cu1ate~ 1.n ST804. 

One :ls the .1:lnear pred:lct:lon res:ldual power (Para3) 

calcu1ated.from the quant:lzed LSP parameters. and the 

25 other is the vari.ance of the di.fference informat1.on of 

neighboring orders of quant~zed LSP parameters ( Para4) • 

The l:lnear pred:lct:lon res1dual power :ls obta:lned by 
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converting the quantized LSP parameters into the 1i.near 

predict±ve coefficients _and using the re1ation equation 

in the a1gorithm of Levinson-Durbin. It is known that 

the .linear prediction residua.l power tends to be higher 

5 at an unvoice~ segment than at a voiced ~egment. and 
. . 

therefore the 1inear prediction residua1 power is used 

as a criterion of the yoiced/unvoiced judgment. The 

difference information of neighbor±ng orders of 

quantize_d LSP paramete·rs is expressed wi. th the equation 

10 ( 2) • and the var:Lance of such d~ta is obtai:ned. However 

there are some cases. which are depending on the types· 

of n~ises and b~ndwidth .limitation. of existing the 

spectra1 peak at the .lowest frequency band. Therefore 

it is preferab1e to obtain the.variance using the data 

15 from .t•2 to M-1 (M is ana.lysis order) .in the equation 

(2) without ·using the. difference inform~tion .of 

neighboring orders at the .low frequency edge ( i=l in the 

equation C 2)) • In the speech signa:l. since the·re are 

about three formants at a te1ep~one band (200Hz to 3.4 

20 kHz). the LSP regions have wide port~ons 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 usua11y have re1ative1y equa.l regions. 

25 and therefore such a variation tends to be decreased. 

By the use of these character1·stics .. it .is possible to 

judge whether. or not the input signal is a speech region. 
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However. there :Ls the case that some type of noise has 

the spectra1 peak at a 1ow freque'1CY band as described 

previous1y. In this ca.se. the LSP region at the 1owest 

frequency band becomes narrow. and therefore the 

5 variance obtained by using al.l the neighboring LSP 

evol.ution data decreases the difference caused. by the 

presence or absence of the formant structure. thereby 

iowerJ.ng the judgment accuracy. Accordi.ng1y. obtaining 

the variance with the neighboring LSP difference 

10 information at th~ .low frequency edge e.liminated 

prevents such deterioration of the accuracy. However. 

since such a st·atic parameter has l.ower judgment abi.1i ty 

than the dynamic parameter. :it :is preferab1e to use the 

static parameter as supp1ementary information. Two 

15 types of parameters ca1cu.lated in STB04 are used in 

ST805. 

Next. in ST805. two types of parameters ca.l.cul.ated 

in ST804 are processed with a thresho.ld. Specifica.l.ly. 

1.n the case where the 1.inear prediction res_idua.1 power 

20 ( Para3) 1.s equa.l to or .less· than a th.resho.ld Th3. and 

the variance (Para4) of ne~ghboring LS~ region data is 

equa.1 to or more than a threshold Th4. .1 t is judged that 

the input si.gna.l is a speech region. In other cases. 

it is judged that the input signa1 is a stationary noise 

25 reg:Lon (non-speech r~gion). '(hen the stationary noise 
. 

regi.on i.s judged. the va.lue of the counter is incremented 

by 1. 
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In ST806. the second dyn•i~ parameter ( Para2) :l.s 

calcul.ated. The second dynamic parameter·i_s a parameter 

indicative of a simi1arity degree between the average 

quantized LSP parameter in a previous stationary noise 

s region and th~ quantized LSP parameter in the current 
. . . 

unit processing time. and specificall.y. as expre~sed :l.n 

the equa ti.on ( 4); i.11 obtained as the square_ . sum of 

different; val.ues obtained for each order qs.1.ng. the 

above-mentioned two types of quantized LSP parameters: ., 

(4) 

10 Li(t): quantized LSP at time t 

15 

LAi: average quantized LSP 0£ a noise region 

The obtained lfecond dynamic parameter is processed with 

the thres~~J.d in ST807. 

Next. in ST807 • it is determiped whether or· not the 
. . 

seoond dynam.:lc parameter exceeds tbe thx:esho.ld Th2 •. 

When ·the second dynamic parameter exceeds the thresho1d 

T~2. s.ince the simil.arity de_gree to the average quantized 

LSP parameter in the previous stationary noise region 
. . 

20 is low~ it is judged that the inp~t sJ.g~al. is the speech 

reg±on. ·When the second dy~amic parameter is equal. to 

or less than the threshol.d Th2. since the si.mil.arity 

degree to the average quantized LSP-parameter in t~e· 

previous stationary noise region is.high. it is judged 
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that the input signal. is the stationary noise region. 
. . 

The val.ue of the.counter is ~ncremented by 1 when the 

input signal. is judged as the stationary no:lse region. 

'l'he detail. of the voiced/unvoiced region judgment 

5 method in thE? above-mentioned embodiment is next 

expl.ained with reference to FIG.9. 

F.irst, .in ST901~ first-order ref1ective 

coefficient is ca1cul.ated from the quant~zed LSP 

parameter .in the current unit process.ing t.ime. The 

10 refl.ect.1.ve coeff:l.cient 1.s cal.cu1ated: after t~e LSP 

parameter 1.s converted into the 1.inear predict:l ve 

coefficient • . 

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

above-menti.oned refl.ective coeffic:i.ent exceeds the 

15 first threshol.d 'l'hl. When the coeff.icient exceeds the 

threshol.d Tb1. 1.t is judged th·at the current unit 

processing time i• the unvoiced region. and the 

vo.iced/unvoiced judgment processing is finished. · When 

the coefficient is equal. to or l.ess t·han the threshol.d 

20 'l'hl., the vo.iced/unvoiced ·judgment processing 1.s further 

continued. 

When the reg.ion is not judged as the unvoiced regi'on 

in S'l'902. in ST903. it is determined whether or not the 

above-mentioned refl.ective coefficient exceeds. the 

25 second threshold 'l'h2. When the coefficient exceeds the 

threshol.d ~h2. the processing proceeds to ST905, and when 

the coefficient is equal. to or 1ess than the thresho1d 
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Th2. the prpcessi.ng proceeds to ST904. 

·When the above•menti.oned refl"ective coefficient is 

equal or less than the second threshold Th2 in ST903, 

in ST904, it is determined whether or not the above-

5 mentioned refl.ective coeffi.cient exceeds the third. 

threshold Th3 . When the coefficient exceeds ·the 

threshol.d 'l'h3. the processing proceeds to ST907. and wh~n 

the coefficient .is equal to ox• 1ess than the thresho.1.d 

'l'h3. the region is judged as the speech reg.:Lon. and the . . 

10 voiced/unvoiced judgment processing is finished. 

