MISSOURI

S&l

Library and

Learning Resources Scholars' Mine
Masters Theses Student Theses and Dissertations
1964

Real time testing with a time scaled analog computer.

Wayne F. Balsman

Follow this and additional works at: https://scholarsmine.mst.edu/masters_theses

b Part of the Electrical and Computer Engineering Commons
Department:

Recommended Citation

Balsman, Wayne F., "Real time testing with a time scaled analog computer." (1964). Masters Theses.
5641.

https://scholarsmine.mst.edu/masters_theses/5641

This thesis is brought to you by Scholars' Mine, a service of the Missouri S&T Library and Learning Resources. This
work is protected by U. S. Copyright Law. Unauthorized use including reproduction for redistribution requires the
permission of the copyright holder. For more information, please contact scholarsmine@mst.edu.


https://library.mst.edu/
https://library.mst.edu/
https://scholarsmine.mst.edu/
https://scholarsmine.mst.edu/masters_theses
https://scholarsmine.mst.edu/student-tds
https://scholarsmine.mst.edu/masters_theses?utm_source=scholarsmine.mst.edu%2Fmasters_theses%2F5641&utm_medium=PDF&utm_campaign=PDFCoverPages
https://network.bepress.com/hgg/discipline/266?utm_source=scholarsmine.mst.edu%2Fmasters_theses%2F5641&utm_medium=PDF&utm_campaign=PDFCoverPages
https://scholarsmine.mst.edu/masters_theses/5641?utm_source=scholarsmine.mst.edu%2Fmasters_theses%2F5641&utm_medium=PDF&utm_campaign=PDFCoverPages
mailto:scholarsmine@mst.edu

REAL TIME TESTING WITH A TIME SCALED ANALOG COMPUTER

BY

WAYNE F. BALSMAN

THESIS

submitted to the faculty of the

UNVIERSITY OF MISSOURI AT ROLLA

in partial fulfillment of the requirements for the

Degree of

MASTER OF SCIENCE IN ELECTRICAL ENGINEERING

Rolla, Missouri

1964

Approved by

LD L. tawmnny el E Nk

%?}”f 7 [ gg Wt e .9*3"{? ol
/ (= /



il

ABSTRACT

A present limitation to the testing of & physicel subsystem within
an enalog simulation is that the analog computer must compute in resal
time. If it is necessary to time scale the simulation of the complete
system, & physical subsystem of the complete gystem may not be tested
within the simulation, Therefore, a means of changing the time scale
of the anslog signal is needed to test a physical subsystem within a
time scaled analog computer gimulation.

In this thesis 8 means of time conversion by sampling the anelog
signal at one rate, storing the samples, and resding the samples out
at another rate is presented., A closed locp test procedure is presented
which requires that the snalog signal be converted to real time before
applying to the physical subsystem under test, and the output of the
subsystem is converted to computer time before being fed back into the
analop simulation. The effect of errors in time conversion on the entire

system is also considered,
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CHAPTER I

INTRODUCTION

A, Analog Simuletions and Testing

An analog simulation is one of the most powerful tools available
to an engineer for the testing of a design before and after system
construction. Such simulations can include the overall dymamic char-
acteristics of a system, or they can simulate the physical components
themselves, part by part. A very valuable technique for analog simu-
lations is the replacement of components and subsystems by the actual
devices, and testing under conditions closely eapproximating actual
operating conditions. This technique considerably reduces the time
required to arrive at e satisfactory design, and is also economical
because the entire system does not have to be constructed before testing.

For example, in the testing of & breadboard design of &n autopilot,
as described by Prince (13), the airplane, gyro, and airplane control
system are simulated on the analog computer. Such a simulation is
diagregmmed in Figure 1. In this test the simulated response of the
gyro to the simulated airplane motion is fed into the breadboard design
of the autopilot, and the output of the autopilot is supplied to the
simulation of the airplane control system. The simulated output of the
control system is then fed back into the simulation of the airplane.

By this simulation large amounts of data car be obtained quickly
in a form that can be readily interpreted by an engineer, and the
decision to conduct flight tests of the design can be based on the
success of the simulator studies. Thus, much time and money can be

saved by testing the design without construction of the complete system.
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FIGURE 1

Simulation setup to evaluate the performance of a breadboard desigm of
an autopilot




B. Limitations of Analog Testing

A definite limitation in testing a physical subsystem with an
analog simulation is that the analog computer must operate in real time.
This detracts greatly from the advantages of analog simulations because
in & simulated model time may be scaled., When physical subsystems are
tested in the simulated model, conditions must be employed that closely
approximate environmental conditions. Thus, real time operation is
requireds In the simulation setup of Figure 1 the analog simulation
of the airplane, gyro, and the airplane control system must compute
in real time to test the breadboerd design of the autopilot. In a
time scaled analog simulation actions that are too fast to follow on
the computer may be slowed down to operate on the computer, and actions
that are too slow mey be sped up to computer speeds.

