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Abstract

A fast and accurate 420 Khz phase measuring circuit has been
developed and is documented. The circuit is part of a laser
based continuous wave modulated optical distance measuring system
(CW-Lidar). Using a crosscorrelation scheme, the circuit ex-
tracts the phase angle information from a 420 Khz sine wave ob-
scured by noise. To minimize integration time, the undesired
high frequency components resulting from the crosscorrelation
operation are eliminated by harmonic cancellation instead of low
pass filtering. The circuit then converts the phase angle in-
formation to target distance based on the wavelength of the modu-
lating signal. The target distance is displayed digitally.

The relations between the signal to noise ratio of the noisy
received signal, the accuracy of the resulting distance measure-
ment, and the integration time involved are derived and discussed.
System error is evaluated. Methods to improve system performance

are investigated.
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]. Introduction

A light detection and ranging system (Lidar) using amplitude
modulation of the light carrier can make distance measurements to
a target in the same manner as conventional radar. For certain
applications it is better to give the carrier a continuous sinu-
soidal AM modulation rather than pulsina it. This results in a
higher resolution of small distanée chanages. However, informa-
tion about absolute distance is lost. Such a system, usina licht
as the carrier, is most properly called a continuous wave Lidar
(CW-Lidar).

A CW Lidar system, of which the phase detector, as described
in this paper, is a part, has been constructed by Eberhardt and

[1,2]

co-workers and is outlined in Figure 1. The operation of

the system is as fo]]oﬁs. A helium-neon laser beam (A) is direct-
ed by a lens (B) through a LiTaO3 crystal which is a part of a
microwave resonant cavity (C). A sinusoidal signal of approxi-
mately 3.82 Ghz is generated by a microwave oscillator (r), émp]i-
fied (Q), and applied to the cavity (C),. resulting in the AM modu-
lation of the laser beém intensity by the microwave signal. A
fraction of the modulated 1ight from this modulating cavify is
then split from the main beam (D) to serve as the reference sia-
nal. The main beam is focussed into a collimator (F) which

is adjusted to expand the beam and refocus it at the target (1).

2
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The expanded beam is guided by one mirror (G) to a second mirror
(H) attached to a telescope (J) at the center of its objective
lens. The beam is launched to the target from this second mirror.
Light reflected from the target is gathered by the telescope and
is focussed through a second L1Ta03 crysta] which is a part of a
second microwave resonant cavity (K). A second microwave signal
is generated by another oscillator (R), amplified (S), and applied
to this second cavity (K). The difference frequency between the
two microwave oscillators (P and R) is phase locked (T) to a
420 Khz crystal oscillator (U) so that the microwave frequencies
remain exactly 420 Khz apart. Therefore, the resulting light
signals emergina from this second crystal include a component at
the 420 Khz difference frequency which has the same phase as the
reflected microwave signal. This 420 Khz component is detected
by a photomultiplier tube (L) and constitutes the received sianal.
The fraction of light that was split off as a reference signal
(D) 1s directed (E) through another LiTaO3 crystal which is also
a part of the demodu]ating cavity (K). The 1ight sianals emerging
from this crystal include a component again at the 420 Khz dif-
ference frequency which has the same phase as the reference signal.
This 420 Khz component is detected by a second photomultiplier
tube (M) and constitutes the reference signal. A subsystem (N)

accurately measures the phase difference between the received



and reference signals. This subsystem then converts that phase
measurement to a corresponding distance measurement and displays
the measurement to complete the Lidar system. The design and
development of this subsystem is the subject of this paper. A

functional block diagram of the subsystem appears in Figure 28.



2. System Overview

2.1 Optimum Phase Detection

To determine and ultimately display the relative target dis-
tance measured by the Lidar system, the phase difference between
the reference and received sinusoidal intermediate frequency sia-
nals must .be measured. Due to the presence of quantum Boise in
the received sianal, as-well as receiver noise, the detector
chosen should be capable of optimally extracting the phase angle |
of the 420 Khz sinewave in the shortest possible time. It can be
shown[3] that the optimum detector for such a condition is one in
which the noisy received signal is simultaneously compared to
reference sinusoids with all the possible phase angles. The refer-
ence sinusoid making the closest approximation to the received
signal then indicates the received signal's phase angle.

One way to implement such a detector would be to crosscor-
relate the received signal with a reference sinusoid of the same
frequency. Crosscorrelation involves shifting one waveform in
time with respect to a secoﬁd waveform andiprovides a measure of
the sfmilarity between the two waveforms as a function of the time
shift performed.t4] Since a time ;hift for a sinusoidal signal
cén be also interpreted as a phase shift, corréTation in this case
would provide a measure of the similarity between the received
signal and the reference signal as a function of the phase shift
~ between them, which is exactly what an optimum detector is required

=,

6



to do. . '
For periodic signals, the expression for the crosscorrelation

function is given by

- 1 T/2
X.lz(t) =T IT/Z f1(t) fz(t-'r) dt ,

where f](t) and fz(t) are the functions to be crosscorrelated and
T is the period of f](t) and fz(t). To find the crosscorrelation
function between the received and reference signals, the expres-
sions for the received and reference signals must be substituted
into the above equation for evaluation. The reference signal is
written in the form b cos(wt+y). The received signal is of the
form a cos(wt+8) + n(t), where n(t) represents a noise component.
By replacing the reference signal's phase angle y by (6-¢),

the single variable ¢ now represents the phase difference between
the two signals, which is the ultimate information to be obtained.
Rep]acing ¢ by wt transforms the phase difference ¢ to a propor-
tional time delay 1, required by the crosscorrelation process.