When the above-mentioned refl.ective coeff·ici.ent 

exceeds the second threshol.d 'l'h2 1.n ·S'l'903. the 1.i.nea..r· 

prediction residual. power :Ls cal.c;ul.ated 1.n ST905. The 

l.inear prediction residua·l power is cal.cu1ate4 after the 

15 quantize~ LSP is converted 1.nto the l.inear pr~~ictive 

coe.f£:l.cient: 

I:n ST906. fol.lowing ST9l>S. .it is determined 

whether or not the above-mentioned linear prediction 

residual. power exceeds the threshol.d 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 Th4 • .it is judged 

that the region is the speech reg~on. and the 

25 voiced/unvoiced judgment processing is finished. 

When the above-nienti.oned refl.ective coefficient 

exceeds the third threshold Thl in ST904. the linear 
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prediction residual power is calcu_lated in ST907. 

:In ST908. fol.lowing S'l'907. it is determined whether 

or not the above-mentioned linear prediction residual 
. . 

power exceeds the threshold ThS·. When the power exceeds 

s the threshold 'l'h5. it is judged that the reg.:Lon :ls the 

unvoiced region. and th~ ·voiced/unvoiced judgement 

processing is finished. When the power is equai to or 

l.ess than the threshol.d ThS, it is judged that the reg.:i.on 

is the speech region. and the voiced/unvoiced judgment 

l~ process~ng i~ finis,ed. 

The mode determination method used in mode 

determ1.nation section 621 is next expl.a1.ned with 

reference to FIG.lo.· 

,-1.rst,, in STlOOl,, the speech region detect1.on 

15 resul.t .ts i.nput. 'l'h1.·S step may be a bl.ock itsel.f that 

performs the speech region detection processing.· 

Next.. in ST1002,, it 1.s determined whether to 

determine that a mode ~s the stationary noise mode. based 

on the judgment resul.t on whether or not the region .ts 

20 tbe speech region. When the region .is the speech region. 

the processing proceeds to S'l'lOOJ. When the-region is 

not the spe~ch region (stationary noise region). the mode 

determination resul. t indicative of the stationary 

noise mode is output.. and the mode determination 

25 processing is fin~shed. 

When it is determined that the. region ~s not the 

stationary noise mode in ST1002. the voiced/unvoiced 
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judgment resul.t is input in· ST1003. This step may be 

a b1ock itse1f that performs the voiced/unvoiced 

determination processing. 

Fo11owing ST1003. the· mode determ.:Lnat.:Lon is 

5 performed to determine w~ether the mode is the voiced 

region mode or the unvoiced region mode based on the 

voiced/unvoiced judgment resu1t. When the judgment 

resu1t is J.ndicative of the ·voiced region, the mode 

· ..... · determination resul.t indicat:f.ve- of the voiced reg.ion 

10 mode is out~ut. and the _mode determination processing 

is finished. When the voiced/unvoiced judgment resuit 

is indicative of the unvoiced region. the mode 

determinat:l.o.n resul.t indicative of the u~voiced region 
. . 

mode is output. and the mode determination processing 

15 is fini.shed. As described above. ·using the speech 

region detection resul.t and voiced/unvoiced judgment. 

the modes of th~ input signal.s"(or decoded signal.a) in 

a current unit processing b1ock are cl.as~i.f±ed .:Lnto. three 

mode$. 

20 (P.ifth embodiment) 

FIG.7 is a bl.ock diagram i..ll.ustrati.ng a 

configuration of a postprocessing section according to 

the fifth embodiment of the present invention. The 

postprocessing section is used in· the speech signa1 

25 ·decoding apparatus described in the second embodiqaen t 

wi. th the mode se1ector.. described in the · fourth 

embodiment. combined therewith. The postprocessing 
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·secti.on i.l.lustrated i.n FIG. 7 is prov:Lded wi.th mode 

se.lection swi.tches 705. 708. 707 and 711. spectra.l 

amp.litude smoothi.ng secti.on 706. spectral. phase 

random~zing sect:Lons 709 and 710. and threshol.d setti.ng 

5 secti.ons 703 and 716. 

Wei.ghted synthesi.s fi..lter 701 rece1.ves decoded LPC 

output from LPC decoder 201 1.n the previousl.y descri.bed 

speech decodi.ng apparatus to construct the perceptual. 

weighted synthesis f.i..lter. performs weighted fi1teri.ng 

10 processing on the synthesi.zed speech si.gnal. outpu-t 'from 

synthesi.s f1.1ter 209 or post fi.1ter 210 1.n the speech 

decod1.ng apparatus to output to FF1' processing sect1.on 

702. 

FFT processing secti.on 702 performs FFT processi.ng 

15 on the weight1.ng-processed decoded signai output from 

we.i.ghted synthes:ls £i.1ter 101; and outputs a spectral. 

amp11. tude WS~i. to fi.rst thresbo.ld setti.ng sect:l.on 703 • 

.f.irst spectral. amp.litude smoothing sect.ion 706 and f.i.rst 

20 

. . 

spectra.l phase ~andomizing section 709. 

First threshol.d setti.ng sect.ion 703 ca.lcu.lates the 

average of the .spectral ainpl.itude ca.lcul.ated.i.n FFT 

process.ing secti.on 702 · us.ing a11 frequency signal. 

components. and using the cai·cu.lated average as a 

reference. outputs the thresho.ld Thl to first spectra.l 

25 amp.litud_e smoothing section 706 and fi.rst spectra.! phase 

random1z~ng sect1on 70~. 

FF'r processing sect1on 704 performs FFT processing 
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on the synt_hesi.zed speech s.1gna1 output from synthesj_s 

fi.l.ter 209 and post fi.1ter 210 1.n the speeQh decod:l.ng 

apparatus, outputs the spectral. amp1i tude to mode 

selection switches 705 and 712, adder 715. and second 

-5 spectra1 phase randomi.zing· ·section 710, and further 

outputs the spectral. phase to mode sel.ect:l.on sw,i tch 708. 

Mode se1ection swi.tch 705 receives the mode 

informati.on (Mode) output from mode se1ector 202 1.n the 

speech decod:l.ng apparatus. and the d:l.ff erence 

lQ. U:tformation (Diff)_ output f~om adder 715. · and judges 

whether the decoded s:l.gnal. :l.n the current unit proc.ess:l.ng 

. ·.·· time :ls the speech reg:lon or the stati.onary no.ise region . 

Mode sel.ecti.on swi.tch 705 connects to mode sel.ecti.on 

swi.tch 707 when judges that the decoded si.gnal. 1.s the 

15 speech region. wh:11e connec1!:1.ng to £:1.rst spectra]. 

anp1itude· smooth:l.ng section 706 when judges that the 

decoded signal. is the stati.onary noi.se regi.on. 

FJ.rst spectral. am.p1i tude smoothing secti.on 706 

rece:i.ves the spectra]. ampl.itude SAi output from FFT 

20 processing section 704-through mode sel.ecti.on swi.tch 705, 

and performs smoothi.ng processing on a s.igna1 component 

with a frequency determined by the 1.nput fi.rst thresho1d 

Thl and weighted spectra1 ampl.itude WSAi. to output to 

mode se1ecti.on swi.tch 707. The determination of the 
. . 

