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Re. 32,580 
1. 

DIGITAL SPEECH CODER 

Matter enclosed in heavy brackets appears in the 
original patent but forms no part of this reissue specifica 
tion atter printed in italics indicates the additions made 
by relane. 

Our invention relates to speech processing and more 
particularly to digital speech coding arrangements. 

Digital speech communication systems including 
voice storage and voice response facilities utilize signal 
compression to reduce the bit rate needed for storage 
and/or transmission. As is well known in the art, a 
speech pattern contains redundancies that are not essen 
tial to its apparent quality. Removal of redundant con 
ponents of the speech pattern significantly lowers the 
number of digital codes required to construct a replica 
of the speech. The subjective quality of the speech 
replica, however, is dependent on the compression and 
coding techniques. 
One well known digital speech coding system such as 

disclosed in U.S. Pat. No. 3,624,302 issued Nov. 30, 
1971 includes linear prediction analysis of an input 
speech signal. The speech signal is partitioned into suc 
cessive intervals and a set of parameters representative 
of the interval spuch is gc rated. The parameter set 
includes linear prediction coefficient signals representa 
tive of the spectral envelope of the speech in the inter 
val, and pitch and voicing signals corresponding to the 
speech excitation. These parameter signals may be en 
coded at a much lower bit rate than the speech signal 
waveform itself. A replica of the input speech signal is 
formed from the parameter signal codes by synthesis. 
The synthesizer arrangement generally comprises a 
model of the vocal tract in which the excitation pulses 
are modified by the spectral envelope representative 
prediction coefficients in an all pole predictive filter. 
The foregoing pitch excited linear predictive coding 

is very efficient. The produced speech replica, how 
ever, exhibits a synthetic quality that is often difficult to 
understand. In general, the low speech quality results 
from the lack of correspondence between the speech 
pattern and the linear prediction model used. Errors in 
the pitch code or errors in determining whether a 
speech interval is voiced or unvoiced cause the speech 
replica to sound disturbed or unnatural. Similar prob 
lems are also evident in formant coding of speech. Al 
ternative coding arrangements in which the speech 
excitation is obtained from the residual after prediction, 
e.g., ADPCM or APC, provide a marked improvement 
because the excitation is not dependent upon an inexact 
model. The excitation bit rate of these systems, how 
ever, is at least an order of magnitude higher than the 
linear predictive model. Attempts to lower the excita 
tion bit rate in the residual type systems have generally 
resulted in a substantial loss in quality. It is an object of 
the invention to provide improved speech coding of 
high quality at lower bit rates than residual coding 
schemes. 

BRIEF SUMMARY OF THE INVENTION 
We have found that the foregoing residual encoding 

problems may be solved by forming a pattern predictive 
of a pattern (e.g. speech pattern) to be encoded and 
comparing the pattern to be encoded with the predic 
tive pattern on a frame by frame basis. The differences 
between the pattern to be encoded and the predictive 
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pattern over each frame are utilized to form a coded 
signal of a prescribed format which coded signal modi 
fies the predictive pattern to minimize the frame differ 
ences. The bit rate of the prescribed format coded signal 
is selected so that the modified predictive pattern ap 
proximates the speech pattern to a desired level consis 
tent with coding requirements. 
The invention is directed to a sequential pattern pro 

cessing arrangement in which the sequential pattern is 
partitioned into successive time intervals. In each time 
interval, a set of signals representative of the interval 
sequential pattern and a signal representative of the 
differences between the interval sequential pattern and 
the interval representative signal set are generated. A 
first signal corresponding to the interval pattern is 
formed responsive to said interval pattern representa 
tive signals and said interval differences representative 
signal and a second interval corresponding signal is 
generated responsive to said interval pattern representa 
tive signals. A signal corresponding to the differences 
between the first and second interval corresponding 
signals is formed and a third signal is produced respon 
sive to said interval differences corresponding signal 
that alters the second signal to reduce the differences 
between said first and second interval corresponding 
signals. 
According to one aspect of the invention, a speech 

pattern is partitioned into successive time intervals. In 
each interval, a set of signals representative of the 
speech pattern in each time interval and a signal repre 
sentative of the differences between said interval speech 
pattern and the interval speech pattern representative 
signal set are generated. A first signal corresponding to 
the interval speech pattern is formed responsive to said 
interval speech representative signals and differences 
representative signal and a second interval correspond 
ing signal is generated responsive to the interval speech 
pattern representative signals. A signal corresponding 
to the differences between the first and second interval 
representative signals is formed and a third signal is 
produced responsive to the interval differences corre 
sponding signal that alters said second interval corre 
sponding signal to reduce the differences corresponding 
signal. 
According to another aspect of the invention, the 

third signal is utilized to construct a replica of the inter 
val pattern. 

In an embodiment of the invention, a set of predictive 
parameter signals is generated for each time frame from 
a speech signal. A prediction residual signal is formed 
responsive to the time frame speech signal and the time 
frame predictive parameters. The prediction residual 
signal is passed through a first predictive filter to pro 
duce a first speech representative signal for the time 
frame. An second speech representative signal is gener 
ated for the time frame in a second predictive filter from 
the frame prediction parameters. Responsive to the first 
speech representative and second speech representative 
signals of the time frame, a coded excitation signal is 
formed and applied to the second predictive filter to 
minimize the perceptually weighted mean squared dif 
ference between the frame first and second speech rep 
resentative signals. The coded excitation signal and the 
predictive parameter signals are utilized to construct a 
replica of the time frame speech pattern. 
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DESCRIPTION OF THE DRAWING 

FIG. 1 depicts a block diagram of a speech processor 
circuit illustrative of the invention; 

FIG. 2 depicts a block diagram of an excitation signal 5 
forming processor that may be used in the circuit of 
FIG. 1; 
FIG. 3 shows a flow chart that illustrates the opera 

tion of the excitation.signal forming circuit of FIG. 1; 
FIGS. 4 and 5 show flow charts that illustrate the 10 

operation of the circuit of FIG. 2; 
FIG. 6 shows a timing diagram that is illustrative of 

the operation of the excitation signal forming circuit of 
F.G. 1 and of FIG. 2; and 
FIG. 7 shows waveforms illustrating the speech pro- 15 

cessing of the invention. 
DETALED DESCRIPTION 

FIG. 1 shows a general block diagram of a speech 
processor illustrative of the invention. In FIG. 1, a 20 
speech pattern such as a spoken message is received by 
microphone transducer 101. The corresponding analog 
speech signal therefron is bandlinited and converted 
into a sequence of pulse samples in filter and sampler 
circuit 113 of prediction analyzer 110. The filtering may 25 
be arranged to remove frequency components of the 
speech signal above 4.0 KHz and the sampling may be 
at an 8.0 KHz rate as is well known in the art. The 
tinning of the samples is controlled by sample clock CL 
from clock generator 103. Each sample from circuit 113 30 
is transformed into an amplitude representative digital 
code in analog-to-digital converter 115. 
The sequence of speech samples is supplied to predic 

