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[57] ABSTRACT 

An electrical delay line whichhas variable delay con 
trolled by a signal input thereto is connected in a 
sound signal channel for signals such as human 
speech, to compress or expand the sound signal wave 
form depending on whether the time delay in the line 
is increased or decreased. By periodically sweeping 
the delay line from minimum to maximum time delay 
or vice-versa, repeated segments of a continuous 
sound signal waveform are processed so that an output 
audio signal can be obtained having the original fre 
quency components of the signal and occupying a 
time duration which is equal to or smaller or larger 
than the original sound sequence: with the successive 
segments of the signal processed by the variable delay 
line assembled with regard both to the signi?cant pa 
rameters of human speech or other coding and the 
electrical conditions imposed by the system to pro 
duce a composite audio signal which is an intelligible 
replica of the original and substantially free of annoy 
ing aberrations introduced by the delay line processor. 
Variable delay using analog or digital signal storage is 
also provided. 

65 Claims, 64 Drawing Figures 
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VARIABLE DELAY LINE SIGNAL PROCESSOR 
FOR SOUND REPRODUCTION 

BACKGROUND OF THE INVENTION 

The ?eld of this invention is the processing of human 
speech signals or similar signals for ultimate compre~ 
hension by the human listener at substantially the natu 
ral or normal frequency component distribution but at 
time interval durations which are usually different from 
the original time duration of the speech utterance. 
Sound compression and expansion systems which uti 

lize relative motion between a magnetic tape record 
medium and the air gap of the pick~up head which 
senses the recorded signal on the magnetic medium are . 
well known as exempli?ed by the patent to Schiiller 
2,352,023. Devices of this typersuffer from the usual 
operational, cost and weight limitations involved in 
equipment which utilizes substantial mechanical mo 
tion components. A delay line version of time compres 
sion and expansion for real time signals is also well 
known as shown, for example, in the patent to French 
et al. 1,671,151, where a voice signal is propagated 
along a delay line and a movable pick~up repeatedly 
scans the delay line to sense the signal propagating 
therethrough with the relative velocity between the 
pick-up head and the propagation velocity of the wave 
in the medium giving bandwidth compression or expan 
sion for the purpose of transmitting the signal over a 
narrow band telephone line. Later ‘workers in the ?eld 
eliminated the mechanical motion portions of systems 
such as French et al. by substituting electronic switch 
ing sequentially along taps on the electrical delay line 
thereby providing frequency compression or expansion 
of thesignal for transmission over a narrow band line. 
The application of the sequentially scanned tapped 
delay line for modifying the time duration of recorded 
speech signals without altering the frequency compo 
nents thereof is disclosed by Greenberg et al. U.S. Pat. 
No. 3,480,737. By relating the speed of scan of the 
delay line to the velocity of propagation in the delay 
medium and the relative speed of the reproduction of 
a recorded message compared to the speech utterance 
from which it originated Greenberg et al. achieve time 
expansion or compression of a recorded speech signal 
without altering the frequency components thereof. 
Another form of frequency-time transformation is 

known in the art using a signal controlled variable time 
delay line for error correction. Systems of this type de 
tect an unwanted frequency effect due to time irregu 
larities in the pulse'train of a repetitive signal or such 
variations in an audio system where the speed of the re 
cord medium past the pick-up head is subject to peri 
odic variations which result in the production of the au 
dible irregularity known asi“wow.” In reproducing the 
original signal these systems eliminate speed errors by 
servo-control of the time delay of a delay line which is 
interposed in the signal channel. Audio systems which 
employ a reference or timing signal track with variable 
delay line compensation for playback speed are shown 
for example in FIG. 9 of Coleman, Jr. U.S. Pat. No. 
3,202,769 who shows an open loop servo. Woodruff 
U.S. Pat. No. 3,347,997 shows a ‘closed loop servo 
which adjusts playback speed to compensate for the 
relatively low frequency “wow” component whereas 
imperfections of a high frequency nature (i.e., “flut 
ter") are compensated by a variable delay line. Such 
compensation systems depend for their operation on 
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2 
the repetitive character of the error signal and thus by‘ 
providing a delay line of maximum delay time adequate 
to compensate the maximum expected error do not en 
counter the problem which would be presented for a 
system that required indefinite increase in the delay 
quantity to continuously modify the time-frequency 
character of a signal. ' 

The systems described in the {patents to Schuller,v 
French et al. and Greenberg et al., when used to reduce 
the frequency of a speech signal, while compressing the 
time in which a given segment of speech is reproduced, 
inevitably involve discarding a portion of the original 
speech wave. The ratio of the speech signal discarded 
to that which is used is directly related to the compres 
sion ratio and the discard loss is inherently and funda 
mentally related to this process of reducing the fre 
quency and compressing the time for the processing of 
a given passage of speech. Since the portion of the 
speech which is reproduced alternates with portions 
which are discarded the problem of merging to repro 
duce sections in continuous time slots presents some 
problem and various solutions have been offered. 
Thus Schuller suggests a skewed air gap in his rotat 

ing magnetic pick-up head or skewed tape approach to 
the point of contact with the rotating air gap so that the 
arrival and departure of the magnetic tape record rela 
tive to the air gap will occur gradually as the skew pro 
vides a transition from zero to full air gap contact with 
the recording medium. 
The patent to French at al. suggests a number of al 

ternatives including the use of' two spaced transducers 
rotating in unison with respect to the delay medium 
such that the message reproduced in compressed time 
in one transducer has superposed thereon from the 
other transducer the message which would ordinarily 
have been'discarded ‘by the ?rst transducer. 
These efforts to compensate for the discontinuity 

caused by periodically discarding portions of the con 
tinuous speech wave have, in general, been possible 
only because the output signal is derived from a sam 
pling along the propagating speech .signal path since 
with such sampling the signal stored in the line can be 
readily accessed at ‘any point along the line. For the 
above-mentioned variable delay line correction sys 
tems, discard has not been considered or compensated. 

‘BRIEF SUMMARY OF THE INVENTION 

The 1 present invention provides compression 
expansion systems for speech or other coded signals in 
which the active frequency-time conversion element is 
a signal responsive delay line which is directly inter 
posed in the path between the signal source and the ul 
timate reproducer or utilization device which receives 
the converted speech wave. Such a system does not 
avoid the inherent problem in time compression occa~ 
sioned ‘by the discontinuity resulting from discarding 
alternate portions of the speech wave. The discard por 
tion of the speech wave may be stored or cancelled in 
the delay line ordiverted from entering the input termi 
nal of the delay line which is directly in the signal chan 
nel. In any case this signal and transients produced by 
line switching must be discarded as the variable delay 
line is repetitively controlled by the delay signal be 
tween its minimum and maximum delay values. Line 
switching and discard occur coincidentally with the re 
quirement for making contiguous two originally spaced 
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portions of the speech wave and‘ hence both of these 
functions are accomplished by a number of alternative 
embodiments herein disclosed which function in a 
manner ‘consistent with requirements imposed by the 
parameters of the speech signal itself. 
Accordingly, it is the principal object of the present 

invention to provide a speech compression-expansion 
system which utilizes a signal controlled variable delay 
line located directly in the signal channel between the 
signal source and sound reproducer which delay line is 
repeatedly sequenced between- maximum and mini 
mum delay values to modify the frequency-time char 
acteristic of the sound reproduced from the original 
signal. 

