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[57] ABSTRACT

An arrangement for processing a speech message which
uses arbitrary value codes to form time frame excitation
signals. The arbitrary value codes, e. £., random num-
bers, are stored as well as signals indexing the codes and
transform domain signals corresponding to the arbitrary
codes are generated. The speech message is partitioned
into time frame interval speech patterns and a first sig-
nal representative of the transform domain speech pat-
tern of each successive time frame interval is formed
responsive to the partitioned speech message. A plural-
ity of second signals representative of time frame inter-
val patterns corresponding to the transform code Sig-
nals are generated responsive to said set of transform
signals. One of the arbitrary code signals is selected
Jointly responsive to the first and second signals of each
successive time interval to represent the time frame
speech signal excitation, and the index signal corre-
sponding to said selected arbitrary code signal is output.
A replica of the speech message is formed from the
arbitrary codes by concatenating a sequence of said
arbitrary codes identified by the output index signals.

23 Claims, 12 Drawing Sheets
n(i}

PREDICTIVE yin)
FILTER
FRANE PITCH

PTCH
PREDICTIVE
ANALYZER

220

lll'tl 1
GEIEIITBI GENERATOR

g{i)




Re. 34,247

Sheet 1 of 12

May 11, 1993

U.S. Patent

(d)0---(2)%'(1)0

w
T YIZATYNY 43143ANOD
(d)o---(2)p(1)o

Gl

69l
091 :
431

INILHIIIA
1VN1430434

Ol

g 1]

I.Ilill

(d)o---(2)0(1)0

LEIYE.
JAN1IN N4

AV130
140HS

O

Y3 1dNYS
1 431

GOl

©)g'2g'ng _
W

1-
|
: N
T |
!
s AN
W % ull |
o 34015

04 3009 .

e _ NISYHILS |
101 (14Y 40IYd)
/ 9/




Ske Gee

Re. 34,247

80LV¥3INID
ISNO4SIY

- 350dN! GI2
s 3¥015
2 VRIS Q31H913A
= o I NOLLNGINLINGD
i I leserd 30015 1 vl
! x 34015
oy IV y dﬁﬂs
n g | 3vois NIZAIVNY
=) VOIS INLI03Y4
- .y LUET HOLid NOLVHINI
= WN9IS
- VOIS
< 3801 Y113 NOLLOI038d
wh | (WA N0 | (V8
_ Nz
142 o0 02
Z 9/

U.S. Patent

£1¢

60¢

§IZATVNY
M1

L

10¢

B3 1dNYS
giind

Y3143ANOD
/¥

S0¢ £0¢



Re. 34,247

¥3143ANOY
VNS

SU313INVivd
RY0JSNVEL

Sheet 3 of 12

JY01S
3009
NIVNOQ

NU0ISNYEL

43X 411NN

HOLYYINID
4019V4 31V0S
v 40uY3

May 11, 1993

U.S. Patent

(DX
(N



Re. 34,247

Sheet 4 of 12

May 11, 1993

U.S. Patent

| NOISSINSNVAL

- oS
NN
NOLLVIINANNOD

HOLV43N3

300)

093¢

4-0ch

3-8k

|

34019
RIS 3000
NIVNOG
NYOISNVYL

JY0LS

TYNIIS
3009
JI1SYHIOLS

T041N0Y

GOb
_I 405533044 405530044 |
VNS TYNIIS NS TYNIIS ANOM 3N
3000vd 31NS NOLLI(IYd LLLUREL 1N310134300 vive
¥ 40Y¥Y3 NY04ISNVYL JNLII03Yd

NOILOI03Hd
. 90
AHOMIN AYONIN ETLET U
VIv0 Viva S
1 2
— 31dHYS
-8 JEN T

() 10¥

. .

r 9o



U.S. Patent

LS

20!

May 11, 1993 Sheet 5 of 12
FIG. 5
di), £ (i)
510
SPEECK
PATTERN P(k) | SQUARER
CROSS CIRCUIT
CORRELATOR
0ck)
515
SPEECH
PATTERN Y
ENERGY
COEFFICIENT - 520
CENERATOR
(=)= ¥ (k)

Re. 34,247



U.S. Patent May 11, 1993 Sheet 6 of 12 Re. 34,247
F/G. 6
m
YES 601

GENERATE SIGNAL ST TO
ENABLE PREDICTIVE
COEFFICIENT SIGNAL

PROCESSOR 405

IS SIGNAL STELPC SET ? m
YES

610

805

'ENABLE PREDICTION SIGNAL
PROCESSOR 410 FOR THE 615
PRESENT TIME FRAME

ARE SIGNALS STEPSP u
AND STEPCA SET ? 420
YES

ENABLE TRANSFORM PREDICTION
SIGNAL PROCESSOR 415 625
FOR PRESENT TIME FRAME

, IS SIGNAL STETPS SET ? ,NO
YES 63

0

ENABLE ERROR AND SCALE FACTOR
SIGNAL PROCESSORS 420-1
THROUGH 420-R FOR THE PRESENT
TIME FRAME

ARE ALL STEER m
SIGNALS SET ? 840
YES

ENABLE MINIMUM ERROR
AND MULTIPLEX PROCESSOR 845
455 FOR PRESENT FRAME

YES Y _  ___NO
IS SIGNAL FET = 17 |
850

635




U.S. Patent

o N M—
IS START SIGNAL ST=1?

705

710

7195

720

725

730

ke B B el Bk o B B s o

May 11, 1993 Sheet 7 of 12

FIG. 7

YES

READ SPEECH DATA
SIGNALS s(n) FOR
PRESENT TIME FRAME
INTERVAL

GENERATE AND STORE
PRESENT FRAME
SHORT DELAY (LPC)
COEFFICIENT SIGNALS

a(k), b(k)

GENERATE AND STORE
PRESENT FRAME PREDICTION

RESIDUAL SIGNALS
én)

SEND END OF SHORT DELAY
ANALYSIS SIGNAL STELPC
TO CONTROL PROCESSOR

GENERATE AND STORE
PRESENT FRAME LONG DELAY

(PITCH) COEFFICIENT
SIGNALS A(k), m

SEND END OF PREDICTIVE

COEFFICIENT ANALYSIS
FOR PRESENT FRAME
SIGNAL STEPCA TO

CONTROL PROCESSOR

Re. 34,247



U.S. Patent

F/G. 8

801

805

810

815

820

825

830

— ——

May 11, 1993 Sheet 8 of 12

Re. 34,247

ﬂ

IS SIGNAL STELPC=1?
YES

GENERATE AND STORE
PRESENT FRAME PERCEPTUALLY

WEIGHTED SPEECH SIGNAL
y(n)

GENERATE AND STORE
LONG DELAY PREDICTOR
CONTRIBU’}I‘IONS SIGNAL
(n)

GENERATE AND STORE
 SHORT DELAY PREDICTOR
CONTRIBUTIONS SIGNAL

§(n)

GENERATE AND STORE
PRESENT FRAME SIGNAL

WITH PRECEDING FRAME
COMPONENT REMOVED

z(n)m=y(n)=§(n)

GENERATE AND STORE
PRESENT FRAME PREDICTIVE
FILTER IMPULSE RESPONSE
SIGNAL h(n)

SEND END OF PRESENT
FRAME PREDICTION
PROCESSING SIGNAL STEPSP
TO CONTROL PROCESSOR




U.S. Patent May 11, 1993 Sheet 9 of 12 Re. 34,247

F/G. 9

ARE SIGNALS STEPSP m

AND STEPCA=1?
YES

READ PRESENT FRAME
x(n) AND h(n) SIGNALS FROM
COMMON DATA MEMORY

805

GENERATE AND STORE PRESENT
FRAME DFT
COEFFICIENT SIGNALS

X{(i)

910

GENERATE AND STORE
PRESENT FRAME DFT

IMPULSE RESPONSE
SIGNALS H(i)

915

GENERATE AND STORE
PRESENT FRAME
CONVERTED TRANSFORM
DOMAIN PARAMETER
SIGNALS d(i) and

£(i)

