1 TIFTLE OF THE | NVENTI ON Speech Encodi ng Met hod and Apparatus &MBZSieschfos
Decodi ng net hod and Appar at us BACKGROUND OF THE | NVENTI ON Fi el d of the

| nventi on This invention relates to a speech encodi ng nmet hod and
apparatus in which an input speech signal is split on the tinme axis in
"terns of a pre-set block as an encoding unit and encoded from one such
encodi ng unit to another. The invention al Si) relates to a pitch detection
nmet hod enpl oyi ng the speech encodi ng net hod*and apparatus. Description of

t he Rel ated - there are known a variety of encoding

met hods for ‘gfet %Pr%'lr‘\%E 1'g Ig}{qr_rpressi on by exploiting statistic
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-inclusive of speech and acoustic signals, an psyc%oac stic properties of
t he human beBACKGROIANDQPIHEINVENTION e roughly classified into encodi ng
in the time domain, encoding in the frequency donmain and anal ysi s-synthesis
encodi ng. Field OﬁMIIgVQﬂIﬁQnt echni ques for high-efficiency encoding of
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the sinusoi dghd enxdlePlrom oRBSRSH GidodRR Ghittd ABERK CThSbENtiohatiodkRtes to a pitch
detection method employing the speech encoding method and apparatus. |
Description of the Related Art

Up to now, there are known a variety of encoding methods for performing signal
compression by exploiting statistic properties in the time domain and frequency domain
of audio signals, inclusive of speech and acoustic signals, and psychoacoustic properties
of the human being. These encoding method are roughly classified into encoding in the
time domain, encoding in the frequency domain and analysis-synthesis encoding.

Amoné the techniques for high-efficiency encoding of speech signals, there are
known sinusoidal analysis encoding, such as harmonic encoding or multi-band excitation
(MBE) encoding, sub-band coding (SBC), linear predictive coding (LPC), discrete cosiné
transform (DCT), modified DCT (MDCT) and fast Fourier transform (FFT).

Meanwhile, in the sinusoidal synthetic enéo'ding generating excitation signals
using the pitch of an input speech signal as a parameter, pitch detection plays an
important role. With a pitch detection method employing an autocorrelation method used
in a conventional speech signal encoding circuit and which is seasoned with a fractional
search with the sample shifting of not more than one sample for improving pitch detection
accuracy, if the half-pitch or the double pitch exhibits stronger correlation than the pitch
desired to be detected in the speech signal, pitch detection tends to result in failure.



usihg the pitch of an input speech signal as a parameter, pitch detection
pf-ays an inportant role. Wth a pitch detection nethod enpl oying an
autocorrel ation nethod used in a conventional speech signal encoding
circuit and which is seasoned with a fractional search with the sanple
shifting of not nore than one sanple for inproving pitch detection
accuracy, if the half-pitch or the double pitch exhibits stronger
correlation than the pitch desired to be detected in the speech signal,

pi tch det ectSURMMARISOFCTHEINVENTION | ure.
2 SUMVARY OF THE | NVENTI ON It is therefore an object of the present

i nvention to proui de tlergfotecin dbjeet bf the prestmtdneantion| te providera pitdh getection
detecting the pitch for a speech signal in which the half-pitch or the

doubl e pitc pd panablefcoreptly detseting the ipiseh for a/5peash signakin whish thechalfopiteh
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of produci ng}‘h@sg%émls:i' ear natural playback speech devoi d of extraneous
noi se by application 't he above-nmentioned pitch detection nethod.

The present i nvenkiPindthér\ob5Rs of thei present BivefitiorPtd protvided speeotdigdal dhcddimt
speech signal is divided onthe tine axis in terns of pre-set encoding

units for demethiodagd appargtig capable of produciug adighly ¢lésr nhtmal playback speech deloid
t he encodi ng-ynit-based speech signal, The nethod includes a pitch
searchi ng st @pexfangauseqisby lelcﬁg% o therapHermIcBHORRSLRIC cipcsion gethod.

The present invention provides a pitch detection method in which an input speech
signal is divided on the time axis in terms of pre-set encoding units for detecting the pitch
corresponding to the fundamental period of the encoding-unit-based speech signal. The
method includes a pitch searching step of detecting the pitch information under a pre-set

" pitch detection condition, a step of setting the high-reliability pitch information satisfying
a condition which becomes true if the likeliness to pitch is higher than under the pitch
detecting condition based on the detected pitch information, speech level of the input
speech signal and on the autocorrelation peak value of the inpuf speech signal, and a step
of determining the pitch based on the set high-reliability pitch information.

The -pitch detection method according to the present invention permits high-
precision pitch detection without mistaken detection of the half-pitch or the double-pitch.

The present invention also provides a speech signal encoding method and device
in which an input speech signal is divided on the time axis in terms of a pre-set encoding
unit and encoded on the encoding unit basis. The encoding method and device include
| predicting encoding of detecting the pitch by the above-defined pitch detection method

for finding short-term prediction residuals of the input speech signals, sinusoidal analytic
encoding of performing sinusoidal analytic encoding on the short-term prediction



pitth detection condition, a step of setting the high-reliability pitch
Lnformation satisfying a condition which beconmes true if the likeliness to
pitch is higher than under the pitch detecting condition based on the
detected pitch information, speech |evel of the input speech signal and on
the autocorrel ati on. peak val ue of the input speech signal, and a step of
determ ning the pitch based on the set high-reliability pitch information
The pitch detection nmethod according to the3present i nvention permts high-
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the reproduction of the clear natural speech devoid of buzzing.

BRIEF DESCRIPTION OF THE DRAWINGS

Fig.1 is a block diagram showing the basic structure of a speech encoding device
for carrying out the speech encoding method according to the present invention.
Fig.2 is a block diagrim showing the basic structure of a speech decoding device
for carrying out the speech decoding method according to the present invention.
Fig.3 is a block diagram showing a more specified structure of a speech encoding
device embodying the present inventio.n.
Fig.4 is a flowchart showing _the sequence of operations for setting the high-
reliability pitch information.
Fig.5 is a flowchart showing the sequence of operations for resetting the high-
reliability pitch information.
Fig.6 is a table showing data of various but rates.
Fig.7 is a flowchart showing a typical sequence of operations for pitch detection
in the structure of Fig.3.
Fig.8 is a flowchart showing a typical sequence of operations for pitch detection
in the structure of Fig.3.



hal f-pitch or double-pitch in the speech signals, thus enabling expl osives
or fricatives, such as p, k or t, to be reproduced clearly, while there is
produced no extraneous sound in a transition portion between the voiced and
unvoi ced portions, thus assuring reproduction of the clear natural speech
devoi d of buzzing. BRI EF DESCRI PTI ON OF THE DRAW NGS Fig. 1is a

bl ock di agram showi ng the basic structure 9f a speech encodi ng device for

carrying out the_speech encoding nmethod according to the present jnvention.
Fig.2 is a bl ockFigrhdy aflovcoast s§oVHS Mather typipglctegrencsof, ge&t@eﬁfja'éeﬁ%r ng

device for (&g{e{:g&mg\@g%ﬁ%&gsmga decodi ng nmet hod according to the present

I nventi on. “di agram showi ng a nore specified

structure of a SPRCRIRRRAHE Rulilsrpitth RRABY il theldhoRiE3E Flg d Nvent | on.

Fig.4 is a flowhart show ng the sequence of operations for setting the

hi gh- reliabiliFig.pbl ich blodkodiagtanoshowing the stridtareSof the ardosmiiwing rsideséfoai ng
the sequence of operations for resetting the high- reliability pitch

i nf or mat i on.portable terminaberaploying the spesch hmalr@cqgma device gmbodying the presant
Fig.7 is a flowhart show ng a typical sequence of operations for pitch
detection (IAVEMW@Lstructure of Fig. 3. Fig.8 is a flowhart show ng
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terminal employing the speech signal decoding device embodying the present invention.
DESCRIPTION OF THE PREFERRED EMBODIMENTS

Referring to the drawings, preferred embodiments of the present invention will be
explained in detail.

Fig.1 shows the basic structure of an encoding device for implementing the pitch
detection method and the speech signal encoding method embodying the present
invention. -

The basic concept underlying the speech siénal encoding of Fig.1 is that the
encoding device has a first encoding unit 110 for finding short-term prediction residuals,
such as linear prediction encoding (LPC) residuals, of the input speech signal, in order
to effect sinusoidal analysis encoding, such as harmonic coding, and a second encoding
unit 120 for encoding the input speech signal by waveform encoding having phase
reproducibility, and that the first encoding unit 110 and the second encoding unit 120 are
used for encoding the voiced (V) speech of the input signal and for encoding the unvoiced
(UV) portion of the input signal, respectively.

The first encoding unit 110 employs a constitution of encoding, for example, the
LPC.residuals, with sinusoidal analytic encoding, such as harmonic encoding or multi-

band excitation (MBE) encoding. The second encoding unit 120 employs a constitution



4 - Fig.9 is a flowhart show ng another typical sequence of operations
for pitch detection in the structure of Fig.3. Fig. 10 shows the
results of pitch detection in the structure of Fig.3. Fig. 11 is a

bl ock di agram showi ng the structure of the transmtting side of a portable
term nal enploying the speech signal encodi ng device enbodyi ng the present
I nventi on. Fig. 12 is a block diagram showi ng the structure of the
receiving side of a portable term nal enpl o;?T ng the speech signal decoding
devi ce enbodyf egryifteoRicededicitedlifdal prdictibiEGSIRLP s veetot idaamiat
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excitation (MBE) encodi ng. The second encodi ng unit 120 ‘enp
constitution sent to an output terminal 102, as later explained. The LPC residuals from the LPC

inverted filter 111 are sent to a sinusoidal analytic encoding unit 114. The sinusoidal
analytic encoding unit 114 performs pitch detection and calculations of the amplitude of
the spectral envelope while performing V/UV discrimination. The spectra envelope
amplitude; data from the sinusoidal analytic encoding unit 114 is sent to a vector
quantization unit 116. The codebook index from the vector quantization unitl 116, as a
vector-quantized output of the spectral envelope, is sent via a switch 117 to an output
terminal 103, while an output of the sinusoidal analytic encoding unit 114 is sent viaa
switch 118 to an output terminal 104. A V/UV discrimination output of a V/UV
discrimination unit 115 is sent to an output terminal 105 and, as a control signal, to the
switches 117, 118. If the input speech signal is a voiced (V) sound, the index and the
pitch are selected and taken out at the output terminals 103, 104, respectively.

- The second encoding unit 120 of Fig.1 has, in the present embodiment, a code
excited linear prediction coding (CELP coding) configuration, and vector-quantizes the

time-domain waveform using a closed loop search employing an analysis by synthesis



5 of carrying out code excited |linear prediction (CELP) using vector

guanti zation by closed | oop search of an optimum vector by closed | oop
search and al so using, for exanple, an analysis by synthesis nethod.

In an enbodi ment shown in Fig. 1, the speech signal supplied to an input
termnal 101 is sent to an .LPC inverted filter 111 and an LPC anal ysis and
quanti zation unit 113 of the first encoding unit 110. The LPC coefficients
or the so-called [err]-paraneters, obtained by an LPC anal ysis quanti zation
unit 113, arfiethedtint whichear Béipunveiat muisd tddebookl 12105 sitbedizéds by anweighted
unit 110. Fromthe LPC inverted filter 111 are taken out l|inear prediction
residual s ( Leyothesisi filtexl 12, tfe resudting meightgsespencisisgreat to subtmactoe lzgcaxmmrya s
quanti zation unit '

ant z outp |near spectral paj LSPs)
are taken ou‘?et‘é(PFd‘é‘émel gghetsg ‘?ﬁa’ﬁéﬂ“ yppliedito the ipputdiel Fﬁgﬁ

o O S S 140 AR I

per f orms pi th‘ad&i%faﬁEé Qal@ionabigctiftinen® Offedt hﬁsﬁﬂw AL Ohs aﬁl& a> RE&bY al

envel ope while pertform ng VUV discrimnation. The spectra envel ope

anpl i t ude daininifmizmg theems: isyeacitd byahehgite codebookdi2ig This CELR éndodlimgristuséd a
vector quantization unit 116. The codebook index fromthe vector

quant i zat i onfaneheodingthe yuvaicedspeechiportion, as gxplained praviesly. fhe 99@!109& findex,

envel ope, is sent__vi
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a switch 127 which is turned on when the result of V/UV decision from the V/UV

discrimination 115 specifies the unvoiced (UV) sound.

Fig2is .a block diagram showing the basic structure of a speech signal decoding
device, as a counterpart device of the speech signal encoder of Fig.1, for carmrying out the
speech'decodjng method according to the present invention.

