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BACKGROUND OF THE I NVENTION Field of the Invention This

i nvention relates
to a method and apparatus for reproducing speech signals at a controlled
speed, and to a nethod and apparatus for decoding the speech and a net hod

and apparatus for synthesizing the speech whereby pitch conversion can be
realized by a sinplified structure. Thel present invention also relates to a
portable radio term nal device for transmtting and receiving pitch-
converted speech signals. Description of the Related Art There have
hitherto been known a variety of encodi ng nethods for encoding an audio
signal (inclusive of speech and acoustic signals) for conpression by

expl oi tipgTEEAlOBITHEPNRPEENTE ORI the signals in the tine donmain and in
the frequency domain and psychoacoustic characteristics of the human ear.
The encoMethodesindds ppyratasgfdry Reprodassig iSec eicht §ignats.ddbhetihedennddi ng,

frequency domai n encoding and anal ysi s/ synt hesi s encodin
a ).Q.pparatus for Degcoding theySpeecX, Method an A%paratus for
Synthesizing the Speech and Portable Radio Terminal Apparatus
BACKGROUND OF THE INVENTION

Field of the Invention

This invention relates to a method and apparatus for

reproducing speech signals at a controlled speed, and to a method

and apparatus for decoding the speech and a method and apparatus

for synthesizing the speech whereby pitch conversion can be realized

by a simplified structure. The present invention also relates to a

portable radio terminal device for transmitting and receiving pitch-

-converted speech signals.

Description of the Related Art

There have hitherto been known a variety of encoding methods
for encoding an audio signal (inclusive of speech and acoustic
signals) for compression by exploiting statistic properties of the

signals in the time domain and in the frequency domain and

psychoacoustic characteristics of the human ear. The encoding

method may roughly be classified into time-domain encoding,
frequency domain encoding and analysis/synthesis encoding.
Examples of the' high-efficiency encoding of speech signals
include sinusoidal 'analysis encoding, such as harmonic encoding,
multi-band excitation (MBE) encoding, sub-band coding (SBC),

linear predictive coding (LPC), discrete cosine transform (DCT),



Exanpl es of the high-efficiency encoding of speech signals include
si nusoi dal anal ysis encodi ng, such as harnoni c encodi ng, mnulti-band
excitation (MBE) encodi ng, sub-band coding (SBC) |inear predictive coding
(LPC), discrete cosine transform (DCT) 2 nodi fied DCT (MDCT) and fast
Fourier transform (FFT). Meanwhile, the high-efficiency speech encoding

nmet hod by the tine-axis processing, as typified by code excited |inear
predi ction (CELP) encoding, involves difficulties in expeditious tine-axis
conversion (nodification) because of the necessity of perform ng vol um nous
processi ng operations subsequent to decoder outputting. Mreover, since
speed control is perforned in the tine dé@mai n subsequent to decodi ng, the
met hod cannot be used for bit rate conversion. On the other hand, if it

S
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it is frequent desired to vary |y the pitch w thqut changing the
phonene of the epaéb%%{lefﬁ&évléﬁg,h'ﬁfﬁﬁyﬁ"ﬁé Elgil%ﬁh s‘ﬁ‘é’é‘ﬁ“&ee‘cﬁiggd gdét%’d’d, t he

decoded spepehalfs ptrgch.?smé,cgéC%\‘x?fé[de%yu§laﬂg pitt.ﬁgdcﬂ'ﬁtera?lpretcn%?ion

(CELP) encoding, involves difficulties in expeditious time-axis
conversion (modification) because of the necessity of performing
voluminous processing operations subseque_nt to decoder outputting.
Moreover, since speed control is performed in the time domain
subsequent to decoding, the method cannot be used for bit rate
conversion,

On the other hand, if it is attempted to decode speech signals
encoded by the above encoding methods, it is frequently desired to
vary only the pitch without changing the phoneme of the speech.
However, with the usual speech decoding method, the decoded

speech has to be pitch-converted using pitch- control, thus

complicating the structure and raising the cost.

SUMMARY OF THE INVENTION

It is therefore an object of the present invention to provide a
method and apparatus for reproducing speech signals whereby speed
control to a desired rate over a wide rangé may be achieved with
a high sound quality without changing the phoneme or pitch.

It is anothcr'object of the present invention to provide a
method and apparatus for decoding the speech and a2 method and
apparatus for synthesizing the speech whereby pitch conversion or
pitch control can be achieved by a simplified structure.

It is yet another object of the present invention whereby the



conplicating the structure and raising the cost. SUMVARY OF THE | NVENTI ON
It is therefore an object of the present invention to provide a nethod and
apparatus for reproduci ng speech signals whereby speed control to a desired
rate over a wi de range may be achieved with a high sound quality w thout
changi ng the phonene or pitch. It is another object of the present

I nvention to provide a nethod and apparatus for decoding the speech and a
met hod and apparatus for synthesizing the speech whereby pitch conversion
or pitch control can be achieved by a sinplified structure. It is yet

anot her object of the present invention whereby the 3 pitch-converted or
pitch-controll ed speech signals can be transmtted or received by a
sinplified structure. Wth the speech signal reproducing method accordi ng
to the pitdesonivevesd iognpitchecompwilshepehckisgant!si sanibe degnomitthe tine

axis in ternms of pre-set, eng ding units to produce encoded paraneters which
are int &pbf i §YprotimRIIMSE FLECIMICoded paraneters for desired tine

points, and Wﬁhsgﬁ%cgpﬂ:gﬁ'aiigin%l reproducing method according to the

present invention, the input speech signal is divided on the time
axis in terms of pre-set encoding units to produce encoded
parameters which are interpolated to produce m.odified encoded
parameters for desired time points, and the speech signal is
reproduced based on these modified encoded parameters.

With the speech signal reproducing apparatus according to the

~present invention, the input speech signal is divided on the time

axis in terms of pre-set encoding units to produce encoded
parameters which -are interpolated to modified encoded parameters
for desired time points, and the speech signal is then reproduced
based on these modified encoded parameters.

With the speech signal reproducing method, the speech is
reproduced with a block length differing from that used for
encoding, using encoded parameters obtained on dividing the input
speech signal on the time axis in terms of pre-set block as units and
encoding the divided speech signal in terms of the encoding blocks.

With the speech decoding method and apparatus according to
the present inventio-n, the fundamental frequency and the number in
a pre-set band of harmonics of the input encoded speech data are
converted and the number of data specifying the amplitude of a

spectral component in each input harmonics is interpolated for

modifying the pitch.



reproduced based on these nodified encoded paraneters. Wth the speech
signal reproduci ng apparatus according to the present invention, the input
speech signal is divided on the tine axis in ternms of pre-set encoding
units to produce encoded paraneters which are interpolated to nodified
encoded paraneters for desired tinme points, and the speech signal is then
repr oduced based on these nodified encoded paraneters. Wth the speech
signal reproducing nethod, the speech is reproduced with a bl ock | ength
differing fromthat used for encoding, uging encoded paraneters obtained on
di viding the input speech signal on the time axis in ternms of pre-set bl ock
as units and encoding the divided speech signal in ternms of the encoding

bl ocks. Wth thaespeech € ' t ; t ageog gi ne: he
pr esent inventioﬁ,gthe fuﬁggggE?aﬁp#?ggﬁéﬁgyggﬁgﬁ?ﬁgaﬁu%geég?ﬂ@g&gfg-set

band of hdimeniscsnolf colheersiput ienwadel hreaokmitat afaiermoniey iedeandt t he,
nunber of data specifying the anplitude of a spectral conponent in each
i nput har FoRFessSqtsvphi®er pol ated for nodifying the pitch. 4

In this case, the decoder for speech compression may be used
simultaneously as a speech synthesizer for text speech synthesis. For
routine speech pronunciation, clear playback speec.h is obtained by
compression and expansion, whereas, for special speech synthesis,
text synthesis or synthesis under the pre-determined rule is used for
constituting an efficient speech output system,

With the speech signal reproducing method and apparatus
according to the present invention, aﬁ input speech signal is divided
in terms of pre-set encoding units on the time axis and encoded in
terms of the encoding unit in order to find encoded parameters
which are then interpolated to find modified encoded parameters for
desired time points. The speech signal is then reproduced based on
the modified encoded parameters, so that speed control over a wide
range may be realized easily with high quality without changing the
phoneme or pitch.

With the speech signal reproducing method and apparatus
according to the present invention, the speech is reproduced with
a block length diffei'ing from that used for encoding, using encoded
parameters obtained on dividing the input speech signal on the time
axis in terms of pre-set block as units and on encoding the divided
speech signal in terms of the encoding blocks. The result is that

speed control over a wide range may be realized easily with high



The pitch frequency is nodified at the tinme of encoding by di nensional
conversion in which the nunber of harnonics is set at a pre-set value. In

this case, the decoder for speech conpression may be used simultaneously as
a speech synthesizer for text speech synthesis. For routine speech

pronunci ation, clear playback speech is obtained by conpression and
expansi on, whereas, for special speech synthesis, text synthesis or

synt hesi s under the pre-determned rule is used for constituting an

ef ficient speech output system Wth the speech signal reproducing nethod
and apparatus according to the presentsinvention, an input speech signal is
divided in terns of pre-set encoding units on the tinme axis and encoded in

terns of thfg.tencogljeng uglit i.n order .to find encgrged paraneters which are
then i nt S¥E5Et FATR QT i hFngdnes 1RY RARLHRE PaPdheters for desired tinme

poi nts. The spegfhpd 4pale chS dbBERI A £ PH OGS ARSAH 201 5 D sl dihgd: @ncoded
paraneters, so that speed control over a wde range nay be realized easily
wi t h hi ghhqugiesieyt vimvieatio g heliygifagda e mlabrieeguencpi 4cd. t h& nanither $peech

si gnal reproducin% met hod and apparatus according to the present invention,
t he speech Pirg-setpaddced hprmoaies otk thenigirtdenfededgspeonk tdhalz @sed for
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spectral component in each input harmonics is interpolated for
modifying the pitch. The result is that the pitch may be changed to
a desired value By a simplified structure.

In this case, the decoder for speech compression may be used
simultaneously as the speech synthesizer for text speech synthesis.
For routine speech pronunciation, clear playback speech.is obtained
by compression and expansion, whereas, for special speech
synthesis, text synthesis or synthesis upder rule is used for-
constituting an efficient speech output system.

With the portable radio terminal apparatus, the pitch-converted

to pitch-controlled speech signals can be transmitted or received by

a simplified structure.
BRIEF DESCRIPTION OF THE DRAWINGS

Fig.1 is a block diagram showing a basic structure of a speech
signal reproducing method and a speech signal reproducing
apparatus for carrﬁng out the speech signal reproducing method
according to the present invention.

Fig.2 is a schematic block diagram showing an encoding unit
of the speech signai”}ép;oducing apparatus shown in Fig.1.

Fig.3 is a block diagram showing a detailed structure of the



axis in ternms of pre-set block as units and on encodi ng the divided speech
signal in terns of the encoding blocks. The result is that speed control
over a wide range nay be realized easily with high 5 quality without
changi ng the phonene or pitch. Wth the speech decodi ng net hod and
apparatus according to the present invention, the fundanmental frequency and
the nunber in a pre-set band of harnonics of the input encoded speech data
are converted and the nunber of data spegifying the anplitude of a spectral
conmponent in each input harnonics is interpolated for nodifying the pitch.
The result is that the pitch may be changed to a desired value by a
sinplifi eshestdingt unét. In this case, the decoder for speech conpression my
be used simultaneously as the speech synthesizer for text speech synthesis.
For routine spdéch iprbishemationloek ediagsnay shor iggetkn Stsusbits néde by
conpr essi n expansj.on, whetreas, for spegcial speech synthesis, text
synt hesi sg)gcroagf}%t Het} soqﬁhbcers"reﬁfé F%g'lféeﬁc?'??r‘ﬁbcdﬂ& ?Pa?f*h saﬁpgf”f“i ¢t ent
speech ougputy system Wth the portable radio term nal apparatus, the

pi tch-converted

Fig.5 is a block diagram showing a detailed structure of the
decoding unit. |

Fig.6 is a flowchart for illustrating the operation of a unit for
calculating modified encoding parameters of the decoding unit.

Fig.7 schematically illustrates the modified encoding
parameters obtained by the modified encoding parameter calculating
unit on the time axis.

Fig.8 is a flowchart for illustrating the detailed interpolation
operation performed by the modified encoding parameter calculating
unit.

Figs.9A to 9D illustrates the interpolation operation.

Figs.10A to 10C illustrate typical operations performed by the
unit for calculating modified encoding parameters. _

Figs.11A to 11C illustrate other typical operations performed
by the i;nit for calculating modified encoding parameters.

Fig.12 illustrates an operation in case the frame length is
rendered variable to control the speed quickly by the decoding unit.

Fig.13 illustrates an operation in case the frame length is
rendered variable tp control the speed slowly by the decoding unit.

Fig.14 is a block diagram showing another detailed structure

of the decoding unit.



to pitch-controll ed speech signals can be transmtted or received by a
sinplified structure. BRI EF DESCRI PTION OF THE DRAWNGS Fig.1 is a bl ock
di agram showi ng a basic structure of a speech signal reproducing nethod

and a speech signal reproducing apparatus for carrying out the speech

si gnal reproduci ng nmethod according to the present invention. Fig.2 is a
schemati ¢ bl ock di agram show ng an encodi ng unit of the speech signal
reproduci ng apparatus shown in Fig. 1. Fig.3 is a block diagram showi ng a
detail ed structure of the 6 encoding unit. Fig.4 is a schematic bl ock
di agram showi ng the structure of a decoding unit of the speech signal

repr oduci ng apparatus shown in Fig. 1 . Fig.5 is a block diagramshow ng a

detail ed _strl#;%ur? Qf tbﬁoaﬁwdgwmuehamﬁggaﬁ égapid WERPDIidaQion
illustrating the operatlon of a“unit for calculating nodified encoding

par anet eros a0t p & &ich ddatiens driviice.

Fig.16 is a block diagram showing an example of application
to a text speech synthesis device.

Fig.17 is a block diagram showing the structure of a
transmitter of a portable terminal employing the e;icoding unit.

Fig.18 is a block diagram showing the structure of a receiver
of a portable terminal employing the decoding unit.
DESCRIPTION OF THE PREFERRED EMBODIMENTS

Referring to the drawings, the speech signal reproducing
method and apparatus according to a preferred embodiment of the
present invention will be explained. The present embodiment is
directed to a speech signal reproducing apparatus 1 for reproducing
speech signals based on encoding parameters as 'fo'und.by dividing
the input speech signals on the time axis in terms of a pre-set
number of frames as encoding units and encoding the divided input
speech signals, as shown in Fig.1.

The speech signal reproducing apparatus 1 includes an
encoding unit 2 for encoding the speech signals entering an input
terminal 101 in terms of frames as units for outputting encoded
parameters such as iinear prediction encoding (LPC) parameters, line
spectrum pair (LSP) paraméters, pitch, voiced (V)/unvoiced (UV) or
spectral amplitudes Am, and a period modification unit 3 for

modifying an output period of the encoding parameters by time axis

compansion. The speech signal reproducing apparatus also includes



Fig.7 schematically illustrates the nodified encodi ng paraneters
obt ai ned by the nodified encodi ng paraneter calculating unit on the tine
axis. Fig.8 is a flowhart for illustrating the detailed interpolation
operation performed by the nodified encodi ng paraneter cal culating unit.
Figs.9A to 9D illustrates the interpolation operation. Figs.10A to 10C
illustrate typical operations perforned by the unit for calculating
nmodi fi ed encodi ng paraneters. Figs.11A to 11C illustrate other typical
operations performed by the unit for cal culating nodified encoding
parameters. Fig.12 illustrates an operation in case the frame length is
rendered variable to control the speed quickly by the decoding unit. Fig.
13 il lustd aﬂe§°émﬂ5pe\ﬂattl| oh ifercaseerheldtiage thengehcodedenuanreeteasi abl e

t trol d the d di t bl ock_ di
Showi ng SHIPHEH Getiat Fecb SXipAomns fore tHe RecBHAiAg TG Tication pias 1o n
bl ock di agfafh3 ey g ﬂ\%ﬁﬁ%ﬁpkﬁcgﬁeﬁpﬂxjaﬁét&g for desired time points

and for synthesizing the speech signals based on the modified

encoded parameters for outputting the synthesized speech signals at

an output terminal 201.

The encoding unit 2 is explained by referring to Figs.2 and 3.

The encoding unit 2 decides, based on the results of discrimination,

whether the input speech signal is voiced or unvoiced, and performs

sinusoidal synthetic encoding for a signal portion found to be

voiced, while performing vector quantization by a closed-loop

search of the optimum vector using an analysis-by-synthesis method

for a signal portion found to be unvoiced, for finding the encoded

parameters. That is, the encoding unit 2 includes a first encoding

unit 110 for finding short-term prediction residuals of the input
speech signal, such as linear prediction coding (LPC) residuals, to
perform sinusoidal analysis encoding, such as harmonic encoding,
and a second encoding unit 120 for performing waveform coding by
transmitting phase components of the input speech signal. The first
encoding unit 110 and the second encoding unit 120 are used for

encoding the voiced (V) portion and the unvoiced (UV) portion,

respectively.