By substituting the expressions a cos{wt+e) + n(t) and

b cos(w(t-t)+¢) for f](t) and fz(t) and evaluating the intearal
(as performed in the appendix), the function %g-cos¢ is obtained
as the crosscorrelation function. .This function does indeed pro-

vide a measure of the phase angle between the two signals, and can

be further processed to evaluate ¢.



2.2 Crosscorrelating Detector Schemes

Upon implementing a detector using just the above crosscorrela-
tion function, the following difficulties arise. First, the in-
verse cosine function required to recover ¢ has a periodicity in
only 180°. Hence, there will be ambiguities over half of the
possible 360° interval available from the crosscorrelation process.
Also, another type of ambiquity results for a crosscorrelation
function value of zero. This can indicate either a 90° phase
difference or no correlation at all, which would be the case if
the received signal disappeared. To overcome these ambiguities,

a second signal can be derived‘by crosscorrelating the received
signal with a quadrature version of the reference sianal. The
resulting function would be proportional to sin¢. These two out-
put signé]s will allow a fu]i 360° resolution of the angle ¢.

Another difficulty lies in the fact that the amplitude of the
received signal, a, can vary, depending on the refléctivity of
the target. These amplitude variations will affect the value of
the crosscorrelation function just as changes in ¢ do, Therefore,
amplitude variations must somehow be distinquished from phase
changes so that errors do not result when computina ¢ from the
function value.

Figure 2 shows a block diagram of a phase detector usina cross-

correlation to produce two outputs proportional to sin¢ and cosé. .
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This phase detector first agenerates a qugdrature version of the
reference signal by introducing a 90° phase shift in that sianal.
The incoming received signal is then multiplied separately by
both the original reference signal and the quadrature reference
signal. The low pass filters eliminate the 2wt terms and the
final outputs are then the two desired functions proportional to
sin¢ and cosé.

This scheme can be modified as shown in Figure 3 to replace
the low pass filters by harmonic cancellation of the 2wt terms.
This scheme requires one additional signal, a quadrature version
of the received signal, two additional multiplications, and two
summations. Four products are formed by multiplying together
each possible combination of a reference sjgna] énd a received
signal. By summing the two products containing the'%E cos¢ term
and subtracting the two products containing the %g-sin¢ term the
higher frequgncy components at 2w add to zero in both cases, leav-
ing only the signals proportional to sin¢ and cos¢. This harmonic
cancellation process gives the same result as low pass filtering
the 2w frequency component. In this second scheme, low pass fil-
tering still is optional. It would impréve the mean square devi-
ation of the angle reading but would increase the time necessary
for one measurement.

In either approach, further averaging of the ab cos¢ and

ab sin¢ information over an interval can be handled in a dioital

10
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manner. In both approaches a step change in ¢ results in a tran-
sient. In the first scheme the transient occurs at the low pass
filters. In the second scheme the transient occurs at the 90°
phase shifter. At this time, no conclusions have been drawn as
to which approach would handle such a step change in ¢ in the best
manner. The harmonic cancellation approach was the approach

chosen to construct the detector.

2.3 Elimination of Initial Amplitude Dependences

The next step in the phase measurement operation is to re-
trieve the phase angle ¢ from the sine and cosine information
provided by the crosscorrelation. However, before implementing
the inverse sine and cosine functions, the dependence of the cross-
correlation functions on the amplitude, a, of the received signal
should be eliminated. Changes in a or b could be falsely inter-
preted as a change in ¢. Since both of the correlation signals
broportiona] to cos¢ and sin¢ have the same amplitude, forming a
ratio of the two signals will eliminate the dependences on a and
b. This operation will create a new trigonometric function,
either the tangent or the cotangent of the angle ¢ depending on
how the ratio is formed.

Although forming a ratio solves the problem associated with

initial amplitudes, it creates a new problem when implementing the

12



new inverse function. The old functions, sine and cosine, have
ranges from minus one to plus one inclusive. The tangent and co-
tangent functions each have ranges which span from minus infinity
to plus infinity, an interval which will be much harder to work
with. However, since the tangent and cotangent functions are
reciprocals of each other, one of the two always lies between
minus one and plus one inclusive. Therefore, if both functions
are formed simultaneously by doing two separate divisions, one
quotient will always be in that convenient minus one to plus one
range, and that quotient can be used to determine ¢. Note also
that when one quotient is %1, the other must also be +]1 so that
at and only at the very endpoints of the minus one to plus one
range either quotient could be used to determine 4.

A block diagram for the implementation of these divisions
is shown in Figure 4. Since a simple analog divider will not re-
main stable when allowed to operate over all four quadrants, the
divisions will be limited to two quadrants by taking the absolute
value of the denominator signal before dividing. This will insure
two quadrant operations because the~denom1nator can never be neg-
ative. Therefore, strictly speaking, the functions formed by.thé’
two divisions are really T%%g%ﬁ-and'TE%%§1. Graphs of these two
functions also appear in Figure 4. From these curves it can be

Seen that both of these functions are periodic in 360° intervals

13



ab sine ANALOG DIVIDER sine
1% Numerator Teose[
Quotient >
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O AeifbgTE Denominator
sin
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FIGURE 4 Analog divisions to remove initial amplitude

dependences and the resulting functions.
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and that one of the functions is always'in the range minus one to
plus one.

An analog circuit that generates as output the absolute value
of its inbut signal is essentially a full wave rectifier. The
accuracy of such a circuit usually becomes quite poor for input
signal levels around zero due to nonlinearities when crossing from
minus to plus and vice versa. In light of this fact, the above
mentioned divisions should be examined to determine when their

quotients may be affected by such errors. From Figure 4, it can

cos
sing

intervals 45° to 135° and 225° to 315°. In these two intervals,

be seen that ¢ is determined using the quotient over the
the value of sin¢ is always in the range .707 to 1.000 or -.707

to -1.000 and does not go throuah or even approach zero. So, in
these two intervals there should be no inaccuracies resulting

from taking the absolute value of sin¢ as the denominator function.

