10

15

20

25

30

35

200107213 71

1
DESCRIPTION

MULTIMODE SPEECH CODING APPARATUS AND DECODING APPARATUS

Technlcal Field _

'The present invention relates to a multimode speech
codlng apparatus . which performs codlng on a -speech.
signal’ .to 'trénsmlt, for example, = in a’ mobile
communlcation system, and more particularly, to a CELP
(Code  Excited Linear Prediction) type speech coding -
apparatus which separates .the speech signal to vocal

tract information and excitation information to

represent.

Eackground Art
Used in the fields of digital moblle communlcatlons

and speech storage are speech coding apparatuses which:
compress speech information to encode with high
efficiency for  wutilization of - radio . signals and
recording media. Among them, the system based on a CELP
(Code.Excited Linear'Prediction) system is carried Ainto
practlce w1dely for the apparatuses operatlng at medlum
to low blt rates. The technology of the CELP is
described in the “Code—excited'Linear prediCtion {CELP) :
High-quality Speech at Very Low Bit Rates” by M.R.
Schroeder and. B.S. Atal, Proc. _ICASSP—BS, 24.1.1..,
pp.937-940, 1985. f

- In .the CELP type speech coding system, speech
signals are divided into predetermined frame lengths
(about 5ms to . 50ms),  linear prediction of the speech
signels is performed for each frame, the prediction
residgal_ (excitation vector. signal) obtained by the
linear prediction for each frame is encoded using an-

adaptive code vector and random code vector comprised of
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known waveforms. The adaptive code vector and random

code vector are selected for use respectively from an
adaptive codebook - storing  previously generated
excitation vectors and a random codebook storing' the

predetermined number ,of pre- prepered vectors with

predetermined shapes. Used as the random code vectors

stored in the random codebook are, for example; random

noise sequence vectors and vectors generated by
arranging a.few.pulses at“different positions.

The CELP coding apparatus_,.perfOrms the LPC
syntheeis and - quantization, pitch search, - random
codebook search, and gain codebook search using input
digital signals, and trasmits' the quantized LPC (L),
pitched period (P), a random codebook index (S) and a
gaio codebook index (G) to a ‘decoder, '

However, the ebove-mentioned conventionai speech
coding apparatus needs to COpe with 'voiced speeches,
unvoiced speeches and background noises u51ng a single
type of random codebook,.and therefore it- is dlfflcult

to encode. all the input signals w1th hlgh quallty.

Disclosure of Invention

- An object of the present invention is to provide a

multimode speech coding apparatus and speech decoding '

apparatus capable of prov1d1ng excitation coding . with
multimode without newly transmlttlng mode 1nformatlon,
in particular, performing judgment of speech region/non-
speech in addition to judgment of voiced region/unvoiced
region,. and further increasing the improvement of
coding/decoding performance performed - with the
multimode. |

The present invention provides a multimode speech

coding apparatus comprising first coding means for

coding at least one type of parameter indicative of
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3 .
vocal tract information contained in a speech signal;

second coding means for being capable of coding said at

least one type of parameter indicative of vocal tract

- information with a plurality of modes; mode switching

means for switching a coding mode of said second coding
means based on a dynamic characteristic of a specific

parameter coded in said first coding means; and

 synthesis means for synthesizing an input speech signal

using a. plurallty of types of parameter information

coded in sa1d first coding means and said second codlng'

means. :
The invention ‘' also provides A multimode speech

. decoding apparatus comprisinq first decoding means for

decodihg_at-least one. type 6f_parameter indicative of
vocal traet information .contained in a speech’signal;

second decoding means for being capable of decoding said
at ieast one type of parameter indieative of vocal tract
information with a plurality of,,decoding modes; mode
switchiﬁg means fer switehing a decodihg mode of said
second'decoding.meahs'baeeq_on_a dypamic-chaiacteristic
of.a-speeific parameter decoded in said first deceding
means; and .synthesis means_'for deeoding the speech
51gna1 u51ng_ a plurallty -pf-'types- .f parameter
1nformatlon decoded in said first decodlng means and.
sald second decoding means. ' '

In another form, the present invention provides the

_multlmode speech coding apparaths according to claim 2,

wherein said mode switching means switches the coding
mode of said second coding means using a quantized LSP
paramenter.

In a further form, the present invention provides a'
speech signal transmission apparatus having a speech
input apparatuS'that converts a speech signal into an

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

digital signal,- a multimode speech coding apparatus that
performs coding on the digital signal output from the
mul'tilmod_e speech.coding apparatus, and a transmissi_o-n
antenna that transmits a radio 'signal output from ,the ‘RF

modulator, said multimode speech coding .apparatus

comprising first coding means for coding &t least one

type of parameter indicative of vocal tract information
contained in a speech signal; mode switching means for

_switching a coding mode of . said second coding means

"based on a _dynamic characteristic of a . specific

parameter coded 'in said first coding means; and

synthesis means for synthesizing an input speech signal
using a plur_ality of types . of parameter information
coded in said first 'coding means and said second coding
means. " _ o | . IR

Alse provided by the present inventiqn is a speech
signal reception_ apparatus ‘having a recep,tien_ antenna
that receives a radio s:.gnal, an. RF demeduiator that
performs demodulatlon process:.ng on the radio signal-
recelved at the receptlon antenna, a multlmode speech
decodlng apparatus that performs ‘decoding on 1nformat10n
obtained by the 'RF demodulator, a D/A converter that
converts 'a digital speech signal .decoded in the
mult_imo;le speech . dec‘oding apparatus - i_nto. an analog
signal, and a speech o_litput 'apparatu‘s that converts an
electric eignal output from the D/A converter into a
speech signal, eaid multique speech decoding apparatus
comprising first decoding means for decoding at _least
one type of parameter indicative .of vocal tract
infqrmati_on ‘contained in a s'peech _ signal; s_ec'ond_
deceding means for being capable of decoding said at
least one type of parameter indicative of vocal tract

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

second decoding means based on a dynamic characteristic
of a'specific parameter decoded in said_first decoding
means; and synthesis means  for decoding the speech
signal using a plprality of types of parameter
information decoded in said first decoding means . and
said second.decoding means. .

Fnrtner, the present 1nventlon also prov1des a computer
readable recording medium with a computer executable
program recorded thereln, the program comprising the
procedures of j'u-dg'ing stationarity of a quantizeéed ‘LSP
parameter u51ng a prev1ous quantlzed LSP parameter and a
current quantlzed LSP. parameter, judging a -v01ced
characterlstlc - using = the  current . quantized LS?
parameter; and_switching a mode of a procedure'of coding-
an'excitation'vector, based on judgéd results.

In anther form, the present invention provides a
computer readable- recording medium with a computer
executable 'program recorded - therein, the - program
comprising the'procedures'of-judging stationarity of a
quantlzed LSP parameter u31ng a prev1ous quantlzed LSP
parameter and . a current quantlzed LSPp parameter, judglng

a voiced characterlstlc u31ng the current quantized LSP

‘parameter; switching a mode of a procedure of decoding

an excitation vector, based on judged results; and

switching a'procedure of performing postprocessing on a
decoded 31gnal based on the judged results.
In a penultlmate form, the present invention

prcvidea a multlmode speech coding method for performrng'

mode switching of ‘a mode for coding an excitation

vector, using a static characteristic and a dynamic
characteristic of a quantized parameter indicative of a
spectral characteristic of a speech. A multimode speech

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

characteristic and a dynamic <characteristic of a
quantized parameter indicative of a spectral
characteristic of a speech. |

Finally, the preéent' invention also provides a
multimode postprocessing method comprising the judgement
step of 'judging, whéthex‘ or-snot a region is a speech

region uéing a decoded LSP parameter; the FFT processing

-_step of performing_fast Fourier transform'processing on

a signal; the spectral phase: randomizing step of

rahdomizihg a spectral phase obtained by said fést
Fourier transform procéssing_dofrésponding to a result
determined by said judgement step:; the speétral
amplitude smoothing step of performing smoothing on a
Spectrél' amplitude obtaingd -~ by said fast 'Fourier
tfanéform processing corresponding . to said result; and
the 'IFET processiﬁg step of 'performing 'ihverse fast
Fourier_f ,t'ransform on the épect&_:al phase randomized by
said spectral phase randomizing step and the spectral
amplitude smoothed'byhsaid spectral amp}itude smoothing
step. ' o o . |

In the present invention, the mode determination is
be#fqrmeq using stgtic/dynamic ¢haracte;i$ti¢s_.§f _a
quantized parameter . representing -spectral
characteristics, modes of various codebooks for use in
coding excitation vectors are switched baSed on the mode
determination indicating the “speech region/non-speech

region or voiced region/unvoiced region. Further, in

_the_present invention, the modes of various codebooks

- for use in decoding are switched using the mode

information used in the coding in decoding.

Brief Description of Drawings
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- FIG. 1. is a block diagram illustrating a speech

coding apparatus in a first embodiment of the present
invention; | - |

" FIG. 2 is a block diagram iliustrating a speech
decoding apparatus in a second embodiment of the present
invention;

FIG. 3 is a flowchart for speech codlng processing
in the first embodiment  of the present 1nvent10n,

FIG. 4 1is a - flowchart for speech decoding
processing in the second embodiment of the present
invention; ' ' - ) -

FIG.' 5A is a block . -diagram 1llustrat1ng . a
conflguratlon of a speech 51gnal transmission apparatus
1n a third embodiment of the present 1nvent10n; _ .

_ FIG. 5B'* is- a block diagram illustrating a
conflguratlon of a speech 51gnal reception apparatus in
the third embodiment of the present invention;

FIG. 6 is a bloek diagram - illustrating " a
confiéuration of a mpde selectpr ih.a_fourth embodiment
of the present invention; .:'. . _

FIG. 7 is a block dlagram 1llustrat1ng a

conflguratlon of a multimode postproce551ng section 1n a

fifth embodiment of the present invention; S
FIG. 8 1is a flowchart for the former part of

-multlmode postproce551ng in the fourth embodlment of the_

present 1nvent10n, ,
FIG. 9 is a flowchart for the latter part of the

multimode postporcessing in the fourth embodiment of the

present invention;
FIG. 10 is a .flowchart for the entire part of the

'-multlmode postproce551ng in the fourth embodlment of the

present invention;
FIG. 11 is a flowchart for the former part of the
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present invention; and

FIG.12 is a flowchart for the latter part of the

multimode -postprocessing in the fifth embbdiment of the

present invention.

Best Mode for Carrying Out the Invention

Speech coding apparatuses and others in

embodiments of the present :I.nvex_ztion are explained below

"using FIG.1 to FIG.9.

{(Pirst e'mbod'iment)
FIG.1 1is a block diagram illust'rat'ing a

configuration of a speech coding apparatus according to

the first embodimenf of the present invention.

Iﬁput data, comprised of, for example, digital
speech sigpai:_l.s. is input to preprocessing section 101.
Preprocessing lsection 101 performs processing such as
cutting of a direct current. component and bandwidth
limitation of the input data using a high-pass filter-
and band-pass filter to output to LPC analyzer 102 and
adder 106. In addition, although it is possible to
perform successive cbding processing without performing
any processj.ng in preprc;cessing section 101, the coding

performance is 1improved by performing the above-

-mentioned processihg.