Referring to Fig.2, a codebook index as a quantization output of the linear spectral
pairs (LSPs) from an output terminal 102 of Fig.1 is supplied to an input terminal 202.
To input terminals 203, 204 and 205 are entered outputs of the output terminals 103, 104
and 105 of Fig. 1, respectively, that is index, as the output of envelope quantization, pitch
and the V/UV decision resﬁlts, respectively. To the input terminal 207 is entered an index
as data for unvoiced (UV) speech from the output terminal 107.
| The index as the envelope quantization output of the input terminal 203 is sent to
an inverse vector quantization unit 212 for inverse vector quantization to find a spectral
envelope of the LPC residues which is sent to a voiced speech synthesizer 211. The
voiced speech synthesizer 211 synthesizes the linear prediction encoding (LPC) residuals
of the voiced speech portion by sinusoidal synthesis. The synthesizer 211 is fed also with
thé pitch and the results of V/UV decision from the input terminals 204, 205. The LPC



switch 118 to an output term nal 104. A V/ UV discrimnation output of a
V/W discrimnation unit 115 is sent to an output termnal 105 and, as a
control signal, to the switches 117, 118. If the input speech signal is a
voi ced (V) sound, the index and the pitch are selected and taken out at the
output termnals 103, 104, respectively. The second encodi ng unit
120 of Fig. 1 has, in the present enbodi nent, a code excited |linear
prediction coding (CELP coding) configuration, and vector-quantizes the
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the LPC synthesis filter 214. The speech signals synthesized by the LPC synthesis filter
214 are taken out at an output terminal 201.

Referring to Fig.3, a more detailed structure of a speech signal encoder shown in
Fig.1 is now explained. In Fig.3, the parts or components similar to those shown in Fig.1
are denoted by the same reference numerals. |

In the speech signal encoder shown in Fig.3, the speech signals supplied to the
input terminal 101 are filtered by a high-pass filter HPF 109 for removing signals of an
unneeded range and thénce supplied to an LPC (linear prediction encoding) analysis
circuit 132 of the LPC analysis/quantization unit 113 and to the inverted LPC filter 111.

The LPC analysis circuit 132 of the LPC analysis/ quantization unit 113 applies
a Hamming window, with a length of the input signal waveform on the order of 256
samples as a block, and finds a linear prediction coefficient, that is a so-ca_lléd o-
parameter, by the autocorrelation method. The framing interval as a data outputting unit
is set to approximately 160 samples. If the sampling frequency f, is 8 kHz, for example,
a one-frame interval is 20 msec or 160 samples.



‘device, as a counterpart device of the speech signal encoder of Fig. 1, for
carrying out the speech decoding nethod according to the present

i nventi on. Referring to Fig.2, a codebook index as a quantization
output of the linear spectral pairs (LSPs) froman output term nal 102 of
Fig. 1 is supplied to an input termnal 202. To input term nals 203, 204
and 205 are entered outputs of the output termnals 103, 104 and 105 of
Fig. 1, respectively, that is index, as the8output of envel ope
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L P L Mamirediny the LS ghantiver 134 110 poceibls 36 take s Ruraesto-frame difforence
prior to vector quantization, or to collect plural frames in order to perform matrix
quantization thereon. In the present case, two frames, each 20 msec long, of the LSP
parameters, calculated every 20 msec, are handled together and processed with matrix
quantization and vector quantization.

The quantized output of the quantizer 134, that is the index data of the LSP
quantization, are taken outata terminal 102, while the quantized LSP vector is sent to an
LSP interpolation circuit 13.6.

The LSP inferpolation circuit 136 interpolates the LSP vectors, quantized every 20
msec or 40 msec, in order to provide an octatuple rate. That is, the LSP vector is updated
every 2.5 msec. The reason is that, if the residual waveform is processed with the analysis
by synthesis by the harmonic encoding/decoding method, the envelope of the synthetic
waveform presents an extremely smooth waveform, so that, if the LPC coefficients are
changed abruptly every 20 msec, an extraneous noise is likely to be produced. That is, if
the LPC coefficient is changed gradually every 2.5 msec, such extraneous noise may be
prevented from occurrence.

For inverted filtering of the input speech using the interpolated LSP vectors

produced every 2.5 msec, the LSP parameters are converted by an LSP to & conversion



codebook for taking out the LPC residuals of the unvoiced portion. These
LPC residuals are also sent to the LPC synthesis filter 214. In the LPC
synthesis filter 214, the LPC residuals of the voiced portion and the LPC
residuals of the unvoiced portion are independently processed by LPC
synthesis. Alternatively, the LPC residuals of the voided portion and the
LPC residuals of the unvoiced portion sumred together nmay be processed with
LPC synthesis. The LSP index data fromthe ifput termnal 202 is sent to
the LPC par afiqudt 13 7eintoeparametersi whicharefilercoefficientsof eigs, tef-ordee direat typee
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perceptual weighted synthesis filter the second encoding unit 120.
The sinusoidal analysis encoding unit 114 of the harmonic encoding circuit

analyzes the output of the inverted LPC filter 111 by a method of harmonic encoding.

That is, pitch detection, calculations of the amplitudes Am of the respective harmonics
and voiced (V)/ unvoiced (UV) discrimination, are carried out and the numbers of the
amplitudes Am or the envelopes of the respective harmonics, varied with the pitch, are
made constant by dimensional conversion.

In an illustrative example of the sinusoidal analysis encoding unit 114 shown in
Fig.3, commonplace harmonic encoding is used. In particular, in multi-band excitation
(MBE) encoding, it is assumed in modeling that voiced portions and unvoiced portions
are present in each frequency area or band at the same time point (in the same block or
frame). In other harmonic encoding techniques, it is judged on the one-out-of-two basis
whether the speech in one block or in one frame is voiced or unvoiced. In the following
description, a given frame is judged to be UV if the totality of the bands is UV, insofar
as the MBE encoding is concerned. Specified examples of the technique of the analysis



8 The a-paraneter fromthe LPC analysis circuit 132 is sent to an
a-LSP conversion circuit 133 for conversion into |ine spectrumpair (LSP)
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an extrenely snooth waveform so that, if the LPC coefficients are changed

abrupt |y eveitg/mrnmbo step epenrlgeppiteh segrobeThs exﬁrmq/romah pitch datd ds sent tormat
f "th C d
ext rancous ndRSBtL3Fan wipt LEhY SRS Tond stk pe e explairca The Gpen 03 pitely
filtering of sLighhmRi415 B@ﬁsﬂnélé 19 Ytep ¥ne ﬁ&&rs%%cith%ﬂmlsiﬁ)sw%&r as explamed
subsequently.

The open-loop pitch.search unit 141 sets the high-reliability pitch information
based on th extracted rough pitch information. First, candidate values of the high -
reliability pitch information are set under conditions more strict than those for the rough
pitch information and compared to the rough pitch information for updating or discarding
the irrelevant candidate values. The setting or updating the high reliability pitch
information will be explained subsequently. '

From the open-loop pitch search unit 141 is taken out, along with the above-
mentioned rough pitch information and fine pitch information, the maximum value r’(1)
of the normalized autocorrelation values obtained on normalizing the maximum value of
the autocorrelation peak of the LPC residuals with the power. The maximum value r’(1),
thus taken out, is sent to the voiced/unvoiced discrimination unit 115.

A decision output of the V/UV discrimination and pitch intensity information



proauced every 2.5 nsec, the LSP paraneters are converted by an LSP to a
conver si on 9 circuit

137 into a-paraneters, which are filter coefficients of e.g., ten-order
direct type filter. An output of 'the LSP to a conversion circuit 137 is
sent to the LPC inverted filter circuit 111 which then perfornms inverse
filtering for producing a snooth output using an a-paraneter updated every
2.5 nsec. An output of the inverse LPC filtiar 111 is sent to an orthogonal
t ransf or m ci generating dfit 146 @b later explBified oiay alsotbe uséd ssepaamateofatahe apai-loops
encodi ng unit 114, such as a harnmnic encoding circuit, The

a- par anet er §5aEh daseribedaboys (ady the; pitchi information extrectedofrom the portion of the

| ysi s/ tizat.ion. uni 13 i tot tual weighti filt

cal cul at 1 ng. TRt g o te veichd s et o e AN ienbhrd OrrBon aeerchn e
I ghti dat tshdhi [ ' ' 6

por copt ug ey ght g oTu el BEUERR ekt 1A HoRs VbRl MR bl

filter 122 ofistrer Foafiancansfe@dDIT) WMok tonkidfting the LPC rebiduslis 04 I8¢ Sk ariddhtssi S
encodi ng unit 114 of the harnonic encoding circuit analyzes the output of

t he i nvert edspee@al athplitudé databon the feaghentyodxis aAnwmiput @f tedontippngondlteansform
pitch detection, calculations Qf the anplitudes Am of the_respective

har moni cs  aflicwibilddas sept/to §hs Bne pHch ssarchmmt 146,and e spestrab pvaleationjusat W&
and,Che. 1 ghaghed i < A HiShodth Uhokliac R iR ggge o e respective
The fine pitch search unit 146 is fed with relatively rough pitch data extracted by

the open loop pitch search unit 141 and with frequency-domain data obtained by DFT by

the orthogonal transform unit 145. The fine pitch search unit 146 swings the pitch data

(@)

by + several samples, at a rate of 0.2 to 0.5, centered about the rough pitch value data,
in order to arrive ultimately at the value of the fine pitch data having an optimum decimal
point (floating point). The analysis by synthesis method is used as the fine search .
technique for selectiﬁg a pitch so that the pov-ver spectrum will be closest to the power
spectrum of the original sound. The pitch data from the closed-loop fine pitch search unit
146 is sent to the spectral evaluation unit 148 and to an output terminal 104 via a switch
118. '

In the spectral evaluation unit 148, the amplitude of each harmonics and the
spectral envelope as a set of the harmonics are evaluated based on the spectral amplitude
and the pitch as an orthogonal transfonﬁ output of the LPC residuals, and are sent to the
fine pitch search unit 146, V/UV discrimination unit 115 and to the perceptually
weighted vector quantization unit 116.

The V/UV discrimination and pitch intensity information generating unit 115
discriminates V/UV of a frame based on an output of the orthogonal transform circuit



made constant by di mensi onal conversion. In an illustrative exanple
of the sinusoidal analysis encoding unit 114 shown in Fig.3, commonpl ace
har moni ¢ encoding is used. In particular, in nmulti-band excitation (MBE)
encoding, it is assumed in nodeling that voiced portions and unvoi ced
portions are present in each frequency area or band at the sane tine point
(in the sane block or fram®).: In other harmonic é&ncoding techniques, it is
judged on the one-out-of-two basis whether jtzhe speech in one block or in

one frame is (4ei | &H f ' b P4 '
rame s ] udgas Toraap e R e g PR EplcRiniELLS ST Bl ol oy

the MBE encodhéspetial@odlostionasit 198 emakinadn exlaepf ke mimbalifed wifrcurtplationlr e

anal ysi's . . . 10 synthesis
met hod for NHPmthedper ldopaitch beaych unity14] and thererg-grossingequativalug fromcthe zero-

L AT 8 ok 5 Voo o o e e RSV
anal v S enCl i SOl bl S8 1 66 Moddobl o VNS sBRARRORAORL,
(HPF) 109, regRs¢idistintinatidito@phiO0ARN/UV HliMation’ it 119 #otakén bP@at the

si nusoi dal anal ysis encoding unit 114 is supplied wth LPC residuals or
| i near predi chitput textminallkdSs fromthe inverted LPC filter 111.

An output unit of the spéctrum evaluation unit 148 or an input unit of the vector
quantization unit 116 is provided with a number of data conversion unit (a unit
performing a sort of sampling rate conversion). The data number conversion unit is used
for setting the amplitude data | Am| of an envelope to a pre-set constant value taking into
account the fact that ﬂle number of bands split on the frequency axis and the number of
dafa differ with the pitch. That is, if the effective band is up to 3400 kHz, the effective

~ band can be split into 8 to 63 bands. The number of mMX + 1 of the amplitude data
|Am|, obtained from band to band, is changed in a range from 8 to 63. Thus the data
number conversion unit 119 converts the amplitude data of the variable number mMx +
1 to a pre-set number M of data, such as 44 data.

