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FlG.12

EXCITATION SOURCE LOCATION TABLE

EXCITATION
SOURCE EXCITATION SOURCE

MAGNITUDE
NUMBER LOCATION CANDIDATE

0,3, 10, 15, 20, 25, 30, 35

1,6, 11, 16,21, 26, 31, 36

3,8, 13, 18, 23, 28, 353, 38
4,9, 14, 15, 24, 29, 54, 39

FI(G.16 (PRIOR ART)

EXCITATION SOURCE LOCATION TABLE

EXCITATION
SOURCE EXCITATION SOURCE

NUMBER LOCATION CANDIDATE

- 0.5. 10, 15, 20, 25, 30, 33
- L6 11.16.21 26.31, 36

- 2712, 17,22, 27,32, 37

3,8, 13, 18, 23, 28, 33, 38
4,9, 14, 19, 24, 29, 34, 39
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CONVENTIONAL ART
FIG.15
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1

SPEECH CODING APPARATUS AND SPEECH
DECODING APPARATUS

Matter enclosed in heavy brackets [ ]| appears in the
original patent but forms no part of this reissue specifica-
tion; matter printed in italics indicates the additions
made by reissue.

The present application is a divisional application of appli-
cation Ser. No. 12/153,188, which was filed May 14, 2008 as
a reissue application of application Ser. No. 09/706,813 filed
Nov. 7, 2000, now U.S. Pat. No. 7,047,184, which claims
priority under 35 U.S.C. §119 to Japanese application No.
11-317205 filed on Nov. 8, 1999, the entive contents of which

are incorporated herein by veference. The present application

is related to co-pending application Ser. Nos. 12/695,954 and
12/695,942, which are also divisional applications of the

aforementioned veissue application Sev. No. 12/153,188.

BACKGROUND OF THE INVENTION

1. Field of the Invention

The present invention relates to a speech coding apparatus
tor compressing a digital speech signal to an equivalent signal
having a smaller amount of information, and a speech decod-
ing apparatus for decoding speech code generated by the
speech coding apparatus or the like to reconstruct a digital
speech signal.

2. Description of the Prior Art

Prior art speech coding apparatuses separate an input
speech mto spectral envelope mformation and an excitation
source and encode them on a frame-by-frame basis, where
cach frame has a certain length, so as to generate speech code,
and prior art speech decoding apparatuses decode the speech
code and generate decoded speech by combining the spectral
envelope mformation and the excitation source using a syn-
thesis filter. Typical prior art speech coding apparatuses and
speech decoding apparatuses employ a code-excited linear
prediction (CELP) coding technique.

Referring now to FIG. 14, there 1s 1llustrated a block dia-
gram showing the structure of a prior art CELP speech coding

apparatus. FIG. 15 1s a block diagram showing the structure of

a prior art CELP speech decoding apparatus. In FIG. 14,
reference numeral 1 denotes an mput speech, numeral 2
denotes a linear prediction analyzer, numeral 3 denotes a
linear prediction coetlicient coding umt, numeral 4 denotes
an adaptive excitation source coding unit, numeral 5 denotes
a driving excitation source coding unit, numeral 6 denotes a
gain coding unit, numeral 7 denotes a multiplexer, and
numeral 8 denotes speech code. In FIG. 15, reference numeral
9 denotes a separator, numeral 10 denotes a linear prediction
coellicient decoding unit, numeral 11 denotes an adaptive
excitation source decoding unit, numeral 12 denotes a driving
excitation source decoding unit, numeral 13 denotes a gain
decoding unit, numeral 14 denotes a synthesis filter, and
numeral 15 denotes output speech.

In operation, the prior art speech coding apparatus per-
forms its coding operation on a frame-by-frame basis, where
cach frame has a duration ranging from 5 to 50 msec. Simi-
larly, the prior art speech decoding apparatus performs its
decoding operation on a frame-by-frame basis. In the speech
coding apparatus of FIG. 14, the iput speech 1 1s applied to
the linear prediction analyzer 2, the adaptive excitation source
coding unit 4, and the gain coding unit 6. The linear prediction
analyzer 2 analyzes the input speech 1 so as to extract a linear
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prediction coeflicient that 1s the spectral envelope iforma-
tion of the input speech 1. The linear prediction coefficient
coding unit 3 then encodes the linear prediction coetficient
and furnishes the coded result to the multiplexer 7. The linear
prediction coelficient coding unit 3 also quantizes the linear
prediction and furnishes the quantized linear prediction to the
adaptive excitation source coding unit 4, the driving excita-
tion source coding unit 5, and the gain coding umt 6 for
coding an excitation source separated from the input speech

1.

The adaptive excitation source coding unit 4 stores a past
excitation source (or signal) of a certain length as an adaptive
excitation source code book (1.e., adaptive code book) and
generates a plurality of adaptive excitation source codes each
of which 1s a multiple-bit binary value. For each of the plu-
rality of adaptive excitation source codes, the adaptive exci-
tation source coding unit 4 also generates a time-series vector
that 1s a series of pitch-cycles each of which includes the past
excitation source. The adaptive excitation source coding unit
4 then multiplies the plurality of time-series vectors by an
appropriate gain and allows the multiplication result to pass
through a synthesis filer (not shown) using the quantized
linear prediction coetlicient from the linear prediction coet-
ficient coding unit 3 so as to generate a temporary synthesized
speech. The adaptive excitation source coding unit 4 calcu-
lates and examines the distance between the temporary syn-
thesized speech and the 1input speech 1 and selects one adap-
tive excitation source code which minimizes the distance
from the plurality of adaptive excitation source codes. The
adaptive excitation source coding unit 4 then delivers the
selected adaptive excitation source code to the multiplexer 7.
The adaptive excitation source coding unit 4 also furnishes
the time-series vector associated with the selected adaptive
excitation source code as an adaptive excitation source to the
driving excitation source coding umt 3 and the gain coding
unit 6. The adaptive excitation source coding unit 4 further
delivers either the mput speech 1 or a signal obtained by
substituting synthesized speech generated from the adaptive
excitation source from the input signal 1, as a signal to be
coded, to the driving excitation source coding unit 5.

The driving excitation source coding unit 5 contains a
driving excitation source code book and generates a plurality
of driving excitation source codes each of which 1s a multiple-
bit binary value. For each of the plurality of driving excitation
source codes, the driving excitation source coding unit 5 also
reads a time-series vector from the driving excitation source
code book. The driving excitation source coding unit 5 then
multiplies both the plurality of time-series vectors and the
adaptive excitation source output from the adaptive excitation
source coding unit 4 by respective appropriate gains and
calculates the sum of them and allows the sum to pass through
a synthesis filter (not shown) using the quantized linear pre-
diction coetficient from the linear prediction coetficient cod-
ing unit 3 so as to generate a temporary synthesized speech.
The driving excitation source coding unit S calculates and
examines the distance between the temporary synthesized
speech and the signal to be coded, which 1s either the input
speech 1 or the signal obtained by substituting the synthe-
s1zed speech generated from the adaptive excitation source
from the mput signal 1, and selects one driving excitation
source code which minimizes the distance from the plurality
of driving excitation source codes. The driving excitation
source coding unit 5 then delivers the selected driving exci-
tation source code, to the multiplexer 7. The driving excita-
tion source coding unit 5 also furnishes the time-series vector
associated with the selected driving excitation source code as
a driving excitation source to the gain coding unit 6.
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The gain coding unit 6 stores a gain code book therein and
generates a plurality of gain codes, each of which 1s a mul-
tiple-bit binary value. For each of the plurality of gain codes,
the gain coding unit 6 also reads a gain vector sequentially
from the gain code book. The gain coding unit 6 then multi-
plies both the adaptive excitation source output from the
adaptive excitation source coding unit 4 and the driving exci-

tation source output from the driving excitation source coding,
unit 5 by two elements of the gain vector, respectively, and

calculates the sum of them so as to generate an excitation
source and allows the excitation source to pass through a
synthesis filter (not shown) using the quantized linear predic-
tion coellicient from the linear prediction coellicient coding,
unit 3 so as to generate a temporary synthesized speech. The
gain coding unit 6 calculates and examines the distance
between the temporary synthesized speech and the input
speech 1, and selects one gain code which minimizes the
distance from the plurality of gain codes. The gain coding unit
6 then delivers the selected gain code to the multiplexer 7. The
gain coding umt 6 also furmishes the generated excitation
source corresponding to the selected gain code to the adaptive
excitation source coding unit 4.

Finally, the adaptive excitation source coding unit 4
updates the adaptive code book located therein using the
excitation source corresponding to the gain code selected by
the gain coding unit 6.

The multiplexer 7 multiplexes the linear prediction coetfi-
cient code from the linear prediction coeflicient coding unit 3,
the adaptive excitation source code from the adaptive excita-
tion source coding unit 4, the driving excitation source code
from the driving excitation source coding unit 5, and the gain
code from the gain coding unit 6 into a speech code 8, and
outputs the speech code 8.

In the speech decoding apparatus of FIG. 135, the separator
9 separates the speech code 8 from the speech coding appa-
ratus 1nto the linear prediction coelficient code, the adaptive
excitation source code, the driving excitation source code,
and the gain code. The separator 9 then furnishes them to the
linear prediction coelilicient decoding unit 10, the adaptive
excitation source decoding unit 11, the driving excitation
source decoding unit 12, and the gain decoding unit 13,
respectively. The linear prediction coelficient decoding unit
10 decodes the linear prediction coetlicient code from the
separator 9 so as to reconstruct the linear prediction coelli-
cient. The linear prediction coetlicient decoding unit 10 then
sets and outputs the linear prediction coellicient as a filter
coellicient for the synthesis filter 14.

The adaptive excitation source decoding unit 11 stores a
past excitation source as an adaptive excitation source code
book. The adaptive excitation source decoding unit 11 also
generates a time-series vector that 1s a series of pitch-cycles
cach of which includes the past excitation source, as an adap-
tive excitation source, the time-series vector being associated
with the adaptive excitation source code separated by the
separator 9. The driving excitation source decoding unit 12
generates a time-series vector as a driving excitation source,
the time-series vector being associated with the driving exci-
tation source code separated by the separator 9. The gain
decoding unit 13 also generates a gain vector associated with
the gain code separated by the separator 9. The speech decod-
ing apparatus then multiplies both the first and second time-
series vectors from the adaptive excitation source decoding
unit and the driving excitation source decoding unit by two
clements of the gain vector from the gain decoding unit,
respectively, so as to generate an excitation source and allows
the excitation source to pass through the synthesis filter 14 so
as to generate output speech 15. Finally, the adaptive excita-
tion source decoding unit 11 updates the adaptive excitation
source code book located therein using the generated excita-
tion source.
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Next, a description will be made as to an improvement 1n
the prior art CELP speech coding and decoding apparatuses

mentioned above. “Basic algorithm of conjugate-structure
algebraic CELP (CS-ACELP) speech coder” by A. Kataoka

ctal.,, NTT R&D, Vol. 45, April 1996, which will be referred
to as Reference 1, discloses a CELP speech coding apparatus
and a CELP speed decoding apparatus including a excitation
source pulse for coding a driving excitation source with the
aim of reducing the amount of calculations and the amount of
memory. In this prior art arrangement, the driving excitation
source 1s represented only by information about the locations
of a number of pulses and information about the polarities of
the plurality of pulses. Such an excitation source 1s called an
algebraic excitation source, and provides a good coding per-
formance considering that 1t has a simple structure. Recently-
developed standard coding techniques adopt the algebraic
excitation source.

Referring next to FIG. 16, there 1s 1llustrated a table listing
candidates for the locations of the excitation source pulses
employed by the CELP speech coding and decoding appara-
tuses disclosed 1n Reference 1. Such the table can be located
in both the dnving excitation source coding unit S of the
speech coding apparatus as shown in FIG. 14 and the driving
excitation source decoding unit 12 of the speech decoding
apparatus as shown 1n FIG. 15. In Reference 1, the length of
frames to be coded when coding excitation sources 1s 40
samples, and the driving excitation source consists of four
pulses. Three of them numbered 1 to 3 have 8 limited possible
locations as shown 1n FI1G. 16, respectively. Theretfore, each
of the locations of the three pulses can be coded 1n three bits.
The remaining pulse numbered 4 has 16 limited possible
locations as shown 1n FIG. 16. Therefore, the location of the
fourth pulse can be coded 1n four bits. The number of candi-
dates for the location of each of the four excitation source
pulses 1s limited 1n this way, and the amount of bits used for
coding the driving excitation source and the number of com-
binations of the locations of those excitation source pulses are
therefore reduced. This results 1n a reduction 1n the amount of
arithmetic operations without reducing the coding perfor-
mance.

In accordance with the coding technique as disclosed 1n
Reference, the driving excitation source coding unit 3 of the
speech coding apparatus of FIG. 14 calculates a correlation
between an impulse response (1.€., a synthesized speech gen-
erated by a single excitation source pulse) and a signal to be
coded, and a cross-correlation between 1mpulse responses
(1.e., synthesized speeches respectively generated by single
excitation source pulses), and stores them as a pre-table
therein and calculates the distance (or coding distortion) by
simply calculating the sum of them. The driving excitation
source coding unit 5 then searches for the pulse locations and
polarities that minimize the distance.

The concrete searching method as disclosed 1n Reference 1
will be described hereinafter. The minimization of the dis-
tance 1s equivalent to the maximization of an evaluation value
D given by the following equation:

D=C%/E

(1)

where C and E are given by:

C = gldm) (2)
i

(3)

E= ) ) e®elip(m, m;)
& ]

wherem, 1s the location of the kth pulse, g(k) 1s the magnmitude
of the kth pulse, d(x) 1s the correlation between an impulse
response generated when an impulse 1s placed at the pulse
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position X and the signal to be coded, and ¢(X,y) 1s the cross-
correlation between an impulse response generated when an

impulse 1s placed at the pulse location x and an 1mpulse
response generated when an impulse 1s placed at the pulse
location y. The searching process 1s carried out by the calcu-
lation of the evaluation value D for all combinations of the
possible locations of all excitation source pulses.