LPC analyzer 102 performs 1linear prediction

analysis, and calculates linear predictive coefficients
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LPC quantizer 103 quéntizes the input LPC, outputs
the quantized LPC to synthesis filtel.: 104 and mode
select.or 105, and fhrther outputs a code L that
represents the quaﬁt.ized LPC to decoder. In éddition,
the quantization of LPC ;l:s performed usuaily after LPC
is converted to LSP (.I.ine Spectrum Pair) which has bett.er
interpolation characteristics. '

As synthesis filter 104, a LPC synthesis filter is

construéted using the 'quantized LPC input from LPC
gquantizer 103. With the constructed synthesis filt_er.
filtering processing is perfdrmed on an excitatiox;
vector signal input from adder 114, and the resuita_n't
s:l._gnal is 'ou'tput to adder 106.

Mode selector 105 determines a mode of random
codebook usihg the gqguantized LPC input from LPC quantizer
103. '

" At this time, mode selector 105 stores previously

input 'itiformation on guantized LPC, and performs the

Selection of mode using both’ chafacte'ristics . of an

‘evolution of quantized LPC between frames an-d of th.e

quantized LPC in a current frame. There are at least
two types of the modes, of. which examples are a mode

corresponding to a voiced speech segment, and a mode

corresponding to an unvoiced speech segment and’

stationary noise segment. Further, as information for

use in selecting a mode, it is not necessary to use the
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quantized LPC themselves, and it is more effective to
ﬁse converted parameters such as the quantized LSP,

refleétive coefficients and linear prediction residual

power.
Adder 106 calculates an error between the

preprocessed input data input from preprocessihg section

_-lol-and the syn_thesized signal to output to perceptual

weighting filter 107.

Perceptual weighting filter 107 performs
perceptual weighting on the error calculated in adder

106 to output to error minimizer 108.

Error minimizer 108 adjusts a random codebéok index
Si, adaptive codebook index (pitch period) Pi, and gain
codebook index Gi respectively output to ra.ndom codebook
109, adaptive codebook 110, and gain codebook 111,
deter_inines a random code vector, adaptive code vector,
and random codebook gain and adaptive codebook gain
respectively to be geﬂerated in random codebo;k'109,
adaptive codebook 110, ahd gain codebook 111 so as ‘to
minimize the perceptual weighted error input £rom
perceptual weighting filter 107, and outputs a code S
representing the random code vector. a code P
representing _the.ad'apt-ive code vector, and a code G
representing gain information to decoder.

Random codebook 109 stqi:es the predetermined
number of random code vectors with 'different shapes, and

outputs the random code vector designated by the index
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Si of random code vector input from error minimizer 108.
Random codebook 109 has at least two types.of modes. For
example, random codebook 109 is configured to generate
a pulse-liké random code vector in the mode corresponding

to a voiced speech segment, and further generate a |
noise-like random codé vector in the mode corresponding
to an unvoiced spgech segment and stationary noise.
segme.nt. The random code vector output from fandom
codebook 109 is generat-ed. with a single mode selected
in mode seiector 105 ftom.among at least 'two typés of
the modes des.cribed above, and multiplied by the random

codebook gain Gs in multiplier 112 to be output to'adder

114.
Adaptive codebook 110 performs buffering while

updating the previously generated excitation vector

signal sequéntially. and generates the adaptiire -code

~vector using the a_daptive codebook index (pitch perioad

(pitch lag)) input from error ' minimizer 108.. _The
adaptive code vector gener;ted_ in adaptive codebook 110
is multiplied by the adaptive codebook gain Ga in
multiplier 113. and then output to adder 114.

Gain codeﬁook 111 stores the predétermined number

of sets of the adaptive codebook gain Ga and random

_ dodebook gain Gs (gain vector), ‘and outputs the adaptive

codebook gain component Ga and random codebb’ok_ gain
component Gs of the gain-vector' designated by the gain

codebook index éi input from error minimizer 108
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respectively to multipliers 113 and 112. In addition,
if the gain codebook is constructed with a pluralii;y of
stages, it is possible to reduce a memory amount required
for the gain codebook and a computation amount required
for gain codebook search. Further, if the numﬁer of bits
assigned for the gain codebook is éufficient. it -is
possible to scalar-quantize the adapt-ive codebook gain
and random codebook gain independently of each other.

Adder 114 adds the random code vector and the
adaptive code vector respectivel_y input £from -multipliers
112 and 113 to generate the excitation vector signal.
and outputs the generated excitatioﬁ vector signal to
synthesis filter 104 and adaptive codebook 110.

In addition, in this embodiment, although .only
random codebook 109 is provided with the mt_ll_timode. it
is possi'ble'to provide adaptive codebook 110 and gain

codebook 111 with the multimode, and thereby to improve

_ the gquality-..

_ The f£flow of processing of speéch coding method in
the above-mentioned embodiment is next described with
reference to FIG.3. This explanation describes th_e case
that in the speech coding ﬁrocessing, the processing is
performed for each unit processing with a predeterminéd
time length (frame with the time length of a few tens
msec). and further the processing is performed for each
shorter unif proclessing (subframe) obtained by dividing

a frame into the integer number of lengths.
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In step (hereinafter abbreviated as S'J.'.) 301, all
the memorieé such as the .contents of the adaptive
codebdok, synthesis filter niemo:l:.'yl and input buffer are
cleared. .

Next, in ST302, input data such as a digital speech
signal corresponding to a-f:;:_ame is .1nput'. and filters
such as a high-péss 'filter and band-pass filter are
applied to the input data to perform offset canqellétion
and bandwidth limitation of the input data. The
preprocessed inpﬁt data is buffered in an input bﬁffer
to be used for the following co.ding processing.

Next, in ST303, the LPC _'(linea-r predictj_v.'e
coefficients) analysis 1is perfomed' and LP (linear

predictive) coefficients are calculated.

Next, in ST304, the quantization of the LP

.coefficients calculated in ST303 is performed. While

various quantization methods of LPC are proposed, 'fhe

.quantization can be berformed effectively by converting

LPC into LSP parameters with good intérpolation
characteristics to apply the predictive gquantization
utilizing the .multistage vector quéntiz'atién and
inter-fraxﬁe .correlati'on. Further, for example in the
case where a frame is dividgd into two subframes, it is
general to gquantize the ipc of the second subframe, and

determine the LPC of the first subframe by the

interpolation processing using the quantized LPC of the

second subframe of the iast frame and the quantized LPC



10

15

20

25

14

of the second subframe of the present frame.

Next, in ST305, the perceptual .weighting filter
that performs the perceptual weighting on the
preprocessed input data is constructed. | .

Next, in ST306, a perceptual weighted synthesis
filter that generates a synthesized signal of a
percepti:al weight:l._ng domain fr;om the excitation vector
signal is constructed. This filter_i_s. comprised of the
synthesis filter and perceptual weighting filter in a
subordinéﬁicn connection. . The -s_yn-thesis. filter 1is
constructed with the quantized ﬂpc quantized in ST304,
and the perceptual wej_.gliting filter is constructed with
the LPC calculated in ST303.

Next, in ST307, the ce_lection of mode is performed.
The selection of mode is performead using static and

dynamic chafacteristics of the quantized LPC quantized

“in ST304. Examples of i specifically used

characteristics are- an evolution of quantized LSP,.
reflective coefficients calculated from the qua_ntized.
LPC. and prediction residual_.power. Random‘ccdeboolg
search is performed according to the mode selected in._ .
this step. There,aie at least two types of the modes
to be selected in this step. _A'n example considered is |
a two-mode structure of a voiced speech mode, and an
unvoiced spe'ech _and"stationary noise mode.

Next, in ST 308, adaptive codebook search is

performed. The adaptive codebook search is fo search
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an adaptive code vector such that a perceptual weighted
synthesized waveform is generated' that is the closest
to a waveform obtained by performing the perceptual '
weighting on the preprocessed :I.nput data. A position
from which the adaptive code vector is fetched is
determined so as to minimize an error between a sign.al
obtained by filtering the preproce-ssed. ihput date with
the perceptual weighting fil_ter constructed in ST305,
and a signal obtained by filtering the adaptive code
vector fetched from the adapfive_ codebook as an

excitation' vector si'gnal with the perceptual. weighted

synthesis filter constructed in ST306.

Next, in ST309, the random codebook search is

performed. The random codebook search is to select a

randorn cade vector to generate an excitation vector
sig_nal' su_ch ‘that a perceptual weighted synthesized -
waveform is generated that is the closest to a wa.veform
obtained by-performing the perceptual weighting on the

preprocessed input data. The search is performed in .
consideration of that the excitation vector signal is
generated by addin_'g the adaptive code vector and randoém

code vector. Accordingly, the excitation vector signal

.is generated bY adding the adaptive code  vector

determined in ST308 and the random code vector stored
in the 'ran'dom codebook. The random code vector is
selected from the random code book so as to minimize an

error between a signal obtained by filtering the
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generated excitation vector signal with the perceptual

‘weighted synthesis filter constructed in ST306, and the

signal obtained by filtering the preprocessed input data

-with the perceptual _weighting filter constructed in-

ST305. In addition, in the case where processing such
as pitch period processing is performed on the random

code vector, the_ search is performed also in

" gonsideration of such processing. Further this random

codebook has at least two types of the modes. For

example, the search is perf'ormed by using 'the random

codebook storing pulse-like random code vectors in the

mode corresponding to Fhe voiced séeech segment, and
using the rand_o'm codebook storing no:l_se-l:l.ke random code
vectors in the mode c_orrespoﬁding to the unvoiced speech
segm.ent and stationary noise segment. The random
codebook of which mode is used iﬁ the search is selected

in ST307. .
' Next, in ST310, gain codebook search is performed.

‘The gain codebook search is to select from the gain

codebook a pair of the adaptive codebook gain and.'random

codebook gain respectively to be multiplied the adaptive

code vector determined in ST308 and the random code

'.vectqr de_terminéd in ST309. The excitation vector

signal is generated by adding the adaptive code vector
multiplied by the adaptive codebook gain and the random
ccde vector multiplied by the randem codebock gain. The

pair of the adaptive codebool_: gain and random codebook
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gain is selected from the gein codebook so as to minimize

.an error between a signal obtained by filtering the

generated excitation vector signal with the perceptual
weighted synthesis filfe: constructed in ST306, and the
signal obtained by filtering the preprocessed input data
with the p'erceptual weighting filter construeted in
ST305.

Next, in ST311l, the excitation vector signal is
generated.. '1'_he excitation vector signal is generated
by _adt_iiné a vector obtaiﬁed by multiplyiﬁg the adaptive
code vector selected in ST308 bff the adaptive codebook
gain selected in ST310 and a vector obtained by
multiplying the random code vector selected in ST309 by
the random codebook gain selected in sST31l0.

Next, in ST312, the update of the memory used in
a loop of ‘the spbframe proeessing is performed. .
Examples specifically performed are the update of the
adaptive' codebook, and the up&ate of states of the

perceptual weighting filter and perceptual weighted

_synthesis filter.

In ST305 to ST312. the processing is performed on

a subframe-by-subframe basis.