C. OCbject of the Thesis

The object of this thesis is to present a method of testing a
physicel subsystem with an enalog computer simulation computing slower
than real time, 8uch a method is diagrammed in Figure 2,

In the simulation setup of Figure 2 a computation cycle is performed
by the repetitive, slow speed, analog simulation and the output of the
simulation is fed into & time compression circuit. The time compression
circuit converts the slow computer time to real time. Then the real
time signal is epplied to the physical subsystem under test, and the
output is converted to computer time by the time extension circuit.

At the same time the output of the time extension circuit is fed back
into the analog simulation and another computation cycle is started.
By repeating the computetion cycles the system will reach & solution.

However, in some cases the system may diverge rather than converge,
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Simulation setup to test a physical subsystem with a slow speed analog
simulation of the model



and no solution will be obtained., When a solution is reached, useful
data for the physicel subsystem are obtained.

This thesis presents a method for converting the time scale of
a signal by sampling the analog signal at one rate, storing the samples
in a memory, and reading the samples out at another rate. A closed-
loop test procedure is presented in which the output of the simulation
is time compressed before epplying to the physical subsystem under
test, and the output of the subsystem is time extended before being
fedback into the analog simulation. The effect of errors in time

conversion on the system performence is also presented.



CHAPTER 1I
REVIEW OF THE LITERATURE

Analog computer simulations are & powerful tool for the testing of
complex systems. Such simulations reduce the problem of test meas-
urement and recording to connection of ordinery laboratory instru-
ments, end computers ere designed to meke the changing of simulated
process effects emsy end fast. Simulation testing ie also advantageous
because the real system need not be constructed for testing. This is
economical and leads to better design because all ideas may be tested
before construction. Also the time scale mey be changed on analog
computers. That is, if the simulatlon frequencies exceed the capabilities
of the computer, then & time transformation must be mede that slows the
sirulation down, or speeds it up, whichever is necessary (10) and (15).

By placing breadboard designs of portions of the system in
place of their simulated counterparts, the system mey be tested futher.
Prince (13) points this important factor out in the testing of an
autopilot. For this test the motion of the plane, response of the gyro,
and the control system are all simulated on an analog computer to test
the performance of an autopilot. This method of testing is advantageous
in that it is economical and no personnel are endangered by the test,
This article also points out that such teste are limited to real tinme
operation of the analog computer.

To achieve more accuracy and higher speeds of operation enalog
computers have been cowbined with digitai computers for testing (4) and
(8). These hybrid computation techniques possess all of the adventages

of enalog techniques plus the added speed, accuracy, and memory of



digital methods. Truitt (17) has designed an enalopg-digital computer
which is very effective in the prediction and control of missile
flight peaths,

The use of a high speed iterative analog computer in a control
system was first proposed by Ziebolz and Peynter (19) and (20).

Their means of control was to first predict the future variable,
assuming no change of the disturbances during the computation cycle,
and control the high speed model rather then the real plent. The
control action is then sampled and the real time plant is controlled
with a servo which reduces the control valve travel rate bty a factor
equal to the ratio of the two time scsles,

A special purpose high speed iterative analog computer is
commercially available, and its use for high accuracy reel time
prediction is described by Stern (16). In this process the high speed
output of the computer is sempled, the samples are then stored in a
memory and readout for a period much greater then the sample period.
By this means, & real time version of the high speed output is obtained.
The method of sampling the iterative signal and reading the sample out
for a long period of time to achieve time extension 4is achieved by a
sample and hold circuit (3), (5) and (9).

In e closed-loop test of a physical subsystem with a time scaled
analog computer it is necessary to have both time extension and time
compression. The time compression may be achiesved by storing the
informetion in an analog form, and reading the information out faster
than it was read in (2) and(6). Another method of time compression
is to sample the analog signal, convert the semples into a digital
code, and compress the coded samples by circulating them through a

delay line (14).



In this thesis the time compression method of circulating digital
pulses through a delay line loop end & semple and hold circuit are
combined with the proper control generators and analog to digitel
converters to test a physical subsystem with a time scaled analog

computer,



CHAPTER III

TIME CONVERSION

A. Introduction

The frequency response of the individual snalog elements limits
the highest natural frequency which can be simulated with fidelity on
en enalog computer, When a simulation operates too fast (the operating
frequency is above the cutoff frequency) it becomes necessary to slow
the simulation down by time scaling., Time scaling mey also increase the
speed of computation for slow responding systems to the cutoff frequency
of the computer. Thus, the output of an anelog computer is bandlimited
et the cutoff frequency of the computer, fe .

If a physical subsystem is to be tested within a closed-loop,
time scaled, enalog simulation, the problem is to convert the output
of the computer to real time before applying it to the subsystem under
test, and to convert the output of the subsystem back to computer time
before feeding it back into the computer. Wwhen the computer is operating
in slow time it is necessary to first time compress the output of the
computer, and then to time extend the signal before feedbeck into the
computer, The steps necessary for time conversion of a bandlimited
analog signal with a Fourier transform F(‘). are determined by
sampling the analog signal and changing the frequency of the sampling
pulses, If the analog signal is sampled at one rate, the samples stored
in a memory device, and readout at a faster rate, the signal is time

compressed and the frequency extended., If the samples are read out at

*The symbolism for the Fourier transform is the same as used by Hancock (7).
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a slower rate, the time scale of the signal is extended and the frequency
compressed, The Fourier transform is relsted to the time domain

function § (<€) , by Equaetion 1,

Fee) = f feere o £ (1)

A time domain function and the corresponding Fourier transform are
riven in Figures 3 and 4 respectively.