1

In the embodiment of Fig.2, the speech signal supplied to the
input termin'al 101 is sent to an inverted LPC filter 111 and an LPC

analysis quantization unit 113 of the first encoding unit 110. The



to a speech synthesis device. Fig.16 is a block diagram show ng an exanpl e
of application to a text speech synthesis device. Fig.17 is a bl ock
diagram showing the structure of a transmtter of a portable term nal
enpl oying the encoding unit. Fig. 18 is a block diagram show ng the

structure of a receiver of a portable term nal enploying the decoding unit.
DESCRI PTI ON OF THE PREFERRED EVMBODI MENTS Referring to the draw ngs, the

speech signal reproduci ng nmethod and apparatus according to a preferred
enbodi nent of the present invention wid!| be explained. The present
enbodiment is directed to a speech signal reproducing apparatus 1 for
reproduci ng speech signals based on encoding parameters as. found by

di vi i ndp e ddMiHciRRECHH: AnAAPo AN ADEL P gﬁﬁ /Bub B Py & R C- Sel

frames as encoding units and encodin I Vi | nput speech

signal s, 1a8 shewe soichilledl.o-pacamepecdb sédhal tHephoducddLP @pRfeat us 1
|ncludes an encoding unit 2 for encoding the speech signals entering an

i nput t ef kil nfdr takingnongrtke bhear azmshasounmssdﬁoks @P@Utswglaéﬂ):wded
paranmeters such as |inear, lﬁﬁchtlon encodi n % i ne
spect r unt péi InRYtsepessh apis YptheHnvent & ddf lﬁﬁ o (?:U‘ﬁ?)m dhespect r al

a.r’rpl ' tUdisi’d\@naWS?q\Pﬂnggt GR%E:':CPHPQ HHLBM% Eo{mtput of the linear
spectral pairs (LSP) is taken out as later explained and sent to an

output terminal 102, The LPC residuals from the inverted LPC

filter 111 are sent to a sinusoidal analysis encoding unit 114. The
sinusoidal analysis encoding unit 114 performs pitch detection,
spectral envelope amplitude calculations and V/UV discrimination by

a voiced (V)/ unvoiced (UV) discrimination unit 115. The spectral

envelope amplitude data from the sinusoidal analysis encoding unit
114 are sent to the vector quantization unit 116. The codebook
index from the vector quantization unit 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 analysis

encoding unit 114 is sent via a switch 118 to an output terminal

104. The V/UV discrimination output from the V/UV discrimination

unit 115 is sent to an output terminal 105 and to the switches 117,
118 as switching control signals. For the voiced (V) signal, the

index and the pitch are selected so as to be taken out at the output

terminals 103, 104. For vector

quantization at the vector
quantizer 116, a suitable number of dummy data for interpolating
amplitude data of an effective band block on the frequency axis

from the last amplitude data in the block as far as the first



nodi fyi ng an out put period of the encoding paraneters by tinme axis
conpansi on. The speech signal reproducing apparatus al so includes 8 a
decoding wunit 4 for interpolating the encoded paraneters outputted at
the period nodified by the period nodification unit 3 for finding the
nodi fi ed encoded paraneters for desired tine points and for synthesizing

t he speech signals based on the nodified encoded paraneters for outputting
t he synthesi zed speech signals at an output term nal 201. The encodi ng unit

2 is explained by referring to Figs.2 %EahB- The encoding unit 2 decides,
based on the results of discrimnation, ether the input speech signal is

voi ced or unvoi ced, and perforns sinusoidal synthetic encoding for a signal
portion found to be voiced, while perform ng vect or quanti zation by a
f

cl osed- | dopPLEsdcHadp nthobdprlimaedrmmysinty sftanpdingitdeplastydttfesi s
met hod faor L ghal, portion,found.to be unvoiced, for finding the encoded
par amet e.rasn.@‘f’ﬁ?a?ﬂ?sst, Qf{lae”éﬁ&gdﬁﬂogdimﬂe fpipr"fgfi("lgefs_o é??itrrg‘f l%ﬁc%’@i&nad“{]uni t 110
for findingtaBofdadifkMRd e8f theop1daS] fyAleniRincig {HWWumPeLdT dhopal .
such as linear predic¢tion coding (LPC) residuals, to
to N;. Then, an Os-tuple number of amplitude data are found by
band-limiting type Os-tuple oversampling, such as octatuple
oversampling. The Os-tuple number of the amplitude data ((mMx +

1) x Os number of data) is further expanded to a larger number of

Ny, such as 21048, by linear interpolation. This N, number data is

converted into the pre-set number M (such as 44) by decimation and
vector quantization is then performed on the pre-set number of data.

In the present embodiment, the second encoding unit 120 has
a code excited linear predictive (CELP) coding configuration and
performs vector quantization on the time-domain waveform by a
closed-loop search employing an analysis-by-syrthesis method.
Specifically, an output of a noise codebook 121 is synthesized by
a weighted synthesis filter 122 to produce a weighted synthesized
speech which is sent to a subtractor 123 where an error between the
weighted synthesized speech and the speech supplied to the input
terminal 101 and subsequently processed by a perceptually weighting
filter 125 is found. A distance calculation circuit 124 calculates the
distance and a vect-o.r which minimizes the error is searched in the
noise codebook 121. This CELP encoding is used for encoding the
unvoiced portion as described above. The codebook index as the
UV data from the noise codebook 121 is taken out at an output

terminal 107 via a switch 127 which is turned on when the results



perform sinusoi dal anal ysis encodi ng, such as harnonic encoding, and a *
second encoding unit 120 for perform ng waveform codi ng by transmtting
phase conponents of the input speech signal. The first encoding unit 110
and the second encoding unit 120 are used for encoding the voiced (V)

portion and the unvoiced (UV) portion, respectively. In the enbodi nent of
Fig.2, the speech signal supplied to the input termnal 101 is sent to an
inverted LPC filter 111 and an LPC anal ysis quantization unit 113 of the
first encoding unit 110. The 9 LPC coefficient obtained fromthe LPC
anal ysi s/ quanti zation unit 113 or the 4d-called a-paraneter is sent to the
inverted LPC filter 111 for taking out the linear prediction residuals (LPC
resi dual s he,.i nput . speech signal b inverse LPC filter 1. From
the LPC Shal (Ve iaantmisdinon arpd 2bs. e\ aft AR oAt R B HA 3| near
spectrali Rk & s( k)

VSi t ater explained and sent to an out put
termnal 102. The LE’C F%%%(ggja?z %‘f‘(?)nndl the inverted LPC filter 111 are sent

to a sinusoi dedfearialgy 56 FigNS oA A rend étalled. strlctdid10T0d dplecanadignnb
encodi ng unit 114 perforns pitch detection,

encoder shown in Fig.l is now explained. In Fig.3, the parts or
components similar to those shown in Fig.l1 are denoted by the same

reference numerals.

In the speech signal encoder 2 shown in Fig.3, the speech
signals supplied to the input terminal 101 are filtered by a high-pass
filter 109 for removing signals of an unneeded range and thence
supplied to an LPC analysis circuit 132 of the LPC
analysis/quantization unit 113 and to the inverse 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

linear prediction coefficients, that is so-called a-parameters, by the

self-correlation method. The framing interval as a data outputting

unit is set to approximately 160 samples. If the sampling frequency

fs is 8 kHz, for example, a one-frame interval is 20 msec or 160
samples.

The a-parameters from the LPC analysis circuit 132 are sent

to an «¢-LSP conversion circuit 133 for conversion into line spectra

pair (LSP) parameters., This converts the «-parameters, as found as

direct type filter coefficients, into for example, ten, that is five

pairs of the LSP parameters. This conversion is carried out by, for

example, the Newton-Rhapson method. The reason the o-parameters



spectral envel ope anplitude cal culations and V/UV discrimnation by a
.voiced (V)/ unvoiced (W) discrimnation unit 115. The spectral

anplitude data fromthe sinusoidal analysis encoding unit 114 are sent to
t he vector quantization unit 116. The codebook index fromthe vector
guanti zation unit 116, as a vector-quantized out put of the spectral

envel ope, is sent via a swwtch 117 to an output termnal 103, while an

out put of the sinusoidal analysis encoding unit 114 is sent via a switch
118 to an output termnal 104. The V/ UV discrimnation output fromthe V/ W
discrimnation unit 115 is sent to an obdput term nal 105 and to the
switches 117, 118 as switching control signals. For the voiced (V) signal,
the index and the pitch are selected so as to be taken out at the output
term nal&el@8pveOted into (HFoOrL YRCHOramgerant iizathon that LIS® paGhah.puanti zer
116, a suitable number, of dupmy data for interpolating anplitude data of an
ef f ect i vi&¥ HERBCHIYCKD dRtERROI 3 dQNehias 38481 SHICENT @ Wl ¢ a S~ Parphictexte data in

t he bl ock as t first 10 . anmpl i e data in the bl ock, or dummy
data extendi rfg’?{ t%’eﬁa‘&%a ?ta?"én{f"ﬁéﬁ?i%’?ﬁ&f’é‘”’i"ﬁ“t% Hreew, 135 areppended
to the tpgikif0 6ndvebfor-quantized by the LSP quantizer 134.

envel ope

It is
possible to take a frame-to-frame difference .prior to vector

quantization, or to collect plural frames together in order to

perform matrix quantization. In the present case, the LSP

parameters, calculated every 20 msec, are vector-quantized, with 20
msec as a frame.

‘The quantized output of the quantizer 134, -that is the index
data of the LSP quantization, are taken out to the decoding unit

103 at 2 terminal 102, while the quantized LSP vector is sent to an
LSP interpolation circuit 136.

-

The LSP'interpolation_ circuit 136 interpolates the LSP vectors,
quantized every 20 mseé or 40 msec, in order to provide an
octatuple rate. That is, the LSP vector is updated every 2.5 ms;-,c.
The reason is that, if the residual waveform is processed with the
analysis/synthesis by the harmonic encoding/decoding method, the
envelope of the synthetic waveform presents an extremely sooth
waveform, so that, if the LPC coefficients are changed abruptly
every 20 msec, a f;)reign noise is likely to be produced. That is,
if the LPC coefficient is .changed gtadually every 2.5 msec, such
foreign noise may be prevented from being produced.

Por inverted fiitering of the input

speech using the
interpolated LSP vectors, produced every 2.5 msec, the LSP



to the |l eading end of the bl ock, for enhancing the nunber of data to

"Nerr]. Then, an Gs-tuple nunber of anplitude data are found by

band-limting type Os-tuple oversanpling, such as octatuple
oversanpling. The Gs-tuple nunber of the anplitude data ((mk + 1) x Gs
nunber of data) is further expanded to a | arger nunber of N err], such as
21048, by linear interpolation. This N err] nunber data is converted into
the pre-set nunber M (such as 44) by decinmation and vector quantization is
then perfornmed on the pre-set nunber;pf data. In the present enbodi nent,

t he second encoding unit 120 has a code excited |inear predictive (CELP)
codi ng configuration and perforns vector quantization on the tinme-donmain
waverf or maly ma £l O0FFH AR ?@@rbéhaﬁr@é@y % AL L1 YNNGRIS met hod.
Speci fically, an output o{ a noi se codebook 121 is synthesized by a

wei ght ech gt hesess fasl toeffidedtd@ produeeeva mpi ght enl- snderhdsi exadt gpeech
which is sent to a subtractor 123 where an error between the wei ghted

synt hesifiddr spdachubtimet oificthepbddh tauppt o wvensdopheircputl 3t%erfrisedit 191 and
subsequent | ocessed  by..a per.ceptually wejghting filfer 125 is found. A
di st ance‘q‘c?alxicl&Ea‘c’]"oer{tEPrﬁ‘df?'pféﬁc'é’a‘l ditar® ”’tqhélhﬂﬁsi’ﬁﬁ ‘?a“%ﬁd‘“é’e\féﬁ‘?or whi ch
mnimz L Or [t i .cadeb Thi P
encodi ngﬁ}ttsepﬁlsggés?cfﬁogr‘{?g@é ﬁ"’!gu; de&&nggitgggs‘%éggi gnpg};uégg%rrsi Eggagggve. The
codebooke v &xiee . asmiske. UNA filad @t futodft {ife naveet e dgboofiltled] 1119 isk@mtout at

an out put
to an orthogonal transform circuit 145, such as a DCT circuit, of
the sinusoidal analysis encoding unit 114, such as a harmonic
encoding circuit.

The a-parameters from the LPC analysis circuit 132 of the LPC
analysis/quantization unit 113 are sent to a perceptual weighting
filter calculating circuit 139 where data for perceptual weighting
is found. These weighting data are sent to the perceptual weighting
vector quantizer 116, perceptual weighting filter 125 of the second
encoding unit 120 and to the perceptual weighted synthesis filter
122, -

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)/ unvoice-d (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



termnal 107 via a swtch 127 which is turned on when the results of
VW discrimnation from the VU discrimnation unit 115 indicates an
unvoi ced (UV) sound. Referring to Fig.3, a nore detailed structure of a
speech signal encoder shown in Fig. 1 is now explained. 1In Fig.3, the
parts or conponents simlar to those shown in Fig.1l are denoted by the sane
reference nunerals. In the speech signal encoder 2 shown in Fig.3, the
speech signals supplied to the input termnal 101 are filtered by a

hi gh-pass filter 109 for renoving signals of an unneeded range and thence
supplied to an LPC analysis circuit 132 of the LPC

anal ysi s/quantization unit 113 and to the inverse LPC filter 111. The LPC
anal ysi s &pticdiltt 339wt inhBid.PC mlwxsl/acquantmpaw amnaadinglisS uappl i es a

Hanmi n ndow, w th a | engt ut Sign veform on the aqrder of
256 sagpng RATRIRIARy “hngngfh&§" |n%ﬁ‘tbP%Hﬁc SﬁgkoéFFPSPBht§‘ tlhat is
so- cal | ed o3 B! Rt elRhat aS6bI &P ot R sognm,r\?&lceﬁhﬁ fi8H N9
interval as ata outputtﬁng uni t appr oxi mat'e 160 sanpfes. | f

t he sanpl Igggsérrtetweheyfrfe&ubﬁcﬁ dlda, of YanAXAMRILR, sEmONEmle’ poEnd Rienual is 20
msec or 1

same block or frame). In other harmonic encoding techniques, it is

uniquely judged 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 band is UV, insofar as the
MBE encoding is concerned.

The open-loop pitch search unit 141 and the zero-crossing
counter 142 of the sinusoidal analysis encoding unit 114 of Fig.3 is
fed with the input speech signal from the input terminal 101 and
with the signal from the high-pass filter (HPF) 109, respectively.
The orthogonal transform circuit 145 of the sinusoidal analysis

encoding unit 114 is supplied with LPC residuals or linear
prediction residuals from the inverted LPC filter 111. The open
loop pitch search unit 141 takes the LPC residuals of the input
signals to perform relatively rough pitch search by open loop. The
extracted rough pitch data is sent to a fine pitch search unit 146 by
closed loop search as later explained. From the open loop pitch
search unit 141,. the maximum value of the normalized
autocorrelation r(p), optained by normalizing the maximum value of

the self-correlation,of the LPC residuals along with the rough pitch

data, are taken out along with the rough pitch data so as to be sent

to the V/UV discrimination unit 115.



sanpl es. The a-paraneters fromthe LPC analysis circuit 132 are sent to an
[err]-LSP conversion circuit 133 for conversion into |line spectra pair
(LSP) paraneters. This converts the [err]-paranmeters, as found as direct
type filter coefficients, into for exanple, ten, that is five pairs of the
LSP paraneters. This conversion is carried out by, for exanple, the
Newt on- Rhapson net hod. The reason the [err]-paraneters 12 are converted
into the LSP paraneters is that the LSP paraneters are superior in

i nterpol ati on characteristics to the.a-paraneters The LSP paraneters from
the [err]-LSP conversion circuit 133 dre matrix- or vector-quantized by the
LSP quantizer 134. |t is possible to take a frane-to-franme difference

prior to vectRe QuaRbgdakl Obrad¥rol@ CAkLERt 1 r gbrfdd®Sot d¥ef1 in order
to perform matrix quantization. In the present case, the LSP

par anet eransfoahc uluatheds ediscyet20 Fometgr aram sfecmo(PHIINt famedonwier ting0 nsec as

a frame. The guant'i zed output of the quantizer 134, that is the index data
of the Ligp lRGntesiduiadn omtdet biden s indot preefdabrmplignde data on

the frequency axis. An output of the orthogonal transform circuit
145 is sent to the fine pitch search unit 146 and a spectral

evaluation unit 148 for evaluating the spectra.l amplitude or
envelope.

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 selecting a pitch so that the power spectrum will be
closest to the power spectrum of the original sound. Pitch data
from the closed-loop fine pitch search unit 146 is sent to an output
terminal 104 via a switch 118.

In the spectral evaluation unit 148, the amplitude of each
harmonics and the si)ectral envelope as the sum of the harmonics are
evaluated based on the spectral amplitude and the pitch as the
orthogonal transform output of the LPC residuals and sent to the
fine pitch search unit 146, V/UV discrimination unit 115 and to the

perceptually weighted vector quantization unit 116.



103 at a termnal .102, while the quantized LSP vector is sent to an LSP
Interpolation circuit 136. The LSP interpolation circuit 136 interpol ates
the LSP vectors, quantized every 20 nsec or 40 nmsec, in order to provide an
octatuple rate. That is, the LSP vector is updated every 2.5 nsec. The
reason is that, if the residual waveformis processed with the

anal ysi s/ synthesis by the harnoni c encodi ng/ decodi ng net hod, the envel ope
of the synthetic waveform presents an extrenely sooth waveform so that, if
the LPC coefficients are changed abrup®ly every 20 nsec, a foreign noise is
|ikely to be produced. That is, if the LPC coefficient is changed gradually
every 2.5 nsec, such foreign noise may be prevented from bei ng produced.

