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[57] ABSTRACT 

In an adaptive, predictive coder for speech signals, the 
transmitted signal generally consists of an rms value, a 
pitch signal, a voice-unvoiced indication, and a 
number of parameter signals for adjusting the coeffi 
cients of a linear predictor. Transmission of these 
signals is improved in this invention by generating a 
low rate pulsive signal and by shaping its spectrum in 
accordance with the parameter signals. The pulsive 
signals thus act as a carrier for the parameters. The 
bandwidth required'for transmitting the resulting com 
posite signal, i.e., the modulated pulsive signal and the 
subsidiary signals, is substantially less than that of the 
original speech signal and somewhat less than that 
required for the transmission of predictively coded 
signals. a - _ _ -, a 

8 Claims, 3 Drawing Figures 
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ADAPTIVE PREDICTIVE SPEECH SIGNAL 
CODING SYSTEM 

This invention relates in general to the modi?cation 
of signals to facilitate their transmission, and particu 
larly to the reduction of their information rates and, 
hence, to the compression of their frequency bands. Its 
principal object is to compress the band of frequencies 
occupied by a speech message wave. A more general 
object is to apply new principles to the band compres 
sion or other modi?cation of a speech message wave. 

FIELD OF THE INVENTION 

The aim of ef?cient coding methods is to reduce the 
channel capacityv required 'to transmit a signal with 
speci?ed ?delity. To achieve this objective, it is often 
essential to reduce, so far as possible, ‘redundancies in 
the transmitted signal. One well-known procedure for 
reducing redundancy is predictive coding. In predictive 
coding, that part of an applied signal that can be pre 
dicted from its past is subtracted from the signal to 
leave only an error, or difference signal, for transmis 
sion. For many signals, the spectrum of the difference 
signal is much ?atter than the spectrum of the original 
signal. Thus, the difference signal is better suited to 
memoryless encoding than the original. 

DESCRIPTION OF THE PRIOR ART 

Predictive coding of speech signals avoids many of 
the difficulties encountered with conventional 
vocoders and vocoder-like devices. Because of the 
rapidly changing structure of a speech signal, however, 
conventional linear prediction arrangements, often 
satisfactory for video coding, fail adequately to track a 
speech signal. This difficulty is overcome in an adaptive 
predictive coding arrangement for speech signals 
described in a copending application of B. S. Atal, Ser. 
No. 753,408, ?led Aug. 19, 1968, now U.S. Pat. No. 
3,631,520, granted Dec. 28, 1971. According to the 
Atal arrangement, the predictable portion of the 
speech signal is identified and, as in a conventional pre 
dictive coding arrangement, the remainder is treated as 
a difference signal for transmission._Because of the 
nonstationary nature of speech signals, however, the 
Atal system‘ employs an adaptive predictor which is 
readjusted. periodically to match the time varying 
characteristics of the speech signal. Such an adaptive 
system has been shown to afford substantial transmis 
sion economies and to produce high quality synthesized 
speech. - 

Moreover, the parameter signals themselves have 
been found to represent adequately the spectral en 
velope shape of an input speech wave. Thus, in B. S. 
Atal U.S. Pat. No. 3,624,302, granted Nov. 30, 1971, a 
linear predictor vocoder system is described which is 
capable of producing high quality synthetic speech on 
the basis of predictor parameters and certain other 
speech signal values. A pitch detector is used, in ac 
cordance with the invention of that patent, as in a chan 
nel vocoder, to determine either the fundamental 
frequency of the voice wave or the absence of such a 
fundamental frequency. Speech signal parameters are 