In addition, simplifying the above equations (2) and (3) by
assuming that g(k) has the same sign as d(im,) and has an
absolute value of 1 yields the following equations (4) and (35):

f::de) (4)
k

E=;Z¢’(mamﬂ

(5)

where

d'(my)=Id{m;)! (6)

(7)

Only calculating d'(m,) and ¢'(m,, m,) 1n advance of the
calculation of the evaluation value D for all combinations of
the locations of all excitation source pulses 1s thus needed
before the simple summations according to the equations (4)
and (5), thereby reducing the amount of arithmetic opera-
tions.

Japanese patent application publications (TOKKAIHEI)
No. 10-232696 and No. 10-312198, and “Improvements in
ACELP speech coding based on adaptive pulse locations™, by
Tsuchiya et al., Nihon Onkyo Gakkai (The Acoustical Soci-
ety of Japan) 1999 Shunki Kenkyuu Happyokail Kouen Ron-
bunshuu vol.I, pp. 213-214, 1999, which will be referred to as
Reference 2, disclose configurations for improving the qual-
ity of the algebraic excitation source mentioned above.

Japanese patent application publication No. 10-232696
discloses a method of providing a plurality of fixed wave-
forms and generating a driving excitation source by placing
the plurality of fixed wavelorms at a plurality of locations
coded algebraically, respectively, thereby yielding an output
speech with a high quality. Reference 2 studies an arrange-
ment 1n which a pitch filter 1s contained 1n a generating unit
for generating a driving excitation source (in reference 2, an
ACELP excitation source). Fither of the arrangement of the
plurality of fixed wavetforms and the pitch-filtering process to
generate a pitch-filtered driving excitation source can
improve the quality of the output speech without increasing
the amount of searching operations if it 1s carried out at the
same time that the calculation of impulse responses 1s done.

Japanese patent application publication No. 10-312198
discloses an arrangement 1n which the locations of excitation
sources pulses are searched for while the driving excitation
source 1s made to be orthogonal to the adaptive excitation
source when the pitch gain 1s greater than or equal to a
predetermined value.

Referring next to FIG. 17, there 1s illustrated a block dia-
gram showing in details the structure of a driving excitation
source coding unit 5 of an improved CELP speech coding
apparatus disclosed 1n Japanese patent application publica-
tion No. 10-232696 and Reference 2. In the figure, reference
numeral 16 denotes a perceptual weighting filter coetlicient
calculating unit, numerals 17 and 19 denote perceptual
welghting filters, numeral 18 denotes a basic response gen-
erating unit, numeral 20 denotes a pre-table calculating unat,

¢'(m,, m;)=sign[d(m,)]sign[d(m,)]p(m,, m,)
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numeral 21 denotes a searching unit, and numeral 22 denotes
an excitation source location table.

Next, the operation of the driving excitation source coding
umt S will be described. A quantized linear prediction coet-
ficient from a linear prediction coellicient coding unit 3 dis-
posed within the speech coding apparatus as shown 1n FIG. 14
1s applied to the perceptual weighting filter coellicient calcu-
lating unit 16 and the basic response generating unit 18. An
adaptive excitation source coding unit 4 furnishes a signal to
be coded that 1s etther an input speech 1 or a signal obtained
by substituting synthesized speech generated from an adap-
tive excitation source from the mput speech 1 to the percep-
tual weighting filter 17. The adaptive excitation source coding
unit 4 also delivers the repetition period of the adaptive exci-
tation source converted from an adaptive excitation source
code to the basic response generating unit 18.

The perceptual weighting filter coeflicient calculating unit
16 then calculates a perceptual weighting filter coetlicient
using the quantized linear prediction coellicient and sets the
calculated perceptual weighting filter coellicient as a filter
coellicient intended for the perceptual weighting filters 17
and 19. The perceptual weighting filter 17 performs a filtering
process on the mput signal to be coded using the filter coet-
ficient set by the perceptual weighting filter coetlicient cal-
culating unit 16.

The basic response generating unit 18 performs pitch fil-
tering on a unit impulse or a fixed waveform using the rep-
ctition period of the adaptive excitation source so as to gen-
erate a series of cycles each of which includes the unit
impulse or the fixed wavelorm, the repetition period of the
series of cycles being equal to that of the adaptive excitation
source. The basic response generating unit 18 then allows the
generated signal, as an excitation source, to pass through a
synthesis filter formed using the quantized linear prediction
coellicient to generate synthesized speech, and outputs the
synthesized speech as a basic response. The perceptual
welghting filter 19 performs a filtering process on the basis
response using the filter coellicient set by the perceptual
weilghting filter coellicient calculating unit 16.

The pre-table calculating unit 20 calculates the correlation
d(x) between the perceptual weighted signal to be coded and
the perceptual weighted basic response when placing the
impulse at the location x, and calculates the cross-correlation
¢(X,y) between the perceptual weighted basic response when
placing the impulse at the location x and the perceptual
weilghted basic response when placing the impulse at the
location y. The pre-table calculating unit 20 then obtains d'(x)
and ¢'(x,y) according to equations (6) and (7) and stores them
as a pre-table.

The excitation source location table 22 stores a plurality of
candidates for the locations of excitation source pulses, which
are similar to those as shown 1n FIG. 16. The searching unit 21
sequentially reads each of all combinations of the possible
locations of the excitation source pulses from the excitation
source location table 22 and calculates an evaluation value D
for each combination of the possible locations of the excita-
tion source pulses using the pre-table calculated by the pre-
table calculating unit 20 according to above-mentioned equa-
tions (1), (4) and (5). The searching unit 21 also searches for
one combination of the possible locations of the excitation
source pulses which maximizes the evaluation value D and
furmishes excitation source location code (1.e., indexes of the
excitation source location table) indicating the combination
of the possible locations of the excitation source pulses and
polarity code indicating the polarities of them, as driving
excitation source code, to a multiplexer 7 as shown in FI1G. 14.
The searching unit 21 further delivers one time-series vector
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associated with the driving excitation source code to a gain
coding unit 6 as shown 1n FIG. 14.

In Japanese patent application publication No. 10-312198,
the method of making the driving excitation source orthogo-
nal to the adaptive excitation source 1s implemented by mak- 53
ing the perceptual weighted signal to be coded which 1s 1nput
to the pre-table calculating unit 20 orthogonal to the adaptive
excitation source, and contributions associated with the cor-
relation between the adaptive excitation source and each driv-
ing excitation source pulse are subtracted from E given by 10
equation (5) 1n the searching unit 21.

A problem encountered with prior art speech coding appa-
ratuses and prior art speech decoding apparatuses constructed
as above 1s that while the pitch-filtering process to generate a
pitch-filtered driving excitation source can improve the cod- 15
ing performance without increasing the amount of searching
operations, the use of the repetition period of an adaptive
excitation source as the repetition period intended for the
pitch-filtering process can degrade the quality of speech code
generated when the pitch-period of an 1input speech 1s differ- 20
ent from the repetition period of the adaptive excitation
source.

FIG. 18 shows a relationship between a signal to be coded
and the locations of pulses imncluded 1n each pitch-cycle of a
pitch-filtered driving excitation source, when the repetition 25
period of the adaptive excitation source 1s two times the
pitch-period of an mput speech, 1n accordance with a prior art
speech coding apparatus and a prior art speech decoding
apparatus. FIG. 19 shows a relationship between a signal to be
coded and the locations of pulses included 1n each pitch-cycle 30
of a pitch-filtered driving excitation source, when the repeti-
tion period of the adaptive excitation source 1s one-half the
pitch-period of an mput speech, 1n accordance with a prior art
speech coding apparatus and a prior art speech decoding
apparatus. 35

The repetition period of the adaptive excitation source 1s
determined such that the coding distortion between a synthe-
s1ized speech generated based on the adaptive excitation
source and the signal to be coded 1s minimized. Therefore the
repetition period of the adaptive excitation source 1s fre- 40
quently different from the pitch-period of the mput speech
that 1s the period of vibrations of the speaker’s vocal cords. In
this case, the repetition period of the adaptive excitation
source 1s approximately an integral multiple or submultiple of
the pitch-period of the input speech. In many cases, the rep- 45
ctition period of the adaptive excitation source 1s about two
times or one-half the pitch-period.

In FIG. 18, since the speaker’s vocal cords vibrate in the
same way every other pitch-cycle, 1t 1s determined that the
repetition period of the adaptive excitation source 1s about 50
two times as large as the pitch-period of the mput speech.
When the driving excitation source 1s coded using the repeti-
tion period of the adaptive excitation source, most excitation
source pulses are concentrated 1n the first half of the period of
cach pitch-cycle. The pitch-filtered dniving excitation source 55
that 1s the series of pitch-cycles thus obtained in the current
frame using the repetition period of the adaptive excitation
source 1s as shown 1n FIG. 18. The use of the excitation source
pitch-filtered using the repetition period different from the
pitch-period of the input speech can cause a change inthe tone 60
quality of the frame and hence unstability 1n the synthesized

speech. This disadvantage does not become negligible as the
bit rate decreases and the amount of information about the

driving excitation source therefore decreases. Frames 1n

which the magnitude of the adaptive excitation source is less 65
than that of the driving excitation source have noticeable

degradation of the sound quality.

8

In FIG. 19, since there 1s a predominance of low-frequency
components in the mput speech signal and the waveform of
the first half of each pitch-cycle of the input speech 1s similar
to that of the second half of each pitch-cycle, it 1s determined
that the repetition period of the adaptive excitation source 1s
about one-half the pitch-period of the input speech. As 1n the
case of FIG. 18, the use of the excitation source pitch-filtered
using the repetition period different from the pitch-period of
the mput speech can cause a change 1n the tone quality of the
frame and hence unstability 1n the synthesized speech.

When the bit rate decreases and the amount of information
about the driving excitation source therefore decreases, there
1s a tendency that the driving excitation source determined
such that the waveform distortion (or coding distortion) 1s
minimized has a large error in a band of low magmtudes and
the synthesized speech therefore has a large spectral distor-
tion. Such a spectral distortion can be detected as degradation
of the sound quality. Although a perceptual weighting process
1s provided 1n order to eliminate degradation of the sound
quality due to spectral distortions, an enhancement of the
perceptual weighting process can cause an increase in the
wavelorm distortion and hence degradation of the sound
quality showing a ragged sound. The enhancement of the
perceptual weighting process 1s therefore controlled such that
the adverse effect on the sound quality by the wavetorm
distortion has the same level as that by the spectral distortion.
However, the spectral distortion 1s increased when the input
speech 1s a female one, and the perceptual weighting process
cannot be controlled so that it 1s optimized for both male and
female speeches.

In prior art configurations, a constant magnitude 1s pro-
vided for a plurality of excitation sources, such as pulses,
placed at respective locations within each pitch-cycle
included 1n each frame. There 1s no use 1 equalizing the
magnitudes of the plurality of excitation sources regardless of
the difference 1n the number of candidates for the location of
cach of the plurality of excitation sources. In the excitation
source location table as shown 1n FIG. 16, three bits are used
for each of the excitation source locations numbered 1 to 3
and four bits are used for the remaining excitation source
location numbered 4. It 1s easily expected by examining a
maximum of a correlation between each of the plurality of
excitation sources placed at a possible location and the signal
to be coded that the excitation source number 4 having the
largest number of possible locations has a higher probabaility
of providing the largest correlation. Assume an extreme case
where no bit 1s provided for an excitation source number. In
the case where no bit 1s provided for an excitation source
number, 1.e., one excitation source 1s fixed at a certain loca-
tion, the correlation between the excitation source and the
signal to be coded 1s small while the polanty 1s provided
independently. This means that 1t 1s not appropriate to provide
a larger magmitude for one excitation source as compared
with those provided for other excitation sources. The problem
with prior art configurations 1s thus that the magnitudes of the
plurality of excitation sources are not optimized.

Although a prior art configuration 1s disclosed for provid-
ing an individual magnitude for each of the plurality of exci-
tation sources through vector quantization during the gain
quantization process, the amount of gain-quantized informa-
tion increases and the gain quantization process increases in
complexity.

The above-mentioned technique of making the driving
excitation source orthogonal to the adaptive excitation source
causes an increase 1n the amount of searching operations.
Therefore, an increase in the number of combinations of
algebraic excitation sources puts an enormous load on the
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coding or decoding process. Especially, when using the tech-
nique of making the driving excitation source orthogonal to
the adaptive excitation source in a prior art configuration that
generates a driving excitation source by placing a plurality of
fixed wavelorms or performs a pitch-filtering process to gen-

erate a pitch-filtered driving excitation source, the amount of
arithmetic operations increase greatly.

SUMMARY OF THE INVENTION

The present invention 1s proposed to solve the above prob-
lems. It 1s therefore an object of the present invention to
provide a speech coding apparatus capable of generating
high-quality speech code and a speech decoding apparatus
capable of reconstructing a high-quality speech.

It 1s another object of the present invention to provide a
speech coding apparatus capable of generating high-quality
speech code while keeping an increase in the amount of
arithmetic operations to a minimum and a speech decoding
apparatus capable of reconstructing a high-quality speech
while keeping an increase in the amount of arithmetic opera-
tions to a minimum.