Next, in ST313, the update of memory used in a loop
of the frame processing. Examples specifically
performed are the update of states of the filter used
in the preprocessing section, the update of quaﬁtized

LPC buffer (in the case where the inter-frame predictive
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quantizaj:ion of LPC :I._s'_performed). and the update of

input data buffer.
Next, in ST314, coded data is output. The coded

data is output. to a transmission péth whilé ‘being
subjected to bit stream processing and multiplexing'
corresponding to the form of the

transmission.
In ST302 to 304 and ST313 to 314, the processing

is performed on a f;ame-bjr-fr;ame basis. Further the

prbcess:l.ng on a framé-by-frame basis and subframe-
by-subframe is iterated until the input data is consumed.
(Second embodiment) '

FIG.2 'is a block. diagram illustrating a
configur_ation of a speech decoding apparatus accord’iﬁg
to the second embodiment of the present invention. .

The code L representing quantized LPC, code S
representing a random code vector, code P representing
an adaptive code vector, and code G representing gain
information, each transmitted from a coder, aré
respectively input to ;.PC decoder 201, random codebook
203, adaptive codebook 204 and gain ‘codebook 205.
LPC decoder 201 decodes the quantizéd LPC £from the

code L to output to mode selector 202 and synthesis filter

209.
Mode selector 202 determines a mode for random

codebook 203 and postprocessifxg section 211 using the

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

postprocessing section 211. In addition, mode selector

202 also stores pre'viously input informati_on on

' quantized. LPC, and performs the selection of mode using

bbth charécteristi'cs of an evoiution of quantized LPC
between frames and of the quantized LPC in a current frame.
There are at least two types of the modes. of which
examples are a mode corresponding to a voiced speech
segment, a mode corresponding to an unvoiced speech
segment, and a mode corresponding to a stationary noise
segment. Further, as information for use in selecting
a mode. it is not necessary to use the guantized LPC

themselves, and it is more effective to use convertedg

parameters such as the guantized LSP, reflective

coefficients and linear prediction residual power.

Random codebook .203 stores the predetermined

. number of random code vectors with different shapes, and

output's a random code vector des_igné,ted by the random

codebook index obtained by decoding the input code S.

This random Tcoc‘leb-o-ok 203 has at least two types of the
modes. For example, random codebook 203 is configured
to gen_erat'e a pulse-like random code vector in the mode
corresponding to a voiced speech segment, and further
generate a noiée-like random code vector in the modes
corresp_opding to an unvoiced Speech segment and'stéady

noise segment. The random code vector output from

random codebook 203 is generated with a single mode
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selected in mode selector _202 from among at least two
types of the modes described above, and multiplied by
the random codebook gain Gs inmultiplier 266 to be outpu-t
to adder 208.

Adaptive' codebook 264 pér_forms buffering while

updating the previously 'genera'ted' excitation vector
signal sequentially., and generates an adaptive code
vector using the adaptive codebook index (pitch perioad -
(pitch lag)) obtained by decoding the input code P. The
a_daptive code vector generated in adabtive codebook 204
is mulfiplied by the adaptive codebook gair_x Ga in
wultiplier 207, and then output to adder 208.

~ Gain codebook 205 stpres the predetermined 'nt_lmber
of sets of_ the adaptivg 'codebook 'ga:l.n Gé and random
codebook gain Gs (gain vector), and outputs't_:he adaptive
codebook gain component Ga and random codebook gain
component Gs of the gain vector designated by the gain
cod'e_book index Gi obtained by decoding t_he_ input code
G respectively to mu.ltipliers 207 and 20s6.

Adder 208 adds the random code vecttla:r: and the
adaptive code Vector respectively input from multipliers
206 and 207 to generate the excitation vector signal,
and outputs the geherated excitation vector signal to
synthesis filter 209 and adaptive i:odebook 204. |

As synthesis filter 209, a LPC synthesis filter is

 constructed i:sing the quantized'LPC input from LPC

decoder 201. With the constructed synthesis _filter,- the
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filtering processing is performed on the excitation

vector signal ixiput from adder 208, and the resultant

signal is output to post f£ilter 210.

‘Post filter 210 performs the processing' to improve
subjective qualities of speech signals such as pitch
emphasis, formant emphasis, spectral tilt compensation
and gain adjustment on the synthesized signal input from

synthesis £filter 209 to output to postprocessing section

211.
_ Postprocessing section 211 adaptively performs on 3
the signal input from 'po'st filter 210 the proces-sing to
improve subjective qualities of the stationary noise
segment such as inter-frame smoothing processing- of
spectral amplitude and randomizing proces'sing of

spectral phase using the mode information M input f£from

mode selector 202. For example, the smoothing

" processing a'nd randomizing processing is rarely

performed in the modes corresponding to the voiced speech
segment and:unvoiced speech segment and such processing
1s adaptively performed in the mode corresponding to,

for example, the stationary noise _ segment. The
postprocessed signal is output as output data such as
a digital decoded-speech signal.

In addition, although in this embodiment the mode

information M output from mode selector 202 is used in
both the mode selection for random codebook 203 and mode

selection for postprocessing_section 211, using the mode
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1nforti|ation M for either of the mode se_lections is aiso

effective. ]ﬁn this case, the corresponding'eitl:xer one

performs the multimode processing.

The f£flow of the brocessing of the speech decoding’
method .in the above-mentioned embodiment is next
déscribe& with reference to FIG.4. This explanation
descfibes the case that in the spe.ech coding processing,
the processing is performed for each unit processing with
a p:‘r:edeterm:i.ned time length (frame with the time length
of-a few tens msec), and further the processipg is
performed for each shorter unit processing (subframe)
obtained by dividipg the f;ame'into the integer'number
of 1engthsr

In 5;1‘491. ail the memories such as the contents of
the adaptive codebook, synthesis :Eili:ef memo:j;-y a'nd
outpﬁt buffer are cleared. -

Next, in ST402, coded data is decoded.
Specifically. multiplexead received éignals are
demultiélexed. and éhe received signals constrﬁcted in'

bitstreams are converted into codes respectively

.representing q.u'anti'zed LPC, adaptive code vector., random

code vector and gain information.

Next, in ST403, the LPC are decoded. The LPC are
decoded fxrom the code,rep:esenting the quantized LPC.
obtained in ST402 with the reverse procedure pf the

quantization of the LPC described in the first

embodiment.
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Next, in ST404, the synthesis filter is constructed -

with the LPC decoded in ST403.

Next, .in'ST405. the mode selection for the random
codebook and po§tprocessing is performed using -the
static and dynamic chatacteriétics of .the LPC decoded
1'n. ST403. Examples of specifically used
characteristics are an evolution of quantized LSP,
reflective coefficients calculated from the quantized.

LPC, and prediction residual power. The decoding of the

.random code vector and postprocessing is performed

according to the modé selected in this step. There are
at least two.-types of the modes, which are, for example,
comprised of a mode corresbonding to a voiced speech
segment, mode corfeéponding to’ an unvoiced spé;ch

segmen_t and mode corresponding to a stationary noise

segment.
Next, in ST406, the adaptive code vector is decoded.

The adaptive code vector is decoded .by ‘decoding a
pos:l.tion from which the adaptive code vecfor is fetched |
from i:.he adapt-ive codeboo_k using the code representing
the adaptive code vector, and fetching the adaptive code
vector from the obtained positio'n'. |

Next, in ST407, the random code vector is decoded.’
The random code vector is decod_ed by decoding the random
codebook index £from the code representing the random code
vector, and retriev'ing_ the random code vector

corresponding to the obtained index from the random
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codebook. When other processing such as pitch period
processing of the random code Vector is applied, a
decoded random code vector is obtained after further
being subjected to-the pitch period processing-. l'I'h:I.s
random codebook has at least two types of the modes. For
'éxa,mple, this random code bﬁok is configured'to generate
a pulsé-like random code vector in the mode corresponding

to a voiced speech segment, and further generate a

noise-like random code vector in the modes correspohding

to an unvoiced speech segment and stationary noise

segment. _
Next, in ST408, the adaptive codebook gain anad

random codebook gait_x are decoded. The gain :I.nformation
is decoded by decoding the gain éo_debook index £from the
code répresenting the gain :I.nforma;:l.on. and retrieving
a pa.:l.r of the a'daptive codebook gain and random codebook
gain instructed with .the obtained index from the -gain- _
cédebook.

Next, in ST409, thé excitation vector sigﬁal is

generated. The excitation vector signal is generated
by adding a vector obtained by muli-:iplying the adaptive
code vector -selec-ted in ST406 by the adaptive codebook
gain sélected in ST408 and a .vec.tor obtaineq by
multiplying the random c'ode vector selected in ST407 by
the .random codebook gain selected in ST408.

Next, in ST410, a decoded signal is synthesized.

The excitation vector signal generated in ST409 is
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filtered with the synthesis filter constructed in ST404,
and thereby the decoded signal is synthesized:

Nekt. in ST411, the postfiltering processing is
performed on the decoded signall The postfiltering
processing is comprised of the processing to improve
subjective qualities :of decoded signa.ls R .:I.n particulaf,
decoded speech. sigﬁals. such as pifdh' emphasis
processing, formant emphasis processing, spectral tilt
compensation processing and gain adjustment processing .-

Next, in ST412, the <final postprocessing is
performed on the decoded sighal subjectead to.
postfiltering processing. The postprocessing is
comprised of the processing to improve subjective
qualities bf,stationary'noise segment in the decoded.
signal such as inter-(sub)frame smbothipg processing of
spectral - amplitude and fandomizing processing of
spectral phase, and the proéessing corresponding to mode
selected in ST405 is perforinéd. For example., the
smoothiﬁg processing and randomizing processing 1is
rarely performed in the modes corresponding to the voiced
speech segment and unvoiced.speech éegmentf and such
processing is ;;erformed in the mode corresponding to the
sjtatioziary noise seg.me_nt. The signal .generated in this
step becomes output data. o

Néxt; in ST413. the update of.the memory used in

a 1odp of - the subframe processing is performed.

Specifically performed are the update of the adaptive
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codebook, and the update of states of filters used in

the postfiltering processing’.

In ST404 to ST413, the processing is performed on
a subframe- by-subframe basis. '

Next, in ST414, the update of memory used in a loop
of the frame ‘proces'sing is performed. Speeifically
performed are the update of quantized (decoded) ipc
buffer (in the case where the inter-frame predictive
gquantization of LPC is performed). and update of output
data buffer. _

In ST402 to 403 and ST414, the processing is
performed on a frame-by-frame basis. Further, the
processing on a frame-_by-frame basis is iterated until
the coded data is consumed.

(Third embodiment) '
FIG.5 is a block diagram illustrating a Speech

signal transmission apparatus and reception apparatus

respectively provided with the speech coding apparatus

- of the £first embodiment 1 and speech decoding apparatus

FIG.5A illustrates the

~ transmission apparatus, and FIG.5B 1illustrates the.

reception apparatus.

In the speech siglial transmission apparatus in
E_'.IG. S5A, speech input apparatus 501 converts a speech into
an electric analog-signal to output to A/D eonverter 501.
A/D converter 502 converts the analog speech signal into

a digital speech signal to output to speech coder 503.
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'Speech coder 503 performs speech coding processing on

the input signal, and outputs coded information to RF
modulator 504. R/F modulator 54 performs modulation,
amplification and code spreading on the cod_ed speéch
signal information to frahsmit as a radio signal and
outputs the resultant signal to transmission antenna 505.