- continuously developed at a transmitter station, using 
the constraint that the applied speech wave at any in 
stant is a weighted form of its past values. An Nth order 
linear predictor is adjusted to produce a minimum 
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2 
mean squared error signal. The predictor is basically a 
?lter that has a spectral response that is a good match 
to the inverse of the spectral envelope of the input 
speech wave. The N predictor coefficients, together 
with the pitch frequency and the rms value of the input 
speech constitute the analyzer output signal, which 
may be transmitted to a receiver station. The receiver 
station employs a recursive ?lter in a feedback loop fed 
either by pulses at the pitch rate or by noise. The ?lter 
imposes a spectral envelope shape on the pitch pulses 
or noise to produce a signal which is a close match to 
the spectral envelope of the input speech. Ampli?er 
gain in the system is adjusted to produce the correct 
rms value in the synthetic speech. 
Such a predictive coding system permits ef?cient 

digital encoding of speech signals. Yet, it is often 
desirable to utilize analog facilities for the transmission 
of encoded speech, a task not readily possible with a 
predictive coding arrangement. 

It is, therefore, an object of this invention, to achieve 
analog bandwidth compression and transmission 
economies in a linear prediction vocoder system. 

SUMMARY OF THE INVENTION 

In accordance with this invention, a linear prediction 
vocoder analyzer is used to determine the spectral en 
velope of a speech signal, and an auxiliary spectral en 
velope signal is thereupon generated which is a 
frequency compressed value of the original spectral en 
velope. In essence, an analog signal is developed for 
transmission which contains all of the information 
needed to control a linear prediction vocoder synthes 
izer, for example, of the type described by Atal in U.S. 
Pat. No. 3,624,302, but which requires appreciably less 
bandwidth for transmission than either the original 
speech wave or prediction vocoder signals. 

According to the invention, a coded signal for trans 
mission is developed by generating a train of low rate 
pulsive signals and shaping the spectral envelope of the 
train in accordance with parameter signals which 
represent the spectral envelope of the speech signals. 
By employing a sampling rate in this spectral shaping 
process which is substantially lower than the rate of 
sampling of the input wave, the spectrum imposed on 
the low rate pulses is frequency compressed by a factor 
equal to the ratio of these two rates, The amplitudes of 
the pulses are thus varied to produce spectrally shaped 
pulses with the same rms values as the input speech. 
Preferably, the sampled data signal is converted into 
analog form prior to transmission. It may be combined 
with the pitch and voicing characteristic signals, for ex 
ample, in a multiplexer, prior to transmission. 
At the receiver, the inverse process is employed. Pre 

diction parameters are recovered from the shaped pul 
sive signals and used, together with the pitch and voic 
ing characteristic signals to synthesize a close replica of 
the original speech signal. 

BRIEF DESCRIPTION OF THE DRAWING 

The invention will be fully apprehended from the fol 
lowing description of a preferred illustrative embodi 
ment thereof, taken in connection with the appended 
drawing in which: 

FIG. 1 is a block schematic diagram of an adaptive 
predictive speech signal coding arrangement which il 
lustrates the principles of the invention; 
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FIG. 2 illustrates a linear predictor suitable for use in 
the practice of the invention; and 

FIG. 3 is a block schematic drawing of a predictive 
speech signal decoder and synthesizer which may be 
used in the practice of the invention. 

DETAILED DESCRIPTION OF THE INVENTION 

A transmitter station for developing narrow band 
width signals for each of a number of voice channels is 
illustrated in the block diagram of FIG. 1. The station 
may include a number of individual speech signal codes 
101 through 10”, each supplied with speech frequency 
signals, e.g., from transducers 111 through 11M, and 
each delivering its coded output signal S to a transmis 
sion coder ‘12, of any desired construction. Coder 12 
may be a multiplex unit, or the like, for combining the 
several supplied signals prior to transmission. 
Each of coders 10 may be substantially identical in 

construction, with one 10,, being illustrated in detail. 
Speech signals from transducer 111 are passed through 
filter 13, which typicallyhas a cut-off frequency in the 
neighborhood of 4 kHz. The resultant signal is 
delivered to an analyzer which operates at a sampling 
rate of 8 kHz. Hence, the speech signal is sampled in 
unit 14 at a frequency of approximately 8 kHz under 
control of pulses from clock 15. Samples of the input 
signal are delivered to rms detector 16, predictor 
parameter computer 17, and voicing detector 18. In 
response, rms detector 16 develops a signal which 
characterizes the short-time energy of the signal, and 
voicing detector 18 develops two signals, namely, a 
signal P which denotes the pitch frequency or period of 
the input signal, and a voicing character signal V-UV 
which denotes whether the applied signal is voiced or 