It is a feature of the invention to control the input and 
output bandwidth of the system for the speech frequen 
cies which are required to be reproduced for intelligi 
bility in relation to the compression ratio thereby to ex 
clude those frequencies which would produce distor 
tion and intermodulation due to insufficient sampling 
rate or excessive phase shift per delay stage for the high 
frequencies and inadequate output chunk length to at 
tain frequency conversion for the lowest frequencies. 
A further feature of the invention provides maximum 

discard intervals as determined by the maximum delay 
line length which in relation to the compression ratio 
limits the actual original speech message discard to a 
value which minimizes the loss of signi?cant cues or 
transitions in the speech code thereby minimizing the 
loss of information content transferred to the listener. 

, A still further feature of the present invention is to 

provide, in a system utilizing variable delay line speech 
compression or expansion, for signal processing at the 
point of juncture of two reproduced speech portions to 
suppress distracting noise components and also to 
avoid the introduction of false cues which could modify 
the information conveyed in the subsequent speech 
segment. To this end, if required tov suppress such 
noise, the transition between successive reproduced 
speech samples can be modi?ed by simple transfer 
functionvselection or control, or- the transition can be 
eased by the introduction ‘of synthetic or speech 
derived signal portions to approximate a smooth transi 
‘tion within a time interval which does not lose actual 
cues and’ under such conditions that do not introduce 
false cues. 
These and other features and advantages of the in 

vention will be apparent from‘ the following detailed de 
scription taken in conjunction with the accompanying 
drawings. 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIGS. 1(a) to 1(h) show diagrams representing the 
reproduction of a message recorded on magnetic tape 
and the operation of the system of the present inven 
tion at different compression ratios. 
FIGS. 2(a) and 2(b) are diagrams for compression 

and expansion, respectively, showing input-output sig 
nal time relations. ' 

FIG. 3(a) shows a set of curves for a specific maxi 
mum time delay relating various parameters involved in 
the processing of speech at various compression ratios 
greater than one and FIG. 3(b) indicates similar rela 
tions for ratios‘less than one (i.e., expansion). 
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4 
FIGS. 4(a) to 4(f) show waveforms useful in describ 

ing forms of processing of a transition between adja 
cent reproduced speech samples. 
FIGS. 5(a) to 5(d) show a set of curves representing 

active processing of the transition between adjacent 
samples. - . 

FIGS. 6(a) to 6(e) show waveforms useful in describ 
ing the use of two delay lines to effect transition be 
tween adjacent speech samples. 
FIG. 7 shows a block diagram of a speech compres 

sor-expander system in accordance with the invention. 
MFIGSTSKa) £6823) show waveforms useful in describ 

ing the operation of the system of FIG. 7. 
FIG. 9 shows a block diagram of a dual delay line sys 

tem in accordance with the invention. 
FIGS. 10(a) to 10(d) show waveforms useful in de 

scribing the operation of the system of FIG. 9 for com 
pression. 
FIGS. l1(a) to 11(d) show waveforms useful in de 

scribing the operation of the system of FIG. 9 for ex 
pansion. - 

FIG. 12 is a partial block diagram of a modi?cation. 
I IYGASTIKGTEEIISYE) show waveforms ‘useful in'de 
scribing the operation of circuit of FIG. 12 for com 
pression. 
FIGS. 14(a) to l4(c) show waveforms useful in de 

scribing the operation of the modification of FIG. 12 
for expansion. 
FIG. 15 is a partial diagram of a dual delay line binau 

ral system. . - 

FIGS. 16(a) to 16(f) show waveforms useful in de 
scribing the operation of the system of FIG. 15. 
FIG. 17 is a partial block diagram of a speech proces 

sor in accordance with the invention using an analog 
shift register at the variable delay element. 
FIG. 18 is a block diagram showing gap ?lling with 

signal continuity in a system similar to FIG. 17. 
FIG. 19 is a partial showing of an embodiment of the 

invention with variable delay provided by an r-bit par 
allel digital shift register. 
FIG. 20 shows an embodiment of the invention with 

variable delay provided by a serial digital shift register. 

FIG. 21 shows an embodiment using an analog stor 
age memory matrix for variable delay. 

' FIG. 22 shows an embodiment using an r~bit digital 
random access memory. 

FIG. 23‘shows a logic diagram of a directional zero 
signal level gating control in a dual line system. 7 
FIG. 24 shows waveforms useful in describing the 

operation of the circuit of FIG. 23. 
FIG. 25 shows graphically the clock frequency and 

maximum signal frequency for the system of FIG. 17. 

DESCRIPTION OF THE PREFERRED 
EMBODIMENTS 

The description of the preferred embodiments will be 
preceded by a discussion of the parameters of the 
speech signal particularly as they relate to speech com 
pression for reproducing a given speech message in a 
shorter period of time. Because of the fundamental and 
unavoidable limitations involved in speech compres 
sion, the following discussion will proceed with primary 
attention directed to the method and apparatus used in 
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compression mode. Compression mode operation in 
the time domain results in the discard of a fraction of 
the original information directly proportional to the 
compression factor which is also the factor by which 
the time to present a given speech sequence is de 
creased. The method and apparatus are usable however 
in expansion mode and the considerations involved for 
use‘ of reproduced signals‘ which occupy a greater 
length of time than the original speech utterance will be 
described separately hereinafterqThe system is also ca 
pable of frequency transformation without a corre 
sponding time change to achieve a desired frequency 
signal, such as may be involved in generating speech in 
amedium having a propagation velocity different than 
air. 

Referring tdF'IGTi, a ‘partiedar‘gyaaa‘uéragqaaay 
15 

line which provides maximum time delay of 6ms for the ‘ 
?nal portion of the sample is shown. Assuming that the 
speech signal to be processed is limited to frequency 
components between 333 and 5,000 Hz, certain param 
eters of the playback system for compression can be 
de?ned. A magnetic tape 21 has the speech signal re 
corded thereon of which the lowest frequency compo 
nent at 333 l-Iz'is depicted by sine wave 22 with the 
tape being drawn past a pick-up transducer as it is 
wound on a take-up reel 24 at speed S. The electrical 
signal produced by the transducer 23 passes through a 
compression processor 25 and is reproduced as an au 
dible signal from speaker 26. . 