For invertedTHd |IY&JWnglisofimimatiomputit dpdectiscugnimgtes hd' /UK eepot at ed
LSP vectors, produced every 2.5 nsec, the LSP 13 P rameters, arg
convert ed Pk assp p8 &1 cCOMRSPEN ARG Osthe828%! itRR B Lo T AR 4435
coefficients of. for e, ten-oprder difrec yvhe fi:lt Al t of
the LSP t8" a° g’rﬂ%’?‘sipgﬁg}g}j#rcdu?tﬁﬁ?hiq’se gg%{ﬁt %ez{rﬁ@ L ékl E\E}g“gﬁé’ﬁtr?? er
circuit 1ghpMiueR tdaea WPEMOAR ispéRtéAd evaluation unit 148, maximum

value of the normalized self-correlation r(p) from the open loop

pitch search unit 141 and the zero-crosging count value from the -
zero-crossing counter 142. In addition, the boundary position of

the band-based V/UV discrimination for MBE may also be used as

a condition for V/UV discrimination. A discrimination output of the

V/UV discrimination unit 115 is taken out at the output terminal

105.

An output unit of the spectrum 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 taking into account the fact
that the number of bands split on the frequency axis and the number
of data 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
depending on the pitch. 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,



filtering for producing a snooth output using a-paraneters updated every
2.5 nsec. An output of the inverted LPC filter 111 is sent to an orthogonal
transformcircuit 145, such as a DCT circuit, of the sinusoidal analysis
encodi ng unit 114, such as a harnonic encoding circuit. The a-paraneters
fromthe LPC analysis circuit 132 of the LPC anal ysis/quantization unit 113
are sent to a perceptual weighting filter calculating circuit 139 where
data for perceptual weighting is found. These weighting data are sent to

t he perceptual weighting vector quantjiyzer 116, perceptual weighting filter
125 of the second encoding unit 120 and to the perceptual weighted
synthesischidd &4 122 mThige SddidSaudd)eraBahyeh 6 ANGAAt NG ruNiifed 1 Qh t he

har moni ¢ encoding circuit analyzes the output of the inverted LPC filter
111 by oatpret hodtoéf Haenopt etrehcodd Ingtiomhetiti 548 ppr g deti@@tmonpit

cal cul ations of the agglltudes Am qof the respectiye harnonics and voi ced

(V)1 un®8itdEVEEAAT Graptizatind Ukt 1dde 34 gathe ”‘ah?:l”?ﬁe° ndnbEts of the
anpl | tudes AOL: b ghve @&e%s024tmareéso%%weanarpgeg&nﬁ il gy wi Lh the

pitch, are nade constant di mensi onal conversi on I'T"us ive
exanpl e pgf tﬁQevédt%lisﬁbdﬁhz%ﬁ?éﬁlﬁirﬁteﬂ!:@dl'I"KIs 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 a switch 117 at an output ferminal 103. Prior to weighted
vector quantization, it is advisable to take inter-frame difference

using a suitable leakage coefficient for a vector made up of a pre-

set number of data.

The second encoding unit 120 is explained. The second

encoding unit 120 is of the code excited linear prediction (CELP)
coding structure and is used in particular for encoding the unvoiced

portion of the input speech signal. In the CELP encoding

configuration for the unvoiced speech portion, a noise output

corresponding to LPC residuals of an unvoiced speech portion as

a representative output of the noise codebook, that is the so-called
stochastic codebook 121, is sent via gain circuit 126 to the
perceptually weighted synthesis filter 122. 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 weiéhted speech signal from the signal from the

synthesis filter 122 is found. This error is fed to a distance



14 unit 114 shown in Fig.3, comonplace harnonic encoding is used. In
particular, in multi-band excitation (MBE) encoding, it is assunmed in
nodel I i ng that voiced portions and unvoi ced portions are present in the
frequency area or band at the sane tine point (in the sane bl ock or frame).
I n other harnonic encoding techniques, it is uniquely judged whether the
speech in one block or in one frane is voiced or unvoiced. In the follow ng
description, a given franme is judged to be W if the totality of the band
is W, insofar as the MBE encodi ng i sl@oncerned. The open-loop pitch search
unit 141 and the zero-crossing counter 142 of the sinusoidal analysis
encodi ng ewliculdtign ofirFalg. B24 sforefinging tthh:ediinpmtcespeéch reipgeaknfatgnet he

i nput term nal 101 and. he, signal fromthe hig ss filter (HPF) 109,
respect i vErRE YRE'YY rﬁ\ag n‘wﬁ tRHHSFIGE RS #CEPt li4seadf°'?>t=ﬁe byi Hquaar

ol SORR 0 PV ALk RSt BE SRSIEURNS Sg IRTE
search unif difel ttmkedomhien LiWeveestduampiohitdanhienpldsed -903lps stordprihor m
relatively rough pitch search by open Ioop. The extracted rough pitch data
is sent tousnfamplqiinghtiseanahysisi byldpnthesis 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.

These switches 127s, 127g and the switches 117, 118 are
turned on and off depending on the results of V/UV decision from
the V/UV discrimination unit 115. Specifically, the switches 117,
118 are turned on, if the results of V/UV discrimination of the
speech signal of the frame about to be transmitted indicates voiced
(V), while the switches 127s, 127g are turned on if the speech
signal of the frame about to be transmitted is unvoiced (UV).

The encoded parameters, outputted by the encoding unit 2, are
supplied to the period modification unit 3. The period modification
unit 3 modifies an out'put period of the encoded parameters by time

axis compression/expansion. The encoded parameters, outputted at

a period modified by the period modification unit 3, are sent to the



cl osed | oop search as |ater explained. Fromthe open | oop pitch search

.unit 141, the maximum value of the normalized autocorrelation r(p),
obtai ned by normalizing the maxi num val ue of the self-correlationof the LPC
residuals along with the rough pitch data, are taken out along with the
rough pitch data so as to be sent to the VUV discrimnation unit 1 15.

15 The orthogonal transformcircuit 145 perfornms orthogonal transform such
as discrete Fourier transform (DFT), for converting the LPC residuals on

the tine axis into spectral anplitudé9data on the frequency axis. An output
of the orthogonal transformcircuit 145 is sent to the fine pitch search
unit 149.30d;ifeS fqtﬁal evaluation wunit 148 for evaluating the spectral
anpl i tude or %ve ope. The fine pitch search unit 146 is fed with

relatively raoughdptbeélnglaimitextinathéds by pareanopen modpfigiatih s@ar ch unit _
141 and with frequency-donain data obtained by DFT by the orthogonal ‘
t ransf oferunnterppdatinige thpnenpptdéld s’éapmtem,t coABp rasisiegs al deg plitmedh dat a by

err] severa | e t arate , centered about the rough
[ ] axei\s Ly tahr’g) penog modi 1cat90n umt :? %y way of an examp} or g

generating modified encoded parameters associated with time points
of pre-set frames, and a speech synthesis unit 6 for synthesizing the
voiced speech signal portion and the unvoiced speech signal portion

based on the modified encoded parameters.

Referring to Figs.4 and S, the decoding unit 4 is explained
Fig.4, the codebook index data,

. In
as quantized output data of the

linear spectrum pairs (LSPs) from the period modification unit 3,

are supplied to an input terminal 202. Outputs of the period

modification unit 3, that is index data, as quantized envelope data,

pitch data and V/UV discrimination output data, are supplied to

input terminals 203, 204 and 205, respectively. Index data from the

period modification unit 3, as data for an unvoiced speech portion,

is also supplied to an input terminal 207.

The index data from the input terminal 203, as the quantized

envelope output, is sent to an inverse vector quantizer 212 for

vector quantization to find a spectral envelope of the LPC residuals.

Before being sent to a voiced speech synthesis unit 211, the

spectral envelope of the LPC residuals is transiently taken out at

near a point indicated by arrow P, in Fig.4 by the parameter

processor 5 for'parameter modification as will be explained

subsequently. The index data is then sent to the voiced speech



pitch value data, in order to arrive ultimately at the value of the fine
pi tch data having an opti num decinmal point (floating point). The analysis
by synthesis nmethod is used as the fine search technique for selecting a
pitch so that the power spectrumw || be closest to the power spectrum of
the original sound. Pitch data fromthe closed-loop fine pitch search unit
146 is sent to an output termnal 104 via a swwtch 118. In the spectral
eval uation unit 148, the anplitude of_,geach harnonics and the spectral

envel ope as the sum of the harnonics are eval uated based on the spectral
anplitude and the pitch as the orthogonal transform output of the LPC
residuals and sent to the fine pitch search unit 146, V/ UV discrimnation
unit 115S53Atheyst neitpdddeptual |y wei ghted vector quantization unit 1 16.

16 The V/ WV discrim.nation unit 115 discrinn s VI of a frang_based on
an out put of ? & orPHSJortRe e aﬁ%Pb?ﬁ?@iﬁ%ﬁftgiESfyﬁﬁxﬁﬁffﬁuhbbiFgﬁ from
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from t he synehediooThe pitch and the V/UV discrimination data, entering the
input terminals 204, 205, respectively and transiently taken out at
points P, and P, in Fig.4 by the parameter modific.ation unit 5 for
parameter modification, are similarly supplied to the synthesis
speech synthesis unit 211. The LPC residuals of the voiced speech
from the voiced speech synthesis unit 211 are sent to an LPC
synthesis filter 214.

The index data of the UV data from the input terminal 207 is
sent to an unvoiced speech synthesis unit 220. The index data of
the UV data is turned into LPC residuals of the unvoiced speech
portion by the unvoiced speech synthesis unit 220 by having
reference to the noise codebook. The index data of the UV data are
transiently taken out from the unvoiced speech synthesis unit 220
by the parameter modification unit 5 as indicated at P, in Fig.4 for
parameter modification. The LPC residuals, thus processed with
parameter modification, are also sent to the LPC synthesis filter
214.

The LPC syr;thesis filter 214 performs independent LPC
synthesis on the LPC residuals of the voiced speech signal portion
and on the LPC residuals of the unvoiced speech signal portion.
Alternatively, the LPC synthesis may be performed on the LPC

residuals of the voiced speech signal portion and the LPC residuals



pitch search unit 141 and the zero-crossing count value fromthe
zero-crossing counter 142. In addition, the boundary position of the

band- based V/ UV discrimnation for MBE may al so be used as a condition for
V/ WV discrimnation. A discrimnation output of the V/ UV discrimnation
unit 115 is taken out at the output termnal 105. An output unit of the
spectrum eval uation unit 148 or an input unit of the vector quantization
unit 116 is provided with a nunber of.,data conversion unit (a unit
perform ng a sort of sanpling rate conversion). The data number conversion
unit is used for setting the anplitude data [err]Anferr] of an envel ope
taking into account the fact that the nunber of bands split on the
frequency°%1>(ﬁ§ whecd mRABER WBnALRLHIPP eyu el tPBeYiarch. That is, if

the effective Nngl dos : 0,.3400 k the effect.iy n an he split into
8 to 63 bands Taﬁep(iei‘nsg)isr’\gg%% c{al:')ni% %iOtn&Hf\t?leT‘r{’é’uﬁuIn%'mma 2%%»(95 T £ then
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range from8 to 63. Thus the data nunber conversion unit 119 converts the
anmpl i t udethdkald® Gfareheltiraatelll prodindst byMher UPC parapietesetegutdratidyg of

data, such as 44 data. The anplitude data or envel ope data of the pre-set
nunber M unit 213, the inverse vector quantized data of the LSP are taken out
partway by the parameter modification unit § as inciicated by arrow
P, for parameter modifi'cation.

The dequantized data, thus processed with parameter
modification, is returned to this LPC parameter regenerating unit
213 for LPC interpolation. The dequantized data is then turned into
a-parameters of the LPC which are supplied to the LPC synthesis
filter 14, The speech signals, obtained by LPC synthesis by the LPC
synthesis filter 214, are taken out at the output terminal 201. The
speech synthesis unit 6, shown in Fig.4, receivés the modified
encoded parameters, calculated by the parameter modificati-on unit
5 as described above, and outputs the synthesized speech. The
actual configuration of the speech synthesis unit is as shown in
.Fig.S, in which parts or components corresponding to fhose shown
in Fig.4 are depicted by the same numerals.

Referring to Fig.5, the LSP index data, entering the input
terminal 202, is sen;( to an inverse vector quantizer 231 for LSPs in
the LPC parameter regenerating unit 213 so0 as to be inverse vector
quantized into LSPs (line spectrum pairs) which are supplied to the

parameter modification unit §.

The vector-quantized index data of the spectral envelope Am



17 such as 44, fromthe data nunber conversion unit, provided at an out put
unit of the spectral evaluation unit 148 or at an input unit of the vector
guanti zation unit 116, are gathered in ternms of a pre- set nunber of data,
such as 44 data, as units, and 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 envel ope fromthe vector
guanti zer 116 is taken out by a switch 117 at an output term nal 103. Prior
to wei ghted vector quantization, it is2&dvisable to take inter-frane
difference using a suitable | eakage coefficient for a vector made up of a
pre- set nunber of data. The second encoding unit 120 is expl ained. The
second endeeinphunnpula@rignef isheemdodle dxcineeria Yeat o prawd i kon A1CGELP)
codi ng stgucture and is used in particular for encogg? %ae unvoi ced

n

portion dPFiR S TRYECTShSHATt ARG 2nd (T PRE TRe | dhpgpectral
confi guratdbge HAFcHNNOLERE SPARET RRNId:R0: m3 BRICSE Ay €01 T espondi ng
to LPC residual S of an unvoi ced speech portion as a representative out put
of the noise cqdabapitcht ldatai en8hehs0veBlV edlissrombwstioa dadebptmldle iS
sent via gain circuit 126 to the perceptually weighted synthesis filter

122. The sppatitesingnals 204, 205 are also sent to the parameter modification

unit 5.

To input terminals 207s and 207g of Fig.5 are supplied shape
index data and gain index data as UV data from output terminals
107s and 107g of Fig.3 via period modification unit 3. The shape
index data and the gain index data are thence supplied to the
unvoiced speech synthesis unit 220. The shape index data from the
terminal 207s and the gain index data from the terminal 207g are
supplied to a noise codebook 221 and to a_gain circuit 222 of the
unvoiced speech synthesis unit 220, respectively. A representative
value out-put read out from the noise codebook 221 is the noise
signal component corresponding to the LPC residuals of the
unvoiced speech and becomes an amplitude of a pre-set gain in the
gain circuit 22. The resulting signal is supplied to the parameter
modification unit 5.

The parameter modification unit 5 interpolates the encoded
parameters, outputtéd by the encoding unit 2 and having an output
period modified by the period modification unit 3, for generating
modified encoded .parameters, which are supplied to the speech
synthesis unit 6. The parameter modification unit 3 speed-modifies

the encoded parameters. This eliminates the operation of speed



supplied fromthe input termnal 101 via high-pass filter (HPF) 109 and
perceptual |y weighted by the perceptually weighting filter 125 is fed to
‘the subtractor 123 where a difference or error of the perceptually weighted
speech signal fromthe signal fromthe synthesis filter 122 is found. This
error is fed to a distance 18 calculation circuit 124 for finding the

di stance and a representative value vector which will mnimze the error is
searched by the noi se codebook 121. The above is the sumary of the vector
quantization of the tine-domain wavef @3m enpl oyi ng the cl osed-|oop search
in turn enploying the analysis by synthesis nethod. As data for the

unvoi ced (UV) portion from the second encoder 120 enpl oying the CELP

codi ng st nugdiifcatid Me rséade coddeXo Wifp ult i gC2ARDANIG 185 Qe ! Sife 0 §E; fx@debOOK
121 and the gain index of the codebook fromthe gain circuit 126 are taken

out. The ghtapeduniis, appacdtuss it to Weadatvdthr imadherates séiffodsttookith21, is

sent via a,swbifch 127s.to an output term nal 107s, while the gain index,
which is tHE&'HY aLeoridPMsne gain circuit 126, is sent via a switch 127g to
an output termgerd{hif1o the flowcharts of Figs.6 and 8, the operation of

the period modification unit 3 and the parameter modification unit
S is explained.

At step S1 of Fig.6, the pcrioc_i modification unit 3 receives
encoded parameters, such as LSPs, pitch, voiced/unvoiced (V/UV),
spectral envelope Am or LPC residuals. The LSPs, pitch, V/UV, Am
and the LPC residuals are represented as l,,(_n][p], P (n], vu,[n],
a (n][k] and r[nl[il[j], respectively. '

The modified encoded parameters, ;Jltimately calculated by the
parameter modification unit 5, are represented as mod_ 1, [m][p],
mod_ p.,[m], mod_ vu[m], mod_ a [ml[k] and mod_ r [m][i][j],
where k and p denote the number of harmonics and the number of
LSP orders, respectively. Each of n and m .denotes frame numbers
corresponding to time-domain index data prior and subsequent to
time axis conversion, respectively. Meanwhile, each of n and m
denotes an index of a frame having an interval of 20 msec, while i
and j denote a sub-frame number and a sample number, respectively.