, unvoiced. Prediction parameter computer 17 develops 
a set of parameter values A=a,, . . . , aN, for each pitch 
period which implicitly describe the spectral envelope 
of the input speech signal below 4 kHz. 
The construction, function, and mode of operation 

of the processing elements of the analyzer described 
hereinabove are disclosed in detail in the above-cited 
US Pat. No. 3,624,302 to Atal. As in the Atal system, 
the pitch frequency signal P and the voice-unvoiced 
signal V-UV are delivered to multiplexor 19 for even 
tual transmission. Unlike Atal, however, the rms signal‘ 
and the several parameter signals are delivered, in ac 
cordance with this invention, to' a linear prediction 
synthesizer for further processing prior to transmission. 

According,‘ pulse generator 20 is .employed to 
develop pulses at a frequency proportional .to the sam 
pling frequencies of the input signal. Suitable pulses are 
conveniently developed by dividing'pulses from clock 
15 by a factor C in divider network 21. For example, if 
samples of the input signal are developed at an 8 kHz 
rate, and pulse generator 20 is adjusted to issue pulses 

‘ at a 50 Hz rate, divider 21 is equipped with a divisor 
factor C=8 kHz/50 Hz=l60. The resulting low rate pul 
ses from generator 20 are supplied to ampli?er 22, 
whose gain is controlled by signals a from computer 23, 
to produce a signal at the output of combiner 24 whose 
rms value varies in accordance with the rms value of 
the input speech. The variable level pulses are added in 
combiner 24 to predicted values of the spectrally 
shaped pulses developed in predictor 25. The resulting 
signal, i.e., the sum of the input signal to combiner 24 
and the predicted value, of it formed in predictor 25, 
constitutes the compressed bandwidth output signal. 
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4 
Since the sampling rate used for spectral shaping is a 

factor M (analyzer sampling rate/synthesizer sampling 
rate) less than the sampling rate of applied signals, the 
spectrum imposed on the low rate pulses from genera 
tor 20 in the synthesizer is frequency compressed by a 
factor M over the input‘speech spectral envelope. For 
analog transmission, this signal is passed through a 
digital to analog converter, for example, low pass ?lter 
26. Filter 26 typically exhibits a low frequency cut-off 
of 4/M kHz. The resulting analog signal, f,,, is delivered 
to multiplex unit 19 where it is combined with the pitch 
and voicing signals to produce a compressed bandwidth 
signal S1 for transmission. 
Computer 23 may comprise an arithmetic processor 

using conventional analog circuit techniques or may 
comprise a special purpose computer or subroutine for 
evaluating certain arithmetic expressions. Its function 
is to control the amplitude of pulses produced at the 
lower rate which are used to synthesize an analog 
signal, narrower in bandwidth than the input signal, but 
containing all of the information needed for proper 
synthesis of the input signal. In essence, spectral shap 
ing of pulses takes place in a linear predictor system 
(predictor 25 and combiner 24), which behaves as a 
linear system with a controlled impulse response. In 
this system, the input is known and the quiescent 
response is known. It is necessary, therefore, only to _ 
adjust the input to produce the desired output, a signal 
whose energy is equivalent to the mean-squared value 
of the input signal. The initial conditions of the linear 
system are taken into account by employing the princi 
ple of superposition, i.e., the output of the system is 
equal to the sum of the components due to the input 
signal and to the initial conditions of the system. Thus, 
if the output E0 of the system, due to the passage of an 
input signal pulse through it, is Z(t), and the output of 
the system, due to the initial conditions is Y(t), then 

