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ABSTRACT OF THE DISCLOSURE 

One attractive way of time-compressing ̀ speech or other 
message signals is to discard speech segments periodi 
cally and join the remaining ones to form a continuous 
signal. Unfortunately, this form of “chopping” gives rise 
to distortion in the audible frequency range because of 
amplitude and frequency discontinuities at each splice. 
Commonly, an attempt is made to remove this distortion 
by filtering the chopped signal to remove components out 
side of a desired band. Superior temporal processing is 
achieved, however, by dividing a speech signal into a 
number of contiguous sub-bands before chopping and -by 
passing each chopped sub-band signal through a filter 
identical to that used originally to generate the‘sub-band 
signal before recombination. Distortion energy outside of 
each filter pass-band, including that within audible fre 
quencies passed by other filters, is thus removed. 

This invention relates to the production of time com 
pressed or time expanded signals, and in particular to the 
production of temporally processed speech characterized 
by a low noise level. It is an object of this invention to 
reduce substantially the noise level in such processed 
message signals. 

Speech is composed of sequences of sounds separated 
by silent intervals. Many of the sound variations are re 
dundant in the sense that they are largely repetitions and 
are of little use to a listener in determining the meaning 
of the speaker. In theory, some of the periods of a speech 
wave may be discarded and the remaining ones joined 
together to compress the time scale of the speech waves, 
or some of the periods may be repeated and joined to 
gether to expand the time scale of the waves. Unfortun 
ately, reconstruction of a “chopped”7 signal through the 
joining together of slightly dissimilar segments gives rise 
to “splicing” noise which lowers the quality of the proc 
essed speech. 
Abrupt changes in amplitude of a spliced signal lmay 

be reduced by establishing the transition between succes 
sive periods in one-to-one correspondence with the funda 
mental period of the speech signal. However, this tech 
nique requires a variable chopping rate which, in turn, 
leads to extremely complex and expensive equipment. 
Moreover, it does not eliminate noise stemming from 
abrupt changes in the momentary frequency of joined seg 
ments. 
Another technique for reducing discontinuity noise in 

volves shifting the entire speech signal in frequency prior 
to the time scale processing. Processing is carried out at 
the new, and generally higher frequency. Gross noise re 
sulting from the processing is removed by filtering, and 
the signal is restored to its original frequency assignment. 
As a result of the shift in frequency, splicing noise is 
effectively reduced. 
These techniques thus attempt to improve the quality 

of temporally processed speech by reducing the level of 
splicing noise evident in the reconstructed speech signal. 

This invention, on the other hand, improves the quality 
of time compressed or time expanded message signals, 
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e.g., speech signals, by reducing the level of ‘splicing noise 
in individual, contiguous, frequency subbands which to 
gether encompass the entire frequency range of an ap 
plied signal. Each subband accommodates no more than 
one octave. By thus reducing splicing noise associated 
with individual frequency subbands, the residual noise 
associated with the reconstructed signal is markedly re 
duced. Moreover, the usual filtering of the gross signal 
may take place as desired. 

According to the invention, splicing noise is removed 
from speech signals, or the like, whose time scale is t0 
be altered for transmission through a chopping and join 
ing process, by dividing an applied signal into a plurality 
of contiguous subbands, each with a bandwidth less than 
one octave wide, prior to time scale processing. Signals 
in each of the subbands are then processed, preferably in 
synchronism, to alter their time scales, and each is indi 
vidually filtered by one of a set of automatically adjusted 
filters to remove noise present outside of the designated 
subband limits. After individual filtering, the subband sig 
nals are combined to form a representation of the applied 
signal. If desired, the combined signal may be addition 
ally processed to alter its time or frequency scale by re 
cording or the like. 

This invention will be more fully understood from the 
following detailed description of the operation of pre 
ferred embodiments thereof taken together with the fol 
lowing drawings in which: 

FIG. 1 is a schematic block diagram of one embodi 
ment of this invention; 

FIG. 2 is an illustrative diagram of a signal compressor 
expander employed in this invention; and 

FIGS. 3A and 3B illustrate typical „means for convert 
ing frequency compressed or expanded speech to time 
compressed or expanded speech. 
One embodiment of this invention is shown in FIG. l. 

While the operation of this embodiment will be described 
in terms of signal time compression, the description is 
equally applica-ble to signal time expansion. 