The system ‘23426 shown on line (a) of FIG. 1 just de 
scribed reproduces the recorded signal on the tape 21 
without frequency or time change if 'the speed of take 
up reel 24 draws the tape past the transducer 23 at the 
speed of recording S and for this condition processor 
25 would introduce a ?xed constant delay time of any 
value. Thus in line (b) of FIG. 1 where c=1, the repro 
duction of the 333 Hz sinusoidal signal without change 
other than ?xed phase delay (which has been ignored) 
is shown. 

For speech'conipression the tape speed is increased 
by a factor c and the processor 25 is operated to vary 
the delay linearly from its minimum to maximum value. 
As shown in curves (c), (d) and‘(e) of FIG. 1, a com 
pression'ratio of c = 2 restores, for a 6ms final‘ signal 
delay requiring 8ms delay line, a l2ms portion of the 
original recorded wave 22 and in so doing retains half 
and_discards half the amount of signal originally occu 
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6 
maintained at 6ms corresponding to 8ms in the delay 
line at the end of the sample, a 6ms portion of the origi 
nal information representing. l2rns at the recorded 
speed is discarded and on line (c) is labelled “discard." ‘ 
This discard includes cycles 5, 6, ‘7 and 8 of the original 
wave 22 and represents the gap in the information con 
tent between successive chunks which are reproduced 
as audible signals. This audible output is represented on , 
line (d) where the chunk is depicted as a piece of tape 
31 played at speed 2S and containing cycles 14 which 
afterprocessing is effectively stretched into a piece of 
tape 32 occupying the original l2ms of recorded time 
and containing the cycles 1-4 at their original recorded 
frequency. In line ((1) it will be noted that the next 
cycle reproduced is cycle number 9 of the original 
wave after cycles 5-8 inclusive have been discarded. 
The representation in line (d) of‘ a smooth transition 
between the end of cycle 4 and the start of cycle 9 
should not be taken as representative of real signal con 
ditions as would be obvious from a consideration of an 
actual signal as opposed to the idealized signals pres~ 
ented in FIG. 1. 

Lines (f), (g) and (h) of FIG. 1 illustrate the situation 
which prevails when the compression ratio is equal to 
?ve with the tape speed drawn past transducer 23 at 
five times the recorded speed- S. With a ?nal signal 
delay of 6ms maximum this compression ratio results in 
a chunk length of 1.5 containing 2 1a cycles of the 333 
Hz wave 25 of line (a) and again a discard interval of 
6 ms equal to the final signal delay and corresponding 
to a delay line length of 10rns at the end of the sample. 
The information gap, however, has increased to the 
point where the last half of cycle number 3 and ?rst 
half of cycle number 13 and all the intervening infor 
mation in the original recorded wave have been lost in 
‘the discard and this gap in the message represents 30ms 
of the originally recorded speech utterance. 
The relations among the parameters of a speech com 

pression system and those pertaining to the information 
content of the speech coding interr'elate in a manner to 

_ specify optimum conditions and place outside limits on 
the mode of operation of the systems of the invention 
for a given intelligibility factor. These parameters ‘can 
be examined with respect to a particular system for var- - 
ious compression ratios and for this purpose the system 
parameters for a system using a delay line with a maxi 
mum ?nal signal delay ATM, of 6ms are set forth in the 
following table. - i 

i TABLE 1 

Typical Parameters for Speech Compressor 
Chunk/Discard Ratio 

Comp Line (Playback (Recording Sample ‘ Rep Cycles 
Ratio Length “c“Time) Time Period Rate Sample 

4- Tm Tu/ATM, TnIt/CATnnz T 1/1‘ . Umin= 
c d (ms) (ms) (ms) llP. Hz) 

- - 333 

1.25 2/9 6 % 24/6 30/7.5 30 33.3 10 
1.5 2/5 7 1/5 12/6 18/9 18 55.6 v 6 
2 35 8 6/6 12/12 12 83.3 4 
3 l 9 3/6 9/18 9 111 ' 3 
4 6/5 9 3/5 2/6 8/24 s ' 125 2 "a 
5 4/3 10 1.5/6 7.5/30 7 ‘A 113 2 % 

pying 24ms of recorded time. This retained portion is.“ 
designated a “chunk” and is shown in speeded form 
prior to processing on line (c) of FIG. 1 to include cy 
cles number 1, 2, 3 and 4. By virtue of the compression 
process and since the maximum finalsignal delay is 

65 

The basis for the frequency-time transformation em 
ployed in the present invention can be derived as fol 
lows. Consider a sine wave V=E sin wt recorded with 
a tape recorder. If the tape is played back at 0 times the 
original recording rate, the result is 
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V=Esincmt 

(l) 

i where c is called the compression ratio. If c>l the time 
is compressed for any given speech passage and if c<l 
time is expanded by the factor e where e = 1/0. 

If the signal is then applied to a delay line in which 
the delay of the line is caused to increase linearly with 
time at the rate d, so as to cause the average delay of 
the signal to be c’ which represents the delay any point 
on the waveform will experience in passing through the 
line, then the signal (1) becomes 

V=E sin (c~c') wt 

(2) 

The original signal is restored if the delay is 
c’t : c't?o restore): (C _ 1)! (3) 

such that 
c’ = d/2 (c + l), the average delay rate of the line (4) 

which is derived as one half the sum of the ?nal and ini 
tial delay values of the delay line, which when multi 
plied by time, t, thus yields the total delay, c’t; 
FIG. 2(a) shows a plot for a given signal sample of 

signal output time, rm, vs. the corresponding input 
time, tin. Thus a line with a slope of 4 represents signal 
of four times the original frequency or speed of presen 
tation, and one-fourth the periodicity while a line with 
a slope of 1 represents the resultant restored, or un 
changed signal. In order to convert such a signal (as 
represented by the line I of slope c = 4) to one corre 
sponding to line II with a slope of 1, and with a corre 
sponding frequency decrease, it is necessary to increas 
ingly delay the input signal, ct“! by an amount c’t [or 
(c—l)t] as shown at line III. Thus a signal chunk, Th: 
24 has an ordinate which intersects III at the ordinate 
value c'Tm and this value when added to the time ab 
scissa value at the point cTi,l on I, delays the signal to 
To", on line II. The delay dt introduced by the delay line 
is shown by line IV. Such a delay line has the effect of 
delaying the instantaneous signal, ti, through a linearly 
increasing amount d-t for the interval from t", to to," as 
shown by line IV. Thus as in the case of the end signal 
at time t=T one-half the sum of the initial delay, ([1],, 
and the final delay, dT,“ yields an average delay value 
on line IV of c'Th, the amount required for restoration. 