[In accordance with one aspect of the present invention,
there 1s provided a speech coding apparatus for coding an
input speech on a fame-by-frame basis using an adaptive
excitation source, which 1s generated from a past excitation
source, and a driving excitation source, which 1s generated
from the input speech and the adaptive excitation source, so as
to generate speech code, the speech coding apparatus com-
prising: a repetition period pre-selecting unit for generating a
plurality of candidates for a repetition period of the driving
excitation source by multiplying a repetition period of the
adaptive excitation source by a plurality of constant numbers,
respectively, and for pre-selecting a predetermined number of
candidates from all the candidates generated and furnishing
the predetermined number of pre-selected candidates; a driv-
ing excitation source coding unit for providing both excita-
tion source location information and excitation source polar-
ity information that minimize a coding distortion, for each of
the predetermined number of candidates for the repetition
period of the driving excitation source, and for providing an
evaluation value associated with the minimum coding distor-
tion for each of the predetermined number of candidates; and
a repetition period coding unit for comparing the evaluation
values provided for the predetermined number of candidates
for the repetition period of the driving excitation source from
the driving excitation source coding umt with one another, for
selecting one candidate from the predetermined number of
candidates according to a comparison result, and for furnish-
ing selection information indicating a selection result, exci-
tation source location code indicating excitation source loca-
tion information associated with the selected candidate for
the repetition period of the driving excitation source, and
polarity code indicating excitation source polarity informa-
tion associated with the selected candidate.]

[In accordance with a preferred embodiment of the present
invention, the repetition period pre-selecting unit pre-selects
two candidates from all the candidates generated, and the
repetition period coding unit encodes the selection result in
one bit so as to generate 1-bit selection information. ]

[In accordance with another preferred embodiment of the
present mvention, the repetition period pre-selecting unit
includes a unit for comparing the repetition period of the
adaptive excitation source with a predetermined threshold
value, and for pre-selecting the predetermined number of
candidates from all the candidates generated according to a
comparison result.}
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[In accordance with another preferred embodiment of the
present mvention, the repetition period pre-selecting unit
includes a unit for generating a plurality of other adaptive
excitation sources whose respective repetition periods equal
to the plurality of candidates for the repetition period of the
driving excitation source, respectively, and for pre-selecting
the predetermined number of candidates from all the candi-
dates generated according to a comparison between distances
among the plurality of other adaptive excitation sources gen-
erated.]

[Preferably, the plurality of constant numbers, by which
the repetition period of the adaptive excitation source 1s mul-
tiplied, includes V2 and 1.}

[In accordance with another aspect of the present inven-
tion, there 1s provided a speech decoding apparatus for decod-
ing 1put speech code on a fame-by-frame basis using an
adaptive excitation source, which 1s generated from a past
excitation source, and a driving excitation source, which 1s
generated from the input speech code and the adaptive exci-
tation source, so as to reconstruct original speech, the speech
decoding apparatus comprising: a repetition period pre-se-
lecting unit for providing a plurality of candidates for a rep-
ctition period of the driving excitation source by multiplying
a repetition period of the adaptive excitation source by a
plurality of constant numbers, respectively, and for pre-se-
lecting a predetermined number of candidates from all the
candidates generated and furnishing the predetermined num-
ber of pre-selected candidates; a repetition period decoding
unit for selecting one candidate from the predetermined num-
ber of pre-selected candidates for the repetition period of the
driving excitation source from the repetition period pre-se-
lecting unit according to selection information included in the
input coded speech and indicating the selection, and for fur-
nishing the selected candidate as the repetition period of the
driving excitation source; and a driving excitation source
decoding unit for generating a time-series signal according to
excitation source location code and excitation source polarity
code 1included 1n the mput speech code, and for generating a
time-series vector that 1s a series of pitch-cycles, each of
which includes the time-series signal, using the repetition
period of the driving excitation source from the repetition
period decoding unit.]

[In accordance with a preferred embodiment of the present
invention, the repetition period pre-selecting unit pre-selects
two candidates from all the candidates generated, and the
repetition period decoding unit decodes selection informa-
tion coded 1n one bit, which 1s included 1n the 1nput speech
code and indicates a selection of a candidate for the repetition
period of the adaptive excitation source made during coding.]

[In accordance with another preferred embodiment of the
present mvention, the repetition period pre-selecting unit
includes a umit for comparing the repetition period of the
adaptive excitation source with a predetermined threshold
value, and for pre-selecting the predetermined number of
candidates from all the candidates generated according to a
comparison result.]

[In accordance with another preferred embodiment of the
present ivention, the repetition period pre-selecting unit
includes a unit for generating a plurality of other adaptive
excitation sources whose respective repetition periods equal
to the plurality of candidates for the repetition period of the
driving excitation source, respectively, and for pre-selecting
the predetermined number of candidates from all the candi-
dates generated according to a comparison between distances
among the plurality of other adaptive excitation sources gen-
erated.]
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[Preferably, the plurality of constant numbers, by which
the repetition period of the adaptive excitation source 1s mul-
tiplied, includes %4 and 1.}

[In accordance with a further aspect of the present inven-
tion, there 1s provided a speech coding apparatus for coding
an 1nput speech on a fame-by-irame basis using an adaptive
excitation source, which 1s generated from a past excitation
source, and a driving excitation source, which 1s generated
from the mnput speech and the adaptive excitation source, so as
to generate speech code, the speech coding apparatus com-
prising: a perceptual weighting control unit for determining a
perceptual weighting strength coetlicient based on a repeti-
tion period of the adaptive excitation source; and a driving,
excitation source coding unit for generating excitation source
location code indicating information about excitation source
locations and information about excitation source polarities
based on the repetition period of the adaptive excitation
source, the perceptual weighting strength coeltlicient deter-
mined by the perceptual weighting control unit, and a signal
to be coded such as the input speech.]

[In accordance with a preferred embodiment of the present
invention, the perceptual weighting control unit determines
the perceptual weighting strength coellicient based on an
average of the repetition period of the current adaptive exci-
tation source and repetition periods of previously-generated
adaptive excitation sources.]

[In accordance with another aspect of the present inven-
tion, there 1s provided a speech coding apparatus for coding
an input speech on a fame-by-irame basis using an adaptive
excitation source, which 1s generated from a past excitation
source, and a driving excitation source generated from the
input speech and the adaptive excitation source, the driving
excitation source being represented by locations and polari-
ties of a plurality of excitation sources, so as to generate
speech code, the speech coding apparatus comprising: an
excitation source location table including a plurality of select-
able possible locations and a fixed magnitude determined
based on the number of the plurality of possible locations for
cach of the plurality of excitation sources; a driving excitation
source coding unit for placing the plurality of excitation
sources at respective possible locations while multiplying
cach of the plurality of excitation sources by a corresponding
fixed magnitude, with reference to the excitation source loca-
tion table, for generating a driving excitation source by cal-
culating a sum of the plurality of excitation sources each of
which has been multiplied by the corresponding fixed mag-
nitude and 1s thus placed at one corresponding possible loca-
tion, for each of all combinations of possible locations of the
plurality of excitation sources, and for selecting possible
locations and polarities of the plurality of excitation sources
which provide a driving excitation source having a smallest
coding distortion between itself and the input speech so as to
generate excitation source location code and polarity code.}

[In accordance with a further aspect of the present inven-
tion, there 1s provided a speech decoding apparatus for decod-
ing input speech code on a fame-by-frame basis using an
adaptive excitation source, which 1s generated from a past
excitation source, and a driving excitation source generated
from the mnput speech code and the adaptive excitation source,
the driving excitation source being represented by locations
and polarities of a plurality of excitation sources, so as to
reconstruct original speech, the speech decoding apparatus
comprising: an excitation source location table including a
plurality of selectable possible locations and a fixed magni-
tude determined based on the number of the plurality of
possible locations for each of the plurality of excitation
sources; a driving excitation source decoding unit for select-

12

ing respective possible locations for the plurality of excitation

sources with reference to the excitation source location table

based on excitation source location code included 1n the input

speech code, for placing the plurality of excitation sources at
> the respective selected possible locations while multiplying
cach of the plurality of excitation sources by a corresponding
fixed magnitude, and for generating a driving excitation
source by calculating a sum of the plurality of excitation
sources each of which has been multiplied by the correspond-
ing fixed magnitude and 1s thus placed at the corresponding
possible location.]

In accordance with [another] ore aspect of the present
invention, there 1s provided a speech coding apparatus for
coding an input speech on a fame-by-frame basis using an
adaptive excitation source, which 1s generated from a past
excitation source, and a driving excitation source generated
from the input speech and the adaptive excitation source, the
driving excitation source being represented by locations and
>0 polarities of a plurality of excitation sources, so as to generate

speech code, the speech coding apparatus comprising: a pre-
table calculating unit for calculating a correlation between a
signal to be coded], such as the input speech,] and each of a
plurality of synthesized speeches each of which 1s generated

25 based on a corresponding temporary driving excitation source
thatis a signal obtained by placing a predetermined excitation
source at a corresponding one of all possible locations, and a
cross-correlation between any two of the plurality of synthe-
s1zed speeches, and for storing these calculated correlations

30 and cross-correlations as a pre-table therein; a pre-table
moditying unit for calculating a correlation between the sig-
nal to be coded and a synthesized speech generated based on
the adaptive excitation source, and a correlation between each
of the plurality of synthesized speeches generated based on

35 the corresponding temporary driving excitation source and

the synthesized speech generated based on the adaptive exci-
tation source, and for moditying the pre-table using these
calculated correlations; and a searching unit for determining
the locations and polarities of the plurality of excitation

40 sources using the pre-table corrected by the pre-table modi-
fying unit so as to generate excitation source location code
indicating the locations of the plurality of excitation sources
and excitation source polarity code indicating the polarities of
the plurality of excitation sources.

45  Inaccordance with another aspect of the present invention,
there is provided a speech coding apparatus for coding an
input speech on a fame-by-frame basis using an adaptive
excitation source, which is generated from a past excitation
source, and a driving excitation source, which includes a

50 predetermined number of pulse locations and polarities
being associated with the pulse locations, so as to generate
speech code, the speech coding apparatus comprising: a
cross-correlation calculating unit for calculating a cross-
correlation between a first impulse response genervated when

55 animpulseis placed at a fivst pulse location among a plurality
of pulse locations and a second impulse response generated
when an impulse is placed at a second pulse location among
the plurality of pulse locations, for all combinations of the
first and second pulse locations; a cross-correlation modify-

60 ing unit for calculating a correlation between an impulse
response generated when an impulse is placed at a pulse
location among the plurality of pulse locations and a synthe-
sized speech genervated based on the adaptive excitation
source, and for modifving the cross-correlation calculated by

65 the cross-correlation calculating unit, using the correlation;
and a searching unit for searching for each location of the
predetermined number of the pulse locations of the driving
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excitation source, using the cross-correlation modified by the
cross-correlation modifying unit.

Further objects and advantages of the present invention
will be apparent from the following description of the pre-
terred embodiments of the ivention as illustrated in the
accompanying drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

FI1G. 1 1s a block diagram showing the structure of a driving,
excitation source coding unit of a speech coding apparatus
according to a first embodiment of the present invention;

FI1G. 2 1s a block diagram showing the structure of a driving,
excitation source decoding umit of a speech decoding appa-
ratus according to the first embodiment of the present inven-
tion;

FI1G. 3 1s a diagram showing a relationship between a signal
to be coded and the locations of pulses of each of a series of
cycles included 1n a cyclic adaptive excitation source, when
the repetition period of the adaptive excitation source 1s two
times the pitch-period of an input speech, 1n accordance with
the first embodiment of the present invention;

FIG. 4 1s a diagram showing a relationship between the
signal to be coded and the locations of pulses of each of a
series ol cycles mncluded 1 a cyclic adaptive excitation
source, when the repetition period of the adaptive excitation
source 1s one-half the pitch-period of an input speech, 1n
accordance with the first embodiment of the present mven-
tion;

FIG. 5 1s a block diagram of a driving excitation source
coding unit of a speech coding apparatus according to a
second embodiment of the present invention;

FI1G. 6 1s a block diagram showing the structure of a driving,
excitation source decoding unit of a speech decoding appa-
ratus according to the second embodiment of the present
invention;

FIG. 7 1s a diagram showing other adaptive excitation
sources generated by an adaptive excitation source generating
unit of the speech decoding apparatus according to the second
embodiment of the present mvention when the repetition
period of an original adaptive excitation source 1s equal to the
pitch-period of an input speech;

FIG. 8 1s a diagram showing other adaptive excitation
sources generated by the adaptive excitation source generat-
ing unit of the speech decoding apparatus according to the
second embodiment of the present invention when the repeti-
tion period of an original adaptive excitation source 1s twice
the pitch-period of an imnput speech;

FIG. 9 1s a diagram showing other adaptive excitation
sources generated by the adaptive excitation source generat-
ing unit of the speech decoding apparatus according to the
second embodiment of the present when the repetition period
of an original adaptive excitation source i1s three times the
pitch-period of an input speech;

FIG. 10 1s a block diagram showing the structure of a
driving excitation source coding unit and a perceptual weight-
ing control umt disposed within a speech coding apparatus
according to a third embodiment of the present invention;

FIG. 11 1s a block diagram showing the structure of a
driving excitation source coding unit and a perceptual weight-
ing control umt disposed within a speech coding apparatus
according to a fourth embodiment of the present invention;

FI1G. 12 1s a diagram showing an excitation source location
table according to a fifth embodiment of the present mven-
tion;
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FIG. 13 1s a block diagram showing the structure of a
driving excitation source coding unit of a speech coding appa-
ratus 1 accordance with a sixth embodiment of the present
imnvention;

FIG. 14 1s a block diagram showing the structure of a prior
art CELP speech coding apparatus;

FIG. 15 1s a block diagram showing the structure of a prior
art CELP speech decoding apparatus;

FIG. 16 1s a diagram showing candidates for the locations
of prior art excitation source pulses;

FIG. 17 1s a block diagram showing 1n details the structure
of a driving excitation source coding unit of a prior art CELP
speech coding apparatus;

FIG. 18 1s a diagram showing a relationship between a
signal to be coded and the locations of pulses included 1n each
pitch-cycle of a pitch-filtered driving excitation source, when
the repetition period of the adaptive excitation source 1s two
times the pitch-period of an input speech, 1n accordance with
a prior art speech coding apparatus and a prior art speech
decoding apparatus; and

FIG. 19 1s a diagram showing a relationship between a
signal to be coded and the locations of pulses included 1n each
pitch-cycle of a pitch-filtered driving excitation source, when
the repetition period of the adaptive excitation source 1s one-
half the pitch-period of an 1nput speech, 1n accordance with a

prior art speech coding apparatus and a prior art speech
decoding apparatus.