SEND END OF PRESENT FRAME
TRANSFORM PREDICTION

PROCESSING SIGNAL STETPS

TO CONTROL PROCESSOR

925



U.S. Patent May 11, 1993 Sheet 10 of 12 Re. 34,247

1005 SET PARAMETER SIGNALS
k=] ,K(,,'- I,P{,.,'I U,Q{,J*' 1
READ TRANSFORM DOM.MN
1010  ARBITRARY CODE C(;)
FROM TRANSFORM CODE SIGNAL
STORE
GENERATE PRESENT FRAME
TRANSFORM CODE SPEECH
1015 PATTERN SIGNAL
k
d(i)C(i)
GENERATE PRESENT FRAME
CROSS CORRELATION COEFFICIENT
1020 SIGNAL SEND END SIGNAL
) ) STEER TO CONTROL
Pk} Real( £ (€iMG)C) PROCESSOR
m ]
GENERATE PRESENT FRAME
ENERGY COEFFICIENT S GENERATE AND STORE
1022 T SIGNAL PRESENT FRAME SCALE
Nk FACTOR SIGNAL
Qk)= i§d‘i’°"’2 7 *=P*/Q®
1045
1025 1030
" P[k) P*(r) YES
Q(k) = Q*(r)
_ Kyesk
r -P(k)
Q(r] - Q(k)

IS k > Kmax ? —

1035




U.S. Patent May 11, 1993 Sheet 11 of 12 Re. 34,247

F16G. //

“ ARE ALL STEER 1101
SIGNALS SET !
YES

SET PARAMETER SIGNALS
rm], K*=1, P'=], Q*=l 1105

READ P(r)*, Q(r)*, K(r)*
r)*

1110

IS l:'—"'(-?-) £
Q*(r)

K*=K(r)*
P*=P(r)*
Q*=Q(r)*
7" m(r)*

GENERA'I;E AND STORE
d(n)= efiS)+ ¥ A(k)d(n~ mik—2)

hll

#(n)=d(n)+ 2 b(k)§(n— k)

ke

READ alk), Ak), n
1140 K*, 4v* FOR PRESENT
TIME FRAME

GENERATE PRESENT
FRAME TRANSMISSION
CODE

1145

SENT PRESENT
FRAME END
TRANSMISSION SIGNAL
FET TO CONTROL
PROCESSOR

1150




2
vy
G

=
o
=
D

Q

<)
ofel
/.

May 11, 1993

U.S. Patent

0¥¢!

T4

i1

0t ¢l

§3143AN0D
¥/0

Gell

EIYE
JNLIIATNG

1

02l
Sicl

 PINIE
JMLI0N
Hlld

43IV0S

NOVLYIINANNKOD

Ol¢l

4315193
WIYLS
JIISVHIOLS

50133135 So¢l

MN




Re. 34,247

1

DIGITAL SPEECH PROCESSOR USING
ARBITRARY EXCITATION CODING

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.

BACKGROUND OF THE INVENTION

The Government has rights in this invention pursuant
to Contract No. MDA904-84-C-6010 awarded by
Maryland Procurement Office.

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

5

10

15

speech pattern contains redundancies that are not essen- 20

tial to its apparent quality. Removal of redundant com-
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
rephica, however, is dependent 6n the compression and
coding techniques.

Omne well known digital speech coding system such as
disclosed in U.S. Pat. No. 3,624,302 issued Nov. 30
1971 includes hnear prediction analysis of an input
speech signal. The speech signal is partitioned into suc-
cessive ntervals of 5 to 20 milliseconds duration and a
set of parameters representative of the interval speech is
generated. The parameter set includes linear prediction
coefficient signals representative of the spectral enve-
lope of the speech in the interval, and pitch and voicing
signals corresponding to the speech excitation. These
parameter signals may be encoded 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 of each successive interval are
modified by the interval spectral envelope representa-
tive prediction coefficients in an all pole predictive
filter.

The foregoing pitch excited linear predictive coding
is very efficient and reduces the coded bit rate, e.g.,
from 64 kb/s to 2.4 kb/s. The produced speech replica,
however, exhibits a synthetic quality that makes speech
difficult to understand. In general, the low speech qual-
ity results from the lack of correspondence between the
speech pattern and the linear prediction mode! used.
Errors in the pitch code or errors in determining
whether a speech intervals 1s voiced or unvoiced cause
the speech replica to sound disturbed or unnatural.
Similar problems are also evident in formant coding of
speech. Alternative coding arrangements in which the
speech excitation is obtained from the residual after
prediction, e.g., 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 Jeast an order of magnitude higher than the
hnear predictive model. Attempts to lower the excita-
tion bit rate in the residual type systems have generally

resulted in a substantial loss in quality.

The article “Stochastic Coding of Speech Signals at
Very Low Bit Rates™ by Bishnu S. Atal and Manfred
Schroeder appearing in the Proceedings of the Interna-
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tional Conference on Communications-ICC 84, May
1984, pp. 1610-1613, discloses a stochastic model for
generating speech excitation signals in which a speech
waveform is represented as a zero mean Gaussian sto-
chastic process with slowly-varying power spectrum.
The optimum Gaussian innovation sequence is obtained
by comparing a speech waveform segment, typically 5
ms. in duration, to synthetic speech waveforms derived
from a plurality of random Gaussian innovation sequen-
ces. The innovation sequence that minimizes a percep-
tual error criterion is selected to represent the segment
speech waveform. While the stochastic model de-
scribed in this article results in low bit rate coding of the
speech waveform excitation signal, a large number of
innovation sequences are needed to provide an adequate
selection. The signal processing required to select the
best innovation sequence involves exhaustive search
procedures to encode the innovation signals, but such
search arrangements for code bit rates corresponding to
4.8 Kbit/sec code generation are very time consuming
even when processed onlarge, high speed scientific
computers. It is an object of the invention to provide
improved speech coding and synthesis of high quality at
lower bit rates utilizing arbitrary codes.

SUMMARY OF THE INVENTION

- The foregoing object is realized by replacing the
exhaustive search of innovation sequence stochastic or
other arbitrary codes of a speech analyzer with an ar-
rangement that converts the stochastic codes into trans-
form domain code signals and generates a set of trans-
form domain patterns from the transform codes for each
time frame interval. The transform domain code pat-
terns are compared to the transfer of the time interval
speech pattern obtained from the input speech to select
the best matching stochastic code and an index signal
corresponding to the best matching stochastic code is
output to represent the time frame interval speech.
Transform domain processing reduces the complexity
and the time required for code selection.

The index signal is applied to a decoder in which it is
used to select a stochastic code stored therein. In a
predictive speech synthesizer, the stochatic codes may
represent the time frame speech pattern excitation sig-
nal whereby the code bit rate is reduced to that required
for the index signals and the prediction parameters of
the time frame. The stochastic codes may be predeter-
mined overlapping segments of a string of stochastic
numbers to reduce storage requirements.

The invention is directed to an arrangement for pro-
cessing a speech message in which a set of arbitrary
value code signals such as random numbers together
with index signals indentifying the arbitrary value code
signals and signals representative of transforms of the
arbitrary valued codes are formed. The speech message
1s partitioned into time frame interval speech patterns
and a first signal representative of the speech pattern of
each successive time frame interval is formed respon-
sive to the partitioned speech. A plurality of second
signals representative of time frame interval patterns
formed from the transform domain code signals are
generated. One of said artirary code signals is selected
for each time frame interval jointly responsive to the
first signal and the second signals of the time frame
interval and the index signal corresponding to said se-
lected transform signal is output.
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According to one aspect of the invention, forming of
the first signal includes generating a third signal that is
a transform domain signal corresponding to the current
time frame interval speech pattern and the generation of
each second signal includes producing a fourth signal
that is a transform domain signal corresponding to a
time frame interval pattern responsive to said transform
domain code signals. Arbitrary code selection com-
prises generating a signal representative of the similan-
ties between said third and fourth signals and determin-
ing the index signal corresponding to the fourth signal
having the maximum similarities signal.

According to another aspect of the invention, the
transform domain code signals are frequency domain
transform codes derived from the arbitrary codes.