The'period mo‘dification unit 3 then sets the number of frames
representing the original time duration to and the number of frames
representing the time duration after modification to N,, N,
respectively, as shown at step S2. The per.iod modification unit then

proceeds to time-axis compression of the speech N, to the speech



These sw tches 127s, 127g and the switches 117, 118 are turned on and off
depending on the results of V/UV decision fromthe V/ UV discrimnation unit
115. Specifically, the switches 117, 118 are turned on, if the results of
V/ WV di scrimnation of the speech signal of the frame about to be
transmtted indicates voiced (V), while the switches 127s, 127g are turned
on if the speech signal of the frame about to be transmtted is unvoiced
(W). The encoded paraneters, outputted by the encoding unit 2, are
supplied to the period nodification #fit 3. The period nodification unit 3
nodi fies an output period of the encoded paraneters by tine axis

conpr essi on/ expansi on. The encoded paraneters, outputted at a period

modi fi ed Noyat hehpeni od stedi S§BcatTioa wgn thd, tiare axéntcdoprhesion i&idecodi ng
unit 4. The decoding unit 4 includes a paraneter nodification unit 5 for

i nt er pol 4PAngt tthe eacibampdifipttions unibririsskatpdiadngPdi feNakiNs BV t he
period modification unit 3, b¥ y o n exapple, for generating nodified
encoded ﬁgfaﬁ‘é?‘é‘rsg é@%‘o& &t &d vﬁ?ha?ﬁgn‘gspcﬂ‘nts &f pre-set frames, and a
speech synthegiy§ PRtdmBidCh RIS 4 OFitl BCthen sets m, corresponding
to the frame number corresponding in turn to the index of the time
axis after time axis modification, to 2.
The parameter modification unit 5 then finds two frames f, and
f, and the differences /eft and right between the two frames f,, and
f,, and the ratio m/spd.
If the parameters l,,, p., VU, aand r ,are denoted as *, mod
*[m] may be represented by the general formula
mod_ *[m] = *[m/spd]
where 0 < m < N,. However, since m/spd is not an integer, the
modified encoded parameter at m/spd is produced by interpolation
from two frames of
f,o = | m/spd |
and
fo, =1+ 1.
Between the frame f, m/spd and the frame f,,, the relation
shown in Fig.7, namely
left = m/spd . f,0
right = f, - m/spd
holds.
The encoded parlameters for m/spd in Fig.7, namely the

modified encoded parameters, may be found by interpolation as



voi ced speech signal portion and the unvoiced speech signal portion based
.on the nodified encoded paraneters. Referring to Figs.4 and 5, the decoding
unit 4 is explained. In Fig.4, the codebook index data, as quantized out put
data of the linear spectrumpairs (LSPs) fromthe period nodification unit
3, are supplied to an input termnal 202. Qutputs of the period

nodi fication unit 3, that is index data, as quantized envel ope data, pitch
data and V/ UV discrimnation output data, are supplied to input term nals
203, 204 and 205, respectively. Indexgdata fromthe period nodification
unit 3, as data for an unvoiced speec% portion, is also supplied to an
input termnal 207. The index data fromthe input termnal 203, as the
guant i zedoenvaltoprepodtéput, is sent to an inverse vector quantizer 212 for
vect or quantlzatlon to find a spectral envel ope of the LPC residuals.

Bef ore bei ng ddst modifi¢di ener dpbepty ayytaieds ssimply Fo1nd by dprar al
envelope ge LPC reS|duaIs is transiently taken out at' near a point
|nd|caté8 P &ﬂ 'in Fig.4 by the paranmeter processor 5 for paraneter

modi ficati onnposd Wisl yn be_ efpllalxne%ﬁuasegpepu Yeft The index data is then
sent to the voiced spee

However, with interpolation between the two frames f, and f,,,
the above general formula cannot be used if the-two frames are
different as to V/UV, that is if one of the two frames is V and the
other is UV. Therefore, the parameter modification unit 5 changes
the method for finding the encoded parameters depending on the
voiced (V) or unvoiced (UV) character of the two frames f,, and f
as indicated by steps S11 ff. of Fig.8.

First, the voiced (V) or unvoiced (UV) character of the two
frames f, and f, is determined, as shown at step S11. If the two
frames f,, and f,, are both found to be voiced (V)_, processing

transfers to step s12 where all parameters are linearly interpolated

and represented by:

mod_ paim] = p[f.d x right + p ff ] x left
mod_ a, [m]{k] = a[f d[k] x right + a Jf J[k] x left
where 0 < k < I, where L i s the maximum possible number of
_ harmonics. For a,[n][k], 0 is inserted at such positions where there
are no harmonics. if the number of harmonics differs between the
frames f,, and f,,, Os ayre inserted in vacant positions. Alternatively,
a fixed number such as 0 < k < L, where L = 43, may be used if

prior to passage through a number of data converter on the decoder

side.



20 synthesis unit 211. The voi ced speech synthesis unit 211 synthesizes the
LPC residuals of the voiced speech signal portion by sinusoidal
synthesis. The pitch and the V/ UV discrimnation data, entering the input
term nals 204, 205, respectively and transiently taken out at points P2 and
P3 in Fig.4 by the paraneter nodification unit 5 for paraneter

nodi fication, are simlarly supplied to the synthesis speech synthesis unit
211. The LPC residuals of the voiced speech fromthe voiced speech
synthesis unit 211 are sent to an LPCgynthesis filter 214. The index data
of the UV data fromthe input termnal 207 is sent to an unvoi ced speech
synthesis unit 220. The index data of the UV data is turned into LPC

residual s of thedudydmdép] spdeth JHlarlt conight tthé,UihMdpted ispeech synthesis
unit 220 by having reference to the noi se codebook, The index data of the
UV data aVBets nsi &t Py WhkenPodenptomb e Wnbel daospeeer tsthft kel unit
220 by théan arangt gn npéjification unit 5 as indicated at P4 in Fig.4 for

par amet er hodPf it dn. " The LPC residuals, thus processed with paraneter

nodi fication, ppe_al$Pmjest ;to the LPC synthesis filter 214. The LPC
synthesis filter 214 perforns independent LPC

In V/UV discrimination, 1 and 0 denote voiced (V) and
unvoiced (UV), respectively. |
If, at step S11, none of the two frames f,, and f, is judged to
be voiced (V), it is judged at step S13 whether both the two frames
fo and f,, are unvoiced (UV). If the result of judgment at step S13
is Yes, that is if the two frames are both unvoiced, the
interpolation unit 5 slices 80 samples ahead and at back of r,, with
m/spd as center and with p, as a maximum value, as indicated at
step S14. )
In effect, if left < right at step S14, 80 samples ahead and at
back of r,,, centered about m/spd, are sliced, and inserted into mod

T, a5 shown in Fig.9A. That is,

for (j = 0; j < FRM x (1/2 - m/spd + f,); j** {mod
ro(ml{0](j]1 = r[f,J[0](j + (m/spd - f,9 x FRMI]}s:

for (j = FRM x (1/2 - m/spd + f,); j < FRM/2; j**) {mod
re,[m1[01(j1 = r=*[m][0]1(j] = r Jf d[1][j - FRM x (1/2 - m/spd +
fiod1i}s

for (j = 0, j < FRM x (1/2 - m/spd + f,); j**) {mod
ro{m](11{j] = r[f,J[11[j + (m/spd - £, 9 x FRML};
for (j = FRM x (1/2 - mispd + f,); j = FRM/2; j**) {mod
ra[m]{110j] = r (f (0[] + FRM x (1/2 - m/spd + f 91;};



synthesis on the LPC residuals of the voiced speech signal portion and on
the LPC residuals of the unvoiced speech signal portion. Alternatively, the
LPC synthesis may be performed on the LPC residuals of the voiced speech
signal portion and the LPC residuals 21 of the unvoiced speech signal
portion sumred together. The LSP index data fromthe input term nal 202 are
sent to an LPC paraneter regenerating unit 213. Although the a-paraneters
of the LPC are ultimtely produced by the LPC paraneter regenerating unit
213, the inverse vector quantized datd7of the LSP are taken out partway by
t he paraneter nodification unit 5 as indicated by arrow Plerr] for

paraneter nodification. The dequantized data, thus processed wth

oL SR ROy 5 gL e 0 3 L paraneter egerer st ing uni
a-parameters Oh tthe LRGesindhdaref syl iedrilghtt e tRG sytephesis fthlet er 14.
The speech signals, obtained by LPC synthesis by the LPC synthesis filter
214, arein@kerlatonatutiheSostigas 86r srmglle80dheTheanpeathbagint dbbsi.s unit 6,
shown inclzin(lgéféd ra%(:oeuitvglsls;[)g,e tgngirgiigge mod_ r,,, as shown in Fig.9B.

If the condition of step S13 is not met, processing transfers
to step S15 where it is judged whether the frame f,o is voiced (V)
and the frame f,, is unvoiced (UV). If the result of judgment is
YES, that is if the frame f, is voiced (V) and the frame f, is
unvoiced (UV), processing transfers to step S16. If the result of
judgment is NO, that is if the frame f,, is unvoiced (UV) and the
frame f,; is voiced (V), processing tr;nsfers to step S17.

In the processing downstream of the step S15 ff., the two
frames f,, and f,, are different as to V/UV, that is voiced (V) to
unvoiced (UV). This takes into account the fact that if parameters
are interpolated between two frames f, and f,, which are different
as to V/UV, the result of interpolation becomes meaningless.

At step S16, the size of left (=m/spd - f,) and that of right
® = f,, - m/spd) are compared to each other, in order judge if the
frame f,, is closer to m/spd.

If the frame f, is closer to m/spd, the modified encoded
parameters are set,-using the parameters of the frame f,,, so that

mod_ p{m] = p.ff,.d

mod_ a,[m][k] = a_[f,J[k], where 0 < k < L;

mod_ 1,,[m]{p] = 1,[f,J[p], where 0 < p< I, and

mod_ vu,[m] = 1



encoded paraneters, calculated by the paranmeter nodification unit 5 as
descri bed above, and outputs the synthesized speech. The actual
configuration of the speech synthesis unit is as shown in Fig.5, in which
parts or conponents corresponding to those shown in Fig.4 are depicted by
the sane nunerals. Referring to Fig.5, the LSP index data, entering the

I nput termnal 202, is sent to an inverse vector quantizer 231 for LSPs in
the LPC paraneter regenerating unit 213 so as to be inverse vector
guantized into LSPs (line spectrun1pgbrs) whi ch are supplied to the
parameter nodification unit 5. The vé&ctor-quanti zed i ndex data of the
spectral envel ope Am 22 fromthe input termnal is sent to the inverse
vect or quanshean 212s%edr Sildver se vector quantization and turned into data

f th t | | ich,i t to t i fi ti it
of the svect g Gnvelane W SudBelihy bieh N0 S SNRCT DY Hlt R,
204, 205 glf alesPraRPir ! 95 Es 2 &Bhet Jrdetiical kPhdmis > sT10p I it

terminals 207s and 207g of Fig.5 are supplied shape
to maximize the pitch. Also, r,, of the frame f,, is directly used as
shown in Fig.9C and set as mod_ r,,. That is, mod_ r [m][i][j] =
r..fnlilljl. The reason is that, for voiced fratﬁe f,, the LPC
residuals r_, are not transmitted.

At step S17, judgment similar to that at step S16 is given on
the basis of judgment given at step S15 that the two frames f, and
f,, are unvoiced (UV) and voiced (V), respectively. That is, the
sizes of left (=m/spd - f,) and right (=f,, - m/spd) are compared to
each other in order to judge whether or not the frame f,, is closer
to m/spd.

If the frame f,, is closer, processing transfers to step S18 .to
maximize the pitch. Also, r,, of the frame f,, is directly used and set
as mod_ r,,. That is, mod_ r  [m][il{j] = r.f.{i]J[j]. The reason is
that, for voiced frame f,,, the LPC residuals r_, are not transmitted.

If the result of judgment at step S17 is NO, left > right and
hence the frame f,, is closer to m/spd, so that processing proceeds
to step S21 and the modified encoded parameters are set, using the
parameters of the frame f,,, so that

mod_ plm] = paff,d

mod_ a [m][k] = a,[f,]{k], where 0 s k < L;

mod_ I,,[m]{p] = 1, [(f Jipl. where 0 s p <I;, and

mod_ vu,m] = 1



i ndex data and gain index data as UV data fromoutput termnals 107s and .
107g of Fig.3 via period nodification unit 3. The shape index data and the
gain index data are thence supplied to the unvoi ced speech synthesis unit
220. The shape index data fromthe termnal 207s and the gain index data
fromthe term nal 2079 are supplied to a noise codebook 221 and to a gain
circuit 222 of the unvoiced speech synthesis unit 220, respectively. A
representative val ue output read out fromthe noi se codebook 221 is the
noi se signal component corresponding 28 the LPC residuals of the unvoiced
speech and becones an anplitude of a pre-set gain in the gain circuit 22.

The resulting 5 anal hs.sunplied 19.Lhe pacamster sodi (i cald oy, 5. The
parameter nodification unit’5 interpofates f'hé"ehcoded paraneters,

?ﬁ; putt_edobyratt_meqerfa_eddhra.-gimirgo?uaad @ﬁ\ska?_ 26 W‘Fﬁg% Ptrd Wl iwodietdigd by
period nodification unit 3, for generating nodiTied encoded paraneters,
whi ch areisjipl§.edepending spetich AW IVhebamanar tof6theThe opdiramet d;, and
nodi fication it 3 speed-nodifies the encoded paraneters. This elimnates
t he operafilonnge’sp'éb"d end ogf the interpolation at step S6, processing
transfers to step S6 for incrementing the value of m. The operations
f steps S5 and S6 are repeated until the value oi__fn_ becomes equal
to N,.
The operations of the period modification unit 3 and the
parameter modification unit 5 are explained collectively by r.eferring
to Fig.10. Referring to Fig.10A, the period of the encoding
parameters, extracted every 20 msec of a period by the encoding
unit 2, is modified by the period modification unit 5 by time axis
compression to 15 msec, as shown in Fig.lQA. By the interpolation
operation, responsive to the state of V/UV of the two frames f, and
f,1, the parameter modification unit 5 calculates the modified
encoded parameters every 20 msec, as shown in Fig.10C.
The operations by the period modification unit 3 and the
parameter modification unit 5 may be reversed in sequence, that is,
the encoded parameters shown in Fig.11A are first interpolated as
shown in Fig.11B and subsequently compressed as shown in Fig.11C
for calculating the modified encoded parameters.
Returning to Fig.5, the modified encoded parameters mod
1,,im}{p] on the LSP data, calculated by the parameter calculation
unit 5, are sent to LSP interpolation circuits 232, 232, for LSP

interpolation. The resulting data is converted by LSP to «



nodi fication after decoder outputting and enables the speech signals
reproduci ng apparatus 1 to deal with fixed rates different with simlar
al gorithns. Referring to the flowharts of Figs.6 and 8, the operation of
the period nodification unit 3 and the paraneter nodification unit 5 is
expl ained. At step SI of Fig.6, the period nodification unit 3 receives
encoded paraneters, such as LSPs, pitch, voiced/ unvoiced (V/UWV), spectral
envel ope Am or LPC residuals. The LSPs, pitch, VUV, Amand the LPC
residuals are represented as I[err][nPPp], Plerr][n], vu [err][n],

alerr][n][k] and r[err][n][i][]j], respectively. The nodified encoded
paraneters, ultimately calculated by the paraneter nodification unit 5 are
r epr esent €80 ¥&T HBE- 1oty 2H4p]23 todf O pFePVEF RON ABEC AfU[%PRAF RSt ¢frod
alerr][m{k no rierrl| 101 re. k. and_p o] er of
har nmoni cséoar]ndﬁggérng’ﬁﬁgic% LLglg[dcl)lr‘ger(g“,P@)gs‘ﬁéléfﬁvg y.‘c‘gﬁgc&gomg g‘n m

denotes f&aiheRidTFAESr QA" EBRONTS PGink Or f d IMRTAP IR dL ik NEIEX, daldae g 0§ pand
subsequent to tinme axis conversion, respectively. Manwhile, each of n and
m denot est@anai ndaxeofing foiacwithadidngaae usdderfoal the 20iceéc(Vihsighal and |
denote a sub-frame nunber and a sanpl e nunmber, respectively. The period
nodi fi cat POAtIGH tWBilenthe eI B interpalaiéen ofirfpiimes 2nepd st Li¥d theo

ori gi nal tc:brr{%e(errnagt 'é)xrr]c;[xpt aﬂgtt“t hae;_enuun;% [ ofr ftrh(i‘:rmusnvoice:d (UV) signal

portion. The LPC synthesis filter 214 is made up of an LPC

synthesis filter 236 for the voiced portion and an LPC synthesis
filter 237 for the unvoiced portion. That is, the LPC coefficient
interpolation is performed independently for the voiced portion and
the unvoiced portion for preventing ill effects otherwise produced
by interpolation of LSPs of totally different character at a transient
region from the voiced portion to the unvoiced portion or at a
transient region from the voiced portion to the unvoiced portion.

The modified encoded parameter on the spectral envelope data
mod_ a,[m][k], as found by the parameter modification unit 5, is
sent to a sinusoidal synthesis circuit 215 of the voiced speech
synthesis unit 211. This voiced speech synthesis unit 211 is also
fed with the modified encoded parameter on the pitch mod_ p.,[m]
and the modified encoded parameter mod_ vu,[m] on the V/UV
decision data, as c‘alculated by the parameter modification unit 5.
From the sinusoidal synthesis circuit 215, the LPC residual data
corresponding to the output of the LPC ‘inverted filter 111 of Fig.3

are taken out and sent to an adder 218.