B. Sampling Theory

The signal f{(¢) is now sampled with & periodic pulse train,
S(¢) with & unit megnitude. That is, the product of §(€) end
S(€) is taken in the time domain. The resultant signal $(4) S (&)
will appeer in the time domein es & periodic pulse train with amplitudes
proporticnal to the amplitude of the sirmal K(+)e This product is
illustrated in Figure 5 with the envelope of & (&) superimposed.

The Fourier transform of the sampled sifnel (&) S(4) is X(F) 3

where

X({(f) = /*ﬂa 5¢¢) 6“/“1{0/& (2)

—&
From the derivation in Apnendix A, S/€) 1is expressed as a Fourier

gseries of the form

- Sin (nw. "A;r-) 4 Nws t

AT 2
st Z o € ()

Nz oo a2

where
Wo = AT Fo (&)
|

,[o = - (5)

and AT is the pulse width,
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The sampled signal is then given by

éw s AT Sin (n s AZT) (anot(é)
At) = F@)S = (&Y = (r o ézl—)
N~ o>
and the corresponding Fourier transform becomes
g ™ -1 (o #wxjé
= AT Sun bo-4F) OIS o
(£) = f é A
X o L T (nwe &N
Interchanging the order of the summetion and integration leads to
= Sm (50°JQI) = —g(w -pw,)t
AT Z d 9
X(f) = —F 2 (ras AT feey € s (8)
N = on ° "z —o»

Since [ (%) has been expressed ss

FCey = [jf(é) € e (9)

the last term of Equation 8 is simply F (%) shifted to h w.or

-/'éJZf

n £o. This term is then expressed as F(¢ — h{:g). Thus,
AT 2“ Sin (ns 'ézl)
X(£) = ™ .. pwe AZT)

A sketech of X(§) versus frequency is given in Figure 6. The

F(S - nSo) (10)

n

magnitude of each of the terms of Equation 10 is determined by the
AY
Sim (nwe )
(’) wo _42-_‘:.)
From the preceding results, it is apparent that F (£) and

magnitude of the multiplier, .
consequently (%) can be reconstructed from X(£) by filtering about
zero frequency with a bendwidth of f< . A restriction on the sampling
rate, fo, is also obtained from Figure 6. The sampling rate must

» such that the spectrum about n f. does not overlap the spectrum of

’\-') go . That 18,
‘Fo "‘>" Z'gc (11)

The above derivation does not show how the time scale of a signal may
be changed, but how a bandlimited si-nel may be represented by a train

of pulses.
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The frequency domein of the transformed waveform
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Coe Time Scale Chancing

To change the time scale of the analogr signel the frequency of
the pulses is changed after the sampling has taken plece. The frequency
change is achieved by storin; the samples in & memory and reading them
out at a different rate. That is, the period, T, of the sampling
pulse train is compressed or extended to form & new pericd T,

where T is related to T by

T = @7 (12)
and & is known as the time conversion fector. By changcing the period

the frequency is alsc changed,

1 ‘Fo

fo = 4 (13)
. w o

We = a (14)

By revlacing T by T' and Wo by o in Egquation 6, a new

time domein function X '(4) is obtained.

) o AT Sin(nws E5) 6“”“}" ¢
X'(¢) = é £ ¢¢) — (,)wol A'r) (15)
= -~ oo ?
Replacing T by QT and we by We/a . {
- o
! < s AT sl ) g4 16)
QZ(¥) = a7 pn loo é;E) (
Nn=-oo a2
The corresponding Fourier trensform for tiie new time domein function
becomes Nw oy -~ . N,
oz S ., (———a 2 -éa——) -J(&)—‘-ﬁa )l‘
X (f) T oaT ( & ) e (17)
he- oo a 2

From the above equation it i: noted that changing the period after

sempling changes the scele of X (). Thet is,

X(F) = X (&) (18)
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By use of a theorem of Fourier trensformations,

Fl s@o] = = F(=)

Equation 17 transforms into the time domain as

?-([X(éﬂ - axed (20)

The frequency spectrum of the new time domain function « X(a¥)

(19)

appears as in Figure 7.

By filtering about zero frequency with a bandwidth Sgéi a
time domein signal ;{é) is formed. Since filtering about zero frequency
on the originel frequency spectrwm,‘X(4>, reconstructs the original
time domain signal, ¥(é) s filtering ebout zero frequency on the new
frequency spectrum, X(-ﬁ) s forms a time domain function which is

related to the oripginal time doemin function by Equation 21.

;(f) = L C(a+) (21)
Thus, if @ is greater than unity, the time dozain of (& is
extended, Also, if & is less than unity, the time domain of
is compressed
Therefore, to change the time scale of a bandlimited signal,
the signal is first sampled and then the period of the train of pulses
of the sampled function is changed. The amount the period is changed,
A 5 must give a scale change suffiicient to convert from computer time

to real timee.