According to yet another aspect of the invention, the
transform domain code signals are Fourier transforms
of the arbitrary codes.

According to yet another aspect of the invention, a
speech message is formed from the arbitrary codes by
receiving a sequence of said outputted index signals,
each identifying a predetermined arbitrary code. Each
index signal corresponds to a time frame interval speech
pattern. The arbitrary codes are concatenated respon-
sive to the sequence of said received index signals and
the speech message is formed responsive to the concate-
nated codes.

According to yet another aspect of the invention, a
speech message is formed using a string of arbitrary
value coded signals having predetermined segments
thereof identified by index signals. A sequence of signals
identifying predetermined segments of said string are
received. Each of said signals of the sequence corre-
sponds to speech patterns of successive time frame 1n-
tervals. The predetermined segments of said arbitrary
value code string are selected responsive to the se-
quence of received identifying signals and the selected
arbitrary codes are concatenated to generate a replica of
the speech message.

According to yet another aspect of the invention, the
arbitrary value signal sequences of the string are over-
lapping sequences.

BRIEF DESCRIPTION OF THE DRAWING

FIG. 1 depicts a speech encoder utilizing a prior art
stochastic coding arrangement;

FIGS. 2 and 3 depict a general block diagram of a
digital speech encoder usin arbitrary codes and trans-
form domain processing that is illustrative of the inven-
tion;

FIG. 4 depicts a detailed block diagram of digital
speech encoding signal processing arrangement that
performs the functions of the circuit shown i FIGS. 2
and 3;

FIG. 5 shows a block diagram of an error and scale
factor generating circuit useful in the arrangement of
FI1G. 3;

FIGS. 6-11 show flow chart diagrams that illustrate
the operation of the circuit of FIG. 4; and
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FI1G. 12 shows a block diagram of a speech decoder 60

circuit illustrative of the invention in which a string of
random number codes form an overlapping sequence of
stochastic codes.

GENERAL DESCRIPTION

FIG. 1 shows a prior art digital speech coder ar-
ranged to use stochastic codes for excitaion signals.
Referring to FIG. 1, a speech pattern applied to micro-

65

4

phone 101 is converted therein to a speech signal which
is band pass filtered and sampled in filter and sampler
105 as is well known in the art. The resulting sampies
are converted into digital codes by analog-to-digital
converter 110 to produce digitally coded speech signal
s(n). Signal s(n) is processed in LPC and pitch predic-
tive analyzer 115. The processing includes dividing the
coded samples into successive speech frame intervals
and producing a set of parameter signals corresponding
to the signal s(n) in each successive frame. Parameter
signals a(l1), a(2), . . . a(p) represent the short delay
correlation or spectral related features of the interval
speech pattern, and parameter signals 8(1), 8(2), 8(3),
and m represent long delay correlation or pitch related
features of the speech pattern. In this type of coder, the
speech signal is partitioned in frames or blocks, e.g., 3
msec or 40 samples in duration. For such blocks, sto-
chastic code store 120 may contain 1024 random white
Gaussian codeword seguences, each sequence compris-
ing a series of 40 random numbers. Each codeword 1s
scaled in scaler 128, prior to filtering, by a factor v that
is constant for the 5 msec block. The speech adaptation
is done in recursive filters 135 and 148.

Filter 135 uses a predictor with large memory (2to 15
msec) to introduce voice periodicity and filter 145 uses
a predictor with short memory (less than 2 msec) to
introduce the spectral envelope in the synthetic speech
signal. Such filters are described in the article “Predic-
tive coding of speech at low bit rates” by B. S. Atal
appearing in the IEEE Transactions on Communica-
tions, Vol. COM-30, pp. 600-614, April 1982. The error
representing the difference between the original speech
signal s(n) applied to differencer 150 and synthetic
speech signal s(n) applied from filter 145 is further pro-
cessed by linear filter 155 to attenuate those frequency
components where the error is perceptually less impor-
tant and amplify those frequency components where
the error is perceptually more important. The stochastic
code sequence from store 120 which produces the mini-
mum mean-squared subjective error signal E(k) and the
corresponding optimum scale factor +y are selected by
peak picker 170 only after processing of all 1024 code
word sequences in store 120.

For purposes of analyzing the codeword processing
of the circuit of FIG. 1, synthesis filters 135 and 148 and
perceptual weighting filter 155 can be combined into
one linear filter. The impulse response of this equivalent
filter may be represented by the sequence f(n). Only a
part of the equivalent filter output i1s determined by its
input in the current 5 msec frame since, as is well known
in the art, a portion of the filter output corresponds to
signals carried over from preceding frames. The filter
memory from the previous frames plays no role in the
search for the optimum innovation sequence in the pres-
ent frame. The contributions of the previous memory to
the filter output in the present frame can thus be sub-
tracted from the speech signal in determining the opti-
mum code word from stochastic code stoe 120. The
residual after subtracting the contributions of the filter
memory carried over from the previous frames may be
represented by the signal x(n). The filter output contrib-
uted by the kth codeword from store 120 in the present
frame is

XK ) = (k) _‘g] An — ncl*im
d
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where c(A)(i) is the ith sample of the kth codeword. One
can rewrite equation 1 in matrix notations as

t(k) = y(k)Fc(k),
5

where F is a N X N matrix with the term in the nth row
and the ith column given by f(n—i). The total squared
error E(k), representing the difference between x{n) and

x(kXn), is given by
10

E(k)= {| x—y(K)Fc(k) || 2, (3)
where the vector x represents the signal x(n) in vector
notations, and || || 2indicates the sum of the squares of
the vector components. The optimum scale factor y(k) 13
that minimizes the error E(k) can easily be determined

by setting 3E(k)/2y(k)=0 and this leads to

?(k)z_E'F_dﬁD_ 4 20
| | Fe(k)| |
and
(3)
E(k)y = 2 _ (xFg(k)?
tky = [(x]] TR 25

The optimum codeword is obtained by finding the mini-
mum of E(k) or the maximum of the second term on the
right side in equation §.

While the signal processing described with respect to
FIG. 1 is relatively straight forward, the generation of
the 1024 error signals E(k) of equation 5 is a time con-
suming operation that cannot be accomplished in real
time in currently known high speed, large scale comput-
ers. The complexity of the search processing in FIG. 1
1s due to the presence of the convolution operation
represented by the matrix F in the error. The complex-
1ty is substantially reduced if the matrix F is replaced by
a diagonal matrix. This is accomplished by representing
the matrix F in the orthogonal form using singular-
value decomposition as described in “Introduction to
Matrix Computations” by G. W. Stewart, Academic
Press, pp. 317-320, 1973. Assume that

30

35

45
F=UDV’, (6)
where U and V are orthogonal matrices, D is a diagonal
matrix with positive elements and V'indicates the trans-
pose of V. Because of the orthogonality of U, equation
3 can be written as

30

E(k)= )| U(x —y(k)Fc(k) || 2. (7

If we now replace F by its orthogonal form as expressed °-
I equation 6, we obtain
E(k)= || Ux—y(k)DVic(k) |1 2. ~(8)
60

On substituting
z=U/x
and

65

b(k)=V'c(k), (9

In equation 8, we obtain

(10)
N
E(k) = ||z — v()DXK)| |1 = I [#n) — y(k)d(m)biHm))2.
i=|

As before, the optimum (k) that minimizes E(k) can be
determined by setting 2E(k)/2y(k)=0 and equation 10
simplifies to

~ 2 (11)
[n_l_ 1 2(n)d(m)b{X)(n) ]

N
E{k) = 2 z (u)z - N
n=1 I [dmptm)?
o=

The error signal expressed in equation 11 can be pro-
cessed much faster than the expression in equation 5. If
Fc(k) is processed in a recursive filter of order p (typi-
cally 20), processing according to equation 11 can be
substantially reduce the processing time requirements
for stochastic coding.

