1 TITLE OF THE | NVENTI ON Speech Decodi ng Method and Apparatus BAREROUND oF
STHE I NVENTION Field of the Invention This invention relates to a“f2thod and

apparatus for decodi ng an encoded signal obtained on

orthogonal -transform ng an input signal. Description of the Related Art
“There have hitherto been known a variety of encoding nmethods in which audio
si gnals i ncl usive of speech signals and acoustic signals are conpressed by
exploiting statistic properties of the laudio signals in the tine domain and
in the frequency domai n and psychoacoustic characteristics of the human

bei ng. Thi.prgﬁceﬁi rﬂ_lgetlwﬂ'hsnr@ﬂghl y classified into encoding in the time
domai n, encoding I n the trequency domai n and anal ysis synthesis encodi ng.
Meanwhi | eSpédch aPeSsladg Métiea sn@nApparhtws doubl e speed or at a | ower
speed in, I1"or exanple, a video apparatus, it has recently been thought- to
be desi r BBACKGROUNDs O FPHE JMNVENPRIOMNr oduced at a constant speed

i rrespective of the reproducing speed of the video signals. That is, if the
speech siBirddsofi/tde, Lavend@n n a tined relation with the video signals, and
if the video §j
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signal.
Description of the Related Art
There have hitherto been known a variety of encoding methods
in which audio 'signals inclusive of speech signals and acoustic.
signals are compressed by exploiting statistic properties of the
audio sigﬁals in the time domain and in the frequency domain and
psychoacoustic characteristics of the human being. This eﬁcoding
method is roughly classified in_to encoding in the time domain,
encoding in the frequency domain and analysis synthesis encoding.
Meanwhile, in reproducing video signals at a double speed or
at a lower speed in, for example, a video apparatué, it has recently
been ihought to be desirable that the spéech signals be reproduced
at a constant speed irrespective of the reproducing speed of the
video signals. Tha-t is, if the speech signals are recorded in a timed
relation wit.h the “video - signals, and if the video signals are
reproduced with a o‘ne-half speed, the speech signals are also
reproduced with a double speed and hence are changed in pitch.

Thus it becomes necessary to perform signal compression along time

axis taking into account the zero-crossing point for restoring the



2 pitch of the speech signal to the pitch of the original usual reproducing
.-speed. Wth the high-efficiency speech encodi ng nethod by the above-
mentioned tinme-axis processing as typified by code excited |inear
prediction (CBLP) encoding, processing of fast nodification along the tine
~axis, that is conpression along tinme axis, has been difficult to achieve
because of vol um nous processing operations involved in a decoder output.
SUMVARY OF THE I NVENTION It is theref %re an object of the present invention
to provide a signal decoding nethod afid apparatus whereby the speech signal
repr oduci peed n ntJ; d,gashly 44 hi ual d
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provi des rapsogiisingapeddlg nethod including a step of finding Iinear or
non-1linear prediction residuals of an input. signal and perform ng

ort hogonal tr 3hkthothe dighiefficieaey speavdnehcoding pediad ibgnthesatdad-s t hus
found for entering orthogonal transform coefficient data obtained at a
rate of Mendomed dimedaxis papcessing asmtypifiedabyacadgupneitedhlingarn ng
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a decoder output.

SUMMARY OF THE INVENTION

It is therefore an object of the present invention to provide a
signal decoding method and apparatus whereby the speech signal
reproducing speed can be controlled easily with a high sound quality
without changing the phoneme or pitch.

In one aspect, the present invention provides a signal decoding
method including a step of finding linear or non-linear prediction
residuals of an input signal and performing orthogonal lt'ransform on’
the linear or non-linear prediction residuals thus found for entering
orthog;)nal transform coefficient data obtained at a rate of N
coefficient data per t_ransform unit, a data number converting step
of converting the number of fhe orthogonal transform coe.fficient
data from N to M and a predictive synthesis step of performing
predictive synthesis l‘)ased on the linear or non-linear prediciion
residuals obtained by the data number conversion step.

With the present data decoding method, the number of

orthogonal transform coefficient data, obtained on orthogonal



3 transformng linear/non-linear prediction residuals of the input signal,
<such as so-called short-term prediction residuals or pitch residuals freed

of pitch conmponents, is converted in the data nunber converting step fromN

to M, that is the nunber of data is increased by a factor of MN. The
“orthogonal transformcoefficient data, converted into the MN-tuple data by

the data nunber converting step, is i nyerse ort hogonal -transforned in the

i nverse - orthogonal transform step. “The inverse orthogonal -transforned

| i near/ non-linear prediction residuals fromthe inverse transformstep are

synt hesi aednsfortming ylinkes/mosilépedan poedictionutrgsidsalynadf else ainpsul t of

whi ch the output signal reproducing speed becones equal to NMtines the
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reproduci ng speed can be controlled easily. In another aspect, the present

i nvent i ondprayvi ckesv erteidg nialt oderhoed i My Niptmgrlat ukatianchydithg rdatas fwmbkeiendi ng
| inear or non-linear prediction residuals of an input signal and perform ng
ort hogona¢onvantngr siep, tieinverser crthpgenalricansfevaiedt innthedsingease thus
found for entering, orthogonal transfgqrm coefficient, data 8btai nggl at .a rate
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linear/non-linear prediction residuals from the inverse transform step
are synthesized in the synthesis step to form an output signal, as a
result of which the output signal reproducing speed becomes equal
to N/M times the reproducing speed in the absence of a data
conversion processing for the input signal.

With the signal decoding method according to the present
invention, 'the number of orthogonal transform coefficient data,
supplied after short-term predictive analysis of the input signal and
orthogonal transform of the resulting linear/non-linear prediction
residuals, may be easily converted into a different number of data.
Stated differently, the reproducing speed can be controlled easily.