The amplitude data or envelope data of the pre-set number M, such as 44, from
1hcdmanmnﬂmmcomwxdonumﬁ;pnnmkﬂjuanouqnnumhofﬁmspmﬂﬁdevﬂnaﬁonumﬁ
148 or at an input unit of the vector quantization unit 116, are gathered in terms of a pre-
set number of data, such as 44 data, as units, and weighted-vector-quantized by the vector
quantization unit 116. This weight is supplied by an output of the perceptual weighting
filter calculation circuit 139. The index of the envelope from the vector quantizer 116
is taken out by the switch 117 at output terminal 103. Prior to weighted vector
quantization, it is advisable to take inter-frame difference using a suitable leakage



The open | oop pitch search unit 141 takes the LPC residuals of the input
signals to performa 1.0 step open-loop pitch search. The extracted rough
pitch data is sent to a fine pitch search unit 146 by cl osed | oop search as
| at er expl ai ned. The open | oop pitch search unit 141 perforns 0.25 step
fine pitch search by the closed | oop, as expl ai ned subsequently. The
open-loop pitch search unit 141 sets the high-reliability pitch information
based on th extracted rough pitch informati¥®h. First, candi date val ues of

the high relcoefficiént Yord vexfor tidde uppéf DprecseenaibersTdata, condi tions nore
strict than those for the rough pitch information and conpared to the
rough pitch infor f{hpismprﬂmncg&agnmtgl?@ns dxplainedi The secomd encodirigawndtnt20 is of
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di scrimnation unit 115, A deci sion output of the V/W

di scri m nat i dhatisd the seiealled stoshaspici eddsboek 134, is sent via gain circuit 126 to the

11 perceptually weighted synthesis filter 122. The perceptually weighted synthesis filter 122
LPC-synthesizes the input noise to send the resulting weighted unvoiced speech signal
to a subtractor 123. The speech signal supplied from the input terminal 101 via high-pass
filter (HPF) 109 and perceptually weighted by the perceptually weighting filter 125 is fed
to the subtractor 123 where a difference or error of the perceptually weighted speech
signal from the signal from the synthesis filter 122 is found. Meanwhile, the zero-input
response of the perceptually weighted synthesis filter is subtracted in advance from an
output of the perceptually weighting filter 125. This error is fed to a distance calculation
circuit 124 for finding the distance and a representative value vector which will minimize

the error is searched by the noise codebook 121. The above is the summary of the vector

. quantization of the time-domain waveform employing the closed-loop search in turn
employing the analysis by synthesis method.
As data for the unvoiced (UV) portion from the second encoder 120 employing
the CELP coding structure, the shape index of the codebook from the noise codebook 121
and the gain index of the codebook from the gain circuit 126 are taken out. The shape
index, which is the UV data from the noise codebook 121, is sent via a switch 127s to an
output terminal 107s, while the gain index, which is the UV data of the gain circuit 126,
is sent via a switch 127g to an output terminal 107g.



generating unit 115 as | ater explained my also be used as a paraneter for
t.he open-1oop search descri bed above. Only the pitch information extracted
fromthe portion of the speech signal judged to be voiced (V) is used for
t he above-nenti oned. open-1 oop search. The orthogonal transform
circuit 145 perforns orthogonal transform such as discrete Fourier
transform (DFT), for converting the LPC residuals on the tine axis into
spectral anplitude data on the frequency at#s. An output of the orthogonal
transform circui t Thess switchest127s, ihlg andythepswitthes dd7.ch18iaret tutnsl emdnd, off

anpl 1 1 ude or deRtAdon the Tosules 3P 7PV Becsiph B e/ discrirmiaaton gt ks
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several sanples, at a rate of 0.2 to 0.5, centered about the rough pitc
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data having an optinmum deci nal _point (floating point). The analysis by
synt hesi s rretmami@d%@ﬂv@@‘iﬂée)-ine search technique for selecting a pitch
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harmoni cs are eval uated -based on the spectral anplitude and the pitch as
an ort hogonalhalf-pitclf. 3With the speeclosigndl enceling devickishiown anrkigd; éhelbgh-relimbilite
fine pitch search unit, 146, Y/ UV discrimpation _ unit 115 and to the .
per ceptual | y P‘%‘@i M%X}’&Pa?ﬂqnzlaw Bﬁahﬁaf‘-’hl%t. 141 of the sinpspida}/apglytic
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transform ci r gthe input speech signal pitch information entering the input terminal 101, speech level

(frame level) and the autocorrelation peak value. The candidate value of the high-
reliability pitch information, thus set, is compared to the results -of open-loop search of
the next frame and is registered as the high-reliability pitch information if the two pitch
values are sufficiently close to each other. If otherwise. The candidate value is discarded.
The registered high-reliability pitch information is also discarded if it remains unupdated
fora pre-set time.

The algorithm of an illustrative sequence of operations for setting and resetting the
above-mentioned high-reliability pitch information is now explained with a frame as an
encoding unit.

The following is the definition of variables used in the following explanation:

iPch high-reliability pitch information

rblPchCd candidate value of the high-reliability pitch information



12 145, an optimum pitch fromthe fine pitch search unit 146, spectral
anplitude data fromthe spectral evaluation unit 148, maxi num val ue of the
nornal i zed self-correlation r' (1) fromthe open |oop pitch search unit 141
and the zero-crossing count value fromthe zero- crossing counter 142. In
addi tion, the boundary position of the band-based V/ UV discrimnation for
MBE may al so be used as a condition for V/UWV discrimnation. The V/ W

di scrimnation output of the V/UV discrimnk®ion unit 115 is taken out at

t he out put termi nblPchfioldState Anglotdliability pitch difotniationheiding timeval uat i on
unit 148 or an input unit of the vector_ gquantjzation unit 116 is provided
with a nunber of ®¥ta conversi o.ﬁpwﬁhllCVGla( ¢ leyel) (ms}i ng a sort of sanpling

rate conversion). ,The dat.a.number .congersion,unit is used.for setfing.the
anpl i tude data | AR™ b&“°ﬁ?@%rﬂlie}’8§%)‘§6%ﬂ‘° P'éf‘@{&?‘bf‘é?fg?séﬁ’(e ‘f/%ﬂytfgs '#"a{ﬂhﬁ&‘ligwt 0
account the fagtcohdont HenkWter of bands split on the frequency axis and

t he nunber of dzftoa&g P#’e vm“{ﬁﬁ the pitch. That is, if the effective band is
up to 3400 kHz, 1 lss(gd £ 200t pE)/pEAE n be split into 8 to 63 bands. The
nunber of mvWX + 1 of the anplitude data | Aml, obtained from band to band,
is changed in a rabs§p0+3& pLYpO €3angehus t he data nunmber conversion unit

119 converts the a&%i tud(;z}&)a a of the variable nunber mik + 1 to a pre-set
nunber M of dat a, 32%(BH- range The anplitude data or envel ope

data of the pre-s ch.as 44, from the data nunber conversion
uni t, provided at géﬁr&@ﬁ??&t“dﬂ?%%? he spectral evaluation unit 148 or at

:npir o UNT tis Gret! thit KOH'RD iR Vahicd'poodhd Pl el tice, Mrficd 2bhEREH dr dabShiE Of
relative to each other. In the above inequalities, range is a pre-set constant. On the other
hand, it is assumed that

pitch[0]: pitch of a directly previous frame

pitch{1]: pitch of the current frame

pitch[2]: pitch of the next oncoming (future) frame

r’(n): autocorrelation peak value

lag(n): pitch lag (pitch period represented by a number of samples)
where 1’(n) denotes calculated values of autocorrelation R, normalized by the 0’th peak
R, (power) of autocorrelation and arrayed in the order of the decreasing magnitude and
n denotes the order.

It is also assumed that the values of the autocorrelation peak r’(n) and the pitch
lag(n) are also preserved for the current frame. These are denoted as crntR’(n) and
cmtR’(n), respectively. Moreover, it is assumed that

1p[0]: maximum value of the autocorrelation peak of the directly previous (past)
frame 1r’(1)

rp[1]: maximum value of the autocorrelation peak of the current frame r’[1]



set nunber of data, such as 44 data, as units, and

wei ght ed-vector-quanti zed by the vector quantization unit 116. This wei ght
is supplied by an out put of the perceptual weighting filter calculation
circuit 139. The index of the envelope fromthe vector quantizer 116 is
taken out by the switch 117 at output terminal 103. Prior to wei ghted
vector quantization, it is advisable to take inter-frame difference using
a suitabl e | eakage 16 13
coefficient for arp{Zkmximadealie affth@aytocorretitionpeak lof ee tbxt 8ncomin (gfuﬁhe)
second encodi ng unit 120 is explained. The second encoding unit 15 is of
the code exciff@¢ ¥lhear prediction (CELP) coding structure and is used in

particular for engoding the unyqi ced.portion of the input_speech signal. In
the CELP encodi ngﬁd%ﬁrﬁﬂamsawgﬁ&ﬁb?m@ﬁétwg& ‘tfjéhe Eﬁ@é@ﬁ%@%ﬁl@h,m@mﬁ%
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speech signal to_a subtractor 123. The speech signal supplied fromthe
i nput t er ni nAextfiame issmalles thansa prerset walug.HPF) 109 and perceptual |y weighted’
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[Condition 1] |
if rbIPch x 0.6 < pitch[1] <rblPch x 1.8

and
rp[1] > 0.39
and
lev> 200.0
or
p[1] > 0.65
or
1p[1] > 0.30 and abs(pitch[1] - rbIPchCd) < 8.0 and lev > 400.0
then
[Condition 2]
if rbIPchCd » 0.0 and abs(pitch[1] - rbIPchCd) < 8
and !Ambiguous(rblPch, pitch[1], 0.11)
then
[Processing 1]



response of the .perceptually weighted synthesis filter is subtracted in
advance from an out put of the perceptually weighting filter 125. This error
is fed to a distance calculation circuit 124 for finding the distance and a
representative value vector which'will mnimze the error is searched by

t he noi se codebook 121. The above is the sunmary of the vector quantization
of the tinme-domain waveform enpl oyi ng the glosed-loop search in turn

enpl oyi ng the anal ysis by synthesis netho&i As data for the

unvoi ced (WV) por tbBPehfrpmtehie second encoder 120 enploying the CELP
codi ng structure, the, shape index of the codebook fromthe noi se codebook
121 and the gain i of the codebook fromthe gain circuit 126 are taken

out. The sha ' which is the UV data fromthe noi se codebook 121, is
sent via a s@l?{%‘%?gggé%]to an output termnal 107s, while the gain index,

which is the W dabpcaCdi=githfijn circuit 126, is sent via a switch 127g to
an out put term nal 107g.

14 These swi telbes 127s, 127g and the switches 117, 118 are turned on
and of f depending on the results of V/ UV decision fromthe V/ W
di scri m nati ofProgessing3%. Specifically, the switches 117, 118 are turned on,

If the results Ofﬁgh%@ﬂiE rimnation of the speech signal of the frane

about to be trans iT#Pcat es voi ced (V), while the switches 127s, 127g

are turned on if thgmﬁpeech signal of the frame about to be transmtted is
unvoi ced (WV).

The sequence of operations of setting the high-reliability pitch information by the
above-mentioned algorithm is explained by referring to the flowchart of Fig.4.

If, at step S1, the ‘condition]’ is met, processing transfers to step S2 to judge
whether or not the ‘condition 2’ is met. If the ‘condition 1’ is not met at step S1, the
‘processing 3’ shown in step S5 is executed, and the results of execution turn out to be
the high-reliability pitch information.

If the ‘condition 2’ is met at step S2, ‘processing 1’ of step S3 is execu;ted,
followed by ‘processing 2’ at sfep S2. On the other hand, if the ‘condition 2’ is not met
at step S2, the ‘processing 1’ of step S3 is not executed, but the ‘processing 2’ of step S4
is executed.

The results of execution of the ‘processing 2’ of step S4 is outputted as the high-
reliability pitch information.

If, after registration of the high-reliability pitch information, the high-reliability
pitch information is not newly registered for, for example, five frames on end, the
registered high-reliability pitch information is reset.

An example of the algorithm of resetting the high-reliability pitch information,

once set, is now explained.



The above-described high-reliability pitch information is explained.

The high-reliability pitch information is an eval uation paraneter used in
addition to the conventional pitch information for preventing m staken
detection of the double- or half-pitch. Wth the speech signal encoding
device shown in Fig.3, the high-reliability pitch information is set by the
open-loop pitch search unit 141 of the sinusoidal analytic encoding unit
114, as a candidate value of the high-reliigbility pitch information, based
on the input speech signal pitch information entering the input term nal
101, speech Fauﬁﬁﬁddzyuna'level) and the autocorrel ati on peak val ue. The
candi date value of the high- reliability pitch information, thus set, is
conpared to the rifshlPchHoldState7-5| oop search of the next frane and is

regi stered as the high-reliability pitch information if the two pitch

val ues are suffici ly close to each other. If otherw se. The candi date
value is dis ed. The registered high-reliability pitch information is
al so di scard@og?sgwir]enai ns unupdated for a pre-set tine. The

al gorithmof an ijhpdf£elg ve sequence of operations for setting and
resetting the above-nentioned high-reliability pitch information is now

expl ained with a fhip¢hHasldState =0ncodi ng unit. The following is the
definition of variables used in the follow ng expl anati on: rbl Pch
high-reliability pielsc_h information rbl PchCd candi dat e
val ue of the [prlo%gésgneglé]abl lity pitch .| nf or mati on
rblPchHoldState ++
endif

The sequence of operations of resetting the high-reliability pitch information by
the above-mentioned algorithm is explained by referring to the flowchart of Fig.5.