25 signa1 component with t'~e frequency to be processed for 

smoothing 1.s performed by determining whether the 

weighted spectral. amp1i.tude WSAi is equal to or 1ess than 
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the first threshol.d Thl. In othe~ words. the smoothing 

processing of th~ spectra1 ampl.itude SAi is performed 

on the signal.component with the frequency i .such that 

WSAi :is equal to or l.ess than 'l'hl. The smoothing· 

5 proc~ssing red~ces the discont~nuity in t~me of the 

spectra.1 ampl.itude caused· by the c9ding distortion. In 

the case where the smoothing processing i~ performed 

_with the. AR type expressed w:L th the equation. ( 1) • the 

coefficient a can· be set at about O. 1 when the. number 

10 of FFT poJ.nts.is 128. and the unit pr~cessJ.ng-t.:l.me i.s 

lOm.s. 

As mode sel.ection switch 705. mode se.lection switch 

707 receives the mode information (Mode) output from mode 

s~l.ector 202 in the speech decoding apparatus. and the 

15 dif~erence information (Di££) output from adder 715. and 

judges whetlier the decoded signal. in: the current _uni. t 

processing time is the speec~ region or the stationary 

no.1.se region. Mode se1ecti.on switch 707 connects. to 

mode sel.ection switch 705 when judges t·hat the decoded 

20 signal. is the speech_regipn. whil.e connecting to first 

spectra.1 amp1itude smoothing section 706 when judges 

that· the decoded signal. is the stati"onary noise region. 

The judgment resul. t is the same as that by mode sel.ection 

switch 705. An output of mode se.1ection switch 707 is 

25 -connected to IFFT process~ng sect.ion 720. 

Mode se1ect.1on sw:itch 708 is a switch of whi.ch th~ 

output is switched synchronously with ·mode sel.ection 
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, switch 705. Mode se.l~ct:ion switch 708 receives the mode 

1.nformati.on (Mode} output from mode sel.ector 202 1.n the 

speech decoding- apparatus. and the d:Lfference 

:Lnformation (D:iff) output from adder 715. and judges 

5 whether the decoded s:igna.l :in tbe current unit processing 

time is- the speech region or the stationary noise regi.o~. 

Mode se1ection switch ~08 connects to second spectra.l 

phase randomizing section 710 when judges that the 

-decoded sig~a.l is the speech region. whi.le connecting 

10 to first spectra.l-phase ra~domi.zing section 709 when 

judges that the decoded s1.gna1 is the stati.onary noise 

region. 'l'h~ judgmen1: resul.t .:l,.s the same as that by mode 

se.lection switch 705. In other words. mode se1ection 

switch 708 is connected to first spectral. phase . 

15 random:l.zing sect:l.on 709 when· mode se1ecti.on swi. tcb 705 

is , connect.e"d .to first spectral. amp.li tude smoothing 

sect.ion 706 •. and mode se.lection switch 708 .1.s connected 

to second spectra.l phase randomizing sect:l.on 710 when 

mode se.lection switch 705 is connected to mode se.lecti.on 

20 switch 707. 

F:i.rst spectra.l phase randomizing section 709 

receives the spectra.l phase SP:i output from FFT 

processing section 704 through mode-se.lection switch 708. 

and per:f orlbs randomi.zing process~ng on a signa1 

25 component with a fr~quency determined by the input :first 

threshold Thl and weighted spectral amp.litude WSAi to 

output to mode se.lection switch 711. The method for 
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determinin~ the sig"1al. component at. the fr~quency to be 

processad for randomizing· is the same way as th~t for 

determining the signal. component at the frequency to· be 

processed for smoothing in first spectra1 amp1itude 

5 sm9othing _section 706. In other words •. the ~andomizing 

processing of spectral. phase SP1 is-performed on the 

signal. component with .the frequency i such that WSA.i i.s 

equal. to or l.ess than 'l'h1. 

Second spectral.· phase randomizing seQtion 710 

10 receives the spectral. pha~e SP.1. output from PFT 

processing section 704 through mode sel.ect.1.on switch 70 8 ~ 

and performs randomizing processing on a signa1 

compone11t with a frequency determined by the input second 

thres.bol.4 'l'h2i and· spectral. amp.litud:e SA:l to output to·: . . . 

15 mode sel.ection switch. 711. The method for determining 

the signal. component at the frequency to be processed 

for randomizing is simi1ar to that in first·spect~ai 

phase random~zing section 709. Xn other words, the 

ra·ndomizing pi;ocessing of spectra.l phase SPi is 

20 performed on the signa.1· component with the frequency 1. 

such that.SAi is equal. to or .less th.an 'l'h2i.. 
. . 

Mode ~el.action switch 711 operates synchronous.ly 

with mode sel.ect.:Lon switch 707. As mode sel.ect:lon 

switch 707. mode sel.ection swi tcb 710 receives the mode 

25 information (Mode) output from mode se1ector 202 .in the 

speech decoding apparatus. and the d.iff erence 

i.nformation (Diff) outp·ut from adder 715. and judges 
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whether the decoded signal. in the current. unit processing 
. . . 

time is t~.e speech region or· the stationary no::Lse region. 

Mode sel.ection switch 711 connects to second spectral. 

phas·e randomizing s·ection 710 when judges that the 

5 decoded signal. ~s the speech region. whil.e connecting 

to first sp~ctral. .Phase randomizing section 709 when 

judges that the decoded signal. is the stationary noise 

region. The judgment resul.t i.s tile same as that by mode 

sel.ection switch 708. An output of mode se1ecti~n 

.. 
10 · switch 711 is connected to IFFT processing section 720. 

As mode sel.ect.:l.on sw1.'tch 705. mode se.1ect1.on sw.1. tch 

712 receives the mode information (·Mode) output from mode 

sel.ector 202 ·in the speech decoding apparatus. and the 
. . 

difference in.formation (D:l.ff) output from adder 715. and 

15 judges whethe·r the decoded signal. in the current unit·· 

processing ~.1.me is the speech region or the stationary 

no1.se region. When it 1.s judged that the decoded· s1.gnal. 

:Ls not the speech region (is the stationary no is~ re!;Jion) • 

mode se.lection switch 712 1.s connected to output the 

20 spectral. amp.litude SAi output from FF1' processing 

section 704 to second spectral. ampl.itude smoothing 

section 713. When it is determined that the decoded 

signal. is the speech region. mode sel.ection switch 712 

is disconnected. and therefore the spectral. aapl.itude 

25 SA.1. is not output to second spectral. ampl.1. tude smooth~ng 

section 713. 

Second spectra1 amplitude smoothing section 713 
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recei v~s the spectra.! ampl.~ tude SAi output from FF'l' 

processing sectiQn 704 through mode se'iection sw.1.tch 7·12. 

and performs the smoothing processing on signa1 

components· at all. frequency bands.· The average spectra1. 

5 ampl:.itude in the stationary no:ise region can be obta.:l.ned 

by this smoothing processing. The smoothing ·processi.ng 

is 'l;he same as that in first spectral. amp1i tude smoothing 

section 706. In addition. when·mode se1ection· switch 

712 is disconnected. the section 713 does not perform 

10 the processing. and a smoothed spectra1. am_p.1i t_ucle SSA:l 

of the st~tJ.onary noise region,,. which is 1ast processed. 

is output.· The smoothed spectral. ampl..:l tude SSAi 

processed ~n second spectral. amplitude smoothing 

processing section 713 is output to delay section 714. 