In more general terms the restoration may be achieved 
by cumulatively delaying an input singal, t,,,, by an 
amount 

For a linearly varied delay line with a rate of change in 
delay, d,f(t) = dr and 

(5) 
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8 

dt 

(6) 

‘from which we obtain (4) 

In FIG. 2(b) the corresponding relationsfor signal 
expansion are shown. Line le with a slope of one-fourth 
represents a signal of one-fourth the original frequency 
or speed of presentation. In order to convert such a sig 
nal to one corresponding to line II with a slope of 1, and 
with a corresponding frequency increase, it is necessary 
to decreasingly delay the input signal, ct", (=(1/e) tin = 
(1/4) t,-,,) by an amount c’t (=( l-e/e) t= ~34!) from an 
initial delay of c'Toul. This amount of delay, c’t’, at any 
point shifts the signal to the corresponding ordinate 
value on line II. The delay dt’ introduced by the delay 
line is shown by line IVe. Such [a delay line has the ef 
fect of delaying the instantaneous signal by a linearly 
decreasing amount d't' for the interval from t", to to", 
as shown by line We. Thus as in the case of the initial 
signal at time, t=0, one half the sum of the initial delay, 
—d-T,,, and its final delay, —dTw yields an average delay 
value on line IV, of —~c'T¢,, ' 

The process of linearly increasing time delay cannot 
continue indefinitely, and from time to time the delay 
line must be returned to its original length. If this pro 
cess is repeated at periodic intervals, provided the in 
terval is longer than the period of the lowest frequency 
component of the signal, chunks of the original signal 
will be played back at the angular frequency (c —c')w 
and the rest discarded. When (3) and (4) are satis?ed, 
the system operates as though sections were cut out of 
the original tape, pasted together, and played back at 
normal speed. The sections of ‘signal are heard at the 
correctfrequency but the information is transmitted in 
a shorter time (if c>l). The speech has been com 
pressed to 1/0 of its original length. 
The values set forth in Table I have been plotted in 

FIG. 3(a). For any given compression ratio the sample 
time is given by the curve To,“ and the chunk length is 
shown by the curve Tm. The difference between these 
two curves is the discard which is equal to the ?nal 
delay to the signal at the end of the sample period (6ms 
in the example shown in FIG. (3a). Entering the curve 
at any compression ratio, such as c = 5 in FIG. (3a), 
one obtains the chunk and discard times for the tape 
running at c times the recorded speed and these values 
projected to the time axis show the actual original re 
corded time for the respective chunk and discard por 
tions. As indicated for c = 5 the chunk is 1.5 ms long 
and the discard is 6 ms long representing respectively 
7.5 ms of recorded and reproduced information and 30 
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ms of discarded information. This latter value is repre 
sented by the quantity c ATM, which is also plotted in 
FIG. 3(a) 
For a speech signal in which the lowest frequency 

333I-Iz has a period of 3 ms, a chunk length of 1.5 ms 
at c = 5 corresponding to 7.5 ms of recorded time will 
contain 2.5 cycles of the 333I-Iz signal. For any higher 
frequency components in the speech signal more cycles 
will be contained in the 1.5 ms chunk. The length of the 
chunk should exceed the period of the lowest fre 
quency to be passed (i.e., should include at least a full 
cycle) otherwise satisfactory compression will not be 
obtained. As indicated in FIG. 3(a) below the time axis 
at 3ms, the 333Hz signal is processed at sample periods 
approaching 3 ms would with its samples reassembled 
accordingly produce a compressed output of poor qual 
ity since the sampling would then be causing a disrup 
tive discontinuity for nearly every cycle of the 333 Hz 
signal processed. Sample periods less than 3ms would 
not permit completion of any one cycle so that the re 
sultant reassembled output would not only contain the 
said disruption but would also begin to exhibit a basic 
change in its frequency characteristic in the form of 
waveform compression by truncation to produce false 
frequencies. While this condition does not represent a 
real condition for a speech wave due to the complexity 
of the waveforms, this principle is controlling and sam 
ple periods less than the period of the lowest frequency 
wave in the speech signal will not provide proper com 
pression. . 

Sample periods greater than the period of the lowest 
frequency wave will produce compression and an inter 
val of disruption exists from the region where the sam 
ple period is only slightly greater than the period of the 
lowest frequency wave as indicated on the time axis be 
tween 3 ms and 6 ms in FIG. 3(a). The result obtained 
within this period of disruption is a distorted expanded 
wave in which the effect of disjunctions between sam 
ples becomes extremely severe as the single cycle point 
‘is approached and diminishesv as the number of cycles 
in the sample increases. As a practical matter two and 
one-half cycles per sample is indicated as the desired 
limit in FIG. 3(a) but in general the more cycles in the 
sample the less the disturbance factor. 

In order. to avoid the extreme distortion produced by 
waves which have a longer wavelength than the sample 
period, these lower frequencies should be filtered out 
before the speech signals enters the delay line other 
wise these disjointed and highly distorted waves will be 
propagated down the line and intermodulate with the 
desired signal and may severly degrade the system per 
formance. v - 

For lower values of the compression ratio than c = 5, 
and keeping ATM, : 6ms, the chunk length increases 
with the result that the actual time sample increases to 
greater than 7.5 ms and therefore more than the mini 
mum number of cycles for the lowest frequency wave 
component will be present in the chunk. Thus it would 
be at the user’s option to operate the line over less than 
the 6ms indicated delay for ATM, to reduce the 
amount of discard. 
Considering the discard portion of the sample as a 

constant 6ms long at the compressed rate of playback, 
the actual information loss is the compression ratio 
times 6ms so that with c = 5 the actual information dis 
carded for each sample is 30ms of recorded time. As 
shown on the time axis of FIG. 2 this is the interval 
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10 
from 7.5 ms to 37.5 ms and the relation of this loss of 
information to the intelligibility of the reproduced 
speech signal must be examined. 

In general, human speech represents an extremely 
complex coding of a relatively limited set of sounds 
called phonemes which taken in context with the vari~ 
ous attributes of the speech code such as the voiced 
unvoiced components, pitch, formant frequencies and 
‘the continuum of sound pattern represented by sound 
energy (and the absence thereof) connected by the all 
important transititions between the temporal compo 
nents thereof constitutes an acoustic stream of in?nite 
variety and versatility. The ability of the human ear to 
receive this acoustic message and the ear-brain system 
to decode the message is not ‘altogether understood 

‘ since it appears that the readily comprehended infor 
mation rate far exceeds the mere acoustic response 
characteristics of the ear as a receiver. 