Alternatively, the reduced processing time may also
be obtained by extending the operations of equation 5
from the time domain to a transform domain such as the
frequency domain. If the combined impulse response of
the synthesis filter with the long-delay prediction ex-
cluded and the perceptual weighting filter is repre-
sented by the sequence h(n), the filter output contrib-
uted by the kth codeword in the present frame can be
expressed as a convolution between its input y(k)c(*)(n)
and the impulse response h(n). The filter output is given
by

¥(*Xn) = y(k)h(n)*ck)(n) (12)

The filter output can be expressed in the frequency

domain as
X®)i) = y(HGECHRNG), (13)

where X(%)(i), H(i) and C(%)(i) are discrete Fourier trans-

- forms (DFTs) of x*Xn),h(n) and c(*)(n), respectively. In

practice, the duration of the filter output can be consid-
ered to be limited to a 10 msec time interval and zero

outside. Thus a DFT with 80 points is sufficiently accu-
rate for expressing equation 13. The total squared error

E(k) is expressed in frequency-domain notations as

Etk) = :‘g | X() — y(RHHCR)|2, (14)

where X(i) is the DFT of x(n). If we express now
H(i) = d(i)e*", (15)

and

£i=X()e M, (16)

equation 14 is then transformed to

2

17
Eh) = 3|60 ~ md0CH)|2 an

Again, the scale factor y(k) can be eliminated from
equation 17 and the total error can be expressed as
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, (18
40
0 (Renl N §(Dd(HCHX7) ]
E(k) = | X(D}% — e
. I Aty

2

[

where £(i)* is complex conjugate £(i). The frequency-
domain search has the advantage that the singular-value
decomposition of the matrix F is replaced by discrete
fast Fourier transforms whereby the overall processing
complexity is significantly reduced. In the transform
domain using either the singular value decomposition or
the discrete Fourier transform processing, further sav-
ings in the computational load can be achieved by re-
stricting the search to a subset of frequencies (or eigen-
vectors) corresponding to large values of d(i) (or b(1)).
According to the invention, the processing s substan-
tially reduced whereby real time operation with micro-
processor integrated circuits is realizable. This 15 ac-
complished by replacing the time domain processing
involved in the generation of the error between the
synthetic speech signal formed responsive to the inno-
vation code and the input speech signal of FIG. 1 with
transform domain processing as described hereinbefore.

DETAILED DESCRIPTION

A transform domain digital speech encoder using
arbitrary codes for excitation for excitation signals illus-

trative of the invention is shown in FIGS. 2 and 3. The
arbitrary codes may take the form of random number
sequences or may, for example, be varied sequences of
+1 and —1 in any order. Any arrangement of vaned
sequences may be used with the broad restriction that
the overall average of the sequences is small. Referring
to FIG. 2, a speech pattern such as a spoken message
received by microphone transducer 201 is bandhimited
and converted into a sequence of pulse samples in filter
and sampler circuit 203 and supplied to linear prediction
coefficient (LPC) analyzer 209 via analog-to-digital
converter 205. The filtering may 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 1s
well known in the art. Each sample from circuit 203 1s
transformed into an amplitude representative digital
code in the analog-to-digital converter. The sequence of
digitally coded speech samples is supphed to LPC ana-
lyzer 209 which is operative, as is well known 1n the art,
to partition the speech signals into 5 to 20 ms time frame
intervals and to generate a set of linear prediction coef-
ficient signals a(k), k=1, 2, . . ., p representative of the
predicted short time spectrum of the speech samples of
each frame. The analyzer also forms a set of perceptu-

ally weighted linear predictive coefficient signals

bk} =ka(k),

k=1,2,...p (19)
where p is the number of the prediction coefficients.

The speech samples from A/D converter 205 are
delayed in delay 207 to allow time for the formation of

speech parameter signals a(k) and the delayed samples
are supplied to the input of prediction residual genera-
tor 211. The prediction residual gencrator, as is well
known in the art, is responsive to the delayed speech
samples s(n) and the prediction parameters a(k) to form
a signal a(n) corresponding to the differences between

10

15

20

25

30

35

8
speech samples and their predicted values. The forma-
tion of the predictive parameters and the prediction
residual signal for each frame in predictive analyzer 209
may be performed according to the arrangement dis-
closed in U.S. Pat. No. 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. |

Prediction residual signal generator 211 is operative
to subtract the predictable portion of the frame signal
from the sample signals s(n) to form signal 3(n) in accor-
dance with

g (20)
E(!I)=J(n)-—k l.ﬁn—k)ﬂ{k),n=l,2,....h'.

where p, the number of the predictive coefficients, may
be 12, N the number of samples in a speech frame, may
be 40, and a(k) are the predictive coefficients of the
frame. Predictive residual signal 3(n) corresponds to the
speech signal of the frame with the short term redun-
dancies removed. Longer term redundancy of the order
of several speech frames in the predictive residual signal
remains and predictive parameters 8(1), 8(2), B(3) and
m corresponding to such longer term redundancy are
generated in predictive pitch analyzer 220 such that m1s
an integer that maximizes

N (21)
z &8(n)b(m — m)

n=l|
N N
[ 3 8(n) X b4n - m)]
n=] n=1
and B8(1), 8(2), B(3) minimize
N (22)
11 [5(m) — B(H)B(n — m + 1) —
n=
B(2)s(n — m) — B(3)B(n — m — DY

as described in U.S. Pat. No. 4,354,057 issued to B. 5.
Atal et al on Jan. 9, 1979. As is well known, digital
speech encoders may be formed by encoding the pre-

~ dictive parameters of each successive frame, and the
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frame predictive residual for transmission to decoder
appratus or for storage for later retrieval. While the bit
rate for encoding the predictive parameters is relatively
low, the non-redundant nature of the residual requires a
very high bit rate. According to the invention, an opti-
mum arbitrary code

cin)

is selected to represent the frame excitation, and a signal
K* that indexes the selected arbitrary excitation code 1s
transmitted. In this way, the speech code bit rate is
minimized without adversely affecting intelligibility.
The arbitrary code is selected in the transform domain
to reduce the selection processing so that it can be per-

formed in real time with microprocessor components.
Selection of the arbitrary code for excitation includes

combining the predictive residual with the perceptually
weighted linear predictive parameters of the frame to
generate a signal y(n). Speech pattern signal y(n) corre-
sponding to the perceptually weighted speech signal
contains a component y(n) due to the preceding frames.
This preceding frame component y(n) is removed prior
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to the selection processing so that the stored arbitrary
codes are in effect compared to only the current frame
excitation. Signal y(n) is formed in predictive filter 217
responsive to the perceptually weighted predictive pa-
rameter and the predictive residual signals of the frame
as per the relation

Kn) = &n) + kil Hn -~ K)(k) @
and are stoed in y(n) store 227.

The preceding frame speech contribution signal y(n)
is generated in preceding frame contribution signal
generator 222 from the perceptually weighted predic-
tive parameter signal b(k) of the current frame, the pitch
predictive parameters 8(1), 8(2), B(3) and m obtained
from store 230 and the selected

{24a)

d(n) = B(d(n — m — 1) + )
B(2)d(n — m) + BQ)d(n — m + 1)

and

- - 2 - (24b)
W) = de) + 2 BRHn = K n= 1, N

where d(1), 1 =0 and y(1), 1 =0 represent the past frame
components. Generator 222 may comprise well known
processor arrangements adapted to form the signals of
equations 24. The past frame speech contribution signal
y(n) of store 240 is subtracted from the perceptually
weighted signal of store 227 in subtractor circut 247 to
form the current frame speech pattern signal with past
frame components removed.

x(n) = Hn} — An) (25}

n=12...,N

The difference signal x(n) from subtractor 247 is then
transformed into a frequency domain signal set by dis-
crete Fourier transform (DFT) generator 250 as fol-
lows.

(26)

. . 2T -
N -*—de—{ —~1Ki—=1)
A = le(n)e g 7o i , Ny
p=

=I-’+1-+

where Nris the number of DFT points, e.g., 80. The
DFT transformation generator may operate as de-
scribed in the U.S. Pat. No. 3,588,460 issued to Richard
A. Smith, June 28, 1971, and assigned to the same as-
signee, or may comprise any of the well known discrete
Fourier transform circuits.