E0=<aZ(t)+Y(t)2>, (l) 
where or represents the amplitude of pulsive signals for 
each set of parameter values A, established for the 
analyzer. It is, thus, a simple arithmetic procedure to 
solve Equation (1) for a. ‘ 
More rigorously, the processing of computer 23 

takes place for each frame of K samples of the output 
signal which spans the interval between changes in the 
values of parameters A. To compute a, it is necessary 
that 

where L represents the sample number at the beginning 
of a frame, e.g., a 20 ms interval, of K samples, and x, 
represents the compressed bandwidth signal. In the il 
lustrated example, K = C/M = l60/M. Signal X, is then 
represented by 

for i=L. 
i=L+l, L+2, . . ., L+K. 

where e,= a 

e|= 0 for 
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If Y, represents the response of the linear predictor to 
the last N output samples in the previous frame of K 
samples, at a time when there is a zero input to the pre 
dictor, the i‘" sample of the compressed signal is 

. Xt=Yt+aZh (4) 
where Z, represents the response of the linear predictor 
to an impulse of unit magnitude and with an initial con 
dition of zero. Therefore, 

(5) 

where: 

Yi-J = Xt-i I 

Under these conditions, the rms value of the output 
signal must be 

for i-j < L. 

= . . 2 mm ( 1+0! 1) (6) 

Since Y,, Z, and En", are known, the quadratic equation 
yields two values of a, of which the largest value is 
selected for use. > 

The computed value of a a for each set of parameter 
values A is thus supplied to control the gain of ampli?er 
22 and, hence, to control the magnitude of the pulse 
from generator 20 during the entire frame. 
A suitable linear predictor, e.g., for use as element 

25 in the system of FIG. 1, is illustrated in FIG. 2. It em 
ploys a transversal ?lter which includes a tapped delay 
line, a plurality of associated ampli?ers and a summing 
network. Signal from combiner 24 are delivered to ele 
ments 27,, 272, . . ., 27,, of the delay line and the inter 
mediate delayed signals are passed through ampli?ers 
281, 28,, . . ., 28", respectively. Ampli?ers 28 are ad 
justed by parameter signals A from computer 17 and 
the resulting adjusted signals are summed in unit 29. 
The summed output signal represents a predicted value 
of the incoming signal based on a plurality of its past 
values. This signal is delivered to one input of combiner 
24. A frame of past samples values X,, . . ., x", are 
available at the intermediate points of delay line 27. 
These sample values are delivered to computer 23 

FIG. 3, illustrates a receiver station, in accordance 
‘with the invention, which includes a number of 
separate speech signal decoders 30. Each decoder 
serves to analyze the supplied coded signal received 
from the transmitter and to develop therefrom the 
parameter values needed for synthesis. The composite 
signal input S is initially separated in transmission 
decoder 31 into the several channel signals Sl through 
SN. Each channel signal is then applied to the cor 
responding decoder wherein a replica of the input 
speech is developed and delivered, for example, to as 
associated loudspeaker 32. 
One of the decoders, namely 30,, is shown in detail. 

Channel signal S1 is delivered to demultiplexer 33 to 
separate the several parameter values from one 
another. Pitch signal P is delivered to a synthesizer, 
operating at an 8 kHz rate, and is used to control the 
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6 
generation of periodic pulses in generator 34. The voic 
ing characteristic signal V-UV is employed in the 
synthesizer to actuate selector 35. Pitch period pulses 
from generator 34 are ampli?ed in controlled ampli?er 
36 in accordance with the value of control signal a’, 
and supplied to one input of selector 35. This variable. 
amplitude pulse signal constitutes a voiced excitation 
signal for use in the synthesis operation. Similarly, un_ 
voiced excitation is produced in noise generator 37. 

