TI TLE OF THE | NVENTI ON Met hod and Apparatus for reproduci ng Speech Signals
and nmethod for Transmitting Sane BACKGROUND OF THE | NVENTI OMirefisetel of
theTnvention This invention relates to a nethod and apparatus for
" “reproduci ng speech signals in which an ilnput speech signal is divided into
plural frames as units and encoded to find encoding paraneters based on
whi ch at | east sine waves are synthesized for reproducing the speech
signal. ThaTiLRveoRt THA ANYBENTEORtes to a nethod for transmtting nodified
encodi ng paraneters obtained on interpolating the encoding paraneters.
Descri pti thethiodt hedRélParsd tast for repThdueinpeSeeeckndignkhowknd wethedy of
encodi ng nmethods for.  conpressing signals by exploiting statistic
propertied ot WRESMAG4i B9sPEAal s, i nclusive of speech signals and sound

si gnal s, igclig% ﬁigg digglg ggg }8 t he -frequency domai n, and
psychoaco he human auditory system These

encoding cio14 of the Invention

This invention relates to a method and apparatus for
reproducing speech signals in which an input speech signal is
divided info plural frames as units and encoded to find encodi%g
parameters based on which at least sine waves are synthesized for
reproducing tﬁe speech signa\. The invention also relates to a
method for transmitting modified encoding parameters obtained on

interpolating the encoding parameters.

Description of the Related Art

There are currently known a variety of encoding methods for
: compressing signals by exploiting statistic properties of the
audio signals, inclusive of speech signals and sound signals, in
the time domain and in the frequency domain, and psychoacoustic
characteristics of the human auditory system. These encoding
methods are roughly classified into encoding on the time domain,
encoding on the frequency domain and encoding by
analysis/synthesis.
Meanwhile, with the high-efficiency speech encoding method
by signal processing on the time axis, éxemp]ified by code
excited linear prediction (CELP), difficulties afe met in speed

conversion (modification) of the time axis because of rather




nmet hods are roughly classified into encoding on the tinme domain, encoding
on . the frequency domai n and encodi ng by anal ysi s/ synt hesi s.
Megnwhi l e, with the high-efficiency speech encodi ng nmethod by signal
processing on the tine axis, exenplifizd by code excited |inear

prediction (CELP), difficulties are met in speed conversion (nodification)
of the time axis because of rather

vol uni noué"’dru&?é‘é’é‘l NP [RFESRININORAT & i sobuepaprees PSR tededsgar .2
In addItIO Qpe above nethod cannot be used for e.g. pitch rate
conver5|on ecause speed control is carried. out in the decoded Iinear

range. ' rinV'ag\HIQfl Ehetrﬁé’rﬁ% QJd'Ye thib %}gﬁﬂo?béé’q}dseq shiRe ePges

i nvention to provide a nethod and apparatus reproducing sp ecﬁ S|gnals

and a met hog d Oéowmm@%@eae&eseg@%e oS, wéncmwd._t BEtSPeedtne
control of an arbitrary rate over a wide range can be carried out easily

wi th hi gh dpedddgy minteart kanglaonene and

In view of the foregoing, it is an object of the present
invention to provide a method and apParatus for reproducing
speech signals and a method for transmission of speech signals,
in which the speed control of an arbitrary rate over a wide range
can be carried out easily with high quality with the phoneme and
the pitch remaining unchanged.

In one aspect, the present invention provides a method for
reproducing an input speech signal based on encoding parameters
obtained by spiitting the input speech signal in terms of pre-set
frames on the time axis and encoding the thus split input speech
sighal on the frame basis, comprising the steps of interpolating
the encoding parameters for finding moedified encoding parameters
associated with desired time points and generating a modified
speech signal different in rate from said input speech signal
based on the modified enqoding-parameters. Thus the speed control
at an arbitrary rate over a wide range can be performed with high
signal quality easily wi?h the phoneme and the pitch remaining
unchanged.

In another aspect, the present 1invention provides an

apparatus for reproducing a speech signal 1in which an input



t he pi.L,ch remai ni ng unchanged. In one aspect, the present invention
provi d&s a nethod for reproducing an input speech signal based on encoding
papameters obtained by splitting the input speech signal in terns of
pre-set franes on the tine axis and entoding the thus split input speech
signal on the frame basis, conprising the steps of interpolating the

di t f.i ndi d d t t ed
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paranmeters. Thus the speed control at an arbitrary rate over a mnde range

can be periframeedow tie Nt Ohe 25di@nahadeRédd ynSasid ychwsta the phpoens&duh the
pitch remai ning unchanged. I n anot her aspect, ﬁe present invention

provi des anignapparrat tise f 6r ahepbadiei ng na 1speagh 1’5’it@rrablo1lal‘ti\dﬂi Gle iy | At

3 speech signal is regenerated based on encodi ng paraneters obtained by

splitting interipegat isgeetie siegwaldiing t prmemefeps e-fogt finding modified
encoding parameters associated with des%red time points and
speech signal generating means for generating a modified speech
signal different in rate from said input speech signal based on
the modified encoding parameters. Thus it becomes possible to
adjust the transmission bit rate. Thus the speed control at an
arbitrary rate over a wide range can be performed with high
signal quality easily with the phoneme and the pitch remaining
unchanged.

In stil11 another aspect, the present.invention provides a
method for -transmitting speech signals wherein encoding
parameters are found by splitting an input speech signal in terms
of pre-set frames on the time axis as units and by encoding the
this split input speech signal on the frame basis to find
encoding parameters, the encoding parameters thus found are
interpolated to find modified encoding parameters associated wfth
a desired time point, and the modified encoding parameters are
transmitted, thus enabling adjustment of the transmission bit
rate.

"By dividing the input speech signal in terms of pre-set

frames on the time axis and encoding the frame-based signal to



franmes_on the tinme axis and encoding the thus split input speech signal on
the frame basis, including interpolation neans for interpolating the
engodi ng paraneters for finding nodified encoding paraneters associ ated
with desired tine points and speech signal generating neans for generating
a nodified speech signal different in rate fromsaid i nput speech signa
based on the nodi fi ed encodi ng araneters Thus it becones possible to
adj ust thef %W%uuﬁﬁ%ﬂﬂ%ﬂ$ bl?af%T% rﬁhusthe‘§6%éB°&6ﬁl?%l &hean eN&PE MPar y
rate over errasng can, be, perf rrred V\nthaﬁg% naI lfl.a| |t gaa |y
with the ﬁﬁb e Sdifd tife pi t&h FEfhifRitYy ﬁﬂ? &ed Fahe t ' Stlp RSt her
aspect M RURREASUEN LOD: ION U593 pIELIAMorf Ohe rﬁé@ﬁ?i@étéd}%dx%%ee‘:h

signal s ereln enco araneters are Itting an 1 nput
speech si ghadandkd ey %r 9£p958u§¢ﬁgf§@é@§w %rsgtnfaqstl Qse@aléo@ﬁrwbte%o%% by
encoding the this split input speech signal on the frane basis to find
encodi ng peésdis By at tdre anciadiary paranmeters thus found are interpol ated
to find nodified encoding paraneters associated with a desired tinme point,
and the noBi BCRICE THON & RAMINGS ransm tted, thus enabling
adj ust nent of t he transn155|on bit rate. By d|V|d|ng t he i nput
speech si gnal ifhig et nks ot iﬁQg@ﬁﬁ1c block diagram showing an arrangement

of a speech signal reproducing device according to a first
embodiment of the present invention.

Fig.2 is a schematic block diagram showing an arrangement
of the speech signal reproducing device shown in Fig.1

Fig.s is a block diagram showing an encoder of the speech
signal reproducing device shown in Fig.t.

Fig.4 is a'b1ock diagram showing an arrangement of a multi-
band excitation (MBE) analysis circuit as an iTlustrative example
of the harmonics/noise encoding circuit of the encoder.

Fig.5 illustrates an arrangement of a vector quantizer.

Fig.6 is a graph showing mean values of an input x for
voiced sound, unvoiced sound and for the voiced and unvoiced
sound collected together.

Fig.7 is a graph showing mean values of a weight W’ /]x| for
voiced sound, unvoiced sound and for the voiced and unvoiced
sound collected together,

Fig.8 is a graph showing the manner of training for the

codebook for vector quantization for voiced sound, unvoiced sound



frames, on the tinme axis and encoding the franme-based signal to

4 fihd encodi ng paraneters, by interpolating the encoding paraneters to
fipd nodified encoding paraneters, and by synthesizing at | east sine waves
based upon the nodified encoding paramgeters for reproduci ng speech
signals, speed control becones possible at an arbitrary rate. BRI EF

DESCRI PTI ON TH 1 is a schepmptic bl ock di agram
showi ng an®Rf rihge “htvo’d’feda aé}?eé‘é‘ﬁ°gf:§ﬁaf5°“?8p?8gﬁ?:?ﬁ‘§d d'é?ﬁecté"%’gcordi ng

to a first e ﬂ%ﬂ nents Of ${ghéﬁ§§@Qﬁ) qv%nt%%nschematxc %p%ra% SS?egatiC

bl ock di agram show ng an arran enent Of  th peech si gnal repro u0|ng

device shopggipi&d Erdcoding pafla e%elrscaww&k]ﬁ?:aa{%wm\mp%,y@a gncedgr of
t he speech signal reproducing device shown in Fig.l. Fi'g.4 is a

bl ock di agsgseshog gk BT & TANGEMRNdedfic@ ’Hbivh- inbaing. excitation (MBE)

analysis circuit as an illustrative exanple of the harnonics/noise

encodi ng circuitigf1t heseacedaematic view showing the modified encoding
parameters obtained by the modified parameter calculating circuit
on the time axis.

Fig.11 is a flowchart showing a detailed operation of a
modified encoding parameter calculating circuit used 1in the
speech signal reproducing device shown in Fig.1.

Figs.12A, 12B and 12C are schematic views showing an
illustrative operation of the modified encoding parameter
calculating circuit.

Figs.13A, 13B and 13C are schematic views showing another
illustrative operation of the modified encoding parameter
calculating circuit.

Fig.14 1is a schematic block circuit diagram showing a
decoder used in the speech signal reproducing device.

Fig.15 is a block circuit diagram showing an arrangement of
a multi-band excitation {MBE) synthesis circuit as an
illustrative example of a harmonics/noise synthesis circuit used
in the decoder.

Fig.18 is a schematic block diagram showing a speech signal

transmission device as a second embodiment of the present

invention.



Fig. 5v|IIustrates an arrangenent of a vector quanti zer. - Fig.6is a
graph showi ng nean val ues of an input x for voiced sound, unvoi ced sound
and for the voiced and unvoiced sound collected together. Fig.7 is a
graph showi ng nean val ues of a weight Vg/[erre] for voiced sound, unvoiced
sound and for the voiced and unvoi ced sound collected together.

Fig.8 is a grap .sh i ng_the ner of training for the codebook f
vector quantizati P¥2r9§oiﬁe 28ﬁﬁaarﬁnvépegdg§ouﬁae °pera%’°nan8 fof the

voi ced andthﬁmsgléﬁuwdgocuEﬁ%edsapeoe%% Wang 1, teagbhdsdibd detfeuchart

showi ng the schematic operation o encodi ng par ane er
cal cul ating ci rﬁ%& £8R! aedahl {8 1 PRESGR S 9R8lo qurtq@%cb@gt,q@vgpré%cghom

in Fig. 1. Fig.10 is a schematic view show ng the nodified encodi ng
par anet er ss@hhail nedabymi H&i swdddy &5k paranmeter calculating circuit on the
time axis. Fig.11 is a flowhart showing a detailed operation of a

DESCRIPTION OF THE PREFERRED EMBODIMENTS

Referring to the drawings, preferred embodiments of the
method and the device for reproducing speech signals and the
method for transmitting the speech signals according to the
present invention will be explained in detail.

First, a device for reproducing speech sighals, in which the
method and apparatus for reproducing speech signals according to
the present invention are applied, 15 explajned. Fig.1 shows an
arrangement of a speech signal reproducing device 1 in which
input speech signals are split in terms of pre—-set frames as
units on the time axis and encoded on the frame basis to find
encoding parameters. Based on these encoding parameters, the
sine waves and the noise are synthesized to reproduce speech
signals.

In particular, with the present speech signal reproducing
device 1, the encoding parameters are interpolated to find
modified encoding parameters associated with desired time points,
and the sine waves and the noise are synthesized based upon these
modified encoding parameters. Although the sine waves and the
noise are synthesized based upon the modified encoding

parameters, it is also possible to synthesize at least the sine



nmodi fi-ed encodi ng parameter calculating circuit used in the speech signa

r epr oduci ng devi ce shown in Fig. 1. Figs. 12A, 12B and 12C are
schematic views showing an illustrative operation of the nodified encoding
parameter calculating circuit. Fjgs. 13A, 13B and 13C are schematic
views showi ng another illustrative operation of the nodified encoding
paraneter calculating circuit. Fig.14 is a schematic block circuit

di agram sha¥a®y a decoder used in the speech signal reproducing device
Fig.15 is a block circuit diagramshow ng an arrangenent of a nmulti-band
excitation (NBECfisgdNestRe asidioupignahg erqwdyclingsteni ¢ érahpriesof a
har noni cs/ noi se Zﬁnthesis circuit used, in the decoder,. 16 is a

schermati ¢ Ht 5K R§r 4MiEnéwf 8 %pngEE%ﬁS?Eﬁuﬂpe%ﬂhaﬁ§ﬁp§§ﬁoﬁngégﬁE% am 3

Zecond e”bﬂ%hﬂpnieﬂﬁiAQF P66§%Q% f%@#gylégLunits and for encoding the
speech signa]s. on the frame basis for outputting encoding
parameters such as linear spectra pair (LSP) parameters, pitch,
voiced (V)/unvoiced (UV) or spectral amp?itﬁdes Am. The audio
signal reproducing device 1 also includes a calculating unit 3
for interpolating the encoding parameters for finding modified
encoding parameters associated with desired time points, and a
decoding unit 6 for synthesizing the sine waves and the noise
based on the modified encoding parameters for outputting
synthesized speech parameters at anh output terminal 37. The
encoding unit 2, calculating unit 3 for calculating the modified
encoding parameters and the decoding unit 6 are controlled by a
controller, not shown.

The catculating unit 3 for calculating the modified encoding
parameters of the speech sighal reproducing device 1 includes a
period modification circuit 4 for compressing/expanding the time
axis of the encoding parameters, obtained every pre-set frame,
for modifying the output period of the encoding parameters, and
an interpolation circuit 5 for interpolating the period-modified
parameters for producing modified encoding parameters associated
with the frame-based time points, as shown for exémp]e in Fig.2.

The calculating unit 3 for calculating the modified encoding



Fig.17 is a flowhart show ng the operation of a transm ssion side of the

speecH signal transm ssion devi ce. Figs. 18A, 18B and 18C illustrate
t hg operation of the speech signal transm ssion device. DESCRI PTION OF
THE PREFERRED EMBODI MENTS Referr?ng to the drawi ngs, preferred

enbodi nents of the nethod and the device for reproduci ng speech signals
and the meidwodtleors twiansmiet kixpgatihedspapebqaegnals according to the
present invention will be explained in detail. First, a device for
reproduci ng spéectstsi ghel spcedinhi chith2 1se¢twte et apjer atruediorg unit
reproduci ng speech signals according to the present invention are applied,
i s expl ai nedBNE §ha 4pending uaifafgéfeesenta Wseddte rsigedim memdidddiong
device 1 in whic i nput speech si.gnals are split in terns 0O re-set
frames as TRATQE g Tho TAH B 3 994" oRECRLEE B €198 TenheP Bhsias b g
encodi ng p S on these encaqdi par.anet er.s,.. .t i,ne \paves
and the noﬁgg{rﬁr‘g s%]t ﬁgzﬁg"éa‘:t %OSZB?oaﬂge tggeé‘c 155 g\r?a esr.naq‘%\’e n ehié

parti-cul argnaddihd e P esellq sﬁ?eeccfba(fsae% OJr?ip{ QduG] MG e ARNCGru e 1 -blah®

encodi ng paraneters are interpolat o find nodified encoding
par anet er se astaLt edred MUE)hc885hg eslr tid B PPYIHS excaRdti bR sme) aves sad the

noi se are synthesi zed based upon these

With the conventional code excited linear prediction (CELP)
coding, the LPC residuals are directly vector—-quantized as time
waveform. Since the encoding unit 2 encodes the residuals with
harmenics coding or MBE analyses, a smoother synthetic waveform
can be obtained on vector quantization of the amplitudes of the
spectral envelope of the harmonics with a smaller number of
bits, while a filter output of the synthesized LPC waveform is
also of a highly agreeable sound quality. Meanwhile, the
amplitudes of the spectral envelope are quantized using the
technique of dimensional conversion or data number conversion
proposed by the present inventors in JP Patent Kokai Publication
JP-A-6-51800. That is, the amplitudes of the spectral envelope
are vector—-quantized with a pre-set number of vector dimensions.