In FIG. l, signals to be compressed in time are applied 
to a bank of n parallel, contiguous, bandpass filters 10. 
Each filter 10 passes a subsignal occupying a selected fre 
quency band, less than one octave of the frequencies of 
the applied signal, and the n filters together pass n sub 
signals occupying n contiguous frequency bands selected 
from the entire audible speech range. The passbands of 
filters 10 may, depending on design considerations, be 
unequal. The unique, and possibly unequal filter delay 
times are compensated for in delay elements 20. Each 
subsignal is processed in a corresponding one of n signal 
co‘mpressor-expanders 30, e.g., by the omission of selected 
signal intervals, and the joining together, after time ex 
pansion, of the remaining intervals. As a consequence, 
the bandwidth of the signal is reduced. 
A typical compressor-expander is shown schematically 

in FIG. 2. The Isubsignal to be processed is recorded on 
tape 306 moving at velocity v relative to recording head 
301. After traveling a distance I the recorded subsignal 
is read off tape 306 by one of a plurality of readout heads 
305 placed uniformly around the circumference of ro 
tating disk 304. The spacing of heads 305 is determined 
by the fraction of the circumference of disk 304 con 
tacted by tape 306. In FIG. 2, one quarter of the circum 
ference is contacted by tape 306 so that four readout 
heads, 305-1 through 305-4, spaced ninety degrees apart, 
>are utilized. Tape 306 forms an endless loop and the in 
formation placed on the tape by record head 301 is re 
moved by erase head 303. 
As disk 304. rotates in a clockwise direction at an angu 

lar velocity equivalent to a tangential velocity u at its cir 
cumference, movement of heads 305 in the same direc 
tion as tape 306 increases the time required to read out 
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each wavelength of each frequency component recorded 
on tape 306. VA Awavelength À is recorded on tape 306 in 
time r1 equal to Mv. Since the velocity of the tape relative 
to the readout heads 305 is v-u, the time f2 necessary to 
readout the same wavelength is À/ (v-u). Since frequency 
f is equal to the reciprocal of the period lr, the ratio of 
the frequency f2 of the output subsignal from heads 305 
t0 the frequency f1 of the input subsignal is 

The velocity u of disk 304 determines the amount of 
time compression to be achieved. This velocity is auto 
matically controlled by a signal from master control 32 
(FIG. l). The desired speech compression ratio is set by 
turning a dial, not shown, on control 32 which adjusts 
a voltage divider. The voltage level of the signal from the 
divider controls motor speed control 31 which in turn 
controls the velocity of the motors which drive disks 304. 
At the start of a given >time period At', head 305-1 

(FIG. 2) and point 1 on tape 306 are together at point a. 
At the end of time At', head 30S-1 has moved to point 
b, as shown, point 1 on tape 306 has moved to point c, 
as shown, and the information on that portion of tape 
306 between points a and b has yet to be read out. How 
ever, head 305-1 is about to break contact with the tape, 
while head 305-2 is about to make contact with a new 
section of tape at point a. Thus the information on that 
portion of tape 306 between points a and b at the end 
of time At’ is never read out and in effect is discarded. 
There is, however, no break in the output signal on lead 
307 from heads 305 because just as head 30S-1 stops 
reading out information, head 305-2 begins to read out 
information. Ideally, the distance ab should correspond 
approximately to the wavelength of the fundamental fre 
quency so that only complete cycles of redundant infor 
mation are discarded. 
Thus, compressor-expanders 30 discard selected portions 

of an applied speech signal and expand the remaining por 
tions to occupy the same time interval as the applied sig 
nal. However, frequency compression alters the “sound” 
of the signal. If sufficient compression is employed, the 
resulting speech is so altered as to destroy its meaning 
to a listener. However, in a fashion to be discussed here 
inafter, the applied signal frequency scale may be re 
stored for the output signals. 

If disk 304 and heads 305 rotate in opposite directions, 
signal segments are compressed on the time scale and 
repeated with a consequent increase in signal pitch and 
signal bandwidth. 
The output subsignal from each compressor-expander 

30, though continuous, contains discontinuities. These dis 
continuities arise because the amplitude and frequency of 
an applied speech signal are in general constantly chang 
ing and the discarding or repeating of even a short por~ 
tion of each subsignal (represented by the section'of tape 
306 `between points a and b) may cause sharp changes 
in amplitude or frequency, or both, at the joints between 
the remaining subsignal segments. Changes of this sort 
give rise to noise, termed splicing noise, in the output 
signal. Discontinuities occur periodically as consecutive 
readout heads 305 break and make contact with the tape. 
While the frequency of these discontinuities is constant, 
the amplitudes of these discontinuities vary randomly and 
thus the energy spectrum of the resulting noise is con 
tinuous. 
The division of a speech signal into a large number of 