tive parameter computer 119 which is operative, as is 
well known in the art, to partition the speech signals 35 
into 10 to 20 ms intervals and to generate a set of linear 
prediction coefficient signals ak=1,2,..., p represen 
tative of the predicted short time spectrum of the 
N>>p speech samples of each interval. The speech 
samples from A/D converter 115 are delayed in delay 40 
117 to allow time for the formation of signals ak. The 
delayed samples are supplied to the input of prediction 
residual generator 118. The prediction residual genera 
tor, as is well known in the art, is responsive to the 
delayed speech samples and the prediction parameters 45 
at to form a signal corresponding to the difference 
therebetween. The formation of the predictive parame 
ters and the prediction residual signal for each frame 
shown in predictive analyzer 110 may be performed 
according to the arrangement disclosed in U.S. Pat. No. 50 
3,740,476 issued to B. S. Atal June 19, 1973 and assigned 
to the same assignee or in other arrangements well 
known in the art. 
While the predictive parameter signals ak form an 

efficient representation of the short time speech spec- 55 
trum, the residual signal generally varies widely from 
interval to interval and exhibits a high bit rate that is 
unsuitable for many applications. In the pitch excited 
vocoder, only the peaks of the residual are transmitted 
as pitch pulse codes. The resulting quality, however, is 60 
generally poor. Waveform 701 of FIG. 7 illustrates a 
typical speech pattern over two time franes. Waveform 
703 shows the predictive residual signal derived from 
the pattern of waveform 701 and the predictive parame 
ters of the frames. As is readily seen, waveform 703 is 65 
relatively complex so that encoding pitch pulses corre 
sponding to peaks therein does not provide an adequate 
approximation of the predictive residual. In accordance 

4. 
with the invention, excitation code processor 120 re 
ceives the residual signal dk and the prediction parame 
ters ak of the frame and generates an interval excitation 
code which has a predetermined number of bit posi 
tions. The resulting excitation code shown in waveform 
705 exhibits a relatively low bit rate that is constant. A 
replica of the speech pattern of waveform 701 con 
structed from the excitation code and the prediction 
parameters of the frames is shown in waveform 707. As 
seen by a comparison of waveforms 701 and 707, higher 
quality speech characteristic of adaptive predictive 
coding is obtained at much lower bit rates. 
The prediction residual signal dk and the predictive 

parameter signals ak for each successive frame are ap 
plied from circuit 110 to excitation signal forming cir 
cuit 120 at the beginning of the succeeding frame. Cir 
cuit 120 is operative to produce a multielement frame 
excitation code EC having a predetermined number of 
bit positions for each frame. Each excitation code corre 
sponds to a sequence of 1s is I pulses representative of 
the excitation function of the frame. The amplitude 6, 
and location mi of each pulse within the frame is deter 
mined in the excitation signal forming circuit so as to 
permit construction of a replica of the frame speech 
signal from the excitation signal and the predictive pa 
rameter signals of the frame. The et and mi signals are 
encoded in coder 131 and multiplexed with the predic 
tion parameter signals of the frame in multiplexer 135 to 
provide a digital signal corresponding to the frame speech pattern. 

In excitation signal forming circuit 120, the predictive 
residual signal dk and the predictive parameter signals 
ak of a frame are supplied to filter 121 via gates 122 and 
124, respectively. At the beginning of each frame, frame 
clock signal FC opens gates 122 and 124 whereby the 
dk signals are supplied to filter 121 and the ak signals are 
applied to filters 121 and 123. Filter 121 is adapted to 
modify signal dk so that the quantizing spectrum of the 
error signal is concentrated in the formant regions 
thereof. As disclosed in U.S. Pat. No. 4,133,976 issued 
to B. S. Atal et al, Jan. 9, 1979 and assigned to the same 
assignee, this filter arrangement is effective to mask the 
error in the high signal energy portions of the spectrum. 
The transfer function of filter 121 is expressed in z 

transform notation as 

H(z) = -so (1) 

where B(z) is controlled by the frame predictive param 
eters at 

Predictive filter 123 receives the frame predictive 
parameter signals from computer 119 and an artificial 
excitation signal EC from excitation signal processor 
127. Filter 123 has the transfer function of Equation 1. 
Filter 121 forms a weighted frame speech signal y re 
sponsive to the predictive residual dk while filter 123 
generates a weighted artificial speech signals responsive 
to the excitation signal from signal processor 127. Sig 
nals y and y are correlated in correlation processor 125 
which generates a signal E corresponding to the 
weighted difference therebetween. Signal E is applied 
to signal processor 127 to adjust the excitation signal 
EC so that the differences between the weighted speech 
representative signal from filter 121 and the weighted 
artificial speech representative signal from filter 123 are 
reduced. 
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The excitation signal is a sequence of 1 Sis I pulses. 
Each pulse has an amplitude Asi and a location m. Pro 
cessor 127 is adapted to successively form the 3, n. 
signals which reduce the differences between the 
weighted frame speech representative signal from filter 
121 and the weighted frame artificial speech representa 
tive signal from filter 123. The weighted frame speech . 
representative signal may be expressed as: 

(2) 
v, - . . . de- is is N 

and the weighted artificial speech representative signal 
of the frame may be expressed as 

h f (3) 

- 2, Afin-nyl sm is N 

where h is the impulse response of filter 121 or filter 
123. 
The excitation signal formed in circuit 120 is a coded 

signal having elements A, mi, i=1,2,..., I. Each ele 
ment represents a pulse in the time frame. As is the ampli 
tude of the pulse and mis the location of the pulse in the 
frame. Correlation signal generator circuit 125 is opera 
tive to successively generate a correlation signal for 
each element. Each element may be located at time 
SqSQ in the time frane. Consequently, the correla 

tion processor circuit forms Q possible candidates for 
element i in accordance with Equation 4: 

N a (4) 
C ha- i. Jui- in 

where 

j-1 as s Asha-my (5) 
is 1 

Excitation signal generator 127 receives the C signals 
from the correlation signal generator circuit, selects the 
C. signal having the maximum absolute value and 
forms the it element of the coded signal 

2 (6) 
Bi C h 

in a g 

where q is the location of the correlation signal having 
the maximum absolute value. The index i is incremented 
to i+1 and signal 9 at the output of predictive filter 123 
is modified. The process in accordance with Equations 
4, 5 and 6 is repeated to form element at-l, m-1. After 
the formation of element St, mi, the signal having ele 
ments an 1, 32m2,..., Amris transferred to coder 131. 
As is well known in the art, coder 131 is operative to 
quantize the Ban elements and to form a coded signal 
suitable for transmission to network 140. 