If, at step S6, the ‘condition 3’ is met, the ‘processing 4’ shown at step S7 is
executed for resetting the high-reliability pitch infoﬁnaﬁon. Conversely, if the ‘condition
3’ is not met at step S6, the ‘processing 5° shown at step S8 is executed, without the
‘processing 4’ of step S7 being executed, for resetting the .high-reliability pitch
information.

The above sets and resets the high-reliability pitch information.

The above-described speech signal encoder can output data of different bit rates
depending on the demanded sound quality. That is, the output data can be outputted with
a variable bit rate. |

Specifically, the bit rate of output data can be switched between a low bit rate and
a high bit .rat rates. For example, if the low bit rate is 2 kbps and the high bit rate is 6
kbps, the output data is data having the following bit rates shown in Fig.6.

It is noted that the pitch data from the output terminal 104 is outputted at all times



15 r bl PchHol dSt at e high-reliability pitch information hol di ng
tinme | ev speech level (frane level) (rns)

Anbi guous(p0O, pl, range) is a function which beconmes true if any of the
followi ng four conditions, namely : abs(pO - 2.0 x pl)/p0 < range
abs(pO - 3.0 x pl)/pO < range abs(p0 - pl/2.0) /pO < range
abs(pO - pl1l/3.0) /pO<range is net, that is if two pitch values p0O and pl
are twice, thrice, one-half or one-third relative to each other. In the
above inequalities, range is a pre-set cond®ant. On the other hand, it is
assuned t hat at a bit rate ofi & ts] 20 msen ﬁ)ctheo/bwad dpeeeln,t\mh the EWUVLtﬁs&rimnEuon output
pitch[I]: pitch of the current fra £ pitch of the next
oncom ng (f uff@peth o puiput terminal IPS(IW}“g amlb@mqsel htﬂ %qwakTheamﬂ@x for LSP
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al so preserved for the current frane. These are denoted as cntR (n)

cn R (n), re2pesks. \Zaieynde)dtfoﬂheunvowetd(lﬁl)amﬁpmtedﬁdmthe output termtipal®107¢m@d mum
vaI ue of the aut ocorrel ation peak, of the directly previous (pasd frame

r'(1) 107gis|spitched betvieen A1 bets/olromﬁ&c ané Bcbity 8imser oRhgeutputtata foo the

current fr an%ome& 1<1und (UV) is 40 bits/ 20 msec for 2 kbps and 120 kbps/ 20 msec for 6 kbps. On

the other hand, the output data for the voiced sound (UV) is 39 bits/ 20 msec for 2 kbps

and 117 kbps/ 20 msec for 6 kbps. The index for LSP quantization, the index for voiced
speech (V) and the index for unvoiced speech (UV) will be explained later in connection
with the structure of various components.

In the speech encoder of Fig.3, a specified example of a voiced/unvoiced (V/UV)
discrimination unit 115 is now exp}ained.

This V/UV discrimination unit 115 carries out the V/UV discrimination of the
frame in subject based on the frame averaged energy lev of the input speech signal,
normalized autocorrelation peak value rp, spectral similarity pos, number of zero-
crossings nZero and the pitch lag pch.

That is, the V/UV discrimination unit 115 is fed with the frame averaged energy
lev of the specu-al envelope of the input speech signal, that is the frame-averaged rms or
an equivalent value lev, normalized autocorrelation peak value rp from the open-loop
pitch search unit 141, the crossing count value nZe:ro from the zero-crossing counter 142
and with the p1tch lag pch as an optimum pitch from the zero-crossing counter 142, based -
on an output of the orthogonal transform circuit 145 The number of zero-crossings is

~ the pitch period represented as the number of samples. The boundary position of the



16 rp[ 2] : maxi num val ue of the autocorrelation peak of the next
oncom ng (future) frame r'[I] It is further assuned that candi date
value of the high-reliability pitch information is set by the pitch
autocorrel ati on peak value or the pitch value of the current frame
satisfying certain pre-set conditions and further that the high-reliability
pitch information is registered only when the difference between this

candi date value and the pitch of the next ?ane is smaller than a pre-set

(oL, 1 o PACBE I BEN A 48 BB G Ll
Ir Br g E EH;' 2”8 ifSr VRW’GechiGﬂQﬁ"tﬁé ﬁ&n&.] This is sT;thed rtg hgc’VIU(V Qelsion thftcl%l é the
| ev > 200. 0 spectral similarity posnr

The condition for V/UV discrimination for the MBE, employing the results of
band—based V/UV discrimination, is how explained.

The parameter or amplitude |A,| representing the magnitude of the m'th

harmonics in the case of MBE may be represented by

~ |4, = E |SDE ERI/ E |EG)|?

Jeay, J=a,,

In this equation, [S(j)| is a spectrum obtained on DFTing LPC residuals, and |E(j)| is the
spectrum of the basic signal, specifically, a 256-point Hamming window, while a_, b_, are
lower and upper limit values, represented By an index j, of the frequency corresponding
-~ to the m’th band corresponding in turn to the m’th harmonics. For band-based V/UV
discrimination, a noise to signal ratio (NSR) is used. The NSR of the m’th band is

represented by
bﬂ
2 iso - 14,1zl
NSR = —= .
= 1o

If the NSR value is larger than a pre-set threshold, such as 0.3, that is if an error is larger,
it may be judged that approximation of |SG)| by |A.| |EG)| in the band in subject is not
good, that is that the excitation signal |E(j)| is not appropriate as the base. Thus the band
in subject is determined to be unvoiced (UV). If otherwise, it may be judged that



rp[I] > 0.65 or rp[1] > 0.30 and abs(pitch[I] -

rbl PchCd) < 8.0 and | ev> 400.0 then [Condition 2] | f

rbl PchCd [err] 0.0 and abs(pitch[l] - rblPchCd) < 8 ~and

I Ambi guous(rbl Pch, pitch[1], 0.11) then [Processing 1]

17 rbl Pch =pitch[l] endi f [Processing 2] - rbl PchCd

pi tch[ 1] el se [ Processing 3] rbl PchCd = 0.0 endi f
21 ‘

approximation has been done fairly well and hence the band is determined to be voiced
V). | | |

Meanwhile, since the number of bands split with the fundamental pitch frequency
is varied in a range of approximately 8 to 63 depending on the pitch of the speech, the
band-based number of the V/UV flags is also varied. Thus the results of V/UV decision
are grouped (or degraded) in terms of a pre-set number of bands obtained on splitting a
fixed frequency range. Specifically, a pre-set frequency range including the audible range
is divided into for example 12 bands for each of which V/UV decision is made.
Specifically, data specifying not more than one division position or the boundary position
between the voiced (V) area and the unvoiced (UV) area in all bands in the band-based
V/UV decision data are used as the spectra similarity pos. The values that can be
assumed by the spectra similarity pos is 1 < pos < 12.

The input parameters supplied to the V/UV decision unit 115 are function-
calculated for carrying out functional values representing the degree of likeliness to
voiced speech (V). An illustrative example of the functién is now explained.

First, the value of the function pLev(lev) is calculated based .in the value lev of the
frame averaged energy of the input speech signal. As this function pLev(lev),

pLev(lev) = 1.0/(1.0 + exp(~(lev - 400.0)/100.0))
is used.

The value of function pROr (rp) is then calculated based on the value of the
normalized autocorrelation peak value rp (0 < rp < 1.0). An illustrative example of the
function pROr(rp) is

pROr (rp) = 1.0/(1.0 + exp(~(rp - 0.3)/0.06)).

The value of function pPOs(pos) is then calculated based on the value of the
degree of likeliness pos (1 < pos < 12). An illustrative example of the function



The sequence of operations of setting the high-reliability pitch

l.nformati on by the above-nentioned algorithmis explained by referring to
the flowhart of Fig. 4. If, at step S1, the 'conditionl' is net,
processing transfers to step S2 to judge whether or not the 'condition 2
is met. If the 'condition 1' is not net at step S1, the 'processing 3
shown in step S5 is executed, and the resglts of execution turn out to be
the high-reliability pitch information. ¢ If the '"condition 2' is net
at step S2, pROsGms3ss ng 1' of step S3 is executed, followed by 'processing
2' at step S2. On the other hand, if the 'condition 2' is not net at step
'S2, the ' processiBRPsposhHT 1¥/dP0 sExpe(nost 1e&8Ded, but the ' processing 2'

f st S4 i cut ed. . T t s .of ti f the ' [
> of Step Si i Dif piie af Saucton PN eRLLer) i bR foupd Japedion Hecyae PE.
' aft i . : b ol i abili 1 . ti M
i gherel | abi pper St PletrodsE ks (F < 2urb £ 6B B4 APUIR, isplivje e
exanpl e, fiveurctispNZefo(BRero) ishe registered high-reliability pitch

information is reset. .~ An exanple of the algorithmof resetting the

hi gh-reliability pNZeto(nZdroywdt0/dr) + exp{@Zerd ; 70.6)/d2.0))expl ai ned.
18 ; .

The value of function pPch(pch) is then found based on the value of the pitch lag
pch (20 < pch < 147). An illustrative example of the function pPch(pch) is

pPch(pch) = 1.0/(1.0 + exp (<(pch - 12.0)/2.5))

x 1.0/(1.0 + exp((pch - 105.0)/6.0)).

Using the degree of likeliness to V for the parameters lev, 1p, pos, nZero and pch,
calculated by the above functions pLev(lev), pROr(rp), pNZero(nZero) and pPch(pch),
ultimate likeliness to V is calculated. In this case, the following two points need to be
considered.

That is, as a first point, if the autocorrelation peak value is smaller but the frame
averaged energy is very large, the speech should be deemed to be voiced (V). That is,
weighted sum is taken for two parameters bearing strong complementary relation to each
other. As a second point, parameters independently representing likeliness to V are
processed by multiplication.

Therefore, the autocorrelation peak value and the frame averaged energy, beiuing
a complementary relation to each other, are summed by weighted addition, whilst other
parameters are processed by multiplication. The function f (lev, rp, pos nZero, pch)
representing ultimate degree of likeliness to V is calculated by

f(lev, rp, pos nZero, pch)

= ((1.2pROr(zp) + 0.8pLev(lev))/2.0)



[ Condi tion 3] I f rbl PchHol dState = 5 then [ Processing 4]

rbl Pch = 0.0 r bl PchHol dState = 0 el se [ Processing 5] _
rbl PchHol dSt ate ++ endi f The sequence of operations of
resetting the high-reliability pitch information by the above-nentioned
algorithmis explained by referring to the flowhart of Fig.b5. 1f,

at step S6, the 'condition 3" is net, the 'processing 4 shown at step S7
is executed for resetting the high-relia@aslity pitch information.
Conversely, if the 'canghds x PNZeSo(MZEroVst pFeh p S6, the 'processing 5
shown at step S8 is exg;cput g‘c?[a) vm%t-hout(ﬂtzhgm'pprogp;cggi ng 4 of step S7 being

execut ed, f drismetedithatngeightingparhmeters @+ 112, § p0.83 bre emyiricaliy found values.
The above sets and resets the high-reliability pitch infornation.

The above- descr i Bbel VdU¥edesisiangs earrieow by dissamirating the valueof die funstionfwith bi t
rates dependin t he. deqandgd spu lity. .That |s, .the ou t data
can be out p@t?rg%emfﬁhokp V/gﬁ?'agl’?lﬁ?ﬁrfgr gj@? uft%nateynoskée ﬂ?’ﬁ“&f’l'&}gg'laﬁ‘é 19 t
rate of out Sk -bi . a high bit
rat rates. @gﬁcegmf@%eglmgﬁ%?ﬁﬁﬁﬁg@; wl% Bév%ﬁé the”high bit rate
is 6 kbps, the odanwhileahe dbovelaicntibnsd ficEREpROIIY) For indihg tHeAllREnsRQYN i N
Fi g. 6. It is noted that the pitch data fromthe output term nal 104
i s out put t edV dor ¢h¢ normekized autocorrelation peak value rp may be replaced by functions

pROr’(1p) approximating the function pROr(rp), namely

pROr’(rp) = 0.6x ' 0<x<7/34
pROr’(rp) = 4.0 (x - 0.175) 7/34 < x < 67/170
pROr’(rp) = 0.6x + 0.64 67/170 < x < 0.6
pRO’(p) =1 06<x<10

In sum, the basic concept of the above-described V/UV decision resides in that the
parameter x for V/UV decision, such as the above-mentioned input paramefers lev, rp;
pos, nZero or pch, are converted by sigmoid functions g(x) represented by

g(x) = A/(1 + exp(-(x - b)/a))
where A, a and b are constants, and the parameters converted by this sigmoid function
g(x) are used for V/UV decision.