In another aspect, the present invention provides a signal
decoding apparatus including means for finding linear or non-linear
prediction residuals ?f an input signal and performing orthogonal
transform on the linear or non-linear prediction residuals thus found
for entering orthogonal transform coefficient data obtained at a rate

of N coefficient data per transform unit, data number converting
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4 means for converting the nunber of the orthogonal transform coefficient
data fromNto M inverse orthogonal transform neans-for inverse

orthogonal transformng M orthogonal transform coefficient data obtained
by the data nunber conversion neans and predictive synthesis neans for

~ perform ng predictive synthesis based on the |linear or non-I|inear

predi ction residuals obtained by the data nunber conversion neans. Wth the
present data decodi ng apparatus, the data nunber converting neans converts
t he nunber of orthogonal transform coefficient data, obtained on orthogonal
transfor gdyhd 'ﬁﬁaréGQOerﬂih@eatfhep_rﬂije'rorbf_r adedust thood4¥e iraRYkosmanal ,
such as so-called short-term pfrediction residuals or pitch residuals freed
of pitchcoeffiecient dathr orom Notd] M;hddverse petkagonal heansfibrm mfeadiat a by a
factor of MN. The inverse orthogonal transform neans inverse

ort hogon&pr t riaverse meo ttie gonadogbransformisgor M couthpgomsd “dtnasséonmer t ed
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conversion processing for the input signal. Wth the signal "decodi ng

appar at unurhber noweersddn omicragonal transform coefficient data, suppl
after short-term predictive '

With the present data decoding apparatus, the data. number

ed

converfing means converts the number of orthogonal transform
qo-efficient data, obtained on orthogonal transforming linear/non-
linear prediction residuals of the input signal, such as so-called
short-term pfedictipn residuals or pitch 'r.esiduals freed of pitch
components, from N to M, tha.t is increas‘;s the number of data by
a factor of M/N. The inverse orthogonal transform means inverse
orthogonal-fransforms the orthogonal transform coefficient data
converted into the M/N tuple data obtained by the data number
converting means. The synthesis means synthesizés inverse
orthogonal-transformed linear/non-linear prediction residuals from
the inverse transform step to form an output signal. The result is
that the output signal reproducing speed is N/M times the
reproducing speed in the absence of a data conversion processing
for the input signal. '

With the signal decoding apparatus, the number of orthogonal
transform coefficient data, supplied after short-term predictive

analysis of the input signal and orthogonal transform of the



anal ysis of the input signal and orthogonal transform of the 5 resulting
. Iinear/non-linear prediction residuals, may be easily converted into a

di fferent nunber of data by addition of a sinplified structure. Stated
differently, the reproducing speed can be controlled easily. BRI EF
DESCRI PTI ON OF THE DRAWNGS Fig.1 is a block diagram show ng an
illustrative structure of a signal decoder and a signal encoder configured
for formulating transm ssion data entsring the signal decoder. Fig.2 is a
flowchart for illustrating the detailed operation of the signal decoding

met hod agearqify tm\émneheﬁmfa_ri nyfeudiigggbd? Firgs?ﬁﬂilg‘ﬂs%ﬁesbé‘ne‘%ﬁﬁg' e of

a data conversion step I n the signa ng nethod according to t
present coueettedinto @. diffeteist hantisen 0@t deva byaaddition of dasimplified si on
step in the signal decoding nmethod according to the present invention.

Fi g. 5 i sstrugtogie. di Stptad sdiffiemgnalyet the edeprodocing ofpehd sigmalbe
encoder. Fig.6 s a bl ock diagramshowi ng a detailed structure of the

si gnal d&e8dEeplled; gasily; | ystrates an exanple of the speech signal entering

(he hecqk BEoHBisRIBTIAN. B3 THES RRSFINESI o obLalned on processi s
show ng the sgfuof Ys€a 0§10 K dAgThl Showing an illustrative structure of

a signal decoder and a signal encoder configured for formulating
transmission data entering the signal decoder. '

Fig.2 is a flowchart for illustrating_ the detailed operation of
the signal decoding method according to -the present invention.

Fig.3 illustrat.es an example of a data conversion step in the
signal decoding method according to the present invention.

Fig.4 illustrates another example of a data conversion step in
the signal decoding -rhethod according to. the present invention.

Fig.5 .is a block diagram showing a detailed structure of the
signal encoder.

Fig.6 is a block diagram showing a detailed structure of the
signal decoder.

Fig.7 illustrates an example of the speech signal entering the
speech encoder. _

Fig.8 illustrates speech signals obtained on processing the
speech signals with tll1e signal decoder.

Fig.9 is a block Qiagram showing the structure of a transmitter
of a portable terminal employing the speech encoder according to

the present invention.



of a portable term nal enploying the speech encoder according . to the

. present invention. 6 Fig.10 is a block diagram show ng the structure of
a receiver of a portable termnal enploying the speech decoder according to

t he present invention. DESCRI PTION OF THE PREFERRED EMBODI MENTS Referring

to the drawi ngs, preferred enbodi nents of the signal decoding nmethod and

apparatus of the present invention will be explained in detail. Referring

to Fig.1l, a signal decodi ng apparatus § decoder) includes a data nunber

converter 6 for converting the nunber of orthogonal transform coefficient

data from N tRigMOais arblecke diaghaposhbwingnsiorstrudtird ofoa fevesves

ort hogonal -transform ng the M nunber of the orthogonal transform

coef fici efita ceartabibe sieroinigy employing debepeeshvdecedes, acanirding mear

predi ctive codi nﬂ (LPC) synthesis filter 7 for perform ng predictive coding
based ontBhPrEfERt - MFCRURRAi ction residual s obtained by the inverse

or cai ot RS CRITIHEN P 1y RREFERIED BREOBIMENGS! oot o

r ‘exanple;”s “termpre ifoh residuals, are

found for therpPingi19"fhe AW idgls) PIRTetrdd AP iMBhis00f AW Sigdagonal |
transform coefficient data at a rate of N coefficient data per transform

uni t. Thidecbldingbarethbdt hardrdpgpwoanals ofanké opresaetf finvieaniowlatvallabe
supplied via a transm ssion signal input termnal 13 to the data nunber
convert eexplaingdadnt detpdl.converted into the _ )
Referring to Fig.1, a signal decoding apparatus (decoder)
includes a data number converter 6 for convérting the number of
orthogonal transform coefficient data from N to M, an inverse
orthogonal transform unit 6 for inverse orthogonal-transforming the
M number of the orthogonal transform coefficient data obtained by
the data nﬁmber converter 5, and a linear predictive coding (LPC)
synthesis filter 7 for performing predictive coding based on the
short-term prediction residuals obtained by the' inverse orthogonal
transform unit 6. In the signal decoder, linear/non-linear prediction
residuals, for exam]:;le, short-term prediction residuals, are found
for the input signal, and orthbgonal-transformed to form orthogonal
transform coefficient data at a rate of N coefficient data per
transform unit. This N number of the orthogonal transform
coefficient data are supplied via a transmission signal input terminal
13 to the data numbe:: converter 13 so as to be converted into the
M number of coefficient data.
A signal encoding apparatus (encd'der) for supplying data to

the above-mentioned signal decoder is first explained.