v Generator 37 typically produces a sequence of random 
pulses that are controlled in amplitude in ampli?er 38 
under control of a’. Depending upon the voicing 
character of the speech signal, selector 35 delivers vo 
iced energy from ampli?er 36 or unvoiced energy from 
ampli?er 38 to combining network 39. 
The compressed bandwidth signal fL developed at the 

transmitter station is supplied from demultiplexer 33 to 
an analyzer similar to the analyzer at the transmitter 
station. However, the receiver analyzer operates at a 
sampling rate of 8/M kHz. In the analyzer, signals from 
demultiplexor 33 are delivered to sampler 40 and the 
resulting samples f, are delivered to prediction parame 
ter computer 41, and to rms detector 42. Computer 41, 
of essentially the same construction as computer 17 at 
the transmitter station, reestablishes parameter values 
A = a‘, . . ., a". These values are delivered to a’ com 

puter 43 and to linear predictor 44. Detector 42, essen 
tially identical to detector 16 at the transmitter station, 
delivers the rms value of the compressed bandwidth 
signal to computer 43. Computer 43 is also supplied 
with an array X = x,, . . ., x" of samples of the past 

frame of signals from predictor 44. 7 
As with computer 23 at the transmitter, computer 43 

develops a control signal a’ for use in varying the am 
plitudes of both voiced and unvoiced synthesizer ex 
citation signals, in ampli?er 36 and 38, respectively. 
Computer 43 evaluates the same equation as a com. 
puter 23 at the transmitter except that the value of K in 
Equation (2) is not constant at‘ l60/M. Instead, it is 
equal to the pitch period P divided by 125 MS or ‘1% 
kHz. Otherwise, computation with the supplied values 
is identical to that carried out at the transmitter. 

Linear predictor 44 is supplied with output signals 
from combiner 39 and develops a signal proportional to 
the predictable portion of the output signal. Ampli?er 
settings in predictor 44 are changed in accordance with 
parameter values A from computer 41 during both vo 
iced and unvoiced speech intervals. Gate 48 is thus 
used to determine the precise instants in time at which 
the ampli?er settings in predictor 44 are changed in ac 
cordance with parameter values A from computer 41. 
it allows the amplifier settings of predictor 44 to be up 
dated to the current values of parameter values A of 
computer 41 whenever a pulse is present at the output 
of selector 46. 

Selector 46, under control of the voiced-unvoiced 
signal, selects the output of 50 Hz clock 47 during un 
voiced intervals, or selects the output of pulse genera 
tor 34 during voiced intervals. Since predictor parame 
ter computer 41 determines a new set of parameter 
values at a 50 Hz rate (corresponding to the rate at 
which prediction parameters are changed in the 
synthesizer at the receiver), the ampli?er settings of 
predictor 44 are effectively changed at the occurrence 
of only some pitch pulses. For example, if the pitch 
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frequency is 100 Hz, then the ampli?er settings of pre 
dictor 44 are changed for every other pitch pulse. 
Preferably, these ampli?er settings are changed for 
every pitch pulse. This may be done conveniently by in 
terpolating between consecutive sets of parameter 
values A. The interpolation arrangement described by 
Atal in his aforementioned patent may be used for this 
purpose. 
The predictor output signal from unit 44 is returned 

to combiner 39 where it is added to the voiced or unvo 
iced excitation signal from selector 35 in conventional 
fashion. The output signal from the combiner is also 
delivered to a digital-to-analog converter; e.g., to low 
pass ?lter 45, typically with a cut-off frequency of 
about 4 kHz. The resulting analog signal is delivered to 
loudspeaker 32,. _ 
Speech signal decoder 30, thus serves essentially to 

generate parameter values for synthesis by means of an 
analysis process and, thereupon, to synthesize a signal 
on the basis of local excitation, a pitch signal, and sup 
plied compressed bandwidth information. 
What is claimed is: 
l. A band compression system for the transmission of 

speech signals, which comprises: 
a linear prediction vocoder analyzer supplied with a 
speech signal for developing a signal replica of the 
spectral envelope of said speech signal, 

synthesizer means responsive to said spectral en» 
velope signal for developing a frequency com 
pressed spectral envelope signal, _ 

means for transmitting said compressed envelope 
‘signal to a receiver, and 

a linear prediction vocoder synthesizer at said 
receiver for developing a replica of said speech 
signal. 