Fortunately, the ability of the ear-brain system to 
comprehend the message which is conveyed by human 
speech signals is sufficiently good to permit large por 
tions of the actual acoustic stream to be lost or dis 
carded without signi?cant loss in the perception and 
comprehension of the message information content of 
the acoustic signal. Since the comprehension of mes 
sage content decreases more rapidly than the recogni“ 
tion of individual words as the message is presented to 
the listener at increasing rate,-the problem associated 
with the discard of a portion of the signal stream can 
be resolved in favor of comprehension and short of the 
point where intelligibility of individual words deterio~ 
rates. This latter point is reached where the loss or al 
teration of transitions or other ones representing the 
connection between a consonant and vowel sound re 
sults effectively from the discard of much or all of a 
given cue or cues so as to alter the apparent informa 
tion content of cotiguous concatenated chunks. Even 
before the point of absolute 'loss of intelligibility is 
reached the limit of tolerance due to discomfort for 
sustained listening occurs as a result of the unnatural 
sounds and the fatigue which develops in the intense 
concentration required in attempting to extract the in 
formation content in the presence of excessive time 
clipping. 
For the purpose of speech compression the loss of in 

telligibility can be associated with discarding portions ‘ 
of the message containing signi?cant cues or phonemes 
which components vary in length with. the shortest 
being approximately l0ms to 20ms long. These short 
cues do not dominate speech but occur with sufficient 
regularity to make their systematic loss undesirable and 
hence a desirable upper limit for the discard period 
would be considered to be 30 ms and preferably closer 
to l5ms. With this limit set for intelligibility of the re 
produced syllables and words the rate of presenting a 
given message can be increased to the comprehension 
limit for any given listener and degree of difficulty of 
the subject matter with minimum concern for-the limi 
tation which would be imposed by permitting loss or 
distortion of the word content or the generation of false 
cues from the concatenated message chunks.- FIG. 
3(a) indicates the recording time discard relation to 
compression ratio as the linear function cATma, with 
the range from 15 ms to 30 ms designated the discard 
uncertainty range. Thus the 6ms discard at c = 5 
projects to include the real time recording interval 
from time t = 7.5 to t= 37.5 which approaches the 
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upper limit permitted for discard without undue loss of 
intelligibility as required not to contribute signi?cantly 
to the loss of comprehension in the message perceived. 
Smaller values of c result in smaller actual discard time 
and hence the intelligibility is improved especially for 
those cues which are at the lower end of the time scale, 
i.e., in the neighborhood of l0ms. 
While Table I and FIG. 3(a) represent parameters for 

a typical speech compression system having a ?nal sig 
nal delay of 6ms and de?ne the limits of operation 
within fairly narrow limits, it will be appreciated that 
the principles involved can be adapted for use over a 
wider range of operation. Thus the variation of the ac 
tual frequency band of the speech signal and the maxi 
mum length of the delay line are both important design 
factors which in?uence the selection of the chunk-to 
discard ratio and sample period for a given range of the 
compression ratio c. On the other hand, the actual fre 
quency range of the signal has an important bearing on 
the design of the delay line which must accommodate 
the frequency spectrum present in the signal as to such 
quantitative and qualitative factors as the voice pitch, 
the .presence of all or only ‘some of the format frequen 
cies for an individual voice and the width‘ of the signal 
spectrum over which linear phase-frequency properties 
must be preserved. The ultimate system used however 
will embody design choices of the factors involved 
within the broad limits herein de?ned. 
FIG. 3(b) is a plot of corresponding relations for sig 

nal expansion showing the initial gap, output chunk and 
maximum delay line length variation with expansion 
ratio e for a given input sample interval Tm. The output 
gap occurs at the start of each sample period and there 
after for the balance of the sample period the reduced 
frequency time-expanded output chunk appears. The 
maximum delay d T", required is also shown as a func 
tion of the expansion ratio e. 
One aspect of the speech compression system de 

scribed in connection with FIG. 1 has not been treated, 
namely, the audible output of the transducer 26 when 
the variable delay processing unit 25 is switched from 
maximum to minimum delay at the end of the sample 
period. Just prior to switching the delay line is loaded 
with the speech signal which is to be discarded and if 
the line is instantaneously switched to zero delay all of 
this information unless cancelled or predeleted, will be 
presented in highly condensed form in the output sig 
nal. As a practical matter with conventional delay lines 
utilizing R and L or C components there will be a time 
interval required for switching the line from maximum 
to minimum delay and it has been found that even if the 
line does not contain signal information this switching 
of a line has a signi?cant minimum time constant asso 
ciated with it which produces a disturbing transient au 
dible in the output signal. The repetition rate of this 
transient is the reciprocal of the sample period. Be 
cause of the limitations imposed by the parameters of 
the system as previously set forth herein, this switching 
frequency and spectral components of the transient it 
self will always be within the audiorange and thus pres 
ent as a highly disagreeable intermoduation component 
in the audio output of the device. The present invention 
provides a number of implementations for transient 
suppression and message gap bridging arrangements 
for the purpose of minimizing the disagreeable noise 
effects involved. In more elaborate systems the substi 
tution of pseudo or real message components further 
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improves the transition from one sample to the next 
and can be adapted to ?ll in a portion of what is dis~ 
carded in the compression process. 
Referring now to FIG. 4 a portion of the 333 Hz wave 

at the transition point illustrated in FIG. 1(d) has been 
reproduced in which cycle 4 and cycle 9 of the original 
recorded 333 Hz wave are shown as a smooth uninter 
rupted sine wave. The junction between the end of 
cycle 4 and the beginning of cycle 9 at point 41, al 
though shown as a continuous portion of the sine wave, 
is in actuality, as previously stated, almost never so re 
lated in the non-selective periodic sampling of indepen 
dent complex waveforms and thus instead of a smooth 
transition point 41 a disjunction between the end of 
one chunk and the beginning of the next chunk in suc 
cessive samples is to be expected. This disjunction 
could undoubtedly be accommodated with no loss of 
intelligibility if the transient from switching the line (ei 
ther loaded or unloaded) did not have to be dealt with 
at exactly this point in time. Since this transient is re 
sponsible for a highly annoying audible output from the 
system it must be eliminated and for this purpose a gat~ 
ing signal as indicated in FIG. 4( b) may be applied sym 
metrically with respect to the transition point 41 to pro 
duce the output signal shown in FIG. 4(c). By making 
the gate long enought to encompass the transient re 
sulting from switching the line, the audible noise so 
generated is eliminated. The improvement obtained by 
this expedient, while signi?cant, is not ideal since the 
introduction of the gate signal within the audio range 
is itself audible as a repetitive disjunctive gap which in 
termodulates with the audio signal. This effect can be 
reduced by using an output ?lter designed for the par 
ticular repetition rate and gate width to smooth the 
abrupt transition shown in FIG. 4(c) and this output re 
sponse is indicated in FIG. 4(d). 
A further improvement is possible by using the gating 

signal as a gain control signal and tapering the “off” 
and perhaps the “on” transitions of the gate so that a 
gradual transition of the audio output from “off” to 
“on” is accomplished and a relatively smooth transition 
as indicated in FIG. 4(f) results. The object is to mini 
mize the gap effect which in itself has an audio charac 
teristic and can act like a cue. Tapering the trailing 
edge of the gate helps this considerably whereas an an 
ticipating start (or'relative delay of the speech signal) 
would be preferable for gradual onset for the leading 
edge. With these relatively simple expedients the 
smooth transition between adjacent chunks which are 
disjunctively joined by the operation of the compres 
sion-discard process are achieved‘in a manner which is 
satisfactory for many applications. 
Referring now to FIG. 5, the more elaborate arrange 

ments for bridging the gap between adjacent samples 
will be described. As shown in FIG. 5(a) a disjunctive 
transition which is the norm to be expected represents 
a sharp discontinuity in the message signal and has su 
perposed thereon the noise transient from switching 
the line as previously described. By introducing a gate 
signal FIG. 5(b) of sufficient width to encompass the 
line switching transient and conditioning the gate to co 
incide with a zero level and same direction of change 
for the adjacent signals being processed a zero level 
gating transition as ' shown in FIG. 5(c) can be 
achieved. This transition which is free of line switching 
noise and essentially continues an existing zero ampli 
tude signal level during the interval of the gate has been 
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found to provide little or no disturbance to the average 
listener. > I 