15 second t~reshol.d setting section 716. and mode sel.ection 

S1'.:1.tch 718.· 

De.1ay section 714 delays .the input· SSAi.· output 

from second spectral amp1itude smoothing section 713. 

by a unit processing time to output to adder 715. 

20 Adder 715 cal.cu.1ates a difference between the 

smoothed spectral ampl.i tude SSAi of the stationary noise 

region iD: the l.ast unit processing time and tlJ:e spectra.l 

ampl.itude SAi in the current unit processing time to 

output to mode switches 705, 707. 708. 711, 712. 718, 

25 and 719. 

Second thresho1d setting section 716 sets the 

thre.shol.d Th2i using as a reference the smoothed spectral. 



. ·~· 

51 

amplitude SSAi. of the stati.onary no_ise regi.on output from 

s~~ond spectral. amp1itude smoothi.ng secti.on 713 to 

output to second spectral. phase randomizing secti.on 71 a· • 

Random spectral. phase generati.ng· sect:lon 71 7 

s outputs a randoml.y generated spectral. phase to mode 

·sel.ection switch 719. 

As mode seJ.ecti.on swi.tch 712. mode se1ect1.on swJ.tch 

718 rece.ives the mo(l~ 1.nformati.on (Mod~) output from mode 

seJ.ecto-r 202 1.n the speech decodi.ng· apparatus. and the 

l.O difference i:nformat.ion (Di.ff) output from adder 715. and 

judges whether the decoded signal in the current unit 

processi.ng ti.me 1.s the speech reg1.o_n or the stat1.onary 

no1.st;t regi.on. When it .is judged that the decoded s.ignaJ.· 

1.s ihe speech reg.ion. mode seJ.ect1.on switch 718 1s 

15 connected to output an output from second spectral. 

amplitude smooth.ing secti.on .713 to IPF'l' pr·ocessi.ng 

section 7 20. When :l.:t is· determ:Lned that the decoded 

signa1 ~s not the speech region ( stat:lonary noi.se regi.on) .. 

mode sel.ecti.on· switch 718 :t:s di.sconnected .. and therefore 

20 the output from second sp~ct~~l. ampl.1.tude smoothLng 

section 713 1.s not output to IFF'l' processing secti.on 7 20. 

Mode sel.ect1.on switch 719 is switched 

synchronousl.y wi.th mode sel.ection switch 718. As motle 

sel.ection s~i1;ch 718. mode selecti:On swi.tch 719 receives 

25· the mode information (Mode) output from mode sel.ector 

202 i.n the speech decoding apparatus. and the difference 

information (Diff) output from adder 715 .. and judges 
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whethe7: the-decoded signa.1 in the current unit prc;»cessing 

ti.me is the speech region or the stationary no:Lse region .. 

When it 1.s judged ~hat the decoded signa.L -is the speech 

region, mode se.lection switch 719 is connecte~ to.output 

.. 5 an. output from random spectra1 phase generating section 

717 to I IFFT processing section 720. When it is judged 

that ·the decoded signal.·is not the speech region (is 

stationary no·ise region). mode se1ection switch 719 ;:Ls 

disconnected, and therefore the output from second 

~O random spectra1 phase generating section 717 i.s· not 

output to IFFT processing section 720. 

IFFT processing section 720 receives the spectral. 

ampl.itude output from mode sel.ection sw=--tcb·. 707, the 

spectral. phase out.put from mode sel.ecti.on: switch 711., 

15 the spectral. amp.litude output from mode sel.ect:lon switch 

718, and the spectral: phase output from mode sel.ection 

section 719 to perform IFFT processing, and outputs the 

processed signal.. When mode sel.ection switches 718 and 

719 are disconnected. IFFT processing section 720 

20 transforms the spe_ctral. amp.Li tude input_ . from ~ode 

sel.ection 707 and the spectra1 phase input from mode 

se1ection switch 711 into a real. part spedtrum a~d 

imaginary part spectrum of FFT. then performs the IFFT 

processing. and outputs the real. part of the resul.tant 

25 as a time signal.. On the other hand. when mode se.lection 

sw1tches 718 and 719 are connected, IFFT process1ng 

secti.on 720 transforms the spectra.l amp.litude input from 
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mode se1ect1.on 707 an'1 the spectral phase input fr9m mode 

sel.ect1.o~ switch 711 into a first real. part spectrum and 

first imaginary part spectrum. and further transforms 
. . 

the spectral. amp1itud~ input from mode se1ect.1.on 718 and 

5 the spectra1 phase input from mode se1ecti.on sw.1. tch 719 

into a second real. part spectrum and .second imaginary 

part: spectrum to add. . a'1d then performs the :CPFT 

proces·s:i.ng. In other words. assuming that a th:i.rd rea1 

part is obtained by addi.ng the first rea1 part spectrum 

10 to. the second real. part: · spectrum. and that a third 

imagi.11ary part is obtai.n.ed by addi.ng the f:irst .:lmag.:lnary 

part spectrum to the second imaginary part spectrum.. the 

:CFF'l' proc'ess~ng i.s performed usi.~g the thi.rd real. part 

spectrum and third imaginary part spectrum. .At: the_ time 

15 of add1.ng the above-mentioned spectra. the second real. 

:Part spectrum ~nd second :lmagi.na~y part spectrum are 

attenuated by constant _times or an_ adapt:ivel.y cont:rol.l.ed 

vari.abl.e. For examp1e. at the ti.me. o~ addi.ng the 

above-menti.oned spectra. the second rea1 part spectrum 

20 is muJ.tipl.:led by 0.25 and then added to the f±rst real. 

part spectrum. and the second imagi.nary part spectrum 

25 

is _muJ.tip.11.ed. by o. 25. and then added to the first 

imagi.nary part spectrum. thereby obtaining the third 

real part.spectrum and third imaginary part spectrum. 

The postprocessing method previously described is 

· next explained using FIGS .11 and 12. FIG.11 is a 

. f1owchart i11.ustrating specific process~ng of the 
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.postprocessing metho~ in this embodim~nt. 

First •. in ST1101,. FF'l' logarithmi.c spectral. 

.i. ampl.itude (WSAi) of a perceptual weighted input sJ.gna.I. 

(decoded speech signal..) is calcul.ated. 

5 Next.. in ST1102.. the first thresho.l.d 'l'h1 J.s 

cal.cu1ated. 'l'h1 is obtained by adding a constant kl to 

the average of WSA~. The value of k1 is determined 

empirical.1y,. and. for example. about 0.4 in the common 

.I.ogarithmic region. Assuming that the number of FPT 

10 po in ts. is N .. , and that the FF'l' spectral. ampl.1. tude is WSAi 

(i=l.2 ••.• ,.N).. the average of WSAi i.s obtai:ned by 

~ caicu.l.ating the average val.ue of an N/2 number of WSAi 

15 

because WSAi i.s symmetry with respect to the boundary 

~f l=N/2.and i•N/2+1. 

