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EXCITATION SOURCE LOCATION TABLE 

EXCITATION EXCHATION SOURCE SOURCE MAGNlTUDE 
NUMBER LOCATION CANDIDATE 

1 13,51,111, 15, 20, 25, 3o, 35 1.0 

2 1, 6, 11, 16, 21, 26, 31, 36 1.0 

3 2, '1, 12, 1'1, 22, 2'1, 32, 31 1.0 

3, s, 13, 13, 23, 23, 33, 3s 12 
4 4, 9, 14, 19, 24, 29, 34, 39 ' 

Egggggmb; EXCITATION SOURCE 
NUMBER LOCATION CANDIDATE 

1 0, 5, 10, 15, 2o, 25, 30, 35 

2 1,6, 11, 16,21, 26, 31, 36 

3 2, 7, 12, 17, 22, 27, 32‘, 3'1 

3, 3, 13, 13, 23, 23, 33, 3s 
4 4,9, 14, 19, 24, 29, 34,39 
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SPEECH CODING APPARATUS AND SPEECH 
DECODING APPARATUS 

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

Thepresent application is a divisional application ofappli 
cation Ser. No. 12/153,188, which was?led May 14, 2008 as 
a reissue application ofapplication Ser No. 09/706, 813?led 
Nov. 7, 2000, now US. Pat. No. 7,047, 184, which claims 
priority under 35 US. C. §119 to Japanese application No. 
11-31 7205?led on Nov. 8, 1999, the entire contents ofwhich 
are incorporated herein by reference. 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 reissue application Ser No. 12/153,188. 

BACKGROUND OF THE INVENTION 

1. Field of the Invention 
The present invention relates to a speech coding apparatus 

for 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 into spectral envelope information and an excitation 
source and encode them on a frame-by-frame basis, where 
each 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 information and the excitation source using a syn 
thesis ?lter. 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 is illustrated a block dia 
gram showing the structure of a prior art CELP speech coding 
apparatus. FIG. 15 is a block diagram showing the structure of 
a prior art CELP speech decoding apparatus. In FIG. 14, 
reference numeral 1 denotes an input speech, numeral 2 
denotes a linear prediction analyzer, numeral 3 denotes a 
linear prediction coe?icient coding unit, 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 
coe?icient 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 ?lter, 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 
each 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 input speech 1 is 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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2 
prediction coef?cient that is the spectral envelope informa 
tion of the input speech 1. The linear prediction coef?cient 
coding unit 3 then encodes the linear prediction coef?cient 
and furnishes the coded result to the multiplexer 7. The linear 
prediction coef?cient 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 unit 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 (i.e., adaptive code book) and 
generates a plurality of adaptive excitation source codes each 
of which is 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 is 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 ?ler (not shown) using the quantized 
linear prediction coef?cient from the linear prediction coef 
?cient 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 input 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 unit 5 and the gain coding 
unit 6. The adaptive excitation source coding unit 4 further 
delivers either the input 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 is 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 ?lter (not shown) using the quantized linear pre 
diction coef?cient from the linear prediction coef?cient cod 
ing unit 3 so as to generate a temporary synthesized speech. 
The driving excitation source coding unit 5 calculates and 
examines the distance between the temporary synthesized 
speech and the signal to be coded, which is either the input 
speech 1 or the signal obtained by substituting the synthe 
sized speech generated from the adaptive excitation source 
from the input 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 is 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 ?lter (not shoWn) using the quantized linear predic 
tion coe?icient from the linear prediction coe?icient 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 unit 6 also furnishes 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 coeffi 
cient code from the linear prediction coe?icient 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. 15, the separator 
9 separates the speech code 8 from the speech coding appa 
ratus into the linear prediction coe?icient 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 coe?icient 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 coef?cient decoding unit 
10 decodes the linear prediction coef?cient code from the 
separator 9 so as to reconstruct the linear prediction coeffi 
cient. The linear prediction coef?cient decoding unit 10 then 
sets and outputs the linear prediction coe?icient as a ?lter 
coe?icient for the synthesis ?lter 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 is a series of pitch-cycles 
each 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 ?rst and second time 
series vectors from the adaptive excitation source decoding 
unit and the driving excitation source decoding unit by tWo 
elements 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 ?lter 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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4 
Next, a description Will be made as to an improvement in 

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 
et al., 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 is 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 is called an 
algebraic excitation source, and provides a good coding per 
formance considering that it has a simple structure. Recently 
developed standard coding techniques adopt the algebraic 
excitation source. 

Referring next to FIG. 16, there is illustrated a table listing 
candidates for the locations of the excitation source pulses 
employed by the CELP speech coding and decoding appara 
tuses disclosed in Reference 1. Such the table can be located 
in both the driving excitation source coding unit 5 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 in FIG. 15. In Reference 1, the length of 
frames to be coded When coding excitation sources is 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 in FIG. 16, respectively. Therefore, each 
of the locations of the three pulses can be coded in three bits. 
The remaining pulse numbered 4 has 16 limited possible 
locations as shoWn in FIG. 16. Therefore, the location of the 
fourth pulse can be coded in four bits. The number of candi 
dates for the location of each of the four excitation source 
pulses is limited in 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 in a reduction in the amount of 
arithmetic operations Without reducing the coding perfor 
mance. 

In accordance With the coding technique as disclosed in 
Reference, the driving excitation source coding unit 5 of the 
speech coding apparatus of FIG. 14 calculates a correlation 
betWeen an impulse response (i.e., a synthesized speech gen 
erated by a single excitation source pulse) and a signal to be 
coded, and a cross-correlation betWeen impulse responses 
(i.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 in Reference 1 
Will be described hereinafter. The minimization of the dis 
tance is equivalent to the maximization of an evaluation value 
D given by the folloWing equation: 

DICZ/E (1) 

Where C and E are given by: 

E = 2k‘, gungwm. mi) (3) 

Where mk is the location of the kth pulse, g(k) is the magnitude 
of the kth pulse, d(x) is the correlation betWeen an impulse 
response generated When an impulse is placed at the pulse 




