Over the remaining two intervals, ¢ is determined using the quo-

sin
cos¢|”

in the range .707 to 1.000 or -.707 to -1.000 and does not qo

tient In these two intervals the value of cos¢ is always
through or approach zero. So, in these remaining intervals there
should also be no inaccuracies resulting from taking the absolute
value of cos¢ as the denominator function. Thus, the use of abso-
lute value circuits will not affect the accuracy‘of measuring any

anqle ¢.

15



2.4 Samplina

sing

The two signals TboséT'a"d OS¢

[sine|
for conversion to digital form for further processing as shown in

will have to be sampled

Figure 5. Each signal is converted independently by its own sample
and hold amplifier and 12 bit analoag to diaital convertor. The
sample and hold amplifier output follows the analog signal input
until the amplifier receives a sample and hold command. At this
time, the output freezes at its current value, essentially sam-
pling the input signal, and remains constant so that the analog

to digital convertor can digitize the sample. Once the sample is
converted to digital information, the sample énd hold amplifier
output again follows the input signal until another command is
received. .

The sampling rate will be limited primarily by the conversion
time of the analog to digital convertors. With reasonable effort
it is difficult to accurately sample and convert with 12 bit reso-
lution in a time shorter than 25 microseconds. This conversion
time is roughly ten times longer than 2.38us, one period of 420
Khz. Hence, at least 10 periods of 420 Khz will occur between
sample times. It is ?uite‘important to properly relate the sam-
pling rate to this 2.38us period of 420 Khz because the signals
beina sampled will contain spurious amounts of the 420 Khz signal

and its harmonies resulting from inaccuracies in the previous

16
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multiplications and summations. If there are no 1ntegré] rela-
tions between the sampling rate and 420 Khz, a periodic variation
in the distance reading will result. |

The following scheme was devised to generate'a sampling rate
which is both related to the spurious 420 Khz period and allows
for adequate conversion time. With timing derived from the 420
Khz reference, a sampling clock generates a sample and hold';om-
mand every 15 %%—periods of that 420 Khz reference or eveny(
37.95us. Therefore, with respect to the 420 Khz period, samples
are taken at 16 evenly spaced instances throuahout the period, as
shown in Fiqure 6. Each new sample is taken %g-of a period sooner
than the previous sample was taken. Thus, the sample times for
every group of 16 consecutive samples span exactly 1 period of
420 Khz. By accumulating the samples in groups of 16 for averag-
ing, any contributions in the sample values due to spurious
420 Khz signais will sum to zero because the average value of a
sinusoid when effectively sampled over one or more periods is
zero. As also shown in Fiqure 6, every aroup of 16 consecutive
samples span exactly 2 periods of 840 Khz. Therefore, the ac-
cumulating of 16 samples for averaging will also eliminate any

contributions to the samples from 840 Khz spurious signals.

18



420 Khz
PERIOD

840 Khz
PERIOD

LTI 111111

16 1514 13 1211 10 9 8 7 5

SAMPLE NUMBERS

FIGURE 6 The sample times of a aroup of 16 samples with respect to
the 420 Khz and 840 Khz periods. Sample 1 is arbitrarily

referenced to the zero crossina for {llustration purposes.
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2.5 Angle Computation and Distance Display

The remaining operations required to interpret the phase
angle, average the samples, and display a relative distance
measurement are outlined in Figure'7. The two analog to digital
convertors provide a 12 bit digital representation of each of
the sampled signals T%%E%T and §$§¢ . Since the sampled sia-
nals can be both positive and negative, the convertors are con-
figured in a bipolar mode. For this reason, the most sianificant
bit from the convertors can be interpreted as a sign bit. Also,
for sample values exceeding the input range of the convertors,
overrange signals are generated to indicate the validity of the
convertors' output data.

One of the two digitized signals is selected by a two to one
selector based on the conditions of the overrange signals. The
selected function output is used as an address for a PROM lookup
table, in which is stored the inverse triconometric function to
determine 4. Data from the lookup table represent the phase angle
whose function appears as the address. It is only necessary to
store a principal branch of the function, from -45° to +45°, be-
cause the additional quadrant information can be determined from
the sign bits and the selected function. Based on these three
signals, arithmetic logic units add or subtract the proper constant

to the angle, to place it into the correct quadrant. The final

20
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fully decoded angle value is then summed.into an accumulator to
await averaging}.

When the 16 samples to be averaged have been converted and
accumulated, the resulting sum in the accumulator is divided by
.16 to provide the averaged value of the phase difference ¢. This
value is then scaled to the actual distance by digital multiplica-
tion with a selectable constant determined in the following way.
Due to the reflection from the target, the phase of the received
signal changes 360° for every change in target distance of one
half the wavelength of the microwave‘modulating frequency. There-
fore, the scaling constant required to convert an angle measure to
distance measure 1is givgn by the expression §%%s-or 7%-33 where A
is the wavelength of the microwave modulating frequency. If i is
specified in millimeters, the distance measure will be in milli-

meters. The final product of this multiplication is then dis-

played on an LED readout as a distance measurement.

3. Crosscorrelating Phase Detector Construction

3.1 Preamplifiers

N

A crosscorrelatina phase detector for the phase measurement
system has been constructed using the harmonic cancellation

scheme. The detector uses Analog Devices Model AD429B wideband

22



analog multipliers and National Model LHQOZ4 operational ampli-
fiers to implement the required analog operations as outlined in
_Fiqure 8. The reference and received signals are each buffered
and amplified if necessary by a wideband preamplifier composed of
an LHO024 operational amplifier. A schematic of the preamplifier
appears in Figure 9. The preamplifier can provide up to 40 dB of
gain over a 7Mhz bandwidth with the frequency compensation net-
vork shown. An offset adjustment is provided to null the output
voltage to zero for zero input. A test point on the output is
provided for alignment. Finally, the power supply inputs are by-
passed to ground with filter capacitors.