Each offilters 121 and 123 in FIG. 1 may comprise a 
transversal filter of the type described in aforemen 
tioned U.S. Pat. No. 4,133,976. Each of processors 125 
and 127 may comprise one of the processor arrange 
ments well known in the art adapted to perform the 
processing required by Equations 4 and 6 such as the 
C.S.P., Inc. Macro Arithmetic Processor System 100 or 
other processor arrangements well known in the art. 
Processor 125 includes a read-only memory which per 
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6 
manently stores programmed instructions to control the 
Ci signal formation in accordance with Equation 4 and 
processor 127 includes a read-only memory which per 
manently stores programmed instructions to select the 
B, mi signal elements according to Equation 6 as is well 
known in the art. The program instructions in processor 
125 are set forth in FORTRAN language form in Ap 
pendix A and the program instructions in processor 127 
are listed in FORTRAN language form in Appendix B. 

FIG. 3 depicts a flow chart showing the operation of 
processors 125 and 127 for each time frame. Referring 
to FIG. 3, the hkimpulse response signals are generated 
in box 305 responsive to the frame predictive parame 
ters for the transfer function of Equation 1. This occurs 
after receipt of the FC signal from clock 103 in FIG. 1 
as per wait box. 303. The element index i and the excita 
tion pulse location index q are initially set to 1 in box 
307. Upon receipt of signals yn and S-1 from predic 
tive filters 121 and 123, signal C is formed as per box 
309. The location index q is incremented in box 311 and 
the formation of the next location Ci signal is initiated. 

After the Cig signal is formed for excitation signal 
element i in processor 125, processor 127 is activated. 
The q index in processor 127 is initially set to 1 in box 
315 and the i index as well as the C signals formed in 
processor 125 are transferred to processor 127. Signal 
C. which represents the C signal having the maxi 
nun absolute value and its location q are set to zero in 
box 317. The absolute values of the Csignals are com 
pared to signal C and the maximum of these absolute 
values is stored as signal C" in the loop including 
boxes 319, 321, 323, and 32.S. 

After the CQ signal from processor 125 has been 
processed, box 327 is entered from box 325. The excita 
tion code element location mi is set to q and the magni 
tude of the excitation code element si is generated in 
accordance with Equation 6. The Amielement is output 
to predictive filter 123 as per box 328 and index i is 
incremented as per box 329. Upon formulation of the 
An element of the frame, wait box 363 is reentered 
from decision box 331. Processors 125 and 127 are then 
placed in wait states until the FC frame clock pulse of 
the next frame. 
The excitation code in processor 127 is also supplied 

to coder 131. The coder is operative to transform the 
excitation code from processor 127 into a form suitable 
for use in network 140. The prediction parameter sig 
nals at for the frame are supplied to an input of multi 
plexer 135 via delay 133 as prediction signals ak. The 
excitation coded signal ECS from coder 131 is applied 
to the other input of the multiplexer. The multiplexed 
excitation and predictive parameter codes for the frame 
are then sent to network 140. 

Network 140 may be a communication system, the 
message store of a voice storage arrangement, or appa 
ratus adapted to store a complete message or vocabu 
lary of prescribed message units, e.g., words, phonemes, 
etc., for use in speech synthesizers. Whatever the mes 
sage unit, the resulting sequence of frame codes from 
circuit 120 are forwarded via network 140 to speech 
synthesizer 150. The synthesizer, in turn, utilizes the 
frame excitation codes from circuit 120 as well as the 
frame predictive parameter codes to construct a replica 
of the speech pattern. 

Demultiplexer 152 in synthesizer 150 separates the 
excitation code EC of a frame from the prediction pa 
rameters at thereof. The excitation code, after being 
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decoded into an excitation pulse sequence in decoder 
153, is applied to the excitation input of speech synthe 
sizer filter 154. The at codes are supplied to the parame 
ter inputs offilter 154. Filter 154 is operative in response 
to the excitation and predictive parameter signals to 
form a coded replica of the frame speech signal as is 
well known in the art. D/A converter 156 is adapted to 
transform the coded replica into an analog signal which 
is passed through low-pass filter 158 and transformed 
into a speech pattern by transducer 160. 
An alternative arrangement to perform the excitation 

code formation operations to circuit 120 may be based 
on the weighted means squared error between signals 
y and S. This weighted mean squared error upon 
forming A and n for the i excitation signal pulse is 

) 
where h is the n sample of the impulse response of 
H(z), my is the location of the j pulse in the excitation 
code signal, and 3, is the magnitude of the jpulse. 
The pulse locations and amplitudes are generated 

sequentially. The i? element of the excitation is deter 
mined by minimizing Ei in Equation 7. Equation 7 may 
be rewritten as 

( t y - ja A n-my 

-B (--- -: Ahn--) 

N (7) 
E E = 

rise 1 (. - i An-my 

2 (8) 

) -- Ai- -- 

so that the known excitation code elements preceding 
Aim appear only in the first term. 
As is well known, the value of 3 which minimizes Ei 

can be determined by differentiating Equation 8 with 
respect to gi and setting 

ae s: 0 (9) 

Consequently, the optimun value of £8 is 

wa 

kami 
i-l (10) did k - Fril Abney - will 

(bo 
where 

K (11) (Bk = ha-ko is ks 

are the autocorrelation coefficients of the predictive filter impulse response signal hk. 
Ai in Equation 10 is a function of the pulse location 

and is determined for each possible value thereof. The 
maximum of the At values over the possible pulse 
locations is then selected. After 3 and mi values are 
obtained, 6i mi- 1 values are generated by solving 
Equation 10 in similar fashion. The first term of Equa 
tion 10, i.e., 
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dkbk-mi 

corresponds to the speech representative signal of the 
frame at the output of predictive filter 121. The second 
term of Equation 10, i.e., 

- 1 
X - a 2, 6/9, 

corresponds to the artificial speech representative signal 
of the frame at the output of predictive filter 123. 3 is 
the amplitude of an excitation pulse at location mi which 
minimizes the difference between the first and second 
tens. 

The data processing circuit depicted in FIG. 2 pro 
vides an alternative arrangement to excitation signal 
forming circuit 120 of FIG. 1. The circuit of FIG. 2 
yields the excitation code for each frame of the speech 
pattern in response to the frame prediction residual 
signal dk and the frame prediction parameter signals ak 
in accordance with Equation 10 and may comprise the 
previously mentioned C.S.P., Inc. Macro Arithmetic 
Processor System 100 or other processor arrangements 
well known in the art. 