In order to select one of a plurality of arbitrary exci-
tation codes for the current speech frame, it is necessary
to take into account the effects of a perceptually
weighted LPC filter on the excitation codes. This is

done by forming a signal in accordance with

27
h{n)=k§1h(n-—k)b(k),n—I,.“,N (27)

Mk)=1,d
Mk) = 0, d

= (,
< 0,

that represents the impulse response of the filter and
converting the impulse response to a frequency domain
signal by a discrete Fourier transformation as per

35
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(28)
H(i) =

The perceptually weighted impulse response signal h(n)
1s formed in impulse response generator 225, and the
transformation into the frequency domain signal H(i) is
performed in DFT generator 245.

The frequency domain impulse response signal H(i)
and the frequency domain perceptually weighted
speech signal with preceding frame contributions re-
moved X(i) are applied to transform parameter signal
converter 301 in FIG. 3 wherein the signals d(i) and £(i)
are formed according to

a(n) = |H()| (29)

e 2L
£€() = X() an

The arbitrary codes, to which the current speech frame
excitation signals represented by d(i) and £(i) are com-
pared, are stored in stochastic code store 330. Each
code comprises a sequence of N, e.g., 40, digital coded
signals c(%)(1), c(AX(2), . . ., ¢c(4)(40). These signals may be
a set of arbitrary selected numbers within the broad
restriction that the grand average is relatively small, or
may be randomly selected digitally coded signals but
may also be in the form of other codes well known in
the art consistent with this restriction. The set of signals

k
"{( n}}

may comprise individual codes that are overlapped to
minimize storage requirements without affecting the
encoding arrangements of FIGS. 2 and 3. Transform
domain code store 308 contains the Fourier transformed
frequency domain versions of the codes in store 330

obtained by the relation

N 2w 1¥i—) (30)

While the transform code signals are stored, it is to be
understood that other arrangements well known in the
art which generate the transform signals from stored
arbitrary codes may be used. Since the frequency do-
main codes have real and imaginary component signals,
there are twice as many elements in the frequency do-
main code C(*)(i) as there are in the corresponding time
domain code

K

Each code output C(*Xi) of transform domain code
store 305 is applied t0 one of the K error and scale
factor generators 315-1 through 315-K wherein the
transformed arbitrary code 1s compared to the time
frame speech signal represented by signals d(i) and £(i)
for the time frame obtained from parameter signal con-
verter 301. FIG. § shows a block diagram arrangement
that may be used to produce the error and scale factor
signals for error and scale factor generator 315-K. Re-
ferring to FIG. S, arbitrary code sequence C()X(1),
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Cx2), . .., CR)X1), . . ., CWN is applied to speech
pattern cross correlator 501 and speech pattern energy
coefficient generator 505 which serves as a normalizer.
Signal d(i) from transform parameter signal converter
301 is supplied to cross correlator 501 and normalizer
505, while £(i) from converter 301 is supplied to cross
correlator 501. Cross correlator 501 is operative to
generate the signal

N (31)
P(k) = Real [ PR AL D ]
] =

which represents the correlation of the speech frame
signal with past frame components removed £(1) and he
frame speech signal derived from the transformed arbi-
trary code d(i) C4(i) while squarer circuit 5§10 produces
the signal

oK) N (32)

1 =

, | d(yCRN) | 2

The error using code sequence

‘J((n}

is formed in divider circuit 518 responsive to the out-
puts of cross correlator 501 and normalizer 505 over the
current speech time frame according to

0 (33)
Ek) = L=,

and the scale factor is produced in divider 520 respon-
sive to the outputs of cross correlator circuit 510 and

normalizer 505 as per

= -8
Yk} = =5

The cross correlator, normalizer and divide circuits of
FIG. 5§ may comprise well known logic circuit compo-
nents or may be combined into a digital signal processor
as described hereinafter. The arbitrary code that best
matches the characteristics of the current frame speech
pattern is selected in code selector 320 of FIG. 3, and
the index of the selected code K* as well as the scale

factor for the code y(K*) are supplied to multiplexer 50

325. The multiplexer is adapted to combine the excita-
tion code signals K* and y(K*) with the current speech

12

-continued

B(3)E(n - m + 1);-{11) = d(n) + kgl ;'(H - k}b(k]']

FI1G. 4 depicts a speech encoding arrangement ac-
cording to the invention wherein the operations de-
scribed with respect to FIGS. 2 and 3 are performed in
a series of digital signal processors 405, 410, 418, and

10 420-1 through 420-K under control of control processor
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time frame LPC parameter signals a(k) and pitch param- -

eter signals 8(1), B(2), 8(3) and m into a form suitable
for transmission or storage. Index signal K* is also ap-
plied to selector 326 so that the time domain code for
the index is selected from store 330. The selected time
domain code

e
C(n)

is fed to preceding frame contribution generator 222 in

FIG. 2 where it is used in the formation of the signal
y(n) for the next speech time frme processing.

[E(") = yrc,Xm + B()din — m — 1) + B()d(n — m) + (33)

35

65

435. Processor 405 is adapted to perform the predictive
coefficient signal processing associated with LPC ana-
lyzer 209, LPC and weighted LPC signal stores 213 and
218, prediction residual signal generator 217, and pitch
predictive analyzer 220 of FIG. 2. Predictive residual
signal processor 410 performs the functions descnibed
with respect to predictive filter 217, preceding frame
contribution signal generator 222, subtractor 247 and
impulse response generator 225. Transform signal pro-
cessor 415 carries out the operations of DFT generators
245 and 250 of F1G. 2 and transform parameter signal
converter 301 of FIG. 3. Processors 420-1 and through
420-K produce the error and scale factor signals as
would be obtained from error and scale factor genera-
tors 315-1 through 315-K of FIG. 3.

Each of the digital signal processors may be the
WE ®DSP32 Digital Signal Processor described in the
article “A 32 Bit VLSI Digital Signal Processor”, by P.
Hays et al, appearing in the IEEE Journal of Solid State
Circuits, Vol. SC20, No. 5, pp. 998, October 1985, and
the control processor may be the Motorola type 68000
microprocessor and associated circuits described in the
publication “MC68000 16 Bit Microprocessor User’s
Manual”, Second Edition, Motorola Inc., 1980. Each of
the digital signal processors has associated therewith a
memory for storing data for its operation, e.g., data
memory 408 connected to prediction coefficient signal
processor 405. Common data memory 450 stores signals
from one digital signal processor that are needed for the
operation of another signal processor. Common pro-
gram store 430 has therein a sequence of permanently
stored instruction signals used by control processor 435
and the digital signal processors to time and carry out
the encoding functions of FIG. 4. Stochastic code store
440 is a read only memory that includes random codes
Ck(n) as described with respect to FIG. 3 and transform
code signal store 445 is another read only memory that
holds the Fourier transformed frequency domain code
signals corresponding to the codes in store 440.

The encoder of FIG. 4 may form a part of a commu-
nication system in which speech applied to microphone
401 is encoded to a low bit rate digital signal, e.g., 4.8
kb/s, and transmitted via a communication link to a
receiver adapted to decode the arbitrary code indices
and frame parameter signals. Alternatively, the output
of the encoder of FIG. 4 may be stored for later decod-
ing in a store and forward system or stored in read only
memory for use in speech synthesizers of the type that
will be described. As shown in the flow chart of FIG. 6,
control processor 435 is conditioned by a manual signal
ST from a switch or other device (not shown) to enable
the operation of the encoder. All of the operations of

the digital signal processors of FIG. 4 to generate the
predictive parameter signals and the excitation code

signals K* and y* for a time frame interval occur within
the time frame interval. When the on switch has been
set (step 601), signal ST is produced to enable predictive
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coefficients processor 40§ and the instructions in com-
mon program store 430 are accessed to control the
operation of processor 405. Speech applied to micro-
phone 401 is filtered and sampled in filter and sampler
403 and converted to a sequence of digital signais in
A/D converter 404. Processor 408 receives the digitally
coded sample signals from converter 404, partitions the
samples into time frame segments as they are received
and stores the successive frame samples in data memory
408 as indicated in step 705 of FIG. 7. Short delay coef-
ficient signals a(k) and perceptually weighted short
delay signals b(k) are produced in accordance with
aforementioned U.S. Pat. No. 4,133,476 and equation 19
for the current time frame as per step 71. The current
frame predictive residual signal a(n) are generated in
accordance with equation 20 from the current frame
speech samples s(n) and the LPC coefficient signals a(k)
In step 715. When the operations of step 715 are com-
pleted, an end of short delay analysis signal is sent to
control processor 435 (step 720). The STELPC signal is
used to start the operations of processor 410 as per step
615 of FIG. 6. Long delay coefficient signals (1), 8(2),
B(3) and m ae then formed according to equations 21
and 22 as per step 725, and an end of the predictive
coefficient analysis signal STEPCA is generated (step
730). Processor 405 may be adapted to form the predic-
tive coefficient signals as described in the aforemen-
tioned patent 4,133,976 The signals a(k), b(k), B(n), and
B(n) and m of the current speech frame are transferred
to common data memory 450 for use in residual signal
processing.