The preamplifiers boost the amplitudes of the received and
reference input signals to 10 volts peak before further processing.
This peak value was chosen to utilize the full dynamic range
available from the analog multipliers.

After construction, the preamplifiers were tested to experi-
mentally measure their gains and phase delays at 420 Khz. A
maximum gain of 38.5 dB and a phase delay of 17.0° were measured
for the reference signal preamplifier. A maximum gain of 38.4 dB
and a phase delay of 20.4° were measured for the received signal.
preamplifier. The phase delays aphear to be troublesome because

they will produce an additional 3.4° phase difference between the

23
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FIGURE 9  Buffer amplifier and phase shifter schematics.
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reference and received sianals as these signals pass through the
pr?amplifiers. fhis additional phase difference remains constant
at 3.4° regardless of the true phase difference between the sig-
nals because the preamplifier delays are functions of frequency
only, and the signal frequencies remain constant at 420 Khz.

This 3.4° difference is then simply an offset which translates
into a movement of the absolute location of the zero point of the
distance measurement scale by %é%-or about 1 percent. Since at
this time the final distance measurement is only to be a relative
measurement, offsets or shifts in the entire scale are unimportant.
Therefore, the phase delays due to the preamplifiers do not re-
sult in errors for relative distance measurements and will not

have to be compensated for.

3.2 Phase Shifters

The two quadrature signals requirved for the crosscorrelation
are derived from the buffered input signals by applying each buf-
fered signal to a unity gain phase shifter using an LH0024 opera-
tional amplifier. A schematic of the phase shifter appears in
Figure 9. The resistor-capacitor network (an integrator) at the
input to the operational amplifier can be adjusted to provide a
90° phase shift between the input and output sianals at 420 Khz

with unity gain. The operational amplifier is compensated for a
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20 dB gain by the 20pf éapacitor, the 5pf feedback capacitor, and
the .1uf output capacitor. With this compensation the bandwidth
is about 2 Mhz. Again, an offset null adjustment, an output test
point, and high frequency bypass capacitors on the power leads
are provided for each phase shifter.

After construétion, the phase shifters were tested and ad-
justed for 90° phase shifts with unity gain at 420 Khz so that the
output of each phase shifter is a quadrature version of its input

at the same amplitude of approximately 10 volts peak.

3.3 Analog Multiplications

The analog multiplications between received and reference
signals are performed by four Analog Devices Model 429B wideband
multipliers. The function realized by each multiplier is %%3
where X and Y are the two analog input signals. These multipliers
have a rated 3 dB bandwidth of 10 Mhz and a full bandwidth of
2 Mhz. Over this frequency range, full accuracy of .3% of full
scale can be achieved with external trimming. This fiqure in-
cludes the effects of irreducible errors due to undesired leakage
from the input Signa]s through to the output signal, a situation
referred to as feedthrough. Based on this accuracy figure, the
amount of spurious 420 Khz signal observed at the multiplier

output should not exceed 30mV peak for 10V peak inputs.
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Figure 10 details the circuitry reqyired for each multiplier,
including the external trimming controls required to achieve
highest accuracy. The X balance and Y balance adjustments com-
pensdte for DC input offset voltages and the output balance ad-
justment nulls the output voltage to zero for a zero input simul-
taneously on the X and Y inputs. The power supply inputs on each
multiplier are bypassed to ground by high frequency filter

capacitors.

3.4 Harmonic Cancellation Summations

The products from each multiplier, as shown in Table 1 under
Figure 10, contain both a DC term proportional to either sin¢ or
cos¢ and an 840 Khz term proportional to either sine or cosine.

As shown back in Figure 3, by properly summing these products, the
terms at 840 Khz will cancel, leaQing only the DC terms propor-
tional to sin¢ and cosé.

The two products containing the 840 Khz terms that are pro-
portional to the cosine are added using an LH0024 operational
amplifﬁer configured as a summing amplifier. A schematic of this
summer appears in Figure 11. This circuit adds together the prod-
uct signals at its inputs, forming.a DC output proportional to
cos¢. The circuit is designed to sum each input with unity gain.

The operational amplifier is therefore compensated for unity gain
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- 0-15V
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FIGURE 10 Schematic of an AD429B analog multiplier with
external trimming adjustments.
Table 1
Multiplier X Input Y Input , Output
Number (Reference) (Received)
1 10 cos(wt+o-¢) | 10a cos(wt+e) 5a cosé
+ 5a cos(2uwt+26-¢)
-2 10 sin(wt+6-¢) | 10a sin(wt+e) 5a €osé
-5a cos(2wt+26-¢)
3 10 sin(wt+e-¢) | 10a cos(wt+e) |-5a sin¢
+ 5a sin(2wt+26-¢)
4 10 cos(wt+o-4) | 10a sin(wt+e) 5a sin¢
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FIGURE 11  Summing and differencing amplifier schematics.
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by the two 33 pf capacitors, the 2.2pf fgedback capacitor, and
the .1uf output capacitor. The bandwidth with this compensation
is about 7 Mhz. Power supply bypass capacitors, an offset ad-
justment, and an output test point are again provided for this
summer.

Since a gain of exactly unity for both input signals of
this summer was desired, precision resistors were used in con-
struction. After construction was complete and Pesting begun,
tHe 2002 precision resistor was added into the feedback loop to
trfm the summer for best accuracy.