M nunber of coefficient data. A signal encoding apparatus (encoder) for
. supplying data to the above-nenti oned signal decoder is first expl ai ned.

7 The speech signal, that is an input signal, entering an input term nal
11, is filtered by an LPC inverted filter 1 with, for exanple, short-term
predictive filtering by the linear predictive analysis (LPC) nethod, for
finding short-termprediction residuals, that is LPC residuals. These LPC
residual s are orthogonal - transfornmedzby an orthogonal transformunit 2.
The orthogonal - transfornmed speech signals are quantized by a quantizer 3

for conversi ophenpedcki igalalf Ahaltr B9 Sﬁgﬁﬂ {ilghalsinter g SdMalputwhi ch
Is outputted at a signal output termnal 12. The quanti zed speech signal is
recor dedterminalecbt diisg fildread byr danm ahdP@ t imdentsdndilterr dnswitdgi diersyst em

such as an optical fiber. Before &Eoceedi ng to description of the signal
decoder , e¥pBPIEgnaROHot etMn PToSipbiY eafhlticsing oby hthe; Elr%ard@éséeetws

| ai ned by referring tq the fl t af Fig.2. The,signal decodi
method nauslyaif FECT e thogy sorotiading fhastsPefin BregR R weaioBRlTng (e
number OfthkbeiQtht‘P?O”Pésihﬁai‘éf OfrfeSReT L pe CPLsidifals| raﬁr@ :})}H}%%oﬁla?t ep S6,
as an |1 nverse trans ormstep of inverse transtorm ng t he nu r of the
orthogongkrah$RT&d "™bEOoLh f beildEoAal araRlsto NAd udit tHe ThHE AoPtidEonal-

conversion step, and a step.S7, as a synthesis step of performng

predi cti teassfiornesd sspecelll sigmdisr tarteerquantddedt byn a eguantizer 3 for
conversion into a signal for transmission (transmission signal) which
is outputted at a si'gna.l output terminal 12. The quantized speech
signal is recorded on a recording medium or transmitted using a
transmission system, such as an optical fiber.

Before proceeding to description of the signal decoder, the
sighal decoding method applied to the signal decoder is explained
by referring to the flowchart of Fig.2.

The si;nal decoding method has a step 4, as a data number
conversion step for converting -the number of the orthogonal
transform coefficient data from N to M, a step S6, as an inverse
transform step of inverse transforming the M number of thé
orthogonal transform coefficient data obtained by the data number
conversion step, and a step S7, .as a synthesis step of performing
‘predictive synthesis lbaséd on short-term prediction residuals
obtained by the inver.se conversion step. In the decoding method,
linear/non-linear prediction residuals, for example, short-term -
prediction residuals, are found for the input signal, and orthogonal-

transformed to form orthogonal transform coefficient data at a rate



obtained by the inverse conversion step. In the decodi ng nethod,

. linear/non-linear prediction residuals, for exanple, short-term prediction
residuals, are found for the input signal, and orthogonal - transformed to
form orthogonal transformcoefficient data at. a rate 8 of N coefficient
data’ per transform unit. These orthogonal transform data are supplied
to the data nunber converting step (step S4) where the nunber of the
orthogonal transformdata is convertgd fromNto M It is assuned that, for
di screte Fourier transform (DFT) pairs, obtained on di screte Fouri er
t ransf or g} ng; . g r.an ' t is t i,t data
X1 arok o, <B3engieACOanm Pean Vel BePin (. D FhBle 1308

net hod, {fan¥fékh d£y apeupPplind tbetioldaawi Mgmberaid mverting s[tef)rgstep 9 (2)
The equation (2) specifies that x'(n) represents conversion of x(n) wth a
peri od NSahdwheté theGuumber of thelérthiogodaltriesfaxrm odatao o reinverdandf or ned,
that is DFTed, orthogonal transform coefficient data or anplitude data X(k)

ar e from N to M.

It is assumed that, for discrete Fourier transform (DFT)' pairs,
obtained on discrete Fourier transforming, as - orthogonal
transforming, that is x(n), there exist data X(k), where n = 0, ...,
N-1 and k = 0, ..., N-1.

With the signal decoding method, if X'(k) represented by the

following equation (1):

k =
X' = X @ = m)

0 (k=Im +r, r=1e]-])

-1 .
"X rpN) = Y x'(k)exp(%’—’ak(n -

k=0

N-1

- EX'(zk)exp(ll;lak(n_ + oty

k=0

-5 X(lk)(lexp(—z-gkn)XAxp&njkp))
k=0 .

= x(n)



expanded/ contracted to the nunber M by pre-set mapping and inverse

ort hogonal -transfornmed, that is inverse DFTed, a waveformhaving a M N (=
1) tuple duration is obtained. By overl ap-adding the resulting waveform it
beconmes possible to reproduce the speech having the MN-tuple tinme duration
on the whol e and having the pitch unchanged. In the signal decoding

nmet hod, the above-nentioned transm ssion signal enters the transm ssion
signal input termnal 13 at step S1. Tge transm ssion signal is dequantized
~at step S2. Then, at step S3, N orthogonal transform coefficient data,