When the current frame LPC coefficient signals have
been generated in processor 405, control processor 435
i1s responsive to the STELPC signal to activate predic-
tion residual signal processor 410 by means of step 801
in FIG. 8. The operations of processor 410 are done
under control of common program store 430 as illus-
trated in the flow chart of FIG. 8. Referring to FIG. 8,
the formation and storage of the current frame percep-
tually weighted signal y(n) is accomplished in step 805
according to equation 23. Long delay predictor contri-
bution signals #(n) are generated as per equation 24 in
step 810. Short delay predictor contributions signal y(n)
Is produced in step 815 as per equation 24. The current
frame speech pattern signal with preceding frame com-
ponents removed (x(n)), is produced by subtracting
signal y(n) from signal y(n) in step 820 and impulse
response signal h(n) is formed from the LPC coefficient
signals a(k) as described in aforementioned U.S. Pat.
No. 4,133,476 (step 825). Signals x(n) and h(n) trans-
ferred to and stored in common data memory 450 for
use n transform signal processor 4185.

Upon completion of the generation of signals x(n),
h(n) for the current time frame, control processor 435
receives signal STEPSP from processor 410. When
both signals STEPSP and SEPTCA are received by
control processor 435 (step 621 of FIG. 6), the opera-
tion of transform signal processor 415 is started by
transmitting the STEPSP signal to processor 415 as per
step 625 in F1G. 6. Processor 415 is operative to gener-
ate the frequency domain speech frame representative
signals x(i) and H(i) by performing a discrete Fourier
transform operation on signals x(n) and h(n). Referring
to FIG. 9, upon detecting signal STEPSP (step 901), the
x{n) and h(n) signals are read from common data mem-
ory 450 (step 905). Signals X(i) are generated from the
x(n) signals (step 910) and signals H(i) are generated
from the h(n) signals (step 918) by Fourier transform
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operations well known in the art. The DFT may be
implemented in accordance with the principles de-
scribed in aforementioned U.S. Pat. No. 3,588,460. The
conversion of signals X(i) and H(i) into the speech
frame representative signals d(i) and £(i) implemented in
processor 415 is done in step 920 as per equation 29 and
signals d(i) and £(i) are stored in common data memory
450. At the end of the current frame transform predic-
tion processing, signals STETPS is sent to control pro-
cessor 435 (step 925). Responsive to signal STETPS in
step 630, the control processor enables the error and
scale factor signal processors 420-1 through 420-R (step
635).

Once the transform domain time frame speech repre-
sentative signals for the current frame have been formed
In processor 415 and stored in common data memory
430, the search operations for the stochastic code

F
C(n)

that best matches the current frame speech pattern is
performed in error and scale factor signal processors
420-1 through 420-K. Each processor generates error
and scale factor signals corresponding to one or more
(¢.g., 100) transform domain codes in store 445. The
error and scale factor signal formation is illustrated in
the flow chart of FIG. 10. In FIG. 10, the presence of
control signal STETPS (step 1001) permits the initial
setting of parameters k identifying the stochastic code
being processing, K* identifying the selected stochastic
code for the current frame, P(r)* identifying the cross
correlation coefficient signal of the selected code for
the current frame, and Q(r)* identifying the energy
coefficient signal of the selected code for the current
frame.

The currently considered transform domain arbitrary
code C!XXi) is read from transform code signal store 445
(step 1005) and the current frame transform domain
speech pattern signal obtained from the transform do-
main arbitrary code CX(i) is formed (step 1015) from the
d(i) and CX(i) signals. The signal d(iYC{*)X(i) represents
the speech pattern of the frame produced by the arbi-
trary code

k
f("r

In effect, code signal C(*)i) corresponds to the frame
excitation and signal d(i) corresponds to the predictive
filter representative of the human vocal apparatus. Sig-
nal £(i) stored in common data store 450 is representa-
tive of the current frame speech pattern obtained from
microphone 401.

- The two transform domain speech pattern represen-
tative signals, d(i)C*)Xi) and £(i), are cross correlated to
formed signal P(k) in step 1020 and an energy coeffici-
ent signal Q(k) is formed in step 1022 for normalization
purposes. The current deviation of the stochastic code
frame speech pattern from the actual speech pattern of
the frame is evaluated in step 102S. If the error between
the code pattern and the actual pattern is less than the
best obtained for preceding codes in the evaluation,
index signal K(r)*, cross correlation signal P(r)* and
energy coefficient signal Q(r)* are set to k, P(k), and
Q(k) in step 1030. Step 1035 is then entered to determine
if all codes have been evaluated. Otherwise, signals
K(r)*, P(r)*, and Q(r)* remain unaltered and step 1035
1s entered directly from step 1025. Until K> Kmax in
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tep 1035, code index signal k is incremented (step 1040)

and step 1010 is reentered. When k> Kmax, signal K(r)*
is stored and scale factor signal y* is generated in step
1045. The index signal K(r)* and scale factor signal
v(r)* for the codes processed in the error and scale
factor signal processor are stored in common data store
450. Step 1050 is then entered and the STEER control
signal is sent to control processor 435 to signal the com-
pletion of the transform code selection in the error and
scale factor signal processor (step 640 in FIG. 6). The
control processor is then operative to enable the mini-
mum error and multiplex processor 455 as per step 645.

The signals P(r)*, Q(r)*, and K(r)* resulung from the
evaluation in processors 420-1 through 420-R are stored
in common data memory 450 and are sent t0 minimum
error and multiplex processor 455. Processor 455 1s
operative according to the flow chart of FIG. 11 to
select the best matching stochastic code in store 440
having index K*. This index is selected from the best
arbitrary codes indexed by signals K*(1) through K*(R)
for processors 420-1 to 420-R. This index K* corre-
sponds to the stochastic code that results in the mini-
mum error signal. As per step 1101 of FIG. 11, proces-
sor 455 is enabled when a signal is received from control
processor 435 indicating that processors 420-1 through
420-R have sent STEER signals. Signals r, K*, P*, and
Q* are each set to an initial value of one, and signals
P(r)*, Q(r)*, K(r)* and y(r)* are read from common
data memory 450 (step 1110). If the current signals P(r)*
and Q(r)* result in a better matching stochastic code
signal as determined in step 1115, these values are stored
as K*, P*, Q*, and vy* for the current frame (step 1120)
and decision step 1125 is entered. Until the Rth set of
signals K(R)*, P(R)*, Q(R)* are processed, step 1110 is
reentered via incrementing step 1130 so that all possible
candidates for the best stochastic code are considered.
After the Rth set of signals are processed, signal K*, the
selected index of the current frame and signal y*, the
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corresponding scale factor signal are stored in common

data memory 450. .

At this point, all signals to form the current time
frame speech code are available in common data mem-
ory 450. The contribution of the current frame excita-
tion code

K*
C(n)

must be generated for use in signal processor 440 in the
succeeding time frame interval to remove the preceding
frame component of the current time frame for forming
signal x(n) as aforementioned. This is done In step 1135
where signals d(n) and y(n) are updated.