The two products containing the 840 Khz terms that are pro-
portional to the sine are subtracted using an LH0024 operational
amplifier configured as a differencing amplifier. A schematic of
this circuit appears in Figure 11. This circuit subtracts the
product at its inverting input from the product at its non-invert-
ing input and forms a DC output proportional to sin¢. The circuit
is designed for unity gain and therefore the operational amplifier
must be compensated for unity gain. The compensation is identi-
cal to that used in the previously described summer, namely the
two 33pf capacitors, the 2.2pf feedback capacitor, and the .luf
output capacitor. The bandwidth aéain is 7 Mhz. Power supply
bypass capacitors, an offset adjustment, and an output test point

are all provided.
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Since a highly accurate differencing amplifier was desired,
precision resistors were again used in the construction of this
circuit. After construction was complete, initial testing dis-
closed that it was necessary to‘add both a .7pf capacitance and a
1.85Ma resistance onto the noninverting input as shown in Figure
11 for best accuracy.

The output of the summing amplifier, 10a cos¢ and the output

from the differencing amplifier, 10a sin¢ are DC levels that can "

range from -10 to +10 volts peak depending upon the values of ¢
and a. Also present in the outputs are spurious sianals at both
420 Khz and 840 Khz. The 420 Khz signals result from the pre-
viously mentioned multiplier feedthrough errors from the input
signals. The 840 Khz signals are due to incomplete harmonic

cancellation during summing or differencing operations.

3.5 Precision Rectifiers for Absolute Values

The dependence on a of the sin¢ and cosé signals is elimi-

sing Cos¢
cos¢ and sing

recover ¢. However, as detailed in section 3.6, the analog cir-

nated by forming the ratios which are then used to
cuitry performing these divisions requires that the signal used
for the denominator be restricted to positive values only. There-
fore, two precision rectifiers are used to form the absolute
values of the signals to be used as denominators. Figure 12
shows the basic rectifier circuit. For Vin negative, the first
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operational amplifier will attempt to drjve its output positive.
The feedback diode D] will turn on and clamp that output to ap-
proximately .7 volts. Diode D, is reverse biased for any positive
output voltage and is therefore off. Hence, the resistors R2 and
R3 are in series. Both ends of this series combination are at
virtual grounds due to the operational amplifiers. Therefore, no
current can flow through these resistors and the voltage VO.I must
be zero. The second operational amplifier is configured as a
standard inverting summing amplifier, with its output given by the
equation R 2
Vo2 = 'ﬁ‘i“’m 'Tz‘j‘vin'

Since Rg = Ry = 2R, the equation simplifies to V02 = -2V01 - vin'
For V; negative and therefore Vo.I zero, the equation reduces to
Voo = 'Vin which is the absolute value function for V1n negatiQe.

For a positive V;, input, the first operational amplifier
will drive its output negative. The feedback diode D, will be
reverse biased and therefore off, while diode D, vi]] be forward
biased and therefore on. A current of magnitude ﬁ%ﬂ-will flow
through both R] and R2 since their junction is at a virtual
around and current can flow nowhere else. Therefore, the voltage

Vo1 must be - ﬁ%n'RZ = 'vin' since R] = R2' Recalling that
Vo2 = 2Vgy - V4, and replacing Vyy by -V, reduces the equation
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for V02 to V02 = vin’ which is the absolute value function for
vin positive. Therefore, the precision rectifier circuit shown
in Figure 11 indeed produces as its output the absolute value of
“its input signalvfor both positive and negative inputs.

Type LM301AN operational amplifiers and type 1N914A switching
diodes were chosen to construct each precision rectifier whose
full schematic is shown in Figure 13. A1l operational amplifiers
_wére compensated for unity gain using single pole compensation by
placing a 33pf capacitor between pins 1 and 8. Al1l operational
amplifiers have power supply bypass capacitors and offset null
adjustments. The circuits were constructed using precision re-
sistors because the condition R] =Ry, =Ry = R5 = 2R3 must be
met for best performance.

As previously mentioned, the accuracy of such precision
rectifier circuits can become quite poor around zero volts. Also,
as previously shown, ovgr.the intervals in which each ratio is to
be used, the denominator trigonometric function of ¢ is always
between .707 and 1.000 or -.707 and -1.000. Since the amplitude
of these functions is 10, the voltage inputs to the precision
rectifier circuits over the ihterva]s of interest are between 7
and 10 volts or -7 band -10 volts.. Since these ranges do not in-
clude the region around zero volts, there will be no.errors re-

sulting from inaccuracies encountered in that zero volts region.
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3.6 Analog Division

The divisions to eliminate the dependence on initial ampli-
tudes can now be performed. Each two quadrant analog divider was
constructed using an analog multiplier in the feedback path of an
operational amplifier, as outlined in Figqure 14. The following der-
ivation of the transfer function for such a configuration shows
that analog division is indeed accomplished. The multiplier
produces the function |

Yy
The voltage V] causes a current I of magnitude ' to flow through
both R resistors. The junction of the two resistors is a virtual
ground due to the operational amplifier. Therefore, VM must also
be equal to -IR = -V]. Thegefore -V] = !99%622 . So]ving for
Vout results in Vout = -10 v%u
At first glance it would appear that a divider created in
this manner would work in all quadrants. However, if VM and Vx
have different signs, the multiplier looks like a negative re-
sistance in the operational amplifier feedback loop, and insta-
bility results. To keep the signs of VM and nythe same, VY must
be restricted to positive values only. A similar analysis for an -
analog divider using a non-inverting operational amplifier con-

fiquration leads to the same result that one of the two signal
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FIGURE 14 Implementing analog division usina an analog
multiplier as the feedback element of an

operational amplifier.
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inputs must be unipolar, restricting the divider to two quadrant
operation.