The modified encoded parameter on the spectral envelope data



representing the time duration after nodification to Njerr], Nerr],
respectively, as shown at step S2. The period nodification unit then
proceeds to tine-axis conpression of the speech NJerr] to the speech 24
N2 as shown at step S3. That is, the time-axis conpression ratio spd at the
period nodification unit 3 is found as spd = N2/N,, on the proviso that O
[err] n <N and O [err] m< Nerr]. The paraneter nodification unit 5 then
sets m corresponding to the frane nunber corresponding in turn to the
i ndex of the tinme axis after tinme axi g,nodification, to 2. The paraneter
nodi fication unit 5 then finds two franes f[err] and f[err] and the
di fferences Ieft and ri ght. between the two franmes f[err] and f[err]_and the
ratio m sP@d-|#a=lfhdk bar"’h‘h‘t’tft“fds ePE@F‘FF P”p{'%?‘rcj' oy &y piteh BodL &nﬂ“ﬂ
[err]are d rese eg rmul a
*[r’rjgil%]q?‘(2 m3 lf’wﬁg?lgc T ra]r Eﬁv\en?/ggwée%}:séoﬁi s%{ Séé\)ot an

I nt eger, tm[m}dla‘sl e&u@mqueﬂep@wmwr ﬂioﬂf?@ﬂ:bﬁ lpmdycadebyem to

i nterpolation fromtwo franes
a noise synthesis clrcult 216 for noise addition for the voiced (V)

portion. An output of the noise synthesis circuit 216 is sent to an
adder 218 via a weighted overlap-and-add circuit 217. Specifically,

the noise taking into account the parameters derived from the

encoded speech data, such as pitch spectral envelope amplitudes,

maximum amplitude in the frame or residual signal level, is added
to the voiced portion of the LPC residual signal of the LPC
synthesis filter input, that is excitation, in consideration that, if the
input to the LPC synthesis filter of the voiced speech, that is
excitation, is produced by sinusoidal synthesis, "stuffed" feeling is
produced in the léw-pitch sound, such as male speech, while the
sound quality is rapidly changed between the V and UV speech
portions, thus producing an non-spontaneous feeling. ﬂ

A sum output of the adder 218 is sent to the synthesis filter
236 for the voiced speech where the

time waveform data is

produced by LPC synthesis. In addition, resulting time waveform

data is filtered by a post-filter 238v and thence supplied to an
adder 239, -

It is noted that the LPC synthesis filter 214 is separated into
the synthesis filter for V 236 and the synthesis filter for UV 237,
as explained previously. If the synthesis filter is not separated in

this manner, that is if the LSPs are interpolated continuously every



flerr] =] mspd ] and f[err] = f[err] + 1. Between the frane f[err], mspd
and the frane f[err], the relation shown in Fig.7, nanely left = nfspd

-flerr] right = f[err] - nispd holds. The encoded paraneters for mspd in
Fig.7, nanely the nodified encoded paraneters, may be found by

I nterpol ati on as 25 shown at step S6. The nodified encoded parameter is
sinply found by linear interpolation by: nod_ *[m = *[f[err]] x right +
*[f[err]] x left However, with interpol ation between the two frames f[err]
and f[err], the above general formula Znnot be used if the two franmes are
different as to VVUV, that is if one of"the two frames is V and the other
Is W. Therefore, the paraneter nodification unit 5 changes

20 samples or every 2.5 msec without making distinction between

the V and UV signal portions, the LSPs of totally different
character are interpolated at the U to UV to UV to V transient
portions, thus producing foreign sound. For preventing such ill
effects, the LPC synthesis filter is separated into the filter for V
and the filter for UV for interpolating the L.PC coefficients
independently for V and UV.

The modified encoded parameters on the LPC residuals mod
r,,[m][i}l{j], as calculated by the parameter modification unit 5, are
sent to the windowing circuit 223 for windowing for smoothing the
junction portions with the voiced speech portion.

An output of the windowing circuit 223 is sent to the
synthesis filter 237 for UV of the LPC synthesis filter 214 as an
output of the unvoiced speech synthesis unit 220. The synthesis
filter 237 performs LPC synthesis on the data to provide time
waveform data for the unvoiced portion which is filtered by a post-
filter for unvoiced speech 238u and thence supplied to an adder
239.

The adder 239 adds the time waveform signal of the voiced
portion from the post-filter 238v for voiced speech to the time
waveform data for the unvoiced speech portion from the post-filter
for the unvoiced speech portion 238u and outputs the resulting data
at an output terminal 201. |

With the present speech signal reproducing apparatus 1, an

array of modified encoded parameters mod_ *[m], where 0 < m < N,



the method for finding the encoded paraneters depending on the voiced (V)
or unvoiced (UV) character of the two franes f[err] and f[err] as indicated
by steps S11 ff. of Fig.8. First, the voiced (V) or unvoiced (UV) character
of the two franes f[err] and f[err] is determ ned, as shown at step S11. If
the two franmes f[err] and f[err] are both found to be voiced (V),
processing transfers to step s12 where all paraneters are linearly

i nterpol ated and represented by: nod_ p[err][m = p[err][f[err]] x right +
pl[err][f[err]]x left nod_ a[err][rr][k%3= alerr][f[err]][k] x right + a
[err][f [err]][k] x left where O [err] k [err] |, where L i s the maxi num

possi bl e nélj\hnbe of harnonics. For a[errf][n] ['kk O is inserted at such
posi ti on§ GRS AR IS BARREhARKARGCOL ke dRBeriMparTof "HAdnonhese differs

et veen 1 4 e, $her b A0l i pTER! 1, ARRR' o001 L oD
used if §¥ 20r2d éhRRASEALRD ivitn@HEHL 18y NUFORIcHOL 2 S BinfOR%ES (R¥m Pk ssgn decoder
si de. 26 nod_ I[err][m][p] = I[err][f[err]][p] x right +1
[err][f[®nd [refplting | gfded-up of the reproducing rate may be realized for
N, < N, while time axis expansion and resulting speed-down of the
reproducing rate may be realized for N, > N,. .

With the present system, the ultimately obtained parameter
string is arrayed in an inherent spacing of 20 msec for decoding, so
that optional speed-up may be realized easily. Moreover, speed-up
and speed-down may be realized without any distinction by the same
processing operati(;n.

Consequently, the contents of solid-state recording can be
reproduced at a speed twice the real-time speed. Since the pitch and
the phoneme remain unchanged despite increased playback speed, the
recording contents can be discerned despite reproduction at a
significantly increased playback speed.

If N, < N,, that is if the playback speed is lowered, the
playback sound tends to become non-spontaneous since plural
parameters mod_ r,, are produced from the same LPC residuals r,, in
the case of the unvoiced frame. In such case, an appropriate amount
of noise may be acided to the parameters mod_ r,, for eliminating
such non-spontaneousness to some extent. Instead of adding the
noise, the parameters mod_ r,, may be replaced by suitably generated

Gaussian noise, or the excitation vector, randomly selected from the

codebook, may also be employed.



where O [err] p< P, where P denotes the nunber of orders of the LSPs and is
usual ly 10. nmod_ vu[err][n] =1 In V/UW discrimnation, 1 and O denote

voi ced (V) and unvoiced (W), respectively. If, at step S11 , none of the
two frames f[err] and f[err] is judged to be voiced (V), it is judged at
step S13 whether both the two frames f[err] and f[err] are unvoiced (UV).

If the result of judgnent at step S13 is Yes, that is if the two
frames are both wunvoiced, the interpolation unit 5 slices 80 sanples
ahead and at back of r[err], with m'spggas center and with Plerr] as a
maxi mum val ue, as indicated at step S14. In effect, if left < right at step
S14, 80 sanpl es ahead and at back of rferr], centered about m spd, are
sliced, and in¥éithethd abe veodesqrébed Sw@hémnﬂnTFPQO‘!‘M“%&PPI%“‘#W (j =

Eiig?gf EFE%{'Y?] ‘hofie "t‘r?fé’xd”{ef?% fy! Ewhh‘(fp i °(‘°]"[‘*@|9era[f§1"(*if§s[b” |
" rFe”][ff[%gmﬁlﬁq&ﬂw'émm{% } célﬂgﬂigieed’ blyl 'ﬂ%cﬂir'l])?iomordlﬁcralt[m J

spd +7fro

FRM  x  (ddi2 3 foms;mhd-tp blfettid )rcpr{aenbir)g (s dr. [ @ 6 eielr 1]thje] frame
r[err][f[err]][hl][j (mspd - flerr]) x 21
_ length may be rendered vanable by the decodmg unisSt 4 for

controlling the reproducing speed.

In such case, since the frame length is rendered variable, the
frame number n is not changed before and after parameter
generation by the parameter modification unit 5 of the decoding unit
4.

Also, the parameter modification unit 5 modifies the
parameters | [n][p] and vu,[n] to mod_1,[n][p] and to mod_ vu [n],
respectively, regardless of whether the frame in subject is voiced or
unvoiced.

If mod_ vu,[n] is 1, that is if the frame in subject is voiced
(V), the parameters p.[n] and a_ [n]}[k] are modified to mod_ p .n]
and.to mod_ a,[n][k], respectively.

If mod_ vu,[n] is 0, that is if the frame in subject is unvoiced
(UV), the parameter r[n][i}[j] is modified to mod_ r[n][i](j].

The parameter modification unit 5 directly modifies 1,,[n][p],
pulnl, vuJn] and a fn]{k] directly to mod_ 1 [n]{p], p .[n], mod
vu,[n] and to mod_ ay[n][k]. However, the parameter modification
unit varies the residual signal mod_ r,[n][i}[j] depending on the

speed spd.

If the speed spd < 1.0, that is if the speed is faster, the



SR

for (] = FRM x (1/2 - mspd +
=1 err]

flerr]); j = FRM2; j[err]) (nod
rferr][mM[I][]] err][f[err]][0][] + FRMx (1/2 - mspd + f[err])];);
27 where FRMis e.g., 160. On the other hand, if left [err] right at this

step Sl14, the interpolation unit 5 slices 80 sanples ahead and at back of
r[err], centered about m spd, to produce nod_ r[err], as shown in Fig.9B.
If the condition of step S13 is not net, processing transfers to step S15
where it is judged whether the frame f[err] is voiced (V) and the frane
flerr] is unvoiced (W). If the resul%sof judgnent is YES, that is if the
frame flerr] is voiced (V) and the frame f[err] is unvoiced (U,
processing transfers to step S16. |f the result of jud ment,&s NO, that is
if the frdfeispal sispaiunfoted®rieralaptBnaie®fs SEEF] atr P RATER( V),
processing transfers tqg.st dn the. C I 0g stye f the step
S15 ff., %ﬁe o rzrr}e?i%[g?'r]s}f;n@ef[éf%’gé?ef}%ﬁé?e}gp asirst gJP\%pf}ﬂ?ﬁt hat is
voi ced (V)(dgRIWO! Cofn(1Vh. sTtlill $ t@KESrhNt @ aemeyM ishelifeaat ridwat thd

paranmeters are interpol ated between two frames f[err] and f[err] which are
di fferent edgiml\Virdvhe triiéntl@dulot gofe inmddr polajfibnlbaescries pesmbiegltkss.
slicing be made at the leading end of the original frame.

If the speed spd > 1.0, that is if the speeﬂ is slower, the
original frame is used and an original frame added to with noise
components is used for any deficit portion. A decoded excitation
vector added to with a suitably generated noise may also be used.
The Gaussian noise may be generated and used as the excitation
vector for reducing the alien feeling produced by continuation of
frames of the same waveform, The above noise components may also
be added to both ends of the original frame.

Thus, in the case of the speech signal reproducing apparatus
1 configured for changing the speed control by varying the frame
length, the speech synthesis unit 6 is constructed and designed so
that the LSP interpolation unit 232v and 232u, sinusoidal synthesis
unit 215 and the windowing unit 223 will perform different
operations for controlling the speed by time axis compansion.

The LSP interpolation unit 232, finds the smallest integer p
satisfying the relation frmL/p < 20 if the frame in subject is voiced
(V). The LSP interpplation unit 232, finds the smallest integer p
satisfying the relation frmL/p < 80 if the frame in subject is voiced
(UV). The range of the sub-frame subl{i]{j] for LSP interpolation

is determined by the following equation:



L

At step S16, the size of left (=nspd - f[err]) and that of right [err] =
flerr] - mspd) are conpared to each other, in order judge if the franme
flerr] is closer to mspd. If the frane f[err] is closer to mspd, the
nodi fi ed encoded paraneters are set, using the paraneters of the franme

flerr], so that nod_ p[err][n] = Plerr][f[err]] nmod_ a[err][m[Kk] =
alerr][f[err]][k], where O [err] k < L; nod_I[err][mM][p] =

| [err][f[err]][p], Wwhere O [err] p< |; and nod_ vu[err][m =1 28 as

shown at step S 18. If the result of3§udgnent at step S 16 is NO, left

[err] right, so that the frame f[err] is closer, so that processing

transfers to step.S19 to nmaxim ze the pitch. Also rgerr] of . the frarre

f[err] is di réE’t‘I(V"tr'séU aé) showh ‘}‘r‘?‘ﬁf@“[@'@ Anbitder HaeHpd sr[feﬁ'rl] ‘That is,
rierr]| ] err ][j] her S f or

vor ced frarrglxg[t}é’rkr} Ifié]‘res’l <( )r['esrr] ué’rcé‘ﬁgt r%tﬁnsf'rtr'rR ﬁasd APAt step

S17,

Judgaeagexsldrblsagt tre khay %uﬁ'ﬁﬁpg Sty ifsrdi YE€H- Pécinl Badies. afod udgnent
given at step S15 that the two franes f[err] and

both the voiced and unvoiced sounds, p = 1 if frmL is less than 20
or 80.

For example, for the i'th sub-frame, since the center of the
sub-frame is frmL x (2i + 1)/2p, LSPs are interpolated at a rate of
frmL x (2p - 2i - 1)/(20:frmL x (2i + 1)/2p, as disclosed in our co-
pending JP Patent Application No.6-198451.

Alternatively, the number of the sub-frames may be fixed and
the LSPs of each sub-frame may be interpolated at all times at the
same ratio. The sinusoidal synthesis unit 223 modifies the window
length for matching to the frame length frrrlL.

With the above-described speech signal reproducing apparatus
1, the encoded parameters, the output period of which has been
companded on the time axis, are modified using the period
modification unit 3 and the parameter modification unit 5 for
varying the reproducing speed without changing the pitch or

phoneme. However, it is also possible to omit the period

modification unit 3 and to process the encoded data from the

encoding unit 2 by a number of data conversion unit 270 of the
decoding unit 8 shown in Fig.14 for varying the pitch without
varying the phoneme. In Fig.14, the parts and components

corresponding to those shown in Fig.4 are indicated by the same

reference numerals.



flerr] are unvoiced (UV) and voiced (V), respectively. That is, the sizes
of left (=mspd - f[err]) and right (=f[err] nm spd) are conpared to each
other in order to judge whether or not the frame f[err] is closer to nispd.
If the frame f[err] is closer, processing transfers to step S18 to maxi m ze
the pitch. Also, r[err] of the frame f[err] is directly used and set as
nod_ r[err]. That is, mod_r[err][m[i][j] = r[err]f[err][i][]j]. The reason
is that, for voiced franme f,,, the LPCresiduals r[err] are not
transmtted. If the result of judgnegy at step S17 is NO, left [err] right
and hence the franme f[err] is closer to mspd, so.that processing proceeds
to step S21 and the nodified encoded paraneters are set, using the
paraneters of The bfarsmofn[c%ﬁ]unmlﬁhgtxwdwmﬁfg{(]\{m a=ip[16r£%,[\7¢[r¢”]]
nod_ aferr][m[k] = anff[err]][k], where O [err] <L; nod_I[err]
I[err][f[

. . _ [m[p]
¢ |9AshE | frgaaremcy [odr the phagmigniandofitdic emjcodied [sptech Idata 29 In

t hi s manner tgeti nt er.pol at i unini ‘5 provides di fferel-_nt operations for t
i nt er pol atPbsFeds [rqm thesepsoding gnit, 3 and theopymber of amplitude data
iq a pre-set band by the number of data conversion. unit 270

r the
operating as data conversion means to perform. only the pitch
without changing the phoneme. The number c;f data conversion unit
270 varies the pitch by modifying the number of data specifying the
size of spectral components in each input harmonics.

Referring to Fig.14, a .vector quantized output of LSPs,
corresponding to an output of the output terminal 102 of Figs.2.and
3, or codebook indices, are supplied to the input terminal 202,

The LSP index data is sent to an inverse vector quantizer 231
of the LPC parameter reproducing unit _2.13 for inverse vector
quantization to line spectrum pairs.(ﬂSPs). The LSPs are sent to
LSP interpolation circuits 232, 233 for interpolation and thence
supplied to LSP to o« conversion circuits 234, 235 for conversion to
G-parameters of the linear prediction codes. These K-parameters are
s-ent to the LPC synthesis filter 214. The LSP interpolation circuit
232 and the LSP to « converting circuit 234 are used for the voiced
(V) signal portion, while the LSP interpolation circuit 233 and the
LSP to « convertihg circuit 235 are used for the unvoiced (UV)
signal portion. The LPC synthesis filter 214 is made up of an LPC
synthesis filter 236 for the voiced portion and an LPC synthesis
filter.237 for the unvoiced portion. That is, the LPC coefficient

interpolation is performed independently for the voiced portion and



in Fig.8, depending on the VU character of the two franes f[err] and
flerr]. After the end of the interpolation at step S6, processing transfers
to step S6 for increnenting the value of m The operations f steps S5 and
S6 are repeated until the value of m becones equal to NJerr]. The
operations of the period nodification unit 3 and the paranmeter nodification
unit 5 are explained collectively by referring to Fig.10. Referring to
Fig. 10A, the period of the encodi ng paraneters, extracted every 20 nsec of
a period by the encoding unit 2, is ngdified by the period nodification
unit 5 by time axis conpression to 15 fisec, as shown in Fi g. 10A. By the

i nterpol ailidnneRGEBAE| PB51ibRSPONHIY Qe hfind191ISEAle@t OfotWelW 0k ;%J’t?d&%ﬂ frames
flerr] and f[err], the paranmeter nodification unit 5 calcul ates the

nodi fi ed endotienp qlatiamedérisS Byarfyt @R ihpdéffeasnshbhwradterFag.al0GnsTogt
operations hy tge period nodification unit 3 and the paraneter nodification
unit 5 maltHEY diePsedei Yodeediepestionhdp ithe sneoigrbdeertpananet et sa shown

in Fig. 11Aate first i ted. as, shown in Fig. 11B and sub tl
compr sssolf w0 EnlkBl g e 36 B BEPAR A dot HEE Miionreq encuasd

DT o P LB B e DU 8 OO AR

5, are sequantizeSP iquder pdndieixon daiticubfs 232[ efpeletr232[e@rveioper WP
corresponding to an output of the terminal 103 of the encoder
shown in Figs.2 and 3. To an input terminal 205 is supplied V/UV
decision data from the terminal 105 of Figs.2 and 3.