CHAPTER 1V

TIME CCMPRESSION

A. Introduction

To compress the time scale of & signal the method developed in
Chapter 1II is used, That is, the signel is sampled at one rate, and
the specing between the samples compressed,

The simplest means of compression would be to compress the samples
directly retaining the amplitude of each sample, Because of possible
losges in the storage necessary for compression this method is not
feasible. To avoid the errors due to possible losses in storage =a
binary code is formed from the sampled data of the analog signal.

It is this binery code which is compressed rether than the samples
themselves.,

B. Analog to Digitel Conversion

The conversion to & binary code is accomplished by an analog to
digital converter. An analog to digital converter is divided into two
besic operations, quantizing and encoding. The function of the quan-
tizer is to yield a fixed voltage output when the input voltage falls
between two predetermined values. The encoder tekes the output of the
quantizer to form a binary code word corresponding to the voltage
range for the two predetermined velues. It is these code words which
are compressed.

The binary code formed by the encoder is a set of digital pulses
on parallel lines. The number of parallel lines depends upon the
accuracy and range over which the converter must operate, A more

detailed explanation of an analog to digital converter is given in
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Appendix 3, From this point on, since the compression technigque for
eacn patn of the binery code is identical, the ccupression will be
described for only one digit.

C. The Time Compressor

Time compression is not & continuous operation; thet is, only
a predetermined interval csn be compressed, and the compressed output
cannot be obtained until after the complete interval has occurred.
Therefore, to compress a portion of & continuous bandlimxited signal, it
is necessary to gate the snalog input such thet bursts of the analog
signal ’T; seconds long separated by A< second intervels reach thre
time compression loop. The cbiect of the time compression loop is to
compress each | second Lony interval into an interval A Tg seconds
long., The amount of tiwe compression is then _7%4532. This compression
ratio must be sufficient to convert computer time tc real tine.

The corplete tire corpressicn loop is shown in Figure 8.
The control senerator sates the snalog signal with & pulse | s seconds
ON and A7V seconds OFI'e Tre rated signal is then applied to the input
terminals of the anelog to digital converter. This converter samples
trhe incoring signal st s rete S, where S, is greater than twice
the limiting frequency of tre input, and forms the corresvonding cinary
code, The first digital pulse, Te seconds wide, passes into an CR
sate and then into an AND cate. The CK pgate allows pulses coming from
the converter or pulses being fed back tec enter the AND gate. In tre
AN rete the pulses are strobed by a high frequency clock pulse. The
purpose of this clock pulse is tc convert the digitel pulses into
equivalent hirh frequency sifnals thet can pass t' rough the delay line.

The output of tie AND gate is then fed int: an amplifier where the
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A time compressor using a delay line storage
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modulated pulse is shaped to energize the delay line. At the output of

the line the pulse is first amplified before being allowed to pass

through the AND gate by the circulate enable pulse. After this the digital
pulse is fed back into the delay line through the first CR gate.

The length of the delay lime is selected so that the second
digital pulse coming form the encoder is fed into the delay line T
seconds after the first pulse is fed back into the line. The process
of circulating the digital pulses through the line is continued
until o-) pulses are stacked together on the line. The amcunt
of time compression, o , is the reciprocal of the time conversion
factor, A . The time compression factor is related to the delay time

by the expression

e = LN (22)

Te +~ T
Where | is the period of the sampling pulses and also the digital

pulses, The delay line loop is opened by the absence of the circulate
enable pulse which is epplied to the AND gate, and the pulses are
allowed to pass through the readout AND gate by the presence of the
readout pulse. While in the readout AND pate the pulses are agein
strobed by the high frequency clock pulse before being passed into

the digital to analog converter. The strobing at this point is to

time and reshape the pulses., During the readout time of A Te
seconds the o th pulse coming from the encoder passes into the delay
line and into the readout gate without being circulated. This technique
converts a set of o pulses for a burst \s seconds long of the analog

i P
signal into an enelog signal ‘A& or A T4 seconds long.



The process of time compression is illustrated in a more detailed
manner by the pulse sequence diagrams of Figures 9 and 10, Figure ¢
shows a set of o< dipital pulses with width T.spaced T seconds
apart., Superimposed above the oL pulses is the circulate enable pulse
which is Tg seconds long. These pulses are stacked together in the
delay line as they circualte through the loop. Fipgure 10 shows the
output of the delay line after 37 seconds or after pulse # 1 has
made two loops. The pulses continue to circulate in the delay line
until there are o -~/ pulses stacked on the line or the first pulse
appears at the output of the line for the CX‘Q!A”time. At this
time the circulate enable pulse turns CFF and the readout ensable
pulse turns ON. The readout cnable pulse is the inverse of the circulate
ensable pulse., Refering to Figure 8 it is seen that the circulate
enable pulse and the readout enable pulse are obtained by delaying the
control rating pulse a time equal to the delay of the analog to digitel
converter, The readout enable pulse allows the o -/ pulses on the
line to be fed into the digital to analog converter through the read-
out enable AND rate., The o¢ 2%'digital pulse passes through the
deley line and directly through the readout enable AND rate without
beins fed back into the delay lina. This compresses the o samples
of the analog signal Ty seconds long into & period A Tg seconds lonc.