Referring to FIG. 2, processor 210 receives the pre 
dictive parameter signals ak and the prediction residual 
signals dof each successive frame of the speech pattern 
from circuit 110 via store 218. The processor is opera 
tive to form the excitation code signal elements g ml, 
f2, m2,..., fi, mr under control of permanently stored 
instructions in predictive filter subroutine read-only 
memory 201 and excitation processing subroutine read 
only memory 205. The predictive filter subroutine of 
ROM 201 is set forth in Appendix C and the excitation 
processing subroutine in ROM 205 is set forth in Appen dix D. 

Processor 210 comprises common bus 225, data mem 
ory 230, central processor 240, arithmetic processor 
250, controller interface 220 and input-output interface 
260. As is well known in the art, central processor 240 
is adapted to control the sequence of operations of the 
other units of processor 210 responsive to coded in 
structions from controller 215. Arithmetic processor 
250 is adapted to perform the arithmetic processing on 
coded signals from data memory 230 responsive to 
control signals from central processor 240. Data mem 
ory 230 stores signals as directed by central processor 
240 and provides such signals to arithmetic processor 
250 and input-output interface 260. Controller interface 
220 provides a communication link for the program 
instructions in ROM 201 and ROM 205 to central pro 
cessor 240 via controller 215, and input-output interface 
260 permits the dk and a signal to be supplied to data 
memory 230 and supplies output signals £3 and m from 
the data memory to coder 131 in FIG. 1. 
The operation of the circuit of FIG. 2 is illustrated in 

the filter parameter processing flow chart of FIG. 4, the 
excitation code processing flow chart of FIG. 5, and the 
timing chart of FIG. 6. At the start of the speech signal, 
box 410 in FIG. 4 is entered via box 40S and the frame 
count r is set to the first frame by a single pulse ST from 
clock generator 103. FIG. 6 illustrates the operation of 
the circuit of FIGS. 1 and 2 for two successive frames. 
Between times to and ty in the first frame, prediction 
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analyzer 110 forms the speech pattern samples of frame 
r-2 as in waveform 605 under control of the sample 
clock pulses of waveform 601. Analyzer 110 generates 
the a signals corresponding to frame r-1 between 
times to and ts and forms predictive residual signal dk 
between times t and ts, as indicated in waveform 607. 
Signal FC (waveform 603) occurs between times to and 
t1. The signals dk from residual signal generator 118 
previously stored in store 218 during the preceding 
frame are placed in data memory 230 via input-output 
interface 260 and common bus 225 under control of 
central processor 240. As indicated operation box. 415 of 
FIG. 4, these operations are responsive to frame clock 
signal FC. The frame prediction parameter signals ak 
from prediction parameter computer 119 previously 
placed in store 218 during the preceding frame are also 
inserted in memory 230 as per operation box 420. These 
operations occur between times to and t on FIG. 6. 

After insertion of the frame dk and ak signals into 
memory 230, box 425 is entered and the predictive filter 
coefficients bk corresponding to the transfer function of Equation i: 

bk=a'ak=1,2,...,p (12) 

are generated in arithmetic processor 250 and placed in 
data memory 230. p is typically 16 and a is typically 
0.85 for a sampling rate of 8 KHz. The predictive filter impulse response signals hk 

h = i (13) 

Ak 
pink - "...' ...-k - 1,2,..., k s 

are then generated in arithmetic processor 250 and 
stored in data memory 230. When the hk impulse re 
sponse signal is stored, box 435 is entered and the pre 
dictive filter autocorrelation signals of Equation 11 are generated and stored. 
At time tin FIG. 6, controller 215 disconnects ROM 

201 from interface 220 and connects excitation process 
ing subroutine ROM 205 to the interface. The formation 
of the gi mi excitation pulse codes shown in the flow 
chart of FIG. 5 is then initiated. Between times t and t 
in FIG. 6, the excitation pulse sequence is formed. Exci 
tation pulse index i is initially set to 1 and pulse location 
index q is set to 1 in box. 505. S1 is set to zero in box 510 
and operation box 515 is entered to determine 6= 311. 
A is the optimum excitation pulse at location q = 1 of 
the frame. The absolute value of 811 is then compared to 
the previously stored £3 in decision box 520. Since g is 
initially zero, the mi code is set to q= 1 and the 8 code 
is set to 31 in box 525. 

Location index q is then incremented in box 530 and 
box 515 is entered via decision box 535 to generate 
signal g12. The loop including boxes 515, 520, 525, 530 
and 535 is iterated for all pulse location values 1 sqsO. 
After the Q iteration, the first excitation pulse ampli 
tude £81=f3to and its location in the frame m = q are 
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stored in memory 230. In this manner, the first of the I 
excitation pulses is determined. Referring to waveform 
705 in FIG. 7, framer occurs between times to and t1. 
The excitation code for the frame consists of 8 pulses. 
The first pulse of amplitude 3 and location m occurs at 
time t in FIG. 7 as determined in the flow chart of 
FIG. S for index i = 1. 
Index i is incremented to the succeeding excitation 

pulse in box 545 and operation box. 515 is entered via 
box. 550 and box. 510. Upon completion of each iteration 
of the loop between boxes 510 and 550, the excitation 
signal is modified to further reduce the signal of Equa 
tion 7. Upon completion of the second iteration, pulse 
f2 m2 (time t in waveform 705) is formed. Excitation 
pulses 63m3 (time tim3), 64m (time tin), gsms (time tris), 
Asms (time tons), £7m7 (time tim7), and Asms (time tims), 
are then successively formed as index i is incremented. 