Fig.3 shows an illustrative arrangement of the encoding unit
2. The speech signals supplied to an input terminal 10 are freed
of sighals of an unneeded frequency range by a filter 11 and
subsequently routed to a linear prediction coding {LPC) analysis

circuit 12 and a back-filttering circuit 21.



modi fied encodi ng paranmeters. Although the sine waves and the noise are
synt hedi zed based upon the nodified encoding paraneters, it is also
possi ble to synthesize at | east the sine

7 waves. Specifically, the audi ® si gnal reproducing device 1
includes an encoding unit 2 for splitting the speech signals entering an

input term nal K iUpCOahbaPESsasi {6 @NGAplQli e8NEOMME A& i nARGCER shanal s
on the frane basis for outputting encoding paranmeters such as |inear

spectra paimnp{tSRgnpawavetrers, @hitiha 1¥0§tedtfadhdame ced cWdprobfspeetral
anplitudes Am The audio signal reproducing device 1 also includes a

cal cul ati ngamias 3 asf o | httecpol atinngot Her entodi fiidaridmerer s pfedifkhdirng
nodi fied encoding paraneters associated with desired tinme points, and a
decodi ng uPPeTBIF RNt KBATZi hy ©RECSINEdWeieRa AR ¥ & .noP¥e theasaHtdN t he

nodi fi ed encodi rameters faqr outputtin synt hesi zed speech paraneters
at an out pBif" f%ﬂ%?ﬁ %ﬁ;h°&?h éH%WH@gu%ﬂﬁefvagaﬁéuPa??%@ QHitPU3 i Bp
CalCU|at'n9n t“%gngnffﬁgjorder of 160 samples. If the sampling frequency
fs is e.g., 8 kHz, the framing interval of 160 samples
corresponds to 20 msec.

The a-parameter from the LPC analysis circuit 12 is sent to
an—-a-to LSP conversion circuit 13 so as to be converted into
1inear spectral pair (LSP) paraheters. That is, the a-
parameters, found as direct type filter coefficients, are
converted into e.g., ten, that is five pairs of, LSP parameters.
This conversion is carried out using e.g., the Newton-Raphson
method. The reason the a-parameters are converted into the LSP
parameters 1is that the LSP parameters are superior to a-
parameters in interpolation characteristics.

The LSP parameters from the a to LSP converting circuit 13
are vector-quantized by a LSP vector quantizer 14. The inter-—
frame difference may be found at this time before proceeding to
vector quantization. Alternatively, plural fraﬁes may be
collected and guantized by matrix quantization. For
quantization, the LSP parameters, calculated every 20 msecs, are
vector—-quantized, with 20 msecs being one frame.

The quantized output from the LSP vector quantizer 14, that



encodi.ng paraneters and the decoding unit 6 are controlled by a
contrdller, not shown. The calculating unit 3 for cal culating the
modi fi ed encoding paraneters of the speech signal reproducing device 1
includes a period nodification circuiX¥®4 for conpressing/ expandi ng the
time axis of the encoding paraneters, obtained every pre-set frame, for

Todi {1 g & NenQUL Ao PELROY O (DB SICQdLN; DRL AR CLpe 0Mor 3t o

interpolation circuit i nterpolati'n e peri od- nodi par arefer s

for produgd g f@di { & ed w%mwmw&svaese%a%@ M&&h@ofagmpbased

time points, as shown for exanple in Fig.2 The cal cul ating unit
cal cul at i frgt ¢ heo Yeodi dri edi reacaditeg 8
paranmeters will be explai ned subsequently. First, the encoding unit 2
i s explained. The éf€odimgewpw tatdrandirkeidecosdi rigtemipb1@tespr gsentlsirhe
short-termprediction residuals, for exanple, linear prediction coding
(LPO) resYerie®ss. viegtograyaot ipadmve ity é8dinagecand athe ragii déngAn erisdtti-vel v,
t he encodiqg unit 3 and the decoding unit 6 carries out mnulti-band
fol rate. That is, the LSP vectors are configured for being
updated every 2.5 msecs. The reason is that, if the residual
waveform 1is processed with analysis/synthesis by the MBE
encoding/decoding method, the envelope of the synthesized
waveform presents an extremely smooth waveform, so that, if the
LPC coefficients are acutely changed every 20 msecs, peculiar
sounds tend to be produced. These peculiar sounds may be
prohibited from being produced if the LPC coefficients are
graduatly changed every 2.5 msecs.

For back—~filtering the input speech using the LSP vectors
at the interval of 2.5 msecs, thus interpolated, the LSP
parameters are converted by a LSP-to—a converting circuit 17 into
a-parameters which are coefficients of a direct type filter of
e.g., ten orders. An output of the LSP-to-a converting circuit
17 is routed to the back-filtering circuit 2t so as to be back-
filtered with the a-parameter updated at an interval of 2.5 msecs
for producing a smooth output. An output of the back-filtering
circuit 21 is routed to a harmonics/noise encoding circuit 22,

specifically a multi-band excitation (MBE) analysis circuit.

The harmonics/noise encoding circuit (MBE analysis circuit)



excitation (MBE) coding or nulti-band excitation (MBE) anal yses. Wth
t he cohventional code excited |inear prediction (CELP) coding, the LPC
residuals are directly vector-quantized as tine waveform Since the
encoding unit 2 encodes the residuals Wtth harnonics coding or MBE

anal yses, a snoother synthetic waveform can be obtained on vector

quanti zati t .tﬁgﬁﬁ f th S rals el ope . .Lhe  har iCcs
with a sna éﬁhwgﬁﬁg?n@¥; I S,Pmﬁ%lghg E?ﬁ%e?’&gggﬁbso?T{EQIEy%Chg?rggd
LPC wavef aiglHos @i Of aohighly 88ragablwssodnd guakity. theanwhi | eqnd he

anplitudes of the spectral envel ope are quanti zed using the technique of
di nensi onalareemiesyinon ser datad wgberi reanter geonde PeOpOSatheby ptikenpr gs@nt
inventors in JP Patent Kokai Publication JP-A-6-51800. That is, the

anpl i t udesagfcullrd espectireal amwef bpede are vert oreagrant haedowith.a pretiset
nunber of vector di nensions. ) Fig.3 shows an illustrative arrangenent
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10 are fre of signals of an unneeded frequency range by a filter 11 and
subsequent /r‘ﬁl)'toéﬁ%td é”‘” ndaFCprBaPretion g@ i n%‘”(‘fﬁj%s agaFysﬂ%“becri reit

12 and a Qﬁﬁ§f#fJ&é§FkRgoglRgpﬁgngéé, which is changed with the pitch, to

. a constant number by dimensional conversion. For pitch
detection, the auto-correlation of the input LPC residuals, as
Tater explained, is employed for pitch detection.

Referring to Fig.4, an illustrative example of an analysis
circuit of multi-band excitation (MBE) coding, as the
harmonics/noise encoding circuit 22, is explained in detail.

With the MBE analysis circuit, shown in Fig.4, modelling is
designed on the assumption that there exiét a voiced portion and
an unvoiced portion in a frequency band of the same time point,
that is of the same block or frame.

The LPC residuals or the residuals of the linear predictive
coding (LPC}) from the back-filtering circuit 21 are fed to an
input terminal 111 of Fig.4. Thus the MBE analysis circuit
performs MBE analysis and encoding on the input LPC residuals.

The LPC residual, entering the input terminal 111, is sent
to a pitch extraction unit 113, a windowing unit 114 and a sub-
block power'ca1cu1ating unit 126 as later exp]aihéd.

Since the input to the pitch extraction unit 113 is the LPC



9 . The LPC analysis circuit 12 applies a Hanm ng w ndow to the input
signa‘waveform with a length thereof on the order of 256 sanples as a
black, in order to find linear predicti.on coefficients, that is so-called
a-paraneters, by the auto- correlationipethod. The framng interval as a

dat a outputting unit is on the order of 160 sanples. If the sanpling
frequency

Kk t
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linear spectral pair SP) ~ paraneters.

paranmet er gxtrbedhdn @ﬁttdhﬁ@cberkbﬂ% Jid&ﬁ”seé%&ﬁf&ﬁ'&ﬁ@ﬁhto&ﬁeseEPBNerted
into e.g., ten, that is five pairs of, LSP paraneters. This conversion is

carried OUheuskmgaeIgd pthéhhﬁﬂk@naaaphseed net hodindhpiteasomatdie unit
a-paraneters are converted into the LSP paraneters is that the LSP
par anmet er § 16awbereupefioe pibtch aseapar anetrerd drmeidnber pdbagdomhoop pitch
characteri.stics. The LSP paraneters fromthe a to LSP converting
circuit 13ea8f€ -vector-quantized by a LSP vector quantizer 14. The inter-
frame d|fferen found at this tlne bef ore proceedin vect or

quanti zati on. ﬁ?ﬂ%Y IRBMPTT plAratPl 192feR  emast “H@dow’%g function,

for example, a Hamming window, to each N-sampie block, for
sequentially moving the windowed block along the time axis at an
interval of an L-sample frame. A time-domain data string from
the windowing unit 114 is processed by an orthogonal transform
unit 115 with e.g., fast Fourier transform (FFT).

If the totality of bands in a block are found to be unvoiced
(Uv), the sub-block power calculating unit 126 extracts a
charactertétic quantity representing an envelope of the time
waveform of the unvoiced socund signal of the block.

The fine pitch search unit 116 is fed with rough pitch data
of integer numbers, extracted by the pitch extraction unit 113,
and with frequency—domain data produced by FFT by the orthogonal
transform unit 115. The fine pitch search unit 116 effects
wobbling by tseveral samples at an interval of 0.2 to 0.5 about -
the rough pitch data vathe as the center for driving to a fine
pitch data with an optimum decimal point (floating). The fine
search technique employs analysis by synthesis method and

selects the pitch which will give the power spectrum on synthesis



collected and guanti zed by matrix guanti zati on. For
quantiization, the LSP paraneters, calcul ated every 20 nsecs, are

vector-quantized, with 20 nsecs being one frane. The quantized out put
fromthe LSP vector quantizer 14, thatl3
10 I's indices of the LSP vector quantization, are taken out at a

term nal %5 .The uantlzed LSP vectors are routed to a LSP

i nt er pol at"a¥ hcﬂﬁuﬁk St to thepgowpspsppRtEYPoPAt it ilddmal Pgrer

i nt er pol atsg cttrlﬁﬁw LSP vectors, vector-quantized every 20 nsecs, for
providing an eight- fold rate. That is, the LSP vectors are configured for

bei ng updat ed 1Rugrys 2. 5 RBAGS of N$i ¢ %Q'?ulaééﬁ] 5@%@8%9%

waveformis processed wth ana yS|s/s n hes I's b encodlng/ codlng

met hod, tha emvebope 6f the §Y@Ehe§k%€gct’i"@x¥eur9’ffn p{desgglttsh@rbeeﬁ(tterrer@,lé/
snmoot h waveform so that, if the LPC coefficients are acutely changed

every 20 neecddepeat! aarmﬁ@xtdeE ofedy. t ®. 2% preduerdse pitddwesSeapesdl) i ar

sounds may be prohibited from being produced if the LPC coefficients are
which differ minutely from one another, a sum of errors Zem is
found. In this case, if the pitch is set, the bandwidth is set,
50 that, using the power spectrum on the frequency-domain data
and the excitation signhal spectrum, the error €, 1s found. Thus
the error sum Zem for the totality of bands may be found. This
error sum ZXe€p is found for every pitch value and the pitch
corresponding to the minimum error sum is selected as being an
optimum pitch. Thus the optimum fine pitch, with an interval of
e.g., 0.25, is found by the fine pitch search unit, and the
ampiitude |[A] for the optimum pitch is determined. The
amplitude value 1is calculated by an amplitude evaluation unit
118V for the voiced sound.

In the above explanation of the fine pitch search, the
totality of bands are assumed to be voiced. However, since a
model used in the MBE analysis/synthesis system is such a model
in which an unvoiced region is present on the frequency axis at
the same time point, it becomes necessary to effect
voiced/unvoiced discrimination from band to band.

The optimum pitch from the fine pitch.search unit 116 and

data of the amplitude ]Aml_from the ampiitude evaluation unit for



gradual |y changed every 2.5 nsecs. For back-filtering the input
speech using the LSP vectors at the interval of 2.5 nsecs, thus
i nf.erpol ated, the LSP paranmeters are converted by a LSP-to-a converting
circuit 17 into a-paraneters which argqcoefficients of a direct type
filter of e.g., ten orders. An output of the LSP-to-0. converting circuit

17 1 10ULS] kg YIBnRAGH s LS A CL i 102308880 10 faREkimi kL g5 e

with the a-paraneter up ated an interva nMBecs produci ng a

smoot h oufpyk. 1AR QHEPHtd@%c?hﬁ19§€¥oﬁ'$é?&é@ﬂ tRb T G8dedlsbSnd Onhed kO a
har noni cs/ noi se encoding circuit 22, specifically a nmulti-band excitation

(MBE) analupsiod cer Gléiund is cafheebarsmni £66mMobagden@Otdbagd Ci r it ¢VBE

anal ysis circuit) 22 anal yzes the output of the back-filtering

circuit 2bigramimetthod, sinmbige toosidasl odtic heNIVBE ianadmpslioyed. That

is, the harnonics/noise encoding circuit 22 detects the pitch and

cal cul ates thMeanghpllpt udéncantheohumbachof hanAdnpedit based ugpe the

harnonlcs/n0|se encodlng circuit 22 also perforns voiced .
fundamental pifch frequency, that is the number of harmonics, is
fluctuated in a range of from about 8 to 63, depending upon the
pitch of the sound, the number of V/U flags in each band is
similarly fluctuated from band to band. Thus, in the present
embodiment, the results of the V/U discrimination are grouped or
degraded for each of a pre-set number of bands of fixed
bandwidth. Specifically, the pre-set frequency range of e.g.,
0 to 4000 Hz, inclusive of the audible range, 1is split into NB
bands, such as 12 bands, and a weighted mean value of the NSR
values of each band is discriminated with a pre-set threshold
value Thz for judging the v/Uv from band to band.

The amplitude evaluation unit 118U for unvoiced sound is fed

with frequency—-domain data from the orthogonal transform unit
115, fine pitch data from the pitch search unit 116, amplitude
| Apl data from the amplitude evaluation unit for voiced sound
118V and with voiced/unvoiced (V/UV) discrimination data from the
veiced/unvoiced discriminating unit 117. The amplitude
evaluation unit 118U for unvoiced sound again tinds the amplitude

for a band found to be unvoiced (UV) by voiced/unvoiced

discriminating unit 117 by way of effecting amplitude re-



(V)/unvoiced (WV) discrimnation and converts the nunber of anplitudes Am
of harnhonics, which is changed with the pitch, to a constant nunber by

di gensi onal conversion. For pitch detection, the
auto-correlation of the input LPC residisals, as later explained, is
enpl oyed for pitch detection. Referring to Fig.4, an illustrative

exanpl e of,.an \%ﬁ@l Si %hecaiz{pcllﬁittudeogvawgu6cpalngi t Iﬁé L1205 ceNBR ung

codi ng, as ar noni cs/ nol se encodi ng ci rcui 2, 1s explained in

detail . diredtyh 419 JYBE @Ralivsiug @acl romhawe bRpfigude eRdeLLtNgni s
desi gned on the assunption that there exist a voiced portion and an

unvoi ced poiit orvr vod cledegvanay 1handsot hheasaneodindret P@entvoi dedmt(v)s of

t he sanme bl ock or frane. The LPC residuals or the residuals of the

| i near predictiZe dedangf (dPClher oamp hetbdek-eviaituertiing cimtui t118U aferfed
to an input termnal 111 of Fig.4. Thus the MBE analysis circuit
performs NBEY &R §PEngnds efbdiong data HembhfjueonPeErsan diiis 119, whighe
LPC residual, entering the input termnal 111, is sent _to a pitch
extracti on'®int 943t RfwiHdSRMRY 108i tTa4e SRAVETEEH: bFBEK Foifer Number

calculating unit 126 as.]a expl ai ne Si.nce the input to.the pitch
extraction ?ﬁﬂ?{%hg?i%PE%esféC1s useg %br rendetring the number of gatg

constant in consideration that the number of bands split from the
frequency spectrum and the number of data, above all the number
of amplitude data, differ with the pitch. That is, 1if the
effective frequency range is up to e.g., 3400 kHz, this effective
frequency range is split into 8 to 63 bands, depending on the
pitch, so that the number of data my +1 of the amplitude data
]Aml, including the amplitude lAth of the UV band, is changed in
a range of from 8 to 63. Thus the number of data conversion unit
119 converts the amplitude data with the variable number of data
of my + 1 into a constant number of data M, such as 44.

The number of data conversion unit 119 appends to the
amplitude data corresponding to one effective block on the
frequency axis such dummy data which will interpolate values from
the last data in a block to the first data in the block for
enlarging the number of data to Ne. The number of data
converting unit 119 then performs bandwidth 1imiting type
oversampling with an oversampling ratio of Og, such as 8, for

finding an O¢-fold number of amplitude data. This Og-fold number



12 residuals, pitch detection can be perforned by detecting the maxi num
val ue ‘of auto-correlation of the residuals. The pitch extraction unit 113
perform pitch search by open-1oop search. The extracted pitch data is
routed to a fine pitch search unit 116éwhere a fine pitch search is
performed by cl osed-loop pitch search. The wi ndowi ng unit 114

£ cl osed-1 0op carch. e i ndowi ng uni
hen N sl B odk ! 1 OEoSHET bRl 5urd eREE R RetGl DPaRlPe kel ¥

sequen € w ndowed al ong t he

time axis 3t pdBaukBt 87 Y@k 197 12Pgdr SAMbEr TN,A8%. dakal | GBAONRI Podlat @2 8411 NG
from the windowing unit 114 is processed B@/ an orthogonal transform wunit

115 with ang. N, frastoefrowrfi @athr aBsé@s i tdd) for convelrfs ibhe thotaki pyeofebands
in a block are found to be unvoiced (UWV), the sub-block power

cal cul ati mgnsdantt nlU@bBereMtraots aa 4¢hazwzteristic quantity representing

an envel ope of the time waveform of the unvoiced sound signal of the

bl ock. TR&ef dadapilean 1ddadehdatint with thef edevieh eoughamt t sHmblar a

of integer nunbers, extracted by the pitch extraction unit 113, and with

frequencyMorfdioR détea PIMRAUCRS HiR FETC RV he! Ot tHuidon'dll® Ts sent to the
vector quantizer 23 to provide a vector having the M numbér of
data, or is assembled into a vector having a pre-set number of
data, for vector quantization.