Because of the nature of the human hearing phenom 
enon, particularly the ability of the'ear to synthesize the 
message it is concentrating upon even in the presence 
of noise, it may be useful in certain circumstances to 
introduce a pseudo or real message component in the 
zero level interval indicated in’ FIG. 5(c). For this pur 
pose suitably selected noise or signal components of 
approximately the same amplitude and frequency can 
be inserted in what is otherwise a quiet gap interval in 
the message stream and this arrangement of the inven 
tion is indicated in FIG. 5(d). Where the gap is to be 
filled with noise components, a suitable source and 
symmetrical switching to introduce noise from the 
source into the signal channel can be readily applied - 
during the gating interval. 
FIG. 6 represents a preferred form of gap ?lling 

where two signal controlled delay lines are used. The 
speech signal is applied to both delay lines designated 
channel A and channel B in FIGS. 6(a) and 6(b) re 
spectively and these two lines are signal controlled to 
have symmetrical complementary gain characteristics 
and overlapping variable delay characteristics as shown 
in FIGS. 6(c) and 6(d). Here the delay control signals 
as shown in FIG. 6(d) are phased to overlap at least an 
amount corresponding to the transition portion of the 
gain control characteristics of FIG. 6(c). The outputs 
of both delay channels A and B are combined to pro 
duce the combined output shown in FIG. 6(c). 
Generally the length of the delay lines used for chan 

nels A and B in FIG. 6 will employ one full length delay 
line and one relatively shorter length delay line for stor» 
ing the signal used for gap filling purposes. This ar 
rangement will reduce the cost of the equipment repre 
sented by the multiple section delay lines necessary to 
obtain the required maximum delay length for system 
performance requirements. On the other hand, for sys 
tems where cost is not a primary factor, two equal full 
length variable delay lines can be employed and their 
control signals can be alternately applied so that the 
signal channel is through ?rst one and then the other 
delay line thereby giving a full signal period for switch 

‘ ing the inactive delay line back to minimum delay con 
dition prior to its use for signal transmission again. For 
such symmetrical delay lines it may still be useful to 
provide some overlap during the transition as indicated 
in FIG. 6(d) with appropriate gain control signals ap 

‘ plied as indicated in FIG. 6(c). 
Referring now to FIG. 7, a basic speech compression 

expansion system in accordance with the invention will 
be described. This system comprises a variable speed 
playback device 51 which is indicated to be a tape 
transport with a manual select speed control input 52. 
The signal derived from transporting the tape past a 
magnetic transducer is applied to an AGC ampli?er 53 
whichalso passes the signal through a band pass ?lter 
having an adjustable low and high frequency cutoff. 
The selection of the cutoff frequencies for the filter 
may be operated from manual control 52 in conjunc 
tion with the selection of playback speed for the play 
back device 51. The manual control-52 also supplies an 
amplitude control signal to a ?ne voice pitch adjust 
control 54 which supplies on line 55 a signal to control 
the end amplitude of the linearly increasing waveform 
which controls the variable delay line as hereinafter de 
scribed. ‘ , ' 
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The signal after passing through the ampli?er and fil 

ter 53 enters a variable delay line 56 which can be sig 
nal controlled between minimum and maximum delay 
limits. This control signal applied on line 57 is derived 
from a ramp level and amplitude charger 58 which re 
ceives as its input either a compression triangular wave 
form on line 59 or an expansion inverse of the wave 
form on line 59 which appears on line 61 after passing 
through an inverter 62. One or the: other of the lines 59 
and 61 is energized with a ramp waveform depending 
upon the setting of a switch 63 which supplies the basic 
ramp waveform from ramp pulse: train generator 64. 
The repetition period of the ramp waveform is select 
able by a manual control 65. A pulse coincident with 
the reset of the linear portion of the ramp waveform ap 
pears on line 66 and is applied to a blanking pulse gen 
erator 67 to produce a blanking pulse output the width 
of which can be controlled by manual adjustment 68 
and which is synchronized with the input pulse on line 
66. 
The output of‘the variable delay line 56 is applied to 

a blanking circuit and amplifier 71 which transmits or 
blocks the signal depending upon the blanking pulse B 
applied on line 72 from generator 67 and when the 
blanking pulse is not present F the delay signal is ap 
plied to a speech bandpass filter 73 the output of which 
is applied to an audio reproducer 74. y 

In addition to the amplitude excursion established for 
the linear voltage ramp signal from generator 64 which 
is controlled by manual control 52 the absolute level of 
the voltage applied can be controlled by level adjust 
means 60. The variable delay line 56 will generally be 
of any known type and in particular may be 360 RC fil 
ter stages where the shunt resistor is provided by a PET 
or other semiconductor device which varies resistance 
in response to a controlled voltage or current. Such 
delay lines generally perform best: with respect to dis 
tortion of the signal passing therethrough if the phase 
delay per stage is kept well below the maximum possi— 
ble value of 90°. Accordingly, the line can be designed 
to operate with 45° to 60° phase delay per stage maxi 
mum and the number of stages is then determined as 
greater than the quantity: N>(6 or‘ ‘8) c(f,,,a1) ATmaI. In 
the above inequality the digitslo and 8 represent the 
number of stages per electrical cycle of the highest fre~ 
quency to be passed corresponding to a phase delay of 
60° or 45°, respectively, as the- maximum phase shift 
per stage which is to be utilized; the quantity c is the 
compression ratio; the quantity fmu is the highest fre~ 
quency being passed by the line;_and ATM, is the maxi~ 

. mum signal delay desired as dictated by the maximum 
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permissible discard interval ‘previously speci?ed. Many 
other forms of delay line construct-ions which are capa 
ble of being signal controlled are known in the art and 
the present invention is not to be considered as limited . 
to any particular form of delay line. 