After the Illiteration (waveform 609 at ta), box 555 is 
entered from decision box. 550 and the current frame 
excitation code film, g2m2, . . . , Arni is generated 
therein. The frame index is incremented in box 560 and 
the predictive filter operations of FIG. 4 for the next 
frame are started in box. 415 at time t7 in FIG. 6. Upon 
the occurrence of the FC clock signal for the next frame 
at ti in FIG. 6, the predictive parameter signals for 
frame r-3 are formed (waveform 605 between times ty 
and t4), the ak and designals are generated for frame 
r-2 (waveform 607 between times tv and tis), and the 
excitation code for frame r-1 is produced (waveform 
609 between times t7 and t12). 
The frame excitation code from the processor of 

FIG. 2 is supplied via input-output interface 260 to 
coder 131 in FIG. 1 as is well known in the art. Coder 
131 is operative as previously mentioned in quantize and 
format the excitation code for application to network 
140. The ak prediction parameter signals for the frame 
are applied to one input of multiplexer 135 through 
delay 133 so that the frame excitation code from coder 
131 may be appropriately multiplexed therewith. 
The invention has been described with reference to 

particular illustrative embodiments. It is apparent to 
those skilled in the art with various modifications may 
be made without departing from the scope and the spirit 
of the invention. For example, the embodiments de 
scribed herein have utilized linear predictive parameters 
and a predictive residual. The linear predictive parame 
ters may be replaced by formant parameters or other 
speech parameters well known in the art. The predic 
tive filters are then arranged to be responsive to the 
speech parameters that are utilized and to the speech 
signal so that the excitation signal formed in circuit 120 
of FIG. 1 is used in combination with the speech param 
eter signals to construct a replica of the speech pattern 
of the frame in accordance with the invention. The 
encoding arrangement of the invention may be ex 
tended to sequential patterns such as biological and 
geological patterns to obtain efficient representations 
thereof, 

APPENDIX A 

C THIS SUBROUTINE IMPLEMENTS BOX NOS 125 - FIG 1 
C +++++ + CORRELATION SI CNAL GRATOR ++++++ 

COMMON Y (110), Y HAT ( 1 1 O), H (15), CI (110), A (15), F ( 1 6), & a ETA (12), M (12) 
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INTEGER I, K, Q, QSTAR, MAX 
DATA NLPC/16/, KMAX/15/, NMAX/ 110y, 
OMAX/95/, ALPHA/O. 85/, IMAX/12/ 

C++ 4 + COMPUTE COEFFICIENTS FOR THE PREDICTIVE FILTER 
G = 1 
DO1 0 1 K = 1, NLPC 
G = G A PHA 

101 F (K) = A ( K) G 

C+ 4 + 4 BOX 305 FIG 3 
C++ 4 - COMPUTE IMPULSE RESPONSE OF 
C - 4 - PREDICIWF FILIER H ( 2) 
C++ 4 + H(0) IS STORED AS H (1) , ; (1) IS 
C++ 4 + STORED AS H (2), AND SO ON 

H (1) s. 1 d 
DC1 O2 K = 2, NLPC 
H (K) so 
DO1 O2 = 1, K-1 

102 H (K)s H (K) +F (I) H (K-I) 

DO 103 Ka NLPC+ 1, KMAX 
H (K)s. O 
DO103 s 1. NLPC 

103 H (K) = H(K) +F ( ) ( K-I) 

SUMSHEO 
DO1 Old K = 1, KMAX 

104 SUMSQ has SUS 2+H (K) H(K) 

C++ + + SE INA EXCITATION S GNAL COUNT - BOX 3 O7 
= 1 

Q = 1 

5 OO s1 
200 CONTINUE 

C+++ - COPU, a CO RSRELATION S (NAL as BOX 309 
DO2O1ac, NMAX 

2O 1 C ( ) as CI (Q) + ( Y (N)-YHAT (N) ) - (N-Q+ 1) 
Q = + 1 
IF (O. LEO AX) GOTO 200 

CALL BOX 127 (I, SUMSOH) 

Is I+ 1 
IF ( , LE IMAX) GOTO 500 

RETURN 
ENO 

APPENDIX B 

C THIS SUBROUTINE IMPLEM ETS BOX NOS 127 - F. G. 1 
C ++++++ EXCITATION SIGNAL GE2 ERATOR + + 4 + + + 

COMMON Y ( 1 1 0 ) , Y HAT ( 1 1 C ), H (15), CI (11 O), A ( 15, F (16), 
E BETA ( 12), M ( 12) 
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INTEGER I, K, Q, Q STA3, OMA 
DATA NLPC/16/, KMAX/15/, NMAX/110/, QMAX/35/, 

& ALP HAMO. 85/, IMAX/12/ 
C++ 4 + FIND PSAK OF THE CORRELATION SIGNAL - 
C + 4 + - BOX 3 15-3 25 

= 1 
OSTAR as O 
CISAR = 0 

300 IF (ABS (CI ( 2)). LT. ABS (COSTAR) ) GOTO301 
OSTARs 
CIOSI AR = CI ( ) 

301 Q = 0 + 1 
IF (O. L.E.O MAX) GOTO300 

M (I) = STAR 
BETA (I) = CIS AR/SUMSOH 

RETURN 
END 

APPENDIX C 

C THIS SUBROUTINE IMPLEMENTS R O 2 O1 - FIG 2 
C - - - - - - PR EOICTWE FILTER 4 + 4 + 4 + 

CCMMON D ( 1 1 0 ) , H (15), a EAI (8 O), A (16), F(16), 
&PHI (15), 3 ETA (12), ( 12) 
INTEGER I, K, Q, QSTAR, OAX 
DATA NLPC/16/, KMAX/15/, NMAX/110 / 3 AXA 80/ 
ALP HAM 0.85 / , MAX/12/ 

C++ 4 + READ PRED CTIVE RESOUM L SIGNAL - BOX S 
CALL INPUT ( O (29), 30 ) 

C++++ READ PREDICTIO PAR AEI ERS - BOX 420 
CALL INPUT ( A 16) 

+ 4 + + CO prE COEFFICIETS FOR THE PRECICTIVE 
C+ 4 + + FLP - BOX 25 

Gas 
DO 1 0 1 K = , , NLPC 
G= G A Pil. 

101 F ( K) = A (K) G 

C++ + + COMPUTE IMPty LSE RESPONSE OF PREDICTIVE 
C+++ - FILTES H ( 2) 
C+ 4 + - H (O) IS STORED AS H ( 1) H( 1) 
C+ 4 + 4 IS SORED AS H. (2), AND SO ON 
C+ 4 + + BOX 4.30 

H ( 1) s. 1 
DO 102 K = 2, NLPC 
H (K) = 0 
DO 1 O2 = 1, K-1 

102 H(K) = H(K) + F (I) H(K-I) 
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DO 103 K = N La C+ 1, KMAX 
H (K) = 0 
DO 103 (a 1, NLPC 