Next,. in S'l'll03,. FFT logarithmic spectral. 

ampl.itude (SAi.) and FFT spectra.l phase (SP.i.) _of an input 

signal. (decoded speech signal.) that 1.s not perceptu·a.J.. 

wei.ghted 1.s c·aJ.culated. · 

Next .. in S'l'll04 .. the spectral difference (Di.ff) .is 

20 calculated. The spectral. difference is the· total. 

residual. spectra each obtained by subtracting the 

average FF'l' l.ogari thmic spectra.l ampl.i tude ("SSAi.) 1.n the 

region previously judged as the stationary noise region 

from the current FFT .l.ogarithmi~ spectral. amp.l.itude 

25 (SAi). · 'l'he spectra difference Di.ff obtained in this 

step is a parameter _to judge whether or not the current 

power is larger than the average power of the stationary 
.· 
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. noi.se region. When the current power .is 1ar!Jer than the 

average power of the stat;ionai:;y no.is~ region. the region 

bas a signal. different from a stationary no:lse component. 

and · t}\eref ore the region is judged to be not · the 

5 stationary noise region. 

Next. i.n ST-1105, the counter is checked. The 

counter i.s indicative of the number of times the decoded 

signal. is judged as the stationary no.:lse region 

pJ;eviousl.y. In the case where the number of the counter 

10 is more than a predeternai.ned val.ue. 1.n other words. when 

it is judged that the decoded·si.gnal. is the stationary 

noi.se region prey1.ousl.y w.1 th some extent of stabil.1 ty. 

the process1.n,g pro·ceeds to· S'l'll07. In the other case. 

:ln other words. when it is 1ittl.e judged that the decoded 

15 signal. is the stationary noise region previousl.y. the 

processing proceeds to S'l'll06. . 'l'he diff~rence between . 

STll.06 and ST1107 :is that the spectral. difference (Di.ff) 

.t:s used or not as a judgment criteri.on •. 'l'he spectral. 

difference (Di.ff) is ca1cul.ated using the average_PFT 

20 l.ogari thmic spectral. amp1i. t~de ( SSAi) in the region 

prev.ious1~ judged as the stationary noise region. To 

obtai.n such an average FFT lqgarithmic spectral. 

amp1i.tu4e (SSAi). it .is necessary to use a previous 

stationary noise region with a sufficient ti.me l.ength 

25 of some extent, and therefore STllOS is provided. When 
. . 

there is no previous stationary noise regi.on with a 

sufficient t.ime 1ength. since 1.t is considered that the 
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average FFT .logarithmic spectra.l amp.litude (SSAi) .1.s not .. 

averaged sufficiently, the proce~sing is intended to 

proceed to ST1106 in which the spectral. difference (Diff) 

is not used. The i·nitial. va1ue of the counter is O. 

Next. in STll06 or ST1107. it is judged whether or 

not the decoded signal. is the stationary no:l.se reg.i.on • 

. :In S~ll06. it is judged. that the decoded signa.l. i·s the 
~; .. 

stationary no:l.se region in the case where an excitation 

mode that is a.lready determined 1.n the speech· decoding 

10 apparatus is ~he stationary noise region mode. :en 

.S'l'll07, .it is judged that the de.coded signal. is the 

stat:l.onary noise region in the case where an exc.1.tat:Lon 

mode that is a.lready ~etermiJled. ·i~ the speech decod:Ln_g 

apparatus is the stat:l.onary noise region mode, and the 

15 spectral. difference (Di.ff) ca.lcu1ated 1.n ST1104 .i.s equal. 

to· or J.ess than the threshol.d IC3. In S'l'll06 or S'l'l107. 

the processing proceeds to ST1108 when j,,t is judged that 

the decoded signal. is the stat."Lonary no:l.se region~ wh:l..le · 

the process:Lng proceeds to ST1113 ~hen it is judged that 

20 the· ·decoded signal. is not the stationary noise region. 

in other words. that the dee.oded signa.l is the speech 

region. 

When it is judged that the decoded s:Lgnal. 1.s the 

·stationary noise region, the smoothing processing is 

25 next performed in ST1108 to obtain the.average FFT 

l.ogar~thmsp~ctrum(SSA~) oftbestat~onaryno~~ereg~on. 

In the equat~on 1n ST1108. 8 is a constant 1ndicat1ve 



57 

of an intensi.ty of smoothing in the range of o .. o to o. 1. 

8 may be ~bo\lt o_. l when the number of FFT points .i.s 128; 

and a unit processing ti.me is lOms (80 points in 8kHz 
. . 

sampJ.:ing) • . The smoothing processing is performed on a11. 

5 l.ogarithmic spectr~1 amp1itudes (SAi, :i=i •..• ~N. N ~s 

t.he number of FFT po:ints). 

Next. in ST1109. the smoothing processing of'FFT 

1ogari thmic spectra:l,, amp1i tude is performed to perform 

smoothing on the spectral. ampl.itude. diffe·rence of the 

10 stationary noise region. The smoothing processing is 

the same as that in ST1108. However. the smooth.i.ng 

proc;::essi.ng iii ST1109 is not performed on a1l. l.ogar:lthm:lc 

spectral. amp1i tudes ( SAi). but performed on ·a signal. 

component with a frequency 'i sucb that the perceptual. 

15 we:i..ghted l.ogar.ith~ic sp~ctral. amp1.1tude (WSAi) 1.s equal. 

20 

to or l.ess than the threshol.d 'fhl •. 'Y . 1n the · equat1.on 

in ST1109 is the same as 8 in ST1108. and may have the 

same val.ue as B • Partial.l.y smoothed ;Log2'r.i. tbmic 

spectral. amp1itude SSA2i is obtained in STl.109. 

Next. 1.n STlllO. the randomizing processi~g is 

performed on the FFT spectral. P.hase. 'l'he random.izin_g 

processing is performed on ~ signa1 component w:ith a 

sel.ected f~equency :in the same way as in the smoothing 

processing in ST1109. In other words. as in S'l'll09. the 

25 randomizing processing .is ·performed on the sJ.gna.l 

component with the frequency i such that the perceptual 

weighted 1ogar.1thmic spectral."amp1itude (NSA:i) is equa1 
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to or .less than the threshold Thl. At this point. i.t 

may be possibl.e to. set Thl at the same val.ue as :in ST1109, 

and al.so possibl.e to set Thl at a different val.ue adj_usted 

to ·obtain higher subjective qual.1.ty. 
. . 

:In add:i ti.on, 

5 random (i) in STlllO J.s a numerical. va1ue ranging from 

-2 7r: to +2 7C generated randomly. To generate random ( .1.),, 

it may be possib1e to generate a random number :Q.ewJ.y every . . . 

tj,,me. To save a computation amount. .1.t may be a1so 

possibie to bol.d pre-generated random numbers in a tabl.e 

10 to use wbil.e circul.ating the contents of the tab1e for 

· each unit processing tim·e. When the tab1e is used. two 

15 

cases are considered that the contents of tbe tab1e is 

·used without mod:lf:lcation. and that the contents of the 

tab1e ~s added to the PPT spectral. phase to use. 