If these input parameters lev, 1p, pos nZero and pch are generalized such that »
input parameters, where » is a natural number, are represented by x,, x,, ..., X,, the degree
of likeliness to V by these input parameters x,, where k=1, 2, ..., n, is represented by a
function g,(x,) and the ultimate likeliness to V is evaluated by

£x4, %y, .., %1) = F(@i(x1), 825, > 8X)).

~ Asthe ﬁmction'gk(xk), where k=1, 2, ..., n, an optional function having a range

capable of assuming any values from c, to d,, where c, and d, are constants such that ¢,



19 at a bit rate of 8 bits/ 20 nsec for the voiced speech, with the VW
discrimnation output fromthe output termnal 105 being at all tines 1
bit/ 20 nsec. The index for LSP quantization, outputted fromthe output
termnal 102, is switched between-32 bits/ 40 nsec and 48 bits/ 40 nsec.
On the other hand, the index during the voiced speech (V) outputted by the
output terminal 103 is sw tched between 12%its/ 20 nsec and 87 bits/ 20
nsec. The index for the unvoiced (UV) outputted fromthe output termnals
107s and 107%gd), ma§'Belrisegd between 11 bits/ 10 msec and 23 bits/ 5 nsec.
The output data for the voiced sound (W) is 40 bits/ 20 nsec for 2 kbps
and 120 kbps/ 20 wedhe fimctin gj{g, aboptioist fmdtien doripdised bEplatHl pdighttins oo
the voiced soypnd (W) is 39 bits/ -20 nsec for 2 kbps and 117 kbps/ 20 nsec
for 6 kbps.. dtfercntgradientshavinga smnge capableiof assuming anyoatues drony o, toal), maealsd

and the iyndex.for unvoi ced speech (UV) will be explained later in
be used
connection

As the function g,(x,), an optional continuous function capable of assuming any
values from ck to dk may similarly be used.

Also, .as the function g,(x,), sigmoid functions represented by

8 = Ad(1 + exp ((x - B)/ay)
wherek= 1, 2, .., nand A,, a, and b, are constants differing with the input parameter x,,
or combinations thereof by multiplication, may be used. |

The sigmoid functions or combinations the'reof by multiplication may be
approximated by plural straight lines having different gradients.

The input parameters may be the frame averaged energy lev, normalized
autocorrelation rp, spectral similarity pos, number of zero-crossings nZero and pitch lag
pch of the input speech signals. |

If the functions representing the degree of likeliness to V for the above-mentioned

~ input parameters lev, 1p, pos, nZero and pch are represented by pLev(lev), pRO(rp),
pPos(pos), pNZero(nZero) and pPch(pch), respectively, the function f(lev, 1p, pos nZero,
pch) representing ultimate likeliness to V by these functions can be calculated by
f(lev, rp, pos nZero, pch) |
= ((@pROr(rp) + BpLev(lev))/(c: + B))
x pPos(pos) x pNZero(nZero) x chh(pch)-
where o, B are constants for appropriately weighting pROr and pLev, respectively.

The value of the function f, obtained as described above, is discriminated using

a pre-set threshold value for giving V/UV decision.



with the structure of various conponents. In the speech encoder of
Fig.3, a specified exanple of a voiced/unvoiced (V/ W) discrimnation unit
115 i s now expl ai ned. This V/ UV discrimnation unit 115 carries out
the V/UV discrimnation of the frame in subject based on the franme averaged
energy lev of the input speech signal, normalized autocorrel ation peak

val ue rp, spectral simlarity pos, nunmber of zero- crossings nZero and the

pitch lag pch. That is, the V/UV di rlm'nation unit 115 is fed with
the franme average S ir al. enwv.el e of t eech
signal, that is tg-gg range- av‘gl\rﬁggféhac E?Ch Jc))?ec H%mgf’ f"ﬁ@&‘b&hﬁ%

normal i zed auiRh MfoRhAidii NdRAkptahdE rp fromthe open- Ioop pitch search
unit 141, the crossing count vaI ue nZero fromthe zero-crossing counter 142

and with the pitchtisagumed theas pitch depdctioninperfothed tsifig theareufltsfOF/UBE d&tdsion
counter 142, based on an output of the orthogonal transformcircuit 145.

The nunber ofofABe previenssirange prevVUVewishithe highrreliabilityppitcheinfarthation rbiPch asber
of sampl es. Tt%um? 8 darb%vg %glsér{bgg operaugns as a reference value.

In this case, there are the following four cases (i) to (iv) depending on the
combination of the high-reliability pitch information rblPch and the results of V/UV
decision of the previous frame prevVUV.

(1) prevVUV = 0 and rblPch # 0

Pitch detection is carried out by referring to the high-reliability pitch information.
Since the directly previous frame is already found to be voiced (V), reference for pitch
detection is had preferentially to the information of the directly previous frame.
(ii) prevVUV =0 and rblP‘ch #0

Since the directly previou§ frame is unvoiced (UV), its pitch cannot be used, so
that pitch detection is carried out by having reference only to rblPch.
(iii) prevVUV = 1 and rblPch = 0

Since at least the directly previous frame is judged to be voiced (V), pitch
detection is carried out using only its pitch. |
(iv) prevVUV =0 and rblPch = 0 | :

Since the directly previous frame is judged to be unvoiced uv), pitcil detection
is carried out by having reference to the next oncoming future frame pitch.

The above-described four cases are specifically explained with reference to the

flowcharts of Figs.7 and 8.

In Figs.7 and 8, ! denotes negation, && denotes ‘and’ and trkPch denotes the pitch
which is an ultimately detected pitch.



20 band-based results of V/ UV decision simlar to that in MBE is al so used
as a condition for V/UV decision of the frane. This is supplied to the VW
decision unit 115 as the spectral simlarity pos. . The condition for
V/ WV discrimnation for the MBE, .enpl oying the results of band-based V/ UV
di scrim nation, is now explained.. The paraneter or anplitude | Alerr]l
representing the magni tude of the mth harnonics in the case of MBE nmay be
represent ed by [err] In this equationgél S(j)I is a spectrum obtained

on DFTing LPC regj L) b ; - 1R | C.eSl@Ral |
specifically, a ?g - pg?%l%s%%#\ﬁﬁé v&bh%g)vxllyg%l?Fg&%{dgﬂ‘?&cﬁfiw&?ﬁgg%@aﬁr
and upper | irp{fimyexr ifies{1] >anT and which dtlierise B ifs valie it af(n§ GrRB&tYsfying .
corresponding to the mth band corresponding in turn to thée nmth harnonics.
For band- bas®81 vpitehifrml <icmthag@d s 1.2 xrpifcbEfrmpos sequahtialiy searchivaRirnilag@ded.
The NSR of the nmith band is represented by [err] If the NSR value is
| ar ger than l'Br‘e-’s]et----t-hreshold, such as 0.3, that is if an error is

larger, Similarly, SearchPeaks3Frms is such a function which is equal to pitch[1] if, on
comparing rp[0], rp[1] and rp[2], p[1] is larger than rp[0] or rp[2] or larger than 0.7 and
which otherwise performs the same operation as the above-mentioned SearchPeaks(frm)
using, as a reference frame, a frame having larger values of the autocorrelation peak
values rp[0] or rp[2]. .

First, at step S10, it is judged whether or not the condition that ‘the results of
V/UV decision of the previous frame prevVUYV are not 0, while the high-reliability pitch
information rblPch is not 0.0’ is met. If this condition is not met, processing transfers to
step 529 as later explained. If this condition is met, processing transfers to step S11.’

At step S11,

statusO = Ambiguous(pitch[0], rblPch, 0.11)

status1 = Ambiguous(pitch[1], rblPch, 0.11)

status2 = Ambiguous(pitch{2], rblPch, 0.11)

-are defined. ,

At step S12, it is judged whether the condition ‘none of status0, status1 nor status2
holds’ is met. If this condition is met, processing transfers to step S13 and, if otherwise
to step S18.

Atstep S18, itis jﬁdged whether the condition ‘neither statusO not status2 holds’
is met. If this condition is met, processing transfers to step S19 to adopt SearchPeaks(0)
as pitch and, if otherwise, processing transfers to step S20.

At step S20, it is judged whether the condition ‘neither status1 nor status2 holds’



it may be judged that approximation of 1S(j)I by IAlerr] E(j)I in the band
i.n subject is not good, that is that the excitation signal |I E(J)I is not
appropriate as the base. Thus the band in subject is determ ned to be
unvoiced (W). If otherwise, it may be judged that

2.1 approxi mati on has been done fairly well and hence the band is

determ ned to be voiced (V). Meanwhi | e, since the nunber of bands
split with the fundanental pitch frequencyaips varied in a range of

appr oxi mat el s ret! @ 13 colRBESHHs Mokt Oprob &3ing! than e ﬁteg?{i’eﬁ)‘]%%"{’i W%ﬁ;@s o

nunber of the VUV flags is also varied.”. Thus t sults o I on
are grouped @opitcdeagndyifotherwisd, provessihg trasfers s@stepSaper of bands obtai ned on
splitting a fixed frequency range. Specifically, a pre-set frequency range
i ncl udi ng t he audAbbtep SaRgH is jndged whether thecconditionxstatus@ dass ot hdkd’ fiomer & h
of which V/UYy.decisi.on.is nad Speci fically, data specjfying, not nore than
one di vi si on Y3 SPRGIGAN 4% W%u@%%ﬁlyibﬁslﬁtsﬂ)ﬂs pu¢ if ipdherwisee pracessing ea
and the unvoi &‘ei(sw)ste r in all bands in the band-based V/ UV deci sion
data are used as the sgec fa simlarity pos. The values that can be assuned
by the spectra si ggk@pi uk i3an ¢ | rs
supplied to the VI UV g%’s?ﬁ"%ﬁ?{@ﬁrﬂ? ﬁr%%%noﬁtamgglagﬁﬁ 12(?31&1(?2%&@?&?
carrying out thisrconditioalis \madt trkPcle pr pitchfil] isgset be pitelyraad, ifothérwdde] pessding

voi ced speech (V). An illustrative exanple of the function is now

expl ai ned.  transfers to step S26. _

At step S26, it is judged whether the condiﬁon ‘status2 does not hold’ is met. If
this condition is met, trkPch = pitch[2] is set as pitch and, if otherwise, processing
transfers to step S28 to adopt trkPch = rblPch as pitch. .

At the above-mentioned step S13, it is judged whether the function
Ambiguous(pitch{2], pitch{1], 0.11) is true or false. If this function is true, processing -
transfers to step S14 to adopt SearchPeaks(0) as pitch. If the function is false, processing
transfers to step S15 to adopt SearchPeaks3frms() as pitch.

At step S15, it is judged whether the function Ambiguous(pitch[0], pitch[1], 0.11)
is true or false. If this function is true, processing transfers to step S16 to adopt
SearchPeaks(2) as pitch. If the function is false, processing transfers to step S17 to adopt
SearchPeaks3.frmsO as pitch. .

Then, at the above-mentioned step S29, it is judged whether th coﬂdition ‘the
previous frame is UV and the high-reliability pitch information is 0.0’ is met. If this
condition.is not met, processing transfers to step S38 and, if otherwise, to step S30.