103 H (K) = H (K) + F ( ) H K-I) 
C++ + + COMPUTE AUTOCORRELATION FUNCTION SIGNALS - 
C++ 4 + BOX 35 

DO 104 K = 1, KMAX 
PHI(K) = 0 - 
DO 10 N = K, KMAX 

104 PH I(K) = PHI (K) + H(N) (N+ K-1 ) 

RETURN 
END 

APPEND D 

ThS SU8 ROUTINE PLE ENTS ROM 25 - FIG 2 
++++++ EXCITATION PROCESSI 2G + + 4 + 4 + 

COMMON D (110), H (15), BETAI (80), A (16), 
EPHI (15), 3ETA (12), ( 12) 
NEGER I, KO, OSTA R MAX 

DATA NLPC/16/, KMAX/15/, NY A X /110/, QMAK/80/, 
& A LPHA/O. 35/, IMAX/12/ 

C+++ - COMPUTE IN IT. A. B. ETA I SIGNAL ( = 1) 
C++++ T ERM No 1 EU ATION 10 AND BOY 515 

DO 1050 a 1, MAX 
BETA I (Q) = ) 
DO1 OSNs, Q+2 KMAX-2 
Ka Nao K.A (+ 1 

105 BEAI ( 2) = BEIAI () +D (N) P: I (1 + ABS (K-2) ) 

C - d - SET IN. A. EXCITATION SIGNAL C3 UNT - 3 ox 5 O 5 
Is 1 
Qs 1 

5oo comr INUE 
BEA AXE 0 

2 OO CON INUE 

C++ + + . COPUTE B F A S. GNAL - BOX S 15 
F (r. F.O. 1) in T?) ann 

DO2O 1 Ja 1 - 1 
20 1 BETA I ( ) is 3ETAI (3) -BEIA (J) a PHI (1+IABS ( (J) -Q) ) 

C+++ - FINO PEAK OF THE BETA SIGNAL - 8 Oc 520 - 525 
300 IF (ASS (BETAI (Q)). LT. BETAMAX) GOTO301 

M (I) = Q 
BETAMAX= ABS (8 ETA I (Q) ) 
BETA (I) = 8 EFA I (Q)/ PHI ( I) 

30 1 = + 1 
IF (O. L. E. AX) GOTO 200 
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sh 
IF (ILE IMAX) GOTO 500 

CALL OUTPUT (9 ETA, M.X.) 
CALL OUTPUT (M, IMAX) 

DO5K = 1, 29 
D (K) = D ( K - 80) 

R ERN 
ND 
What is claimed is: 
1. A method for processing a sequential pattern con 

prising the steps of: partitioning said sequential pattern 
into successive time intervals; generating a set of signals 
representative of the sequential pattern of each time 
interval responsive to said time interval sequential pat 
tern; generating a signal corresponding to the differ 
ences between said interval sequential pattern and the 
interval representative signal set responsive to said in 
terval sequential pattern and said interval representative 
signals; forming a first signal corresponding to the inter 
val pattern responsive to said interval pattern represen 
tative signals and said interval differences representa 
tive signal; generating a second interval corresponding 
signal responsive to said interval pattern representative 
signals; generating a signal corresponding to the differ 
ences between said first and second interval corre 
sponding signals; producing a third signal responsive to 
said interval differences corresponding signal for alter 
ing said second signal to reduce the interval differences 
corresponding signal; and utilizing said third signal to 
construct a replica of said interval sequential pattern. 

2. A method for processing a speech pattern compris 
ing the steps of partitioning the speech pattern into 
successive time intervals; generating a set of signals 
representative of said speech pattern of each time inter 
val responsive to said interval speech pattern; generat 
ing a signal representative of the differences between 
said interval speech pattern and the interval speech 
pattern representative signal set responsive to said inter 
val speech pattern and said interval speech pattern rep 
resentative signals; forming a first signal corresponding 
to the interval speech pattern responsive to said interval 
speech pattern representative signals and the interval 
differences representative signal; forming a second in 
terval corresponding signal responsive to the interval 
speech pattern representative signals; generating a sig 
nal corresponding to the differences between said first 
and second interval corresponding signals; and produc 
ing a third signal responsive to said interval differences 
corresponding signal for altering said second signal to 
reduce the interval differences corresponding signal. 

3. A method for processing a speech pattern accord 
ing to claim 2 wherein: said interval representative sig 
nal set generating step comprises generating a set of 
speech parameter signals representative of said interval 
speech pattern; said first interval corresponding signal 
forming step comprises generating said first interval 
corresponding signal responsive to said speech parame 
ter signals and said differences representative signal; 
and said second interval corresponding signal forming 
step comprises generating said second interval corre 
sponding signal responsive to said interval speech pa 
rameter signals. 

18 

4. A method for processing a speech pattern accord 
ing to claim 3 wherein said speech parameter signal 
generating step comprises generating a set of signals 
representative of the interval speech spectrum. 

5. A method for processing a speech pattern accord 
ing to claim 4 wherein: said third signal producing step 
comprises generating a coded signal having at least one 
element responsive to the interval differences corre 
sponding signal; and modifying said second interval 
corresponding signal responsive to said coded signal 
element. 

6. A method for processing a speech pattern accord 
ing to claim 5 wherein: said coded signal generating step 
comprises generating, for a predetermined number of 
times, a coded signal element responsive to said interval 
differences corresponding signal; and modifying said 
second interval corresponding signal responsive to said 
generated coded signal elements. 

7. A method for processing a speech pattern accord 
ing to claim 6 wherein: said differences corresponding 
signal generating step comprises generating a signal 
representative of the correlation between said first in 
terval corresponding and second interval correspond 
ing signals. 

8. A method for processing a speech pattern accord 
40 ing to claim 5 wherein said differences corresponding 

signal generating step comprises generating a signal 
representative of the mean squared difference between 
said first and second interval corresponding signals. 

9. A method for processing a speech pattern accord 
ing to claims 2, 3, or 4 further comprising the step of 
utilizing said third signal to construct a replica of said 
interval speech pattern. 

10. A sequential pattern processor comprising means 
for partitioning a sequential pattern into successive time 

50 intervals; means responsive to each time interval se 
quential pattern for generating a set of signals represen 
tative of the sequential pattern of said time interval; 
means responsive to said interval sequential pattern and 
said interval representative signals for generating a 
signal representative of the differences between said 
interval sequential pattern and the interval representa 
tive signal set; means responsive to said interval pattern 
representative signals and said differences representa 
tive signal for forming a first signal corresponding to 

60 the interval pattern; means responsive to said interval 
pattern representative signals for generating a second 
interval corresponding signal; means for generating a 
signal corresponding to the differences between said 
first and second interval corresponding signals; and 

65 means responsive to said interval differences corre 
sponding signal for producing a third signal for altering 
said second signal to reduce the interval differences 
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corresponding signal; and means for utilizing said third 
signal to construct a replica of said interval sequential 
pattern. 