D. Requirements of the Compressor

From the previous discussion and Figures 9 and 10 some new
relationships for the time compression factor & are obtained.
The spacing between the code pulses times the compression factor rust

equal the length of the burst to be compressed.

Ts = o T (23)
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FIGURE 9

The digital pulse output for one channel of the analopg to digital
converter with the circulate enable pulse superimposed above

VOLTS

¥ ] L

T 27T 37T TIME
FIGURE 10

The output of the delay line for the first 37T seconds
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S8ince the spacing of the code pulses is equal to the reciprocal of the
sampling frequency, ., , &nd also the smepling frequency must be
sreater then twice the bandlimiting frequency, <. , Equation 24

follows directly from Equation 23.

. S . (24)
—r; %0 - 2-’<;c.

Equation 24 gives & very useful relationship between the bandlimiting

frequency, the compression ratio, and the length of the burst to be
compressed., This equation is, however, misleading. It shows that

the burst to be compressed cen be incressed without limit as &

is incresased far any given bandlimiting frequency, S,'C o Equetion 24
does not account for a change in the sampling frequency, £, , with

8 change in the compression ratio. Since the compression process of
the digital pulses compresses & pulses into en interval | seconds
long, the compression factor times the period of the compressed pulses,

Te « T » must equal the period of the sampling pulses, T~ , or

T = &(Te s+ Tg) (25)
For the best performance | o approaches zero, and
T = AT (26)
or
Ne = 2> 2 S (27)

A Ve

Equation 27 shows that the sampling frequency is inversely proportional
to the compression factor. Substituting from Equation 26 into Equetion 24

a2 limit is obtained for oK .
}
B o e
= BT, (28)

The above equation is the required restriction on -« which must be

satisfied before any of the preceding equations involving the sampling
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frequency and the interval to be compressed can be applied.

Time compressors mey be rated by the following factors: their
dynemic range, distortion, noise, bandwidth, end magnitude of input
segment. ‘When using an analog to digital converter the first three
depend solely on the characteristics of the converter, since the time
compression is achieved in a digital manner. By using e large number
of quantum steps properly tapered, it is possible to obtain a

compressor with a large dynamic range and a low noise level.



CHAPTER V

TIME EXTENSION

A. Introduction

To extend the time domain of an analog signal the method developed
in Chepter III is employed, the analog signel is sampled, the samples
are stored, and the frequency of the samples is then decreased. A weans
of time extension is to store the samples and read the samples out
for a period much longer than the sample period. This process is
illustrated in Figure 11 for a repetitive input. Part A of Figure 11.
shows the repetitive input and the sampling pulses. The length of one
cycle of the input is AT, seconds, and the sampling frequency, ¥. ,
is the reciprocel of the signal length plus the width of the sampling

pulses, T, .

. = ‘ (29)
ATs + 1V,

Part B of Figure 11 shows that a time extended version of one cycle
of the input is obtained by holding and reading out each sample for
AT, seconds, The waveform of Part B is a step function, but with a
good low pass filter the waveform becomes a time extension of one
cycle of the original waveform.

From Figure 11 it is also noted that @ -/ of the gate control

pulses must equal the time of the original analog signal, or

ATy = (a-1)T, (30)
Since i-._, must be greater than twice the bandlimiting frequency S

Equation 29 can be rewritten as in Equation 31.
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VOLTS

TIME

PART A
FIGURE 11

A repetitive signal and the sample periods

VCLTS

i
|
1

«— T, + ATS—)! TIME

PART B
FIGURE 11

The time extended output of one cycle
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\
> - 1
2 f. £ % =+ ATy o (31)

or
AT. < & -/ (32)
- = 2aif;
Equation 32 gives the restriction on the length of the bandlimited
analog signal to be extended, and Equations 29 and 30 give the require-
ments on the sample period and the sempling frequency. Each of the

preceding equations ust be satisfied for conversion from real time

to computer time.

Be The Sample and Hold Circuit

A circuit which achieves this type of time extension is a sample

and hold circuit. A sample and hold circuit is & circuit which semples
an analog voltage 2t a well defined point in time, then provides a
non-destructive readout of this voltage sample for a relative long
period of time. Such a system consists mainly of a storage device,
a system for reading the information into storage, and a system for
reading the information out of storage without seriocusly disturbing
it until readout is comp}ete. A block diagram of & sample and hold
circuit is shown in Figure 12,

The sample eand hold circuit shown in Pigure 12 operates by a
pulse from the gate control opening the gate allowing the signal from
the input amplifier to charge the storage capacitor. After sufficient
time has elapsed to bring the charge on the storapge capacitor very
near its final value, the gate closes, thereby preventing futher change
in charge on the storage capacitor. The output amplifier is provided
to read the voltage on the storage capacitor without destroying the

voltage present.
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A sample and hold circuit
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¢, BRepetitive Readout Memory pevice

For tne time extension to taske place os described in the precedi
‘agr.ph, the analog voltage miat be repetitive so that sach sample
is taken during a short interval, compared to the hold time, after *h
preceding sample, That is. an snelog signal ATs secords long is fec¢

into e memory device which provides & repetitive readout, and this
output is sampled by a pulse train with a period AT 4+ T,. Each
sample, 1, seconds long, is hcld and readout for ATy seconds.
This procedure gives a time extension of AT‘/ T, » This time
extension must be sufficient to convert reel time to computer time,