Finally. the radio signal (RF signal). 506 is transmitted

. from transmission antenna 505.

Oon the other hand, the reception apparatus in
FIG.5b receives the radio signal (RF signal) 506 with
reception antenna 507, and outputs the received signal
to RF demodulator 508. RF demodulator 508 performs the
processing such as code despreading and demodulation to
conv.ert the raﬁio signal into codéd information, and
outputs the coded information to speech decoder 509.
Speech decoder 509 pexrforms decoding proces'sing on the
coded information and _outputs a digital decodeﬁ 'spéech

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

'the 'dig:l.tal decoded speech signal output from speech

decoder 509 into an analog decoded.'speech signal to
output to speech output apparatus 511. Finally, speech
output apparatus 511 converts the electric analog
decoded speech signal into a deco_ded speech 1;0 output.
It is possible to. use the above-mentioned
transmission apparatus and reception apparatus as a -
mobile station apparatus and base station apparatus in

mobile communication apparatuses such as portable
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telephones. In addition, the medium that transmits the

information is not limited to the radio signal described
in this embodiment, and it may be possible to use

optosignals, and further possible to use cable

transmission paths.

Further, it may be possible to achieve the speech

- coding apparatus desqribed in the first embodiment, the

speech decoding apparatus described in the second
émbodimer_rl: . and the transmission apparatus and reception
apparatﬁs described in the third émbod;lment by recording
the corresponding program in a recording medium such as
a magnetic disk, optomagnetic disk, and ROM caftridg_e

to use as software. The use of thus obtained recording

" medium enables a personal computer using such a recording -

gnedium to achieve the speech coding/decoding apparatus ’
and transmission/reception apparatus. .

(Fourth embodiment)

~ The fourth. embodiment descries examples o.f'
configurations. of mode selectors 105 and 202 in the
above-mentioned first and second emb_odimen-té.

| FIG.6 ilﬁlustrates a mode selector according to the
fourth embodiment. .

The mode selector according this embodiment is
provided with dynamic characteristic extraction section
601 that extracts the dynamic characte_r:l.st:l.c of
quantized LSP paraméters. and first and second static

characteristic extraction sections 602 and 603 that
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extract the static characteristic of quantized LSP
parameters. . |
Dynamic characteristic éxtraction section 601
receives an input quantized LSP parameter in AR type
smoothing section 604 to perform smoothing prbt;ess.:Lng.
AR type smoothing section 604 performs the.smoothing
i:rocessing expressed with the following equation (1) on
each order quantized LSP parameter, th’a_t_:l.s input for
each unit processing. t;l.me. as time sequence data-:

Ls{il=(1-«a _jXLs[11+.a XLf{i]),i=1.,2,... M. a1 ... (1) --

‘Ls[1]l: ith order smoothed quantized LSP parameter

L[1]: ith order guantized LSP parameter
@ : smoothing coefficient
M =' LSP analysis order

In addition, in the .egu_at:ion (1). .the value of «-
is set at about 0.7 to avoid ‘too str;)ng smoothing. - The
smoothed quantized parameter obtained with the above
egquation (1) is branched to be input to adder 606 through
delay section 605 and to be directly input to adder 606.

Delay section 605 delays the 1nput' .smoothead
guantized parameter by .a unit processing time to output
to addgr 606.

_Adder 606 recei.ves the smoothed gquantized LSP
parameter a.t the current unit processing time, and the

smoothed quantized LSP parameter at the last unit

processing time. Adder 606 calculates an evolution

between the smoothed quantized LSP parameter at the
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current unit processing time, and the smoothed quantizead
LSP parameter at the last unit processing time. The

evolution is output for each order of LSP parameter. The

result calculated by adder 606 is output to square sum

~calculation section 607.

Square sum calculation section 607 calculates the
square sum of the evolution for each order between the
smoothed guantized LSP parameter at the currenr unit .
processing time, and the smoothed quantized LSP
parameter at the last unit processing time.

'Dynamic characteristic extraction section 601
re_ceives the quantized LSP parameter in delay section
608 in parallel with AR smoothing section 604. Delay
section 608 delays the input quantized LSP parameter by
a unit processing tim'e to output. to AR 'type average
calculation section 611 through swi-toh 609.

Switch 609 is connected when' the mode information

-output from delay section 610 is the noise mode to operate

to input the quantized .LSP_.'paramefer-outpui_: from delay
section 608 to AR type average calculation section 611.

Delay section 610 receives the mode information
output from mode determination section 621 and. delays

the input mode information by a unit processing time to

‘output to switch 609.

AR type average calculation section 611 calculates
the average LSP parameter over the noise region based

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



Ly

10

15

20

25

31

J

section 604 to output to adder 612. In addition, the
value of & in the equation (1) is set at about 0.05 to
perform extremely high smoothing processing, and thereby
the 1bng-time average of LSP parameter is calculated.

Adder 612 calculates an evolution for each order

'between the quantized LSP parameter at the currént unit

processing time, and the average quantized LSP parameter

in the noise regi'on calculated by AR type average

calculation section 611.

Square sum calculation section 613 receives the

difference information of quantized LSP parameters

output £rom adder 612, and calculates the sguare sum for

each order to output to speech region det.ecii.ioxi ‘section

1o . . .
Dynamic characteristic extraction 601 for

gquantized LSP parameter is comprised of components 604

to 613 as described above.

First static characteristic extraction section 602
calculates linear prediction residual power from the
quantized LSP parameter in linear prediction residual

power calculation section 614, and further calculétes,

a region between neighboring orders of the quantized LSP

parameters as expressed in the 'follpwin_g equation (2)

in neighboring LSP region calculation section 615:
-LdA[i)=L[i+1]-L[1i], i% 1.2,...,M-1 ees (2)
L{i]: ith order quantized LSP parameter

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

calculation section 616. Variance calculation section
616 calculates the variance of gquantized LSP parameter
regions output from neighboring LSP region calculation
section 615. At the time the variance is calculated ..
it is possible to reflect characteristics of Peak and
valley except the peak at the lowest frequency, by
eliminating the data of the lowest freqﬁency -(Ld [1])
without using all the data of LSP parameter regions.

With respect to a stationary noise with thé -

~characteristic such that levels at a low frequency band

are lifted, when such'_a noise 1is passed through the
high-pass filter, since a peak of the spectrum always
appears around the cut-off frequency of the filter, it
is effective to cancel the information of such a peak
of- fhe spectrum. In other words, it is possible to
extract the characteristics of peak and valley of .the-
spectral envelop of an ini:ut signal, and therefore i:o
extract the static chéracteristics to detect a region
with high possibility that the rég:l.on is a speech region.
.Eurtper, according to this éonstitution. it is possible
to separate the speech region and stétionary nbise region
with high accurédy._

First static characteristic extraction section 602

for quantized LSP parameter is comprised of components

‘614, 615 and 616 as described above.

In second static characteristic extraction section
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603, refle_ctive coefficient calculation sectlion 617
converts the quantized LSP parameter into a reflective
coefficient to output to voiced/unvoiced judgment
section 620. Concurrently with. the above processing,
linear prediction residual power calculation section 618
calculates the 11neér prediction residual power from the
quantized LSP parameter to output to voiced/unvoiced
judgment section 620.

In addition, since linear prediction residual
power- calculation section 618 is the same as. linear
prediction residual power calculation section 61;4._ it

is possible to share one component as the sections 614

and 618.
Second static characteristic extraction section

603 for gquantized LSP parameter 1is comprised of

components 617 and 618 as described above.

" Outputs from dynamic éharacteristic_ extraction
section 601 and first static characteristic extraction
section 602 are provided to speech region detection
section 619. Speech region detection section 619-
receives an evolution amount of the "smqothed quantized
LSP parameter input from square sum célculation section
607, a distance between the average quantized LSP
parameter of the noise segment and the current quanti.zeii
LSP parameter input from square sum calculatic;n_- section
613, . the quantized 1inear prediction résidual powér

input from linear prediction residual power calculation
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section 614, 'and the variance information of the

neighboring LSP region data input from variance

calculation section 616. Then, using these informatio_n_ .

speech region detection section 619 judges whether or
not an input signal (or a decoded signal) at the current
unit proces':l.ng time is a Spéech region, and outputs the
judged result to mode determination sectiom 621. The
more specific method for judging whether the input sighal
is a speech régio;l is descx;-ied later using FIG.8.

On the other hand, an output from second
characteristic extraction section 603 is provided to
voiced/unvoiced judgment section 620. Voided/unvoicéd
judgment section 620 receives the reflective coefficient
:l_.n.put from reflective coefficient calculation section
-_617. and the quantized linear prediction residual power
input from linear prediction residual power calculation
section 618. Then, using these information,
voiced/unvoiced judgment section 620 judges whether the
input signal (decoded signal) at the current. unit
processing time is a voiced region or unvoiced region,
and outputs the judged result to mode deterx_nination

section 621. The more specific voiced/unvoiced
judgment method is descried later using FIG.9.

Mode determination section 621 receives the judged
.result output from speech region detection sectioﬁ 619

and the judged result output from voiced/unvoiced

judgment section 620, and using these information,
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determines a mode of the input signal (or decoded signal)
at the current unit processing time to output. The more
specific mode classifying method 1is described later
using FIG.10. |

In addition, although AR type sections are used as
the smoothing_ section and average calculation section
in this embodiment, it may be possible to perform the

smoothing and average calculation by using other

methods.
'l'he detail of the speech region Judgment method in

the above-mentloned embodiment is next explained with

reference to FIG.8.
First, in S$T801, the first dynamic parameter

(Paral) is calculated. The specific contents of tie
first 'dynamic parameter 1is an evolution amount ef
quantized LSP parameter for each unit processing time,

and expressed with the fol].ow:l.ng equation (3):

D) =M (Lsi(e)- Lsi(t-D)? (3)

ﬁs:.u:) :. sﬁoothed quantized LSP at time t

Next, in ST802, it is checked whether or not the
first dynamic parameter is larger than a predetermined
threshold Thl. When the parameter exceeds the threshold
Thl, since i:he evolutiou amount of the quantized LSP
parameter is large, it is judged that the'input eignal

is a speech region.' On the other hand, when the
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parameter is equal to or less than the threshold Thil,
S:l.nce the evolution amount of the quaritized LSP parameter
is small, the processing proceeds to ST803, and further
proceeds to steps for judgment processing with other
parameter.

In ST802, when the first djnamic parameter is equal
to or less than th'e. threshold Thl, the processing
proceeds to ST803, where the number of a counter
indicative of the number of times the stationary noise

region j.s judged previouSly. ’ .'rhe initial value of the
counter is O, aﬁd is incremented by 1 for each unit
processing time judged as the stationary noise 'reé:t.on
with the mode determination method. In ST803 . When the
nﬁmber of - the counte_r ' equals  to _'or less fhan a
predetermined threshold ThC, the. processing proceeds to
ST804, where it is -judged whether or not the input s:_L_Qnal
is a speech region using tfxe static ;'»arameter.. Oon the -
other hand., whlen fhe number of the counter exceeds the
threéhold ThC, the proce'ss.ing' proceeds to ST806, where
it is judgead whet.h'er or not 'the input signal.is a speech
region using the second dynamic par_amet.er.
Two types of parameters are calculated in ST804.