At step S30, |

statusO = Ambiguous(pitch{0], rblPch, 0.11)

status1 = Ambiguous(pitch{2], rblPch, 0.11)



First, the value of theé function pLev(lev) is calculated based in the val ue
l.ev of the frane averaged energy of the input speech signal. As this
function pLev(lev), pLev(lev) = 1.0/(1.0 + exp(-(lev -
400.0)/100.0)) is used. The val ue of function pRO (rp) is then

cal cul ated based on the value of the nornalized autocorrel ation peak val ue
rp (O <rp<1.0). Anillustrative exanple28f the function pRO(rp) is

pRO (rp) = 1.0/(1.0 + exp(-(rp - 0.3)/0.06)). The val ue of function
pPGs(pos) i salehRfinéd! cul ated based on the value of the degree of
l'i keliness pos (1 < pos < 12). An illustrative exanple of the function

22 pPCs(pos) is Atstep SPR@SS judgrd whethor the condition Peithepstatusd ndd ét&u@]) holds’
The val ue of function pNZero(nZero) is then found based on the value of the

number of zeisdnelr Htbisicgndition rsanet;pracessing dransfestp steprS32 towadbptSdawhPealasd) e
?E ntzgfof Em%l?i‘ggl,t% )d(o eerrwcige ip?ocessmg trans?l\r%(tac{ gtegégr 0) = 1.0/(1.0 + exp

At step S33, it is _]udgeq whether the condition ‘status0 does not hold’ is met. If
this condition is met, trkPch = pitch[1] is set as pitch and, if otherwise, processing
transfers to step S35. |

At step S35, it is judged whether the condition ‘status1 does not hold’ is met. If
this condition is met, trkPch = pitch[2] is set as pitch and, if otherwise, processing
transfers to step S37 to.adopt trkPch = rblPch as pitch.

At the above-mentioned step S38, it is judged whether or not the condition ‘the
previous frame is not UV and the high-reliability pitch information is 0.0’ is met. If this
condition is not met, processing transfers to step S40 to adopt SearchPeaks(2) as pitch.
If the condition is met, processing traxisfers to step S40.

At step S40, it is judged whether the function Ambiguous(pitch{0], pitch[2], 0.11)
is true or false. If this function is false, processing transfers to step S41 to adopt
SearchPeaks3Frms() as pitch. If the function is true, processing transfers to step 842 to
adopt Search(0) as pitch.

The above sequence of operations realizes pitch detection employing the high-
reliability pitch information. ”

In the above illustrative example, pitch detection is realized using the results of
V/UV detection along with the high-reliability pitch information. Another illustrative
example of using only the results of V/UV detection for usual pitch detection is
hereinafter explained.

For using the results of V/UV detection of encoding units other than the current



The val ue of function pPch(pch) is then found based on the value of the
pitch lag pch (20 < pch < 147). An illustrative exanple of the function
pPch(pch) is. pPch(pch) = 1.0/(1.0 + exp (-(pch - 12.0)/2.5))

X 1.0/ (1.0 + exp((pch - 105.0)/6.0)). Usi ng the degree of |ikeliness
to V for the paraneters lev, rp, pos, nZero and pch, cal cul ated by the
above functions pLev(lev), pRO(rp), pNZero(nZero) and pPch(pch), ultinmate
likeliness to Vis calculated. In this cas®® the follow ng two points need

to be consid . - . ' first point, i he aut ocorrel atjon
peak val ue i ghs ey ert oﬂpg{%t#rﬁgﬁ‘eaéﬂz‘\{gfgégg '@ﬁgfgﬁnfysé%@*g?’@&‘,eteﬁ@k
speech shoul d be dgaEFed Auidtoratis éa\é)valﬂé*?g (6 < r@§i<oNppd sumis taken
for two paraneters bearing strong co?rpl emantang(rglra 3np?g each other. As
a second point, panmbetefzro-orbssiagsinBéroy0r«@efsento)gnd i kel iness to V are
processed by multiplication. Therefore, the autocorrel ati on peak
val ue and the frafi@meaveragedlevebleyy, bearing a conplenentary relation to
each other, are s d by, wei ght ed addi tion, |.] st other paraneters are
processed by nul tm"éﬁ%? cterscifie deetees \fl’\gufdmﬁss 190¥ arzedlenlated fpy the

representing gdlibwiiit ee of likeliness to V is calcul ated by
f(lev, rp, pofglér’&e%oe?luggﬁgs' = ((1. 2pROr (rp) +

0. 8pLev(lev))/2. OpRp(rp) = 1.0/(1.0 + exp (~(p - 0.3/0.06)))

PNZero(nZero) = 1.0/{exp((nZero - 70.0)/12.0)}
)
pLev(lev) = 1.0/{1.0 + exp(-(lev - 400.0/100.0))}
e

Using tile equations (1) to (3), the degree of ultimate likeliness to V is defined by
~ the following equation: ' '
f(nZero, 1p, lev)
= pNZero(nZero) x {1.2 x pRp(rp) + 0.8 x pLev(lev)}/2.0
..(4)

If f is not less than 0.5, the frame is judged to be voiced (V) and, if f is smaller
than 0.5, the frame is judged to be unvoiced (UV).

An illustrative sequence of operations of pitch detection employing only the
results of V/UV decision is explained by referring to the flowchart of Fig.9.

- It is noted that prevVUV is the result of V/UV decision of the previous frame. The

values of prevVUV of 1 and 0 indicate V and UV, respectively.

First, at step S50, V/UV decision is made of the current frame for deciding
whether ‘the result of decision prevVUYV has a value of 1’ that is whether the frame is



23 x pPos(pos) x pNzero( nZero) x pPch(pch). It is noted that
wei ghting paraneters ([err] = 1.2, [err] 0.8) are enpirically found

val ues. The V/ UV decision is carri ed_out by discrimnating the val ue
of the functionf with a pre-set threshold value. Specifically, iff is
ultimately not less than 0.5, the frane is voiced (V), whereas, if it is
smaller than 0.5, the frame is unvoiced (UW). Meanwhi | e, the
above-nentioned function pRO (rp) for finddhg the likeliness to V for the

normal i zed apicedo '
pRO ' (rp) appr%gl %?F%dnﬁ]‘lgﬁftﬁéﬁg??gﬁﬂy Htﬁ?ﬁ’ps,f’@r?’r%gsﬁﬁgﬁ-a@fexfs‘{@%%b%? ! t?

0. 6x adopt trkPch = 0.0 gs ]!ltGh OrBthe other hand,iRere resuld ofstep 850 i V, glodeéSing
7/34 < x < 67/ 170 RO (rp) = 0.6x + O.64 67/ 170 < X <

0.6 tpmfer(tqaetertsﬂ 0.6 <x 1.0 In sum

t he basi c concept, of theg above- ed V/ WV dec resjdes jn that the
par aneter x for \ﬁ‘wl?j@% 4 Edudg"tiw{‘ﬁtge’iﬁgrﬁﬁg@@ daegion gf the pastapd: er s

| ev, rp, pos c e V, hon X .
represented @uﬁ%efrﬁm%a&ﬂ?maf A’h%g% ‘%&ﬁg’?‘y l%lﬁgjsfr[eﬂ%% itﬂé éﬁ%“ﬁ are
constants, ahéhative, Mcéﬁﬁige&&wf&@\t@rsfeQOSWaimt&de m'ﬂ%ﬂles%é)v are
used for V/UV deci si on. thése input parameters lev, rp, pos
nZero and pcproaessmgermsﬁrsmesielsﬂﬁh that n input par arreters where n is a
natural nunber, are qr%gresented by x[err], x[err : ., the degree of

likeliness to V b tipideyhivhetharer sotthe omhmbegu@us(plichm pltchLl],n
b eSS b A0k i A4S0
(5 il o e g 5 et
any val ues f SearchiPeaks(0).t Thatks ifdpEIle> apfo] fok rpl1d >d8. 7 pitc[Q] hibkds! If sthebwisbat
clerr] | crntLag(n) is searched in the order of n =0, 1, 2, ...and crtLag(n) satisfying 0.81 x
pitch{0] < crntLag(n) < 1.2 x pitch[0] is set. If the function Ambiguous(pitch{0],
pitch[1], 0.11) is false, processing transfers to step S56.
At step S56, it is judged whether or not the function Ambiguous(pitch[0], pitch[1],
0.11) specifying the relation between two pitches pitch[0], pitch[1] and a constant 0.11
is true or false, If the function is true, processing transfers to step S57 to set trkPch =
SearchPeaks(2). If the function Ambiguous(pitch[0], pitch{1], 0.11) is false, processing
transfers to step S58 (trkPch = SearchPeaks3Frm()) to compare rp(0), rp(1) and fp(2).
If 1p[1] is not less than 1p[0] or rp[2] or larger than 0.7, pitch[1] is used. If otherwise, the
same operation as SearchPeaks(frm) as described above is performed using a frame
having larger values of the autocorrelation peak values rp[0] and rp[2] as a reference
frame. '
At the above-mentioned step S53, it is judged whether ‘the result of V/UV

decision of the past frame is 1°, that is whether or not the frame is V. If the past frame



24 ‘<dk, may be used. As the function g[err](Xerr]), an optional
function conprised of plural straight lines of different gradients having a
range capabl e of assum ng any values fromc[err] to d[err], may al so be
used As the function g[err](x[err]), an optional continuous function
capabl e of assumi ng any values fromck to dk may simlarly be used.
Al so, as the function g[err](x[err]), signDid functions represented by
gk(x[err]) A[err]/(l + exp (- (X[err] rr]/a[err])) where k = 1, 2,
Su

par amet 2r”dx[ 3. phoes i fhnsBt oo 8 o AT 3 et B sy b Bt

The sigmid Mgg gRs che&s‘?x'i% érglgé gggof by multiplication may be
p trai

appr oxi mat ed by ura | nes VI ng different gradients.

The input paranet&fsiep$60, lﬂeisﬁﬁ@eﬂﬁﬂﬁﬂle@\‘/tﬁém mdéﬁéionﬁ?rarmﬁiréﬁ%ne
autocorrelation rp, lFectral simlarity pos, nunber of zero-crossings nZero
and pitch | al§ Ipcthatis it the ﬁmmframpesayh I§ tl@rmkult is affirmative] protéssinguransfees 1o

representing th egree of i ness to V for the above-nentioned i nput
paranmeters | g&?%ég Ostcephz@*EP egechPsales(Q)eps pitelnt dfi they futwis\framae )is UV,

Functon 1(1 Bo-oRpb waRaRsg -“Zg{‘%@ AACPEA BBk setFitime ptonl i Agsatad, v

by these fungd pigdstoratpbe cal cul at ed by

Figs.10A to 10C shov;r the results of application of the above-described results of
V/UV decision to pitch detection of speech samples. In Figs.10A to 10C, the abscissa and
the ordinate denote the number of ﬁ'amesl and the pitch, respectively.

Fig.10A shows the pitch trajectory as detected by a conventional pitch detection
method, while Fig.10B shows the pitch trajectory as detected by the pitch detection
method of the present invention in which boh the high-reliability pitch information and
the results of V/UV decision shown in Fig.10C are ﬁsed. _

It is seen from these results that the pitch detection method of the present .
invention sets the high-reliability pitch information for a portion of the speech signal
found to be voiced (V) and holds the value for a pre-set time, herein for 5 frames. The
result is that there is produced no mistaken pitch detection in the abruptly changing pitch
portion as seen at the 150th sample of Fig.10A.

The above-described signal encoding and signal decoding device may be used as
a speech codec employed in, for example, a portable communication terminal or a
portable telephone set showix in Figs.11 and 12.

Fig.11 shows a transmitting side of a portable terminal employing a speech
encoding unit 160 configured as shown in Figs.1 and 3. The speech signals collected by
a microphone 161 of Fig.11 are amplified by an amplifier 162 and converted by an



f(Iév, rp, pos nZero, pch) = (([err] pRO(rp) +

Jerr]Lev(lev))/([err] + [err])) x pPos(pos) x
pNZer o(nZero) x pPch(pch) where a, [err] are constants for appropriately
wei ghting pRO and pLev, respectively. The val ue of the function f,

obt ai ned as descri bed above, is discrimnated using a pre-set threshold
val ue for giving V/ UV deci sion.

25 The manner in which the pitch detyction is carried out using the

hi gh-rel i abi Aﬂdw%/_aigﬁﬁh(w)%dméhanmz@ it® \dightaP ls@indR0which are sedt!tol the 3psdened
that pitch detection is perforned using the results of V/ UV decision of the

previ ous fr aemcodingwuxit\'60 vonfigurddeasishoin ireFigsibiahd 8.y The tigital sifwalsifromcthe AVDPch
as found by the above-described operations as a reference val ue.

I
this case, tRerertsr 463 aee suppliedtother wput teamingl 101. The spegchornseding wgitok6ot hen
nmbi nat i f £he highzreliability.pitch j.nfor. ' I dth
Fosul to of PeSPRE: Pustginecys Erleintd o sodbtelioh Sl BetvindT) Qi igpals of and
bl Pch = 0 =/ o tyi ' i . ' )
Li gh?r ol i abi PP )lllt termiss ﬁf%i%%é{alﬂg r?' are %@ﬁtrds%qwglggﬁsro?ftﬁé $peléh érﬁoaﬂl% unit
160 to a transmission channel encoding unit 164 which then performs channel coding on

the supplied signals. Output signals of the transmission channel encoding unit 164 are

sent to a modulation circuit 165 for modulation and thence supplied to an antenna 168
via a digital/analog (D/A) converter 166 and an RF amplifier 167.