obt ai ned on dequantization, are entered. At step S4, tR@)anplitude data is
cleared to zero and zero- values are added or elimnated to give the target
nunber of dat&hM eqiattions(2) Ispecificsr theft ai(n) bepossmtsqoanveosidnNofi nes as
| arge as the nunber of the original data. The Mdata thus prepared is
terned c@kP) Bithspeperod Mhand withangds at» Pbshtions of the M zeros
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it is i n@xpaimibd/Rontbsdicddit o t fife PARinber M by pre-set mapping and
inverse orthogonal-transformed, that is inverse DFTed, a waveform
having a M/N (= 1) tuple duration is obtained. By over]ap-édding
the resulting waveform, it becomes possible to reproduce the speech
“having the M/N-tuple time duration on the whole and. having the
pitch unchanged.
In the signal decoding method, the above-mentioned
transmission signal enters the transmission signal input terminal 13
_ at step S1. The transmission signal is dequantized at step S2. Then,
at step S3, N orthogonal transform coefficient data, obtained on
dequantization, are entered. |
At step S4, the amplitude data is cleared to zero and zero- |
values are added or eliminated to give the target number of data M,
that is, the number of data becomes equal to M/N times as large as
the number of the original data. The M data thus prepared is termed
c(h).
At step S5, thle zero-values at positions of the M zeros

satisfying the conditions as later explained are replaced by

corresponding amplitude data X(k), as shown by the following
equation (3):



substitution anplitude data c' for the pre-substitution anplitude data c.
<As the anplitude data c', the corresponding anplitude data X i s enpl oyed.
The above-nentioned condition is explained. It is assuned that MN = 1.5.

As a first exanple, the sanple nunber of a pre-set one of N sanple data is
“set to 0, and the sanmple nunber i (i =0 ..., N1, that isi =0, .... k)

speci fying the arraying sequence towards the high frequency side is
multiplied by MN, that is 1.5, and the result is half-adjusted (rounded at
0.4 and 0.5 as boundary points). The zero values at the positions
correspondi ng t he resplts of half- adjustnment are replaced by the
anpl i tude dat aCl-«rh +TO8Y zeC(h)val ues at the non-replaced positions are used
unchanged. As forNX(1), 1 x 1.5 = 1.5 which is half-adjusted to 2. Thus,
X(1) is substituted for c(2) as ¢c'(2). As for c(1), a zero value is-left
since there is no associated X(k). As for X(2), 2 x 1.5 = 3 so that X(2) is

substituted for c(3). As for X(3), 3 x 1.5 = 4.5 which is._.h?@‘-adj usted to
5, so that X(3) is substituted for c(5). As for c(4), a z r)o val ue is

left singgnéfeldl issthe magnsh $6toHdr) nodSeAddtc@indy a.l TheabaRueseonthe
exanple, MNis 1.5, the position follow ng conversion of, for exanple,

X(1), is amplituBe=ddtsd X(H) aheiwstrdidncloahged et this3tikx¢k) corresponding to
2 is such that k =2 x (1/1.5) 4/3. Thus, X(k) is over-sanpled-by 3, as
shown in Fig. 48. thgeequation 23), it is indicated to substitute the post-
substitution amplitude data c¢' for the pre-substitution amplitude
data c. As the amplitude data c', the corresponding amplitude ‘data.
X is employed.
| The above-mentioned condition is explained. It is assumed that
M/N = 1.5. |
As a first example, the sample number of a pre-set one of N
sample data is set to O, and the sample number i (i = 0, ..., N-1,
that is i = 0, ...; k) specifying the arraying sequence towards the
high frequéncy side is multiplied by M/N, that is 1.5, and the result
is half-adjusted (rounded at 0.4 and 0.5 as boundary points). The
" zero values at the positions correspoﬂding to the results of half-
adjustment are replaced by the amplitude data X(k). The zero values
at the non-replaced positions are used unchanged.
As for X(1), I x 1.5 = 1.5 which is half-adjusted to 2. Thus,.
X(1) is substifuted fc?r c(2) as c'(2). As for c(1), a zero value is
left since there is no associated X(k). As for X(2), 2 x 1.5 = 3 so
that X(2) is substituted for c(3). As for X(3), 3 x 1.5 = 4.5 which

is half-adjusted to 5, so that X(3) is substituted for c¢(5). As for



over-sanpl ed anplitude data are denoted as [err]. That is, [err] is used as
- ¢'(2) and substituted for c(2). The anplitude data follow ng substitution
are shown in Fig.4b. As for X(2), since 2 x 1.5 = 3, X(2) is substituted
for ¢(3). As for X(3), 3 x 1.5 =4.5 which is half-adjusted to 5. As for
[err] substituted for c'(5), since k = 5(1/1.5) = 10/3, it is [err] On the
ot her hand, c(1) and c(4), for exanple, for which there is no
corresponding X(k), that is [err] remin zero. After converting the number
of anplitude data fromNto M processing transfers to step S6 where M
anpl i tude(4igt a aeroi vakiesds Diefedsiard therehy 4o aassoxiaeeldi R(R)} iaseislonai n
signals. At step S7, tine-donmain signals obtained on inverse DFT processing
are usedefby. synthesizing speech signals by LPC synthesis. The
resul ting speech signals are outputted. If MN = 1.5 the speech signals
obt ai ned af { ks % of ARG EFATBPLS o MBYnisaiinSs HfrHasitonRolaNiEg i s 1.5

nunber CORDEPLTIOR. ofo Kiaprpmbler SFEEb B 18" Fodeodr B IRahe B S
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above- descyybed signal decodi ng nethod, the signal decoder is now
expl ai ned. The operations of the respective portions associated with the
respective stThosof Xk} & grredr-sampliedg byethoasasbospmcin i Big.Bga.t Wbest ep
NUMDETS. verissmpled Amplitude data are denoled as Xow(kyo o' 2
That is, X,,,(4/3) is used as c'(2) and substituted for c(2).
The amplitude data following substitution are shown in Fig.4b.
As for X(2), since 2 x 1.5 = 3, X(2) is substituted for c(3).
As for X(3), 3 x 1.5 = 4.5, which is half-adjusted to 5. As for
Xovs(k) substituted for c'(5), since k = 5(1/1.5) = 10/3, it is
Xo:(10/3). On the other hand, c¢(1) and c(4), for example, for
which there is no corresponding X(k), that is X, ,(k), remain zero.
After converting the number of amiﬂitude data from N to M,
processing transfers to step S6 where M amplitude data are inverse
DFTéd and thereby transformed into time-aomain signals. At step
S7, time-domain signals obtained on inverse DFT processing are
used for synthesizing speech signals by LPC synthesis. The
resulting speech signals are outputted. |
If M/N = 1.5, tlhe speech signals obtained after data number
conversion contain a number of data which is 1.5 times the number