The vector quantized index data of the spectral envelope Am
from the input terminal 203 is sent to the inverse vector quantizer
212 for inverse vector quantization. The number of amplitude data
of the inverse vector quantized envelope is fixed at a pre-set value
of, for example, 44. Basically, the number of data-is converted to
give the number of harmonics corresponding to the pitch data. If it
is desired to change the pitch, as in the present embodiment, the
envelope data from the inverse vector quantizer 212 is sent to the
number of data conversion unit 270 for varying the number of
amplitude data by, for example, interpolation, depending on the
desired pitch value.

The number of data conversion unit 270 is also fed with pitch
data from the input terminal 204 such that the pitch at the encoding
time is changed to a desired pitch which is outputted. The
amplitude data and the modified pitch data are sent to the

sinusoidal synthesis circuit 215 of the voiced speech synthesis unit



i nterpol ation. The resulting data

-converting circuits 234[err],
for

is converted by LSP to a“ 30

234[err] for conversion into-an a-paraneter
| i near predictive coding (LPC) which is sent to the LPC synthesis

filter 214. The LSP interpolation circuit 232[err] and the LSP to [err]
converting circuit 234[err] are used for the voiced (V) signal portion,
while the LSP interpolation circuit 232[err] and the LSP to [err]
converting circuit 234[err] are used for the unvoiced (UV) signal portion.

The LPC synthesis filter 214 is made ¥ of an LPC synthesis filter 236 for
t he voiced portion and an LPC synthesis filter 237 for the unvoi ced
portion. That is, the LPC coefficient interpolation is perforned

i ndependeny r the .voi ced portian and .the unvqic tion for,
or ovont s n 1Y e ol BT WS B 4by SR EE L Bk Shehee o
totally diditerient1 <aracipdnddlti Modific@JitERUORRE PO DA xmaggeport i on

to the unvoiced portion or at-a transient region fromthe voiced portion to
t he unvoi cedtho iR G rresidurlgoition abie envobled ofad staeconversioneusipez10.al

init 8 1S sentTREGE ot hubistert of Jtsraelsian mathels BrorShyrting Wad spocch
number of amplitude data of the spectral envelope of the LPC
residuals by the number of data conversion unit 270. For example,
a suitable number of dummy data for interpolating amplitude data
of an effective band block on the frequency axis from the last
amplitude data in the block as far as the first amplitude data in the
block or dummy data extending the left-hand end (first data) and
the right-hand end (last data) in the block, are appended to the
amplitude data in the block, for enhancing the number of data to
Ny. Then, an Os-tuple numsqr of amplitude data are found by
band-limiting type Os-tﬁple oversampling, such as octatuple
oversampling. The Os-tuple number of the amplitude data ((mMx +
1) x Os number of data) is further expanded to a larger number of
Ny, such as 2048, by linear interpolation. This N, number data is
converted into the pre-set number M (such as 44) by decimation and
vector quantization is then carried out on the pre-set number of
data.
As an illustrative operation in the number of data conversion
unit 270, t'he case in which the frequency F, = fJL for a pitch lag
L to Fx, where fs. is a sampling frequency such that fs = 8 kHz =

8000 Hz, is explained.

In this case, the pitch frequency F, = 8000/L, while there are



synthesis unit 211. This voiced speech synthesis unit 211 is also fed with

“the nodified encoded paraneter on the pitch nod_ p[err][n] and the nodified
encoded paraneter nod_ vu[err][m on the V/ UV decision data, as cal cul ated
by the parameter nodification unit 5. Fromthe sinusoidal synthesis circuit
215, the LPC residual data corresponding to the output of the LPC inverted
filter 111 of Fig.3 are taken out and sent to an adder 218. The nodified

encoded parameter on the spectral enymgl ope data 31 nod_ aferr][m[K],
nodi fi ed encoded paraneter on the pitch nod_ p[err][m and the nodified

ded uv d t f d by th
Sg(r:grrgt ewrﬁgﬁ?‘gﬁaﬁ%ﬁ%ﬁm{ gp 4%?ngﬂ?oﬂanﬁgl‘}s%{‘[§yr%%g£?s%agl’gﬁt 2{6 ©

for noi seammuuzonhéonuhlberverqmd&ﬂmeqrst 1012 An(woomwé)ﬂrﬁm%se
synthesis circuit 216 is sent to an adder 218 via a wei ght

over | ap- ameingerdedi dyuithe2 wboSpeditii qainber tcomveasben t aki dgncntmrattcount
the paraneters derived fyomthe encoded speech dat a,

sych as pitch spectral
envel ope SABYFEHUIQEs, teraxdiGfunt shmPl¢udtd . P efeger (RIRE5dipgsitquarediognal
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simply the pitch is to be varied.

After inverse vector quantization, the number of 44 of the
harmonics can be changed to 2 desired number, that is to a desired
pitch frequency Fx, by dimensional conversion by the number of data
conversion unit 270. The pitch lag Lx corresponding to the pitch
frequency Fx(Hz) is Lx = B8000/Fx, such that tha number of

harmonics set up to 3400 Hz is (Lx/2) x (3400/4006)
(4000/Fx) x (3400/4000) = 3400/Fx

that is 34001Fx That is, it suffices to perform conversion from 44
to 3400/Fx by dimensional conversion or number of data conversnon
in the number of data conversion unit 270.

If the frame-to-frame difference is found at the time of
encoding prior to vector quantization of spectral data, the frame-to-
frame différence is decoded after the inverse vector quantization.
The number of data conversion is then performed for producing
spectral envelope d.ata.

The sinusoidal synthesis circuit 215 is supplied not only with
pitch data and spectral envelope amplitude data of LPC residuals

from the number of data conversion unit 270, but also with the

VIUV decision data from the input terminal 205. From the



synthesis filter input, that is excitation, in consideration that, if the
Input to the LPC synthesis filter of the voiced speech, that is excitation,
i s produced by sinusoidal synthesis, "stuffed" feeling is produced in the
| ow- pitch sound, such as mal e speech, while the sound quality is rapidly
changed between the V and UV speech portions, thus producing an

non- spont aneous feeling. A sumoutput of the adder 218 is sent to the _
synthesis filter 236 for the voiced speech where the tinme waveformdata is
produced by LPC synthesis. |In additiaqn, resulting time waveformdata is
filtered by a post-filter 238v and thence supplied to an adder 239. It is
noted that the LPC synthesis filter 214 is separated into the synthesis
filter fosinespddahsynthrrsisyireeidi 216 (therLPEr reprdnal dada angpt ok §pput
previouslx. | f ch sy,nt hesj s éhkter Is not separated in this manner, that
is if the PSpsehk &0 %uﬁiﬁ%h continuously every 32 20 sanpl es or

CuetYora” The TRPRH RIS, i e PR B r g
to W to WNtdlp ddtarfabal @Ak input terminal 204 and the V/UV decision data
frm the input terminal 205 are sent to the noise addition circuit 216
for noise addition for the voiced (V) portion. Speciﬁca“y, the
noise taking into account the parameters derived from the encoded
speech data, such as pitch spectral envelope amplitudes, maximum
amplitude in the frame or residual signal level, is added to the
voiced portion of the LPC residual signal for the LPC synthesis
filter input, that is excitation, in consideration that, if the input to
the LPC synthesis filter of the voiced speech, that is excitation, is
produced by sinusoidal synthesis, "stuffed" feeling is produced in
the low-pitch sound, such as male speech, while the sound quality
is rapidly changed between the V and UV speech portions thus
producing an non-spontaneous feeling.
A sum output of the adder 218 is sent to the synthesis filter
236 for the voiced speech where the time waveform data is
produced by LP(Zsynthesi& In addition, resulting time waveform
data is filtered by a post-filter 238v for voiced data and thence
supplied to an adder 239.
To input terminals 207s and 207g of Fig.14 are supplied shape
index data and gain index data as UV data from output terminals
107s and 107g of Fig.3 via period modification unit 3. The shape

index data and the gain index data are thence supplied to the



portions, thus producing foreign sound. For preventing such il
the LPC synthesis filter is separated into the filter for V and the filter
for W/ for interpolating the LPC coefficients independently for V and UV.
The nodi fied encoded paranmeters on the LPC residuals nmod r[err][m[i][]j],
as calcul ated by the paraneter nodification unit 5 are sent to the

w ndowi ng circuit 223 for wi ndowi ng for snoothing the junction portions

wi th the voi ced speech portion. An oyt,put of the windowing circuit 223 is
sent to the synthesis filter 237 for of the LPC synthesis filter 214 as
an out put of the unvoi ced speech synthesis unit 220. The synthesis filter
237 perfornms LPC synthesis on the data to provide tine waveform data for

t he unvoigesicedr §posciiyabhdsss fulditezaal byha gflosie ihdkkedaforframvokeed
speech 238u and thence supplied to an adder 239. The adder 239 adds the
time wavesrarinadi gAdls ondtthe eaieeidhdror diasa frogmn e tpsingli 20dg 288y for

I ced t.o the ti f d f th ' ti
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effects,
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where O fefdd outplN @ead out from the noise codebook 221 is the noise

signal component corresponding to the LPC r.esiduals of the

unvoiced speech and becomes an amplitude of a pre-set gain in the

gain circuit 222. The representative value output of the pre-set
gain amplitude is sent to a windowing circuit 223 for windowing for
smoothing a junction portion to the voiced signal portion.

An output of the windowing circuit 223 is sent as an output
of the unvoiced speech synthesis unit 220 to a synthesis filter 237
for unvoiced (UV) portion of the LPC synthesis filter 214. The
output of the windowing circuit 223 is processed by the synthesis
filter 237 by LPV synthesis .to give time-domain waveform signals
of the unvoiced speech signal portion which is then filtered by é
post-filter for unvoiced speech portion 238u and thence supplied to
the adder 239.

The adder 239 sums the time-domain waveform signal for the
voiced speech signal portion from the post-filter 238v for the
voiced speech to tixe time-domain waveform data for the unvoiced
speech signal portion, from the post-filter for the unvoiced speech
signal portion 238u. The resulting sum signal is outputted at the

output terminal 201.

It is seen from above that the pitch can be varied without



33 is decoded in this manner instead of the inherent array *[n], where O
[err] n < Nerr]. The franme interval during decoding may be fixed such as
at 20 nmsec as conventionally. In such case, tinme axis conpression and
resulting speed-up of the reproducing rate may be realized for N2 < Nerr],
while tinme axis expansion and resulting speed-down of the reproducing rate
may be realized for N2 > Nerr]. Wth the present system the ultimately
obt ai ned paraneter string is arrayed in an inherent spacing of 20 nsec for
decodi ng, so that optional speed-up My be realized easily. Moreover,
speed-up and speed-down nmay be realized without any distinction by the sanme
processi ng operation. Consequently, the contents of solid-state recording
can be rephedeces the aplspeedet wif cth¢ hepeed -y neh &pgied. tBenoembeg pift ch and

t he phone remgi n unchanged despite increased pl ayback speed, the
recordingggéﬁFHHP§ AR RRT o ‘H@dt&ésﬁﬁﬁéeréﬁrég%cfPBﬁ“' e cantly
| nor eased Ay D3EKe 508FEs hi1dCof N efllen PRl | [ndNqsPaYhachazpeed is
| ower ed, the Pl ayback soun ends to becone’” non-spont aneous since plural
bitstream, is available, its pitch may be optionally varied for

synthesis.

Referring to Fig.15, an encoded bitstream o.r encoded data,
obtained on encoding by the encoder of Figs.2 and 3, are outputted
by an encoded data outputting unit 301. Of these data, at least the
pitch data and spectral envelope data are sent via a data conversion
unit 302 to a waveform synthesis unit 303. The data irrelevant to
pitch conversion, such as voiced/unvoiced (V/UV) decision data, are
directly sent to the waveform synthesis unit 303.

The _waveform synthesis unit 303 synthesizes the speech
waveform based on the spectral envelope data or pitch data. Of
course, in the case of the synthesis device shown in Figs.4 or 5,
LSP data or CELP data are also taken out from the outputting unit
301 and supplied as described above.

In the configuration of Fig.15, at least pitch data or spectral
envelope data are converted by the data conversion unit 302
depending on the desired pitch as described above and thence
supplied to the w'aveform synthesis unit 303 where the speech
waveform is synthesized from the converted data. Thus the speech
signals changed in pitch without changing the phoneme can be taken

out at an output terminal 304.

The above-described technique can be used for synthesis of



paranmeters nod_ r[err] are produced fromthe sanme LPC residuals r[err] in
the case of the unvoiced franme. In such case, an appropriate anount of

noi se may be added to the parameters nod_ r[err] for elimnating such

non- spont aneousness to sone extent. Instead of adding the noise, the
paranmeters nod_ r[err] may be replaced by suitably generated Gaussi an

noi se, or the excitation vector, randomy selected fromthe codebook, may
al so be enpl oyed. 34 Wth the above-descri bed speech signal reproducing
apparatus 1, the tine axis of the outgdt period of the encoded paraneters

fromthe e | ' ' npressed by the period nodification unit 3
for speed- Egggw?}%r}?‘lﬁf"oﬁ%?ﬁg speed. However, the frane |length may be

rendered vari abFigg 1y t BRod&COgh NG xuii File 4of O p@OIYADA | RF thee I ppé Qditci ng

speed. In such case, since the frane length is rendered variable, the frane

nunber n igvemrencteangedch Bekbrsy nthedis.af kretthepprevrster myordkd meenitorthisy t he

ﬁgg?ﬂez:{i 3 %'vgk'ﬁggéégeﬁghhggg E{qqgsgeeggglenlgcou 1Intg or Ac\:losxgbre;sqgn %ryamet er
be used simultaneously as a text speech synthesizer. In the example
of'Fig.16, regeneration of speech data is used in c.ombination.

In Fig.6, the speech rule synthesizer and the speech
synthesizer with data conversion for pitch modification as described
above are comprised in a speech-by-rule synthesis unit 300. Data
from a text analysis unit 310 is supplied to the speech-by-rule
synthesis unit 300 from which the synthesized speech having the
desired pitch is outputted and sent to a fixed contact a of a
changeover switch 330. A speech reproducing unit 320 reads out
speech data occasionally compressed and stored in"a memory such
as ROM and decodes the data for expansion. The decoded data is
sent to the other fixed contact b of the changeover switch 330. One
of the synthesized speech signals and the reproduced speech signals
is selected by the chéngeover switch 330 and outputted at an output
terminal 340.

The device shown in Fig.16 may be used in, for example, a
navigation system fo-r a vehicle: In such case, the reproduced speech
of high quality and high clarity from the speech regenerator 320
may be used for routine speech, such as "Please turn to right" for

bearing indication, while the synthesized speech from the speech-by-

rule generator 300 may be used for speech of special designations



paranmeters I[err][n][p] and vu[err][n] to nod_ I[err][n][p] and to nod_
~vu[err][n], respectively, regardl ess of whether the frane in subject is
voi ced or unvoiced. If nmod_ vu[err][n] is 1, that is if the frane in
subject is voiced (V), the paraneters p[err][n] and a[err][n][k] are
nodified to nod_ p[err][n] and to nod_ a[err][n][k], respectively. If nod_
vu[err][n] is O, that is if the franme in subject is unvoiced (W), the
parameter r[err][n][i][j] is nodified to mod_ r[err][n][i][j]. The
parameter nodification unit 5 directly nodifies I[err][n][p], Plerr][n],
vu[err][n] and aferr][n][k] directly to nod_ I[err][n][p], p[err][n], nod
vu[err][n] and to nod_ aferr][n][k]. However, the paraneter nodification

unit varifes d pe & ésilduap 6t gratitoeg, whihr j§ nidlukinudepedde agn on biehe speed
spd. If the speed spd < 1.0, that is if the speed is faster, the 35
resi dual 5$Pgﬁgla§ ePthb lorfpgﬁnnaiorsngnalRQrbé sliced at a m d portlon as

h Fig th | f
fsr ?TLW;]/ |2n[ elrr] TJf“’[ &IFfe ’Cgrlglglf’ﬁf_'%% fhralr'ﬁ_i)qz?’z ggggl"l“ég ? f‘he (fr |s§fnﬁal frane
rierrn] [HardWrdi MGy e useliCFSd kRE[Ed mphltet Set P?ﬁ?ﬂ@x?ef' M50 and

the speech regenerator 320.

The present invention is not limited to the .above-described'
embodiments. For example, the construction of the speech analysis
side (encoder) of Figs.1 and 3 or the speech synthesis side
(decoder) of Fig.14, described above as hardware, may be realized
by a software program using, for example, a digital signal proces.sor
(DSP). The data of plural frames 'inay be handled together and
quantized by matrix quantization in place of vector quantization.
The present invention may also be applied to a variety of speech
analysis/synthesis methods. The present invention is also not limited
to transmission or recording/reproduction and may be applied to a
variety of usages such as pitch conversion, speed or rate
conversion, synthesis of the speech-by-rule or noise suppression.