The pitch data from the fine pitch search unit 116 is sent
via a fixed terminal a of a changeover switch 27 to an output
terminal 28. This technique, disclosed in our JP Patent
Application No.5-185325 (19893), consists in switching from the
information representing a characteristic value representing the
time waveform of unvoiced signal to the pitch information if the
totality of the bands in the block are unvoiced (UV) and hence
the piich information becomes unnecessary.

These data are obtained by processing data of the N-number
of, such as 256, samples. Since the block advances on the time
axis in terms of the above-mentioned L-sample frame as a unit,
the transmitted data is obtained on the frame basis. That is,
the pitch data, V/U discrimination data and the amplitude data
are updated on the frame period. As the V/UV discrimination data

from the V/UV discrimination unit 117, it is possible to use data

the number of bands of which has been reduced or degraded to 12,



transformunit 115. The fine pitch search unit 116 effects wobbling by
several sanples at an interval of 0.2 to 0.5 about the rough pitch data
value as the center for driving to a fine pitch data with an opti nmum

deci mal point (floating). The fine séddrch technique enploys analysis

by synthesis nethod and selects the pitch which will give the power

Spectrum Qf} ¥ntHeSdSta specifying one or more position(s) of démar MY £ 1 S
cl osest to the power spectrum of "the original power spectrum hat

i's, a nunbertwelenpithehvyabugs (@hoygqandvbebow the) r aipibndi {6 h foudgh pye t he
pitch extraction unit 113 as the center are provided at an interval of

e.g., 0.25rdemenclyesanpet chavakuasativahychteftetam nutel ytid amaane may
another, a sumof errors [err], is found. In this case, if the pitch is
set, the HBendeirdeRentedelty oo afthdt andsivig ¢hes ibinver sspeéati namion hée be
frequency-domain data and the excitation signal spectrum the error [err]m
i s found. PerHigImedh@nethgr fsame[eadjmfor the totality of bands may be _
found. This grror um[err]mis found for ever¥ pitch value and the pitch
f a block "in its entirety is found to be unvoiced {(UV), one

block of e.g., 256 samples may be subdivided into plural sub-

blocks each consisting e.g., of 32 samples, which are transmitted

to the sub-block power calculating unit 126.

The sub-block power calculating unit 126 caiculates the
proportion or ratio of the mean power or the root mean square
value (RMS value) of the totality of samples in a block, such-.as
256 samples, to the mean power or the root mean square value {(RMS
value) of each sample in each sub-block.

That is, the mean power of e.g., the k’th sub-block and the
mean power of one entire block are found, and the square root of
the ratio of the mean power of the entire block to the mean
power p{k) of the k’th sub-block is calculated.

The square root value thus found is deemed to be a vector
of a pre—-set dimension in order to perform vector quantization
in a vector quantizeg 127 arranged next to the sub~bloc power
catculating unit.

The vector quantizer 127 effects 8-dimensional 8-bit

straight vector quantization (codebook size of 256). An output

index UV-E for this vector quantization, that is the code of a



corresponding to the mninumerror sumis selected as being an optinmm
pitch’ Thus the optimumfine pitch, with an interval of e.g., 0.25, is
fqound by the fine pitch search unit, and the anplitude [err]Alerre] for
the optimum pitch is determ ned. {g¢e anplitude value is calcul ated
by an anplitude eval uation unit 118V for the voi ced sound. In the

above expl.g gﬂtggxggevgcqgrp'tCh seaécp thef1}é§64eP¥h9£kB§nQ§‘a{ﬁb

assuned to e vol si nce no&bl used

anal ysi s/ g¥ahhesi s r ¥t fRh §7sucmf9e fmﬂ@d wrmaqh AN HNYRE CEHa L 58698 i S
present on the frequency axis at sane time “polnt, it econes

necessaryswitten 2effecteq Wtfheélwa%ouaed di s rind neitd o iftcemsbaneht on band.
The optinmum pitch fromthe fine pitch search unit 116 and data of the

anpl i tude i[ier,r WArfler eh ouaputhefampki chdegevakbuatwdnchnkt fisrfed to the
14 voiced sound 118V are fed to a voiced/unvoiced discrimnating unit 117
wher e di souitpiuiattieomibefiwéén the voi ced sound and the wunvoiced sound is
carried out from band to band. For this discrimnation, a_noise to
signal ratio (NQR)cpgngﬂﬁygyegwwtch 27 has its switching controlled by a
discrimination output - signa1 from the voiced/unvoiced
discrimination unit 117, such that a movable contact of the
switch 27 is set to the fixed_termina]s a and b when at least one
of the bands in the block is found to be voiced (V) and when the
totality of the bands are found to be voiced, respectively.
Thus the vector quantization outputs of the sub-block-based
normalized RMS values are transmitted by being inserted into a
slot 1inherently used for transmitting the pitch information.
That is, if the totality of the bands in the block are found to
be unvoiced (UV), the pitch information is unnecessary, so that,
if and only if the V/UV discrimination flags from the V/UV
discrimination unit 117 are found to be UV in their entirety,
the vector quantization output index UVE ié transmitted in place
of the pitch information.
Reverting to Fig.3, weighted vector quantization of the
spectral envelope (Am) in the vector quantizer 23 is explained.
The vector quantizer 23 is of a 2-stage L-dimensional, such

as 44-dimensional configuration.

That 1is, the sum of output vectors froem the vector



Meanwhi [ e, since the number of bands split based upon the fundamental
pitch frequency, that is the nunber of harmonics, is fluctuated in a range
of.-from about 8 to 63, depending upon the pitch of the sound, the nunber
of V/Uflags in each band is simlarly fluctuated from band to band.

Thus, in the present enbodinent, the results of the VU discrimnation are

grouped OlquHGAA8EG nf 05 1 €868k Ofyrd R’ 5 SEE - IR ¥ 1 ?RQ%Q f!:&?gb cbibo

bandwi dt h. Specifically, the pre-set requency range o

Hz, inclusive off 8be auIdibIE gaREebyl & §21 tg,], NAQa NI rr]esub%ﬁ% pﬁal&@cés 12
bands, and a wei ghted nean val ue of the NSR 'val ues of each band is

di scri m nate@mpilblyed psea splartthirzeshobhd 1uvadfiet N2 4-arinjeddiong 1t Bee & kA from
band to band. The anplitude evaluation unit 118U for unvoi ced sound
is fed waEoPguEreyodoxmife fhatrd rfy dm Fhig . 61, t GBYOITH 1 Weanskotwoushipe 115,
fine pitch data fromthe pitch search unit 116, anplitude [err]Alerr] data
fromthe acr&ﬂ%b[%&é ePHI BT YACHAT ¢ ‘ff)rWW/tﬂft@des@mn@ndliﬁv andrefthvely,

voi ced/ unvori i ced (V/ U\/) r&Jlscrl rgljnatl on dat a fromthe voiced/ unvoiced

di scri m nat1ng Cuni ¢ Anrpat pé.‘ﬁplmct Ghe 9@\‘/5I gafeRPetintRe 118U

f h f Dband f d
r Ul SR S8k LIS, aTLe, T e fougg ete

unvoi ced voi ced/ unvoi ce
effecting @J‘iﬂidtt Wi ohfes g (—m + s”)

. The spectral envelope Am, obtained on MBE analyses of the
LPC residuals, and converted to a pre-set dimension, is set to
X. It is crucial how to efficiently quantize x.
A quantization error energy E is defined as
- 2
Iw{Hx - Hg,(sy; + ;U-)}il cee (13

bW {x ~ gy (s¢; + 85) 117

E

it

where H and W respectively stand for characteristibs onh the
frequency axis of the LPC synthesizing filter and a matrix for
weighting representing characteristics of the auditory sense
weighting on the frequency axis.

The quantization error energy is found by sampling
corresponding L-dimensional, such as 44-dimensional, points from

the -frequency characteristics of

Hlz)=— 1

P
1+; o,z
=1



eval uation. The anplitude evaluation unit 118U for unvoi ced sound directly
out puts the input value fromthe anplitude evaluation wunit for voiced
soynd 118V for a band found to be voiced (V). The data fromthe
anplitude evaluation unit 118U for umwiced sound is fed to a data nunber
conversion unit 119, which is a sort of a sanpling rate converter.
The data nunber conversion unit 119 is used for rendering the nunber of
data constant in consideration that the number of. bdfds split fromthe
frequency spectrum and the nupber of data, above all the nurI%oer. p\(ye o
anpl i t ude “#8r8, Hirf TR 1hSthe pi teh. denghas GParpmetfls GG y
frequency range.is t . 0., .3400 kHz, . this effective frequency range
is split iaﬁtao%”tf]fqg ggebgﬁgsgfdéggn‘a\lﬁbe%ﬁ P'I:%me pitch, so that the nunber of
data mwX +1 of e I d r r inclyuding ghe anpligude
[err]An{ err] W FISP tC%gBB\}gggﬁa,'aég %hgnéélﬁﬁé r]aexrtantrg})e '5f HFomt’8 G 63 Thus
the nunber; pfgidaf § convegsion unid =~ dl9gconverts khepgaplivbudegdat aswi th
the variable nunber of data " of Perr] +'1°info a constant nunber of data
M such asdiht data. ThenedUMhes-gh idat #rgondekeentedi antil@happandsst eft he
(rf + Ima)”2 are calculated for points corresponding to 0 ~ w.
Next, the reciprocals of the calculated values of (rez-i-Imz)”r2 are

found and decimated to e.g., 44 points. A matrix whose diagonal

elements correspond to these reciprocals is given as

[a(1) 0
r(2)

0 T ow(e)

The auditory sense weighting matrix W is given as

P
1+y e Apz

W(z)= f,

i+2: oAz

. {3)

where a; is the result of LPC analysis of an input and Aa, Ab are



anpl i t,ude data corresponding to one effective block on the ffequency axi s

such dummy data which w1l interpolate values from the |ast data in a
black to the first data in the block for enlarging the nunber of data
to NF. The nunber of data converting unit 119 then perforns

bandwi dth Ilimting type oversanplingzﬁﬂth an oversanpling ratio of Os,
such as 8, for finding an Os-fold nunber of anplitude data. This Os-fold
nunber constants, such that, by way of examplgs, @@ﬁﬁx4+afﬁ %bﬁﬂﬁgof t he
anplitude data.is |lipear interpolated to prqduce a still |arger npunber
"W of data.sthedl BoRs Winad 5% HoURG remoui® of SaaeRoVst hREr hhT el B
conversion st @ \LhERLEFSRL (3FONS n I ag 4 t 2 The
dat a (anplitude_sgta %?th(tze p%g?%% qgg%g{gkﬁﬁﬁﬁ%ﬁeﬁ’ éag??gﬁﬁphé nunber
of data camfersi,on,unit 139ts Sediddy the giWRCheE-geanki d8¢a280F Oyt &yi de
a vector having the M nunber of data, or is assenbled into a vector having
a pre-set AFINHer ecxfecudatia,tof mimceqtrg?[icuuantim%aﬂﬂ#., where Thes pi tchi gt a
fromthe fine pitch search unit 116 i s sent

Then, 1, ajda, gia®, ..., upap, 0, 0, ..., O are provided and the

frequency characteristics of the denominator are caiculated with
256~point FFT at 128 points for the domain of 0 ~ n. The
resulting values are (rgz[i] + IW2[1])U2, 0 £ i £ 128.

The frequency characteristics of the above equation (3) may

be found by

wol1] =¥re?lil +Im? [1]
JTe ? 1] +Im 2 (4]

where 0 < i < 128,

The frequency characteristics are found by the following
method for corresponding points of e.g. 44-dimensional vector.
Although linear interpolation needs to be used for more accurate
results, the values of the c¢losest points are usea in
substitution in the fo1lowin§ example.

That is,

o [i] =w,[nint(1281i/L)]



via a fixed termnal a of a changeover switch 27 to an output term nal
28. This technique, disclosed in our JP Patent Application
No.&- 185325 (1993), consists in switching fromthe information
representing a characteristic value regiesenting the tinme waveform of
unvoi ced signal to the pitch information if the totality of the bands in
the bl ock are unvoiced (UV) and hence the pitch information becones
unnecessar‘gihere 1 2 These- datdh rairret (bt aiisned flapcpriocessiiog dataroé dmhe
N- nunber such as 256, sanples. Since the bl ock advances on the tine
axis in teFPr%e%‘Frt‘l‘l@%\%‘?/etﬁheml oned L-sanple frame as a unit, the
transmtted datg Pof obt ali gd on the franme basis. That is, the pitch data,
VI U di scrim natton' Yat ' aR8*L heh&ADri tude BALA 2&Fe Tapast &d dﬁetﬁeﬂﬂﬂéﬁe
period. As the ¥/ UM discrimnation data fromthe V/ UV discrimnation unit
117, it is possible to use data the nunber of bands of which has been
reduced or degraded to 12, 17 or to
use data speC|fy|hdj@ne or nore posjtion gqf denarcat|08 Petmeen t he
voi ced (V) and un£/0| ced ((2Lj\/) r egi onp in f‘t% ent
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As a modified embodiment, the frequency characteristics may
be found after first finding H(z)w(z) for decreasing the number
of times of FFT operations.

That is,

1+:8a,2bg.
(22 )=t (5)
1420, 2% 14 Sa A

i =) fo}

The denominator of the equation (5) is expanded to



frequency range. Alternatively, the totality of the bands may be
represented by one of V and UV, or VUV discrimnation may be perfornmed on
t he. frame basis. _ If a block inits entirety is found to be unvoiced
(W), one block of e.g., 256 sanples m®3 be subdivided into plural sub-

bl ocks each consisting e.g., of 32 sanples, which are transmtted to the
sub- bl ock power calculating unit 126. The sub-bl ock power cal cul ating
unit 126 calculates the pyopgytion\pr tio_ojhthe;§§?nﬁpomer or the root
mean square value (RVS valjue of;the +dfal Afy dkls igs in a block, such
-as 256 sanples, to the anhpower) r t-he root /mear-'square val ue (RMS

val ue) of each sanple in each sub-bl ock. That is, the nmean power of
e.g., the k'th sub-block and the nean power of one entire block are
found, and the square root of the ratio of the nean power of the entire
block to the mean power p(k) of the k'th sub-block is cal cul at ed.

The square root value thus found is deened to be a vector of a pre-set

di mension in or#@ersé¢ vt jes fior rmlye@?t,or_ _ql,uatslzt LZ@fion . i.n 8,vesbopodNanid zer
127 arranged next to the sub-bl oc power éalculating unit. The

vector quAffi 2xempl27 agfd etomme@- di MSwsporialt Bhits sheai ghidecwaeidorto

quanti zation (codebook size of 256). An out put
provide frequency characteristics of the amplitude such that

rms{i] =fre'-2[1]+Im % (1]
where 0 < i £ 128.

From this, the following equation:

wh, 1] =¥Ze [1] +In7 [1]
Vre-2[i]+Im 2 [1]

holds, where 0 < i < 128.

This is found for each of corresponding points of the L-

dimensional vector. If the number of points of the FFT is small,

linear interpolation should be used. However, the closest values

are herein used. That is,

where 1 2 j

A
—



i ndex .UV-E for this vector quantization, that is the code of a
representative vector, is sent to a fixed terminal b of the changeover
switch 27. The fixed termnal a of the changeover switch 27 is fed with
pitch data fromthe fine pitch search ugat 116, while an output of the
changeover swtch 27 is fed to the output term nal 28. The
changeover switch 27 has its switching controlled by a discrimnation
out put si gnal from the Qi 3d/undb|c gg dikcrimnation unit 117,
such that a novabl e contact of W?£ sWifod i —Es bet td=tikse fi xed terninals
a and b when at | east one of the bands i‘n t ck 1s found to be voiced
(V) and when th t:gl by, d o_he
enpectively. ¥ mAia WA SRS ey f?f%ﬁ%gfﬁtagtds 15, o 1ements
sub- bl ock- basgévemosgml i zed RMS val ues are transm tted by being inserted
into a slot inherently used for transmtting the pitch information. That
is, if the totality of the bands in the block are found to be unvoiced
(W), the pitch inforg&(ipn is unnecessgryjy so t hat ,

- wh(2) )

|
| |
l |
| o wh{ L))

The above equation (8} is the same matrix as the equation
(4).

Using this matrix, that is the frequency characteristics of

the weighted synthesis filter, the equation (1) is rewritten to

W (z-ga (e +s M @)

The method of 1learning the shape codebook and the gain
codebook is explained.