11. A speech processor comprising means for parti 
tioning a speech pattern into successive time intervals; 
means responsive to each interval speech pattern for 
generating a set of signals representative of the speech 
pattern of said time interval; means responsive to said 
interval speech pattern and said interval speech pattern 
representative signals for generating a signal representa 
tive of the differences between said interval speech 
pattern and the interval representative signal set; means 
responsive to said speech interval signals and said inter 
wal differences representative signal for forming a first 
signal corresponding to the interval speech pattern; 
means responsive to said interval speech pattern repre 
sentative signals for forming a second interval corre 
sponding signal; means for generating a signal corre 
sponding to the differences between said first and sec 
ond interval corresponding signals; and means respon 
sive to said interval differences corresponding signal for 
producing a third signal for altering said second interval 
corresponding signal to reduce the interval differences 
corresponding signal. 

12. A speech processor according to claim 11 
wherein: said speech interval representative signal set 
generating means comprises means for generating a set 
of signals representative of prescribed speech parame 
ters of said interval speech pattern; said first interval 
corresponding signal forming means comprises means 
responsive to said interval prescribed speech parameter 
signals and said differences representative signal for 
generating said first interval corresponding signal; said 
second interval corresponding signal forming means 
comprises means responsive to said interval prescribed 
speech parameter signals for generating the second 
interval corresponding signal. 

13. A speech processor according to claim 12 
wherein said prescribed speech parameter signal gener 
ating means comprises means for generating a set of 
signals representative of the interval speech pattern 
spectrum. 

14. A speech processor according to claim 13 
wherein: said third signal producing means comprises 
means responsive to said interval differences corre 
sponding signal for generating a coded signal having at 
least one element; and means responsive to said coded 
signal elements for modifying said second interval cor 
responding signal. 

15. A speech processor according to claim 14 
wherein: said coded signal generating means comprises 
means operative N times to produce an N element 
coded signal including means responsive to said differ 
ences corresponding signal for generating coded signal 
elements; and means responsive to the generated coded 
signal elements for modifying said second interval cor 
responding signal. 

16. A speech processor according to claim 15 
wherein: said interval differences corresponding signal 
generating means comprises means for generating a 
signal representative of the correlation between said 
first and second interval corresponding signals. 

17. A speech processor according to claim 15 
wherein said interval differences corresponding signal 
generating means comprises means for generating a 
signal representative of the mean squared difference 
between said first and second interval corresponding 
signals. 

O 

5 

25 

30 

40 

45 

SO 

65 

20 
18. A speech processor according to claims 11, 12, or 

13 further comprising the step of utilizing said third 
signal to construct a replica of said interval speech 
pattern. 

19. A method for encoding a speech pattern compris 
ing the steps of partitioning a speech pattern into suc 
cessive time frames; generating for each frame a set of 
speech parameter signals responsive to the frame speech 
pattern; generating a signal representative of the differ 
ences between the frame speech pattern and said speech 
parameter signal set responsive to said frame speech 
pattern and said frame speech parameter signals; gener 
ating a first signal corresponding to the frame speech 
pattern responsive to said frame speech parameter sig 
nals and said differences representative signal; generat 
ing a second frame corresponding signal responsive to 
said frame speech parameter signals; generating a signal 
corresponding to the differences between said first and 
second interval corresponding signals; and producing a 
coded signal responsive to said interval differences cor 
responding signal for modifying said second interval 
corresponding signal to reduce said interval differences 
corresponding signal. 

20. A method for encoding a speech signal according 
to claim 19 further comprising combining said pro 
duced coded signal and said speech parameter signals to 
form a coded signal representative uf the frame speech 
pattern. - 

21. A method for encoding a speech signal according 
to claim 19 wherein said speech parameter signal set 
generation comprises generating a set of linear predic 
tive parameter signals for the frame responsive to said 
frame speech pattern; and said differences representa 
tive signal generation comprises generating a predictive 
residual signal responsive to said frame linear prediction 
parameter signals and said frame speech pattern. 

22. A method for encoding a speech signal according 
to claim 21 wherein said coded signal producing step 
comprises generating a coded signal having at least one 
element responsive to said differences corresponding 
signal; and modifying said frame second signal respon 
sive to said coded signal elements. 

23. A method for encoding a speech pattern accord 
ing to claim 21 wherein said signal producing step com 
prises generating a multielement coded signal by suc 
cessively generating a coded signal element responsive 
to said differences corresponding signal and modifying 
said second signal responsive to said coded signal ele 
nets. 
24. Apparatus for encoding a speech pattern compris 

ing means for partitioning a speech pattern into succes 
sive time frames; means responsive to the frame speech 
pattern for generating for each frame a set of speech 
parameter signals; means responsive to said frame 
speech parameter signals and said frame speech pattern 
for generating a signal representative of the differences 
between said frame speech pattern and said frame 
speech parameter signal set; means responsive to said 
frame speech parameter signals and said differences 
representative signal for generating a first signal corre 
sponding to said frame speech pattern; means respon 
sive to said frame speech parameter signals for generat 
ing a second frame corresponding signal; means for 
generating a signal corresponding to the differences 
between said first and second frame corresponding sig 
nals; and means responsive to said frame differences 
corresponding signal for producing a third signal to 
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modify said second signal to reduce the frame differ 
ences corresponding signal. 

25. Apparatus for encoding a speech pattern accord 
ing to claim 24 further comprising means for combining 
said produced coded signal and said speech parameter 
signals to form a coded signal representative of the 
frame speech pattern. 

26. Apparatus for encoding a speech pattern accord 
ing to claim 24 wherein said speech parameter signal 
generating means comprises means responsive to said 
frame speech pattern for generating a set of linear pre 
dictive parameter signals for the frame; said differences 
representative signal generating means comprises means 
responsive to said frame linear prediction parameter 
signals and said frame speech pattern for generating a 
frame predictive residual signal; said first signal generat 
ing means comprises means responsive to said frame 
predictive parameter signals and said frame predictive 
residual signal for forming said first frame correspond 
ing signal; and said second signal generating means 
comprises means responsive to said frame linear predic 
tive parameter signals for forming said second frame 
corresponding signal. 

27. Apparatus for encoding a speech pattern accord 
ing to claim 26 wherein said coded signal producing 
means comprises means responsive to said difference 
corresponding signal for generating a coded signal hav 
ing at least one element; and means responsive to said 
coded signal element for modifying said second signal. 

28. Apparatus for encoding a speech pattern accord 
ing to claim 26 wherein said coded signal producing 
means comprises means for generating a multielement 
coded signal including means operative successively for 
generating a coded signal element responsive to said 
differences corresponding signal and for modifying said 
second signal responsive to said coded signal elements. 