Next. in S'l'l111, a comp.lex FF'!' spectrum 1.s 
· .. 

generated from t~e FF'!' lQgarithmic spectral. amp1itude 

.a~d FFT spectral. phase. The real. part is obtai.ned by 

returning the FF'!' l.ogari thm;ic spectra.l amp.l.i t.ude SSA2 :l 

from the .l.ogari.thmic region to tbe l.i.near regj,,on .. and 

20 then mul.tipl.ying by a cosi.ne of a spectral. phase RSP2i. 

The imaginary part i.s obtained by returning the PP'!' 

l.ogarithmic spectral. ampl.itude SSA2i from the 

l.ogari thmic regioil to the linear region. and then 

mul.tipl.ying by a sin~ of the spectral. phase RSP2i. 

25 Next, in ST1112, the number of the counter 

indicative of the region judged as the stationary noise 

region is increm~nted by 1. 
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On the other hand. when i. t is judged that the decoded 

signal is the speech re9i.on (not the stationary no~se 

region) i.n ST11~6 -0r ST!l07, next in S'l'll13, the ·FFT 

1ogari thmi.c spectral. ampl.i. tude · SAi is copied as the 

5 smoothed l.ogarithmi.c spectrum SSA2i.. In other words. 

the smoothi.ng proce•si.ng of the l.ogarithmi.c spectral. 

ampl.itude is not performe-d • 

. Next • .1.n S'l'l114. the random.1.z.1.ng process:l.ng of the 

FFT spectral. phase .is performed. The randomi.z.1.ng 

10· processing i.s performed on a signal. component with a 

.sel.ected frequency as 1.n S'l'illO. However. the thresbo.J.d 

for use in selecting the frequency .is not Thl. but a val.ue 

obtained by adding a constant k4 to SSAi previ.ousl.y 

obta.1.ned i.n S'l'l108. This threshol.d equal.s to the second 

15 thr~·sho.l.d Th21. in PIG. 6. In other words. the 

random~z.1.ng: of t.ha spect~al. phase .i-8· performed on a· 

si.gnal. component wi.th a frequency such th.at .the spe.ctral. 

ampl.i tude j_s small.er than the average spectra.1. amp.11. tu de 

of the stationary noise reg.1.on. 

20 Next. in 8'1'1115. a compl.ex FFT spectrum i.s 

generated from the FFT l.ogarithmi.c spectral. ampl.itude 

and PF'l' spectral. phase. The real. part is obta.1.ned by 

addi.ng the val.ue obtained by return.1.ng the FFT 

l.ogari thmic spectral ampl.i tude SSA2i. from the 

25 l.ogari thmi.c region to the 1inear region. and then 

mul.tiplyi.ng by the cosi.ne of the spectral phase RSP2i. 

and a va.lue obtained by mul ti.pl.ying a value obtained by 
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returning the FFT logarithmic spectral ampl.itude SSAi 

from "the logarithmic region to t~e linear region by a 

cosine 0£ a spectra1 phase · random2 ( i) ,, and further 

·inu1t.ip1y1.ng the resultant by the constant kS. The 

s imag.inary part is obtained by. adding the va1ue obtained 

by returning the FFT .logarithmic spectrai ampl.i tude. 

SSA2i from the .logarithmic region to the .linear region. 

and then mu.lti.p1ying by the sine of the spectral. phase 

RSP2i ,,· and a va.lue obtained by mu.l t:lp.ly:lng a va1ue 

10 obta:L:ned by returning. the FPT .logari thm.:Lc spectra.l 

amp.li tude SSAi from the .logari. thmic region to the 1.i.near 

region by a sine of the spectra.l p~ase random2 ( J..) ,, and 

further mu.lt1.p1ying the resu.ltant by the constant kS. . . 

The constant kS is in the range of o~o to 1.0,, and 

15 specJ.£1.ca.ll.y set at about: 0.25. In addition. kS may be 

an adaptive.ly contro.11ed var.tab.le. It 1.s poss.i.b.le to 

· improve the subjective qua.11.ties of the ba~kgr~und 

stationary no.ise in the speech·region by mu1tip.lexing 

the average stat.i.onary noise mu.ltip.lied by k. ·The 

20· random2(i) :ls the same random number as random(i). 

Next • .in S'lll16,, IFFT is performed on compl.ex FF'? 

spectrum (Re(S2)i,, Im(S2)i) generated :ln STllll or 

STl.115 to obtain a comp.lex (Re(s2).i,, Im(s2)1.). 

Fina.l.1y,, in ST1117,, the real part Re(s2Ji of the 

25 complex obtained by the IFFT is output. 

A-ccording to themultimode speech cod1ng apparatus 

of the present invention. since the coding mode of the 
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second coding section is determined using the coded 

resu1t in the first coding section. it is p9ssib1.e to 

prov~de the second codi.ng section with the· mui t.:Lmode 
. . 

without addi.ng any new .information indicative of a mode. 

s and thereby to improve the coding performance. 

In this constitutionw the mode switching s~ction 

S1fi tches the mode of the second co·ding sect!l.ori that 

encodes the excitati.on vector using the ~uantized 

parameter indicat'.f.ve of speech.spectral. characterJ.s.tic, 

10 whereby in the speech· coding apparatus that encodes 

parameters indicative of spe~tra1 characteristics and 

.parameters· indicative of the exc~tation vector 

1.ndependentl.y of each other •. 1. t is possib.le to· prov.ide 

the coding· of· the exci ta t:lon vector wi. th the mul. ti.mode 

15 ~ithout. increasing new transmission information. and 

therefore to improve t~e coding performance. 

In thi.~ case. since 1.t is possib.le to detect the 

stat1.onary noise segment us1.ng dynamic characteristics 

for the mode sel.ection, the excitation vector coding 

20 provided with the mu1timode improves the ~oding 

performance for the stationary no±se segment. 

Further. in this case, the mode switching section 

switches the mode of the processing section that encodes 

the excitation vector using quantized L.SP parameters, 

25 and therefore it is possibl.e to appl.y the present 

invention simpl.y to a CBLP system that uses the LSP 

parameters as parameters indicative of spectral 
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characteristics. Furthermore. since the LSP parameters 

that are parameters i.:n a frequency region are used. it 

is possibl.e to perform the judgment of the stationari.ty 

of the spect~um. and therefore to impro~e 

5 the coding performance for stationary noises. 

Moreover. in this case. the mode switching section 

judges the stationarity of the quantized LSP ~s·ing the . .~ . . 

. preyious and current quantized LSP parameters. judges 

the voiced characteristics using the current quantized 

10 LSP, and based on the. judgment resu.l ts. performs the mode 

se.lection of the processing section that encodes the 

excitation vector;, whereby it is possi:bJ.e· to perform the 

coding of the exc:Ltation vector whi.le swi tch:Lng between 

the stationary noise segment. unvoiced speech segment 

15 and voiced speech segment. and therefore t·o improve tbe 

coding performance by preparing the coding. mode of the 

excitation vector cor~esponding to eacn segment. 