The repetitive readout memory device which is necesseary for the
input to the sample and hold c¢ircuit consists of a delay line AT<¢
seconds long with positive feedback. For the repetitive memory device
shown in Figure 135, gate #1 is opened and gate #2 is closed as the signsl
is read in. After the signal AT; seconds long is passed through gate #
gate #1 is closed and gate #2 is opened. With sate #2 opened the
signal is readout at the readout point again, also &8s long as gate #2
is opened the signal continues to circulate through the delay line loop.
The delay line amplifier has sufficient gain to restore the signal to
its original amplitude at the readout point. Thus, the delsy line loop
illustrated in Figure 135 provides a repetitive readout of the original
signal when the gates are opened at the proper times.

D. Limitations of the S8ample and Hold Circuit

The limitations of & semple &nd hold circuit as noted by Eddins (5°
are diagrammed in Figure 14. The input and output amplifiers have
limited voltage handling capabilities which limit the dynamiec range of

the system The D-C drift and pain drift cause errors which 1imit the
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A repetitive readout memory device
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FIGURE 14

Limitations of a seample and hold circuit
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resolution of the system. 7The finite response times limit the minimum
sample time, and the leskage from the storage capacitor places restrictions
on the maximum ratio of the sample period to the hold period.

The average leakege current, I, , during the hold period
through the closed gate and the output amplifier causes & charpge loss
on the storage cepacitor., This loss ceuses the stored voltage to
decrease by AV volts over the hold period, AT seconds. This

voltage is given by

L. AT (33)
C

For optimum performance AV nust be very small compared to the system

AY =

resolution. Since A T3 can be large, the problem is to have a low
leakage current,

When the capacitor is charged the voltage must change from an
initial velue of [, volts to a finel value of [ , volts. The

net change in charge is then given by
AQ = c(Ez- E.) (34)

If the charging time is T, seconds, and the charging current is

Ae , the net change in charge is also given by

AGQ = [T'z'c o

Combining the last two equetions

(E. - Eo) = "CL“ fot/'c S (36)

If the charging current is epproximately constamt during the charging

(35)

period, T. s the last equation becomes

I T
E, - L,) = ——— (37)
( Ee) -
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Equation 38 follows directly by substituting from Equation 33 into

Equation 37.

- _ T I,
(Elz Elo‘) - ‘3‘\(‘z&%sz:- (38)

Equatioc:. 38 shows that the maximum voltage change during the charge
period is determined by the system resolution, the ratio cf the
charge time to the hold time, and the ratioc of the charge current to
the leskage current.

The output impedance and stebility of practical amplifiers mey not
be adequate for high resolution systems. If such is the case, negative
feedback must be employed. This feedback could either be a loop
around the entire system or around the input and output eamplifiers,
Whichever type of feedback is employed, the opening of the gate places
& virtual short circuit upon the input emplifier causing it to go into
current saturation, and charpging the hold capacitor at a constant

current, | The change in voltage after time 7 is given by

Lo T
E = = (39)

As E: approaches a final value the amplifier comes out of current

c.

saturation. From this time until the gate closes, the cepacitor charges
toward its final value., If the change occurs at T, , then the

voltage at the closure of the gate is given by
- -7

E. .= Eo- (E.-E.- ETe) ¢ RS (ko)
Where [ _ is the voltage on the cepacitor when the gate opens, E,
is the voltage on the capacitor when the gate closes, [ is the sum
of the dynamic resistances of the input amplifier and the gate, and
E 2 is the final value toward which the capacitor is cherging. The

entire charging process as given by Eddins (5) is shown in figure 15,
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FIGURE 15

The charging of the storage capacitor



CHAPTER VI
A COMPLETE TEST SYSTEM

For testing with an analog computer operating in slow time it is
necessaery to time compress the output of the computer before applying
the signal to the subsystem under test, and then to time extend the
output of the subsystem before feeding the signal beck into the analog
computer. Because the time conversion is not a continuous operation the
anelog computer must compute for a predetermined intervel, and the
feedtack signal must be timed properly to reach the computer as a new
computation cycle is beginning., The diagram of Figure 16 is the complete
block diagram for testing a subsystem in & closed-loop, slow-time ,
analog simulation. This diagrem combines the analog computer, time
compression loop, time extension circuit, and the necessary control
generators,

when an snalogr computer is time scaled the computer time, T ,

is related to real time, e s by
T = X (41)

For & computer to compute in slow time & must be greater than
unity., By the time conversion technique of Chapter III a time scale

change is made &s indicated by Ejuation 42,

at = axt (42)
Since it is desired that Ejuation 42 transform computer time into
real time, the product of <« & must equal unity, Thus, using the
technique of Chapter IV, & is adjusted such that

w8 == (£3)
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FIGURE 16

A complete time sceled analog computer test system
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If this is done, computer time is transformed into real time. Also,
the extension ratio of the sample and hold circuit must be equal

to the time scale factor of the computer. This is because the time
trangformation of the sample and hold circuit must transform real
time to computer time,

For the anelog simudation and the time compression loop to operate
in synchronism both are turned ON and OFF by the same control generator.
This control generator has a period of I seconds ON and A T: seconds
CFF, and this output controls the time compression loop as described
in Cheapter 1IV.