PR.

L1
=]

ERRED

DETAILED DESCRIPTION OF THE
EMBODIMENTS

Embodiment 1

Referring next to FIG. 1, there 1s 1llustrated a block dia-
gram showing the structure of a driving excitation source
coding unit of a speech coding apparatus 1n accordance with
a first embodiment of the present invention. The speech cod-
ing apparatus has the same overall structure as shown in FIG.
14. In FIG. 1, reference numeral 23 denotes a repetition
period pre-selecting unit, numeral 27 denotes a driving exci-
tation source coder, and numeral 28 denotes a repetition
pertod coder. The repetition period pre-selecting unit 23
includes a constant number table 24, a comparator 25, and a
pre-selecting unit 26.

The driving excitation source coding unit 5 of the speech
coding apparatus of this embodiment thus includes the driv-
ing excitation source coder 27 that operates in the same way
that the prior art driving excitation source coding unit as
mentioned above does, and the repetition period pre-selecting
unit 23 and the repetition period coder 28 disposed 1n the front
and back of the driving excitation source coder 27.

Referring next to FIG. 2, there 1s 1llustrated a block dia-
gram showing the structure of a driving excitation source
decoding unit of a speech decoding apparatus 1n accordance
with the first embodiment of the present invention. The
speech decoding apparatus has the same overall structure as
shown 1n FIG. 15. In FIG. 2, reference numeral 29 denotes a
repetition period decoder, and numeral 30 denotes a driving
excitation source decoder.

The dniving excitation source decoding unit 12 of the
speech decoding apparatus of this embodiment thus includes
the driving excitation source decoder 30 that operates 1n the
same way that the prior art driving excitation source decoding
unit as mentioned above does, and the repetition period pre-
selecting unit 23 and the repetition period decoder 29 inserted
in the front of the driving excitation source decoder 30.
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Next, a description will be made as to the operation of the
speech coding apparatus with reference to FIG. 1. An adap-
tive excitation source coding unit 4 can convert an adaptive
excitation source code into the repetition period of an adap-
tive excitation source. The repetition period of the adaptive
excitation source 1s then delivered to the repetition period
pre-selecting unit 23. Both a signal to be coded from the
adaptive excitation source coding unit 4 and a quantized
linear prediction coetlicient from a linear prediction coetfi-
cient coding unit 3 are mput to the driving excitation source
coder 27.

The constant number table 24 disposed within the repeti-
tion period pre-selecting unit 23 stores three constant num-
bers: 12, 1, and 2. The mput repetition period of the adaptive
excitation source 1s multiplied by the three constant numbers,
respectively, and the three multiplication results are furnished
as three candidates for the repetition period of the driving
excitation source to the pre-selecting unit 26. The comparator
25 compares the thus mputted repetition periods of the driv-
ing excitation source with a predetermined threshold value,
respectively, and furnishes the comparison results to the pre-
selecting unit 26. An averaged pitch-period of about 40 can be
used as the threshold value.

The pre-selecting unit 26 pre-selects the two possible rep-
etition periods of the driving excitation source obtained by
multiplying the input repetition period of the adaptive exci-
tation source by %2 and 1 when the comparison results 1ndi-
cate that all the multiplication results are greater than the
predetermined threshold value, and, otherwise, pre-selects
the two possible repetition periods of the driving excitation
source obtained by multiplying the input repetition period of
the adaptive excitation source by 1 and 2. The pre-selecting
unit 26 then delivers the two selected possible repetition
periods of the driving excitation source to the driving excita-
tion source coder 27 sequentially.

Like the prior art driving excitation source coding unit as
shown 1n FIG. 17, the driving excitation source coder 27 can
encode the algebraic excitation source using the two possible
repetition periods of the driving excitation source, the quan-
tized linear prediction coeflicient, and the signal to be coded,
and provide the locations of a plurality of excitation sources
that minimize the coding distortion, each of the plurality of
excitation sources consisting of either a fixed waveform or a
pulse, the polarities of the plurality of excitation sources, and
an evaluation value D associated with the coding distortion
according to equation (1) described above, for each of the two
possible repetition periods of the driving excitation source.
The drniving excitation source coder 27 differs from the prior
art driving excitation source coding unit as shown in FIG. 17
in that each of the received candidates for the repetition
period of the driving excitation source 1s the one obtained by
multiplying the repetition period of the adaptive excitation
source by a constant number.

The repetition period coder 28 compares the two evalua-
tion values D obtained for the two possible repetition periods
of the drniving excitation source from the driving excitation
source coder 27 with each other. If the difference between
them 1s equal to or greater than a predetermined threshold
value, that 1s, if one of them indicates that the corresponding
possible repetition period exhibits a smaller coding distor-
tion, the repetition period coder 28 selects the possible rep-
ctition period of the driving excitation source providing the
evaluation value D. In contrast, when the difference between
the two calculated evaluation values 1s less than the predeter-
mined threshold value, the repetition period coder 28 selects
one possible repetition period of the driving excitation source
that 1s the closest to an estimate of the pitch-period of an input
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speech which was separately made through analysis. In either
case, the repetition period coder 28 turnishes selection infor-
mation coded 1n one bit indicating the selection result, and
excitation source location code indicating the locations of the
plurality of excitation sources from the driving excitation
source coder 27, and polarity code indicating the polarities of
the plurality of excitation sources as driving excitation source
code to a multiplexer 7 as shown 1n FIG. 14. The repetition
period coder 28 also furnishes a time-series vector associated
with the driving excitation source code, as a driving excitation
source, to a gain coding unit 6 as shown in FIG. 14.

The description will be directed to the operation of the
speed decoding apparatus with reference to FIG. 2. In the
speech decoding apparatus having the same overall structure
as shown 1n FIG. 15, a separator 9 separates speech code 8
output from the speech coding apparatus into linear predic-
tion coellicient code, adaptive excitation source code, driving
excitation source code, and gain code. The separator 9 then
delivers the linear prediction coellicient code to a linear pre-
diction coelficient decoding unit 10, the adaptive excitation
source code to an adaptive excitation source decoder 11, the
driving excitation source code to the driving excitation source
decoding unit 12, and the gain code to a gain decoding unit13.
The adaptive excitation source decoding unit 11, as shown 1n
FIG. 15, of the first embodiment converts the adaptive exci-
tation source code to the repetition period of the adaptive
excitation source and furnishes it to the driving excitation
source decoding unit 12. In other words, the repetition period
ol the adaptive excitation source from the adaptive excitation
source decoding unit 11 1s delivered to the repetition period
pre-selecting unit 23 of FIG. 2. The selection information
included 1n the driving excitation source code separated by
the separator 9 1s furnished to the repetition period decoder
29, and the excitation source location code and polarity code
included 1n the driving excitation source code 1s furnished to
the driving excitation source decoder 30.

The repetition period pre-selecting unit 23 of the speech
decoding apparatus has the same structure as the repetition
period pre-selecting unit as shown 1n FIG. 1 disposed within
the speech coding apparatus. The pre-selecting unit 26 pre-
selects two possible repetition periods of the driving excita-
tion source from a plurality of possible repetition periods of
the driving excitation source obtained by multiplying the
input repetition period of the adaptive excitation source by a
plurality of constant numbers, according to comparison
results from the comparator 25, and furnishes the pre-selected
two candidates for the repetition period of the driving excita-
tion source to the repetition period decoder 29.

The repetition period decoder 29 selects one of the pre-
selected two possible repetition periods of the driving exci-
tation source from the pre-selecting unit 26 according to the
input selection information. The repetition period decoder 29
then delivers the finally-selected possible repetition period of
the driving excitation source as the repetition period of the
driving excitation source to the driving excitation source
decoder 30. Like the prior art driving excitation source decod-
ing unit mentioned above, the driving excitation source
decoder 30 places a plurality of fixed waveforms or pulses at
a plurality of locations defined by the excitation source loca-
tion code, respectively, and performs a pitch-filtering process
on the plurality of fixed waveforms or pulses based on the
repetition period of the driving excitation source so as to
generate a series of pitch-cycles each of which includes the
plurality of fixed wavetorms or pulses. The driving excitation
source decoder 30 then outputs the time-series vector associ-
ated with the driving excitation source code as a driving
excitation source.
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Referring next to FIGS. 3 and 4, there are 1llustrated dia-
grams for explaining a relationship between the signal to be
coded and the pitch-filtered driving excitation source loca-
tions, 1.€., the locations of pulses (or fixed wavelorms) placed
in each pitch-cycle of the driving excitation source, 1n the
speech coding apparatus and the speech decoding apparatus
according to the first embodiment of the present invention,
respectively. The signal to be coded as shown 1n FIG. 3 1s the
same as that as shown in FIG. 18, and the signal to be coded
as shown 1n FIG. 4 1s the same as that as shown 1n FIG. 19.
FIG. 3 shows the case where the repetition period of the
adaptive excitation source 1s approximately twice as large as
the pitch-period of the mput speech. FIG. 4 shows the case
where the repetition period of the adaptive excitation source
1s approximately one-halt the pitch-period of the input
speech.

In the case of FIG. 3, since the repetition period of the
adaptive excitation source 1s equal to or greater than 40 when
the pitch-period of the input speech 1s equal to or greater than
20, the pre-selecting unit 26 pre-selects two values one-half
and equal to the repetition period of the adaptive excitation
source 1n most cases. When the difference between the evalu-
ation values calculated during coding for the two pre-selected
possible repetition periods of the driving excitation source 1s
less than the predetermined threshold value, the repetition
period decoder 29 then selects the one one-halt the repetition
period of the adaptive excitation source that 1s closer to an
estimate of the pitch-period of the mput speech which was
separately obtained through analysis 1n advance. In this case,
ideal pitch-filtered excitation source locations can be
obtained as shown 1n FIG. 3. The estimate of the pitch-period
has a higher probability of being proper than the repetition
period of the adaptive excitation source.

In the case of FIG. 4, since the repetition period of the
adaptive excitation source 1s less than 40 when the pitch-
period of the input speech 1s less than 80, the pre-selecting,
unit 26 selects two values equal to and twice as large as the
repetition period of the adaptive excitation source 1mn most
cases. When the difference between the evaluation values
calculated during coding for the two selected repetition peri-
ods of the driving excitation source 1s less than the predeter-
mined threshold value, the repetition period decoder 29 then
selects the one twice as large as the repetition period of the
adaptive excitation source which 1s closer to the estimate of
the pitch-period of the input speech which was separately
obtained through analysis 1n advance. In this case, 1deal peri-
odic excitation source locations can be obtained as shown 1n
FIG. 4.

Numerous variants may be made in the exemplary embodi-
ment shown. As previously mentioned, an algebraic excita-
tion source represented with the locations and polarities of a
number of fixed waveforms or pulses, can be used when
coding the driving excitation source and when decoding the
driving excitation source code, and the present invention 1is,
however, not limited to the structure 1n which the algebraic
excitation source 1s used. The present invention can be
applied to a CELP speech coding apparatus and a CELP
speech decoding apparatus using a learning excitation source
code book, a random excitation source code book, or the like.

Instead of the use of an estimate of the pitch-period which
was separately obtained in advance, the repetition period
coder 28 can select one possible repetition period of the
driving excitation source that minimizes the coding distor-
tion, 1.e., maximizes the evaluation value D. As an alternative,
a value obtained by averaging the repetition periods of the
adaptive excitation source obtained for a few past frames can
be used 1nstead of the pitch-period.

10

15

20

25

30

35

40

45

50

55

60

65

18

Instead of the linear prediction coetiicient, another spectral
parameter, such as a line spectrum pair (LSP) widely used,
can be used.

Instead of multiplying the repetition period of the adaptive
excitation source by all constant numbers located within the
constant number table 24, the repetition period pre-selecting
unit 23 can select two constant numbers from the constant
number table 26 and, after that, multiply the repetition period
of the adaptive excitation source by the two selected constant
numbers, respectively, to generate two possible repetition
periods of the driving excitation source. In another variant, 1
can be eliminated from the constant number table 24, and the
repetition period of the adaptive excitation source can be
delivered directly to the pre-selecting unit 26. Although the
performance improvement 1s reduced, the comparator 25 and
the pre-selecting unit 26 can be eliminated 1n a case where the
constant number table 25 includes 2 and 1 only.

As previously mentioned, 1 accordance with the first
embodiment of the present invention, the speech coding appa-
ratus generates a plurality of candidates for the repetition
period of the driving excitation source by multiplying the
repetition period of the adaptive excitation source by a plu-
rality of constant numbers, respectively, pre-selects a prede-
termined number of candidates from all the candidates gen-
erated, searches for excitation source code that minimizes a
coding distortion for each of the predetermined number of
candidates for the repetition period of the driving excitation
source, and selects one candidate from the predetermined
number of candidates according to comparison results
obtained by comparing coding distortions provided for the
predetermined number of candidates with a predetermined
threshold value, respectively. Accordingly, the speech coding
apparatus can perform a pitch-filtering process so as to gen-
erate a pitch-filtered driving excitation source using the rep-
ctition period having a high probability of being the closest to
the pitch-period of the input speech even when the pitch-
period of the input speech 1s different from the repetition
period of the adaptive excitation source, thereby reducing the
probability of occurrence of unstability in the synthesized
speech. The speech coding apparatus of the present embodi-
ment can generate high-quality speech code.