of data of the speech signals obtained without data number

conversion, so that the playback speed is lowered by a factor equal



transm ssion signal entering the transm ssion signal input termnal 13
(step S2) to output N anplitude data (step S3). The data nunber converter 5
converts the N anplitude data supplied fromthe dequantizer 4 to M
anplitude data by the above- described signal decoding nmethod (steps S4 and
S5) and outputs the Manplitude data to the inverse orthogonal transform
unit 6. The inverse orthogonal transformunit 6 inverse orthogonal -
transforns the Manplitude data at step S6 to find LPC residuals. The LPC
synthesis filter 7 synthesizes the L at step S7 hased on the LPC

I dual st h4 Sé ' t t I nal
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to the apeyfodudiioh ©EeP6Ged Byl 478hef APrDdimdtcip8s%. Fig. 6 shows an
enbodi ment” of the signal decoder in further detail. In Figs. 5 and 6, the

si gnal encodelnf icodmsidasatiba | ofiedhenoabovenbescripbedi ctignal r akeicdutiing of t he
i nput signal, the LPC and pitch residuals freed of the LPC conponents and
t he pitcmetbedortdvet signal decoderds awapuplrined. r Ehedeppratdpas of the

ort hogonal -transforned, for exanple, DFIed, .to producg orthogon ransform
Coet 1 Dol Erpphalye AR g RELASTRCTIEH. eitorte FRs PR oLt HaRe Hre et on
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Fig.5 the spegchpsg.anal (it AdqitamizenPY (Rqudidlizes the quantized
' transmission signal entering the transmission signal input tel;minal

13 (step S2) to outp.ut N amplitude data (step S3).

The data number converter 5 converts the N amplitude déta.
supplied from the dequantizer 4 to M amplitude data by the above-
described signal decoding method (steps S4 and S5) and outputs the
M amplitude data to the inverse orthogonal transform unit 6.

The inverse orthogonal transform unit 6 inverse orthogonal-
transforms the M amplitude data at step S6 to find LPC residuals.
The LPC synthesis filter 7 synthesizes the LPC at step S7 based on
the LPC ;_esiduals to produce speech signals which are sent to an
output terminal 14,

Fig.5 shows an embodiment of the signal encoder for
ou_tputting data to the above signal decoder in further detail.
Likewise, Fig.6 shows an embodiment of the signal decoder in

further detail.

In Figs.5 and 6, the signal encoder finds, as the linear/non-
linear prediction residuals of the i'nput signal, the LPC and pitch

residuals freed of the LPC components and the pitch components.



21 (input signal) is sent to an LPC analysis unit 31 and to an LPC inverted
filter 33. The LPC analysis unit 31 perforns short-termlinear prediction
of the input signal and outputs an LPC paraneter specifying the predicted
value to an LPC output termnal 22, a pitch analysis unit 32 and to an LPC
- inverted filter 33. The LPC inverted filter 33 outputs residual.s, that is
LPC residuals, obtained on subtracting the predicted value of the LPC
paranmeter fromthe input signal, to a_pitch inverted filter 34. Based on
the LPC paraneter, the pitch analysi§3unit 32 perfornms auto-correlation

anal ysi sth@sbakispQulanidpibhCheSidd iR 1dHRULo &SR ndI01 Mo AR &) tfek data
to the pitch output termnal 33 and to the pitch inverted filter 34. The

pi t ch i negdinpde,f DEPed,340Spbddace sotthd gonaiht cangforentcofeffiviche d4i@.
residudls to produce LPC and pitch residuals which are then routed to a DFT

uni t 35. Thi¢e sigmaldecoaiBropentpomal pitchnsompenent predighiomiansh LRG| dual s.
In the present [
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data to a respé¢atrifgitdlFigs,MK&lspedch Signay Oiteriig ldHCi tbpdenglata is
N. The LPC paraneters outputted at "an LPC out put termmnal 22, pitch data

out putte@l @npmtpsignalpuspsént eonanal.PE3 aaadysiscunit 31 and to an LPC
inverted filter 33.

The LPC analysis unit 31 perfoi'ms short-term linear prediction
of the input signal and outputs an LPC parameter specifying the -
predicted value to an LPC output terr_ninal 22, a pitch analysis unit
32 and to an LPC inverted filter 33. The LPC inverted filter 33
outputs residuals, that is LPC residuals, obtained on subtracting the
prediéted value of the LPC parameter from the input si'gnal_, to a
pitch inverted filter 34.

Based on the LPC parameter, the pitch analysis unit 32
performs auto-correlation analysis to. take out the pitch of the input
signal to send the pitch data to the pitch output terminal 33 and to
the pitch inverted filter 34. The pitch inverted filter 34 subtracts
the pitch component from the LPC residuals to produce LPC and
pitch residuals which are t'hen routed to a DFT unit 35.

The DFT unit ?5 orthogonal-transforms the LPC and pitch
residuals. In the present embodiment, DFT is used as an example of
the orthogonal transform. The amplitude data, produced on DFTing

the LPC and pitch residuals, are sent to a quantization unit 36,



transm ssion data outputted at the residual output termnal 24, are
‘recorded on a recording nediumor transmtted over a transm ssion channel
so as to be routed to the signal decoder. In the data decoder, shown in
Fig.6, the transm ssion data, sent fromthe residual input termnal 25, is
- dequanti zed by a dequantizer 41 where it is converted into anplitude data
which is routed to a data nunber converter 42. The data nunber converter 42
converts the nunber of the anplitude ggta fromNto Mby the :
above-descri bed signal decoding nethod. The M anplitude data are sent to an

i nverse RFfidiithehd qubdRiZzéy/ Qhee anfplitidé dBd e sends the Yuanpidelqude
data by inverse DFT to find LPC and pitch residuals which are sent to an
over | ap- amphdddendatalas Thansmibsionofdadat to of relsédLPL cantpydi tehmimsl dual s
is MN finmes the nunber of the data of the LPC and pitch residuals