The dividers were constructed as shown in Fiqure 15 usina
Zeltex model ZM606 multipliers and type AD30TALN operational
amplifiers. The ZM606 multiplier has a 500 Khz 3 dB bandwidth
and an accuracy of .25% with external trims. The X,Y null adjust-
ment compensates for static feed-through errors. The output zero
adjustment nulls the output for a zero input on the X and Y inputs.
The gain adjustment trims the multiplier's gain. The type AD301ALN
operational amplifier is again compensated for unity gain with a
33pf capacitor. An offset null adjustment is provided. Both the
multiplier aﬂd the amplifier have bypass filter capacitors on the
input power leads. Precision resistors were used to achieve
highest accuracy.

Table 2, under Figure 15, lists the two input signals to and
the output signa} from each divider. Each divider output,

-10 z:2¢ or -10 ggz¢ will be used to determine ¢ when that

~output is in the -10v to +10v range because only then is its ratio

- _sing cos¢ . _ .
|cos¢T'°r [sine] in the desired -1v to +lv range used to determine

¢ as discussed in the overview. The following sample and hold
amplifiers and analog to digital convertors are therefore con-
fiaured for a -10v. to +10 input level ranae. However, the divider

outputs may be as large as =15 volts. So, to avoid a drastic
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_15vé NULL
FIGURE 15 Analog divider schematic.
Table 2
Divider ,v] v2 vout
(Numerator) | (Denominator)
sin
1 10a sing |10a cos¢| -10 oS¢
2 102 cos¢ [10a sing| -10 :°:¢
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overdriving of those followina amplifiers and convertors, the
output of each divider is limited to a range of approximately
-11 to +11 volts by two 1N4741A 11 volt zener diodes and a

91a resistor.

3.7 Sampling and Analog to Digital Conversion

Each of the quotients -10 232¢ and -10 :?:¢ is simul-
taneously sampled and converted to a 12 bit digital code by the
sample and hold amplifier and analog to digital convertor combina-
tion shown in Figure 16. The SHA1134 is an Analog Devices aeneral
purpose sample and hold amplifier and the ADC1133 is an Analog
Devices 12 bit 25us conversion time successive approximation
type analog to digital convertor. The command to sample is re-
ceived by the convertor which then controls the amplifier mode.

Upon receipt of the rising edge of the sample command, the.
convertor initializes its conversion sequence and sets the STATUS
and MSB outputs low, and the STATUS and BIT 2 through BIT 12 out-
puts high, requiring a maximum time of 100ns. Conversion does
not begin, however until the trailing edge of the sample command
arrives. The STATUS output 1ine is connected to the mode control
inbut on the sample and hold ampli%ier. The high to low transition
of the STATUS output durina the convertor's initialization causes

"the amplifier to sample its analog input sianal and hold that
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sample value at its output. The time delay from receipt of this
mode control transition to the onset of the hold mode, called
aperature delay, for the SHA1134 is 50ns maximum. The output
settling time to 0.01% of its final value is 1us. Therefore,

the conversion of this sample value should not begin until at
least 1.050us after the STATUS high to low transition. This re-
quires the sample command to be at least 1.150us long so that the
trailing edge does not arrive too soon.

Once the trailing edge of the sample command occurs, the
analog to digital convertor begins to create a digital code pro-
portional to the sample value. The oufput lines are set in order,
starting with the MSB line. When the LSB 1ine is set, the STATUS
and STATUS outputs return to low and high levels respectively,

and the conversion is complete. The time required for conversion

- is 25us.

when the STATUS output transitions back to a high level, the
sample and hold amplifier output again follows the analog input.
The time necessary for the amplifier output to acquire the input
signal to 0.01% accuracy, called acquisition time, is 4.1us max-
imum. Hence, the next sample command should not occur until at
least 4.1us after the previous conQersion is complete. Therefore,
the maximum rate at which samples are taken should not exceed one

sample every 30.25us to insure adequate times for settling and
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conversion. This criterion is easily me; by the sampling scheme
devised in the system overview, which requires that a sample be
taken every 37.95us.

The SHA1134 has a gain of +1, $0.04%. Since the analog volt-
age range from the previous divider circuits is -11 to +11 volts,
the sample values at the amplifier's output will range from -11
to +11 volts. The droop rate of the amplifier's output while in
the hold mode is a maxihum +200mV/S. This means that during the
25us conversion time, the sampled output will change at most by
+5uv.

The ADC1133 is configured in a bipolar input mode over an
input voltage range of -10 to +10 volts. Table 3 lists several
analog input voltages and their corresponding digital outputs,

which are in an offset binary code.
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Table 3

Analog Input Digital Cutput

+9.9951v IERERARARARE!
+5.0000v 110000000000
+0.0049v 100000000001
+0.0000v 100000000000
-0.0049v | ORERERRRRER
-5.0000v 010000000000
-9.9951v 000000000001
-10.0000v 000000000000

For any analog inputs of +10 volts or more, the convertor generates
all ones as output. For any analog inputs of -10 volts or less,
the convertor generates all zeroes as output. The quantizing
error for the convertor is t% of a least significant bit, or
2.45mV. Two external trims, labeled offset adjust and gain adjust,
are provided to properly calibrate the convertor.

To sample according to the scheme previously outlined in the
system overview, the circuitry shown in Figures 17 and 18 was de-
signed and built to generate a sample command every 15%%-periods
of 420 Khz. The reference for sampling is obtained from the
420 Khz reference signal. The reference is converted to a TTL

compatible square wave using an LM311 comparator. This comparator
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has independent ground connections to 1t§ internal input and out-

put stages, which enables the input to reference the analog system
ground and the output to reference the digital system ground.