Up to this point no mention has been made of the voltage or
power level of the analog signal which is applied to the subsystem.

The analog computer is assumed to have an output near its maximum
output voltage level, which mey be an amplitude scaled outpute. The
analog to digital to analog conversion system is assumed to have a
sufficient range to handle the analog signel, and the amplifiers within
the loop provide sufficient amplitude to circulate the digital pulses
through the loop, and have no effect on the megnitude of the output.
Therefore, an amplifier must be supplied to provide the necessary
signal level before applying the signal to the subsystem under test.

As the output of the digital to analog converter is fed through
the amplifier and the subsystem, the readout eneble pulse is delayed a
time interval equel to the deley of the converter, and the amplifier.
Then as the analog signal is coming out of the system, the delayed
readout enable pulse opens gate #1 and closes gate #2 of the repetitive
readout memory device, This sets the repetitive readout memory device

into operation as described in Chapter V. Since the readout enable
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pulse is the same length as the time compressed signal, this pulse

also closes gate #1 and opens gate #2 at the proper time., The delayed
readout enable pulse is also used to trigger & monostable multivibrator,
The output of the multivibrator is then used to turn ON the gate control
generator. The gate control generator has a frequency which allows the
storage capacitor to charge and a proper hold time to give a time
extension of @ e« The pulse duration of the monostable multivibrator
is Ts , long enough to allow complete time extension.

After the signel is properly extended it is fed through another
amplifier and deley line. This emplifier-deley line combination serves
to delay the analog signal such that the signal is just reaching
the analog computer as the control generator starts another computation
cycle, and to provide the proper emplitude to the feedback signal. The
second cycle operates in the same fashion as the first cycle, except
that the output of the computer is different due to the feedback from
the subsystem. This cyclic computation and testing process is repeated
until a solution is achieved and date on the subsystem under test are
obtained, A proper solution will occur when the output for each cycle

is the same,



CHAPTER VII
" ERRORS DUE TO TIME CONVERSICN

In the time scale chenging and testing of & subsystem the analog
signal in computer time is compressed by a factor of ‘:7' before
applying the signal to the subsystem. The output of the subsystem is
then extended by a factor of < and fed back into the analog corputer.
This complete process is illustfatéd by the block diagram in Fi.gure G
In this diaprem and all preceding discussions the éor:pressions and
extensions were assumed exactly f: and o respectively. However,
there is & possibility of error in these time conversions because of
the precise delays end accurately timed pulse generators that are
required. If an error is present, the effect of the error on the

system must be determined.

If the error in X is A« the amount of time compression is

given by

SR, 10D - (43)

A ¥ AKX
where

X 0w e (k)
and the amount of time extension is given by

<
) (45)
%t

oER Yo

where

ot B> ey (46)
Denoting 21l values of the signal that have an error in X present
with & subscript £ , the value at point 2 of Figure 17 is given by

Lk ( 5 ) (47)

(S L\“/“
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The portion of the test system external to the enalog computer



The corresponding values for points 3 and 4 are

I 1
AS! ( | = Adyo()

(48)

and

o<

/L\-&( (i 4 Aayd>( | Ad,/a>> (49)
The above expressions show that the input to the subsystem and the feed-
back signal are both in time scale error due to the errors in o< .
If these errors are small enough not to effect the time or frequency
response of the system under test, they ere acceptable.

To determine the effect of the time conversion errors on the test

system the Laplace transform of the portion exterior to the analog

computer is studied. Since

[ feo]
L[ Scary] - L oFs) (51)

the desired transform of the input is given by

J[A(«{;ﬂ = L A(D) (52)

the transform due to errors becomes

(e STAIC I 2D R TG s Al s]
2

I

F<S) (50)

and

(228 =3

considering the term (53)
I+ A Aoy _ i e AT + (A, Ao,
( /ol)( | 4 o) = I 4+ o (A, + A=) 4 615(4) D

and since

|
A

(At &%) D (55)

—~~_/ )
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Equation 54 now becomes

A o

= OHod
(’ * pery )( L+ dl) % { 4+ ﬁ‘z ( A o<, +A.>(,_3 (56)
Using the above mpproximation the Laplace trensform of the output

due to errors in <K becomes

‘4"i(Adw+AdO re I 3 (A, + Ac
Az( t Ao) 33(57)

X
The desired transfer function is given by

A (=) (58)
c (=

and the transfer function due to time conversion errors is cgiven by

> (=
C (=)

From the above two expressions it is noted thet the errors in time con-

(59)

version act only to shift the poles and zeros of the test block and to
change the gain of the test block. The change in gain can be compensated
for by additional amplification, and the effect of the shift in poles
and zeros is determined by considering the poles and zeros of the
complete system. That is, the amount of shift or error in the poles and
zeros of the subsystem which canexiet and yield favorable test results
is compared with the shift due to errors in time conversion. Also if
Ad, and A, are equal and of opposite sign, the overall effect on

the complete system is epproximately zero.