First, for all frames which select the code vector s,
concerning CBO, the expected value of the distortion is

minimized. If there are M such frames, it suffices to minimijze

M

2 |[wils,-ge (sl ®

J=t
M



if and-only if the V/UV discrimnation flags fromthe V/ W
discrimnation unit 117 are found to be UWWin their entirety, the vector
gquanti zation output index W E is transmtted in place of the pitch

i nformation. Reverting to Fig.3, 2%&i ghted vector quantization of the
spectral envelope (Arm) in the vector quantizer 23 is explained. The
vector quanti zer 23 s of a 2-stage L-dinensional, such as 44-di nensi onal
confi gurati on. his pagatiion :su‘rmof!.putggulanvle&ﬁprd@nfort@mtﬁ\lee weeicthar

19 quantigzation Kc,c;EcrLebfook whi ch is 44-di nensional and has a codebook size
of 32, is rrultl S ed' by Weyaial ginPUdnd a Hder dsdint iffigmeroditiér 931§ erfpltdred

as a quant f\;g e e nensi.onal nve] ope vector Xx.

Ref erri ng Rtéﬁ‘lel Hé %@% EEBi egjf)t e"‘ﬂtWOe §ﬁg}3§°°§§o(&%bog‘|’<§,t%€8tﬁ)lﬁh Vd@rs of
whi ch are ,{qupre]cta%§[ err]j respectively, where O 5[err] i and j < 31. An
out put of the gain codebook CBg is g[err], which is scalar value, where O

[err] 1 [err] 3br miHigiditigmahe oQubRYbnbegomes gi (S[err] + s[err]j)

o
it

{(E-k 8k (ioc +5—1k ))Wk We (x:- 8k (ioc +iu))}

i

|- |~
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{lkwk We Xy~ 28k (loc '*'iu )W& WiE ¢
. +g-" (loc +£lk )W}‘ka (ioc +ilk)}

A
~ 7 2L TWW 22 (3, sl Wiz,

+ g iiWLTWu +28.&5_ TW Wi s R
+g? ;{kwfw;.;“} . (9)



The spéctral envel ope Am obtai ned on MBE anal yses of the LPC residuals,
and converted to a pre-set dinension, is set to x. It is crucial howto

ef ficiently quantize x. A quantization error energy Eis defi ned as
E I[TWHx - Hg(S[err] + s[err]j}[err][ggr ... (1) = [err]WH
[err]x - gl[err] (S[err] +S[err]j)[err] where H and Wrespectlvely st and

for characteristics on the frequency axis of the LPC synthesizing filter
and a matrix for mgljghtln representlng characteristics of the auditory
sense wei ghting OH—t—-h%‘TLF& w fo +2g,cw guantl zation error energy
is found by sanpli rQs..coft espondi ng L* @i mensi oha §‘uch as 44-di nensi onal ,
points from the frequency characteristi CS+8£2 W'TVJ err

k k

Do xSy Ners0)wi th 1

[err] i [err] P, denotes a-paraneters obtained by

SO

M Al

+T ’ ’
: IC?ka Wk~ 8iW i Wes,, -Lz BEW L Wi £,
- 29

and hence

=1

A M
_ | 13
.Soc—{kz‘l gkz Wi Wk} ' {?}l 8k W;;TWk (E.t"'gk ilk)}

L(11)
...1 . . ¥
}7 denotes an inverse matrix and wkf denotes a transposed
matrix of W .

where {

Next, optimization as to the gain is considered.

T » -
he expected value Jg of the distortion for the k’th frame

selecting the code word g. of the gain is given by

Solving an equation

Ty -—E |7 k-9 (g, +g, )) |2

we obtain )



anal yzing the LPC of the current frane. For cal culation, Os are
stuffed next to 1, a[err] , a[err], ap, togivel, all a2, ..., ap, 0, O,
..w», 0 to provide e.qg., 256 - point data. Then, 256-point FFT is executed
and the values of (re2 + IM2)12 are caghkcul ated for points correspondi ng
to O - 7r. Next, the reciprocals of the calcul ated values of (re2 +
1,2)1"2 are found and decimated to e.g., 44 points. A matrix whose

di agonal eIenenUs é;pspond to these reC|procaIs is given as

[h(1) & Wix, —2g.x, wilwi (s, +B(2)

I h(LfT The audltory sense melghtlng matrix Wis given
as ' P
% el sl v i)

8
é’gc MZ{ ?‘x W (-ok+§llk
+28¢ (5 5 + 5 T Wi Wik (3,0 +.5,,)=0

A

kz ka Wk(.iok )=k2 (i ,_M)w W;‘(iok +i1k)

o

T 14 7
a1 X, Wi wh (5-0.@ +.§'.u.)

.‘?
; ok ik ) k ok “l k
k-'] 1 )

-(2)

The above equations give an optimum centroid condition for
the shape s;;, s and the gain gj, where 0 2 i < 31, that is an
optimum decoding output. The optimum decoding output may
similarly be found for sjjas in the case for sg.

Next, the optimum encoding condition (nearest neighbeor
condition) is considered.

The shape Sgir 844 which minimize the equation (7) for the
measure of the distortion, that is E = W' (x - g,(8g * §U))ﬂ%

are determined each time an input X and the weight matrix W' are



where .ai is the result of LPC analysis of an input and la, Xb are

21 constants, such that, by way of exanples, Xa=0.4 and Xb=0. 9. The
mat.ri x Wnmay be found fromthe frequency characteristics of the equation
(3). By way of an exanple, 1, alXb, a2®2, .. apbP, 0, 0, ..., O are
provided to give 256- point data for which p FFT is executed to find (re2[i]
+|m|])1/2 (% < 128. Then, 1, alla, a2a2, ..., paP, 0, O, ...,
0 are prodd&d aﬁg'at hés FPéqﬁéﬁBnyﬁ‘a?acterl stics of the denom nator are

calculated with AT RQ FET, at 1% (g Fts f e
n .
[err]. The resultl ng vgl’uesxgréo(t?f ?']”F r ?TI?P{ CIc["érr"]az'f[m%] rfr¢§]1 (8 < i
< 128. < 1 hgifreguepgy. char geqt)eghét%c-s(ﬁfstj‘es apove ﬁ%afq'soﬁzﬁﬁkxgﬁy
be found by err where 0 < i < I¥s.
combinations, in a round robin fashion, in order to find a set
of 9y, 8¢, $j; which will give the least value of E. However,
since this 1leads to a voluminous amount of the arithmetic
operations, the encoding unit 2 performs a sequential search for
the shape and the gain. The round robin search should be
executed for 32x32=1024 combination of 847, 845 In the following
explanation, Spit 8y is written as g, for simplicity.

The above equation may be written to E=|W’ (x - g@m)ﬂz- For

further simplification, by setting X, = W'X and s, = W's,, we

obtain

B=||x g8 II?

.(13)

Pl ol oh. {g, x

.(14)

Thus, assuming that sufficient precision for g; is assured,



The fr,equency characteristics are found by the followi ng nethod for
correspondi ng points of e.g. 44-dinensional vector. Although |inear

i nt.erpol ati on needs to be used for nore accurate results, the val ues of
the closest points are used in substitagion in the foll ow ng exanple.

That is, vv[i] =werr] , [nint(128 i/L) ]
22 Wnere <.i < ni_nt %x a function which returns an integer
cl osest ts(f%{Ch can bﬁs cladr”ﬁ ﬁ(“f) ”‘h(t‘Z? steps (Pl% L) are found by the
8' mll ar gt @%%rc-ﬂhast Z\yﬁich maxwmzis W 2) 01 | [w(1) o
I . I 0o h(L)j [ O wW(L)j SO
t hat [h(1)w 1) (x*a)? 1

s, |2

and

(2) search gy which is closest to.

If the above equations are rewritten using the original
representation, search van be carried out in two steps of
{1)’' search for a set of Sgi» Sy which maximizes

Tpr Tpoy
XTWIW (g +s )
, 2
1w (g,,+3, )

.{15)
and
(2y’ search for g; closest to

T JT !
xTW W (8,,+4, )
7 (=, +g, ) I




VW~ .

h(L)w(L)j As a nodified enbodi nent, the frequency characteristics
may- be found after first finding H(z)Wz) for decreasing the nunber of
times of FFT operations. That is,

P 5 30 1+2a, 4A

+ dicnmao of t a A i The denom nator of the equation (5)
expanded to 23

P~~~ 2 The equation (15} gives the optimum encoding condition

h(2) W( 2) (4) L. 0

(nearest neighbor condition).

Using the centroid condition of the equations (11) and (12),
and the condition of the equation (15), the codeboocks CBO, CB1
and CBg may be trained simultaneously by the generalized Lloyd
algorithm (GLA).

Referring to Fig.3, the vector quantizer 23 is connected via
changeover switch 24 to the codebook for voiced sound 25V and
te the codebook for unvoiced sound 25U. By controlling the
switching of the changeover switch 24 in dependence upon the V/UV
discrimination outdut from the harmonics noise encoding circuit
22, vector quantization is carried out for the voiced sound and
for the unvoiced sound'using the codebook for voiced sound 25V
and the codebook for unvoiced sound 25U, respectively.

The reason the codebooks are switched in dependence upon a
judgment as to the voiced sound (V)/ unvoiced sound (UV) ‘is that,
since weighted averaging of W’k and g, is carried out in
calculating new centroids according to the equations {11}, (12},
it is not desirable to average W’kand g1which are gignificantiy
different in values.

Meanwhile, the encoding unit 2 employs W’ divided by the
norm of the input.i. That is, W' /lx] is substituted for W’ in
advance in the processing of the equations (11}, {12) and (15):

wWhen switching between the two codebooks in dependence upoh

'S



By setting 1, 1 Ad, .., b2p,.0, O,... 0, 256-point data, for exanple,

are forned. 256-point FFT is then executed to "provide frequency
characteristics of the anplitude such that r me~i
= /ze.2 [i +Inm21[i] where 0 " i < 28. Fromthis, the follow ng
equat i on: V\:hO i . dre2 (i] +XMm [(]

legg;lzmg ! ](:82@%5%6?1%% L"ij‘ ok ‘rﬁ% o? ?We‘ ']_g dacﬁarrehsslﬁr?éclm\%'cttegr N fal tSst guf for

of PoLnt Spahnk e EFTo | S Pd » cnd IWEALIAN SOl atd b el dbibi lmdthe

osest ues are herein use ere
L. codebook for the unvoiced sound from the respective tra1n1ng

data.

For decreésing the number of bits of V/UV, the encoding unit
2 employs single-band excitation (SBE}) and deems a given frame
to be a voiced (V) frame and an unvoiced (Uv) frame if the ratio
of V exceeds 50% and otherwise, respectively.

Figs.6 and 7 show the mean values W’ /x| of the input x and
the mean wvalue of the weight for the wvoiced sound, for the
unvoiced sound and for the combination of the voiced and unvoiced
sounds, that is without regard to the distinction between the
veiced and unvoiced sounds.

It is seen from Fig.6 that the energy distribution of x
itself on the frequency axis is not vitally different with V and
UV although the mean value of the gain ({x}) is vitally different
between U and UV. However, it is apparent from Fig.7 that the
shape of the weight differs between V and UV and the weight is
such a weight which increases bit assignment for the low range
for V than for UV. This accounts for feasibility of formulation
of a codebook of higher performance by separate training for V
and uv.

Fig.8 shows the manner of training for three examples, that
is for voiced sound (V), unvoiced sound (UV) and for the voiced

and unvoiced sounds combined together. That is, curves a, b and

=



24 . I (1 28. A matrix W having

t hese ¢l osest val ues as diagonal elenents is given as [wh(l)
0 .. wh(2) 6 10 wh(L)j
The above equation (6) is the sane matr3%k as the equation (4). Usi ng

this matrix, that is the frequency characteristics of the weighted

synthesiscfihterq 4 r@tﬁmjaftdrontr(el)mérﬁerrevg# tden fi®g . for v Bnaler kel Wu(
[err]- g, (S[err1+ Slerr])|]|[err] ... (7) ? he met hod of | earning

t he shapeosvpgehaokoand ihe ugfabamb¢adab@@¢<etrse:expﬂ1ahnede termindd nahuefsor
all frames which select the code vector S[err]c

of the curves a, b and ¢ being 3.72, 7.011 and 6.25,
respectively.

It is seen from Fig.8 that separation of training of the
codebook for V and that for UV:-leads to a decreased expected
value of output distortion. Although the state of the expected
value is slightly worsened with the curve b for UV only, the
expected value is improved on the whole since the domain for V
is longer than that for UV, By way of an exampie of frequency of
occurrence of V and UV, measured values of the domain lengths for
V only and for UV only are 0.538 and 0.462 for the training data
length of 1. Thus, from the terminal values of the curves a and
b of Fig.8, the expected value of the total distoftion is given
by

5.72x0.538 + 7.011x0.462 = 5.24
which represents an improvement of approximately 0.76 dB as
compared to the expected value of distortion of 6.25 for training
for V and UV combined together.

Judging from the manner of training, the improvement in the
expected value is on the order of 0.76 dB. However, it has been
found that, if the speech samples of four male panelists and four
female panelists outside the training set are processed for
finding the SN ratio (SNR) for a case 1in which guantization is

not performed, separation into V and UV jeads to improvement in



concer.ning CBO, the expected value of the distortionis mnimzed. If
there 'are M such franes, it suffices to mnimze J= M

25.. In this equation (8), W x g0 and denote the weight to the
k'th frame, an input to the k'th franme,33he gain of the k'th frame and an
out put of the codebook CBl1 for the k'th frane, respectively. For

m ni m zi ng., 4 he KAYALIO0BNEBL the orad €747 1.3 dB. The reason therefor i2°

presumably that the ratio of Vv is significantly higher than that
for Uv.

It is noted that, while the weight W’ emplioyed for auditory
sense weighting for vector quantization by the vecter quantizer
23 is as defined by the above equation (6), the weight W’ taking
into account the temporal masking may be found by finding the
current weight W' taking the past W’ into account.

As for wh(1l), wh{2), ., wh{Ll) in the above equation (8),

those calculated at time n, that is for the n’'th frame, are
denoted as whn(1), whn(z), . whn(L).
The weight taking into account the past value at time n is

defined as A“i), where 1 £ i £ L. Then

An(i) = AA (1) + (1—k)whn(i) (whn(i) S Apli))
= wh,(i) (why(1) > Ay (i)
where 2 may be set so that, for example, A=0.2. An(i), where 1 =

i £ L, may be used as diagonal elements of a matrix, which is
used as the above weight. .

Returning to Fig.1, the calculating un{t for modified
encoding parameters 3 is explained. The speech signal reproducing
device 1 modifies the encoding parameters, outputted from the
encoding unit 2, in speed, by the calculating unit for modified
encoding parameters 3, for calculating the modified encoding

parameters, and decodes the modified encoding parameters by the

decoding unit 6 for reproducing the solid-recorded contents at



[err] .,and hence [err] where {} denotes an inverse matrix and

Werr]® denotes a transposed nmatrix of werr]. Next, optim zation as to
the gain is considered. The expected val uei of the distortion for the
k'th frame selecting the code word go @4 the gain is given by Sol vi ng

an equation
a speed twice the real-time speed. Since the pitch and the
phoneme remain unchanged despite a higher playback speed, the
recorded contents can be heard even if the recorded contents are
reproduced at an elevated speed.

Since the encoding parameters are modified in speed, the
calcuiating unit for modified encoding parameters 3 is not in
need of processing following decoding and outputting and is able
to readily cope with different fixed rates with the similar
algorithm.

Referring to the flowcharts of Figs.9 and 11, the operation
of the modified encoding parameter calculating unit 3 of the
speech signhal reproducing device 1 is explained in detail. The
modified encoding parameter calculating unit 3 is made up of the
period modification circuit 4 and the interpolation circuit §,
as explained with reference to Fig.2.

First, at step St of Fig.9, the period modification circuit
4 is fed via input terminals 15, 28, 29 and 26 with encoding
parameters, such as LSP, pitch, V/UV or Am. The pitch is set to
Pgplnl, V/UV is set to vu/inl, Am is set to a;[n]{1] and LSP is
set to 1w[n][i]. The modified encoding parameters, ultimately
calculated by the modified encoding parameter calculating unit
3, are set to tnod__pm[m], mod__vuvhn], mod_a _[m][1}] and mod
lw[m]{i], where 1 denotes the number of harmonics, i denotes the
number of order of LSP, and n and m correspond to frame numbers

corresponding in turn. to the index of the time axis before and



[err]:

X3

27 [err]

35

after time axis transformation, respectively. Meanwhile, 0 £ n

< Nyand 0 < m < Ny, with n and m each being a frame index with
the frame interval being e.g., 20 msec.

As described above, 1 denotes the number of harmonics. The
above setting may be performed after restoring the number of
harmonics to am[n][l] corresponding to the real number of
harmonics, or may also be executed in the state of ap,n]l1]
(1=0~43). That is, the data of number conversion may be carried
out before or after decoding by the decoder.

At step 82, the period modification circuit 4 sets the
number of frames corresponding to the ' original time length to Ny,
while setting the number of frames corresponding to the post-
change time Jlength to Ny. Then, at step 83, the period
modification circuit 4 time-axis compresses the speech of N; to
the speed of N,. That is, a ratio of time-axis compression spd by
the period modification circuit 4 is found as Ny/N;.

Then, at step S4, the interpolation circuit 5 sets m
corresponding to the frame number corresponding in turn to the
time-axis index after time—axis transformation to 2.