subsignals, on the order of 50 more or less, occupying 
contiguous narrow frequency bands, is based on the recog 
nition that a significant part of the splicing noise generated 
by compressing or expanding each subsignal can be made 
to fall outside the frequency band occupied by the sub 
signal. Ideally, the greater the noise generated by com 
pressing or expending a subsignal, the narrower that sub 
signal’s bandwidth to ensure that a large part of the noise 
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4 
associated with that subsignal falls outside the bandwidth 
of the processed subsignal. ÑIn this invention, each sub 
signal occupies a bandwidth less than one octave. 
To remove a significant portion of the splicing noise 

present in the output subsignal from each one of com 
pressor-expanders 30 (FIG. l), each output subsignal is 
passed through a bandpass filter 40, similarly propor 
tioned to pass no more than one octave of the range of 
the applied signal. Each bandpass filter 40 therefore re 
moves noise energy outside its passband, including noise 
within the frequency bands of the other output subsignals. 
While the number of filters in set 40 of bandpass filters 
is equal to the number in set 10, the frequency ranges cov 
ered by corresponding filters in each set are in general not 
equal. The frequency ranges and center frequencies f2 of 
the filters in set 40 are related to the frequency ranges 
and center frequencies f1 of the filters in set 10 by Equa 
tion l.` Further, because the degree of compression or 
expansion of the input signal generally varies from one 
selected input signal to another, bandpass filters 40 have 
variable center frequencies and passbands. 

`In a preferred form of the invention, the center fre 
quencies and passbands of filters 40 are varied automati 
cally by filter controls 41 in response to a signal from 
master control 32. The desired speech compression ratio 
is set by turning a dial, not shown, on control 32 which 
adjusts a voltage divider. The voltage level of the signal 
from the divider is proportional to the speech compres 
sion or expansion desired. The divider voltage level con 
trols, through normally closed switch 34, the operation 
of filter controls 41. Each filter 40 contains a signal re 
sponsive device, such as a voltage controlled capacitor, 
controlled by a signal from filter control 40. If desired, 
variable inductors can be used instead of variable ca 
pacitors. Switch 33 is normally open thus preventing any 
variations in the center frequencies of filters 10 from 
their normal values. 
The number of filters in each set of bandpass filters 

10 and 40 is determined by the bandwidth of each filter 
and the bandwidth of applied speech signals. The nar 
rower the bandwidth or each filter in set 40, the slower 
its response time and the greater its smoothing effect on 
the discontinuities between subsignal segments. A band 
width of approximately 60` cycles per second for each 
filter of set 40 is justified in regions of maximum splicing 
noise, while in regions of low splicing noise bandwidths 
of up to several hundred or more cycles per second are 
appropriate. 

Since the delays in the two sets 10 and 40 of parallel 
connected bandpass filters are not necessarily equal from 
band to band, compensating delays 20 ensure that all the 
subsignals are in time synchronism upon emerging from 
bandpass filters 40. Unequal filter delays can also be com 
pensated for by varying the distance l, shown in FIG. 2, 
between recording head 301 and point a on the path of 
tape 306, as a function of delays of the corresponding 
subsignal. 
Upon emerging from filters 40, the filtered subsignals 

are summed in network 50. In the compression mode of 
operation, signals from network 50 are compressed in fre 
quency (frequency or pitch lower and bandwidth re 
duced) but not in time, that is, output signals occupy the 
same interval as input signals. Because of the frequency 
alteration, however, they may not satisfactorily be per 
ceived by a listener. In order that the continuous signal 
from network 50 reproduce faithfully the original speech 
frequencies, the signal is accordingly recorded in recorder 
60 at one speed over the input speech interval At, and 
then played back at a higher speed over a lesser time in 
terval Atl. The interval At is selected so that the frequen 
cies fz in the chopped, but continuous, signal are increased 
to the original speech frequencies f1. 

In the expansion mode of operation, signals from net 
work 50 are expanded in frequency (frequency higher 
and bandwidth greater) but not in time. Recorder-play 
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back system 60 (FIG. 1) may thus be employed to restore 
the natural frequencies to chopped speech signals by 
recording compressed signals at one speed and playing 
recorded signals out at a lower speed. If, however, input 
speech signals to filters 10 are recordings played at a 
selected speed higher than the recording speed, the fre 
quency signals from network 50 will be a natural sound 
ing time compressed version of the input. In this case, 
recorder 60 can be dispensed with, but the frequency 
range covered by filter set 10 must be increased to ac 
commodate the higher frequency components of the in 
put speech signal. This is done by closing normally open 
switch 33 while opening normally closed switch 34. The 
center frequencies and passbands of filters 10 are then 
appropriately varied in response to a signal from control 
32 by the operation of filter controls 11. 
A suitable recorder playback system 60 is shown sche 

matically in FIGS. 3A and 3B. In FIG. 3A, for speech 
compression, speech from network v50 is recorded on tape 
600 moving at velocity v2 past recording head 601. Length 
d of tape 600 is recorded and stored on reel 602 in time 
period Arg is proportional to l/f2. To read out the 
recorded signal, tape 600 is rewound on reel 612 and then 
is pulled off reel 612 past readout head 611 at velocity 
v2', as shown in FIG. 3B. The same length d of tape 600 
is read out in time Atl is proportional to l/fl. Since 