The repetition period pre-selecting umit pre-selects two
candidates or possible repetition periods of the driving exci-
tation source, and the repetition period coding unit encodes
the selection information 1n one bit. Accordingly, the speech
coding apparatus of the present embodiment can generate
high-quality speech code only with a minimum additional
amount of information.

In addition, the repetition period pre-selecting unit com-
pares the repetition period of the adaptive excitation source
with a predetermined threshold value and pre-selects a pre-
determined number of candidates for the repetition period of
the driving excitation source from all candidates according to
the comparison result. Accordingly, the repetition period pre-
selecting unit can reject one or more candidates for the rep-
ctition period of the driving excitation source having a lower
probability of being the closest to the pitch-period of the input
speech, thus eliminating driving excitation source coding
processes for the rejected candidates that don’t need evalua-
tions and reducing the required amount of the selection infor-
mation to be coded. Accordingly, the speech coding apparatus
of the present embodiment can generate high-quality speech
code only with a minimum additional amount of operations
and a minimum additional amount of information.

Furthermore, since the plurality of constant numbers by
which the repetition period of the adaptive excitation source
1s multiplied in the repetition period pre-selecting process

[,
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includes %2 and 1, a number of candidates for the repetition
period of the driving excitation source including the one that
1s the closest to the pitch-period of the input speech can be
selected with a high probability while those choices are few.
Accordingly, the speech coding apparatus of the present
embodiment can generate high-quality speech code only with
a minimum additional amount of operations and a minimum
additional amount of information.

As previously mentioned, 1mn accordance with the first
embodiment of the present invention, the speech decoding
apparatus generates a plurality of candidates for the repetition
period of the driving excitation source by multiplying the
repetition period of the adaptive excitation source by a plu-
rality of constant numbers, pre-selects a predetermined num-
ber of candidates from all the candidates generated, further
selects one candidate as the repetition period of the driving
excitation source from the predetermined number of candi-
dates pre-selected according to the selection information
located within the speech code, the selection information
indicating the selection of one possible repetition period of
the drniving excitation source made during coding, and
decodes the driving excitation source code using the repeti-
tion period of the driving excitation source to reconstruct a
driving excitation source. Accordingly, the speech decoding
apparatus can generate a driving excitation source that 1s a
series ol pitch-cycles using the repetition period having a high
probability of being the closest to the pitch-period of the input
speech even when the pitch-period of the input speech code 1s
different from the repetition period of the adaptive excitation
source, thereby reducing the probability of occurrence of
unstability in the synthesized speech. The speech decoding
apparatus of the present embodiment can reconstruct a high-
quality speech.

The repetition period pre-selecting unit pre-selects two
candidates or possible repetition periods of the driving exci-
tation source, and the repetition period decoding unit decodes
the selection information coded 1n one bit and indicating the
selection of one possible repetition period of the driving
excitation source made during coding. Accordingly, the
speech decoding apparatus of the present embodiment can
generate a high-quality speech only with a minimum addi-
tional amount of information.

In addition, the repetition period pre-selecting unit com-
pares the repetition period of the adaptive excitation source
with a predetermined threshold value and pre-selects a pre-
determined number of candidates for the repetition period of
the driving excitation source from all candidates according to
the comparison result. Accordingly, the repetition period pre-
selecting unit can reject one or more candidates for the rep-
ctition period of the driving excitation source having a low
probability of being the closest to the pitch-period of the input
speech code, thus reducing the required amount of the selec-
tion mformation by one or more bits required for the rejected
candidates for the repetition period of the driving excitation
source, which don’t need evaluations. Accordingly, the
speech decoding apparatus of the present embodiment can
reconstruct a high-quality speech only with a minimum addi-
tional amount of operations and a minimum additional
amount of information.

Furthermore, since the plurality of constant numbers by
which the repetition period of the adaptive excitation source
1s multiplied 1n the repetition period pre-selecting process
includes 2 and 1, a number of candidates for the repetition
period of the driving excitation source including the one that
1s the closest to the pitch-period of the mput speech code can
be selected with a high probability while those choices are
tew. Accordingly, the speech decoding apparatus of the
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present embodiment can generate a high-quality speech only
with a minimum additional amount of operations and a mini-

mum additional amount of information.

Embodiment 2

Referring next to FIG. 5, there 1s 1llustrated a block dia-
gram ol a driving excitation source coding unit of a speech
coding apparatus according to a second embodiment of the
present invention. The overall structure of the speech coding
apparatus of this embodiment 1s the same as that of the afore-
mentioned first embodiment as shown in FIG. 14. In FIG. 5,
reference numeral 31 denotes a repetition period pre-select-
ing unit, and numeral 33 denotes an adaptive excitation
source code book contained 1n an adaptive excitation source
coding unit 4. The repetition period pre-selecting unit 31
includes a constant number table 32, an adaptive excitation
source generating unit 34, a distance calculating unit 35, and
a pre-selecting unit 36.

The driving excitation source coding unit 5 of the speech
coding apparatus of the second embodiment includes a driv-
ing excitation source coder 27 that operates in the same way
that the prior art driving excitation source coding unit as
mentioned above, and the additional repetition period pre-
selecting unit 31 and the repetition period coder 28 disposed
in the front and back of the driving excitation source coder 27.

FIG. 6 1s a block diagram showing the structure of a driving,
excitation source decoding unit of a speech decoding appa-
ratus according to the second embodiment of the present
invention. The overall structure of the speech decoding appa-
ratus 1s the same as that of the alforementioned first embodi-
ment as shown 1n FIG. 15. In FIG. 6, reference numeral 33
denotes an adaptive excitation source code book stored in an
adaptive excitation source decoding unit 11.

The drniving excitation source decoding unit 12 of the
speech coding apparatus of the second embodiment includes
a driving excitation source decoder 30 that operates in the
same way that the prior art driving excitation source decoding
unit as mentioned above, and the additional repetition period
pre-selecting unit 31 and the repetition period decoder 29
disposed 1n the front of the driving excitation source decoder
30.

Next, a description will be made as to the operation of the
speech coding apparatus with reference to FIG. 5. Like the
first embodiment, the adaptive excitation source coding unit 4
delivers the repetition period of the adaptive excitation source
to the repetition period pre-selecting unit 31. A signal to be
coded from the adaptive excitation source coding unit 4 and a
quantized linear prediction coellicient from a linear predic-
tion coellicient coding unit 3 are mnput to the driving excita-
tion source coder 27.

The constant number table 32 of the repetition period pre-
selecting unit 31 stores four constant numbers: 13, 12, 1, and
2. The mput repetition period of the driving excitation source
1s multiplied by the four constant numbers, respectively, and
the four multiplication results are furnished as possible rep-
ctition periods of the driving excitation source to the adaptive
excitation source generating unit 34 and the pre-selecting unit
36.

The adaptive excitation source generating unit 34 gener-
ates four other adaptive excitation sources of different repeti-
tion periods which are equal to the four possible repetition
periods of the driving excitation source, respectively, using a
past excitation source stored in the adaptive excitation source
code book 33, and furnishes the four other adaptive excitation
sources generated to the distance calculating unit 35. The
adaptive excitation source generating unit 34 can eliminate
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the generation of one possible repetition period equal to the
repetition period of the adaptive excitation source imput to the
repetition period pre-selecting unit 31 because the adaptive
excitation source coding umit 4 has already generated the
adaptive excitation source of the same repetition period. 5

When some of the four possible repetition periods of the
driving excitation source are too large or too small and there-
fore they are not suitable for the pitch-period, there 1s a
possibility that adaptive excitation source code book cannot
support for the generation of the four adaptive excitation 10
sources. To avoid such a possibility, the adaptive excitation
source generating unit 34 prevents one or more possible rep-
ctition periods of the driving excitation source not suitable for
the pitch-period from being selected 1n the pre-selecting pro-
cess by furmishing a zero signal or the like as each of one or 15
more adaptive excitation sources associated with the one or
more possible repetition periods of driving excitation source.

The distance calculating unit 35 calculates a distance
between the third other adaptive excitation source having the
same repetition period as the adaptive excitation source 20
applied to the repetition period pre-selecting unit 31 (1.e., the
adaptive excitation source output from the adaptive excitation
source coding unit 4 of FI1G. 14) and each of the first, second,
and fourth other adaptive excitation sources having repetition
periods one-third, one-half, and twice that of the input adap- 25
tive excitation source. The distance calculating unit 35 then
tfurnishes the calculated distances to the pre-selecting unit 36.

The pre-selecting unit 36 first compares the distance
between the third other adaptive excitation source and the first
other adaptive excitation source having a repetition period 30
one-third that of the third adaptive excitation source with the
distance between the third other adaptive excitation source
and the second other adaptive excitation source having a
repetition period one-half that of the third adaptive excitation
source, and pre-selects a shorter one of them. Then the pre- 35
selecting unit 36 further compares the selected shorter dis-
tance with the product of an averaged magnitude of the plu-
rality of other adaptive excitation sources and a certain
constant number, and pre-selects the repetition period of the
other adaptive excitation source providing the shorter dis- 40
tance, 1.e., the repetition period being one-third or one-half
that of the adaptive excitation source mput from the adaptive
excitation source coding unit 4, and the repetition period
equal to that of the adaptive excitation source mput from the
adaptive excitation source coding unit 4 as two possible rep- 45
ctition periods of the drniving excitation source when the
selected shorter distance 1s less than the product of the aver-
aged magnitude and the constant number. Otherwise, the
pre-selecting unit 36 further compares the selected shorter
distance with the distance between the third other adaptive 50
excitation source and the fourth other adaptive excitation
source having a repetition period twice that of the third adap-
tive excitation source, and pre-selects the repetition period of
the adaptive excitation source providing a shorter one of those
distances and the repetition period equal to that of the adap- 55
tive excitation source mput from the adaptive excitation
source coding unit 4 as two possible repetition periods of the
driving excitation source. It 1s preferable that a positive value
less than 1, e.g., about 0.1 1s used as the constant number.

Like the prior art driving excitation source coding unit as 60
shown 1n FIG. 17, the driving excitation source coder 27 can
code an algebraic excitation source using the two possible
repetition periods of the driving excitation source pre-se-
lected by the pre-selecting unit, the quantized linear predic-
tion coetlicient, and the signal to be coded. The present inven- 65
tion differs from the prior art in that each of the two possible
repetition periods of the driving excitation source 1s obtained
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by multiplying that of the adaptive excitation source input
from the adaptive excitation source coding unit 4 by a con-
stant number. The driving excitation source coder 27 searches
for driving excitation source code that minimizes the coding
distortion for each of the two possible repetition periods of the
driving excitation source, and provides the locations and
polarities of a plurality of excitation sources, and an evalua-
tion value D associated with the coding distortion according
to the equation (1) described above.

The repetition period coder 28 compares the respective
evaluation values D for the two possible repetition periods of
the driving excitation source from the driving excitation
source coder 27. It the difference between them 1s equal to or
greater than a predetermined threshold value, that 1s, 11 one of
them 1indicates that the corresponding possible repetition
period exhibits a smaller coding distortion, the repetition
period coder 28 selects the possible repetition period of the
driving excitation source providing the evaluation value D. In
contrast, when the difference between the two calculated
evaluation values 1s less than the predetermined threshold
value, the repetition period coder 28 selects one possible
repetition period of the driving excitation source that 1s the
closest to the pitch-period obtained through analysis (1.e., an
estimation result of the pitch-period of the input speech). In
either case, the repetition period coder 28 furnishes select
information coded 1n one bit indicating the selection result,
excitation source location indicating the locations of the plu-
rality of excitation sources, and polarity code indicating the
polarities of the plurality of excitation sources as driving
excitation source code to amultiplexer 7 as shown 1n FI1G. 14.

The description will be directed to the operation of the
speed decoding apparatus with reference to FIG. 6. Like the
first embodiment mentioned above, the repetition period of
the adaptive excitation source output from the adaptive exci-
tation source decoding umt 11 1s delivered to the repetition
period pre-selecting unit 31. The selection information
included 1n the driving excitation source code separated by a
separator 9 1s furnished to the repetition period decoder 29,
and the excitation source location code and polarity code
included 1n the driving excitation source code are furnished to
the driving excitation source decoder 30.

The repetition period pre-selecting unit 31 of the speech
decoding apparatus has the same structure as the repetition
period pre-selecting unit as shown 1n FIG. S disposed within
the speech coding apparatus. The pre-selecting unit 21 selects
two possible repetition periods of the driving excitation
source from a plurality of possible repetition periods of the
driving excitation source obtained by multiplying the mput
repetition period of the driving excitation source by a plural-
ity ol constant numbers, and furnishes the selected two pos-
sible repetition periods to the repetition period decoder 29.
The repetition period decoder 29 selects one of the selected
two possible repetition periods of the driving excitation
source from the pre-selecting unit 26 according to the input
selection information. The repetition period decoder 29 then
delivers the finally-selected possible repetition period of the
driving excitation source as the repetition period of the driv-
ing excitation source to the driving excitation source decoder
30. Like the prior art driving excitation source decoding unit
mentioned above, the driving excitation source decoder 30
places a plurality of fixed waveforms or pulses at respective
locations defined by the excitation source location code and
performs a pitch-filtering process on them placed at the loca-
tions based on the repetition period of the driving excitation
source. The driving excitation source decoder 30 also delivers
a time-series vector associated with the driving excitation
source code as the driving excitation source.
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FIGS. 7, 8, and 9 are diagrams for explaining the four other
adaptive excitation sources generated by the adaptive excita-
tion source generating umt 34 disposed within the speech
coding apparatus and the speech decoding apparatus 1n accor-
dance with the second embodiment of the present invention.
FIG. 7 shows the case where the repetition period of the
adaptive excitation source input to the repetition period pre-
selecting unit 1s equal to the pitch-period of the input speech.
FIG. 8 shows the case where the repetition period of the input
adaptive excitation source 1s twice the pitch-period of the
iput speech. FIG. 9 shows the case where the repetition
period of the input adaptive excitation source 1s three times
the pitch-period of the input speech.