Referring now to FIGS. 8(a) and 8(b) the operation 
of the system ‘of FIG. 7 will be described. The sample 
period waveform 81 has an adjustable period set by 
control 65 for producing an asymmetrical sawtooth 
waveform 82 which produces a relatively long negative. 
going linear voltage followed by a shorter positive 
going linear voltage. This waveform is used directly on‘ 
line 59 for speech compression while, after inversion in 
inverter 62, its inverse is used on line 61 for expansion. 
The expansion waveform is indicated in dotted lines at 
83 in’FIG. 8(a). For a variable delay line 56 which in 
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creases delay as the control voltage becomes more neg 
ative, the waveforms 82 and 83 have the proper sense 
for controlling the delay interval and the magnitude of 
the delay is determined by amplitude control 52 rela 
tive to a voltage level set by the level adjust 60. Thus 
'the operating point in the excursion of the waveform 82 
is selected for a given compression ratio in conjunction 
with the sample period which will be a predetermined 
combination for any given compression ratio assuming 
the maximum delay ATMI, in the line 56 is a ?xed 
value as obtained by selecting line length according to 
the value d-Tm as given in FIG. 3(a) and Table I for the 
desired compression ratio. If the maximum delay to the 
signal is not maintained constant the discard period will 
change correspondingly as is evident from the descrip 
tion of FIG. 1 and corresponding adjustments in the 
amplitude of the wave will be required to give the slope 
(I required for a compression ratio 0. Similar consider 
ations apply for the slope of curve 83 which must be set 
at its corresponding value d for an expansion ratio e. 
The operation of blanking pulse generator 67 is 

shown to produce a pulse 84 in FIG. 8(b) of predeter 
mined width in response to the start pulse of the sample 
period signal 81 received on line 66. This pulse may be 
applied in gain control fashion to the circuit 71 with 
modi?ed trailing edge as previously described to re 
duce the transient signal and provide a gradual onset of 
voice sound signals which are passed to the transducer 
74. The width B of the blanking pulse is selected with 
control 68 and is normally made of suf?cient duration 
to permit the short steep linear-portion of the ramp 
waveform to return the delay line 56 to its zero or mini 
mum delay condition and dissipate the signal energy 
therein (or the transient caused by switching the line 
itself) prior to enabling the signal. channel which ener 
gizes the transducer 74 with the subsequent speech sig 
nal segments. _ 

The blanking period B and enabled period B for ex 
pansion mode are shown in FIG. 8(c). The expanded 
chunks with an initial output gap are shown in FIG. 
8(d). ' 

The system of FIG. 7 can also be used to substitute 
noise or pseudo signal gap ?lling signals corresponding 
to the system described in FIG. 5. For this purpose a 
source 75 of such signals is arranged to supply the input 
signal to ?lter 73 during the blanking interval. By 
means of a switch 76 this gap ?lling during the blanking 
interval can be made optional. The gap ?lling signal 75 
can also be derived from the message signal output of 
ampli?er 53. 
Referring now to FIG. 9, a modi?ed-form of the in 

vention particularly suitable for accomplishing the vari 
ous gap ?lling procedures for the speech compression 
systems previously described will be disclosed. Portions‘ 
of FIG. 9 which are essentially the same as those de 
scribed in FIG. 7 have corresponding reference numer 
als and accordingly only the additions and changes will 
be further described. In addition to the variable delay 
line 56 a second variable delay line 91 receives the sig 
nal wave from ampli?er 53. The output of the delay 
lines 56 and 91 are applied respectively to complemen 
tary blanking circuits 92 and 93. Signals passed by 
these blanking circuits 92 and 93 are ampli?ed and ?l 
tered in element 73 and passed to the acoustic repro 
ducer 74 as heretofore described. 
A pulse train generator 94 produces a pulse wave 

train as shown in FIG. 10(a) having a selectable pulse 

20 

25 

30 

35 

40 

45 

50 

55 

60 

16 
repetition rate determined by the setting of manual 
control 65 thereby establishing the basic sample pe 
riod. The output pulse, from generator 94 is delayed in 
delay unit 95 and applied to a ?rst ramp generator 96 
and in undelayed form is applied to a second ramp gen 
erator 97. The ramp ‘generators 96 and 97 are subject 
to waveform level control from manual adjust element 
60 and ramp linear wave amplitude control from the 
manual adjust element 52. As previously stated, the 
?ne pitch adjustment 54 may be provided for slightly 
modifying the ramp slope as a voice pitch adjustment 
by effectively altering the frequency conversion over a 
small range. In addition the blanking width interval of 
each generator is adjustable with controls 68 and 70 re 
spectively. The outputs of the ramp generators 96 and 
97 are applied respectively to delay lines 56 and 91 to 
control the time delay of signals passing through the re 
spective lines in accordance with the control signals ap 
plied. By means of c or e select controls the sense of the 
slope of the ramp waveforms can be selected for com 
pression or expansion. 
The level and amplitude controls for setting the re 

spective ramp generators 96 and 97 are preferably rela 
tively adjustable to permit selection of the relationship 
between the two ramp waveforms. By making the delay 
and phasing of the unit 95 adjustable any desired delay 
line overlap can also be achieved. It is also possible to 
rearrange the components to have the complementary 
gating at the inputs of the‘ two delay lines 56 and 91 
with the outputs switched to be combined in a common 
channel to ampli?er 73. This alternative discards the 
portion of the speech signal that is not utilized by each 
line before it enters the line and thus eliminates the ne 
cessity for dissipating these portions when the lines are 
switched between active periods. 
Referring now to FIG. 10, the operation of the 

speech compression system of FIG. 9 will be described. 
The pulse train generator 94 produces the timing wave 
form of FIG. 10(a). This pulse triggers the transition of 
waveform C2 in pulse ramp generator 97 which pro 
duces the blanking pulse indicated in FIG. 10(0) with 
the predetermined width of B and B being determined 
by the blankingpulse width control 68. After the delay 
indicated in FIG. 10(b) the pulse from generator 94 
triggers the ramp generator 96 to produce the wave 
form Cl shown in FIG. 10(1)‘). With this arrangement 
the control wave CI for the delay line 56 is overlapped 
in time by waveform C2 having slope in the same sense 
and bridging the steep return slope waveform of ramp 
wave Cl. With the asymmetrical time intervals shown 
in FIG. 10, the arrangement for gap ?lling modes of 
operations shown in FIGS. 5 and 6 can be practiced. By 
making the waveforms C1 and C2 have symmetrical 
rising and falling portions the arrangement is suitable 
for alternate switching of the lines 56 and 91 to provide 
alternate compressed (or expanded) chunks of the 
speech sample. The choice of the relative lengths of 
sample through line 56 and 91 will generally be dic~ 
tated by manufacturing costs for the delay line. Thus 
for a main delay line 56 of adequate length for the com 
pression ratio desired, a relatively shorter line 91 used 
only for gap ?lling purposes will generally be more eco 
nomical. On the other hand, two full length lines which 
are alternately active to pass speech sample chunks 
thereby providing adequate time for the non-active line 
to be returned to its minimum delay condition will pro 
vide for smooth transitions, any desired overlap and the 
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maximum time interval for discharging the line to mini 
mum delay condition prior to its processing the next 
speech sample. The action of the system of FIG. 9 in 
the gap ?lling mode is indicated in FIG.- 10(d) and gen 
erally corresponds to that previously described with re 
spect to FIG. 5. 
The operation of the system of FIG. 9 for speech ex 