When speech is to be expanded rather than compressed, 
velocity v2’ must be less than velocity v2 to reproduce 
the expanded speech with natural sounding frequencies. 
A plurality of n recorder systems 60 may be employed 
with the n signal compressor-expanders 30~1 through 
30-n, if desired. 

Signal compressor-expanders 30 shown in FIG. 2 may 
comprise separate channels of a high speed, multiple 
track recorder. In this case the spacing l of the record 
heads 301 from point a can vary from track to track to 
compensate for different delays in the bandpass filters 10 
and 40 associated with each speech band. 

Other embodiments of this invention will become ob 
vious to those skilled in the speech compression art. 
What is claimed is: 
1. Apparatus for processing a message signal which 

comprises: 
means for dividing 4an applied message signal into a 

first set of subsignals occupying a corresponding set 
of contiguous frequency subbands each of said sub 
bands accommodating less than one octave of the 
frequency spectrum of said applied message signal; 

means for generating from said first set of subsignals 
a corresponding second set of subsignals altered in 
frequency bandwidth compared to the frequency 
bandwidth of said first set; 

means for filtering each subsignal of said compressed 
second set of subsignals to remove noise outside 
its subband; and 

means for combining .all of said filtered subsignals t0 
form a representation of said applied signal. 

2. Apparatus as in claim 1 wherein said means for 
generating comprise: 
means foi’ periodically discarding message signals seg 
ments of selected duration in each subsignal of said 
first set of subsignals, and for joining the segments 
of said message signal that remain to form a con 
tinuous signal subsignal in each of said contiguous 
subbands. 
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6 
3. Apparatus as in claim 1 wherein said means for 

generating comprise: 
means for periodically repeating message signal seg 

ments of selected duration in each subsignal of said 
first set of subsignals, and for joining the resulting 
segments to form a continuous signal in each of said 
contiguous subbands. 

4. Apparatus for processing a message signal which 
comprises: 
means for generating a control signal; 
means for dividing the frequency spectrum of an 

applied signal into a plurality of contiguous sub 
bands each of which accommodates less than one 
octave of said applied signal; 

means responsive to said control signal for temporally 
processing signals in each of said subbands; 

means for filtering each of said temporally processed 
signals to remove noise outside its subband; 

means for adjusting said filtering means in response 
to said control signal; and 

means for combining all of said filtered, processed sig 
nals to form a representation of said applied signal. 

5. Apparatus as in claim 4 wherein said means for 
generating comprise: 
means responsive to said control signal for periodically 

discarding message signal segments of selected dur 
ation in each of said plurality of contiguous sub 
bands, and for joining the message signal segments 
that remain to form a continuous signal in each of 
said contiguous subbands. 

6. Apparatus as in claim 4 wherein said means for 
generating comprise: 
means responsive to said control signal for periodically 

repeating message signal segments of selected dur 
ation in each of said plurality of contiguous sub 
bands, and for joining the resulting segments to form 
a continuous signal in each of said contiguous sub 
bands. 

7. Apparatus which comprises: 
means for producing a control signal; 
means for dividing an applied signal into a first set 

of subsignals occupying a large number of contigu 
ous, relatively narrow frequency bands; 

means responsive to said control signal for generating 
from said first set of -subsignals .a corresponding sec 
ond set of subsignals altered in frequency bandwidth 
compared to the bandwidth of said first set; 

means for filtering each subsignal in said second set 
of subsignals to remove noise outside its relatively 
narrow frequency band; 

means for lautomatically adjusting the center fre 
quencies and passbands of said filtering means in 
response to said control signal; 

means for synchronizing in time each of said filtered 
second set of subsignals; 

means for combining said synchronized filtered sub 
signals to produce an intermediate signal altered in 
frequency bandwidth compared to the bandwidth of 
said applied signal; and 

means for converting said intermediate signal to an 
output signal containing approximately the same 
component frequencies as said applied signal. 

8. Apparatus as described in claim 7 wherein said 
converting means comprise: 
means for recording said intermediate signal at a first 

selected speed; and 
means for reading out said recorded intermediate sig 

nal at a second speed selected so that the frequencies 
of the components of said readout signal are sub 
stantially identical to the frequencies of the com 
ponents of said applied signal. 
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