2. A band compression system for the transmission of 
speech signals, which comprises: 

a linear prediction vocoder analyzer supplied with a 
speech signal for developing a signal representa 
tion of the spectral envelope of said speech signal, 

means for generating a train of low rate pulsive 
signals, . 

means for shaping the spectral envelope of said pul 
sive signals inaccordarice with said spectral en 
velope signal, 

means for transmitting said spectral envelope signal 
to a receiver, 

means at said receiver for recovering said signal 
representation of the spectral envelope of said 
speech signal, and ‘ 

means responsive to said recovered signal represen 
tation for synthesizing a replica of said speech 
signals. 

3. A speech signal coder for developing reduced 
bandwidth signals for transmission, which comprises: 
means for sampling an applied speech signal at a rate 

to preserve the characteristics of said speech 
signal, : 

means for analyzing said speech samples to develop 
parameter signals which represent the coefficients 
of a linear prediction of the present value of said 
speech signal on the basis of past values of said 
speech signal, the pitch, and the voicing character 
thereof, 

means for generating a train of pulses at a rate lower 
than the rate of sampling of said speech signal, 
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8 
a linear prediction synthesizer for shaping the spec 
trum of said pulses in accordance with said predic 
tion coefficient values to produce a spectral en 
velope signal, and 

means for combining said spectral envelope signal 
and said pitch and voicing character parameter 
signals for transmission to a synthesizer. 

4.. A speech signal coder as de?ned in claim 3, 
wherein, ' 

said train of pulses is generated at a rate commensu 
rate with the rate at which said parameter values of 
said linear predictor are revalued. 

5. A speech signal coder as de?ned in claim 3, 
wherein, . 

the spectrum of said pulses is shaped in accordance 
with said prediction coef?cient values to produce 
spectrally shaped pulses with the same rms value 
as said speech signal. 

6. A speech signal coder as de?ned in claim 3, 
wherein said synthesizer comprises: 
means for recovering said coef?cients from said 

transmitted spectral envelope signal and for 
recovering said parameter signals from said trans 
mitted combined signal, 

means for adjusting a linear predictor in accordance 
with said recovered coefficients, 

means ‘for predicting the present value of said 
received signal on the basis of said selected past 
values of it, and 

means for developing a replica of said applied speech 
signal from said predicted values and from signals 
generated under control of said pitch and voicing 
character parameter signals. 

7. In combination with the speech coder as defined in 
claim 3, 

a speech decoder, which comprises, 
means for recovering said spectral envelope signal, 

said pitch, and said voicing character parameter 
signals, ' 

means for analyzing said spectral envelope signal at 
said lower rate to develop parameter signals which 
represent linear prediction coef?cients and a 
signal representative of the rms value of said spec 
tral envelope signal, 

means responsive to said pitch signal for developing 
a train of pitch rate pulses, 

means for generating a train of noise rate pulses, 
means responsive to said parameter signals for pre 

dicting the present value of a reconstituted speech 
signal on the basis of past values of said recon 
stituted speech signal, 

means responsive to said parameter signals, said pre 
dicted value signals, said rrns signal, and said 
reconstituted pitch signal for respectively shaping 
said train of pitch pulses and said train of noise 
pulses, and 

means for selectively combining said shaped pulses 
and said reconstituted speech signal to produce a 
replica of said applied speech signal. 

8. An adaptive predictive speech signal coding 
system, which comprises: 

at a transmitter station; 
means for sampling an applied speech frequency 

signal to develop samples at a first rate, 
means for analyzing said samples to develop predic 

tion parameter signals which characterize said 
sampled signal, 
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synthesizer means operative at a second sampling means operative at said second sampling rate for 
rate responsive to said prediction parameter analyzing received analog replica signals to 
signals for developing an'analog signaling replica develop Predictiv? Parameter Signals which 
of said applied speech signal, characterize said received signal, and 

said second sampling rate being lower than said ?rst 5 Synthesizer means Operative at Said ?rst Sampling 
Sampling rate, rate responsive to said prediction parameter 

signals for developing an analog signal replica of 
said applied speech signal. 

***** 

means for transmitting said analog signal replica to a 
receiver station; and 

at said receiver station; l0 
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