The above-described signal encoding and signal decoding
apparatus may be used as a speech codec employed in, for example,
a portable communication terminal or a portable telephone set shown
in Fig.14. -

Fig.17 shows a transmitting side of a portable terminal
employing a speech encoding unit 160 configured as shown in Figs.2
and 3.The speech signals collected by a microphone 161 are

amplified by an amplifier 162 and converted by an analog/digital



slicing be made at the | eading end of the original frane. If the speed spd
> 1.0, that is if the speed is slower, the original frane is used and an
original frane added to with noise conponents is used for any deficit
portion. A decoded excitation vector added to with a suitably generated

noi se may al so be used. The Gaussi an noi se nmay be generated and used as the
excitation vector for reducing the alien feeling produced by continuation
of frames of the same waveform The ggove noi se conponents nmay al so be
added to both ends of the original frame. Thus, in the case of the speech
signal reproduci ng apparatus 1 configured for changing the speed control by
varyi ng t k&/MarfeS1ai§eh, 1 fRe inpredigidyht vediads uwibich a&e cdhsk rigctidd and
designed so that the.LSP i.nt ol atd.on unit 232v and. 232U, .si.nusoidal
synt hesi s sﬁﬁf’fﬁﬂogiﬁag T gﬁﬁaco%fjr‘@u"[fﬂi“ts %‘? M IFlﬁé';{f afh ydi ;r?‘& ent

oper ati ong;fQh| %@?HQ' Fidif e agPeednl¥rddrPe X4 e SQPPARA! O th ENEy htP
I nterpolation unitT 232v finds the smallest integer p satisfying the

relation ftenmipal @0r]. 2Dhéfsgdeehl eage ding subijtet60i sesfoiraed epdpdinghes LSP
interpolation unit 232[err] finds the snallest integer p satisfying the
rel ation fexplainedein cogmeictiamavith digsi h abjtectOR WopEdrls (0f) outpet r ange

]9];| Tg\?vi ﬁ;q-égégg?b%%qj E"iiél.jl] afn(arzl'a?ll?e isrétn?rggloal}tip%q Lisgnda-georfhtﬂgdsg ec:[hhe
encoding 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.18 shows a reception side of a portable terminal employing
a speech decoding unit 260 configured as shown in Figs.5 and 14,
The speech signals received by the antenna 261 of Fig.14 are
amplified an RF amplifier 262 and sent via an analog/digital (A/D)
converter 263 to a demodulation «circuit 264, from which
demodulated signals 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 Figs.5 and 14.
The speech decodir;g unit 260 decodes the signals as explained in
connection with Figs,5 and 14. An output signal at an output
terminal 201 of Figs.2 and 4 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



36 nint(frmk/p x 1) [err] j [err] nint(fronk/p x (i+ 1), where O [err] i
[err] p-1 . In the above equation, nint(x) is a function which returns an
i nteger closest to x by rounding the first sub-decimal order. For both the
voi ced and unvoi ced sounds, p =1 if frnL is less than 20 or 80. For
exanple, for the i'th sub-frame, since the center of the sub-frame is frnL
X (21 +1)/2p, LSPs are interpolated at a rate of frnL x (2p - 2i -
D/(20:frml x (21 + 1)/2p, as disclosed in our co- pending JP Patent
Application No.6-198451. Alternativet§, the nunber of the sub-frames may be
fixed and the LSPs of each sub-frame may be interpolated at all tines at
the sane _ratio. The sinusoidal synthesis unit 223 nodifies the w ndow

| engt h f%PAﬁéﬂéhing to the frane length frnL. Wth the above-descri bed

speech s} repr ' p tys. . e 8n r out put
period o?ﬂaﬁ%éh %a@gggggg%%nggﬁggﬁﬁﬁégt%é}?éﬁngj %ﬁgaﬁgﬁgekgd?Pfé gﬂsing t he
period nFsliJms@tﬂsoas %Iutnd?’bgndi\ti*aenﬁam%tp%n Pk dH Gaghon iHNidrnps foqr
varying the reproducing spéed wthout changing the pitch or phonene.
However , pr¢-sies ealcoalingossitlhl @n tthe timé aixhe aper bpdencoding the divided

input speech signals,

wherein the improvement comprises interpolatfng said encoded
parameters for finding modified encoded parameters for desired time
points and reproducing the speech signals based on the modified
encoded parameters.

Claim 2. The method as claimed in claim 1 wherein said encoded
parameters are those obtained on harmonic coding.

Claim 3. The method as claimed in claim 1 wherein it is judged
whether said input speech signal is voiced or unvoiced and, based
on the result of judgment, the portion of the input speech signal
judged to be voiced is encoded by sinusoidal synthetic encoding,
and the portion of the input speech signal judged to be unvoiced is
quantized by vector quantization by closed loop search of an
optimum vector using an analysis by synthesis method.

Claim 4. The method as claimed in claim 1 further comprising:

a period modifying step companding the time axis of the
encoded parameters'obtained from one encoding unit to another for
modifying an oﬁtput period of said encoded parameters;

an intsrpolation step for interpolating the modified parameters
to find modified encoded parameters associated with time points

corresponding to said encoding units; and

) O D



nmodi fication unit 3 and to process the encoded data from the encoding unit
2 by a nunber of data conversion unit 270 of the decoding unit 8 shown in
Fig.14 for varying the pitch without varying the phonene. In Fig. 14,
the parts and conponents corresponding to those shown in Fig.4 are

I ndi cated by the sane reference nunerals. 37 The basic concept
underlying the decoding unit 8 is to convert the basic frequency of the

har moni cs of the encoded speech data entered fromthe encoding unit 2 and
the nunber of anplitude data in a preqset band by the nunber of data
conversion unit 270 operating as data conversion neans to perform only the
pitch without changi ng the phonene. The nunber of data conversion unit 270
varies the pitichSb§entbdrYJHiHFiIE hetabnnsr ofndepsizisigect i nyotated spoé of

cpect L FATHRISD SR Duge S LBOU (ORI 651 g B Y
term nal ¢92im0fs Fi ghe? ARGh3d Us COGRQRAK inndiGesm Br Sretiphi d fAsthe
i nput term nal 202. The LSP index data is sent to an inverse vector
quanti zerc@®ponent is added to an excitation signal at the time of synthesis
of said unvoiced portion, said noise component is substituted for
said excitation signal or an excitation vector randon‘xly selected from
a codebook is used.
Claim 6. An apparatus for reproducing speech signals based on
encoded parameters as found by dividing an input speech signal in
terms of pre-set encoding units on the time axis and by encoding
the divided input speech signals,
wherein tﬁe improvement consists in that said encoded
parameters are interpolated for finding modified encoded parameters
for desired time points and the speech signal is réproduced based
on the modified encoded parameters.
Claim 7. The apparatus as claimed in claim 6 wherein said encoded
parameters are those obtained on harmonic coding.
Claim 8. The apparatus as claimed in claim 1 wherein it is judged
whether said input speech signal is voiced or unvoiced and, based
on the result of judgment, the portion of the input speech signal
judged to be voicea is encoded by sinusoidal synthetic encoding,
and the portion of the,input speech signal judged to be unvoiced is
quantized by vector quantization by closed loop search f an optimum

vector using an analysis by synthesis method.

Claim 9. The apparatus as claimed in claim 6 further comprising:

|



of the LPC paraneter reproducing unit 213 for inverse vector quantization
to line spectrumpairs. (LSPs). The LSPs are sent to LSP interpol ation
circuits 232, 233 for interpolation and thence supplied to LSP to [err]
conversion circuits 23.4, 235 for conversion to [err]-parameters of the
linear prediction codes. These [err]-paraneters are sent to the LPC
synthesis filter 214. The LSP interpolation circuit 232 and the LSP to
[err] converting circuit 234 are used for the voiced (V) signal portion,
while the LSP interpolation circuit 33 and the LSP to a converting circuit
235 are used for the unvoiced (UV) signal portion. The LPC synthesis filter

214 is made u L thesi.s fi .6, f t voj ced rgi.on and
an LPC synt hegi gfe{ﬁ]% e*r%%@;%fngér %t%g uén%/rgf)ééglrg%rﬁeonﬁﬁ"lgha%ﬁ?s,oqft)httgeLPC
coeffi ci @AtolBl ef NAntéticon dtxapeéd Arbwd ontdepesdinyg lunit oro tam@tiek ckd porti on
and 38 the unvoiced portion for perenting i1l effects otherw se

pr oduced mbydifyieg pol auitontopetisps offsaidt ahrgdddfparaametedisaracter at a

transient region fromthe voiced portion to, the unvoi gggdportion or at a

transient regPBniPtPERRLBAEN Gt ERd PO FERC 2SI RSP EEALEGpBPEIBRt O an
! rlput teny '}%d Zg%d%iclc:i' Untd de %LLQQHe%gry\eisqr»%tc?gtevoe%ﬂrh time points

corresponding to said encoding units; and

a speech synthesis step of synthesizing said voiced and
unvoiced portions based on said modified encoded parameters.
Claim 10. The apparatus as claimed in claim 6 wherein a noise
component is added to an excitation signal at the time of synthesis
.of said unvoiced portion, said noise component is substituted for
said excitation signal or an excitation vector randomly selected from
a codebook is used.
Claim 11. A method for reproducing speech signals based on
encoded parameters as found by dividing an input speech signal in
terms of pre-set blocks on the time axis and by encoding the
divided input speech signals,

wherein the speech is reproduced using said encoded
parameters and with blocks of lengths different from those at the
time.
Claim 12. The metht-)d as claimed in claim 11 wherein said encoded
parameters are found hy a first step of harmonic coding or harmonic
coding of LPC residuals and a second step of waveform encoding.
Claim 13. The method as claimed in claim 11 wherein it is judged

whether the input speech signal is voiced or unvoiced and, based on

A AL



quantized code index data of the spectral envelope Am corresponding
to an output of the termnal 103 of the encoder shown in Figs.2 and 3. To
an input termnal 205 is supplied V/UV decision data fromthe term nal 105
of Figs.2 and 3. The vector quantized index data of the spectral envel ope
Am fromthe input terminal 203 is sent to the inverse vector quantizer 212
for inverse vector quantization. The nunber of anplitude data of the

i nverse vector quantized envel ope is flxed at a pre-set value of, for
exanpl e, 44. Basically, the nunber oP data is converted to give the nunber

of harnonics corresponding to the pltch dat a. it is desrred to change
the pitch rlt”}e'\F esent nbod he envegjl 5 Cﬁlt mthe I nverse
vect or g‘rﬁf%%“r Pl EBTERE 1 AT hclfht? ht oay Sﬁverslgoﬁ dHf 8470 for

varying thf" DRUTBRSe O s W‘déé@%y%h?m@ﬁuc@édﬁ?@@' BarmBhGE P Ailnig0B £
depending on the desired pitch value. The nunmber of data conversion unit

270 is al B8 edsidutabs pintdchhelai@rticannf hdei nppuit seepchatigh@d jsudged hat the
pitch at the encoding tinme is chan%Do to a desired pitch which is
out put t edbe TV HREHI tisdedurdttaz ethd bynev poidi 1 | @dapiizahi ot af atbesdimeto the

SI,nUSOI dalwa ef}lol;lngIoSf CLll;ewresx ualsOfenEp oyvlglgc%gesggg?ysns %tyh(assy'lln%hlejsﬁlst

method.

Claim 14. The method as claimed in claim 12 wherein a sub-frame
length of interpolation of LSPs representing a spectral envelope is
modified responsive to the reproducing speed designated by a
decoder.
Claim 15. The method as claimed in claim 11 wherein the length of
an excitation signal for an unvoiced signal portion is modified in
such a manner that, if the length is decreased, the inherent
excitation signal is used and, if the length is in deficit, the inherent
excitation signal added to with a noise component, a noise
component or an excitation vector randomly selected from an
excitation signal codebook is used.
Claim 16. A speech decoding method comprising:
a step of converting the fundamental frequency and the number
in a pre-set band of harmonics of an input encoded speech data, and
a step of in;erpolating and modifying the number .of data
specifying the size of spectral component in each input harmonics
for modifying the.pitch of a synthesized speech.
Claim 17. The method as claimed in claim 16 wherein said

interpolation is executed using a band-limited type oversampling

A O



39 211. The nunber of the anplitude data supplied to the synthesis circuit
215 corresponds the nodified pitch of the spectral envel ope of the LPC
residuals fromthe nunber of data conversion unit 270. There are a variety
of interpolation nmethods for converting the nunber of anplitude data of the
spectral envel ope of the LPC residuals by the nunber of data conversion
unit 270. For exanple, a suitable nunber of dunmy data for interpolating
anplitude data of an effective band block on the frequency axis fromthe

| ast anplitude data in the block as P& as the first anplitude data in the
bl ock or dummy data extending the left-hand end (first data) and the
right-hapdiend (last data) in the block, are appended to the anplitude data
in the block, for enhancing the nunber of data to N err]. Then, an Os-tuple
nunber ofClampl i Budeé daptezchr defodimk Mppranrdubicimpngingpe OGs-tupl e

oversanpling, such as octatuple oversanpling. Th -tupl e nunber of the
anpl i tude dat BEEAHMET 190RY &R IBR BB gﬁ“&ét”bﬁmiaz 198?‘@?1 peexpafddedsio a

| arger n f. i as 204 yv. linear . r Lon, Thiss N err]
namber ddrareel in ey 838 o Rr i ngRes (BEh iphhdl EREGLEGN, oM

deci mat i ggutandasmect or quanti zation is then carried out on the pre-set
nunber of dat a.

means for interpolating and modifying the ’number of data
specifying the size of spectral component in each input harmonics
for modifying the pitch of a synthesized speech.
Claim 19. The apparatus as claimed in claim 18 wherein said
interpolation is executed using a band-limited type oversampling
filter.
Claim 20. A speech synthesis method comprising:

a regular speech synthesis step of synthesizing a regular
speech in accordance with a pre-set rule for outputting amplitude
data of harmonics;

a number of data conversion step of converting the
fundamental frequency of harmonics of input data and the number
of amplitudes in a pre-set band; and

a step of interpolating the data specifying the size of spectral
component in each input harmonics for modifying the pitch of a
synthesized speech.‘

Claim 21. The speech synthesis method as claimed in claim 20
wherein said interpolation is executed using a band-limited type

oversampling filter.

Claim 22. A speech synthesis apparatus comprising:

AT



As an illustrative operation in the nunber of data conversion unit 270, the
case in which the frequency Flerr] = f/L for a pitch lag L to Fx, where fs
is a sanpling frequency such that fs = 8 kHz = 8000 Hz, is explained. In
this case, the pitch frequency F[err] = 8000/L, while there are 40 n =

L/ 2 harnonics set up to 4000 Hz. In the usual speech range of 3400 Hz, the
nunber of harnmonics is (L/2) x (3400/4000). This is converted by the above
dat a nunber conversi on or dinensional.gconversion to, for exanple, 44,

bef ore proceeding to vector quantization. There is no necessity of
perform ng quantization if sinply the pitch Is to be varied. After inverse

vect or quantlzatl t he unbe of 44 of t s can he chan% dto a
desired nunber’® ”ﬁé’i SP&ef g§?’rseﬂ’°6|"lscﬂ fslyégh“eﬂéqu:f P81 & i Si“Bnal

conver si on, b ery Afy d t V@, Si | 7 t ag, fLx
correspong? nécic%qtdﬁgqgl tcﬂ frgqte}g%gy f%x H@'ﬁ“f‘g‘i&g_q O‘;lg?uFJQé ggéh ?’hda_tt t he

nunber of hAamemitss set up to 3400 Hz is (Lx/2) x (3400/ 4000) =
(4000/ Fx) x (3400/ 4000) = 3400/ Fx

number of data conversion means for converting the
fundamental frequency of harmonics of input data and the number
of amplitudes in a pre-set band; and

means for interpolating the data specifying the size of spectral
component in each input harmonics for modifying the pitch of a
synthesized speech.
Claim 23. The speech synthesis apparatus as claimed in claim 22
wherein said interpolation is executed using a band-limited type
oversampling filter.
Claim 24. A portable radio terminal apparatus comprising:

amplifier means for amplifying a reception signal; demodulation
means for A/D converting and subsequently demodulating said
amplified signal;

transmission path decoding means for channel-coding said
demodulated signal,

speech-decoding means for speech-encoding an output of said
transmission path decoding means; and

D/A conversio'n means for D/A conversion of decoded speech
signals frm said speech decoding means for producing analog speech
signal.
Claim 25. The portable radio terminal apparatus as claimed in claim

24 wherein said speech decoding means includes number of data

| A A



that is 3400/ Fx. That is, it suffices to performconversion from44 to
3400/ Fx by di nensi onal conversi on or nunber of data conversion in the
nunber of data conversion unit 270. If the frane-to-frane difference is
found at the tine of encoding prior to vector quantization of spectral
data, the frane-to- frame difference is decoded after the inverse vector
quanti zati on. The nunber of data conversion is then performed for producing
spectral envel ope data. The sinusoidal synthesis circuit 215 is supplied
not only with pitch data and spectréﬁ envel ope anplitude data of LPC
residuals fromthe nunber of data conversion unit 270, but also with the
VI WV deci.si r t i t I n 2 h i nysoi da
synt hesi 28%??(58?%@2 §?q}shg%[ngtﬁé’seirgﬁg @la aplgnrdeil:ﬂf:lgl[iqe%ll ?qugﬁg]cge%? to the
adder 218armhaienvet epputladad af & 98 {HE nluySE S & fVERPOTtudwanid zehrdlset the
pitch data fromthe input termnal 204 and the V/ UV decision data frmthe
i nput tebaindalamd5 are sent to the noise addition circuit 216 for noise

addition for the vojced (V) Portion. Specifically, the
means for interpolating the data specxfymg/ the size of spectral

component in each input harmonics for modifying the pitch of a

synthesized speech.
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noi se taking into account the paraneters derived fromthe encoded speech

data, such as pitch spectral envel ope anplitudes, naxi num anplitude in the
frame or residual signal level, is added to the voiced portion of the LPC
residual signal for the LPC synthesis filter input, that is excitation, in

consideration that, if the input to the LPC synthesis filter of the voiced
speech, that is excitation, is pr oduged béUSI nusoi dal s nt hesi s, "stuffed"

feeling i s MEGHODeANPnAPBARAGUSD F@BhR§BBﬁ CENEhSBEEﬁ’éI %%h while the
sound quaMEfy ODSAP@BMP RéﬁHﬁg@QRbBEG@BHN hetg gg ?gg ¥®i ons t hus