out put t e@by Thise ngmber phvdra amplitude data iNover| ap- and-add unit 44

| ap- add R d pitch i dual s, bet i ghbori bl ocks,t
bt odUce LPC arkheiie: PRaREErrs B3PI HRroPE: ST BBhpUHENIS, Pon
reduced t. e ,dyal 5, ate t it t hess l4 t 45,
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conponents of the pitch residuals and the LPC and sends the LPC residuals
cont ai ni npcoirdegdi onha corpoding snédivm ¢PCraysmiitieids ovielrt @rtré@smission
channel so as to be routed to the signal decoder.
In the data decoder, shown in Pig.6, the transniissio_n data,
sent- from the residual input terminal 25, is dequantized by a
dequantizer 41 where it is converted into amplitudé data which is
routed to a data number convertler 42,
The data number converter 42 converts the number of the
amplitudg data from N to M by the above-described Signal ‘decoding
method. The M amplitude data are sent to an inverse DFT unit 43,
The .inverse DFT unit 43 transforms the M amplitude data by
inverse DFT to find LPC and pitch residuals which are sent to an
overlap-and-add unit 44. The number of data of the LPC and pitch
residuals is M/N times the number of the data of the LPC and pitch
residuals outputted by the pitch inverted filter 34.
The overlap-and-add unit 44 overlap-adds the LPC and pitch
residuals between ne‘ighboring blocks to produce LPC and pitch
residuals containing distortion components in a reduced amount.

These residuals are sent to a pitch synthesis filter 45.

Based on the pitch data sent from a pitch input terminal 26,



Based on the LPC paraneters, sent from the LPC synthesis filter perforns
short-term prediction synthesis, that is LPC synthesis, of speech
signals, and sends the resulting speech signal to an output term nal 28.
The speech signal, sent to the output termnal 28, is the speech signal of
whi ch the nunmber of data on the frequency axis is MN that of the input
signal. That is, the speech signals take the playback time MN tines as
long as that for the input signal. Tha&t is, the playback speed is | owered
by a factor of VM Figs.7 and 8 show an exanpl e of the speech signals
processed by the above-described signal encoder and signal decoder. Thus,

Fig.7 shon‘s t he ?‘i gnal sg)_e(’:t[um on the tine axis of the signal prior to
or t hogonal ™% r BHEMoPARAYCRIse filtgraf Seraleitlates hHhe | Bitsh dromo that piteinber

conver si ope ¢k’ i esch signal ving 160 san r frame.
Fig.8 shomfss'&l%lsfgn s°p"2§t§g Ei"o°n p? %‘?ieﬁgé%a i°s agg fﬁ%rf*)g?\éggsﬁb%%uent
to inversenor UPQOResdiduaddSEentaiinlshand Pieen g6 tyd Sq5upgrauent
to data nunber conversion. Figs.7 atr%d 8 iﬁgi cate ?’ﬂgé?cgﬁietrdtﬁ'é E%r?ger of
dat a of thpnthesdisgfibdr d#6ansform coefficients is increased by a factor of
1.5 by data nupber conversion by the signal decoder, a franme of the

spect rum af t er B2g¢dr 88 dhehbFPaparamatsns; nsents from rihebdsPOf synthidsisanpl es

which is inﬁreasedfb¥ a factor of 1.5. That is, the spectrumafter the_
i nver se oftNSHoRTTIPF Rt SHOT-4cme B 100 o SYDtRGSIn nthat 210 BB es

per franesynthesis, of 'speech signals, and sends the resulting speech signal
to an output terminal 28.

The speech signal, sent to the output ter-xfxinal 28, is the
speech signal of which the number of data on the fféqnency axis is
M/N that of the input signal. That is, the speech signals take the
playback time M/N times as long as that for the input signal. That
is, the playback speed is lowered by a factor of N/M.

Figs.7 and 8 show an example of the speech signals processed
by the a.bov'e-described signal encoder and signal decoder. Thus,
Fig.7 shows the signal spectrum on the time axis of the signal prior
to orthogonal tﬂl:;a"nsform by the signal encoder, that is prior to data
number converé_ion. Pig.7 shows the speech signal having 160
samples per frame. Fig.8 shows the signal spectrum on the time axis
of the signal subsequent to inverse orthogonal transform by the

- signal decoder, that is subsequent to data numbcr-conversion.

Figs.7 and 8 inflicate that, after the number of data of the
orthogonal transfo::m cocfficients is increased by a factor of 1.5 by
data number conversion by the si'gn-al decoder, a frame of the

Spectrum after inverse orthogonal transform has the number of



The present invention is not lipmted to illustrative enbodi ments of the

si gnal decodi ng net hod and apparatus descri bed above, but nay conprise
various nodifications. For exanple, the method for orthogonal transform of
the input signal may al so be discrete cosine transform instead of discrete
Fourier transform for achieving the effect of the present invention. The
rate of data nunber conversion MN may be any arbitrary nunber instead of
1.5 as described above. |If the ratiggM N is larger than 1, the data nunber
I's increased thus decreasing the playback speed, whereas, if the ratio MN
is snal | gamiphed whichhss Mditesedl byai Facboldr easethat hiss IHCHPBLNGML he

pl ayback speed. The linear/ non-linear analysis perfornmed before conversion
to the omftegothe tinaessor mrtbeigoinalentradsfarmnt v i biye t s esicnasighadoder
may al so be prediction analysis other than short-term predjction and pitch
anal ysi s caftainiag B40 spmpdes RendRa®Fing the same result. The

above-describ signal_.encoder and signal..decode be us a_speech

codec enpl oye oP%éeé'.t,méleﬂg}?%t}re’en%%mlﬁfga 9 6”“?2‘?/%%% ng?ogﬁﬁ%’?fsabl e

t el ephon e\ ed@q%? j ' t gl bkl

_confi gur?tﬁs?)lr?\%lfggaé)orta g‘ét g?ér:%lﬁg? gaextrar&])ch‘1 | rfga-{ges?)%i%rﬁgggcggléggyﬁn‘?t 160
havi ng theaycmﬁh?ursat vapicd¥ \Wio ifikatiohs. The speech signal collected by a