One is the linear prediction residual power (Para3)
calculated from the quantized LSP paramei:ers. and the

~

other is the variance of the difference information of
neighboring orders of quantized LSP parameters (Para4).

The linear prediction residual power is obtainéd by
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converting the quantized LSP parameters into the linear
predictive coefficients _and using the relation equation
in the algorithm of Levinson—ﬁurbin. It is known that
the linear prediction residual power tends to'be higher
at an unvoiced segmént than at a voiced segment, and
therefore the linear predi&tidn residual ﬁowér is used
as a criterion of the voiced/unvoiced judgment. The
difference inforr_na.tion of neighboring orders of
quantized LSP parameters is expresseﬁ with the equation
(2). a’.nd the variance of such data is obtained. However
there are some cases, which are depending on the types:
of np:l:ses and bandwidth limitation, of existing the
specttal peak at the lowest freqnency band. Therefore
it is preferable to obtain the variance usin§ the.daté
from i=2 to M-1 (M is analysis order) in the equation
(2) without 'us;l.nQ the . difference information of
neighb'orj.ng orders at the l.ow fr.equenc.y'edge (i=1 in the
equation (2")). In the speech signal, since there a_u:'e
about three formants at a 'teleph_one- band (200Hz to 3.4
kHz)., the LSP régions have wide portions and narrow
portions, and therefore fhe variance of the region data
tends to be increased. On -the other hand, in the
stationary noise, since thér_e is no formant’ structure_,

the LSP regions usually have relatively equal regions,

and therefore such a variation tends to be decreased.

By the use of these characteristics, it is possible to

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

the spectral peak at a low frequency band as describead

previously. In this case, the LSP region at the lowest’

frequency banad ' becomes narrow, and therefore the
variance obtained by. usin§ all the neighboring LSP
evolut.ion data decréases the difference caused by ‘the
ﬁrese_n'ce or absence of the formant structure, thereby
lowering the judgment accuracy. Accordin.gly. obtaining
the variance‘ with the neighbofing LSP difference
information . at the 1low freque!idy edge eliminated
prevents such detérioration of ti‘ze accuracy. However,
since such a static parameter has lower judgment ability
than the dynamic parameter, .it is preferable to use the
static parameter aé supplem'entary information. 'fwo
types of parameters calculated in ST804 are used in
ST805. _

Next, in ST805, 'two types of parameters calcuiated
in ST804 are processed with a thresholad. .specifica'lly.
in the case where the linear prediction residual power
(Para3) 15‘ equél to or less- than a threshold '.l_'hé. and
the variance (Para!) of neighboring LSP regioh data is
eéual to or more than a threshold Th4, it is judged that
the input signal is a speech region. In other' casés.
it is judged that the input sign'al_ is a stationary noise

region (non-speech region). When the stationary noise

reéion is judged, the value of the counter is incremented

by 1.
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In ST806, the second dynamic parameter (Pa'réZ) is
ca]_.c_u]_.ated. The second dyn’amic p'arameter'i.s a parameter
indicat.ive of a similarity degree between the average
guantized LSP parameter in a previous stationary noise

region and the quantized LSP parameter in the current

unit processing time, and specifically, as expressed in

the equation (4)., is obtained as the square sum of
different values obtained for each order using the

above-mentioned two types of quantized LSP parameters:

E=Y" (L~ Lai)* - (4)

Li(t): quantized LSP at time t

LAi: average quantized LSP of a noise region

Thé obtained second dynamic parameter is processed with

the threshold in ST807.
Next, in ST807, it is determiped whether or not the

second dynamic parametei: exceéiis the threshold Th2 -
When the _second- dyné.mic parameter exc.eeds the threshold
Th2, since the similarity degree to the average quantized
LSP parameter in the previous staj:ionary nolse region
is low, it is judged that the'inpu_t signal is the séeech
region.  When the sécond’ dynamic parameter is equal t:_o
or léss than the threshold Th2, since the similarity
degree to the average quantized LSP  parameter in the-

previous stationary _noise'region is high, it is judged
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that the input signal is the stationary noise region.
The value of the counter is incremented by i'when' the
input signal is judged as the .stat:l.onary noise region.

The detail of the voiced/_unvbided region judgment
method in the above-inent‘ioned embodiment is next
explained with reference to FIG.9.

First, in ST901 '.. first-oxrder reflective
coefficient is calculated from the quantized LSP
parameter in the current unit processing time. The

reflective coefficient 1s calculated after the LSP

parameter 1s converted into the linear predictive

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

above-mentioned reflective coefficient exceeds the

first threshold Thl. When the coefficient exceeds the

threshold Thl, it 4is Jjudged that the current unit
processing time is the unvoiced region, and the
voiced/unvoiced judgment processing is finished. ' When

the coefficient is eqgual to or less than the thresholad

Thl, the voiced/unvoiced judgment processing is further

continued.
When th.e region is not judged as the unvoiced region

in ST902, in ST903, it is determined whether or not the

above-mentioned reflective coefficient exceeds. the

second th_reshold Th2. When the coefficient exceeds the

threshold Th2, the processing proceeds to ST905, and when

"the coefficient is equal to or less than the threshold
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Th2, the processing proceeds to ST904.

‘When the above-mentioned reflective coefficient is
equal oxr less than the second threshold Th2 in ST903,

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

mentiohed reflective coefficient exceeds the third

ﬁhreshold Th3. When the coefficient exceeds the

threshold Th3, the processing proceeds to ST907. and when
the coefficient is equal to oxr less than the thresholad
Th3. the region is judged as the 's:peech region, and the
voiced/unvoiced Jndgmant'processing“ is fini;hed. o
When the above-mentioned reflective coefficient
exceeds the second threshold Th2 in ‘ST903, the linear
prediction residual power is calculated in $T905. The

linear prediction residual power is calculated after the

quantized LSP is converted into the linear predictive

coefficient. |
In ST906, following ST905, it is determined

whether or not the aboée-l‘nentioned linear predi‘ction

residual power exceeds the threshold Thd4. When the

 power exceeds the threshold Thd4, it is judged that the

region is the unvoiced region, and the voiced/unvoiced
judgment processing is finished. - When the power is
equal to or less than the thr_:esho_ld Th4, it is judgea
that the region is the speech region, and the
v-oicedlimvo.:l.ced judgment processing is finished.

ﬁhen the above-mentioned reflective coefficient

exceeds the third threshold Th3 in ST904, the linear
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prediction residual power is calculated in ST907.
In ST908, following ST907, it is determined whether

or not the above-~-mentioned linear prediction residual

power exceeds the threshold Th5. When the péwer exceeds

the threshold Th5, it is judged that the region is the

unvoiced region, and the voiced/unvoiced judgement

processing is finished. When the power is equai to orxr

less than the threshold Th5, it is judged that the region

is the speech region, and the voiced/unvoicead Judgment

processing is finished.
‘The mode determination method used 1imn mode

determination section 621 1is next explained with

reference to FIG.10.
Pirst, in ST1001, the speech region detection

result is input. This step may be a block itself that

performs thé speech region detection processing.’

Next, in ST1002, it is determined whether to
determine that a mode is the stationary noise mode, based

on the judgment result on whether or not the region is

-the speech region. When the region is the speech region,

the pro_cess:l.ng proce_eds to ST1003. When the region is

not the speech region (stationary noise region). the mode

determination result indicative of the stationary

noise mode is outliut,. and the mode determination

processing 1is finished.
When it is determined that the region is not the

stationary noise mode in ST1002, the voiced/unvoiced
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judgment result is input in ST1003. This step may be

a block itself that performs the voiced/unvoiced

determination processing.

Folloﬁing ST1003, the mode deteiﬁination is
performed to determine whether the mode is.the voiced
region_méde or the unvoiced fegion mode based on the
voiced/unvoiced j_udgment result. When fhe Judgment
result is indicative of the'voiced.region. the mode
determination result indicative of the voiced region
mode is output, and the mode determination processing
is finished. When the'qoided/unfoiced judgment result
is indicative of the unvoiced region. the mode
determination result 1ndicati§e of the unvoiced region
mode is éutput. and the mode determination processihg
is f:l.n_:l..she'd. As described above, using the speech
region detection resuit and voiced/unvoiced judgment,
the modes of the input signals (or decoded signéls) in

a current unit processing block are classified into three

- modes.

(Pifth embodiment)

-

. FIG.7 is a block diagram  illustrating a
configuration of a postprocessing section according to
the fifth embodiment of the present invention. Thé
postprocessinéisection is used in the speech signal
‘"decoding appafatus déscribed in the second embodiment
with the mode selector, described in the - fourth

embodiment, combined therewith. The postprocessing
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" 'section i1llustrated in FIG.7 is provided with mode

selection switches 705, 708, 707 and 711, spectral
amplitude smoothing section 706.' spectral "phase

randomiziné sections 709 and 710, and threshold setting
sections 703 and 716.

Weighted synthesis filter 701 receives .d'ecoded LPC
output from LPC decoder 201 in the previously deéscribed
speech decoding apparatus to construct the perceptual
weighted synthesis filter, performs weighted filtering
p:ocessi.ng on the synthesized speech signal output from
synthesis filter 209 or 'post filter 210 in the speech

decoding apparatus to output to FFT processing section

702.
' FFT processing section 702 performs FFT processing

on the weighting-processed decoded signal output from
weighted syhthesis filtez.--'lOl . and_ outputs a spectral
amplitude WSAlL to first threshold setting section 703,
first spectral amplitude sinoothin’g section 706 and first

épec_tral phase randomizing section 709.

First threshold setting section 703 calculates»the
average of the spectral amplitude calculated . in FFi'
processing section 702 using all frequency signal
and using the calculated average as a
_referenc_e. outputs the threshold Thl to fifst spectral
amplitude smoothing section 706 and first spectral phase

randomizing section 709.

‘FFT processi,ng_ section 704 performs FFT processing
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on the synt_heized speech signal output from synthesis
f£ilter 209 and post filter 210 in the speech decoding

apparatus., outputs the spectral amplitude to mode

selection switches 705 and 712, adder 715. and second
spectral phase randomizing'-section 710, land further
output's the spectral pixase to mode selection switch 708.

Mode selection' switch_ 705 receives the mode
information {Mode) ocutput from mode selector 202 in the

speech decoding apparatus, and the difference

information (Diff) output from adder 715, and judges
whether the decoded_ signal in the curreﬁt unit processing
time is the speech region or the stationary noise region.
Mode seleétion switch 705 cénn-ects to mode seléction
switch 70;1 when judgeé that the d_ecoded signal is the
speech region, while connecting ' to‘ first spectral
amplitude - smoothing section 706 when Jjudges that the
decoded signal 1s the statiohary noise region.