CHAPTER VIII
CONCLUSION

From the preceding chapters it is noted that the testing of =
subsystem with en analog simulation is not limited to real time
computation. Repetitive bursts of analog computatior in slow time can
test a subsystem in real time, if time compression and extension methods
are used. Using these techniques a completely new field of analog
testing comes into view,

With the time compression methods of Chapter IV the length of the
burst ot be compressed, the sampling frequency of the compressor,
and the width of the digital pulses required can all be calculated
knowing the bandlimiting frequency end the time scale factor. The
sample period and hold period can also be found knowing the band-
limiting frequency and the time scale factor for the time extension
circuit. It is also noted that the amount of time conversion is limited
only by the width of the digital pulses and the sample period. Thus,
the size of the time scale factor is limited only by the design of the
analog to digital converter and the sample and hold circuit,

Although this new method opens a completely new field of analog
testing, the design and cost of the special equipmwent are no easy ~r
smell matters. For added flexibility the equipment rust be designed
such that: (1) the analog to digital converter has a very narrow digital
pulse and the sampling frequency is variable; (2) the delay line is
variable; (3) the smaple period of the sample and hold circuit is
adjustable to very small values and the hold period is variable;

(4) the ON and OFF times of the control generator are variable.
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If the design employs these items, the equipment will have a variable
time conversion, and the effect of errors in time conversion can be
determined by the method of chapter VII. All rates and logic circuits
must have a fast turn ON end turn OFF time to handle the required pulses,
end the deley of these circuits must be known to properly time the
circuit,

The use and need of testing with a time scaled analog computer
will be the determining factors in the construction of the time

conversion test equipment.



APFENDIX A

The Sampling Function

A periodic sampling function S(¢) is specified for one period

as follows:

S¢t) = 1.0 0t AV, < T (1A)
S(H) = O ATp<t < T = 8T/, (2a)
sS(¢)y = Je0 T-2T/< t < T (34)

It is known that S(#)may be represented in the frequency domain by
frequencies N/1T where — o < w < oo + The magnitude of each of

these frequency components may be evaluated by first determining C, 3

Thus,
ST f W
_ ~d ‘
c, = J sy, € /¢ (44)
C = — AN - €.d. e Aa’—r] (54)
h A NWo
S/n /)&Ja 4-—;"’)
C, = AT { < S (6A)

(n . AT)

The complete form of the Fourioer Series for $(¢) can now be written

as follows.

= S (”“’0—421‘) J N W
S({) = %T—- 2 &

(7a)
NZ - o0 (h Wwo -éi—-r)
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APPENDIX B

Analog to Digital Converter

In time scaled anslog testing an analog to digitel converter is
used in the time compression loop. This analog to digital converter
forms a binary code for each voltage sample taken and places each
binary digit on a separate parellel line. The overall operation as
outlined in Chapter IV is performed by the circuit of Figure 18,

For the purposé of illustration the formation of e three-digit
binary code is described. For good fidelity 6 or 7 digits are necessary.
A three digit system forms a different binary code word for each of
8 voltage levels., An example of & binary code with a range from zero
to 40 volts is given in Table I,

To form the binary code given in Table I the quantizer must first
determine what level the given sample is inj this is accomplished by
various means of wvoltage comparison with ramp voltages, staircese
voltage, or separately timed pulses. The quantizer then puts out a
pulse on one of 7 channels corresponding to the respective voltage
level. There is no channel for the zero level because no digits are
required for this level. The encoder then forms the required binary
code for the given level., The simplest means of achieving this is to
place the pulse of the quantizer on each of the required channels,

This process is disgrammed in Figure 19,
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An analog to digital converter
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LEVEL MID=-LEVEL LEVEL LIMITS OUTPUTS

VOLTS VOLTS B
0

0 2¢5 0
2

1 7.5 0
10

2 12.5 1
15

3 175 1
20

4 225 1
25

5 2725 1
30

6 22.5 0
35

7 275 o)
4o
TABLE I

Voltage levels of the quantizer and the digital codes




OUTPUT
OF THE -
QUANTIZER

Y

' 4

Y

FIGURE 19

A three digit encoder
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DIGITAL
OUTPUT
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Digitel to Anslog Converter

The purpose of the digital to analog converter is to convert the
incoming digitel pulses into the relative voltage level represented by
the particular pulse combination. In this system the digital pulses
defining each voltage level or sample occur simultaneously on three
parallel lines. Each line drives a flip-flop which is turned ON by
the presence of a digital signal pulse on the line., Midway in time
between the signal pulses, & reset pulse is fed to the flip-flop on
another line in order to turn OFF the flip-flop. A diagram for one
digit is illustrated in Figure 20.

The normal and complementary outputs of each flip-flop are then
matrixed together in a series of AND gates, according to the desired
code, as shown in the block diagram of Figure 21, At any instant of
time only one gate is open and only one level of voltage passes
through the OR gate common to all the AND gates., The output of this

OR gate is then filtered to obtein the time compressed analog voltage.
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FIGURE 20

-flop conversion For the digital to enalog converter
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