m crophone 161 o 17 Fig.9 is anplified by an anplifier 162 and .
converted by &erAéfrmphuectheméttd foos arthiogonal wiagafdormho£ithiesinmput to

the Speecshignal may also be discrete cosine transform, instead of discrete
Fourier transform, for achieving the effect of the present invention.
The rate of data number conversion M/N may -iwe any arbitrary
number instead of 1.5 as described above. If the ratio M/N is
larger than 1, the data number is increased thus decreasing the
playback speed, whereas, if the ratio M/N is smaller than 1,_the
number .of data is decreased, thus increasing the playback speed.
The linear/ non-linear analysis performed before conversion to
the orthogonal transforin coefficient data éntering the signgl decoder
may also be prediction analysis other than short-term prediction
and pitch analysis as described above for achieving the same result.
The above-described signal encoder and signal decoder may be
used as a speech codec employed for e.g., a portable communication

terminal or a portable telephone shown for exémple in Figs.9 and
10.

‘That is, Fig.9 shows a configuration of a portable terminal
employing a speech encoding unit 160 having the configuration

shown in Fig.1. The speech signal collected by a microphone 161 of



encodi ng unit 160. The speech encoding unit 160 has the configuration shown
. 1n Fig.1in which the digital signal fromthe A/D converter 163 is entered
to an input termnal 101. The speech encoding unit performs encodi ng as
expl ained in connection with Fig.1 so.that an output signal from each of
- the output termnals of Fig.1l is sent as an output signal of the speech
encoding unit 160 to a transm ssion path encoding unit 164 which perforns
channel decodi ng. An output signal off7the transm ssion path encodi ng unit
164 is. sent to a nodulation circuit 165 for nodul ation and sent via a DA
convert erlFig68 asdamplificdnbyi anheamidifico d62nkadnzobbErt&dgbyOanhdwd t he
configuration of the reception side of the portable term nal enploying a
speech de@Nerdeanif32dnteonr digitad signnlbownhich disgssntThe thecspedshnal

el ved B Sy SR i ! TS HRes2nBh A4k D, T s, Bhe 2
ety DRI el B IO Mgl R BoBT e
s e AFELORASAIES. b ok 10 oy a0 o gptecns,
signal fremecodimg)/vnidtopeefdmns26ficodisgnas texplaipedkin Afnectio@LAivB Cl ai m
1. A signal decoding nmethod conprising: a step of finding |linear or
non- | i neaFig%ple8P ctiadnan ontpwd| siggralaframpeachigfahe putpet termingls of -
ort hOgona{?igt.rlaE]sstce)% aosnahhgu“)&]te%ggnal of the speech encoding unit 1'60 to
a transmission path encoding unit 164 which performs channel
decoding. An output signal of the transmission path encoding unit
i64 is sent to a modulation circuit 165 for. modulation and sent via
a D/A converter 166 and an RF arﬁplifier 167 to a antenna 168.
Fig.10 shows the configuration of the reception side of the
portable terminal employing a speech decoding unit 260 configured
as shown in Fig.5. The speech signal received by an antenna 261 of
Fig.10 is amplified by an RF amplifier 262 and sent via an A/D
converter 263 to a demodulation circuit 264. The resulting
demodulated signal from the demodulating unit 264 is sent to a
transmission path decoding unit 260 configured as shown for
example in Fig.5. An output of an output terminal 201 of Fig.5 is
sent as a-signal from the speech decoding unit 260 to a D/A
converter 266. An ana‘log speech signal from the D/A converter 266

is sent to a speaker 268.



or non-linear prediction residuals thus found for entering orthogonal
transform coefficient data obtained at a rate of N coefficient data per
transformunit;  a data nunber converting step of converting the nunber of
sai d orthogonal transformcoefficient data fromNto M and a predictive
synthesis step of performng predictive synthesis based on.the |inear or
_hon-linear prediction residuals obtained by said data nunber conversion
step. Caim2. The signal decoding ma{%od as claimed in claim1l wherein
sai d orthogonal transformcoefficient data are data obtai ned on orthogonal
transf or nChfAIMSrt-term prediction residuals. Caim3. The signal decoding
met hod as _clainmed in claim1 wherein said orthogonal transform coefficient
dat a are @laish Y.esiAdsdgBabtegattiagomethasicegnprisdAgeonponents fromthe

RN ERSK T et R S AN L
o o 78, B STERAERIR BRECHEAFE SR TR 0, o o
as cl ai megdyidoflifidir lpréiiceioh T8k fawAsat iy Al ftk Shebring deigganad by
arrangi ng each sanpl e position follow ng said data nunber conversion in
accordancerasform cdefficienpldataupibaniodd aithadrare todfe Noavieffizficat vdud tiae
obtained in turn by multiplying the sanple nunber indicating only the .
origi nal Parpirangéermi vaitsy M N.
a data number converting step of converting the number of
said orthogonal transform coefficient data from N to M; and
a predictive synthesis step of performing predictive synthesis
based on the linear or non-linear ﬁrediction residuals obtained by
said data number conversion step. | |
Claim 2. The signal decoding method as claimed in claim 1 whérein
said orthogonal transform coefficient data are data.obtained on
orthogonal transform of short-term prediction residuals.
Claim 3. The signal decoding.method as claimcd. in claim 1 wherein
said orthogonal transform coefficient data are pitch residuals
obtained on removing pitch compone.nts from the input' signal.
Claim 4. The signal decoding method as claimed in claim 1 wherein
said data number cohverting step includes a data re-arraying step of
changing only each sample position without changing the size of
said N orthogonal tra‘nsform cocfficient data. |
Claim 5. The sfgpal decoding method as claimed in claim 1 wherein

said data re-arraying step is determined by arranging each sample

position following said data number conversion in accordance with



Claim 6. The signal decoding nethod as clainmed in claim1l wherein said

< orthogonal transform coefficient data are frequency-donmain sanple data, and
wherein said data nunber conversion step includes an oversanpling step of
oversanpling said frequency-domain sanple data and a re-sanpling step of
re-sanpling the frequency-domai n sanpl e data obtained by said oversanpling
step. Caim?7. A signal decodi ng apparatus conprising: nmeans for finding