Fig.12 shows a reception side of the portable terminal employing a speech
decoding unit 260 configured as shown in Fig.2. The speech signals received by the
antenna 261 of Fig.12 are amplified an RF amplifier 262 and sent via an analog/digital
(A/D) converter 263 to a demodulation circuit 264, from which demodulated signal are
sent to a transmission channel decoding unit 265. An output signal of the decoding unit
265 is supplied to a speech.decoding unit 260 configured as shown in Fig.2. The speech
decoding unit 260 decodes the signals in a manner as explained in connection with Fig.2.
An output signal at an output terminal 201 of Fig.2 is sent as a signal of the speech
decoding unit 260 to a digital/analog (D/A) converter 266. An analog speech signal from
the D/A converter 266 is sent to a speaker 268.

The present invention is not limiteﬂ to the above-described embodiments.
Although the structure of the speech analysis side (encoding side) of Figs.1 and 3 or that
of the speech synthesis side (decoder side) of Fig.2 is described as hardware, it may be
implemented by a sofiware program using a digital signal processor (DSP). It should also
be noted that the scope of the present invention is applied not only to the transmission or
recording and/or reproduction but also to a variety of other fields such as pitch or speed



Since the directly previous frane is already found to be voiced (V),
reference for pitch detection is had preferentially to the infornmation of
the directly previous frame. (ii) prevvWv = 0 and rblPch = 0 Si nce
the directly previous franme is unvoiced (UV), its pitch cannot be used, so
that pitch detection is carried out by having reference only to rbl Pch.
(iii) prevVWV = 1 and rblPch =0 Since at |east the directly
previous franme is judged to be voiced (V), 3pitch detectlon is carried out
usi ng only i tenversieh, speéch syRthRyi Since the
directly previous fra#e ISyPudggUYngggﬁﬁgﬁsﬁtﬁ%E? pitch detection is
carried out by having reference to the next onconing future frame pitch.

The above-descri bed four cases are specifically explained with reference to
the flowharts of Figs.7 and 8. In Figs.7 and 8, ! denotes
negation, && denotes 'and' and trkPch denotes the pitch which is an
ultimately detected pitch.

26 SearchPeaks(frm) (frm= {0, 2}) is such a function which is
pitch[1] if rp[l]>rp[frm or if rp[l] > 0.7 and which otherwi se has as its
val ue cntLag(n) first satisfying



0.81 x pitch[frnj < Qr_m_ag(n) < 1.2 x pitch[frmi on sequentially searching

crnt La forn= Simlarly, SearchPeaks3Frns is such a
functl I“"’H um to pitch[1] if, on conparing rp[O], rp[l] and
rpl 2], than rp[0] or rp[2] or larger than 0 7 and which

ot herW| se performs ‘the sane operation as the above-nentioned
Sear chPeaks(frm using, as a reference frgge, a frame having |arger val ues
of the autocorrelation peak values rp[0] or rp[2]. First, at step

S10, it is |yAgRe 1gtAgEpghot the condition that 'the results of V/ W
deci sion of the previous ?rarre prevVWV are not 0, while the

hi gh-reliabillj tapiith détettiromsihbd dor détedting the piiek c&r&goh&n 8% the! funddbhéntal
condition is not net, processing transfers to step S29 as |ater explained.

If this condpcmmhofmmputsgsedtﬂgmlr@mpmn@ers to step Si1. At step

Sil, statusO,= Anbl uous( & Bn] r bl Pch 0. 11) status 1 =
Ambi guous( pi t ch[ 13 Pitch] SeaFe ﬁfeﬂP;% etecting 'the ipitch #mAmglﬁéﬁfﬂﬂF?éﬁ[m}c

_rbl Pch, 0.11 defi ned. At step S12, it is judged whether the
condltlon ' gﬁtgé‘%‘f %‘f%‘ﬁ?@ status 1 nor status2 holds' is net, If this

g?gg' tSIlg N is net, ,Rlepofsettifitht highSleRhbilityPpitdhSRfortatsh Of eﬁuﬁn@%%eﬁso
to pitch based on the detected pitch information, speech level of the input speech signal
and the autocorrelation peak value of the input speech signal; and

a step of determining the pitch based on the thus set high-reliability pitch

information.
2. The pitch detection method as claimed in claim 1 wherein said step of setting the high-
reliability pitch information sets a candidate value of the high-reliability pitch
information, updates the candidate value of the high-reliability pitch information if a
pitch sufficiently close to said high-reliability pitch information is detected, discards the
candidate value of the high-reliability pitch information if otherwise and sets the
candidate value of the high-reliability pitch information if said candidate value is
maintained for a pre-set time.
3. The pitch detection method as claimed in claim 1 wherein the high-reliability pitch
information as set is maintained for a pre-set time, the value of the high-reliability pitch
information is updated if it is sufficiently close to the pitch detected in the next encoding
unit, said value being discarded if the high-reliability pitch information is not updatéd
within said pre-set time. '
4. The pitch detection method as claimed in claim 1 wherein said pitch search step is a
rough pitch search step by an open-loop search and wherein high-precision pitch search

is carried out by a closed-loop search.



At Step S18, it is judged mhether the condition 'neither statusO not
atus2 hol d his condition is nmet, processing transfers to

step SlH “ m ”E y,HrPeaks(O as pitch and, if otherwise, processing
transfe At. step S20, it is judged whether the
condition 'nheither Status 1 nor status2 hol ds'

27 is met. If this condition is net, processing transfers to step S21 to
adopt SearchPeaks(Z) as pitch and, if ot hesrsM se, processing transfers to

step S22. E"ﬁ? aWﬂ]ﬁ usO
does not hol d' Asgeér%%t cq?ﬁéngcon tlon 'S hpgﬂeﬁgbﬁéiaqgwﬁa]mﬁésrﬁ%et
as pitch andof a precseh enoddity urit AfP&RoA& b1 ﬁié&fxﬁb&in?%nﬁ%ﬁs% prising: Al
step S24, it is judged whether the condition 'stafus 1 does not hoI d is

net. If this condastepof jmlgingttheinpupsﬂeechpigtmlrﬂsltb voivedmdss a5 upvdicdinessgl, | f
ot herwi se, processing transfers to step At step S26, it |s

j udged whet her t ht PitGhdsearchnsten t@tdﬁ@msetbe rétchrigformatien reerrespanding to th
GRRIAVELNER - WAL Yt K R R I T
AL the  above- mepLipgeddigie ﬁél%ellhﬁmifpﬁamx%% REdiuddify h Bﬁéﬁx&@s to
pitch based on the detected pitch information, speech level of the input speech signal and
the autocorrelation peak value of the input speech signal,
a step of determining the pitch based on the thus set high-reliability pitch
information; |
a predictive encoding step of finding short-term prediction residuals of the input
speech signal using the thus determined pitch; and
a sinusoidal analytic encoding step of performing sinusoidal analytic encoding on
the thus found short-term prediction residuals. |
6. A speech signal encoding apparatus in which an input speech signal is divided in
terms of a pre-set encoding unit and encoded on the encoding unit basis, comprising:
means for predictive encoding for finding short-term prediction residuals of the
input speech signal;
means for sinusoidal analytic encoding for performing sinusoidal analytic
encoding on the thus found short-term prediction residuals;
waveform encoding means for waveform encoding the input speech signal;
means for judging the input speech signal as to voicedness or unvoicedness;
means for detecting the pitch of the input speech signal for finding the pitch
information; and

means for setting the high-reliability pitch information for the detected pitch



Anbi guous(pi tch[ 2], pi-tehft], 0.11) is true or false. If this function is

true, processi‘rﬁi\ ti Em to step S 14 to adopt SearchPeaks(0) as pitch.
LY

If the fumm processing transfers to step S 15 to adopt
Sear chPeakd h. - At step S15, it is judged whether the

function Anbi guous(pitch[O], pitch[1], 0. 11) is true or false. If this
function is true, processing transfers to_step S16 to adopt SearchPeaks(2)
as pitch. If the function is fal se, proc.es:%’l ng transfers to step S17 to
adopt Sear chiigfelsfationiswherem pi tch. Then, at the above-nentioned
step S29, it is judged whether th condition '"the previous frame is UV and
t he hi gh-rel i abi | an encoded butputfbyrsais simusoidal ahalgtic ieacoditig mehns i8 itsken oatfbr theon
is not net, procegssing transfers to step S38 and, if otherwi se, to step

S30. engodingamitfoynd to be voiced based pnhe-resyltsiof decision by shidsiecisianl iedns;
0.11) sta 1 5 Ambi guous(pit.chl 2],. rhl Pch, 0.11) . )

28 are defined. gﬁéncoﬂenﬁ?utg% sg%P@de F’.‘clgag‘”} @r?)qgﬁ‘ﬁ@dwwﬁéﬁ takem
'nei ther sta Mﬁﬂgﬁ:ﬁgg C l ks eondition is met,
processi ng t?gﬁg‘rg%seto step gh{igog%g%\{m éiara%%gé‘gi& 2) as pitch and, if
ot her wi se, pr oces dieendodeA gt byossid §iuS5dal analytic eflodhiseRuesiihas s pich

j udged whether the condition 'statusO does not hold' is
determined based on the set high-reliability pitch information.




this condition is met, trkPch = pitch[l] is set as pitch and, if otherw se,
processing transfers to step S35. At step S35, it is judged whet her
the condition 'status 1 does not hold" is net. If this condition is net,
trkPch = pitch[2] is set as pitch and, if otherw e, processing transfers
to step S37 to adopt trkPch = rbl Pch as pigtch. At the :
above-nentioned step S38, it is judged whether or not the condition 'the
previous frane SrPsEE{g‘{ ENCQIHANG RETHOM AND ARRARAT j)iANPn SERESHRECOPING 0. 0’
is met. If this condition is not ,O%N%ﬁ%ﬁg%sfers to step S40 to
adopt SearchPeaks(2) as pitch. If the c%@*ﬂ@p I's met, processing
transfers to step $40. At step O, 1t is judged whether the

ety on 0% 902 el Bon B S bAL mA el ot hi o

Sear chPeaks 3idefdtibn @¥erd’for %ﬂﬁe&hfsggﬁgi él'ﬁllﬁéﬂ Hﬂf-bﬁcﬁ fm'go%hg%@ﬁ% é}hﬂgitg £t&%];re rs

to step S42 to fidopt Sear . . : e sequence .
operations r eatdconslafibh thard dieepitdhoforedardctivh.NAnt ibputhigtech sighhl ﬁ?‘uhgéd’ adtd ch
information. In the above illustrative exanple, pitch detection is
real i zed usi rigiceduessesunveicednesssnd/ adwiced portionzandran wivbivet ipertion of the input
high-reliability pi.tch information. Another illustrative _exanple of using
only the res &Pﬁéhoﬁlgﬂ#@v G’é"("ggé by sigpsaidal gnalyfic enceding amitdd4iand by a code

her ei nafter i . . r 1. Jag.,t results of V.UV detection of
encodi ng uni f%{%t?ffl]@f gl{«:r?éhr{lg[ Yt %i:(g I;g%{%cg\gel ,ht%r prodi'xcmg respecélve encoded outputs.
The sinusoidal analytic encoding unit 114 performs pitch search on the encoded outputs

for finding the pitch information from the input speech signal and sets the high-reliability
pitch information based on the detected pitch information. The results of pitch detection -
are determined based on the so-set high-reliability pitch information. A speech encoding

method and a speech encoding device employing the pitch detection method are also
disclosed.