29. A speech processor comprising means for parti 
tioning a speech pattern into successive time frames; 
means responsive to the speech pattern of each frame 
for producing a set of predictive parameter signals and 
a predictive residual signal; means responsive to said 
frame predictive parameter and predictive residual sig 
nals for generating a first signal corresponding to the 
frame speech pattern; means responsive to said frame 
predictive parameter signals for generating a second 
frame corresponding signal; means responsive to said 
first and second frame corresponding signals for pro 
ducing a signal corresponding to the differences be 
tween said first and second frame corresponding sig 
nals; means responsive to said frame differences corre 
sponding signal for generating a coded excitation signal 
and for applying said coded excitation signal to said 
second signal generating means to reduce the differ 
ences corresponding signal. 

30. A speech processor according to claim 29 further 
comprising means responsive to said frame coded exci 
tation signal and said frame predictive parameter signals 
for constructing a replica of said frame speech pattern. 

31. A speech processor according to claim 29 or 
claim 30 wherein said coded excitation signal generat 
ing means comprises means operative successively to 
form a multielement coded signal comprising means 
responsive to the differences corresponding signal for 
forming an element of said multielement code and for 
modifying said second signal responsive to said coded 
signal elements. 

32. A method for processing a speech pattern accord 
ing to claim 5, 6, 7, or 8 further comprising the step of 
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utilizing said coded signal to construct a replica of said 
interval speech pattern. 

33. A speech processor according to claiga 14, 15, 16, 
or 17 further comprising means for utilizing said coded 
signal to construct a replica of said interval speech 
pattern. 

34. A speech processor for producing a speech mes 
sage comprising: means for receiving a sequence of 
speech message time interval signals, each speech inter 
val signal including a plurality of spectral representative 
signals and an excitation representative signal for said 
time interval; means jointly responsive to said interval 
spectral representative signals and said interval excita 
tion representative signal for generating a speech pat 
tern corresponding to the speech message; said interval 
excitation speech signal being formed by the steps of: 
partitioning a speech message pattern into successive 
time intervals; generating a set of signals representative 
of said speech message pattern for each time interval 
responsive to said interval speech pattern; generating a 
signal representative of the differences between said 
interval speech pattern and said representative signal set 
responsive to said interval speech pattern and said inter 
val respresentative signals; forming a first signal corre 
sponding to the interval speech message pattern respon 
sive to said speech message pattern interval representa 
tive signals and differences represcritative sig. l; form 
ing a second interval corresponding signal responsive to 
said interval speech message pattern representative 
signals; generating a signal corresponding to the differ 
ences between said first and second interval corre 
sponding signals; and producing a third signal respon 
sive to said interval differences corresponding signal for 
altering said second interval corresponding signal to 
reduce the interval differences corresponding signal, 
said third signal being said interval excitation represen 
tative signal. 

35. A speech processor according to claim 34 
wherein said interval differences corresponding signal 
generating step comprises generating a signal represen 
tative of the correlation between said first interval cor 
responding signal and said second interval correspond 
ing signal and said third signal producing step comprises 
forming a coded signal responsive to said correlation representative signal. 

36. A speech processor according to claim 34 or 35 
wherein said speech message interval spectral represen 
tative signals are time interval predictive parameter signals. 

37. A method for producing a speech message con 
prising the steps of receiving a sequence of speech 
message interval signals, each speech interval signal 
including a plurality of spectral representative signals 
and an excitation representative signal; and generating a 
speech pattern corresponding to the speech message 
jointly responsive to said interval spectral representa 
tive signals and said interval excitation representative 
signals; said interval excitation speech signal being 
formed by the steps of: partitioning a speech pattern 
into successive time intervals; generating a set of signals 
representative of the spectrum of said speech pattern for 
each time interval responsive to said interval speech 
pattern; generating a signal representative of the differ 
ences between said interval speech pattern and said 
interval speech pattern spectral representative signal set 
responsive to said interval speech pattern and said spec 
tral representative signals; forming a first signal corre 
sponding to the interval speech pattern responsive to 
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said interval spectral representative signals and said 
differences representative signal; forming a second in 
terval corresponding signal responsive to said speech 
pattern interval spectral representative signals; generat 
ing a signal corresponding to the differences between 
said first and second interval corresponding signals; and 
producing a third signal responsive to said interval 
differences corresponding signal for altering said sec 
ond interval corresponding signal to reduce the interval 
differences corresponding signal said third signal being 
said interval excitation signal. 

38. A method for producing a speech message ac 
cording to claim 37 wherein said interval differences 
corresponding signal generating step comprises gener 
ating a signal representative of the correlation between 
said first signal and said second signal and said third 
signal producing step comprises forming a prescribed 
format signal responsive to said correlation representa 
tive signal. 

39. A method for producing a speech message ac 
cording to claim 37 or 38 wherein said speech interval 
spectral representative signals are speech interval pre 
dictive parameter signals. 

40. Apparatus for producing a speech message compris 
ing 
means for receiving a sequence of speech message signals 

for the successive time intervals of the speech message, 
each time interval speech message signal including a 
set of coded spectral representative signals for the time 
interval portion of said speech message and a plurality 
of pulse annplitude and location coded signals repre 
sentative of the differences between the time interval 
portion of the speech message and the time interval 

5 
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representative of the excitation of the time interval 
portion of said speech message, and 

means jointly responsive to said interval spectral repre 
sentative signals and said interval excitation represen 
tative signal for generating a speech pattern corre 
sponding to the speech message of said time interval. 

4. Apparatus for producing a speech message according 
to claim 40 wherein said converting means comprises 
means responsive to said amplitude and location codes for 

10 forming a sequence of pulses within said time interval 
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representative of the excitation of the speech message por 
tion of said time interval 

42. A method for producing a speech message comprising 
the steps of 

receiving a sequence of speech message signals for the 
successive time interval portions of the speech message, 
each time interval speech message signal including a 
set of coded spectral representative signals for the tine 
interval portion of said speech message and a plurality 
of pulse amplitude and location coded signals repre 
sentative of the differences between the time interval 
portion of the speech message and the time interval 
portion of the speech message formed from said spec 
tral representative signals 

converting the plurality of pulse amplitude and location 
codes of said time interval into a signal representative 
of the excitation of the time interval portion csaid 
speech message and 

generating a speech pattern corresponding to the speech 
message of said time interval jointly responsive to said 
interval spectral representative signals and said inter 
val excitation representative signal 

43. A method for producing a speech message according 
to clain 42 wherein said converting step comprises forming 

portion of the speech message formed from said spec- 35 a sequence of pulses within said time interval representative 
tral representative signals 

means for converting the plurality of pulse amplitude 
and location codes of said time interval into a signal 
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of the excitation of the speech message portion of said time 
interval responsive to said amplitude and location codes. 