| i near or non-linear prediction residpgls of an input signal and performng
orthogonal transformon the linear or non-linear prediction residuals thus

found fot ?5‘&@%%8%?089{%:«:@ rx\SftRE“Baqugf&fQ ‘%n% w8 BrAARkd NPdugh a rate

of N coefaf|C| nt data per ansform unit ata nu converting neans for
converti by fudtipd tRE sadhplle0 hudtHs ad dilca eing @rnrryomfarrglaal sdaiflef rom N
to M inverse orthogonal transform nmeans for inverse orthogonal

transformusgtmmbwhbb’dhal transform coefficient data obtained by said data
nunber conversion neans; and predictive synthesis neans for gerform ng
predi ct i \FélaéylnﬁhesTbebﬁgédl siecordng; ma#o rams}mmerrbar% Haimi &t WBATeIAS| dual s

obt ai ned" salg1 data er convers Teang § The si naI decodi ng
appar at uss P%G“F ﬁ?'r“\mfé’r h°‘§3 BH h%b%n |°‘lt“r°d‘ﬁ§f' Pr‘H in
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per forns eﬁf%dr'c@&iﬁi@lmg step of oversampling said frequency-domain sample
data and a re-sampling step of re-sampling the frequency-domain
" sample data obtained by said oversampling step.
Claim 7. A signal decoding apparatus comprising:".

means for finding linear or non-linear prediction residuals of
an input signal and performing orthogonal transform on the linear
or non-linear prediction residuals thus found for entering orthogonal
transform coefficient data obtained at a rate of N coefficient data
per transform unit; - _

data number converting *‘means for converting the number of
said orthogonal transform coefficient data from N to M;

‘inverse orthogonal transform means for inverse orthogonal
transforming M orthogonal transform coefficient data obtained by
said data number corxversion means; and

predictive synihesis means for performing predictive synthesis
based on the linear or non-iinear prediction residuals obtained by
said data number conversion means.

. Claim 8. The signal decoding apparatus as claimed in claim 7

wherein said orthogonal transform coefficient data are data obtained



synt hesi s based on said short-termprediction residuals. Caim9. The

: signal decoding apparatus as clained in claim 7 wherein said orthogonal
transform coefficient data are pitch residuals obtained on renoving pitch

conponents fromthe input signal and wherein said predictive synthesis

- means perforns predictive synthesis based on said short-term prediction
residuals. Caim10. The signal decoding apparatus as clainmed in claim 7

wherein said data nunber converting nmeggs includes data re-arrayi ng neans

for changing only each sanple position w thout changing the size of said N

or t hogongl, 1 ARYAIRICAFAALEL R o2!skorCL AUFH 1 hredit ShOHEL185ERC itk
ppar atus "as clai In Clal ata re

m~— 7 whereirn said -arrayi ng neans.

det er m nepph &G ST © predittivh f%'y'n@l%@& Saidhrint PR ETPRS Cﬁw&fcﬂ@é‘_ by
arraying said sanple position in aCcordance with a sanpl e nunber obtained

on the baynshefisabuakdeonbssidigtioiro-tewnn predicdionprysitudlise sanpl e nunber
i ndicating only the oridgi nal sanpl e position by MN Caiml2. A portable
radi o terGlaim 9appdihgt Hgsshpdespdinganppiarptes neainglaisredinin i elaing 2

Focopt i orvBPERE | SFIE: ORthSEaRRLr SraRstHERCO S HIient JFEh BREh RIEEBI ng
decodi ng TeHAERR, SRATHERIon ToRETEHE FRENT Ao dty £rofl AR MPue,
decodi ng $/¥XY: and wherein said predictive synthesis means performs
. predictive synthesis based on said short-term prediction residuals.
Claim 10. The signal decoding .apparatus as claimed in.c.laim 7
wherein said data number converting meané includes data re-arrayiﬁg

means for changing only each sample position without changing the

size of said N orthogonal transform ¢oefficient data.

Claim 11. The signal decoding apparatus as claimed in claim 7
wherein said data re-arraying means determines each sample position
following said data number "conversion by arraying said sample
position in accordance with a sample number obtained on the basis
of a value obtained in turn by multiplying the sample number
indicating only the orig.inal sample position by M/N.
Claim 12. A portable radio terminal apparatus comprising:

. amplifier means for amplifying a reception signal; demodulating
means fof demodulating the amplified reception signal after A/D

conversion thereof;

transmission path decoding means for channel decoding the

demodulated signal; and



L3]

sai d speech decodi ng neans further conprising: neans for finding |linear or
non-1linear prediction residuals of an input signal and perform ng
orthogonal transformon th' linear or non-linear prediction residuals thus

- found for entering orthogonal transformcoefficient data obtained at a rate
- of N coefficient data per transformunit; data nunmber converting neans for

converting the nunber of said orthogonal transformcoefficient data from N
to M inverse orthogonal transform nmegns for inverse orthogonal

transform ng M orthogonal transform cdefficient data obtained by said data

nunber conver gpoéchimbtvdingeicalnsv o § Wdwsti-decdAingf anh perpor vfngaid
predictive synthesis based on the linear or non-linear prediction residuals
obt ai ned tbynsmissicat pathindegoding anednsi. . step; and D/ A conversion neans for

o onar ™ el S p et decoding ‘meats furiher compristhg: o 09 SPeec

means for finding linear or non-linear prédiction residuals of
an input signal and performing orthogonal transform on the linear
or non-linear prediction residuals thus found for entering orthogonal
transform coefficient dat.a obtained at a rate of N coefficient data -
per iransform unit; | '

data number converting means for converting the number of
said orfhogonal transform coefficient data from N to M;

inverse orthogonal transform means for inverse orthogonal
transforming M orth?gonal transform coefficient data obtained by
said data number conversion means;

predictive synthesis~means for performing predictive synthesis
based on the linear or non-linear prediction residuals obtained by
said data number conversion .step; and _

D/A conversion means for D/A converting the speech-decoded

‘'signal for broducing an analog speech signal.