Then, at step S5, the interpolation circuit 5 finds two.
frames f, and f, and the differences ’left and "right’ between
the two frames fm and f” and m/spd. If the encoding parameters
Peys VUy, 2, and 1sp are denoted as *, mod_ *[m] may be expressed

by the general formula

mod_*[m] = *[{m/spd]



The ahove equations give an optinmumcentroid condition for the shape
S[err]; S[err] and the gain gi, where 0 <i < 31, that is an optinmm

decodi ng out put. The opti num decoding output nmay simlarly be found
for s[err] as in the case for SOi. 3dlext, the optinum encoding
condition (nearest neighbor condition) is considered. The shape

Slerr], sleérd ovhd ch oM@l M 7RWhe AUALQN i/ Ehof Al TR’ arl QRtkgdFE the
determ ned each tine an %nput x and the weight matrix W are

28  givenedihbddi sehobdeagh foaammeter toWhergpsby, BEd s peobecéoundyf or
all conbinations of g[err] (O [err] 1 [err] 31), S[err] (0 [err] i [err]
31) and Sjeteipo (Dt {w@r rfirgm [tdver |twdil)f ranfeat oifs fB2x32xBBpLam Maf iong, +in a
round robin fashion, in order to find a set of [err], S[err] , Sij which
wi Il givelthellebstnotgdudhait .EbeHagevethe frame f,, m/spd and the frame

frys the relation as shown in Fig.10, that is the relation:

1eft = m/spd—fm

right = f”~m/spd
holds.

The encoding parameter for m/spd 1in Fig.10, that is the
modified encoding parameter, 1is produced by interpolation as
shown af step $6. The modified encoding parameter may be simply
found by linear interpoiation as

mod_*[ml = *[f Ixright + *[f Ixleft

However, if, with the interpolation between the frq and f”,
these two frames differ as to Vv/UV, that is if one of the two
frames is V and the other UV, the above general formu1§ cannot
be applied. Therefore, the interpolation cjrcuit 5 modifies the
manner of finding the encoding parameters in connection with the
voiced and unvoiced characteristics of these two frames f, and
fi1» as indicated in step S11 ff. of Fig.11.

It is first judged as to whether or not the two frames f,
and f, are voiced (V) or unvoiced {(UV). If it is found that
both the frames f,, and f,, are voiced {v), the program transfers
to step 812 where all parameters are linearly interpolated and

the modified encoding parameters are represented as:



since.this leads to a volum nous anount of the arithnetic operations, the
encodi hg unit 2 perforns a sequential search for the shape and the gain.
The round robin search should be executed for 32x32=1024 conbi nati on of
Slerr], S[err]. In the followng expla&mation, S[err] S[err] is witten
as Smfor sinplicity. The above equation nmay be witten to E=[err]W

(x - g[err]S[e&g&vé ._F r ffgatﬁgﬁﬁsan%g;h?gﬁgpp, by setting x[err]

Wx and sf[err]
. (13) heara, [m][H = a, [fg][llxright + a [f, 1[1]xleft

(14) Thus assun1ng that sufficient ﬁre0|5|on for glerr] is

assured, where 0 £ 1 < L. It is noted that L denotes the maximum possible
number that can be taken as harmonics, and that '0’ is stuffed
in a,[ni{1] where there is no harmonics. If the number of
harmonics differs between the frames fip and f,y, the value of the
counterpart harmonics is assumed to be zero 1in carrying out
interpolation. If before passage through the number o¢f data
conversion unit, the number of L may be fixed, such as at L=43,

with 0 £ 1 < L.

.

In addition, the modified encoded parameters are also
represented as:

mod_1”{m][i] = l”[fmliilxright + 1w{f”][13x1eft
where 0 £ 1 < I and I denotes the number of orders of LLSP and is

usually 10; and

mod_vuy,[m] = 1

It is noted that, in V/UV discrimination, 1 and 0 denote
voiced (V} and unvoiced (UV), respectively.

If it is judged at step S11 that none of the two frames fro
and f. is voiced (V}, a judgment similar to that given at step
S$13, that is the judgment as to whether or not both the frames
f,p and f,, are unvoiced (UV), is given. If the result of
judgment is YES, that is if both the two frames are unvoiced
(UV), the interpolation circuit 5 sets Py, to a fixed value, and

finds a, and 1sp by linear interpolation as follows:



29 search can be carried out in tw steps of (1) search s[err] which
maxi m zes [err] and (2) search g[err] which is closest to

- ekr] I f the above equations are rewitten using the original
representation, search van be carried out38n two steps of (1)' search for
a set of Slerr], S[err] which maxim zes [err]

. (15) mod_p,[m] = MaxPitch
for fixing the value of pitch to a fixed value, such as a maximum
value, for the unvoiced sound, by e.g., MaxPitch=148,;

mod_a, [ml[1] = aplfgllT1Ixright + am[f”]{l}x1eft
where 0 < 1 < MaxPitch;

mod_l”{m]{1] = 1w[fm][i]xright + 1”{f”][i]x]eft
where 0 £ 1 < I; and

mod_vu,[m] = 0.

If both of the two frames f, and f, are not unvoiced, the
program transfers to step S15 where it is judged whether the
frame f, is voiced (V) and the frame fr is unvoiced {(UV). If
the result of judgment is YES, that is if the frame. f g is voiced
{V) and the frame f” is unvoiced {(UV), the program transfers to
step S16. If the result of judgment is NO, that is if the frame
f,o 1s unvoiced (UV) and the frame f; is voiced (VvV}, the program
transfers to step S17.

The processing of step S16 ff. refers to the cases wherein
the two frames f, and ¥ differ as to V/UV, that is, wherein one
of the frames is voiced and the other unvoiced. This takes into
account the fact that parameter interpolation between the two
frames f,y and f,, differing as to V/Uv is of no significance. 1In
such case, the parameter.value of a frame closer to the time
m/spd is employed without performing interpolation.

If the frame f,, is voiced (V) and the framé Ty unvoiced

(UV), the program transfers to step $S16 where the sizes of 'left’



and (2)' search for g[err] closest to [err]

30 : The equation (15) gives the optinum encodi ng condition (nearest
neikghbor condition). Using the centroid condition of the equations
(11) and (12), and the condition of the&gequation (15), the codebooks CBO,
CB1 and CBg may be trained sinultaneously by the generalized Ll oyd

algorith gggfg). - rej o Fig,3, _t t ant.i ze i
connecteg?via Fﬁhan&éﬁbggggmﬁ{gghé4 fé fre c@g%%ggngSQvabcgg5g§§n§$§5v
and to thgg0dapagk cheh YRMercedryh $ouBfa2h B M Qld i3 glike

swi tching of the chaﬁéeover smﬁtcﬁhzg ?na%eﬁiﬁﬁéﬁ%g upon thg VF&V noas

di scrim ned i oRiOnt put fHONFEABeHakDNALS RYi Si& €ATOskk NG 16l mfApd . 22 Theect or

guanti zation is carried out for the voiced sound and
modified encoding parameters are calculated using the values of
the parameters éf the frame closer to m/spd.

If the result of judgment at step S16 is YES, it is ’right’
that is larger and hence it is the frame fey that is further from
m/spd. Thus the modified encoding parameters are found at step
S18 using the parameters of the frame fm closer to m/spd as
follows:

mod_pgIm] = pg[fg]

mod_a [m}[1] = am[fm][ll (where 0 £ 1 < L)

mod_1,Iml{1] = 1,0f,3[i] (where 0 < i < L)

modﬁvuﬂm] = 1

If the result of judgment at step S16 is NO, lefif = right,
and hence the frame fn is closer to m/spd, so the program
transfers to step S19 where the pitch is maximized in value and,
using the parameters for the frame f”, the modified encoding
parameters are set so that

mod_pylIm] = MaxPitch

mod_a Imif1] = a,[f J[1] (where 0 < 1 < MaxPitch/2)

mod_1”[m][i] = 1w[f”][i} {where 0 < i < L)

mod_vu,[m] = 0

Then, at step St7, responsive to the judgment at step Si15

that the two frames f and f,; are unvoiced (UV) and voiced (v),



for the unvoiced sound using the codebook for voiced sound 25V and the
codebook for unvoiced sound 25U, respectively. The reason the
codebooks are switched in dependence upon a judgnent as to the voiced
sound (V)/ unvoiced sound (UV) is that, 49ince weighted averaging of Wk
and g[err] is carried out 1in calculating new centroids according to

t he equat}é@ﬁbé@ﬂ&ehﬁ}%)5ud?ﬁeh§ Poty -qugemEHnQYE%gﬂﬁk%¥gxﬂang[@?r]

which are significantly "different in val ues. , the encoding

unit 2 enptoysiW. dindtded,byint RAisneaBLOf idferpaition alot per\bihenr] is
substituted for W in advance in the processing of the equations (11),

(12) and £14%.tHhe parameWhenvaiuechf nthdetnueen ctibe et woo ctidebioiodes mi/spd is
dependence upon 31 VIWw

di scrim nat¢dn, training data is distributed in a sinmlar .nmanner for
preparing the codebook for the voiced sound and the codebook for the
unvoi ced sound ¥ ridi ke ds BEcdiidamepdi At ngteBat &’ s YES pdiheddditelisiing the
nurber OfmgiggiggdV%P¥é1hgea?ngggéqguquﬁ, using the parameters for the
closer frame f,q for the remaining parameters, the modified
encoding parameters are set so that
mod_p,Im] = MaxPitch
mod_a [ml(1] = am[fmlill {where 0 £ 1 < MaxPitch)
mod_t,(mI[1]1 = 1,0f,101] (where 0 < 1 < I)
mod_vuvhn] = 0
If the result of judgment at step S17 is NO{ since left =
right, and hence the frame f” is closer to m/spd, the program
transfers to step 521 where, with the aid of the parameters for
the frame fn, the modified encoding parameters are set so that
mod_pyim) = pglf,]
mod_a [ml[1] = a,{f,1[1] (where 0 2 1 < L)
mod_1,Imll1] = 10,111 (where 0 <} < L)
mod_vuv[m] = 1
In this manner, the interpolation circuit 5 performs
different intérpoIating operations a{ step S6 of Fig.9 depending
upon the relation of the voiced (V) and unvoiced (UV)

characteristics between the two frames f and f,- After

termination of the interpolating operation at step 86, the



2 enpl pys single-band excitation (SBE) and deens a given frane to be a

voi ced’(V) frame and an unvoiced (W) frane if the ratio of V exceeds 50%
and. ot herwi se, respectively. Figs.6 and 7 show the nean val ues
W/[err] of the input x and the nean val ug,of the weight for the voiced
sound, for the wunvoiced sound and for the Conbination of the voiced and

voi ced and avored counaet oS EBOTET i B B ol hr e anel B9

voi ced an sounds. seen from FiI Q. rg

di stri butigpeft vng id f o@N dhae Va@Xi 8g Ot o M1 vy, f{ecgnt
wth Vand W/ élf%ngﬁkthe mean %%fﬁ%@%f %ﬁ% g%iﬁr%[£?¥%§@+é gﬁ%gfl§ﬁg

di ff erent vajeteveen mJbrdmd¥. eqbawe¥ern,. it is apparent fromFig.7 that the
shape of the weight differs between V 4nd W and the weight is such a

wei ght which irdr edsldgibnt &bsi gageabcéosf t tiee | shve rangem fras Votrhanef oy UV.
This accounts for feasibility of fornmulation of a codebook of higher

per f or mand®¥® By ¥¥pari gt EsHpdilpi agrleyey fandnehse gain ceing.r@lshotteweher,
manner of training for three exanples, that is for voiced sound (V),
unvoi ced sbiit ROWedRd f'6r NerR& Wose&dte And unvoi ced sounds combi ned

together. That {ﬁ% OBQPX$§o§knbt%gdmodified encoding parameter calculating
unit 3 is schematically shown in Fig.12. The model of the
encoding parameters extracted every 20 msecs by the encoding unit
2 is shown at A in Fig.12. The period modification circuit 4 of
the modified encoding parameter calculating unit'3 sets the
period to 15 msecs and effect compression along time axis, as
shown at b in Fig.12. The modified encoding parameters shown at
C in Fig.12 are calculated by the interpolating operation
conforming to the V/UV states of the two frames frp and f,, as
previously explained.

It is also possible for the modified encoding parameter
calculating wunit 3 to reverse the sequence in which the
operations by the period modification circuit 4 and the
interpolation circuit 5 are performed, that is to carry out
interpolation of the encoding parameters shown at A in Fig.13 as
shown at B in Fig.13 and to carry out compression for calculating
the modified encoding parameters as shown at C in Fig.13.

The modified encoding parameters from the modified encoding

parameter calculating circuit 3 are fed to the decoding circuit



32 G in Fig.8 stand for the manner of training for Vonly, for W only
and for V and WV conbi ned together, with the termnal values of the curves
a, b and c being 3.72, 7.011 and 6.25, respectively. It is seen from
Fig.8 that separation of training of thgz codebook for V and that for W

| eads to a decreased expected value of output distortion. Although the

state of th e . value.is slightly worsened w.th.the _cur b f.or. UV
only, theé %%%é@tﬁ%qSE Uﬁ'igTé%ﬁﬁﬁbeTn CfﬁéqWﬁo%esgpgggsfﬁgsdéﬁﬁiﬁ‘?gr Vv

is | ongeryihad dehtefeOmolde @Ks@@yupgna{‘hg)ﬂ%@%ﬁi&f _JJ%S{&E%anameters

occurrence of V and UV, neasured values of the domain |en s for Vonly

and for Whenbytgies Ori3& yanthed 464 fseunthatt takNblgpdat germhemgt haof 1.
Thus, fromthe term nal values of the curves a and b of Fig.8, the

expect ed val ueTind delvedtiobalindli sd drst eapia$ngdvien relfgrring t8. 7id. 6B8&nd
7.011x0 462 = 5.24 which represents an inprovenent of approximtely 0.76
dB as cohparedt ol¢ haseupedt ¢ rvaxre agfatdiost grakeontiodt 6.12% frorr amediertisng
for V and UV conbi ned together.

supplied to the dececding unit 6 are usual encoding parameters.

Referring to Fig.14, a vector—quantized output of the LSP,
corresponding to the output of the terminal 15 of Fig.3, that is
the so~called index, is suppﬁied to a terminal 31.

This input signal is supplied to an inverse LSP vector
quantizer 32 for inverse vector quantization to produce 1ine
spectral pair (LBP) data which 1is then suppliied to an LSP
interpolation circuit 33 for LSP interpolation. The resulting
interpolated data is converted by an LSP to a conversion circuit
32 into a-parameters of the linear prediction codes (LPC). These
a-parameters are fed to a synthesis filter 35.

To a terminal 41 of Fig.14; there is supplied index data for
weighted vector quantized code word of the spectral envelope (Am)
corresponding to the output at a terminal 26 of the encoder shown
in Fig.3. To a términa] 43, there are supplied the pitch
information from the terminal 28 of Fig.3 and data indicating the
characteristic quantity of the tjme waveform within a UV block,
whereas, to a terminal 46, there 1is supplied the V/UV

discrimination data from a terminal 29 of Fig.3.

The vector—quantized data of the amplitude Am from the



Judging fromthe manner of training, the inprovement in the expected value
is onthe order of 0.76 dB. However, it has been found that, if the
spgech sanpl es of four nmale panellsts and four fenale panelists outside
the training set are processed for finddng the SNratio (SNR) for a case

i n which quantization is not performed, separation into V and U/ leads to

| nprovemedrmihal 41 is fed to an inverse vector deq@htilde segmemntal
SNR on the order of 1.3 dB. The reason therefor is presumably that the

rati o of Wverse gnedteantlignhi ghtion hanThbatresiudrt igy. spectralit grsveniotred
that, while the weight W enployed for audi tor%/ sense wei ghting for vector
quant i zat $BkR 1By &t BENGet® o7 braeniiger nodsesswsthrg ined Moy itther abdiel ti-

ht W taking into account, the tenporal masking nay

equation ( t he wei

be found tE)@'Z‘i’i ﬁ&?ﬁéattﬁ@” cliffleht S\X@F‘Bﬁ?‘ﬁv G HIG W t hE- pathW %WU‘%%‘C*OUM

b o R0 e g At % BV Bk 1 oo

wh[err](lgy @p[gﬁéAééQver"sw1tc$P[Eﬁr]ﬂéELeen the pitch data and data
indicating a characteristic value of the waveform for the UV
frame 1in dependence upon the V/UV discrimination data. The
synthesis circuit 45 is also fed with V/UV discrimination data
from the terminal 46.

The arrangement of the. MBE synthesis circuit, as an
illustrative ar;angement of the synthesis circuit 45, will pe
subsequently explained by referring to Fig.15.

From the synthesis circuit 45 are taken out LPC residual
data corresponding to an output of the inverse filtering circuit
21 of Fig.3. The residual data thus taken out is sent to the
synthesis circuit 35 where LPC synthesis is carried out to
produce time waveform data which is filtered by a post—filter 36
so that reproduced time—-domain waveform signals are taken out at
the output terminal 37.