First s'pectra]. amplitude smoothing sectibn 706
receive'_.é._ the spectrai émplitude SAL output from Ffl;
processing s_eci_:ion 704 through mode sélectioﬁ sﬁitch 705,
and perfoi:ms smoothing processing on a signal component
with a frequency determined by the input first threst_:old

Thl _and weighted spectral amplitude WSAi to output to

mode selection switch 707. The determination of the

signal component with t’hé' frequency to be processed for
smoothing is performed by determining whether the

weighted spectral amplitude WSA1l is equal to or less than
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the first threshold Thl. In other words, the smoothing

processing of the spectral amp'litude' SAi is performed

on 'the signal component with the frequency i such that

' WSAi is equal to or less than Thl. The smoothing

processing reduces the-discontinuity' in time of the
spectral amplitude caused by the c§ding distortion. In
the case where fhe smoothing processing is perflorm'ed
with the. AR type expressed with the equation (1), the

coefficient @ can be set at about 0.1 when the numbexr

_of FFT points is 128, and the unit processing—time is

-

10nms.
As mdde_selection switch 705, mode selection switch

707 receiveées the mode information (Mode) output £from mode
selector 202 11; the speech decoding apparatus., and the
difference information (Diff) output £from adder ?15, and
Judges whether the decoded s-:l.gnal .in'. the current unit
processing time is the speech region or the stationary
noise region. Mode selection; switch ‘?07 connects to
mode selection switch 705 wh'en. judges that the decoded
s'igr;al is the speech region, while connecting to f.irst'
spect_rai amplitude smoothing section. 706 when judges
that the decoded signal is the stationary noise region.
The judgment result is the same as that by mode selection

An output of mode selection switch 707 is

.connected to IFFT processing section 720.

Mode selection switch 708 is a switch of which the

output is switched synchronously with mode selection
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Mode selection switch 708 receives the mode

speech decoding apparatus, and the Aifference -

1nformati.on' (Diff) output from adder 715, 'a'nd Judges
whether the decoded signal in the current unit processing
time is the speech region or the stationary noise‘regiox_l.
Mode select’ion switch 708 connects to second spectral

phase randomizirig section 710 when judges that the

.decoded signal is the speech region, while connecting

to first spectral -phase ra,ndémizing section .709 when
judges that the decoded signal is the stationary noise

region. The judgment result is the same as that by mode

selection switch 705. In other words. mode selection
switch 708 is connected to first s.pectral phase -
randomizing section 709 when mode selection switch 705
is - connected to first spectral amplitude smoothing
section 706, and mode selection switch 708 is connected
fo second spectral phaée randomizing section 710 when
mode selection switch 705 is connected to mode selection
switch 707. | - |

~ First s_pedtral- phase ra'ndomi;ing section 709
receives the spect:f:al phase SPi output from FFPT
processing section 704 'through mode-selectioﬁ Switch 708,

and  performs randomizing processing on a signal
component with a frequency determined by the input first

threshold Thl and weighted“spectral amplitudé WSAL to

output to mode selection switch 711. The method for
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determining the signal component at the frt_aquency to be
processed for randomizing'i's the same way as thgt for
determining the signal conipone_nt at the frequency to be

processed for smoothing in first spectral amplitude

smoothing section 706. In other words.,. the randomizing

._ processing of specti‘al phase SP1 i1is.performed on the

signal component with the frequency i such that WSai is
egual to or less than Thi.

Second spectral phase randomizing section 710
receives  the spectral phase SP1i output from FFT
processing section 704 through mode selection switch 708,
and performs randomizing processing on a signal
component with a frequency determined by the :Ln;'mt second
t,hres'ho_.'l,d Th2i and'spéctfal amplitude SAi to ou‘tput to
mode selection switch 711. The method for determining
the signal component at the frequency to be processed
for randomizing is similar to that in first spectral

phase randomizing section 709. In other words, the

randomizing processing of spectral phase SPi is

performed on the signal component with the frequency i

such that SAi is equal to or less than Th2i.

Mode selection switch 711 operates synchronously
with mode selection switch 707. As mode selection
switch 707, .mode selection switch 710 receives the mode'
information (Mode) oﬁtpdt from mode selector_zdz in the

speech deéoding apparatus, and the ~difference

information (Diff) output from adder 715, and judges
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wh_ether tﬁe decoded signa_l in_the current unit processing
time is the speech region or the stationary noise region.
Mode selection switch 711 connects to second spectral
ph,as'e randomizing section 710 when judges that the
decoded signal is the speech region, while conpectj:ng
to first spectral phase randomizing section 709 when
judges that the decoded signal is the stationary noise
The judgment result is the same as that by mode

region.

selection switch 708. An output of mode selection

switcli 711 is connected to IFFT processing section 720.
As mode selection switch 705, mode selection switch
712 receives the mode information (Mode) output from mode

selector 202 in the speech décoding apparatus., and the

. difference in’fo‘rmat:!.on (Diff) output from adder 715, and

judges whether the decoded signal in the current unit -
processing time is the speech regioh or the tation'ary
When it is judged that the decoded signal
is not the speech region (is the stationary no:l.se region),
mode selection switch 712 is connected to output the
spectral amplitude SAi output from FFT processing
section 704 to second spectral amplitude smoothing

section 713. When it is determined that the decoded
signal 1is the speech region, mode selection switch 712
is disconnected. and therefore the spectral amplitude
SAi is not output to second spectral amplitude smoothing
section 713. |

Second spectral amplitude smoothing section 713
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receives the spectral amplitude SAi output from FFT
p;:'ocessing section 704 through mod’e‘s'e'lection switch 712,
and performs the smoothing processing on signal
components'at all frequency bands. The average spectral
amplitude in the stationary noise region can be obtained
by this moothing pro-cessing. | The smoothing‘proceésing |

is the same as that in first spectral amplitude smoothing

section 706. In addition, when mode selection switch
712 is disconnected, the section 713 does not perform
the processing, and a smoothed spectral am_pl.:l.t,ut'l'e SSAi
of the stationary noise region, which is last processed,
The smoofhed spectral ampiitude Ssai
processed in  second s_pe.ctral amplitude smoofhing

processing section 713 is output to delay section 714,

second threshold setting section 716. and mode selection

sﬁitch'718.'-
Delay section 714 delays the input SSAi, output

from sec;ond spectral amplitude smoothing section 713;
by a unit pro'.cess:l.ng time'to'outpu_'t to adder 715..

. Adder 715 calcn_lates a difference between the
smodi:hed spectral amplitude SSAi of the stationary noise
region in the last unit processing time and the spectrél’
amplitude SAL in the current unit processing time to
output to mode switches 705, 707, 708, 711, 712, 718,
and 719. o

Second t'hreshold setting section .716 sets the

threshold Th2i using as a reference the smoothed spectral
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amplitude SSAi of the stationary noise region output from

second spectral amplitude smoothing Section 713 to
output to second spectral phase randomizing section 710.

Random spectral 'phase generating section 717

'outputs a randomly generated spectral phase to mode

-selection switch 719.

~ As mode selection switch 712, mode seélection switch
718 receives the mode information (Mode) output from mode
selector 202 in the speech decoding apparat_:&s. and the
difference information (Diff) output from adder ‘)15 . and
judges whether the decoded signal in the current unit |
processing time 15 the speech regio_n or the station;nry
noise z;egion. When it is judged that i:he Gecoded signal
is the spéech region, ;loﬁe selection svl-itch 718 is
connected to output an output from second spectral
amplitude smoothing section 713 to IFFT p‘r'ocessing
section 720. When it is determined that the decoded
signal is not the speech region (stationary nois'e region) .
mode selection switch 718 is diéconnected, and therefore

the output from second spectral amplitude smoothing

‘section 713 is not output to IFFT prbcessing section 720.

Mode seiection switch 719 is switched
synchronously with mode selection switch 718. As m;:de
selection switch 718, mode selection s.w:l.t.ch 719 receives
the mode in.formation (Mode) oﬁtput from mode selector
202 in the speech deching appara'tus. and the difference

information (Diff) output from adder 715, and judges
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whether the decoded signal in the current unit processing
time is the speech region or the stationary noise region..
When it is judged that the decoded signal.is the speech
region, mode selection switch 719 is connected to.output- '
an. output from random spectral phase generating section
717 to IIFFT processing s;ection 720. When it is judged
that the decoded sighal ‘'is not the speech region (is
stationary noise region), mode selection switch 719 is
disconnected, and therefore the output froxﬁ se—cond

random spectral phase génerating section 717 is not
output to IFFT processing section 720.

IFFT processing section 720 receives. the spect.i:al
amp:_Litude output from mode selection switch. 707, the
spectral p_has'e output fr‘om mode selection switch 711,
the spectral amplitude output £rom mode selection switch -
718, and the spectral phase output from mode selection
section 719 to perform IFFT processing. and outpui:s the

processed signai. When mode selection switches 718 and

. 719 are disconnected, IPFT'processing section 720

'transf‘oru'ts the spe_étral amplitude input from mode
selection 707 and the spectral phése input from mode
selection switch 711 into a real part spectrum and
imaginary part spectrum of FFT, then performs the IFFT
processing. and outputs the real pé_rt of the resultant
asf a 1-:ime éig_nal. On the other hand, when mode selection
switches 718 and 719 axLe connected, IFFT processing

section 720 transforms the spectral amplitude input £from
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mode'selection 707 and the spectfal phase input £from mode .
selection switch 711 into a first real part spectrum and
first :Lmaginary part spectrum, and further transforms
the spedf:ral amplitude_ input £rom mode seiection 718 and
the spectral phase input from mode selection switch 719
into a second real part spectrﬁm and_second imaginary
part spectrum to add, .and the-n pefforms the IFFT
processing. In other words, assuming that a third real
part is obtained by adding the first real' part spe.ctrum
to. the second real part spectrum, and that a third
imaginary part is obtained by adding the first imaginary _
part spectrum to the second imaginary part spectrum, the
IFFT proc‘ess;i.ﬁg is performed using the third real part
spectrum and third imaginary part spectrum; At the t-imé

of adding the above-mentioned spectra, the second real

.part spectrum and second imaginary part spectrum are

attenuated by constant times or an adaptively controlled

. For ei:ample. at the time of adding | the
above-mentioﬂed spectra. the second real part spectrdm
is multiplied by 0.25 and then added to the first real
part spectrum, and the second imaginary_ part spédtrum
is multiplied by 0.25, and then added to the first
imaginary pa.ft spe.ctrum'. thereby obtaining the third
real part 'Spectrum and third imaginary part spectrum.

_ The postprocessing method previously described is

‘hext explained using FIGS.11 and 12. FIG.1ll is a

flowchart illustrating specific processing of the
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.postprocessing m_etho_d in this embodime_nt.

First,  in ST1101, FFT logarithmic spectral
ﬁmplitnde (WSAi) of a pérceptual wei_ghted input sigxial
(d@ecoded speech signai.) is calculated-.. '

Next, in ST1102, the first threshold Thl is

calculated. Thl is obtained by adding a constant k1 to

the average of WSA1i. The value of ki is determined

empirically, and, for example.. about 0.4 in the common
1dgarithmic region. Assuming that the number of FFT
points. is N,:and that the FFT spectral amplitude is WSALi
(1=1.2...;.N); the average of WSA1L 'i 6b.tai'n'ed by
calcuiating'the average va_lue of an N/2 number o.f wsSai
becau#e WSAL 1s symmetry with i:espect to the boundary
of 1i=N/2 and :I.=-N/2+1.. .