In .the speech decoding apparatus of ·t~e present 

invention. s.:i.nce it is possi.bl.e to detect the case that 

20 the power of a decoded signal. is suddenl.y in_creased •. it 

is possib1e to cope with the case that a detect·~on error 

is caused by the above-mentioned processing section that 

detects the- speech region. 

Further-.. in the spee.ch decc;>ding apparatus of the 

25 present invention. since it is possible to de~ect the 
. 

stationary noise segment using dynamic characteristics. 

the excitation vector coding provided with the mu1 timode 
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the excitation vector coding provided·_with the mu1ti.mode 

improves the coding performance for the stationary noise . 

segment. 

As described above, · according to the present 

5 invention, since the mode se.lection of speech coding 

and/or deco·ding postproces~ing ~s performed using the 

stat:lc and dynam::Lc characteristics in the quantized data 

of parameters indicative of spectral. characteristics, 

it is possibl.e toprovide the speech coding with the 

·<'10 mul.timode wi·thout· newl.y. ·transDJi'tting t·he mo.de 

information. In pai:ticu1ar. since it is po11sib1.e to 
perform· the judgment of the. speech region/non- speech. · 

region in addition to the judgment of the .voiced 

region/unvoiced region, it is possibl.~ to provide· the 

15 speech coding apparatus and spee·ch decoding apparatus 

e-nabl.ing the increased improvement of the c9ding 

performance by the mul.t~mode. 

This app1ication is based· on the Japanese Patent 

App1ications No.HBil~-236147 fil.ed on August 21,. 1988, 

20 and No .HBil0-266883 fil.ed .on September 21.- 1988, entire 

content of which is e:xpressl.y incorporated by reference 

herein. 

25 

Industria1 Appl.icabil.ity 

'!'he present invention is effectivel.y appJ.icab.le to 

a communication te~minal. apparatus and base station 

apparatus in a digita.l radio communication system. 
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1. A multimode speech coding APPARATUS GOMPRISING: 

-· first coding means for coding ·at least one type of 

' parameter indicative of vocal tract information contained 

10 in a speech signal; · 

seqond ·coding means. for being. capable o·f coding sa,id 

at least one type of parameter· indicative of vocal tract 

informat.ion with a plurality· of ·modes; 

mode · switching means for switching a coding mode of 

u said second coding mean• based ~n a dyna~ic bharacteristic 

of a specific parameter ·coded in .saiq first coding ~eans; 

and 

synthesis meaQs for synthesizing an input .sp~ech 

signal using a plurality of types of parameter· information 

20 coded in said first coding mearis and said second coding 

means. 

2 . The mul timode . speech coding apparatus according to. 

·cl.aim 1, wherein said ·second coding means c.omprises coding 

means for being capable of coding an ~xcitation vector . . ·. '· . : . 

25 w:i,.th a plurality of coding modes, and said mode switching 

means switches the coding mode of said second coding means 

using a quant~zed parameter indicative of a spectral 

characteristic of a spe$ch. 

3. · The ·m.ultimode speech coding apparatus accordin·g to 

30 claim 2, wherein said mode switching means switches the 

coding mode of said second . coding means using . a static 

characteri·stic ·and a dynamic characteristic of the 

quantized . parameter indicative of the spectral 

character~stic of the speech. 

JS 4. The mul timode speech . coding apparatus according to 

claim 2, wherein said mode switching means switches the 

coding mode of said second coding means using a quantized 

. LSP paramenter. 
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s 5. The multimode speech coding apparatus according to 

claim 4, wherein said mode switching means switches the 

coding inode of said second coding means using a static 

characteristic and a dynamic characteristic , of the 

quantized LSP paramete~. 

10 6. The muitimode speech coding apparatus_ according to 

claim 4, wherein ~ai~·mode switching means comprises nieans 
. . 

for judging statiqnarity . of the quantized LSP parameter 

using a previous quantized· LSP parameter and a current 

quantized LSE_> paramet.er, a,nd . means · for jdugin9 a voiced 
15 characteristic using the current quantized LSP parameter, 

and l;>ased on a. judged result~,_ switches the _coding mode of 
sa}d second coding nieans. 

7. A multimode speech decoding apparatus qomprising; 

first decoding ~eans for ·ciecoding a·t l~ast on~ type 
20 · of parameter indicc;lti ve of vocal tract inf ormat!on 

contained in a speech signal; 

25. 

' second . decoding means for being c~pable_ of decoding 

said at least o~e type of .Param~ter i!ld_icati v~ of voca_l 
tract information with a pl~rality. of decoding modes; 

said 

·mode switching means for switching a decoding mode of. 

second decoding means . based on a dyi:i_amic .. 

chara.cteristic of a specific . parameter . dec()ped in said 
first decoding means; and 

_s~nthes_is mearis for decoding the speech signal using 
30 a plurality of ·types of pai;am~ter information· decqded in . . '• . . - ~ . 

said first decodi~g means and said second decoding means • 
. 8. The multimode _speech decoding apparatus according to 
claim 7, wherein said second· decoding means · comprises 

-decoding means for being capable ·of decoding an·excitation 

35 vector with a plurality of decoding modes, _and. said .. moc:Ie 

switching means switches the decoding mode of said second 

decoding means using a quantized parameter indicative of a 

spectral charabte~istic of a speech. 
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9. The multimode speech decoding apparatus according to 

claim ·9, wherein said mode switching means switches the 

decoding mode of said second decoding means using a static 

characteristic and a dynamic characteristic of the 

quantized para:qleter indicative of the spectral. 

10 characteris_tic of the speech. 

lS 

10. · The mul timode speed~ decoding ~pparatus according to 

. claim 8, wherein said mode ·s·witching_ means switches the 

decoding mode of said second decoding· means using a 

quantized LSP parameter. 
. . 

11. The mutlimode sp~ech decoding apparatus according to 

claim 10, wherein said mode' switch:ing ·m~ans switches the 

decoding mode of S!aid second decoctii:ig means using ·a static 

characteristic · and a dynamic characteristic · · o! . the 

quantized Ls·p · pa_raineter. 

· 2() 12. The ~µl timod~ spe~c~ d~ct)ding app~ra,tuS! ~ccox:d~ng to 
. ' . . . .· . . .. • .. - . . . ·. . . . . . . . . ' . •. . . ~ . .. . . . . · .. · . . .. 

cl.aim. 1·0, ·wherein said mode switching ~eans . comprises 

means for judging· . stationar.ity ·. of the quantized LSP 

parameter using a previous quantized LSP parameter and a 
current quantize.ct LSP parameter,· and means :e~r judgin9 a 

25 vo.iced characteristic using the current quantized LSP 

parameter, and base. don j_udged results, switches the 
,. 

dec;:oding mode of. said second decoding mea:1:1s .. 

13. The multimode speech decoding app!3,ratus according to 

claim 7, wherein said apparatus switches postprocessing 

30 ·for a decoded .sig_nal based on ju~ged results. 