An illustrative example of an MBE synthesis circuit, as an
example of the synthesis circuit 45, is explained by referring
to Fig.15,

Referring to Fig.15, spectral envelope data from the inverse

vector quantizer 42 of Fig.14, in effect the spectral envelope



The weight taking into account the past value at time nis defined as

Alerr]{i), where 1 [err] i [err] L. Then Alerr] (i) [err]Aerr](i) +
(1<[err])wh[err] (i) (whlerr] (i) [err] Alerr](i))
whlierr] (i) (Wh[err] (i) > Alerdad(i)) where [err] may be set so

that, for exanple, [err]=0.2. An(i) where 1 < i [err] L, may be used as

di agonal glhegepks+ft @pBBLLisX guWRECh Hirs s#%SQiéé ??ZéﬂQOW%pWQiQQWmina1

Returning to Fig.1, the calculating unit for nodi encodi ng paraneters

3 is expl agnedatheesipesctnsi@ali N0 aduckfth r devtieCeathe N®Sli fHES sh@wn
encodi ng paraneters, outputted fromthe encoding unit 2, in speed, by the
cal cul ati mg &g t14or Theddbitedsuemtoeld nte pareaetrerisal, 48 car € aeCigcateidng vyt he
nodi fied encoding paraneters, and decodes the nodified encodi ng paraneters
by the débedéngnesgvern swortalepriodecithg tt Ré tebl-dalt 2 evodt deal & oitddiviad iate

34 a speed twice the real-tjne %peed. Since the pitch and the phonene
remai n unERAMBEFSHESPT T AR Mt Yhero ol B dtk s m R e f&for@ed YGHtCER s

can be heard even {f the.recor.eq gpntents are, .
soun syn hes1z1ng unt 3 and toc an inverse vector quant1zer

1?2, respectively.

The spectral ampliitude data of the LPC residuals from the
terminal 131 are fed to a number of data back-conversion circuit
136 for back inversion. The number of data back—inversion circuit
136 performs back conversion which 1is the reverse of the
conversion performed by the number of data conversion unit 119.
The resulting amplitude data is fed to the voiced sound synthesis
unit 187 and to an unvoiced sound synthesis unit 138. The pitch
data obtained from the terminal 483 via a fixed terminal a of the
changeover switch 44 is fed to the synthesis units 137, 138. The
V/UV discrimination data from the terminal 46 are also fed to the
synthesis units 137, 138.

The voiced sound synthesis unit 137 synthesizes the time-
domain voiced sound waveform by e.g., cosine or sine wave
synthesis, while the unvoiced sound synthesis unit 138 filters
e.g., the white noise by a band-pass filter to synthesize a time-
domain non-voiced waveform. The voiced waveform and the non-
voiced waveform are summed together by an adder 141 so as to be

taken out at an output terminal 142.



reproduced at an el evat ed speed. Since the encodi ng paraneters are
nodi fi'ed in speed, the <calculating unit for nodified encoding paraneters 3
is«.not in need of processing foll ow ng decoding and outputting and is able
to readily cope with different fixed r s wth the simlar algorithm
Referring to the flowharts of Figs.9 and 11, the operation of the

nodi fi ed encodqujpar er ahégk?%kggegpkg (qhgrq?wfgﬁ%%n13|%%%hon

repr oduci ng devi ce ®1 s ex& encod

par anet ef 4£2q Sl LAY HB! baral S IR URy Phed N oPELY QDA {d CAI QR i Ul L

4 and the interpolation circuit as exp ai ne ence to Fig

First, atijgt&paSlodedi ovP, rédifonesh®daiiidcald UVl reldiilon 4nldS aR-vi a
input termnals 15, 28, 29 and 26 with encoding paraneters, such as LSP,

pitch, V/ithsed WivvThesprtiminasisat dada RehY je Mtdinsd Sedséo wu[ ermrilg n],
Amis set to aferr][n][1] and LSP is set to |I[err][n][i]. The nodified
encodi ng peraneztian ubimhatéﬁythﬁﬂbﬂﬂQﬂeerydemeamvﬁibhedh@n@mﬁhx}is

par amet er calculatlng unit 3, are set to nod P[err][ mod vu[err][n,
mod af errffﬁf?#?r afddeodo 19 e“rqf]ﬁai[arﬁ‘{l'}um%fer 1 Hedot ed2t bandenberh st

har noni cs, |§agno es the nunber of order of LSP, and n and m correspond to

frame nunB8PE2IREIPRSBANAPRg CRRCEURA, TO6 PREVITAIRY 8f VEhd PN UBbed 1 or e

and bands with a bandwidth corresponding to the originatl pitch.

The operation of synthesizing the unvoiced sound by the
unvoiced sound synthesis unit 138 is explained.

The time-domain white-noise signal waveform from a white
noise generator 143 is sent to a windowing unit 144 for windowing
by a suitable windowing.function, such as a Hamming window, with
a pre-—set length of e.g., 256 samples. The windowed signal
waveform is then sent to a short—term Fourier transform (STFT)
circuit 145 for STFT for producing the frequency-domain power
spectrum of the white noise. The power spectrum from the STFT
unit 145 is sent to a band amplitude processing unit 146 where
the bands deemed to be UV are multiplied with the amplitude IAmlw
while the bandwidth of other bands deemed to be V are set to O.
The pand amplitude processing unit 146 is supplied with the
amplitude data, pitch data and the V/UV discrimination data.

An output of the band amplitude processing unit 146 is sent
to a ISTFT unit 147 where it is inverse STFTed, using the phase

of the original white noise as the phase, for conversion into



35 after tinme axis transformation, respectively. Meanwhile, O [err] n <
N[err]" and O [err] m< N2, with n and meach being a frane index with the
frame interval being e.g., 20 nsec. As descri bed above, 1 denotes the
nunber of harnonics. The above setti may be perforned after restoring

t he nunber of harmonics to aferr][n][l] corresponding to the r eal
nunber be ex

h | he I
(100 a3)  imar oPBEs 5 e‘%ﬁgaof‘*“nﬁHBBPtc8f§3§$"§qlosln#ﬂ;9‘”8 347, Pt ot or o
or after qe$%%%QQdQ¥tyh uqqudgkaplng un E q%%paﬁ% lgﬂ 1qngQ®ﬂ:é§u'on

circuit 4 sets the nu rames correspondi ng to e original time

l'ength to1bfteirrdxp1dfHd e t8eih i gk A R Ohn{ £ aqrmwﬁ@rrée&p@mwgaﬂdl the
post- change tinme length to N2. Then, at step S3, the period

nodi fi cat iaciad disr Ciltietr 24 eld WE-taXi §uﬁmﬁ)Té?S\8€$glﬁhﬁ1§p@reC|ﬂh9f tiner rglx itso £dhe

speed of Nerr]. That is, a ratio of tinme-axis conpression spd by the

peri od noéinkbddnBomesitecaiti od bs$ ftoend ragy iMaar rdnN[ieuplus wavefoFhen, Irat

step S4, the interpolation circuit 5 sets m corresponding to the

frame nunﬁ@ﬂSc@ﬁﬁ@%bonﬁh%gpqﬁﬂtﬁnqvﬁ(itﬂﬁ?doma?n waveform 1s produced by
synthesis. An output signal of the overlap-and-add unit 148 is
sent to the adder 14t.

If at least one of the bands in the block is voiced (VvV}, the
above—-mentioned processing 1is carried out 1in the respective
synthesis units 137, 138. If the entire bands in the block are
found te be UV, the changeover switch 44 has its movable contact
44 set to a fixed terminal b so that the information on the time
waveform of the unvoiced signal is sent in place of the pitch
informatioh to the inverse vector quantization unit 152.

That is, the vector dequantization unit 152 is fed with data
corresponding to data from the vector quantization unit 127 of
Fig.4. This data is inverse vector quantized for deriving data
for extracting the characteristic quantity of the unvoiced signal
waveform.

An output of the ISTFT unit 147 has the time—-domain energy
distribution trimmed by a power distribution shaping unit 156
before being sent to a multiplier 157. The multiptier 157
mu]ti§1ies the output of the ISTFT unit 147 with a signal derived

from the vector dequantization unit 152 via a smoothing unit 153.



time-axis index after tine-axis transformation to 2. Then, at step
S5, tHe fnterpolation circuit 5 finds two frames f[err] and f[err] and the
dif.ferences 'left and 'right' between the two frames f[err] and f[err] and
mspd. If the encoding paraneters P[egy], vu[err], a[err] and I[err] are
denoted as *, nod_ *[n] may be expressed by the general fornula

mod_*[m #nd (Mpidlgain changes which feel harsh may be suppresss@ byvaie 0
[err] m< N2. However, since mispd is not an integer, the nodified

encodi ng smpataimegeunitfosa. n spd is pr oduced by interpolation from
the two frames of f[err] = Lmspd and f[err] =f0 + 1. It is noted that,

bet ween the frame dyieirded rdapd angraie thuasmeynfthesrikedt he tzket i ont ast
shown in Fig.10, that is the relation: left = mspd-f[err]

right fEBRrinYg EgREA $ings synthesiFhairdricdditngnpasantt &p toe addpd 14

Fig.10, that is the nodified encoding paranmeter, is produced by )

interpolaVPSﬁeaEt is added to the signal from the voiced sound synthesis
unit 137 so that the LDC residual signals as the MBE synthesized
output is taken out at the output terminal 142.

These LPC residual signals are sent to the synthesis filter
35 of Fig.14 for producing anh ultimate playback speech sound.

The speech signal reproducing device 1 causes the modified
encoding parameter calculating unit 3 to calculate modified
encoding parameters under control by a controller, not shown, and
synthesizes the speech sound, which is the time—-axis companded
original speech signals, wifﬁ the_aid of the modified encoding
parameters.

In this case, mod__1w[m][i] from 'the modified encoding
parameter calculating unit 3 is employed in place of an output
of the LSP inverse vector quantization circuit 32. The modified
encoding parameter moq_jw[m][i] is employed 1in place of the
value of the 1inherent wvector dequantization. The modified
encoding parameter mod_1”{m][i] is sent to the LSP interpotlation
circuit 33 for LSP interpotation and thence supplied to the LSP
to-a-converting circuit 34 where it is converted into the a-
parameter of thé linear prediction codes (LPC) which is sent to

the synthesis filter 35.



shown,at step S6. The nodified encodi ng paraneter may be sinply found by
| i near interpol ation as nmod _*[n] = *[f[err]]xright + *[f[err]]xleft
However, if, with the interpolation between the f[err] and f[err] these
two franmes differ as to V/UV, that is i48 one of the two frames is V and
the other UV, the above general formula cannot be applied. Therefore, the
i nterpolation Gnrcbet Gtmodi hass, t heve nEgwieli caf émdrsl irgg t heremeodr ngod
parameters in connection with the voiced and unvoiced characteristics of
t hese tmoai,[rﬂalrfeisl fisersiippdrigd fipepipceasti hiok caterl i rostepe Sy offf thef
Fig. 11. Is first judged as to whether or not the_ two franes
flerr] aﬁHmPFér‘?T da%e apaVEEd 1o0VE 16pUiRvbited Theutp rmingisi 43 | 4§ Gdkd

that bot anes f[ ] and fler are_voiced . program
transfers Fo é%é m meﬁﬁ a ?|Wb£ dW&PéP@EQ?e T??éégikygiﬁerpolated and
e o1 g PAETRLSLS 5 SRRESEREE Bhocsy 1, g o
mod- a[ er r ha#hbhlic s 7ngk 88 d {15444 [édrwx@chus’f adl epLdtidpradididpd &fdta.
The synthesis circuit 45 is fed with mod_pm[m] from the terming]
43 via the changeover switch 44 depending upon the discrimination
data, while being also fed with mod_vuv[m] from the terminal 46.

By the above-described arrangement, shown 1in Fig.15, the
time axis companded originail speech signals are synthesized,
using the above modified encoding parameters, so as to be.
outputted at the output terminal 37.

Thus the speech signal reproducing device 1 decodes an ar. ay
of the modified encoding parameter mod_*{m] (0 £ m < N2) in place
of the inherent array *[n] (0 < n < Ni). The frame interwval
during decoding may be fixed as e.9g., at 20 msec as
conventionally. Thus, if N2 < Ny or Ny > Ny, time axis compression
with speed increase or time axis expansion with speed redﬁction
is done, respectively.

If the time axis modification is carried out as described
above, the instantaneocus spectrum and the pitch .remain unchanged,
so that deterioration is scarcely produced despite signhificant

modification in a range of from 0.5 <:spd

In

2.

With this system, since the ultimately obtained parameter



where,O [err] 1 [err] L. It is noted that L denotes the maxi num possi bl e
nunber that can be taken as harnonics, and that 'O is stuffed in
alerr][n][1] where there is no harnonics. |If the nunber of

harmoni cs differs between the franes fiorr] and f[err] the value of the
counterpart harnmpnics is assuned to be zero in carrying out interpo]ation.
| f befor e%éé@ﬁgést%?%@?ﬁ tﬁétﬁﬂnﬁ)‘éw%fad%h‘ad dohiverah o*rf”?ﬁfﬁtnt t"fféa‘h’lﬂﬁjer
of L may bc; &<e such as. a —43 E (r 1.2 [

addi ti on, R56Cri B’ éﬁE%Eﬂéd p&flnarréf’@rt ard’ atl o 1?85?%%’3?%0

moa | Lyl = abperd L el) i ar L9 rob Lot 1 (o] bt e ©

[err] i enot es 2r2ot "Lsp ah usual "10;
and ?@@dvq[n%rrre]a[s@i and decreabb 'msaynOE§d chdtiedl Q)u\{/ Wy the same
di scrim na 1 and O denote voiIced and unvoi ced (W), respectively.

If_ it is jpudge_dsahgs{;,eph@l_ﬂ. t had s OGN qch\t,h@.two franes fro and_f[err] IS
voiced (V), a judgnent simlar to that given at step S13, that is the
judgnment as toTwaet héve oFoniad-Meatdr dde doamsts fhey r bean@pfroeiucledaraet  a
unvoiced (W), is given. If the result of judgnment is YES, that is
i f both t@etero fwidtesthe eraavolteewd gp¥d. t he STier pohat POACcOi ragwl t theset s
Plerr] to a fixed val ue, and i
phoneme remain unchanged despite 1increased plavback speed, the
solid-recorded contents may be heard if reproduction is performed
at a higher speed. On the other hand, as for the speech cordec,
an ancillary operation, such as arithmetic operations after
decoding and outputting, as required with the use of the CELP
encoding, may be eliminated.
Although the modified encoding parameter calculating unit
3 is isolated with the above first embodiment from the decoding
unit 86, the calculating unit 3 may also be provided in the
decoding unit 6.
In calculating the parameters by the modified encoding
parameter calculating unit 3 in the speech signal reproducing

device 1, the interpolating operations on a, are executed on a

n
vector—-quantized value or on a inverse-vector-quantized value.

A speech sighal transmitting device 580 for carrying out the
speech signal transmitting method according to the present

invention is explained. Referring to Fig.18, the speech signal

transmitting device 50 includes a transmitter 51 for splitting



finds,aferr] and I[err] by | i near interpolation as follows:

38 mod_P[err][m = MaxPitch for fixing the value of pitch to a fixed
val.ue, such as a nmaxi num value, for the unvoiced sound, by e.g.,

MaxPi t ch=148; nod_alerr][nl[Il] = af[%rr][f[err]][l]xright +
alerr][f[err]][1]xleft where O [err] 1 < MaxPitch; nmod_I[err] [E][1]
= | [err] [ &Derriyerarjeeich ﬁsri'gghﬂ '-"mlt@rma} [ erelpRit] Xirétdomden ef Canfeg rgs | <
I; and nmod vul[err][m If both of the two f rames f[err]

and f[errfrife 3t eR oG A8t he hb“ptp‘% SEegsnt £aPRA Eran fthest epMg[ R3S viitdre it
dged _ whet h th f. f d nd the f

unvot cad TLORMS. | ERCoRdnBoe 4 Y Sa agmant T & ke ¥ ey | R8¢ SHIT e,

f [ ' d f t
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frame f[%rraksanwwe'ﬁ%dmo(j% engnw&rﬁéaﬁrafn{eeﬁerrls 'TﬁeVQbé?@gh(w nahhe

program transfers to step S he processing of step S16 f gf

refers totrBAsRASESNnYINESEide 50 also includes a receiver 56 for receiving
the modified encoding parameters and for synthesizing the sine
wave and the noise.

That is, the transmitter 51 1includes an encoder 53 for
splitting the input speech signal in terms of pre-set time-domain
frames as units and encoding the input speech signal on the frame
basis for extracting encoding parameters, an interpolator 54 for
interpolating the encoding parameters for finding the modified
ehcoiing parameters, and a transmitting unit 55 for transmitting
the modified encoding parameters. The receiver 56 includes a
receiving unit 57, an interpolater 58 for interpolator 58 for
interpotlating the modified encoding parameters, and a decoding
unit 59 for synthesizing the sine wave and the noise based upon
the interpolated parameters for outputting the synthesized speech
signals at an output terminal 60.

The basic operation of the encoding unit 53 and the decoding
unit 59 is the same as that of the speech sighal reproducing
device 1 and hence the detailed description thereof is omitted

for simplicity.

The operation of +the  transmitter 51 1is explained by



the tyw franes flerr] and f[err] differ as to V/UV, that is, wherein one
of the franmes is voiced and the other unvoiced. This takes into account
the fact that paranmeter interpolation between the two frames f[err] and.
flerr] differing as to V/UV is of no sBdnificance. In such case, the
paranmeter value of af rame closer to the tinme nlispd is enployed

wi t hout peefferming it etpel dtliomghart of Ffigthé fimanghiger rfhe | engod tewl

(V) and the frane f[err] unvoiced (UV), the programtransfers to step S16
where t heo®eradigp by| &pg' encoding unit 53 and the interpolation by thg (=

mspd - f[. ‘right' (= f[e -, m spd h in Fig. 10

coigared tg&é%§ﬁqggﬂé£%gTﬁfg(%ﬂéggéglﬁF]%d%ﬁﬁ%istgmgelSiv;g as a;g.mhich
of the frames HL\%rELcé‘Q?né[Sﬁf{ IS 1058 &Q W3RYsng [0FanEPELLT £Gye
encodi ng paraneters are cal cul ated Using Yhe Varlies e PRe paraneters of

the frame g qser 40 mspdy ech, WUWSHBEQH' b 0T tlepdIERNL Ay Sé@p] Stlﬁgitsi .