The comparator is configured to produce a high logic output when

the 420 Khz reference is positive-and a low logic output when the

420 Khz reference is negative. The invertor following the comparator
is there to insure sharp transitions at the square wave edges.

The resulting invertor output is a 420 Khz clock synchronized to

the reference signal.

To divide the 420 Khz period into 16 divisions, a digital
phase locked loop is used. The loop consists of a type MC4044
phase-frequency detector, a type MC4024 voltage controlled multi-
vibrator, and a fype 7493 4 bit counter. The phase detector com-
pares the trailing edge transitions of the 420 Khz clock to the
trailing edge transitions of the 4 bit counter output and produces
a control voltage proportional to the frequency and phase differ-
ences between them. This control voltage is low pass filtered by
the RC network around the phase-frequency detector and is applied
as the control input to the voltage controlled multivibrator.

The multivibrator produces a higher frequency square wave output
proportional to the controlling 1nbut voltage over a frequency
range determined by an external 33pf capacitor. To close the

loop, the high frequency square wave output is applied to the
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input of the 4 bit counter, which is configured to count to 16.
The counter generates one square wave output for every 16 square
wave inputs. To lock the_loop, the counter's output must match
the master clock's output in both frequency and phase. The multi-
vibrator must therefore run at a frequency 16 times greater than
420 Khz, or 6.72 Mhz when the loop is locked. Hence, a 6.72 Mhz
clock, which is synchronized'to the 420 Khz clock, is created by

" this phase locked loop.

An out of lock signal is also available from the phase de-
tector. This signal, high when the loop is locked, goes low as
soon as the input signals do not match. The out of lock signal
is buffered by two invertors to drive an LED which lights to indi-
cate an unlocked situation.

Each period of the 6.72 Mhz clock occurs in 1/16 of a period
of 420 Khz. Generating a sample command every 255 periods of the
6.72 Mhz clock will therefore result in a sample being takenl
every 15%%-periods of 420 Khz. Figure 18 shows the circuitry con-
structed to generate the sampling commands and a timing diagram
depicting the output levels of the circuit components during the
interval when each sampling command is aenerated. The zero for
the timing diaaram scale was choseﬁ to coincide with the start of
the 254th period of the 6.72 Mhz clock pulse. A1l propagation

delay times are based on the maximum times specified for standard
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TTL devices.

The two 74161 4 bit synchronous counters are configured to
form an 8 bit coﬁnter which counts the periods of the incoming
6.72 Mhz clock. When the count reaches 255, all 8 output lines
from the counter are high simultaneously. This forces the output
of the 8 input nand gate low. This Tow is on the clear input to
the counters, so all 8 counter output lines are reset to zero.

The nand gate output is therefore forced high again, which releases
the clear. These events take about 100ns or 2/3 of a clock period
to complete, which means that when the next clock transition occurs,
about 50ns later, it will be counted as the number one period in

the next 255 count. The net result then is that the counter

causes a 58ns negative pulse to be generated at the nand gaEe
output for every 255 periods of the 6.72 Mhz clock.

Recalling that the sample command must be a positive pulse
at least 1.150us long, it is obvious that the 58ns negative pulse
cannot be used for this purpose. Therefore, this shorter pulse
is used to control a 7474 D type flip flop which generates the
actual sample command. During most of the count to 255 interval,
the flip flop is set because it was previously clocked during the
8th 6.72 Mhz clock period by the zero to one transition of the D
output of the first 74161 counter. Therefore, Q is low. When
the 58ns clear pulse occurs, the flip flop clears and Q goes high.

The flip flop remains in this state until it is again clocked
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during the 8th 6.72 Mhz clock period by the zero to one transition
of the first 74161 D output. Q then goes low, and remains low
until the next 58ns clear pulse occurs. Therefore, the Q output
from this D flip flop goes high for 1.192us once every 255 periods

of the 6.72 Mhz clock and serves as the sample command.

3.8 Selection of Convertor Qutputs

- - -When each-digital conversion is completed, the convertor out-
put which is not out of range must be selected to interpret ¢.
The AD1133 convertors do not provide overrange signals that indi-
cate when the input range is exceeded. However, recall that the
output code for any input signal greater than or equal to +10
volts is all ones, and the output code for any input signal less
than or equal-to -10 volts is all zeros. One convertor output
can be monitored for these codes. If these codes do not occur,
the monitored output is selected and if the codes do occur, the
other output is selected. It may appear that a problem can arise
using this selection method at the very end of the valid input
range to the monitored convertor, where its input voltage is
exéct]y +10 volts. Here, the output will look like an ovérrange
and the monitoring network will select the other convertor's out-
put. However, as stated in the system overview, both convertor

outputs are simultaneously valid at the +10 volt endpoints and
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either convertor output'may be used to dgtermine ¢é. Hence, there
~ is no difficulty in selecting the other convertor output in this

case.

The circuitry in Figure 19 was designed ‘to select the valid

sin
coS¢

for all zeroes or all ones. When either of these two situations

convertor output code by monitoring the -1 convertor output

occurs, the select line goes high and the 2:1 selectors are set

to select the -1 §$:¢ convertor output. Otherwise, the select

line is low and the -1 sin

coS¢
The independent status signals from each convertor are com-

convertor output is selected.

bined as shown in Figure 19 to produce a single status signal.
This signal remains high until both convertors have finished their
conversion cycles, at which time it goes low. The 2:1 selector
enable inputs are connected to this status line, disabling the

selectors when conversions are taking place.