14. A multimode postprocessing apparatus col[lprising: 

ju~g~ment means for judging. whether ornot a r~gio??-_is 

a. speech. region using a decoded LSP parameter; · . · 

.FFT processing means for performing fast Fourier 

35 transform processing -on a signal; 

spectra_! phase ra~domizi11g means foJ;: randomizi.ng a 

spectral phase obtained by said fast Fourier transform 

' 1111111 111111.1111111111111111 
* C L M S * 
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s processing .corresponding to a result judged by said 

judgement means; 

spectral amplitude. smoothing mean·s for performing 

smoothing on a spectral amplitude obtained. by said fast 

Fourier transform processing correspond.:i.ng to said result; 

10 and 

IFFT processing means for performing inverse . fast 

Fourier tran:;;fo~m on the· spectral phase· randomized by said 

spectral phase randomizing means and the ~pectral 

amplitude smoothed by said spectr.al amplitude. smoothing 

IS means. 

15. The mul timode postproc~ssing apparatus according to 

claim 14, wherein s·aid device determines a frequency of 

the spectral ·phase to be randomized using an · average 

spectrai amplitude of a previou_s non-speech region in a 

20 speech region, and determines a frequency of the spectral 

phase to be ~andomized and the spectral _arnpli tude to ·be 

s~ooted" u_sing (3.n av~rage spectral amplitude . with . all 

f requenc_ies in a perceptual weighted domain in a non-. 

speech region. 

25 16. The multimode postprocessing apparatus according to 

claim 14, . whe_:r;ein .~ai<;t ,devie.e · multiplex~s i.~l .. a spe~c;:h 

regi~n a noise generated ·using average spectral amplitude 

in a previous non-speech region. 

17~ A speech signal transmission ~pparatus having a 

30 spee~h input apparatus that converts a speech signal into 

an electric signal, and A/D . converter that converts a 

signal output from the speech input apparatus into a 

digital signal, a multimode speech. coding apparatus that 

perforins coding on the digital signal· output from the 

35 multimode speech coding apparatus, and a transmission 

antenna ·that transmits a radio signal output from the RF 

modulator, 

comprising: 

said multimode speech coding apparatus 
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first coding means for coding at least one type of 

parameter indicative of vocal t.ract information contained 

in -a speech ~ignal; 

.mode switching means for switching a ··coding mode of 

said.second coding means based on a dynamic characteristic 

IO of a specific parameter .coded in· said first coding means; 

and 

synthesi.E! means for syntl)esizing_ an input speech 
. . 

· signal using· a .plurality of types. of parameter information 

coded · in said ·first coding means and said. second coding 

IS means. 

18. A speech signal reception. apparatu_s having a 

reception antenna that receives . a radio · signal, an RF 

demodulator that performs d~odulat:i:.or:i processing on the·· 

radio. signal received at the reception antenna; a 

20 multimode speech decoding apparatus that-performs ·decoding 

on informatio~ obtained by the RF. demodulator, a D/A 

converter that converts a digital speech signal decoded in· 
the mul t:imode speech decoding apparatus into an analog 
signal I and a. .Spee¢h OUtpUt . -~pparatUS that COnvertS ail 

25 electric signal . output fr.om the : D/A . c9nvert~.r into a 

speech signal, said multimode speech decoding apparatus 

comprising: 

first dec;:oding means for . decoding· at leas:t .one ·:type 

of parameter ind;i.cat,t ve of vocal tract information 
30 contained ·in· a speech sign.al; 

sec~nd · ~ecodi~g . means . for .. b.eing . cap.able__ of . _decodin9 

said at least one type of parameter indicati v~ of vocal 

tract information with a plurality of decoding modes; 

mode switching means for switching a decoding mode of 
35 said second decoding means based on . a dynamic 

character~stic of a specific parameter decoded in said 
.J 

first decoding means; and 
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s·ynthesis means for decoding the speech signal using 

a plurality of types of parameter information decoded in 

said first dec;:oding means and said second d.ecoding means • 

. 19. A computer readable recording medium with a computer 

executable program recorded. therein, the program 

comprising the procedu:res of: 

judging stationarity o·f a · qilantizect LSP ·pai:ameter 

using ·a previous qua:nt,i.zed LSP parameter and a current 

quantized LSP parameter; 

judging a voiced characterist,ic using ;the· curr.ent 
··~··. 

15 quantized LSP p~rameter; and. 

switching' ·a .mode of a procedure of coding an 

exci ta ti on vec.tor, based on judged results ~ 

·20. A .computer readable recording medium with a computer 

ex'ecutable pro-gram recorded . therein, tpe program 

20 compri·sing .1:he procedures of: 

judgil)g station~:rity .of a· quantized LSP parameter 

using · a .Previous quantizeq LSP .. parameter a.nd a current 

quant~z~q. :LSP param.et;:er ;" 

judging a .voiced characteristic using the current 

2s ·quantized ts~ ·p~ra.meter; 

.swi~cQ.J.ng a m(;>d~· of a .proceO.ure of decoding. an 

excitation vector, based :on judgc;!d results; an.d · 

switching a procedu;re of perforinirig p~stprocessin~ on 

a de.c;:ocled sig:nal, }:)as~d on t"l'.1e jud(j~d xesults_. . . . . .. 

30 21. A mul timode .speecJ:) coding nl:ethod for ·performing mode 

switching of a mo.de for coding an excitation vector, using 

a static characteristic and. a dynamic characteristic of a 

quantized· parameter indicative of a spectral 

char·acteristic of a ·speech. 

35 . 22. · A multimode · speech decoding method. for performing 

mode switching of a mode for decoding an excitation 

vector, using a static characteristic and a dynamic 

· 11111111111111111111111111 1111 
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s characteristic of a quantized parameter indicative of a 

spectral characteristic of a speech. 

23. The multimode speech decoding method according to 

claim 22, said method comprising the steps of: 

perf arming po~_tprocessing on a . decoded signal; and 

10 swi t~bing .the step of performing postprocessing, 

based on mode information. 

24. · A multimode postprocessing method. compi;:is.ing! 

the judgement step of judging whether or not a region 

is a speech region using a decodec;i LSP parameter; 

15 the FFT processing step.· of performing fast Fourier 
. . . 

·transt9rm p~9cessing on a signal; 

the spectral phase randomizing step of randomizing a 

spectral phase 9btained by said fast Fourier transform 

processing corresponding to a result determined by saj,.d 

20. judgement; step_; .. 

25 

30 

the spectral amplitu.de .~m-~~thing step of performing 

smoothing on a spectral amplitude obtained by said fast 
' . 

~ourier_transforrn processing corresponding to said result; 

·and 

the. ·IFFT processing s~ep of peJ;forrning :i,.nverse fast 

Fourier transform on the.spectral phase randomized_by ·said 

. · spect~e1:1.· pha:;;e .. rando~l~i,z:ig._ st,e:p and ihe_ .~pectral amplitude 

smoothed by said spectral amplitude.smoothing st'3P· 

I 1111111111111 11111 1111111 1111 
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