YES, it is 'right' that is larger and hence it is the frame f[err
further frmemtidispe., Thise t hgs nodhteedodngedi Nn@gnpar 3 irgngake fpndrps

step S18 using the paraneters of the frame f[err] closer to mspd as
interpolator 54 at step 831 and quantized at step S32, while the
pitch Pch, V/UV and am are interpolated and rearranged at step
834 and quantized at step S$35. These quantized data are
transmitted via the transmitter 55 to the receiver 56.

The quantized data received via the receiving unit 57 at the
receiver 56 is fed to the 1interpolating unit 58 where the
parameters are interpolated and rearranged at step $36. The data
are synthesized at step $37 by the decoding unit 59.

Thus, for increasing the speed by time-axis compression, the
speech signal transmitting device 50 interpolates parameters and
modifies the parameter frame interval at the time of
transmission. Meanwhile, since the reproduction 1is performed
during reception by finding the parameters at the fixed frame
interval, such as 20 msecs, the speed control algorithm may be
directly employed for bit rate conversion.

That is, it is assumed that, if the parameter interpolation
is employed for speed control, the parameter interpolation is
carried out within the decoder. However, if this processing is

carried out within the encoder such that time-axis compressed



fol | oys: nod_Plerr][nl = Plerr][f[err]] nod_alerr][n[I] =
aferr]Tf[err]][I] (where O [err] 1 <L) nmod_[err][m][i]=

| sp[f[err]][i] (where O [err] i <L nod _vul[err][m =1 If the
result of judgnent at step S16 is NO |&Z [err] right, and hence t he
frame flerr] is closer to nmispd, so the program transfers to step S19

where the (RiclcGaits deda d Z@de h o ¥ed U P REime - 421 G Xherdear Rt €F So fHred he
frame flerr] the nodified encoding paranmeters are set so that

nod_p[ err Jgmithe degdi¢ch the tranodsa[ienr bfi o rata[may Jbef padiupltpd] atwere 0
[err] 1 < MaxPitch/2) mod_|l [err][m[i] = I[err][f[err]][i] (where O
[err] i <9pd ratio. ppd vu[err][n] =0 Then, at step S17, responsive

to the judgnent_ at step S15 that the two franes flerr] and f[err] are
unvoi ced (V) &ﬁdt@6| @nevyss1on rate is e.g. 1.975 kbps and encdoding 40

respective o A JUHIETL | £, MEn 10 2, TRNEL SR 18, Uik a5, 510
since encodxng is carried out at a speed of § seconds instead of
at the inherent speed of 10 seconds, the transmission rate
becomes 1.975x0.5 Kbps.

Also, the encoding parameters obtained at the encoding unit
53, shown at A in Fig.18, is interpolated and re—arranged by the
interpolator 54 at an arbitrary interval of e.g., 30 msecs, as
shown at B in Fig.18. The encoding parameters are interpolated
and re-arranged at the interpolator 58 of the receiver 56 to 20
msec as shown at C in Fig.18 and synthesized by the decoding unit
59. |

If a similar scheme is provided within the decoder, it is
possible to restore the speed to an original value, while it is
also possible to heér the speech sound at the high or low speed.
That is, the speed control can be uséd as variable bit rate

cordec.



and the paraneter value of the frame closer tot ' i used.
If the result of judgnent at step S17 is YES, th j “HE'"I ﬂﬂ FHMM m zed
i nwvalue at step S20 and, using the paraneters fors L ame

fl[err] for the remaining paraneters33 the nodified encoding paraneters

are set so that nod_p.[err][m = MaxPitch nod_aferr][n[1]
aferr] [f[quaF] E§]cintwes Ps{err] 1 < MaxPitch) mod_| [err][m[i] =
| Terr][f[err]][i] (where O [err] i < 1) nod _vu[err][m =0 | f

t he resul tiafimj udganemnttabdstep Bdgrbaudhgsamcenpet tspesch syt , based
hence the franme f[err] is closer to mspd, the program transfers to step
S21 wher egnwethotiheg apdrahethes pdebeetensd foy dihedimanthé| enpdt sheech
nodi fi ed encoding%g%raneters are set so that mod_Plerr][nm =

1

Pch[f[errpignal _B{&reg (MY 119 Prg@tgPrinead |eneth phébe diperajia <
L nmod-1[err i] = I1Jerr][f[err i].(where O [err] | <L) .
n%d_vu[erPPFmJ*:%AJJQJAJIBh?LFEDh%J%ﬁﬁgééég?éﬁ%}pBPaﬁkﬁn%ﬁ%mﬁn?gﬁ‘s'
perfornms different k terQoIatipg operations at step S6 of Fig.9 depending
upon the PeMRLi' S ot Fﬁesv%?ﬁe%l (V) and unvoiced (UV) characteristics

between  the ;twa  (i3iRsg {AETEdcodWy dd&idter Al Qtermine modified

en?oding parameters associated with desired time points; and
generating a modified speech signal different in rate from
the 1input speech signal based on the modified encoding
parameters.
Claim 2. The method for reproducing an input speech signal as
claimed in claim 1 wherein the modified speech signal is produced
by at least synthesizing sine waves 1in accordance with the
modified encoding parameters.
Claim 3. The method for reproducing an input speech signal as
claimed in claim 2 wherein the parameter period is changed by
compressing or expanding the parameters before or after the
interpolation.
Claim 4. The method for reproducing an input speech signhal as
claimed in claim 1 wherein the interpo]atioﬁ of said encoding
parameters is performed by 1linear interpolation of 1linear
spectral pair parameters, pitch and a residual spectral envelope
contained in the encoding parameters.

Claim 5. The method for reproducing an input speech signal as



termnpation of the interpolating operation
41 programtransfers to step S7 where mis |ncr m1lﬂmullmgratl ng
steps of the steps S5 and S6 are repeated unti | ec val ue 0 econes

equal to Nerr]. In addition, the §equence of the short-termrns for

the W portions is usually enpl oyed for noise gain control. However, this

par anet er dig itRiehiR §€4ih 0 hherein tﬁeeefa@@aﬁﬁgmr%fmett@asmebal gdle eagali Ng
parameter calculating wunit 3 is schematically shown in Fig.12. The

nodel of ddramearcedi agtpatibndd ens extpastedt ever whd0 treecs byrébdec enewdi ng
unit 2 is shown at Ain Fig.12. The period nodification circuit 4 of the
nodi fi ed grecodiuag spaf athet 6npedl spkathngiamit a3 She syfidesjaridodinte d&versecs
and effect conpression along tinme axis, as shown at b in Fig.. 12. The
nodi fi ed @fcbdNSgnpasantrery sherd iasg tige| hrEgeney specddrdull af eEmalyieme

I nt er pol atlng eration conform ng to the V/UV states of the two franes
flerr] and’f[eércle] ofadhepsy(ithasi g Expliap negve and the nois

Claim 6. An apparatus for reproducing a speech signal in which
an input speech signal 1is regenerated based on encoding
parameters determined by dividing the input speech signal into
frames having predetermined length on the time axis and by
encoding the input speech signal on the frame basis, comprising:

interpolation means for interpolating the encoding
parameters to determine modified encoding parameters associated
with desired time points; and

epeech signal generating means for gdenerating a modified
speech signhal different in rate from the input speech signal
based on thé¢ modified encoding parameters.
Claim 7. The speech signal generating apparatus as claﬁmed in
claim 6 wherein said speech signal generating means denerates
said modified speech signal by at least synthesizing the sine
wave in accordance with the modified encoding.parameters.
Claim B. The speech signal generating apparatus as claimed in
c¢laim 7 further comprising period changing means at upstream or
downstream of said interpolating means for .compressing or
expanding the parameters to change the parameter-periods.

Claim 9. The speech signal generating apparatus as claimed in



It is_ also possible for the nodified encoding paraneter calculatlng 3
to reverse the sequence in which the operati onﬁumu HH“ difi cat | on
circuit 4 and the interpolation circuit 5 are is to
carry out interpolation of the encoding paraneters shomn at Ain Fig.13
as shown at Bin Fig.13 and to carry oubSconpression for calculating the
nodi fi ed encodi ng paraneters as showmn at Cin Fig.13. The nodified

di fi | | at
ot SCar LT el tenbhE hocahThg L FRAEPA W RREAIE! Sle Gl A4l

42 6 shoyptbPpbh Gt lodhendecOdifld hEEYh16 Wt hesi zestd e, ShRechWauRs and
t he noi se based upon the nodified encoding paraneters and outputs the

synt hesi zedssauatl §ted teaVehpetiober BbNBLiRddd in the ¢hecdesodhamidrsd 1S

explained by referring to Figs.14 and 15. It is assuned for explanation
sake that Cithm paraffbeesseesbppi gmall t gpehbipa iocwdapa atius Gaaral aisnead in
encodi ng paraneters. Referring to Fig.14, a vector-quantized out put

of the LSP1a‘@o§r¥ﬁﬁﬁﬁﬂﬂ ﬁ@et6”9ﬁé168t®®[amﬁtQWﬁa%&ﬂqﬂaﬁ&lSQShoﬁaFaﬁﬁﬁ?eruu
S
determined by representing snort-term prediction residuals of the

input speech signal as the synthesized sine wave and the noise
and by encoding the frequency spectral information of each of the
synthesized sine wave and the noise.
Claim 11. A method for transmitting speech sighals comprising the
steps of;
determining encoding parameters by dividing an input speech
signhal into frames having predetermined length on the time axis
and by encoding the input speech signal on the frame basis;
interpolating the encoding parameters to determine modified
parameters associated with a desired time point; and
transmitting the modified encoding parameters.
Claim 12. The method for transmitting the input speech signail as
claimed in claim 11 wherein the encoding parameters used are such
parameters determined by representing short—-term prediction
residuals 6f the input speech signal as the synthesized sine wave
and the noise and by encoding the frequency spectral information

of each of the synthesized sine wave and the noise.



the sg-called index, is supplied to a term nal 31. Thi s input signal
is supplied to an inverse LSP vector quantizer 32 for inverse vector
quantization to produce |ine spectral pair (LBP) data which is then
supplied to an LSP interpolation CI uit 33 for LSP interpolation. The
resulting inter poI at ed data is conver d by an LSP to a conversion circuit

32 into rediction co LP These
a par arrle'?l'ng"ii{l %‘%&’fﬁ}g N§SP (SF&‘J&IlSerm nal 41 of

ere |s supp |ed I ndex melghted vect or quanti zed code
word of the spectral envel ope (AM correspondl ng to the output at a
term nal 285™HAGThe encoder shown in Fig.3. To a termnal 43, there

are supplied the pitch information fromthe term nal 28 of FI% 3 and

data indi cati r@‘t%’é“‘?:’rfaqaﬂ‘e?l%ti’@:"q@aﬁtﬁt’?e%’f‘ fhen%iﬁepv\a\’/b%ﬁ’ i 8Rin a
UV bl ock, . whereas there is su

di scri mi nhPP%h thaft"H orln0 (‘ai‘g]? %ﬁﬂ‘?eszfrkﬂ‘ epcgags BRe! & "r‘h‘g c{/ec‘tgcﬂa1q$‘u§r(1‘t| zed |
data of tgﬁ an h%qu fE8m1u¥%ut enc%%lu%npﬁrameﬁa ?OPUCh as line 43

t erm nal to an |1 nverse 'vect or ZEer
spectral pair (LSP) parameters, pitch, voiced(V)/ unvoiced (UV)

or spectral amplitude Am. The modified encoding parameter
calculating unit 3 interpolates the encoding parameters for
calcpiating modified encoding parameters associated with desired
time points. A decoding unit 6 synthesizes sine waves and the
noise based upon the modified encoding parameters and outputs
the synthesized speech signals at an output terminal 37. Speed
control can be achjeved easily at an arbitrary rate over a wide
range with high sound quality with the phoneme and the pitch

remaining unchanged.

FIGURE 1



i nversg vector quantization. The resulting spectral envelope data are
sent to a harnonics/ noise synthesis circuit or a nulti- band excitation
(MBE) synthesis circuit 45. The synthesis <circuit 45 is fed with
data froma termnal 43, which is swtched by a changeover switch 44
between the pitch data and data i ndi catig a characteristic value of the
waveformfor the UV frane in dependenc / %on the V/UV discrimnation data.
The synthesis circuit 45 is also fed with VUV discrimnation data from

the term nal '46. The arrangenent of the. MBE synthesis circuit, as an
illustrative arran P of the synthesis circuit 45 wll be subsequently
expl ained by referring to Fig.15. Fromthe synthesis circuit 45 are

taken out LPC residual |data corresponding to an output of the inverse
filtering circuit 21 of Fig.3. The residual data thus taken out is sent
to the .synthesis circult 35 where LPC synthesis s @arcLied out to produce
time wavef orm dat & wWnr cl |tered by a postB¥iWtew 3§ so that

r epr oduced t&onf;i)mi gavef ofm signal s are takenjouty aty the output

term nal 37. An kg ustr tive exanple of @n EOsyd hesis circuit, as
an exanple of the syrg@asis ircuit 45, is explailneq by referring to
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Referring to Fig.15, spectral envelope data fromthe inverse vector

quanti zer 42 of Fig.14, in effect the spectral envel ope

44 +data of the LPC residuals, are supplied to the input termnal 131.
Data fed to the terminals 43, 46 are the same as those shown in Fig.14.
The data supplied to the termnal 43 are selected by the changeover sw tch
44 so that pitch data and data indicati&gl5characteristic quantity of the
W waveformare fed to a voiced sound synthesizing unit 137 and to an

i nverse vector quantizer 152, respectively. The spectral anplitude

data of the LPC resz ual s fron1the termnal 131 are fed to a nunber of
dat a back-converp ixcuit 136 for back inversion. The nunber of data
back-i nversion c ﬁéﬁl 136 perfornsgback conversion which is the reverse
of the conver$ipn t he ﬁynbég of data conversion unit 119.
The resulting -drfpﬂz d @ the v0| cedgsound synthesis unit 137
and to an lmwfd?cedg |§ t %‘@—&N Theop4~LtCh data obtai ned from
the term nal 43 fixed term nal fa off the N
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changeover switch 44 is fed to the synthesis units 137, 138. The V/ W/
discrimnation data fromthe termnal 46 are also fed to the synthesis
units 137, 138. The voi ced sound synthesis unit 137 synthesizes the
time- domain voiced sound waveform by e.g., cosine or sine wave
synthesis, while the unvoiced sound synthesis unit 138 filters e.g., the
white noise by a band-pass filter to sgptlbesi ze a tinme- domain non-voiced
wavef orm The voi ced waveform and the non- voiced waveform are sumed
toget her by an adder 141 so as to be taken out at an output term nal 142.

45 If the VUV code 4s transmttegd as the V/ UV discrimnation data,
the entire bands can be di% d at S demarcation point into a voiced
(V) region and an ufivorcgd ( regijon and band- based V/ UV discrimnation
data may be obt apmetd—tags onf t his ederareat+en—poeint. |If the bands are
degraded on the ganalgysi}s oder) (B de to a comsfant nunger of, e.g., 12
bands, this Re,lg,g‘a& I dn chn¢® ed for provifing a%%yi ng nunber of
5N N gn
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bands with a bandw dth corresponding to the original pitch. The
operation of synthesizing the unvoiced sound by the unvoiced sound
synthesis unit 138 is expl ai ned. The ti nme-domai n white-noi se signal
waveformfroma white noise generator 143 is sent to a windowi ng unit 144

for window ng by a suitable wi ndow ng function,
i%ﬂles.

wth a pre-set length of e.g., 256 s

such as a Hanm ng w ndow,
The w ndowed si gna

waveformis then sent to a short-term Fourier transform (STFT) circuit 145

for STFT for producing the frequency-donai n power

spectrum of the white

noi se. The power spectrumfromthe STFT wunit 145 is sent to a band
anplitude processing unit 146 where the bands deened to be UV are

whi |l e the bandw dt h of ot her
bands deened to be V are set to 0. The band anplitude processing unit 146
data and the V/ W

multiplied with the anplitude [err]Anferr]

is supplied with the anplitude data, pitch
di scrim nati on data. An out put of the
146 is sent to a | STFT unit 147 where it
phase of the original white noise as thd
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46 tinme-domain signals. An output of the ISTFT unit 147 is sent via a
power distribution shaping unit 156 and a nultiplier 157 as |later
expl ai ned to an overl ap-and-add unit 148 where overlap-and- add is
iterated with suitable weighting on the tinme axis for enabling restoration

of the original continuous waveform In_this manner, the continuous
ti me-domai n waveformis produced by s?dﬂﬁe5|s An output signal of the
overl ap-and-add unit 148 is sent to the adder 141. If at | east one

of the bands in the block is voiced (V), the above-nentioned processing is
carried out in the respective synthesis units 137, 138. If the entire
bands in the bl ock e f , the changeovdgr ? has its
novabl e contact 44 set1d®l-a ' : ?he In t| on on
the time wavefor pbaqetgv the pitch
information to thesAf\yers That is,
the vector dequanti D& I o t 152 is fed with data correspondlng to data
i unit 127 of Fig.4. Thi|ls data is inverse

data for extracting the,c | ShhC
nal waveform ﬂPpE@hgﬁhﬁigab}TFT

is sent in

vector quantized forXderi vj
gquantity of the unvoice i
unit 147 has the tine-d

o 1 1 i i

—= FREQUENCY

FIG.6
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distribution trinmred by a power distribution shaping unit 156 before being
sent to a nultiplier 157. The multiplier 157 nmultiplies the output of
the* | STFT unit 147 with a signal derived fromthe vector dequantization
unit 152 via a snoothing unit 153.