When the repetition period of the mnput adaptive excitation
source 1s equal to the pitch-period of the input speech, the
third and fourth other adaptive excitation sources generated
with repetition periods obtained by multiplying the repetition
period of the input adaptive excitation source by 1 and 2 can
be selected because the distance between the first other adap-
tive excitation source and the third other adaptive excitation
source, 1.€., the original adaptive excitation source input to the
repetition period pre-selecting unit (1.e., the uppermost signal
of the figure) and the distance between the second other
adaptive excitation source and the original adaptive excitation
source are relatively long, as can be seen from FIG. 7.

When the repetition period of the mnput adaptive excitation
source 1s twice the pitch-period of the mput speech, the sec-
ond and third other adaptive excitation sources generated
with repetition periods obtained by multiplying the repetition
period of the input adaptive excitation source by 2 and 1 can
be selected because the distance between the second other
adaptive excitation source and the original adaptive excitation
source 1nput to the repetition period pre-selecting unit (1.e.,
the uppermost signal of the figure) 1s relatively short, as can

be seen from FIG. 8.

When the repetition period of the mnput adaptive excitation
source 1s third times the pitch-period of the input speech, the
first and third other adaptive excitation sources generated
with repetition periods obtained by multiplying the repetition
period of the input adaptive excitation source by 3 and 1 can

be selected because the distance between the first other adap-
tive excitation source and the original adaptive excitation
source 1nput to the repetition period pre-selecting unit (1.e.,
the uppermost signal of the figure) 1s relatively short, as can
be seen from FIG. 9.

Numerous variants may be made in the exemplary embodi-
ment shown. As previously mentioned, the algebraic excita-
tion source represented with the locations and polarities of a
number of fixed wavetorms or pulses can be used when cod-
ing and decoding the driving excitation source, and the
present ivention 1s, however, not limited to the structure in
which the algebraic excitation source 1s used. The present
invention can be applied to a CELP speech coding apparatus
and CELP speech decoding apparatus using learning excita-
tion source code book, a random excitation source code book,
or the like.

Instead of the use of the pitch period of the input speech
which was separately obtained in advance, the repetition
period coder 28 can select one possible repetition period of
the driving excitation source that minimizes the coding dis-
tortion, 1.e., maximizes the evaluation value D. As an alterna-
tive, a value obtained by averaging the repetition periods of
the adaptive excitation source obtained for a few previous
frames can be used instead of the pitch-period of the mput
speech.
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Instead of the linear prediction coetlicient, another spec-
trum parameter, such as a line spectrum pair or LSP widely
used, can be used.

In a variant, 1 can be eliminated from the constant number
table 32, and the repetition period of the adaptive excitation
source can be delivered directly to the pre-selecting unit 36.
Even 1n this case, the pre-selecting unit 36 can work 1n the
same way. Although the performance improvement 1s
reduced, the constant number table 32 can include 4, 1, and
2 only.

As previously mentioned, in accordance with the second
embodiment of the present invention, the speech coding appa-
ratus generates a plurality of candidates for the repetition
period of a driving excitation source by multiplying the rep-
etition period of an adaptive excitation source by a plurality of
constant numbers, generates a plurality of other adaptive
excitation sources having repetition periods respectively
equal to the plurality of possible repetition periods of the
driving excitation source, and selects a predetermined num-
ber of candidates from all the candidates generated according
to distances between any two of the plurality of other adaptive
excitation sources. Accordingly, the speech coding apparatus
can perform a pitch-filtering process of generating a pitch-
filtered driving excitation source using the repetition period
having a high probability of being the closest to the pitch-
period of an mput speech even when the pitch-period of the
input speech 1s different from the repetition period of the
original adaptive excitation source, thereby reducing the
probability of occurrence of unstability 1n the synthesized
speech. The speech coding apparatus of the present embodi-
ment can generate high-quality speech code.

The repetition period pre-selecting unit pre-selects two
candidates or possible repetition periods of the driving exci-
tation source, and the repetition period coding unit encodes
the selection information 1n one bit. Accordingly, the speech
coding apparatus of the present embodiment can generate
high-quality speech code only with a minimum additional
amount of information.

In addition, the repetition period pre-selecting unit 31 gen-
crates a plurality of other adaptive excitation sources having
repetition periods respectively equal to the plurality of pos-
sible repetition periods of the driving excitation source, and
selects a predetermined number of candidates from all the
candidates generated according to distances between any two
of the plurality of other adaptive excitation sources. Accord-
ingly, the repetition period pre-selecting unit can reject one or
more candidates for the repetition period of the driving exci-
tation source having a low probability of being the closest to
the pitch-period of the input speech, thus eliminating driving
excitation source coding processes for the rejected candidates
that don’t need evaluations and reducing the required amount
of the selection information. Accordingly, the speech coding
apparatus of the present embodiment can generate high-qual-
ity speech code only with a minimum additional amount of
arithmetic operations and a minimum additional amount of
information.

Furthermore, since the plurality of constant numbers by
which the repetition period of the original adaptive excitation
source 1s multiplied 1n the repetition period pre-selecting
process includes 2 and 1, a number of candidates for the
repetition period of the driving excitation source ncluding
the one that 1s the closest to the pitch-period of the input
speech can be selected with a high probability while those
choices are few. Accordingly, the speech coding apparatus of
the present embodiment can generate high-quality speech
code only with a mimimum additional amount of arithmetic
operations and a minimum additional amount of information.
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As previously mentioned, 1n accordance with the second
embodiment of the present invention, the speech decoding

apparatus generates a plurality of candidates for the repetition
period of a driving excitation source by multiplying the rep-
ctition period of an original adaptive excitation source by a
plurality of constant numbers, pre-selects a predetermined
number of candidates from all the candidates generated, fur-
ther selects one candidate as the repetition period of the
driving excitation source from the predetermined number of
candidates pre-selected according to the selection informa-
tion located within 1nput speech code, the selection informa-
tion 1indicating the selection of one possible repetition period
of the driving excitation source made during coding, and
decodes the driving excitation source code using the repeti-
tion period of the driving excitation source to reconstruct the
driving excitation source. Accordingly, the speech decoding
apparatus can perform a pitch-filtering process so as to gen-
crate a pitch-filtered driving excitation source using the rep-
ctition period having a high probability of being the closest to
the pitch-period of the mput speech even when the pitch-
period ofthe imnput speech code 1s different from the repetition
period of the original adaptive excitation source, thereby
reducing the probability of occurrence of unstability in the
synthesized speech. The speech decoding apparatus of the
present embodiment can generate a high-quality speech.

The repetition period pre-selecting unit pre-selects two
candidates or possible repetition periods of the driving exci-
tation source, and the repetition period decoding unit decodes
the selection information coded 1n one bit. Accordingly, the
speech decoding apparatus of the present embodiment can
reconstruct a high-quality speech only with a minimum addi-
tional amount of information.

In addition, the repetition period pre-selecting unit 31 gen-
erates a plurality of other adaptive excitation sources having
repetition periods respectively equal to the plurality of pos-
sible repetition periods of the driving excitation source, and
selects a predetermined number of candidates from all the
candidates generated according to distances between any two
of the plurality of other adaptive excitation sources. Accord-
ingly, the repetition period pre-selecting unit can reject one or
more candidates for the repetition period of the driving exci-
tation source having a low probability of being the closest to
the pitch-period of the input speech code, thus eliminating,
driving excitation source coding processes for the rejected
candidates that don’t need evaluations and reducing the
required amount of the selection information. Accordingly,
the speech decoding apparatus of the present embodiment can
generate a high-quality speech only with a minimum addi-
tional amount of arithmetic operations and a minimum addi-
tional amount of information.

Furthermore, since the plurality of constant numbers by
which the repetition period of the original adaptive excitation
source 1s multiplied in the repetition period pre-selecting
process includes 2 and 1, a number of candidates for the
repetition period of the driving excitation source including
the one that 1s the closest to the pitch-period of the input
speech code can be selected with a hugh probability while
those choices are few. Accordingly, the speech decoding
apparatus of the present embodiment can reconstruct a high-
quality speech only with a minimum additional amount of
arithmetic operations and a minimum additional amount of
information.

Embodiment 3

Referring next to FIG. 10, there 1s illustrated a block dia-
gram showing the structure of a driving excitation source
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coding unit 5 and a perceptual weighting control unit 37
disposed within a speech coding apparatus 1n accordance
with a third embodiment of the present invention. The overall
structure of the speech coding apparatus of this embodiment
thus involves the additional perceptual weighting control unit
3’7 connected to the driving excitation source coding unit 5 1n
addition to the structure as shown 1n FIG. 14. The perceptual
weighting control unit 37 includes a comparator 38 and a
strength control unit 39. The driving excitation source coding,
unit 5 has the same structure as the conventional driving
excitation source coding unit as shown in FIG. 17, with the
exception that a perceptual weighting filter coetiicient calcu-
lating unit 16 1s controlled by the perceptual weighting con-
trol unit 37.

In operation, a linear prediction coellicient coding unit 3,
as shown 1n FI1G. 14, of the speech coding apparatus delivers
a quantized linear prediction coelficient to the perceptual
weilghting filter coellicient calculating unit 16 and a basic
response generating umt 18 disposed within the driving exci-
tation source coding unit 5. An adaptive excitation source
coding unit 4 converts adaptive excitation source code 1nto a
repetition period of an adaptive excitation source and then
furnishes the repetition period of the adaptive excitation
source to the basic response generating unit 18 of the driving
excitation source coding unit 5 and the comparator 38 of the
perceptual weighting control unit 37. The adaptive excitation
source coding unit 4 also delivers either an input speech 1 or
a signal obtained by subtracting a synthesized speech gener-
ated based on the adaptive excitation source from the mput
speech 1, as a signal to be coded, to a perceptual weighting
filter 17.

The comparator 38 of the perceptual weighting control unit
3’7 compares the mput repetition period of the adaptive exci-
tation source with a predetermined threshold value and fur-
nishes the comparison result to the strength control unit 39.
The predetermined threshold value can be about 40 which can
substantially separate the distribution of pitch-periods into a
male-speech region and a female-speech region.

The strength control unit 39 determines the strength coet-
ficient to control an enhanced strength for the perceptual
weighting filter 17 and another perceptual weighting filter 19
according to the comparison result from the comparator 38,
and furnishes the determined strength coelficient to the per-
ceptual weighting filter coellicient calculating unit 16 of the
driving excitation source coding unit 5. When the comparison
result from the comparator 38 i1ndicates that the repetition
period of the adaptive excitation source 1s equal to or greater
than the predetermined threshold value, the strength control
unit 39 determines the strength coellicient so that the percep-
tual weighting strength becomes lower because there 1s a high
possibility that the speech to be coded 1s a male speech. In
contrast, when the comparison result from the comparator 38
indicates that the repetition period of the adaptive excitation
source 1s less than the predetermined threshold value, the
strength control unit 39 determines the strength coellicient so
that the perceptual weighting strength becomes higher
because there 1s a high possibility that the speech to be coded
1s a female speech. A multiplier by which the linear prediction
coellicient 1s multiplied, the linear prediction coefficient
being used for calculating the perceptual weighting filter
coellicient, can be used as the strength coelficient, for
example.

The perceptual weighting filter coellicient calculating unit
16 calculates the perceptual weighting filter coeificient using,
the quantized linear prediction coetlicient and the strength
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coellicient, and defines the calculated perceptual weighting
filter coetficient as a filter coellicient for the two perceptual

weighting filters 17 and 19.

After that, the first perceptual weighting filter 17, the basis
response generating umt 18, the second perceptual weighting,
filter 19, a pre-table calculating unit 20, a searching unit 21,
and an excitation source location table 22 operate 1n the same
way that the same components of conventional speech coding,
apparatuses mentioned above do, and therefore the descrip-
tion of the operations of those components will be omitted
hereinafter.

Numerous variants may be made in the exemplary embodi-
ment shown. It1s clear that instead of determining the strength
coellicient according to whether or not the repetition period
of the adaptive excitation source 1s equal to or greater than a
predetermined threshold value, the perceptual weighting con-
trol unit 37 can control the strength coelfficient more finely
using two or more predetermined threshold values or continu-
ously control the strength coetlicient according to the differ-
ence between the repetition period of the adaptive excitation
source and a predetermined threshold value.

The present embodiment 1s not limited to the above-men-
tioned algebraic excitation source arrangement using alge-
braic excitation sources when coding the driving excitation
source, and can be applied to a CELP speech coding appara-
tus using a learning excitation source code book, a random
excitation source code book, or the like.

Instead of the linear prediction coellicient, another spec-
trum parameter, such as a line spectrum pair or LSP widely
used, can be used.

As previously mentioned, 1n accordance with the third
embodiment of the present invention, the speech coding appa-
ratus controls the perceptual weighting strength coetlicient
based on the repetition period of the adaptive excitation
source, calculates the filter coellicient for the two perceptual
weighting filters using the perceptual weighting strength
coellicient, and performs a perceptual weighting process on
the signal to be coded, which 1s used for coding the driving
excitation source. Accordingly, the perceptual weighting pro-
cess can be optimized for male and female speeches, and the
speech coding apparatus of the third embodiment can provide
high-quality speech code.

Embodiment 4

Referring next to FIG. 11, there 1s illustrated a block dia-
gram showing the structure of a driving excitation source
coding unit 5 and an additional perceptual weighting control
unit 40 disposed within a speech coding apparatus 1n accor-
dance with a fourth embodiment of the present invention. The
overall structure of the speech coding apparatus of this
embodiment thus ivolves the additional perceptual weight-
ing control unit 40 connected to the driving excitation source
coding unit 5 1n addition to the structure as shown 1n FIG. 14.
The perceptual weighting control unit 40 includes a compara-
tor 38, a strength control unit 39, and an average updating unit
41. The driving excitation source coding unit 5 has the same
structure as the conventional driving excitation source coding
unit as shown 1n FIG. 17, with the exception that a perceptual
weilghting filter coetlicient calculating unit 16 1s controlled by
the perceptual weighting control unit 40.