Ty e U ol e

to the synt ced speec where the t| rre wavef orm
data is prodycegedy d-R gg“@ﬁa s hESUlL vef orm
data is filtered tby a %‘03‘(9 @ﬁ?‘t%el?\gz St‘gg?lce atctémgg?jhteﬁEn%g qguppl I ed
to an addhrerexdP.rale soprérsienndnNahe Aé H01d RAygbeffadititdde Ar gnguppl i ed
shape i ndex data and gal n index data as UV data fromoutput termnals 107s
and 107gmethed Jog syrthpeizing thedspeech mhlem’olyt pBtchThenskapien cdexbeat a and

h r I
the gai nréa Pzee)gi gata s?mepl{th %n?éjtrl)xecl l?gséc? on the encoded speech data

without changing the phoneme. With the speech reproducmg method,
an encoding unit 2 discriminates whether an input speech signal is

voiced or unvoiced. Based on the results of discrimination, the

encoding unit 2 performs sinusoidal synthesis and encoding for a

signal portion found to be voiced, while performing vector

quantization by closed-loop search for an optimum vector for a

portion found to be unvoiced using an analysis-by-synthesis method,

in order to find encoded parameters. The decoding unit 3 compands

the time axis of the encoded parameters obtained every pre-set
frames at a period modification unit 4 for modifying the output
period of the parameters for ci‘eating modified encoded parameters

associated with different time points corresponding to the pre-set

frames. .A speech synthesis unit 6 synthesizes the voiced speech

portion and the unvoiced speech portion based on the modified

encoded parameters. With the speech synthesizing unit, an encoded

bit stream or encoded data is outputted by an encoded data

outputting unit 301., Of these data, at least pitgh data and

amplitude data of the spectral envelope are sent via a data
conversion unit 302 to a waveform synthesis unit 302, where the
number of amplitude data of the spectral envelope is changed

without changing the shape of the spectral envelope depending on



42_unvoi ced speech synthesis unit 220. The shape index data fromthe
termnal 207s and the gain index data fromthe term nal 207g are supplied
to a noi se codebook 221 and a gain circuit 222 of the unvoiced speech
synthesis unit 220, respectively. A representative val ue output read out
fromthe noi se codebook 221 is the noise signal conponent corresponding to
the LPC residuals of the unvoiced speg h and becones an anplitude of a
pre-set gain in the gain circuit 222.” "The representative val ue out put of
the pre-set gain anplitude is sent to a wndowing circuit 223 for w ndow ng
for smoothing a junction portion to the voiced signal portion. An output of
the wwndowing circuit 223 is sent as an output of the unvoiced speech
synthesis unit 220 to a synthesis filter 237 for unvoiced (UV) portion of
the LPC synthesis filter 214. The output of the windowing circuit 223 is
processed by the synthesis filter 237 by LPV synthesis to give tinme-donmain
wavef orm si gnalisclof diebirednvpitetd waiaech Asi gnalerpomt | rhenlRiseh (iRid Nees
filtered by a ost-fil%er for unvoi ced speech portion 238u and thence

suppl i ed tofYRE' AR D80SPatih aMake foray kased toime theneotvettied wavefratm
signal for gneeﬁ)}pgqtﬁgﬁﬁfﬁéﬁgg%%kaportion fromthe post-filter 238v for

the voiced 'speechi to t mai " wavef orm data for the unvoi ced

Figure 1 & 15



speech signal portion, fromthe post-filter for the unvoiced speech signal
portion 238u. The resulting sumsignal is outputted at the output term nal
201. It is seen from above that the pitch can be varied wthout 43
changi ng the phonene of the speech by changi ng t he nunber of harnonics

wi t hout changi ng the shape of the spectral envelope. Thus, if encoded data
of a speech pattern, that is an encg?zq bitstream is available, its pitch
may be optionally varied for synthesis. Referring to Fig.15, an encoded
bitstream or encoded data, obtained on encoding by the encoder of Figs.2
and 3, are outputted by an encoded data outputtingunit 301. O these data,
at least the pitch data and spectral envel ope d Sare sent via a data
conversion unit 302 to a waveform synthesi s uni?fgaﬁ. The data irrel evant
to pitch conversion, such as voiced/ unvgi ced ¥LV) dec|sion data, are
directly sent to the waveform synt hesi sjunit OHenThe wavef orm synt hesi s
unit 303 synt hesi zes the speech wavef orm base he spectral envel ope

data or pitch data. O %858 .
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course, in the case of the synthesis device shown in Figs.4 or 5, LSP data
or CELP data are also taken out fromthe outputting unit 301 and supplied
as described above. In the configuration of Fig.1l5, at |least pitch data or
spectral envel ope data are converted by the data conversion unit 302
depending on the desired pitch as descri bed above and thence supplied to
the wavef orm synthesis unit 303 where the speech waveformis synthesi zed
fromthe converted data. Thus the speech signals changed in pitch w thout
changi ng the phonene can be taken ogflét an output term nal 304. The
above-descri bed techni que can be used for synthesis of 44 speech by rule
or text. Fig. 16 shows an exanple of application of the present

i nvention to speech text synthesis. In the present enbodi nent, the
above-descri bed decoder for spegch encoding for conpression nmay be used
simul taneously as a text speec gkynthesizer. In the exanple of Fig. 16,
regeneration of speech data isjused in conbination. In Fig.6, the speech

rule synthesizer the speech - //’4“
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The decoded data is sent to

anal ysis unit 310 is supplied to the speech-by-rule synthesis unit 300 from

synt hesi zer wth data conversion for pitch nodification as descri bed above
whi ch the synt hesi zed speech having the desired pitch is outputted and sent

are conprised in a speech-by-rule synthesis unit 300. Data from a text
to a fixed contact a of a changeover switch 330. A speech reproducing unit

320 reads out speech data occasionally conpressed and stored in a nenory

such as ROM and decodes the data f &/ ldxpansi on.
the other fixed contact b of the changeover switch 330. One of the
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for e.g. a building or territory, which is volum nous and cannot be stored
as speech information in a ROM The present invention has an additi onal
nerit that the same hardware may be used for the conputer speech

synt hesi zer 300 and the speech regenerator 320. The present invention is
not limted to the above-descri bed enbodi nents. For exanple, the
construction of the speech anal ysis side (encoder) of Figs. 1 and 3 or the
speech synthesis side (decoder) of &yw 14, described above as hardware,
may be realized by a software programusing, for exanple, a digital signa
processor (DSP). The data of plural franmes may be handl ed together and
quanti zed by matrix quantization in place of vector quantization. The
present invention nay also be applied to a variety of speech

anal ysi s/ synthesi s nethods. The present invention is also not limted to
transm ssion or recording/reproduction and nmay be applied to a variety of
usages such as pitch conversion, speed or rate conversion, synthesis of
t he speech-by-rul e or noi se suppression. The above-descri bed signal
encodi ng and si gnal decoding apparatqg may be used as a speech codec

enpl oyed in, for exanple, a.agztablg onmuni cation termnal or a portable

t el ephone set shown in Fig. 150 Fig. shovvs a 'qansm E,-l-ng side of a
portable term nal >
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enpl oyi ng a speech encoding unit 160 configured as shown in Figs.2 and
3. The speech - signals collected by a mcrophone 161 are anplified by an
anplifier 162 and converted by an anal og/digital 46 (Al D) converter 163
into digital signals which are sent to the speech encoding unit 160
configured as shown in Figs.l and 3. The digital signals fromthe A/D
converter 163 are supplied to the iBpdf term nal 101. The speech encoding
unit 160 perforns encogi ng as eépl ai nedA% connection with Figs.1 and 3.
Qut put signal s of OfFpadt ter Haa s of FEFs. 1 and 2 are sent as out put
signal s of the speeg®egncodi rﬂﬁgnit 16070 ng ] ansni s@ron channel encodi ng
unit 164 which then2g@#f or ng2Rannel ccﬁ!ﬁ‘u@ Ghe sugfied signals. Qutput
signals of the traQsm sio@ghaﬁnel agcoeh ngTuni f, 1642arepgent to_a

th

nodul ati on circui tN16%_for ®od il ati or@ e SBuppl fed Qo ga—aht enna 168
via a digital/analfbg (DR cqnyérter 1peland larl RF,-ampli-f-+er-167..,Fig. 18
shows a reception siide /OT%QO tiabl e ta,h@'z'lbl enpl pyj naﬁ speech ¢ecodi ng
unit 260 configured sas,r\sh%\@ b iFi gS. 5 5@,‘, 14, {Thei spesch| si gnal sireceived
by the antenna 261 of Hgo@, ar é pga 5 g% ;
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anplified an RF anplifier 262 and sent via an anal og/digital (A/ D)
converter 263 to a denpdulation circuit 264, from which denodul ated
signals are sent to a transm ssion channel decoding unit 265. An output
signal of the decoding unit 265 is supplied to a speech decoding unit 260
configured as shown in Figs.5 and 14. The speech decoding unit 260 decodes
the signals as explained in connection with Figs,5 and 14. An out put

signal at an output term nal 201 of Eygs.2 and 4 is sent as a signal of the
speech decoding unit 260 to a digital/analog (DA converter 266. An
anal og speech signal fromthe D/A converter 266 is sent to a 48 CLAI M5
Claiml. A nethod for reproducing speech signals based on encoded
paranmeters as found by dividing an i nput speech signal in ternms of pre-set
encoding units on the tinme axis and by encodipng the divided i nput speech
signals, wherein the inprovenent cer pol ating said encoded
paranmeters for finding nodified encoded paraneters for desired tinme points

and repr oduci ng the speech bhE'dEi\TE Eﬁéﬁ‘ﬁlﬁ’é@%ﬁl\h’é‘f@éi e L\—S1

ispln]{p]Pchin}VUvIn]am[n]kIres[n]il(j]
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encoded paraneters. Claim2. The nmethod as clained in claim | wherein said
encoded paraneters are those obtai ned on harnonic coding. Caim3. The
method as claimed in claiml1 wherein it is judged whether said i nput speech
signal is voiced or unvoiced and, based on the result of judgnent, the
portion of the input speech signal judged to be voiced is encoded by

si nusoi dal synthetic encoding, and the portion of the input speech signal
judged to be unvoiced is quantized by7yegtor quantization by cl osed | oop
search of an optimm vector using an anal ysis by synthesis nethod. C aim4.
The method as claimed in claim1 further conprising: a period nodifying
step conpanding the tine axis of the encoded paraneters obtained from one
encodi ng unit to another for nodifying an output period of said encoded
paranmeters; an interpolation step for interpolating the nodified paraneters
to find nodified encoded paraneters associated with tinme points
corresponding to said encoding units; and 49 a speech synthesis step

of synthesizing said voiced and
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o
I
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unvoi ced portions based on said nodified encoded paraneters. Claim5. The
.method as clainmed in claim | wherein a noise conponent is added to an
.excitation signal at the time of synthesis of said unvoiced portion, said
noi se conmponent is substituted for said excitation signal or an excitation
vector randomy selected froma codebook is used. Caim6. An apparatus for
r epr oduci ng speech signals based on encoded paraneters as found by dividing
an input speech signal in terns of pyeaset encoding units on the tinme axis
and by encodi ng the gi;'EJE TmRUt speech signals, wherein the inprovenent
consists in that sai 248 Edjgaraneters are interpolated for finding
modi fi ed encoded paranetells foSTdesired tine points and the speech signal

i s reproduced based o e ified encoded paraneters. Claim7. The
apparatus as cl ai I NUg[fen]l=h @cei n sai d encoded paraneters are those
obt ai ned on har non~g_ c Qg Cl girm 8. The appar

o At us 33 clained in claiml
wherein it is judged t F’ ai d i nput speech-S4 n§| is voiced or unvoiced
and, based on the resul judgr®@h2, the pogtiam A<t he input speech
signal judged to Yest ed by si nu'g%ﬁgléﬁ synsheti-c—encodi ng, and
the portion of theHNEARIN WAR dnal | OtgeWuvlfrieo uf quanti zed
by vector quantiz op search Egpti nmunNg14
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vector using an analysis by synthesis nmethod. Caim9. The apparatus as
claimed in claim6 further conpri sing: 50 a period nodifying step
conpanding the tinme axis of the encoded paraneters obtained from one
encoding unit to another for nodifying an output period of said encoded
paranmeters; an interpolation step for interpolating the nodified paraneters
to find nodified encoded paraneters associated with tinme points
corresponding to said encoding units;9amd a speech synthesis step of

synt hesi zi ng said voi ced and unvoi ced portions based on said nodified
encoded paraneters. C aim 10. The apparatus as clained in claim6 wherein a
noi se conponent is added to an excitation signal at the tinme of synthesis
of said unvoiced portion, said noise conponent is substituted for said
excitation signal or an excitation vector randomy selected froma codebook
is used. Caim1l. A nethop for feprdduci ng[spegch si gmatsy based on encoded

paraneters as found by divjding an i rpput #ech signaljin ferns of pre-set
bl ocks on the tine axijs and by encodi the
>
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di vi ded i nput speech signals, wherein the speech is reproduced using
said encoded paraneters and with bl ocks of lengths different fromthose at
the time. Caim12. The nethod as clainmed in claim 11 wherein said encoded
paranmeters are found by a first step of harnonic coding or harnonic coding
of LPC residuals and a second step of waveform encoding. C aim13. The
nmethod as clainmed in claim 11l wherein it is judged whether the input speech
signal is voiced or unvoiced and, ba3f8 gn 51 the result of judgnent,
the portion of the input speech signa { ﬁged to be voiced is encoded by
har noni ¢ codi ng or harnonic coding of LPC residuals and the portion of the
i nput speech signal judged to be unvoiced is quantized by vector

guanti zation of the {ime wajeformpf LPC residual$ enplolying the anal ysis
by synthesis method. LClaim{l4. Thel method as claiped in glaim12 wherein a
sub-frane | ength | terpohatij f LSPs reprgseyting aj spg | envel ope
is nodified respopsi duci ng speefl desi d by a
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decoder. Claim 15. The nethod as clained in claim 11l wherein the |ength of
an excitation signal for an unvoiced signal portion is nodified in such a
manner that, if the length is decreased, the inherent excitation signal is
used and, i f the length is in deficit, the inherent excitation signal added
to with a noi se conponent, a noi se conponent or an excitation vector
randomy selected from an excitation signal codebook is used. Caim116. A
speech decodi ng nmethod conprising: aijyyep of converting the fundamental
frequency and the nunber in a pre-set band of harnonics of an input encoded
speech data, and a step of interpolating and nodi fying the nunber of data
specifying the size of spectral conponent in each input harnonics for

nodi fying the pitch of a synthesized speech. Claim17. The nethod as
claimed in claim16 wherein said |nterpolat|on is executed using a

band-linmted type oversanplimg T~ 481 A speech decodi ng
appar at us conpri si ng: ////org,:rm /'/

(orgFrmL-frmL)/2 (orgFrmL+frmL)/2

FrmL

FIG.12

orgFrmL

FIG.13




means for converting the fundanmental frequency and the nunber in a pre-set
band of harnonics of an i nput encoded speech data, and neans for

i nterpol ati ng and nodi fyi ng the nunber of data specifying the size of
spectral conponent in each input harnonics for nodifying the pitch of a
synt hesi zed speech. Caim19. The apparatus as clainmed in claim18 wherein
said interpolation is executed using a band-limted type oversanpling
filter. Claim20. A speech synthesi 2ifdthod conprising: a regular speech
synt hesis step of synthesizing a regular speech in accordance with a
pre-set rule for outputting anplitude data of harnonics; a nunber of data
conversion step of canwertlng the fungamental frequency of harnonics of

I nput data and the nur‘rﬁ@b of EI t udess
i nterpol ating the dat a8% C|fyg<l§§ t he ﬁ

gn a pre-set band; and a step of
i nput harnoni cs for @di Pyi nggTHe pitciFH

@g}kspect'ggl conponent in each
18 ynth !gzed speech. C aim 21.

ai m20 #henein said

The speech synt hesi sgeifhod 5 ¢l ai
interpolation is execu?t"é'd',;’usi--ﬂg -a barfl-1fi mi te‘P"tape fsanpling filter.
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Claim 22. A speech synthesis apparatus conprising: 53 regul ar speech
synt hesi s neans of synthesizing a regular speech in accordance wwth a text
for outputting anplitude data of harnonics; nunber of data conversion
means for converting the fundanental frequency of harnonics of input
data and the nunber of anplitudes in a pre-set band; and neans for
interpolating the data specifying the size of spectral conponent in each

i nput harnonics for nodifying the pitch of a synthesized speech. Caim 23.
The speech synthesis apparatus as clhdnegl in claim22 wherein said
interpolation is executed using a band-limted type oversanpling filter.
Claim24. A portable radio term nal apparatus conprising: anplifier neans
for anplifying a reception signal; denodul ati on neans for A/ D converting
and subsequentl|ly degndul ating said anplified signal; transm ssion path
decodi ng nmeans for lnnel-coding sai d '
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denodul at ed signal; speech-decodi ng neans for speech-encodi ng an out put of
said transm ssion path decodi ng neans; and D/ A conversion neans for D/ A
conversi on of decoded speech signals frm said speech decodi ng neans for
produci ng anal og speech signal. Caim25. The portable radio term nal
apparatus as clainmed in claim24 wherein said speech decodi ng neans

i ncl udes nunber of data 54 conversion neans for converting the
fundanmental frequency of harnonics of input data and the nunber of
anplitudes in a pre-set band, and ygans for interpolating the data

speci fying the size of spectral conponent in each input harnonics for

nodi fying the pitch of a synthesized speech.
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