47 The rapid gain changes which feel harsh may be suppressed by the

snoot hing unit 153. The unvoi ced &6thd signal thus synthesized is
taken out at the unvoiced sound synthesis unit 138 and sent to the adder
141 where it is added to the signal fromthe voiced sound synthesis unit
137 so that the LDC residual signals as the MBE synthesized output is

taken out at the output term nal 142. These LPC residual signals are
sent to the synthesis filter 35 of Fig.14 for producing an ultimte
pl ayback speech sound. Thenspeech signal reproduci ng device 1 causes

the nodified encoding paraneter®¥cal culating unit 3 to calculate nodified
encodi ng paraneters under contr by a controller, not shown, and
synt hesi zes the speech sound, mﬂ;ch is %?e ti me-axi s conpanded
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original speech signals, with the aid of the nodified encoding paraneters.
In this case, nod 1[err] ,[mM[i] fromthe nodified encoding paraneter
caleulating unit 3 is enployed in place of an output of the LSP inverse
vector quantization circuit 32. The nodified encoding paraneter
nmod_1[err][n](i] is enployed in place of the value of the inherent vector
dequanti zation. The nodified encoding7gdBanmeter nmod__I[err][m[i] is sent
to the LSP interpolation circuit 33 for LSP interpolation and thence
supplied to the LSP to-a-converting circuit 34 where it is converted into

the a- paranmeter of the linear pr odes (LPC) which is sent to
the synthesis filter 35. START 48 On
the other hand, the nodified enco ter nod aferr][m [1] is

supplied in place of the output or the gnput of the nunber of data
conversion circuit 136. The termnals 43,46 ar ed.with nod_p[err][m
and with nod_vu[err][nml, respeENCQRDING PARAMETER nogli fi /d .encodi ng
parameter nod a[err][m[1] iis s®@N ovyviRlan(Billly i ckrnot'se synt hesis
circuit 45 as spectral envellope denlBllil SUPPLIED '

- SET ORIGINAL TIME
LENGTH TO N1t AND |} 52
SET MODIFIED TIME

LENGTH TO N2

spd=N2/Ny1 |—S3

4

fro = Lm/ spdj, |_—S5

left =m/spd - fro
fri =fro+ 1

right=fri-m/ spd

]

INTERPOLATE |56

m=m+1 —S7

YES

FIG.9



The synthesis circuit 45 is fed with nod-P[err][n] fromthe termnal 43
via the changeover switch 44 dependi ng upon the discrimnation data, while
being also fed with nod vu[err][m fromthe term nal 46. By the
above-descri bed arrangenent, shown in Fig.15, the time axis conpanded
original speech signals are synthesized, using the above nodified encoding
parameters, so as to be outputted at tdElDutput terminal 37. Thus

t he speech signal reproducing device 1 decodes an array of the nodified
encodi ng paraneter nod_*[n] (O[err] m< N2) in place of the inherent
array *[n] (O [err] n < Nerr]). The frame interval during decodi ng may
be fixed as e.g., at 20 nsec as conventionally. Thus, if Nerr] < Nerr]

or NJerr]> Nerr], tine axis conpression wth speed increase or tine axis
expansion with speed reduction is done, respectively. If the tine
axis nodification is carried out as described above, the instantaneous
spectrum and the pitch remai n unchanged, so that deterioration is scarcely
produced despite significant nodification in a range of fromO0.5 [err]:spd
[err] 2. Wth this system since the ultinmately obtained paraneter

Py .

fro m/spd fr1

FIG.10



49 string is decoded after being arrayed with an inherent spacing of 20
nmsec, arbitrary speed control in the increasing or decreasing direction
may be realized easily. On the other hand, speed increase and decrease nay
be carried out by the same processing wi thout transition points.

Thus the solid-recorded contents may be_reproduced at a speed tw ce the
real -time speed. Si nce the pitc%/gﬁ the phonene remai n unchanged
despite increased playback speed, the solid-recorded contents may be heard

i f reproduction ig performeth at a higher speed. On the other hand, as for
§FTA§TC| | lfary operation, such as arithnetic operations

t he speech corded
after decodi ng and—ot ng, as requi red with the use of the CELP
encodi ng, may be elim at ed. i Al t hough the nodified encodi ng paraneter
cal culating unit S (?\Aﬁth t he above first enbodinent fromthe
decodi ng uni vEEIRY | S Nag NOD t 3 may al so be provided in the
decodi ng unit "6 1116al ting the parameters by the_nodified
encodi ng paranete Wmt 3 in the speech S pr oduci ng

[ [ I ng opgyations on afer

S

Y
LINEARLY
INTERPOLATE
ALL PARAMETERS
SET pch TO A FIXED
VALUE AND LINEARLY
INTERPOLATE am AND Isp
- |
Si5
vuv[fro]=1
ND NO
vuv[fri]=0?
NO left<right?
USE fro SIDE
S i9 PARAMETERS
y
)
MAXIMIZE PiTCH S8
VALUE AND USE fr1
SIDE PARAMETERS
- L]
Sl7
NO left<right?
MAXIMIZE PITCH
AND USE fro
S2i SIDE PARAMETERS
: s
USE fr1 SIDE S20
PARAMETERS
- ¥
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vector-quantized value or on a inverse-vector-quantized val ue. A
speech signal transmtting device 50 for carrying out the speech signal
transmtting nmethod according to the present invention is explained.
Referring to Fig.16, the speech signal transmtting device 50 includes a
transmtter 51 for splitting 50 an
i nput speech signal in terns of pre-setl@fk®-domain franes as units and
encodi ng the input speech signal on the frane basis for finding encoding
par anet er s, interpolating the encoding paraneters to find nodified
encodi ng paraneters and for transmtting the nodified encodi ng paraneters.

The speech signal transmtting device 50 also includes ajreceiver 56 for
receiving the nodified encoding jparaneters and for synthgsi zi ng¢t he sine
wave and the noi se. That i, the transmitter |51 indludes 4n encoder
53 for splittiﬁghi e inp L_sﬁ signal in ternsgof pre-[set_ti@ge-domain
frames as units{and encpdj g the |i nput speech signa on tﬁp {Fa basi s
for extracting ¢nc ngl pdranef erfs, an interpol atog 54 for]\ inNtenpol ating
t he encodi ng pana s| fdr fipdijng the nodified \\L
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encodi ng paraneters, and a transmtting unit 55 for transmtting the
nodi fi ed encodi ng paraneters. The receiver 56 includes a receiving unit
57,~an interpolator 58 for interpolator 58 for interpolating the nodified
encodi ng parameters, and a decoding unit 59 for synthesizing the sine wave
and the noi se based upon the interpol ated araneters for outputting the
synt hesi zed speech signals at an outputl Végnlnal The basic
operation of the encoding unit 53 and the decodlng unit 59 is the sane as
that of the speech signal reproducing device 1 and hence the detailed
description thereof is omtted for sinplicity. The operation of
the transmtter 51 1is explained by

51 referring to the flowhart of Fig.17 in which the .encoding
operation by the encoding unit 53 and the interpolation by the

interpolator 54 are collectively shown. The encoding unit 53 extracts
t he encodi ng paraneters made up of LSP, pitch Pch, V/UV and am at steps

S31 and S33. I n
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particular, LSP is interpolated and rearranged by the
interpolator 54 at step S31 and quantized at step S32, while the pitch
Pch, V/UV and amare interpolated and rearranged at step S34 and
guantized at step S35. These quantized data are transmtted via
the transmtter 55 to the receiver 56. The quantized data received
via the receiving unit 57 at the recel9él®s56 is fed to the i nterpol ati ng
unit 58 where the paraneters are interpolated and rearranged at step S36.
The data are synthesized at step S37 by the decoding unit 59. Thus,
for increasing the speed by tine-axis conpression, the speech signal
transmtting device 50 interpol ates paramgfers and nodifies the paraneter
franme interval at the tine of transm’gST g Meanwhile, since the
reproduction is performed during receplion by finding the paraneters at

the fixed frame interval, sufh as Cs,” the spepd control algorithm
may be directly enployed for|bit rate conver§Ton, 1~ —~"ThHat is, it is
assumed that, if] rametef intefpolation lis enplpy¢daior speed
control, the RarpmZerjinterpplatidn is carried jouiow | hi¥ t he decoder.
However, if tHis) prf}_’eces»si ng ig carried out vy%thi n E@ ¢ncaoder such that
tinme-axis conpregsan i u> '
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52 (decimated) data is encoded and tine-axis expanded (interpol ated) by
the décoder, the transmission bit rate may be adjusted at the spd ratio.
If.the transm ssion rate is e.g., 1.975 kbps and encoding is perforned at
t he doubl e speed by setting so that spd=0.5, since encoding is carried out
at a speed of 5 seconds instead of at tg«s;;_)_L i nherent speed of 10
seconds, the transmssion rate bec ~1.975x0.5 kbps. Al so, the
encodi ng paraneters obtained at the encoding unit 53, shown at Ain
Fig.18, is interpolated and re-arranged by the interpolator 54 at an
arbitrary interval of e.g.,530 nsec as shown at B in Fig.18. The
encodi ng paraneters are inter e and re-arranged at the interpol ator
58 of the receiver 56 to 20 nEET dnghomn at Cin Fig.18 and synthesi zed
by the decoding unit 59. | f Sgssi mi lfar schene is provided within the
decoder, it is possible to réstor§§§he spgeed to an original value, while
=17

it is also possible to hedb_tlhe s ch sgund at the high or |ow speed.
That is, the speed control "can be d as jvariable bit rate cordec.
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53 WHAT IS CLAIMED IS: Caim1. A nethod for reproducing an input speech
signal’ based on encoding paraneters deternined by dividing the input
speech signal into franes having predeterm ned |length on the tinme axis

and by encoding the input speech signal on the frane basis, conprising the
steps of: interpolating the encoding paraneter to determ ne nodified
encodi ng paraneters associated with degigmad ti ne Points; and

generating a nodified speech signal different inrate from the input
speech signal based on the nodified encoding paraneters; and.

the nodified speech signal is produced by at |east synthesizing sine waves

in accordance with the nodified co |ng par anet ers. Caim2, The nethod
for reproducing an i nput speech igrﬁﬂ"A 13 ‘

]
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claimed in claim1, wherein the paraneter period is changed by conpressing
or g}panding the paraneters before or after the interpolation. CaimS3.
The net hod for reproducing an i nput speech signal as clainmed in claim1l
wherein the interpolation of said encoding paraneters is perforned by

. linear interpolation of linear spectral pair paraneters, pitch and a

" residual spectral envel ope contained i h3fh® encodi ng paraneters. Caim4.
The net hod for reproducing an input speech signal as [err]

54 claimed in claim1 wherein the encodi ng paranmeters used are such
paranmeters determ ned by representing short-termprediction residuals of
the i nput speech signal as the synthesized sine wave and the noise and by
encodi ng the frequency spectral information of each of the synthesized
sine wave and the noise. Caimb5. An dpparatus for reproduci ng a speech
signal in which an input spegch - '$nal [ regenerated based on
encodi ng paraneters deternineiIby i vifdi ng t he i nput speech signal into

—

-
T
T

20msec~l
30msec

20msec

lt.‘_
Py
-
e
|
A
ﬁ
a®

INTERPOLATION
INTERPOLATION

FIG.18A
FIG.18B
FIG.18C



frames having pred I h on the time axis and by encodittg-~tire .
i nput speechisi gr\ﬂi“ﬁr“@lm“‘\i \basi S, conpri sing: I nt er pol ati on
means - for i nt I"aging  sthe encodi ng paraneters to determ ne
nodi fi ed encodi ng paraneters associated  with desired tine points; and
speech signal generating neans for gesa@rating a nodified speech signal

different in rate fromthe i nput speech signal based on the nodified

encodi n r LS ueand o . sai d speech signal generating
means g Hgsaggghﬁggﬁ nggrfied speech signal by at |east synthesizing the

Sine  WRYG;hn 1aCRAORAARGG Wdih {415 Sl {48 NRAh N0 PAEAREL Fhfiay Fadle® O

The speech signal generating apparatus as clainmed in ¢ ur t her

CONPr i SbRJeRBHUI A GC PAIGIRTET JTRA: B rrVitidd BN OTv i SV Sth&aThPht Saipdech
i nterpol ati ng nmeans for conpressing or expanding the paranmeters to change

the parafghen patoodsame€l abmiig phredereeminedgnahgganenathsg tapeanylids as ..
ClalnEdakg by encoding the input speech signal on the frame bésis.
comprising the steps of:
interpolating the encoding parameter to determine modified
encoding parameters associated with desired time points; and
generating a modified speech signal different in rate from

the input speech signa] based on the modified encoding

parameters; and-’

the modified speech signal is produced by at least
synthesizing sine waves in accordance with the modified encoding

parameters.

Claim .2, The method for reproducing an input speech signal as
claimed in claim 1, wherein the parameter period is changed by
compressing or expanding the parameters before or after the
interpotlation.

Claim3. The method for reproducing an input speech signal as
claimed in claim 1 wherein the interpolation of said encoding
parameters 1is performed by linear interpolation of. linear
specﬁrai pair parameters, pitch and a residual spectral envelope
contained in the encoding parameters.

Claim 4. The method for reproducing an input-: speech signal as
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[err] | 55 claimé®6 ' i .
i nt et pol ati ngd neans perform i near interpolationl , ﬂﬂ H Eﬂ ﬂal pair
paranmeters, pitch and residual spectral envel ope'y B e

encodi ng paraneters. Caim8. The speech signal generating apparatus as
claimed in claim®6 wherein the encodingsﬁaraneters used are such
paraneters determ ned by representing short-term prediction residuals of

the inpul spgRE i# @13lina% WREr SYRL PRSI 205 &1 A piasmeted d he dWpiss, and by

encodi ng the frequency spectral information of each of the synthesiZzZe

si ne wave paitéridi® Moi s terfiael YyA &S Fosed Oingd r @RSt ttleeh SRR} 1! S
conprising the steps of; determ ni ng encodi ng paraneters by dividl ng:

an i nput geedciuals gfakhéntrepd t apese dtadinma)ir adettes ymathdseingid oihd Rgvd me
axis and by encoding the input speech signal on the frame basis;
i nt er pol atéingg thieeneisedand praremeading tthaldireavens ynsdetited 1 parfaretaarion
associated with a desired tine point; and .
of each of the synthesized sine wave and the noise.
Claim_ 5. An apparatus for reproducing'a speech signal in which
-an  input speech signal is regenerated based on encoding
parameters determined by dividing the input speech signal into
frames having predetermined length on the time axis and by
encoding the input speech signal on the frame basis, comprising:
interpolation means for interpolating the encoding
parameters to determine modified encoding parameters associated
with desired time points; and
speech signal generating méans for generating a modified

speech signal different in rate from the input speech signal

based on the modified encoding parameters; and

.said speech signal generating means generates
said modified speech signal by at least synthesizing the sine
wave in accordance with the modified encoding'parameters.
Claim 6. The speech signal generating apparatué as-chimed in
claim § further comprising period changing means at upstréam or
dowgsfream of said dnterpolating means for .compressing or
expanding the parameters to change the parameter periods.

Claim 7. The speech signal generating apparatus as claimed in

——
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transm t:ting the nodified encod Clainferr]. The nethod for
transmtting*the input speech s mmmllgm mﬂHQ!i in claim9 wherein the
encodi ng paraneters used are suckh ¢aranetess eeterm ned by representing
short-termprediction residuals of the input speech signal as the

synt hesi zed sine wave and the noise and by encodi ng the frequency spectrak
information of each of the synthesized ggne wave and the noi se.

-~

claim 6 wherein said interpolating means perform 1linear
interpelation on linear spectral pair parameters; pitch and
residual spectral envelope contained in the encoding parameters.
Claim 8. The speech signal generating apparatus as claimed in
claim 6 wherein the encoding parameters used are such parameters
determined by representing short—term prediction resi&ua]s of the
input speecﬁ signal as the synthesized sine wave and the noise
and by encoding the frequency spectral information of each of the
synthesized sine wave and the noise.
Claim 9. A method for trensmitting speech signals comprising the
steps of;

determining encoding parameters by dividing an input speech
signal into frames having predetermined length on the time axis
and by encoding the input speech signal on the frame basis;

interpolating the encoding parameters to determine modified
parameters associated with a desired time point; and

transmitting the modified encoding parameters.
Claiml0. The method for transmitting the input speech signal as
claimed in claim 9 wherein the encoding parameters used are such
parameters determined- by representing short—-term prediction
residuals of the input speech signal as the synthesized sine wave
anq_the noise and by encoding the frequency spectral information:

of each of the synthesized sine wave and the noise.
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