Since the present embodiment differs from the above-men-
tioned third embodiment 1n that the perceptual weighting
control unit 40 includes the average updating unit 41 1n addi-
tion to the structure of the perceptual weighting control unit
37 of the third embodiment, the description will be mainly
directed to the operation of the additional component. An
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adaptive excitation source coding unit 4 converts an adaptive
excitation source code 1nto a repetition period of an adaptive
excitation source and then furnishes the repetition period of
the adaptive excitation source to a basic response generating
unit 18 of the driving excitation source coding unit 5 and the
average updating unit 41 of the perceptual weighting control
unit 40.

The average updating umit 41 of the perceptual weighting
control unit 40 updates an average of previously stored rep-
ctition periods of the adaptive excitation source using the
input repetition period of the adaptive excitation source, and
delivers the averaged repetition period to the comparator 38.
There can be provided some methods of easily updating the
average 1ncluding an averaging method of calculating the
sum ol the product of the repetition period of the adaptive
excitation source associated with the current frame and a
constant number a less than 1 and the product of the previous
average and (1-a). Since the aim of obtaining the average 1s
to precisely determine whether the mput speech 1s a male
speech or a female speech, 1t1s preferable to limit the updating
to frames with a large adaptive excitation source gain.

The comparator 38 compares the updated average with a
predetermined threshold value and furnishes the comparison
result to the strength control unit 39. The strength control unit
39 determines a strength coellicient to control an enhanced
strength for perceptual weighting filters 17 and 19 based on
the comparison result from the comparator 38, and furnishes
the determined strength coetlicient to the perceptual weight-
ing filter coeltlicient calculating unit 16 of the driving excita-
tion source coding unit 5. When the comparison result from
the comparator 38 indicates that the average 1s equal to or
greater than the predetermined threshold value, the strength
control unit 39 determines the strength coetlicient so that the
perceptual weighting strength becomes lower because there
1s a high possibility that the speech to be coded 1s a male
speech. In contrast, when the comparison result from the
comparator 38 indicates that the average i1s less than the
predetermined threshold value, the strength control unit 39
determines the strength coefficient so that the perceptual
weighting strength becomes higher because there 1s a high
possibility that the speech to be coded 1s a female speech.

After that, the perceptual weighting filter coelflicient cal-
culating unit 16, the first perceptual weighting filter 17, the
basis response generating unit 18, the second perceptual
weilghting filter 19, a pre-table calculating unit 20, a searching
unit 21, and an excitation source location table 22 operate in
the same way that the same components of conventional
speech coding apparatuses as shown 1n FI1G. 17 do, and there-
fore the description of the operations of those components
will be omitted hereinaiter.

Numerous variants may be made 1n the exemplary embodi-
ment shown. It is clear that instead of determining the strength
coellicient according to whether or not the averaged repeti-
tion period of the adaptive excitation source 1s equal to or
greater than a predetermined threshold value, the perceptual
weighting control unit 40 can control the strength coetficient
more finely using two or more predetermined threshold val-
ues or continuously control the strength coetlicient according
to the difference between the averaged repetition period of the
adaptive excitation source and a predetermined threshold
value.

The present embodiment 1s not limited to the above-men-
tioned algebraic excitation source arrangement using alge-
braic excitation sources when coding the driving excitation
source, and can be applied to a CELP speech coding appara-
tus using a learning excitation source code book, a random
excitation source code book, or the like.




US RE43,209 E

29

Instead of the linear prediction coefficient, another spec-
trum parameter, such as a line spectrum pair or LSP widely
used, can be used.

As previously mentioned, 1n accordance with the fourth
embodiment of the present invention, the speech coding appa-
ratus controls the perceptual weighting strength coetlicient
based on the averaged repetition period of the adaptive exci-
tation source, calculates the filter coetlicient for the two per-
ceptual weighting filters using the perceptual weighting
strength coelfficient, and performs a perceptual weighting
process on the signal to be coded, which 1s used for coding the
driving excitation source. Accordingly, the perceptual
welghting process can be optimized for male and female
speeches, and the speech coding apparatus of the fourth
embodiment can provide high-quality speech code.

Because of the use of the averaged repetition period of the
adaptive excitation source, the present embodiment can pre-
vent the perceptual weighting strength from frequently vary-
ing and hence reduce the occurrence of unstability in the
speech code.

Embodiment 5

Referring next to FI1G. 12, there 1s 1llustrated an excitation
source location table 22 which 1s used by a driving excitation
source coding unit 5 of a speech coding apparatus according
to a fifth embodiment of the present invention and a driving,
excitation source decoding unit 12 of a speech decoding
apparatus according to the fifth embodiment. The excitation
source location table 22 of this embodiment further includes
a certain magnitude for each of a plurality of excitation source
numbers in addition to the same elements as the prior art
excitation source location table as shown 1n FIG. 16.

In the same excitation source location table, the fixed mag-
nitude provided for each of the plurality of excitation source
numbers depends on the number of candidates for the exci-
tation source location provided for a corresponding excitation
source number. In the example as shown 1n FIG. 12, each of
the excitation source numbers starting from No. 1 to 3
includes 8 candidates for the excitation source location and
the same fixed magnitude of 1.0. Since the number of candi-
dates included in the last excitation source number, 1.e., No. 4
1s 16, which 1s greater than the number of candidates included
in any other excitation source number, a fixed magnitude of
1.2 larger than any other fixed magnitude in the same location
table 1s provided for the excitation source number 4. In this
manner, the larger the number of candidates for the excitation
source location, the larger a fixed magnitude 1s provided.

Searching for an optimum combination of excitation
source locations using the excitation source location table
having the additional fixed magnitudes can be performed
based on the above-mentioned equation (1). In this embodi-
ment, C and E of the equation (1) are given by:

C= d"(my) (8)
k

E = ;: ;:Qf’”(m, m;)
P

(2)

d"(m;) and ¢"(m,, m,) are given by:

d"(my)=a,d'(m,) (10)

(11)

where a, 1s the magnitude of the kth pulse, which 1s equal to
one magnitude listed 1n the excitation source location table of
FIG. 12. Only calculating and storing d"(m, ) and ¢"(m,, m,)

q)l I(mk: mi):akazq)l(mk: mz’)
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as a pre-table 1n advance of the calculation of the evaluation
value D for all combinations of all pulse locations 1s thus
needed before the simple summations according to the equa-
tions (8) and (9), thereby reducing the amount of arithmetic
operations.

The decoding of the driving excitation source can be per-
formed by selecting one excitation source location for each of
the plurality of excitation source numbers stored in the exci-
tation source location table of F1G. 12 based on the excitation
source location code, and for placing an excitation source,
which 1s then multiplied by the fixed magnitude provided for
cach of the plurality of excitation source numbers, at a corre-
sponding excitation source location selected for each of the
plurality of excitation source numbers. When each of the
plurality of excitation sources placed 1s not a pulse or when
generating a series of pitch-cycles each includes the plurality
ol excitation sources, elements of the plurality of excitation
sources placed overlap and all that1s needed 1s to calculate the
sum of all overlapped portions. In other words, the driving
excitation source decoding process of the present embodi-
ment 1includes the process of multiplying a plurality of exci-
tation sources to be placed by respective fixed magnitudes
provided for the plurality of excitation source numbers in
addition to the conventional algebraic excitation source
decoding process.

In a prior art decoding process 1n which a fixed waveform
1s prepared for each of the plurality of excitation source
numbers, a basic response has to be calculated for each of the
plurality of excitation source numbers. In contrast, 1n accor-
dance with the present embodiment, only a modification of
the pre-table 1s added as previously mentioned. In any prior
art decoding process, the magnitude of each of the plurality of
excitation sources 1s maintained constant even though the
amount of location information (1.e., the number of candi-
dates for the excitation source location) varies from excitation
source number to excitation source number.

As previously mentioned, in accordance with the fifth
embodiment of the present invention, the speech coding appa-
ratus provides a certain magnmtude depending on the number
of candidates for the location of each of a plurality of excita-
tion sources for each of the plurality of excitation sources and
multiplies the plurality of excitation sources placed at respec-
tive possible locations by the plurality of fixed magnitudes,
respectively, by means of the driving excitation source coding
unit 5. The driving excitation source coding unit 5 then gen-
erates a driving excitation source by calculating the sum of all
the excitation sources placed at the respective possible loca-
tions for each of all combinations of possible locations of the
plurality of excitation sources, and searches for excitation
source code and polarity code associated with one driving
excitation source exhibiting the smallest coding distortion
between itsell and the input speech, the excitation source
code idicating the locations of the plurality of excitation
sources placed and the polarity code indicating the polarities
of the plurality of excitation sources placed. The speech cod-
ing apparatus can avoid waste concerned with the setting of
the magnitudes of the plurality of excitation sources to a fixed
value, and generate high-quality speech code.

Similarly, 1n accordance with the fifth embodiment of the
present invention, the speech decoding apparatus provides a
certain magnmitude depending on the number of candidates for
the location of each of a plurality of excitation sources for
cach of the plurality of excitation sources. The driving exci-
tation source decoding unit 12 then generates a driving exci-
tation source by calculating the sum of all the excitation
sources placed at respective possible locations defined by the
excitation source location coded included 1n the mput speech




US RE43,209 E

31

code while multiplying the plurality of excitation sources
placed at the respective possible locations by the plurality of
fixed magnitudes, respectively. The speech decoding appara-
tus can avoid waste concerned with the setting of the magni-
tudes of the plurality of excitation sources to a fixed value,
and reconstruct a high-quality speech.

Embodiment 6

Referring next to FIG. 13, there 1s illustrated a block dia-
gram showing the structure of a driving excitation source
coding unit S of a speech coding apparatus 1n accordance with
a sixth embodiment of the present invention. The overall
structure of the speech coding apparatus of this embodiment
1s the same as that of prior art speech coding apparatuses as
shown 1n FIG. 14. In FIG. 13, reference numeral 42 denotes a
pre-table moditying unit. The speech coding apparatus of the
sixth embodiment can make a perceptual weighted signal to
be coded orthogonal to an adaptive excitation source using,
only the additional pre-table modifying unit 42.

In operation, a linear prediction coetlicient coding unit 3
delivers a quantized linear prediction coellicient to both a
perceptual weighting filter coetlicient calculating unit 16 dis-
posed within the driving excitation source coding unit S and a
basic response generating unit 18. An adaptive excitation
source coding unit 4 converts an adaptive excitation source
code 1nto a repetition period of an adaptive excitation source
and then furnishes the repetition period of the adaptive exci-
tation source to the basic response generating unit 18 located
within the driving excitation source coding unit 5. The adap-
tive excitation source coding unit 4 also delivers either an
input speech 1 or a signal obtained by subtracting a synthe-
sized speech generated based on the adaptive excitation
source Irom the mput speech 1, as a signal to be coded, to a
perceptual weighting filter 17. The adaptive excitation source
coding unit 4 further furnishes the adaptive excitation source
to the pre-table modifying unit 42 located within the driving,
excitation source coding unit 3.

The perceptual weighting filter coetficient calculating unait
16 calculates a perceptual weighting filter coetlicient using
the quantized linear prediction coellicient and defines the
calculated perceptual weighting filter coelficient as a filter
coellicient for the perceptual weighting filter 17 and another
perceptual weighting filter 19. The perceptual weighting filter
17 performs a filtering process on the mnput signal to be coded
using the filter coelficient set by the perceptual weighting
filter coetlicient calculating unit 16.

The basic response generating unit 18 performs a pitch-
filtering process on either a unit pulse or a fixed waveform
using the input repetition period of the adaptive excitation
source so as to generate a series of pitch-cycles each of which
includes either the unit pulse or the fixed wavetorm. The basic
response generating unit 18 then generates a synthesized
speech by allowing the generated signal as an excitation
source to pass through a synthesis filter constructed using the
quantized linear prediction coelficient, and furnishes the syn-
thesized speech as a basic response to the perceptual weight-
ing filter 19. The perceptual weighting filter 19 performs a
filtering process on the mput basic response using the filter
coellicient set by the perceptual weighting filter coeflicient
calculating unit 16.

The pre-table calculating unit 20 calculates a correlation
d(x) between the perceptual weighed signal to be coded from
the perceptual weighting filter 17 and each of the plurality of
perceptual weighed basic responses from the perceptual
welghting filter 19, 1.e., each of a plurality of perceptual
weighed synthesized speeches respectively generated based
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on a plurality of temporary driving excitation sources, which
are signals obtained by placing a predetermined excitation
source at all possible excitation source locations, respec-
tively. The pre-table calculating unit 20 also calculates a
cross-correlation ¢(x,y) between any two of the plurality of
perceptual weighted basic responses, 1.e., any two of the
plurality of synthesized speeches respectively generated
based on the plurality of temporary driving excitation
sources. d(x) and ¢(x,y) are stored as a pre-table.

The pre-table modifying unit 42 accepts the adaptive exci-
tation source and the pre-table stored 1n the pre-table calcu-
lating unit 20 and modifies the pre-table according to the
following [equations] equation (12) and either the following
equation (13) or equivalent (13). The pre-table moditying
umt 42 then calculates d'(x) and ¢'(x,y) according to the

following equations (14 ) and (15) and stores these parameters
as a new pre-table.