Next, in ST1103, FFT 10951:‘11:!11:'110 spectral
a‘.mplitude (SAi) and PFT spectral phase (SPi) Of an input
signal (decoded speech signal) thatl is not percéptu-al.
weighted is calculated.’ | .. '

" Next, in ST1104, the spectral difference (Diff) j.s. _

calculated. .The spectral differerice is the total .

residual spectra each obtained by subtracting the

average FFT logarithmic spectral amplitude (SSAi) in the

' region previously judged as the stationary noise region

from the current FFT logarithmic spectral ainplitude
(sAi). The spectra difference Diff obtained in this
step is a parameter to judge whether or not the current

power is larger than the average power of the stationary
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When the current power is larger than the

average power of the stationary noise region, the region
has a signal different froma stationary noise compcnent
and " therefore the region is judged to be not the
stationary noise region. B

Next. in ST1105, .the counter is checked. The
counter is indicative of the number o-f.times the decoded
signal 1is judged as the stationary noise regi'on
previously. In the case where' the number of the counter

is more than a predetermined value, in other words » When

it is judged that the decoded signal is the stationary

noise region previously with some extent of stability,
the processing prO'ceeds to ST1107. In the other case,
in other wbrds. when it is little judged thet the decoded
signal is the stationary noise region previously, the
processing 'proceeds to ST1106. . The difference between.
ST1106 and ST1107 is that the spectral difference (Diff)
is used or not as a judgment criterion. . The spectral
difference (Diff) is calculated using the average FPFT

1ogarithmic spectral amplitl_lde (SSAi) in the region

'previously judged as the stai:iona_ry noise region. To

obtain such an average FFT 1logarithmic spectral

" amplitude (SSA1). it is necessary to use a previo'us'

stationary noise region with a sufficient time length
cf some extent, and therefore ST1105 is provided. When
there is no previous stationary noise region with a

sufficient time length, since it is considered that 'the
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average FFT logarithmic spectral amplitude (SSAi) is not

averaged sufficiently, the processing is intended to

proceed to ST1106 in which the spectral difference (Diff)

is not used. The initial value of the counter is 0.
Next, in ST1106 or ST1107, it is judged whether or

not tl-ze' decoded signal .:Ls the stationa:_:y noise region.

In ST1106, it is judged that the decoded signal is the

stationary noise region in the case wheré an excitation
mode that is already determined in the speech decoding

apparatus is the stationary noise region mode. In

.8ST1107, it is judged that the de?coded signal is the .

stationary nolse region in the case where an excitation
mode that is already determined 'in the speech decoding
apparatﬁs is the stationa;ry noise region mode, a.nd._ the
spectral diffe’renceltniff) calcl}late'd in ST1104 is equal
to or less tham the threshold K3. 1In ST1106 or srﬁm,
the processing proceeds to ST1108 when :j.t‘is judged that
the decbded signal is the stationary noise region, ﬁhile'
the p_rocessing proceeds to ST1113 when it is judged that |
the decoded signal is not the stati;:nary noise region,

in other words, thé.t the de_c'oded sign’ai is the speech

region.
When it is judged that the decoded signai is the

. 'stationary noise region, the smoothing processing is

next performed in ST1108 to obtain the . average FFT

logarithm spectrum (SSAi) of the stationarynoise region.

In the equation in ST1108, B is a constant indicative
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" of an intensity of smoothing in the range of 0.0 to 0.1.

B ‘may be about 0.1 when the nuﬁber of FFT points is 128,
and a unit processing time is 10ms (80 points in 8kHz
sampling). .The smoothing processing is performed on aEI.l
logarithmic spectral amplitudes (SAi i 1,... .N N is

the number of FFT points).

Next, in ST1109, the smoothing processing of FFT
logafithmic spectral amplitude is performed to perform
smoothing on the spectfal amplitude difference of the
stationary noise'region. The smoothixig processing is
the same as that in _ST1108. However, the smoothing
pro;:essing in ST1109 is not 'performed on all logarithmié

spectral amplitudes (SAi),. but performed on a signal

- component with a frequency i1 such that the perceptual

weight'ed logarithmic spectral amplitude (WSA1) is equal

- to or less than the threshold 'l'hl. 7. in the equat:l.on

.'i.n ST1109 is the same as B in ST1108, and may have the
Partially smoothed logarithmic

same value as 8 .
spectral amplitude SSAZi is obtained in S‘l'1109

Next, in ST1110, the randomizing processing is
performed on the FFT spectral phase. The randomizing
processing is performed on a signal comp-onent with a

selected frequency in the same way as in the smoothing

processing in ST1109. 1In other words, as in ST1109, the

randomizing processing .is ‘performed on the signal
coinponent with the ffequency i such that the pei:ceptual

weighted logarithmic spectral amplitude (WSAi) is equal
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to or less than the threshold Thl. At this point, it
méy be'possible_ to set Thl at the same value as in ST1109,
and also possiblé to set Thl at a differgnt value adjusted
to obtain higher 'shbjectiv'e quality. In addifioh,
random (i) lin ST1110 is a numerical value ranging from

-27t to +27 generated randomly. Togenerate random (1),
it may be possible to genéra;e a random number newly every

time. To save a computation amount, it may be also

' poSsibie to hold pre~generated random numbers in a table

to use while circulating the contents of the table f'or

- each unit processing time. When the table is used, two

cases are considered that the contents of the table is

‘used without modification. and that the contents of the

table is added to the FFT spectral phase to use.

Next, 1in ST1111l, a complex FPT spectrum is

generated from the FFT logar:l.thmic spectral amplitude '

. and FI-‘T spectral phase. 'l'he real part is obtained by .

returning the FFT 1oga’rithm_j.c spectral amplitude SSA2i

from the logarithmic region to the linear region. and

titen mult'ipil.ying by a cosine of a spectral phase RSP21i.
The imaginary part _:i.s obtained by returning the FFT
logarii:hmic spectral amplitude SSA21i from the -
logarithmic region to the linear region, and then
multiplying by é sine of the spectral phase RSP2i.
"Next, in ST1112, the number of the counter

indicative of the region judged as the stationary noise

region is incremented by 1.
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On the other hand, when it is judged that the decoded
signal is the speech region (not the statiénary noise
region) in ST1106 or ST1107, next in ST1113, the FFT
logérithmic spectral amplitude SAi is copied as the
smoothed logarithmic speétruni SSAii. In other words,
the smoothing processing of the 16gar:l.thmic specfral
amplitude 1is not perfﬁrme-d.

Next, in ST1114, the randomizing pro'céss.ing of the
FFT spectral phase is performed. The randomizing
prbcess'ing is performed on a signal component with a |

selected frequency as in STilio. !iowever. the thresholad

for use in selecting the frequency is not Thl, but a value
obtained by adding a constant k4 to séa:. previously -
obtained in ST1108. This threshold equals to the second
threshold Th2i in FIG.6. In other words, the

randomizing' ' of the spectral phase 1is. performed on a

-

signal componeht with a frequency such that the spectral
amplit_ude is smaller than the average spectral,ampl:l.tut_ie
of the stationary noise region.

Next, in ST1115, a complex FFT spectrﬁm is

generated from the _E‘FT logarithmic spectral amplitude

and FFT spectral phase. The real part is obtained by

adding the value obtained by returning the FFT

logarithmic spectral amplitude SSA2i from the

logarithmic region to the iinear region, and then
multiplying by the cosine of the spectral phase RSP2i,
and a value obtained by multiplying a value obtained by
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returning the FFT logarithmic spectral_amplitude SSAi

_from the logarithmic region to the linear region by a

cosine of a spectral phase - randomz(i) ., and 'further
‘multiplying the resultant by the constant k5. The
imaginary part is obtained by adding the value obtained
by returning the 15'1?'1' logarithmic spectral amplitude
SSA2i from the logarithmic region to the linear region.
and then multiplying by the sine of the spectral phase
RSP2i, and a value obtained by muljl:iplying a wvalue
obtained by returning the FFT logarithmic épectral
ampiitude SSAi from the logarithmic region to the linear
region by a sine of the spectral phase random2(1i), and
further multiplyir_ng the resultant by the consfant kS.
The constant k5 is in i:he range of 0.0 to 1.'0. and
specifically set at about 0.25. In addition, k5 may be

an adaptively controlled variable. It is possible to

" improve the subjective qualities of the background

. stationary noise in the speech region by multiple:ﬁing

the average stationary noise iiultiplied by. k. The
random2(1) 1s the same random number as réndbm(i).
Next, in ST1116, IFFT is performed on complex FFT
spectrum (Re(si)i. Im(S2)i) 'génerated in ST1111 or
ST1115 to obtain a complex (Re(s2)i, Im(s2)1). |
Finally, in ST1117, the real part Re(s2)1i of the
complex obtained by the IFFT is output. o '
According to the,multimode speech coding apparatus

of the present invention, since the coding mode of the
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without adding any new informatio"n indicative of a mode,

and thereby to improve the coding performance.

In this constitution, the mode switching section
switches the mode of the second coding.section that

encodes  the excitation vector using the quantized

parameter indicative of speech spectral characteristic,

whereby in the speeéch coding apparatus that encodes

parameters indiéative of spectral characteristics and

.parameters’

1ndicative of

the excitation

vector

independently of each other, it is possible to provide

the coding of the excitation vector with the multimode

without increasing hew transmission information, and

therefore to improve the coding performance.

In this case., since it is possible to detect the

stationary noise segmenf qSing dynamic chatacteristics

provided with

performance for the stationary noise segment.

the multimode improves

the

. for the mode selection, the excitation vector coding

coding

Further, in this éase. the mode switching section

switches the mode of the processing section that encodes

thé éxcitation vector using quantized LSP parameters,

and therefore it is possible to apply the present

invention simply to a CELP system that uses the LSP

parameters

as

parameters

indicative

of

spectral
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characteristics. Eurthermore; since the LSP_parameters
that a:-ré parameter's in a frequency region are used, it
is possible to perform the judgment of the stati.onarit-y
of the spectrum, and-therefofe to improye

the coding performance for stationary noises.

Moreover, in this case, the mode switching section

Judges the stationarity of the quantiied_ LSP using the

-previous and current quantized LSP parameters, judges

the voiced characteristics using the current quantized

LSP, and based on the judgment results, performs the mode

selection of the processing sectibn that encodes_ the
excitation vector, whereby it is possible to perform the
coding of the excltation vector while switching between
the stationary noise ségment. unvoiced speech segment
and voiced speech segment-. and therefore to improve the
coding performance by preparing the coding mode of the
excitation vector corresponding to each segment.

In .the speech decoding_ apparétus of’ tl;;e _ pr_eseqt
:l.nvehtion, since it is possible to detect the case that |
the poﬁe‘r of a decodec“l -si.g_nal is_. suddenly increased, :Lt
is possible to cope with the case that a detection error
is caused by the above;mentioned processing section thé.i:
detects the speech region. '

Further., in the speech decpding 'abparatus of the
present invention. since it is possible to detect the
stationary no:_Lse segment using dynamic charaéteristics .

the excitation vector coding provided with the mul'timbde
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the excitation vector .coding provided with the multimode
improves the coding performance for the stationary noise.
segment. )

As de'scribed above, according to the present

invention., since the mode selection of speech coding

' and/or decoding postprocessing is performed ueing the

static and dynamic characteristics in the q_uanfized data

of parameters indicative of spectral characteristics,

| it is.possible toprovide the speech coding with the

‘multimode without newly ‘tramnsmitting the mode .

information. In particular, since it is possible to

perform the judgment of the speech region/non-spe'ech'-

fegion in addition to the judgment of the voiced

region/unvoiced region, it is possible to provide the
speech coding apparatus and speech 'decc'oding apparatus

enabling the increased improvement of the coding

'perfo;mance by the mult;l.mode_.