The predictive parameter signals for the current
frame and signals K* and y* are then read from mem-
ory 450 (step 1140), and the signals are converted into a
frame transmission code set as is well known in the art
(step 1145). The current frame end transmission signal
FET is then generated and sent to control processor 435
to signal the beginning of the succeeding frame process-
ing (step 650 in FIG. 6).

‘When use in a communication system, the coded
speech signal of the time frame comprises a set of LPC
coefficient a(k), a set of pitch predictive coefficients
(1), B(2), B(3), and m, and the stochastic code index
and scale factor signals K* and y*. As is well known in
the art, a predictive decoder circuit is operative 10 pass
the excitation signal of each speech time frame through
one or more filters that are representative of a model of
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the human vocal apparatus. In accordance with an as-
pect of the invention, the excitation signal is an arbitrary
code stored therein which is indexed as described with
respect to the speech encoder of the circuits of FIGS. 2
and 3 or FIG. 4. The stochastic codes may be a set of
1024 codes each comprising a set of 40 random numbers
obtained from a string of the 1024 random number
codes g(1), g(2), . . . ,g(1063) stored in a register. The 40
element stochastic codes are arranged in overlapping

fashion as illustrated in Table 1.
TABLE 1
Stochastic Code
index K Stochastic Code
1 g(1), gQ2), - . ., §(40)
2 g(2), g(3), - . ., g(41)
3 g(3), g(4), . . ., p{4d)
4 gd), g5 ..., g(43)
4 g4), g(5), . .., g(43)
4 g4, g3, ..., §43)
1024 g(1024), g(1025, . . ., g(1063)

W

Referring to Table 1, each code 15 2 sequence of 40
random numbers that are overlapped so that each suc-
cessive code begins at the second number position of the
preceding code. The first entry in Table 1 includes this
indes k = 1 and the first 40 random numbers of the single
string g(1), g(2), . . . . g(#0). The second code with index
k=2, corresponds to the set of random numbers g{(2),
g(3), . . . , g(41). Thus, 39 positions of successive codes
are overlapped without affecting their random charac-
ter to minimize storage requirements. The degree of
overlap may be varied without affecting the operation
of the circuit. The overall average of the string signals
g(1) through g(1063) must be relatively small. The arb:-
trary codes need not be random numbers and the codes
need not be arranged in overlapped fashion. Thus, arbi-
trary sequences of +1, —1 that define a set of unique
codes may be used.

" In the decoder or synthesizer circuit of FIG. 12, LPC
coefficient signals a(k), pitch predictive coefficient sig-
nals 8(1), B(2), B(3), and m, and the stochastic code
index and scale factor signals K* and y* are separated in
demultiplexer 1201. The pitch predictive parameter
signals 8(k) and m are applied to pitch predictive filter
1220, and the LPC coefficient signals are supplied to
LPC predictive filter 1225. Filters 1220 and 1225 oper-
ate as is well known in the art and as described in the
aforementioned U.S. Pat. No. 4,133,976 to modify the
excitation signal from scaler 1215 in accordance with
vocal apparatus features. Index signal K* is applied to
selector 1205 which addresses stochastic string register
1210. Responsive to index signal K*, the stochastic code
best representative of the speech time frame excitation
is applied to scaler 1215, The stochastic codes corre-
spond to time frame speech patterns without regard to
the intensity of the actual speech. The scaler modifies
the stochastic code in accordance with the intensity of
the excitation of the speech frame. The formation of the
excitation signal in this manner minimizes the excitation
bit rate required for transmission, and the overlapped
code storage operates to reduce the circuit require-
ments of the decoder and permits a2 wide selection of
encryption techniques. After the stochastic code excita-
tion signal from scaler 1215 is modified in predictive
filters 1220 and 1225, the resulting digital coded speech
is applied to digital-to-analog converter 1230 wherein
successive analog samples are formed. These samples
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are filtered in low pass filter 1235 to produce a replica of
the time frame speech signal s(n) applied to the encoder
of the circuit of FIGS. 2 and 3 of FIG. 4.

The invention may be utilized in speech synthesis
wherein speech patterns are encoded using stochastic
coding as shown in the circuits of FIGS. 2 and 3 or
FI1G. 4. The speech synthesizer comprises the circuit of
FIG. 12 in which index signals K* are successively
applied from well known data processing apparatus
together with predictive parameter signals in accor-
dance with the speech pattern to be produced. The
overlapping code arrangement minimizes the storage
requirements so a wide variety of speech sounds may be
produced and the stochastic codes are accessed with
index signals in a highly efficient manner. Similarly,
storage of speech messages according to the invention
for later reproduction only requires the storage of the
predictive parameters and the excitation index signals of
the successive frames so that speech compression is
enhanced without reducing the intelligibility of the
reproduced message.

While the invention has been described with respect
to particular embodiments thereof, it is to be understood
that various changes and modifications may be made by
those skilled in the art without departing from the spirit
or scope of the invention.

What is claimed is:

1. Apparatus for encoding speech comprising

means (330) for storing a set of signals each represen-

tative of a random code and a set of index signals
each identifying one of the random codes:

means (203 through 247 except 225 and 245) for parti-

tioning the speech into successive time frame inter-
val portions and for forming a time-domain signal
representative of the portion of speech in each
successive time frame interval:

means (225, 245, 250) for generating at least one trans-

form domain signal from each such time-domain
signal; :

means (305) responsive to each random code signal

for generating a transform domain code signal cor-
responding thereto, via the same type of transfor-
mation as in the aforesaid means for generating a

transform domain signal;

means (315 and 320, or 501 through 520 and 320) for
cross-correlating transform domain signals for each
time frame interval with each of said transform
domain code signals to select one of the transform

domain code signals as yielding minimum error or s

maximum similarity as a representative of the
speech portion in the time-frame interval: and

means (325) for outputting the index signal corre-
sponding to the random code signal corresponding
to the selected transform domain code signal.

2. Apparatus for encoding speech of the type claimed
in claim 1 in which the means for forming a time domain
signal comprises means for forming said signal as repre-
sentative of the predictive parameters of the portion of
speech in each successive time frame interval:

the means for generating at least one trnsform domain

signal comprises means for generating a transform
domain signal representative of the predictive pa-
rameters from said time domain signal representa-
tive of the predictive parameters; and

the means for generating at least one transform do-

main signal further comprises means (225, 245) for
generating a transform domain signal representa-
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tive of predictive characteristics for said portion of
speech;

the means for cross-correlating includes means re-
sponsive to the predictive characteristics represen-
tative signal for forming a signal (y) representative
of the relative scaling of the transform domain
code signal with respect to a transform domain
signal representative of the predictive parameters
for each time frame interval: and

the outputting means comprises means for outputting
the relative scaling signal and the signal representa-
tive of the predictive parameters.

3. Apparatus for encoding speech of the type claimed

in claim 2, in which

the means for forming a time domain signal as repre-
sentative of the portion of speech in each succes-
sive time frame interval comprises

means (209, 213, 215) for generating a set of signals
representative of the predictive parameters of the
speech in each successive time frame interval:

means (207, 211) for forming a signal representative
of the predictive residual for the speech in each
successive time frame interval; and

means (217, 227, 222, 235, 240, 247) responsive to the
predictive residual generating means and to the
predictive parameter signal generating means for
removing the contribution attributable to speech
from the previous time frame.

4. Apparatus for encoding speech of the type claimed

30 in claim 3, in which the means for partitioning and

35

forming a time domain signal, further includes

means (220, 230), responsive to the predictive resid-
‘ual generating means, for producing pitch predic-
tive parameters including contributions of previous
frames: and

the combining means of the outputting means is re-
sponsive to said means for producing pitch predic-
tive parameters. |

5. Apparatus for encoding speech of the type claimed

40 1n either of claims 2 or 3 in which the cross-correlating
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means CoOmprises

means (301) for cross-correlating all three of said
predictive-parameter-representative transform do-
main signal, said transform domain signal represen-
tative of the relative scaling for the portion of
speech, and said transform domain code signal;

means (305, 510, 515, 520) responsive to the output of
the means for cross-correlating specifically and to
one or more of the three signals for producing the
relative scaling signal (y) and for producing a
cross-correlation error signal (Ex)).