(12)

CxCrgt

Pﬂ' ch

d(x) = d(x) —

CxCy (13)

ach

H(x, y) = d(x, ¥) -

equation (13) being equivalent to the following equation:

n 1

Pplx, y) = (45)

(Ppm:b‘;b(-xa y) — C:«:C}’)

ach

d’(my) = |d(my)| (14)

[p(rmy m;)sign[d(my ) |signd(my )] (my., m;) (15]]

o' (my m;) = ngn[c?(mk )]ngn[a(mlj]gﬁ(mk . 1) (/5)

where c,,, 1s a correlation between the perceptual weighted
signal to be coded and a perceptual weighted adaptive exci-
tation source response (1.e., synthesized speech), 1.e., a cor-
relation between the perceptual weighted signal to be coded
and a synthesized speech generated based on the perceptual
weighted adaptive excitation source, ¢, 1s a correlation
between a signal created by placing the perceptual weighted
basic response at the excitation source location x and the
perceptual weighted adaptive excitation source response (1.€.,
synthesized speech), 1.e., a correlation between each of the
plurality of perceptual weighed synthesized speeches respec-
tively generated based on the plurality of temporary driving
excitation sources and the synthesized speech generated
based on the adaptive excitation source, and p_,_, 1s the power
of the perceptual weighted adaptive excitation source
response (1.¢., synthesized speech).

The searching unit 21 sequentially reads the plurality of
candidates for the excitation source location from the excita-
tion source location table 22, and calculates the evaluation
value D for each of all combinations of possible excitation
source locations using the pre-table stored in the pre-table
modityimg unit 42, 1.e., d'(x) and ¢'(x,y) calculated for each of
all combinations of possible excitation source locations
according to the equations (1), (4) and (35). The searching unit
21 then searches for one combination of excitation source
locations that maximizes the evaluation value D and furnishes
excitation source location code (i.e., indexes of the excitation
source location table) indicating the plurality of possible
excitation source locations searched for and polarity code
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indicating the polarities of the plurality of excitation sources,
as driving excitation source code. The searching unit 21 gen-
crates a time-series vector associated with the driving excita-
tion source code as a driving excitation source.

As previously mentioned, in accordance with the sixth
embodiment of the present invention, the speech coding appa-
ratus calculates a correlation c,,, between the perceptual
weighted signal to be coded and a synthesized speech gener-
ated based on the perceptual weighted adaptive excitation
source, and a correlation ¢, between each of a plurality of
perceptual weighed synthesized speeches respectively gener-
ated based on a plurality of temporary driving excitation
sources, which are associated with all possible excitation
source locations, respectively, and the synthesized speech
generated based on the adaptive excitation source, and then
modifies the pre-table using these correlations. Accordingly,
the speech coding apparatus can make the perceptual
weighted signal to be coded orthogonal to the adaptive exci-
tation source without increase in the amount of arithmetic
operations 1n the searching unit 21, thereby improving the
coding performance and providing high-quality speech code.

Many widely different embodiments of the present mven-
tion may be constructed without departing from the spirit and
scope of the present invention. It should be understood that
the present ivention 1s not limited to the specific embodi-
ments described 1n the specification, except as defined 1n the
appended claims.

The mvention claimed 1s:

[1. A speech coding apparatus for coding an input speech
on a Irame-by-frame basis using an adaptive excitation
source, which 1s generated from a past excitation source, and
a driving excitation source, which 1s generated from the input
speech and the adaptive excitation source, so as to generate
speech code, said speech coding apparatus comprising:

a repetition period pre-selecting means for generating a
plurality of candidates for a repetition period of the
driving excitation source by multiplying a repetition
period of the adaptive excitation source by a plurality of
constant numbers, respectively, and for pre-selecting a
predetermined number of candidates from all the candi-
dates generated and furnishing the predetermined num-
ber of pre-selected candidates;

a driving excitation source coding means for providing
both excitation source location information and excita-
tion source polarity information that minimize a coding
distortion, for each of the predetermined number of can-
didates for the repetition period of the driving excitation
source, and for providing an evaluation value associated
with the minimum coding distortion for each of the
predetermined number of candidates; and

a repetition period coding means for comparing the evalu-
ation values provided for the predetermined number of
candidates for the repetition period of the driving exci-
tation source from said driving excitation source coding
means with one another, for selecting one candidate
from the predetermined number of candidates according
to a comparison result, and for furnishing selection
information indicating a selection result, excitation
source location code 1indicating excitation source loca-
tion information associated with the selected candidate
for the repetition period of the driving excitation source,
and polarity code indicating excitation source polarity
information associated with the selected candidate.]

[2. The speech coding apparatus according to claim 1,

wherein said repetition period pre-selecting means pre-se-
lects two candidates from all the candidates generated, and
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said repetition period coding means encodes the selection
result in one bit so as to generate 1-bit selection information. ]

[3. The speech coding apparatus according to claim 1,
wherein said repetition period pre-selecting means includes a
means for comparing the repetition period of the adaptive
excitation source with a predetermined threshold value, and
for pre-selecting the predetermined number of candidates
from all the candidates generated according to a comparison
result.]

[4. The speech coding apparatus according to claim 1,
wherein said repetition period pre-selecting means includes a
means for generating a plurality of other adaptive excitation
sources whose respective repetition periods equal to the plu-
rality of candidates for the repetition period of the driving
excitation source, respectively, and for pre-selecting the pre-
determined number of candidates from all the candidates
generated according to a comparison between distances
among the plurality of other adaptive excitation sources gen-
erated.]

[5. The speech coding apparatus according to claim 1,
wherein said plurality of constant numbers, by which the
repetition period of the adaptive excitation source 1s multi-
plied, includes %2 and 1.]

[6. A speech decoding apparatus for decoding input speech
code on a frame-by-frame basis using an adaptive excitation
source, which 1s generated from a past excitation source, and
a driving excitation source, which 1s generated from the input
speech code and the adaptive excitation source, so as to recon-
struct original speech, said speech decoding apparatus com-
prising:

a repetition period pre-selecting means for providing a
plurality of candidates for a repetition period of the
driving excitation source by multiplying a repetition
period of the adaptive excitation source by a plurality of
constant numbers respectively, and for pre-selecting a
predetermined number of candidates from all the candi-
dates generated and furnishing the predetermined num-
ber of pre-selected candidates;

a repetition period decoding means for selecting one can-
didate from the predetermined number of pre-selected
candidates for the repetition period of the driving exci-
tation source from said repetition period pre-selecting
means according to selection information included 1n
said input coded speech and indicating the selection, and
for furmishing the selected candidate as the repetition
period of the driving excitation source; and

a driving excitation source decoding means for generating,
a time-series signal according to excitation source loca-
tion code and excitation source polarity code included in
the mput speech code, and for generating a time-series
vector that 1s a series of pitch-cycles, each of which
includes the time-series signal, using the repetition
period of the driving excitation source from said repeti-
tion period decoding means. }

[7. The speech decoding apparatus according to claim 6,
wherein said repetition period pre-selecting means pre-se-
lects two candidates from all the candidates generated, and
said repetition period decoding means decodes selection
information coded 1n one bit, which 1s included in the mput
speech code and indicates a selection of a candidate for the
repetition period of the adaptive excitation source made dur-
ing coding.]

[8. The speech decoding apparatus according to claim 6,
wherein said repetition period pre-selecting means includes a
means for comparing the repetition period of the adaptive
excitation source with a predetermined threshold value, and
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for pre-selecting the predetermined number of candidates
from all the candidates generated according to a comparison
result.]

[9. The speech decoding apparatus according to claim 6,
wherein said repetition period pre-selecting means includes a
means for generating a plurality of other adaptive excitation
sources whose respective repetition periods equal to the plu-
rality of candidates for the repetition period of the driving
excitation source, respectively, and for pre-selecting the pre-
determined number of candidates from all the candidates
generated according to a comparison between distances
among the plurality of other adaptive excitation sources gen-
erated.]

[10. The speech decoding apparatus according to claim 6,
wherein the plurality of constant numbers, by which the rep-
ctition period of the adaptive excitation source 1s multiplied,
includes %2 and 1.]

[11. A speech coding apparatus for coding an input speech
on a Irame-by-frame basis using an adaptive excitation
source, which 1s generated from a past excitation source, and
a driving excitation source generated from the mput speech
and the adaptive excitation source, said driving excitation
source being represented by locations and polarities of a
plurality of excitation sources, so as to generate speech code,
said speech coding apparatus comprising;

an excitation source location table including a plurality of
selectable possible locations and a fixed magnitude
determined based on the number of the plurality of pos-
sible locations for each of the plurality of excitation
SOurces;

a driving excitation source coding means for placing the
plurality of excitation sources at respective possible
locations while multiplying each of the plurality of exci-
tation sources by a corresponding fixed magnitude, with
reference to said excitation source location table, for
generating a driving excitation source by calculating a
sum of the plurality of excitation sources each of which
has been multiplied by the corresponding fixed magni-
tude and 1s thus placed at one corresponding possible
location, for each of all combinations of possible loca-
tions of the plurality of excitation sources, and for select-
ing possible locations and polarities of the plurality of
excitation sources which provide a driving excitation
source having a smallest coding distortion between itself
and the input speech so as to generate excitation source
location code and polarity code.]

[12. A speech decoding apparatus for decoding input
speech code on a frame-by-frame basis using an adaptive
excitation source, which 1s generated from a past excitation
source, and a driving excitation source generated from the
input speech code and the adaptive excitation source, said
driving excitation source being represented by locations and
polarities of a plurality of excitation sources, so as to recon-
struct original speech, said speech decoding apparatus com-
prising;:

an excitation source location table including a plurality of
selectable possible locations and a fixed magnitude
determined based on the number of the plurality of pos-
sible locations for each of the plurality of excitation
SOurces;

a driving excitation source decoding means for selecting

respective possible locations for the plurality of excita-
tion sources with reference to said excitation source
location table based on excitation source location code
included 1n the input speech code, for placing the plu-
rality of excitation sources at the respective selected
possible locations while multiplying each of the plural-
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ity of excitation sources by a corresponding fixed mag-
nitude, and for generating a driving excitation source by
calculating a sum of the plurality of excitation sources
cach of which has been multiplied by the corresponding,
fixed magnitude and 1s thus placed at the corresponding
possible location.}

13. A speech coding apparatus for coding an input speech
on a Irame-by-frame basis using an adaptive excitation
source, which 1s generated from a past excitation source, and
a driving excitation source generated from the mput speech
and the adaptive excitation source, said driving excitation
source being represented by locations and polarities of a
plurality of excitation sources, so as to generate speech code,
said speech coding apparatus comprising;:

a pre-table calculating [means] unit for calculating a cor-
relation between a signal to be coded and each of a
plurality of synthesized speeches each of which 1s gen-
crated based on a corresponding temporary driving €xci-
tation source that 1s a signal obtained by placing a pre-
determined excitation source at a corresponding one of
all possible locations, and a cross-correlation between
any two of the plurality of synthesized speeches, and for
storing these calculated correlations and cross-correla-
tions as a pre-table therein;

a pre-table modifying [means] unit for calculating a corre-
lation between the signal to be coded and a synthesized
speech generated based on the adaptive excitation
source, and a correlation between each of the plurality of
synthesized speeches generated based on the corre-
sponding temporary driving excitation source and the
synthesized speech generated based on the adaptive
excitation source, and for modifying said pre-table using
these calculated correlations; and

a searching [means] urit for determining the locations and
polarities of the plurality of excitation sources using the
pre-table corrected by said pre-table modifying [means]
unit so as to generate excitation source location code
indicating the locations of the plurality of excitation
sources and excitation source polarity code indicating,
the polarities of the plurality of excitation sources.

14. The speech coding apparatus of claim 13, wherein the
signal to be coded 1s at least one of: the input speech, and a
synthesized signal generated from the input speech.

15. A speech coding apparatus for coding an input speech
on a frame-by-frame basis using an adaptive excitation
source, which is genervated from a past excitation source, and
a driving excitation source, which includes a predetermined
number of pulse locations and polarities being associated
with the pulse locations, so as to generate speech code, said
speech coding apparatus comprising:

a cross-correlation calculating unit for calculating a
cross-correlation between a first impulse response gen-
erated when an impulse is placed at a first pulse location
among a plurality of pulse locations and a second
impulse vesponse genervated when an impulse is placed
at a second pulse location among the plurality of pulse
locations, for all combinations of the first and second
pulse locations;

a cross-correlation modifving unit for calculating a corre-
lation between an impulse response generated when an
impulse is placed at a pulse location among the plurality
of pulse locations and a synthesized speech generated
based on the adaptive excitation source, and for modi-
Jyving the crvoss-correlation calculated by said cross-cor-
relation calculating unit, using the correlation; and

a searching unit for searching for each location of the
predetermined number of the pulse locations of the driv-
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ing excitation source, using the cross-correlation modi-
fied by said cross-correlation modifyving unit.
16. A speech coding method for coding an input speech on
a frame-by-frame basis using an adaptive excitation source,
which is generated from a past excitation source, and a driv-
ing excitation source, which includes a predetermined num-
ber of pulse locations and polarities being associated with the
pulse locations, so as to generate speech code, said speech
coding method comprising the steps of:
calculating by a cross-correlation calculating unit, a
cross-correlation between a first impulse vesponse gen-
erated when an impulse is placed at a first pulse location
among a plurality of pulse locations and a second
impulse vesponse generated when an impulse is placed

at a second pulse location among the plurality of pulse

locations, for all combinations of the first and second
pulse locations;

38

calculating a corrvelation between an impulse vesponse

generated when an impulse is placed at a pulse location
among the plurality of pulse locations and a synthesized
speech generated based on the adaptive excitation
source, and modifying the cross-correlation calculated

by said cross-correlation calculating step, using the cor-
relation; and

searching for each location of the predetermined number

of the pulse locations of the driving excitation source,
using the cross-correlation modified by said cross-cor-
relation modifving step.

17. The speech coding method of claim 16, wherein said
cross-correlation modifying step is performed by a cross-
correlation modifying unit.

18. The speech coding method of claim 17, wherein said
searching step is performed by a searching unit.
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