Figure 3



29 encoding unit for pitch detection, V/UV decision is given only from

three paraneters of normal i zed autocorrel ati on peak value r'(n) (0 <
r(n) < 1.0), nunber of zero-crossings nZero (0 <nZero < 160) and
frame averaged | evel |ev. For these three paraneters, the degrees of
| i keliness to V are calculated by the follow ng equations: pPRp(rp)
=1.0/(1.0 + exp (-(rp - 0.3/0.06))) pNZer o(nZero) =
1.0/ {exp((nZero - 70.0)/12.0)}
.. (2) pLev(lev) = 1.0/{1.0 + 'eﬁzébl ev - 400.0/100.0))}
Using the equations (1) to (3), the deg of ultimate likeliness to Vis
defined by the foll ow ng equati on: f(nZero, rp, lev) =
pNZer o(nZer o) x {1§ X pRp(rp) + 0'8&( pLev(lev)}/2.0
a & <o
F4 g -1 Zin
S s wa ag
o O >2
o = E =< >Z
8T Cwty Yoo Seo
S ? ?"Qro —Q 2
- - A
’ +— —— N
_ ®) S
| Ittt ol
© g» : | |
h b o] . "
~ . | @ .
1 T wo I
l N oE l
P "55 :
| et Raiufuds ieferiuiatadiky T 0 !
: ‘llz S‘_ © U = 33 '
1 o Al : : \ < :
1 Loy T~ 1 (& y e
: ~ By Jd =z : 1 5 & I =
- e t 13 |
o AE IR E M R O
bl >=| o>0 og| | PEw i e
T 5% | 948 58| - B35 WL
\_\l >0 =<° mz 2l [ TTP—1— !
1 a zzz >< 1 omll- 1
: 2| m<u S &% | l
! = c e | o &! _ '
1 | i Ka.’.’. '
! 1| W e (
' K :'El:gm !
D | . 1l | 8ES :
:1\ = : ' g;ﬁ". '
I ]
N2E| (gl ol = 1|
" "’ﬁ 71l ol .
! > _—-m-.._l A (3 I 1
! "'F: W [N} -y 1
i <= S0 i 1 N 1
t Eg EE " ‘“\ g '
: S 1K aQ :
1 J [ B} —ll.l t
: ! 2l
bt o I """""" 4 o !
Q 1 ‘ 1
~ I ) ¢
I [}
I [}



-~ (4 If f is not less than 0.5,.the frame is judged to be voiced
(V) and, if f is smaller than'0.5, the frame is judged to be unvoiced
(UV). An illustrative sequence of operations of pitch detection
enpl oying only the results of VUV decision is explained by referring to
the flowhart of Fig.9. It is noted that prevVUV is the result of
V/ WV deci sion of the previous franme. The val ues of prevVWV of 1 and O

i ndicate V and UV, respectively. First, at step S50, V/ UV decision
is made of the current frame for deciding whether '"the result of decision
prevVWV has a value of 1' that is whether24He frame is

30 voiced. If the frane is judged to be UV at step S50, processing
transfers to step S51 to adopt trkPch = 0.0 as pitch. On the other hand, if

the result of step S50 is V, processing transfers to step Sb2. . At
step s52, it is judged whether the reswlts of V/ UV decision of the past and
future frames are both 1', that is wh or not both frames are V. |If the

result is negative, processing transfers tho step S53 as |later explained. If
both frames are V, V--
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processing transfers to step S54. At step S54, it is judged whet her
ar not the function Anmbi guous(pitch[2], pitch[l], 0.11) specifying the

rel ati on between two pitches pitch[2], pitch[1] and a constant 0.11 is true
or false. If the function is true, processing transfers to step S5 to set
trkPch = SearchPeaks(0). That is if rp[l] > rp[0O] or rp[l] > 0.7, pitch[l]
holds. If otherwise, crntLag(n) is searched in the order of n =0, 1, 2,
...and cntlLag(n) satisfying 0.81 x pitch[0] < cnmtlLag(n) < 1.2 x pitch[0] is
set. If the function Anbi guous(pitch[0], PIX&h[I], 0.11) is false,
processing transfers to step S56. At step S56, it is judged whet her
or not the function Anbiguous(pitch[O], pitch[lg, 0.11) specifying the
relation between two pitches pitch[0], pitch[l]§®nd a constanf 0.11 is
true or false. If the fun on is tyue, pr;aceseﬁ@g transfers @3 S57 to
set trkPch = SearchPeaks ot funct on |guous(p|tchg§g ch[I],

0.11) is false, pyocesqingEtra L@' _5% §_§§(8 (trkPch f\:v >"zcn
Sear chPeaks3Frn( i=to conpadre rp )Jl rpL) 2) If rp T’?s otQI ess

than rp[0] or rp[2]i or_ lar gexY. . than q‘ﬁl ks used. [IT Jothpr se, the
same operation as: S hPeaR’s('-frn) as des tove is per sing a
Poaks (i1 [as desd fy
frame having Iar@ kuds of  the=sjitocor é'l atijlon peak valugs Tp 8] dand
rp[2] as a refere farg. W % At the 'above-rrentioned&tep S‘)S\J it is
j udged whet her 'the +of W O\ ={reT pne of |the past frame |s :' ‘t hat
i's whether or not!theZlrare fs ] §the past f rlane S .
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31s V, processing transfers to step S59 to set trkPch = SearchPeaks(0) as
pitch. If the past frane is UV, processing transfers to step S60. At
'step S60, it is.udged whether '"the result of VIUV decision for a future
frame is 1', that is if the future frame is V. If the result is

af fi rmatlve processing transfers to step S61 to accept trkPch =

Sear chPeaks(0) as pitch. If the future frame is UV, processing transfers to
step S62 where the pitch of the current. frane pitch[1l] is accepted as pitch
for trkPch. Figs. 10A to 10C shdW¥he results of application of the
above-described results of V/ UV decision to pitch detection of speech
sanples. In Figs. 10Ato | 0C, the abscissa and the ordinate denote the
nunber of frames and the pitch, re v y. Fig. 10A shows the
pitch trajectory .as detected by a co i Onal pitch detection nethod,
while Fig. 10B shows the pitch traj ectory as detected by the pitch
detecti on nethod of the p nvention in which boh the high-reliability
pitch informati on and the g‘W:,Is Yf V/ UV decision shown in Fig.l0C are
used. It is see esefresults that the pitch detection nethod
of the present invention Sset S e hi g‘n{)rellablllty pitch information for a
portion of the speech sign v 0 be voiced (V) and holds the value for
a pre-set tine, hergg L that there is produced
no m staken pitch dete g pitch portion as seen
at the 150th sanple of Fig. apove- UEsCIiT b i@hal encoding
and signal decodi ng device ng a SRQCGESSING:2 e«%“l oyed in, for
exanpl e, a portabl e cqupami cati O~ gl W‘W‘ral ephone set
shown in Figs. 11 arffRJQONDITION 2% ¢ ows a trlansmitting side of a
portabl e term nal enpl oyl peeCch ncodi ng unit| 160 configured as shown
in Figs. I and 3. The spee h sﬁgs\aljg'%glle(ted by fa m crophone 161 of
Fig.11 are anplified[by_an anpliiier |62 and converffed by an
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32-anal og/digital (A/D) converter 163 into digital signals which are sent
to the speech encoding unit 160 configured as shown in Figs. 1 and 3. The
‘digital signals fromthe A/D converter 163 are supplied to the input

term nal 101. The speech encoding unit 160 perfornms encodi ng as expl ai ned
In connection with Figs. 1'and 3. Qutput signals of output termnals of
Figs. 1 and 3 are sent as output signals of the speech encoding unit 160 to
a transm ssi on channel encoding unit 164 which then perforns channel coding
on the supplied signals. Qutput signal saf0the transm ssion channel
encoding unit 164 are sent to a nodulation circuit 165 for nodul ati on and

t hence supplied to an antenna 168 via a digital/analog (D)A) converter 166

and an RF anplifier 167. Fig. 12 shows a reception side of the
portabl e term nal enploylng a speech decodlng unit 260 configured as shown
in Fig.2. Thp—sppeeh arg.u. etptret—hy—tfe—t Re—2et—afr~g— 12 are
anplified an| RF pnpl {fief @6p anf Bent vua an pnal og/ di gi t gl (A/D)
converter 26B tola dénDdJ|Et on [i ﬂ,_f'Qﬂ1wh|Qh dehodul af ed signa
are sent to p trpnsn]ssi prbc1aan=l°de§)d§13 nl & 2@5. &n Hlit put ki gnal of
t he decodi ngluni] 26p is|sYppl Befl +o & s ECE j@og ng ug 260 Fonfigured
as shown in Fig.R. ,Thegspegch gezoﬁl ngu 6p~desodes & bls in a
manner as expl ai 1e§ n“’mr@e:tﬁm t i Fligg) 22 e ot p&@ & W Bl an out put
terminal 201}o8 Fi & Es senf as|absi #nals pf gt h@ sBedh &EORi Rujunit 260
to a digital jafalo TONVE (BT 266 g @nfiou spegsT s g | from
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the D) A converter 266 is sent to a speaker 268. The present
invention is not limted to the above-descri bed enbodi rents. Al though the
'structure of the speech analysis side (encoding side) of Figs.1l and 3 or
that of the speech synthesis side (decoder side) of Fig.2 is described as
hardware, it may be inplenented by a software programusing a digita
signal processor (DSP). It should also be noted that the scope of the
present invention is applied not only to the transm ssion or recording
and/ or reproduction but also to a variety of other fields such as pitch or
speed 0 33 conver si on,
speech synthesis by rule or noise suppregé}on.
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WHAT IS CLAIMED IS: 1. A pitch detection nethod for detecting the pitch
correspondi ng to the fundanental period of an input speech signal,

‘conpri si ng: a pitch search step of detecting the pitch information
under a pre-set pitch detecting condition; a step of setting the
high-reliability pitch informati on of ~evaluating the likeliness to pitch
based on the detected pitch information, speech | evel of the input speech
signal and the autocorrelation peak value of the input speech signal; and
a step of determning the pitch based on the thus set high-reliability
pitch information. 2. The pitch detection nethod as clainmed in claim1l
wherein said step of setting the high- 7¢l0ability pitch information sets a
candi date val ue of the high-reliability pitch information, updates the
candi date value of the high-reliability pitch information if a pitch
sufficiently close to said high-reliability pitch ifi&prmation is detected,
di scards the candi date val ue of the hi yapitch information if
ot herwi se and sets the candi date val u§ t he hi%r& iability pitch
information if said candi date val ue igi ifnt ai ne g; a pre-set tine. 3.
The pitch detection nethod as clained | ¢in the
high-reliability pitch information as .ﬁ@*d for a pre-set tine,
the value of the high-reliability pitjch ormatforj®&¢$ updated if it is
sufficiently close to the pitch detedqte t hey e«Q)wncodlng unit, said
val ue being discarded if the high- rella ity pgc [ %S'matlon is not .
updated within said pre-set time, 4= Th*”lté§1 X dﬁldn met hod as cl ai ned
in claiml wherein said pitch se§§c bi \sh search step by

an open-|oop search and wherein N qgh is carried out
by a cl osed-|oop search. o o T @
¥ 3 5 \3|%
>al o= w
:zu P o
2<a So x
g 3 T o
g * o <
& 7
S cO
o
Q O
'\AA N ¥ = © | T
== 9o =] Blx
S s N QIS 5
£ £ o | NE NE
o C O o o o
= e a T n u
- -] Q & £
el -~ < g $
=8| & i X ¥
T = @ hal et
[T - y-]
) © 2\ wl|l EE o® b4
) ; n \&| &2 7= o o |=
= 2250 - = > ]
o] §<° o) <E
w - o = 2 D o3 Q.
e £ O .
o o *’ N NE
== A
< <
o
Q v
W
=
b b5




35 5. A speech signal encoding nethod in which an input speech signal is
divided. in terns of a pre-set encoding unit and encoded on the encodi ng
unit basis, conprising: a step of judging the input speech signal as
to voi cedness or unvoi cedness; a pitch search step of detecting the
pitch informati on corresponding to the fundanental period of the input
speech signal under a pre-set pitch detection condition; a step of
setting the high-reliability pitch information evaluating the likeliness to
pitch based on the detected pitch information, speech |evel of the input
speech signal and the autocorrel ati on peak value of the input speech

si gnal ; a step of deternmining th8/dPtch based on the thus set
high-reliability pitch information; a predictive encoding step of
finding short-termprediction residuals of t hput speech signal using

the thus determ ned pitch; and a si mascE'Hal anal ytic encoding step
of perform ng sinusoidal analytic encoding o b thus found short-term
predi ction residuals. 6. A speech signal encpdigp apparatus in which an

i nput speech signal is divided in terns of a| pr®}set encoding unit and
encoded on the encoding unit basis, conprisipdgg means for

predi ctive encoding for finding short-termg Eéin resi dual s of the

i nput speech signal; means for sinuSpi al ytic encoding for
perform ng sinusoidal analytic
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encbdi ng on the thus found short-term prediction residuals;
wavef orm encodi ng neans for waveform encodi ng the input speech signal;
means for judging the input speech signal as to voi cedness or unvoi cedness;
means for detecting the pitch of the input speech signal for finding the

pitch information; and means for setting the high-reliability
pitch information for the detected pitch

36 information; wherein an encoded out put by said sinusoidal analytic
encodi ng neans is taken out for the encoding unit found to be voi ced based
on the results of decision by said decision neans; an encoded out put
by said code excitation |inear predictiweioding neans is taken out for the
encodi ng unit found to be unvoi ced; and wherein t he encoded out put by

sai d sinusoidal analytic encoding neans has its pitch determ ned based on
the set high-reliability pitch inforrra>t.gon.
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