pansion, i. e., increasing the time duration for a given 
speech utterance and increasing the frequency compo 
nents thereof from a reproducer running at a slower 
than recorded rate is shown in FIG. 1 1. Here the ramp 
generators 96 and 97 have inverted outputs to produce 
the expansion waveforms E1 and E2 shown in FIGS. 
11(a) and 11(c) respectively and the blanking wave 
form has been made symmetrical such that the delay 
lines 56 and 91 are used alternately for approximately 
equal periods. By the nature of speech expansion, a 
gap in the signal output will always occur since the lines 
are controlled to change from maximum delay at the 
start of the sample to minimum to zero delay at the end 
of the sample. Thus when the line is switched to maxi~ 
mum delay there will inevitably be a time gap before 
delayed signal emerges from the output end of the line. 
Applying the control sequence indicated at FIG. 11 the 
speech samples processed by lines 56 and 91 are over’ 
lapped so as to ?ll the gap as indicated in FIG. 11(d) 
by the solid and dotted outlined signal chunks El' and 
E2’ . The presence of a slight overlap in the repro~ 
duced signal does not signi?cantly interfere with intelli 
gibility since it generally is not noticeable and at worst 
may result in a slight echo effect of the type commonly 
encountered in a telephone conversation. The time ex 
panded speech waveform obtained using the mode of 
operation indicated in FIG. 11 is useful for the recogni 
tion and comprehension of difficult passages and for 
analysis and study of foreign languages and the like. 
The system shown in FIG. 12 represents a simpli?ca 

tion of the system of FIG. 9 where a ?xed delay line 101 
is used in place of the second variable delay line 91 of 
FIG. 9. The control of blanking ciruits 92', 93' is sim 
pli?ed in that the variable width blanking gate B as de 
rived from pulse train generator 94 correspondingly 
produces gaps in the output signals which have been 
delayed by passage through variable delay line 56. The 
fixed delay of line 101 is selected to further delay some 
portion of the signal emerging from the delay line 56 by 
an amount sufficient to fill the gap vcaused by blanking 
pulse B thereby essentially repeating some portion of 
each message chunk while the variable delay line 56 is 
switched back to its minimum delay condition. Again, 
this repetition is not objectionable and may merely in 
troduce a slight echo effect which is much less objec 
tionable than the presence of the gap in the message 
signal. This sequence of operation is shown in FIG. 13 
where the variable chunk Cu and the ?xed chunk CF 
alternate in supplying the output. 

' The expansion mode for operation of the circuit of 
FIG. 12 is shown in FIG‘. 14 where the ramp signals are 
inverted for the expansion waveform which controls 
the delay line 56 to vary from maximum delay to mini 
mum delay over the linear ramp portion E shown in 
FIG. 14(a). The blanking waveform B is selected to 
pass some portion of the signal chunk through the ap 
propriate amount of delay‘ to ?ll the gap between 
chunks in the output as indicated in'FIG. 14(c). Thus 
the output is composed of chunks EF and E” in alterna 
tion for continuous signal. ‘ 
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‘The system of FIG. ‘12 could be further simplified by 

eliminating delay line 101 and conditioning gate 93' to 
introduce in the gap interval'any pseudo or noise signal 
from a suitable source which would simulate the fre 
quency content of the actual speech signal. While this 
version would be less desirable than using the actual 
speech signal for gap ?lling it would, nevertheless, be 
better than reproducing the speech signal with the mes 
sage gaps present since the audible effect of gaps be 
comes detrimental to recognition of the message con 
tent, especially at high compression ratios. This modifi 
cation gives a mode of operation similar to the optional 
noise gap ?lling described for FIG. 7. 
FIG. 15 shows a modification of the invention for 

binaural processing. The speech signal from the band 
pass ?lter 53 is applied to symmetrical variable delay 
lines VDLl and VDLZ controlled by waveform‘ genera 
tor 102. The output of VDLl is applied as an input to 
gates 103 and 105. The output of VDLz is applied as an 
input to gates 104 and 106. The delay line VDL, is con_ 
trolled for linear variation of delay according to the 
waveform of FIG. 16(c). The delay line VDLZ is con 
trolled for linear variation of delay according to the 
waveform of FIG. 16(d). Each of these waveforms has 
its rapid return transition at the mid-point of the linear 
delay portion of the other waveform. 
The gates 1t_)_3 and 106 are controlled by gating wave~ 

forms B1 and 13, shown in FIG. 16(e). Gate 103 passes 
signal during B1 and is blocked during B1. Gate 106 is 
blocked during _B1 and passes signal during B, . Ampli 
?er 107 combines the outputs of gates 103 and 106 and 
applies the combined signal to an audio reproducer 
108. 
The gates 104 and 105 are controlled by the gating 

wavefonns B2 and B, shown in FIG. 16(f). Gate 104 
passes signal during ?zgnd is blocked during B2. Gate 
105 is blocked during B2 and passes signal during B2. 
Ampli?er‘ 109 combines the outputs of gates 104 and 
105 and applies the combined signal to an audio repro~ 
ducer l 10. 
The system of FIG. 15 operates to reproduce the en 

tire original signal (for compression ratio equal to two) 
since each delay line processes the portion which is the 
discard for the other line as is evident from FIGS. 16(a) 
and 16(b). For compression ratios greater than two ‘ 
some message discard occurs and for ratios less than 
two the overlap or message duplication increases in the 
output. By listening binaurally, however, the intelligi 
bility is enhanced since the overall discard is eliminated 
(or greatly reduced for the higher compression ratios) 
and the overlap or repeat of message portions is not 
detrimental to word detection by the listener. 
A binaural system without supplemental gap ?lling 

(as just described) would be achieved by removing 
gates 105 and 106 in FIG. 15. The lines VDL, and 
VDL, would supply the processed signal in alternation 
to the respective output transducers 108 and 110 for 
binaural output. , > 

FIG. 17 shows the invention using a form of delay 
line capable of processing speech signals in a manner 
which greatly reduces the problems associated with dis‘ 
carding stored information in the line. The; system 
shown in FIG. 17 comprises an analog shift register 
having a plurality of stages ASR1, ASRz, ASR,,, which 
has a speech signal input applied on line 111 and a 
compressed or expanded speech signal output on line 
112. Alternate stages of the delay line are clocked by 






