This appiicatio’n is based on the Japanese Patent
Applicat:lons No. nnno 236147 filed on August 21, 1988,
and No. HEIlO 266883 filed on September 21, 1988, entire

content of which is expressly incorporated by reference

herein.

Industrial Applicability
The present invention is effectively applicable to

a communication terminal apparatus and base. station

apparatus in a digital radio communication system.
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1. A multimode speech coding APPARATUS COMPRISING:

- first coding means for coding at least one type of
parameter indicative of vocal tract information contained
in ‘a speech signal; - | '

second codlng means for belng capable of codlng sald
at least one type of parameter indicative of vocal tract
information with a plurality'of'modés; -

mode'switching means for switching'a coding mode of

said second coding means based on a dynamic characteristic

of a specific parameter coded in .said first coding means;
and .‘ o | _
synthesis means for synthesizing an input speech

signal using a plurality of types of parameter  information

coded in said first coding mears and said second coding

means.

2. The multimode speech codlng' apparatus accordlng to.

‘claim 1, wherein sald second coding means comprlses codlng

means for belng capable of codlng' an ex01tatlon vector

iw1th a plurallty of codlng modes,_and said mode sw1tch1ng

means switches the coding mode of said'second coding means
using a cuantized. parameter indicative of a spectrai-
characteristic of a speech. | "

3.:_'The multimode speech coding apparatus according to
claim 2, wherein said mode switching means switches .'the _.
coding-mmde'of said Secpndtccding_means using a static
characteristic -andr a dynamic characteristic of the
quantiied _parameter indicative of the spectral
characteristic of the speech. | _ .

4. The multimode speech coding apparatus accordlng to
clahn 2, wherein said mode switching means switches the

coding mode of said second coding means using a quantized

. LSP paramenter.
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5. The multimode speech coding apparatus according to
claim 4, wherein said mode switching means switches the
coding mode of sald second codlng means using a static
characterlstlc and a dynamlc characteristic -of the
quantlzed LSP parameter. ‘

6. The multimode speech codlng apparatus accordlng' to
claim 4, wherein said mode switching means comprises means
for judglng statlonarlty of the quantlzed LSP parameter |
using a previous quantized LSP parameter and a current -

quantized LSP‘ parameter, and means - for Jduglng a vo:Lced'

.characterlstlc using the current quantized LSP parameter,

'and based on a judged results, sw1tches the codlng mode of

sa;Ld second coding means.
7. A multimode speech ‘decoding apparatus comprising'

~first decodlng means for decodlng at least one type

" of parameter 1nd1cat1ve of vocal tract information

contalned in a speech 51gnal; _

| second decodlng means for belng capable of. decodlng_
sald at least one type of parameter 1nd1cat1ve of vocal
tract information with a plurallty of decodlng modes ;

mode sw1tch1ng means for sw1tch:|.ng a decoding mode of.

'_said second decodlng means .based . on a dynamlc
characterlstlc of a spec1f1c parameter decoded in sald

flrst decod:.ng means; and

synthes:.s means for decodJ.ng the speech 31gnal u51ng_

a plurallty of types of parameter 1nformatlon decoded 1n

said first decoding means and said second decoding means.

. 8. ’ The multlmode speech decodlng apparatus according to

claJ.m 7, whereln said second decodlng means - comprises

-decoding means for being'capable of decoding an excitation

vector with a plurality of decoding modes, .and . said .mode
switching means switches the decoding mode of said second
decoding means using a quantized parameter indicative of a

spectral characteristic of a speech.
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9. The multimode speech decoding apparatus according to

- claim 9, wherein said mode switching means switches the

decoding mode of said second decoding means using a static

'characte_ri'stic and a  dynamic characteristic of the

quantiied parameter indicative of the spectral
characteristic of the speech

10.  The multlmode speech decodlng apparatus according to

'.claim 8, wherein said mode ‘switching means s_w1tches the

'd'ecoding' mode of said second decoding means using a

Ay

-quantized LSP parameter.

11. The mut]_.imo_'de speech d_ecoding.;. ap_paratus according to
claim 10, wherein said mode"switching ‘means switches the

decodlng mode of said second decodlng means using a statlc

-characterlstlc and ‘a dynamlc characterlstlc 'o_f- the

-quantl zed LSP parameter .

12. The multlmode speech decodlng apparatus accordlng to
cl,alm,_ .10 ‘'wherein saJ.d mode sw:Ltchlng means _ comprlses
means for judging statlonarlty of the quantiied LSP
parameter using a previous quant:.zed LSP parameter and a

current quantlzed LSP parameter,‘ and means for Judglng a

" voiced characterlstlc us:.ng the current quantlzed LSP .

parameter, and base don Judged results, switches the

: decodlng mode of said second decodlng means._

13. The multimode speech decodlng apparatus accordlng to

claim 7, wherein said apparatus switches postproces31ng

‘for a. decoded . signal based on judged results.

14. A multlmode postprocessing apparatus comprising.' :

~ judgement means for judging whether ornot a rng.on is
a. speech.region us:Lng a decoded LSP parameter; _
FFT processing means for performing fast Four:Ler
transform proces51ng on a signal;
_spectral phase randomlzlng means for randomlzlng a

spectral phase obtained by said fast Fourier transform

|
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processing .corresponding to a result Jjudged by said
judgement means;

spectral amplitude. smoothing means for performing
smoothing on a spectral amplitude obtained . by said fast
Fourier transform processing corresponding to said -result;
and

'IFFT processing means - for performing inverse . fast

.FPourier transform on the spectral phase randomlzed by sa1d

spectral phase randomlzlng means and' the pectral
amplltude smoothed by said spectral amle.tude smoothlng

means.

©15. . The multimode postprdce_s‘sing' a.pparatu's' .aceerding to

claim '14,' wherei.n said device determines a frequency of
the spectral phase to be randomlzed us:Lng an average
spectral amplltude of a prev1ous nQn—speech reglon in a
speech region, and determlnes a frequency of the spectral
phase to be randomized and the spectral amplitude to be
smdot__ed" using an average spectral amplitude .with all

frequencies in a perceptual weighted domain in a non-

. speech region.

16. The multimode 'po'stproce'ssing apparat'us according to
claim. 14, whereln said dev1ce multiplexes :Ln .a speech
reglon a no:.se generated u51ng average spectral . amplltude
in a previous non-speech region.

17. A -speech signal transmission apparatus having a

speech inp'ut apparatus that converts a speech signal into

- an ‘electric signal, and A/D converter that converts a

signal output from the Speecz_h input apparatus into a
digital sig_nal,_ a 'multimo'd_e speech. coding appa_ratus thal_t
perforins coding on the digital signal output' from the
multimode speeeh coding apparatus, and a transmission
antenna ‘that transmits a radio signal 'output from the RF
modulator,  said multimode speech coding apparatus

comprising:
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first coding means for coding at least one type of

parameter indicative of vocal tract information contained

1n -a speech signal; _
mode sw1tch1ng means for sw1tch1ng a- coding mode of

said_second codlng means based on a dynamic characteristic

of a specific parameter coded in said first coding means;

_and'

~ synthesis means for" synthesiZing an 1nput speech

“signal using a plurality of types of parameter 1nformation

coded in said first coding means.and sald second coding

~means.

18. A speech signal reception. apparatus' haVing-“ a

reception antenna that receives a radio "signal, an RF

demodulator that performs demodulation processing on the-

‘radio. s1gnal received at__the reception antenna, a

multimode speech decoding apparatus that performs decodlng
on _1nformation obtained by the RF demodulator, a b/A
converter that converts a digital speech 51gnal decoded 1n'
the multimode speech decoding apparatus into an analog

signal, and a: speech output apparatus that converts an

'electric 31gnal -output from the .D/A. converter 1nto a

speech 51gnal, said lnuitimode speech decoding apparatus _

comprising: o o ) -
;first;decoding_means for decoding at ieast.one{tyPe

" of parameter _indicative of “vocal " tract information

contained in‘a speech signal;

second decoding means. for. being capable. of decodlng

,said at least one type of parameter indicative of vocal

tract information with a piurality of decoding modes,

mode switching means for switching a decoding mode of’
said second decoding means | based on .a dynamic
characteristic of a specific pirameter decoded in said

first decoding means; and
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synthesis means for decoding the speech signal using

a plurality of types of parameter information'decoded in

said first decoding means and said second decoding means.

19. A computer readable recording medium with a computer

executable = program recorded. therein, the program
comprising the procedures of: | | ' |
judglng statlonarlty of a quantlzed LSP parameter
using ‘a prev1ous quant:.zed LSP parameter and a current
quantlzed LSP parameter. ' .
judglng a v01ced characterlstlc using the current
quantized LSP parameter, and . _ | -
_sw1tch1ng a mode of a procedure of :coding an

exc1tat10n vector, based on judged results.

"20. A computer readable recordlng medium with a computer

'eXEcutable program recorded -thereln, ‘the program

compr1s1ng the procedures of' .
judglng statlonarlty of a quantized LSP parameter
using a prev1ous quantlzed LSP  parameter and ~a current
quantlzed Lsp parameter, _ L
judglng a v01ced characterlstlc u51ng the current

'quantlzed LSP parameter,

sw1tch1ng a. 'mode of a procedure of decodlng an_

'exc1tat10n vector, based on Judged results, and

sw1tch1ng a procedure of performlng postprocess1ng on

.: a decoded 51gnal based on the Judged results.'

30

35

21. A multlmode speech codlng method for performlng mode

switching of a mode for coding an excltatlon vector, using
a static characteristic and_a'dynamic characteristic of a
quantized - parameter . indicative - of a spectral

characteristic of a speech.

22.. A multimode speeCh decoding method. for performing

mode switching of a mode for decoding an excitation

vector, using a static characteristic and a dynamic

| O R
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characteristic of a quantized parameter indicative of a

spectral characteristic of a speech.
23. The multimode speech decoding ‘method according to
claim 22, said method comprising the steps of:
performing postprocessing on a decoded signal; and

. switching the step of 'performing postprocessing,
based on mode information. o |
24." A multlmode postproces51ng method comprlslng.

 the judgement step of judglng whether or not a reglon
is a speech region u51ng a decoded LSP parameter; '

the FFT process:.ng step of performlng fast E'ourler

-transform process:.ng on a s:n.gnal,

the spectral phase randomlzlng step of randomlzlng a
spectral phase obtalned by sald fast Fourier transform
process:.ng correspondlng to a result determlned by sa:Ld
judgement step; . ' L .

the spectral amplltude smoothlng step of performlng
smoothlng on a spectral amplltude obtalned by said fast.

Fourler transform process:.ng correspondlng to sald result,-

the. IFFT processing step of perforlning inverse fast

Fourier transform on the spectral phase randomized by said

-spectral phase randomlz:l.ng step and the spectral amplltude_

smoothed by said spectral amplltude smoothlng step.

0y