6. Apparatus for encoding speech comprising

means (330) for storing a set of signals each represen-
tative of a random code and set of index signals
each identifying one of the random codes:

means (203 through 247 except 225 and 245) for parti-
tioning the speech into successive time frame inter-
val portions and for forming a time-domain signal
representative of the portion of speech in each
successive time frame interval:

means (225, 245, 250) for generating at least one trans-
form domain signal from each such time-domain
signal;

means (305) responsive to each random code signal
for generating a transform domain code signal cor-
responding thereto, via the same type of transfor-
mation as in the aforesaid means for generating a
transform domain signal;
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means (315 and 320 or 501 through 5§20 and 320) for
responding in a comparative fashion to transform
domain signals for each time frame interval and, for
each such signal, to each of said transform domain
code signals to select one of the transform domain
code signals as yielding minimum error or maxi-
mum similarity as a representative of the speech
portion in the time frame interval; and

means (325) for outputting the index signal corre-
sponding to the random code signal corresponding
to the selected transform domain code signal.

7. A method for encoding speech comprising the

steps of

storing a set of signals each representative of a ran-
dom code and a set of index signals each identifying
one of the random codes;

partitioning the speech into successive time frame
interval portions;

forming a time-domain signal representative of the
portion of speech in each successive time frame
Interval;

generating at least one transform domain signal from
each such time-domain signal;

generating a transform domain code signal responsive
to each random code signal, via the same type of
transformation as in the aforesaid steps of generat-
ing a transform domain signal;

cross-correlating transform domain signals for each
time frame interval with each of said transform
domain code signals to select one of the transform
domain code signals as yielding minimum error or
maximum similarly as a representative of the
speech portion in the time-frame interval; and

outputting the index signal corresponding to the ran-
dom code signal corresponding to the selected
transform domain code signal.

8. A method for encoding speech of the type claimed

in claim 7 in which the step of forming a time domain

signal comprises the step of forming said signal as repre- 40

sentative of the predictive parameters of the portion of
speech in each successive time frame interval;
the step of generating at least one transform domain
signal comprises generating a transform domain
signal representative of the predictive parameter
from said time domain signal representative of the
predictive parameters; and
the step of generating at least one transform domain
signal further comprises step of generating a trans-
form domain signal representative of predictive
characteristics for said portion of speech;
the step of cross-correlating includes the step of form-
ing a signal () representative of the relative scal-
ing of the transform domain code signal with re-
spect to a transform domain signal representative
of the predictive parameters for each time frame
interval in response to the representative signal
representative of the energy predictive characteris-
tics; and
the outputting means comprises means for outputting
the relative scaling signal and the signal representa-
tive of the predictive parameters.
9. A method for encoding speech of the type claamed
in claim 8, in which
the step of forming a time domain signal as represen-
tative of the pattern of the portion of speech in
each successive time frame interval comprises
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generating a set of signals representative of the
predictive parameters of the speech in each suc-
cessive time frame interval;

forming a signal representative of the predictive
residual for the speech in each successive time
frame interval; and

removing the contribution attributable to speech
from the previous time frame in response to the
predictive residual generating means and to the
predictive parameter signal generating means.

10. Apparatus for encoding speech of the type
claimed in claim 9, in which the partitioning step and
the step of forming a time domain signal includes

producing pitch predictive parameters including con-

tributions of previous frames in response to the
predictive residual representative signal; and

the combining step also combines said pitch predic-

tive parameters.

11. A method for encoding speech of the type
claimed in either of claims 8 or 9 in which the cross-cor-
relating step comprises

specifically cross-correlating all three of said predic-

tive-parameter-representative transform domain
signal, said transform domain signal representative
of the relative scaling for the portion of speech, and
said transform domain code signal;

applying the output of the specifically cross-correlat-

ing step and one or more of the three signals

to produce the relative scaling signal ()} and

a cross-correlation error signal (Ex)).

12. A method for encoding speech comprising

storing a set of signals each representative of a ran-

dom code and a set of index signals each identifying
one of the random codes;

partitioning the speech into successive time frame

interval portions;

forming a time-domain signal representative of the

portion of speech in each successive time frame
interval;

generating at least one transform domain signal from

each such time-domain signal;

generating a transform domain code signal responsive

to each random code signal via the same type of
transformation as in the aforesaid step of generat-
ing a transform domain signal;

responding in a comparative fashion to transform

domain signals for each time frame interval and, for
each such signal, to each of said transform domain
code signals to select one of the transform domain
code signals as yielding minimum error or maxi-
mum similarity as a representative of the speech
portion in the time frame interval; and

outputting the index signal corresponding to the ran-

dom code signal corresponding to the selected
transform.

13. Apparatus for providing a speech message com-
prising |

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 transform-domain-coded
signals representative of the time interval portion
of the speech message, at least a portion of which
are index signals corresponding to a known set of
random codes

means for storing said known set of random codes in

one-for-one association with the corresponding
index signals
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means for generating said random codes for each of

the set of index signals,

and means for controlling speech wave generation
for said time interval in response to said generated
random codes. |

14. Apparatus of the type claimed in claim 13
in which the storing means comprises means for storing

the random codes sequentially so that a first portion

of each succeeding one is derived from the latter
portion of the preceding one.

15. A method for producing a speech message com-
prising

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 transform-domain-coded signals represen-
tative of the time interval portion of the speech
message, at least a portion of which are index sig-
nals corresponding to a known set of random
codes;

storing said known set of random codes in one-for-

one association with the corresponding index sig-
nals;
generating said codes sequentially for each of the set
of index signals; .

and controlling speech wave generation for said time
interval in response to said sequentially generated
random codes.
16. Apparatus for processing input speech signals occur-
ring over one or more successive time frame intervals com-
prising
means (e.g., 203, 205) for forming first signals represen-
tative of said speech signals for each of said time
Sframe intervals,

means (e.g., 305) for providing a set of transform do-
main representations of a corresponding set of codes
each of said codes being representative of possible
speech signals over a time frame interval, and for

providing a set of index signals, each identifying one of

said codes,

means (e.g., 315) for generating a set of similarity sig-
nals corresponding o the similarity of said first signals
to each of said set of transform domain representa-
tions,
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tations giving rise to similarity signals meeting a pre-
determined criterion.
17. Apparatus according to claim 16, wherein said
means for forming first signals comprises means (e.g., 215)
Jor forming a perceptually weighted representation of said
input speech signals.
18. Apparatus according to claim 16, wherein said
means for providing a set of transform domain representa-
tions comprises memory means (e.g., 305) for storing a set
of transform domain signals.
19. Apparatus according to claim 16, wherein said
means for forming first signals comprises means (e.g.. 207,
209, 211, 215, 217, 222, 227, 240 and 247) for reducing for
each time frame interval any contribution to said first
signal arising from speech signals occurring during another
time frame interval.
20. The method of processing input speech signals occur-
ring over one or more successive time frame intervals com-
prising
Jorming first signals representative of said speech signals
Jor each of said time frame intervals,

providing a set of transform domain representations of a
corresponding set of codes each of said codes being
representative of possible speech signals over a time
frame interval, and for providing a set of index sig-
nals, each identifyving one of said codes,

generating a set of similarity signals corresponding to the

similarity of said first signals to each of said set of
transform domain representations,

generating index signals corresponding to codes having

transform domain representations giving rise 1o simi-
larity signals meeting a predetermined criterion.

21. The method according to claim 20, wherein said step
of forming first signals comprises forming a perceptually
weighted representation of said input speech signals.

22. The method according to claim 20, wherein said step
of providing a set of transform domain representations
comprises accessing a set of stored transform domain sig-
nals.

23. The method according to claim 20, wherein said
forming first signals comprises reducing for each time
frame interval any contribution to said first signal arising
from speech signals occurring during another time frame

means (e.g., 320) for generating index signals corre- 45 interval.

sponding to codes having transform domain represen-
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