3.9 Table Lookup to Determine Angle

To determine the‘value of ¢ from the selected convertor data,

sin cos
cosé and -10y¢ n¢

created and burned into 3 type 2708 1K by 8 eraseable programmable

a lookup table for the functions -1 was

read only memory chips. The circuitry for the table is detailed

in Fiqure 20. Eleven of the twelve selected data lines form the

address to the lookup table. The least significant bit data line
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is not used in order to minimize the tab]e size. Ten data bits
of output from the table represent the angle. Since the two
digitized functions have the same basic curve as shown back in
Figure 4, only a principle branch of one function needs to be
stored. The branch ranging from -45° to +45° was chosen. The
status of the select line and the most significant bits from each
convertor prior to selection are sufficient to later place the
angle into its correct quadrant. In addition, since the sign of
the function and the angle agree over the stored -45° to +45°
range, there is no need to store a sign bit for the angle.

The three 2708 memory chips are arranged to form the lookup
table in the following way. Each chip has 10 address line inputs
which are connected to the selected convertor output bits 2
through 11. Each chip also has a chip enable input. One chip
is used to store the lower 8 data bits for negative function
values. A second chip, whose output is connected in parallel to
this first chip, stores the lower 8 data bits for positive func-
tion values. The most significant bit from the selected convertor
output, the sign bit, is connected to the chip enable on the
negative function value chip. The complement of that siagn bit
is connected to the chip enable on-the positive function value
chip. When addressed, one of the two chips is enabled, based on

the sign bit value, and supplies the data bits DO throuah D7.
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The third memory chip stores D8 and D9, the two highest order

data bits, for both positive and negative function values. Out-
puts DO and D1 of that third chip represent D8 and D9 for negative
function values, and outputs D2 and D3 represent D8 and D9 for
positive function values. These two pairs of data outputs are
connected to a 2:1 selector. Based again on the value of the

sign bit, which is connected to the select input line, the selec-
tor chooses the correct pair of data outputs from the third chip
for data bits D8 and D9.

The angles stored in the lookup table are coded in the fol-
lowing way. The minimum value, 0.0° has the representation
0000000000(2) or 0(]0). The maximum value, 45.0°% has the repre-
sentation 1000000000(2) or 512(]0). A1l angles between 0.0° and
45.0° have a proportionally corresponding code between 0000000000(2)
and 1000000000(2). This coding therefore allows resolution of
the angle to .1°. The major advantage to this coding scheme is
that the multiples of 45.0° which will be necessary to move the
angle into the correct quadrant are gasi]y represented as simple
powers of two. For example, the code for 90.0° would be twice
512(]0) which is 210, and the code.for 180.0° would be four times

512(]0) which is 2]]. This fact greatly simplifies the hardware

required to accomplish the quadrant adjustments.
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3.10 Angle Placement into the Correct Quadrant

Figure 21 contains a graph of the selected function versus
the phase angle ¢. Below the graph is a listing of the values of
the select line and sign bits from each converted function for
. every 45° interval. As can be seen, each 45° 1ntervé] has a .
unique combination of these three signals. Table 4.contains'a'1f
listing for each 45° interval of the function to bé performed 6n

the data from the lookup table to place the repr?i:;fjj>angle in

the correct quadrant.

Table 4
Function to be performed on

Correct quandrant for ¢ data from lookup table
-45.0° to 0.0° 0.0° - data

0.0° to 45.0° 0.0° + data

45.0° to 90.0° 90.0° - data

90.0° to 135.0° 90.0° + data
135.0° to 180.0° 180.0° - data
180.0° to 225.0° 180.0° + data
225.0° to 270.0° 270.0° - data
270.0° to 315.0° 270.0° + data

Again, each 45° interval requires a unique function to be per-

formed on the data for that interval. Therefore, the three
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signals from the select line and the sign bits can be used to
generate the functions for each 45° interval.
| An_addition or a subtraction and one of four constants must
be chosen for each of the eight 45° intervals. For the addition
and subtraction, a single signal arbitrarily chosen low for ad-
dition and high for subtraction is sufficient to specify the
proper arithmetic function. Of the four constants, three are
even multiples of 45.0° and are therefore represented as follows:
90.0° by 010000000000(2); 180.0° by 100000000000(2); 270.0° by
110000000000(2). The fourth constant, 0.0°, is represented by
000000000000(2). Bits zero through nine are all zero for all
four constants. Therefore, signals representing just bits ten
and eleven are sufficient to specify the constant, with all
other bits set to zero.

For all 8 45° intervals, Table 5 1ists as inputs the values
of the select line and sign bjts as well as the values for the
addition/subtraction and bit ten and eleven signals to be

generated.
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Table 5

Values of Input Signals Values of Functions to be
Generated
Fﬁﬁlgggn T%%gfl' TE%%%T gggéract Bit 11 Bit 10
sign bit sign bit (0/1)

0 1 0 1 0 0

0 0 0o 0 0 0

1 0 0 1 0 1

1 0 1 0 0 1

0 0 1 1 1 0

0 1 1 0 1 0

1 1 1 1 1 1

1 1 0 0 1 1

By inspection, the desired bit ten signal is fmplemented by
simply using thexselect line. Some combinational logic performed
on the inputs is }equired to realize the bit eleven signal.
Finally, the addition/subtraction signal is simply the exclusive
or function of all three input signals.

To perform the required mathematical functions listed in
Table 4, the circuitry pictured in -Figure 22 was designed. The
three 74181 4 bit arithmetic logic units and the 74182 carry look
ahead generator are confiqgured to form a fast 12 bit adder/

subtractor. The data from the lookup table are presented to the
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Arithmetic logic units and combinational logic

required to implement Table 4 functions.
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B inputs to be added to or subtracted frqm the constant presented
to the A inputs. As previously specified, bits zero through nine
of the constant are set to zero by grounding them. Bit ten is
connected to the select line and bit eleven is realized by the
combinational logic indicated. The addition/subtraction signal,
created by the exclusive or gates, and its complement form the
two required arithmetic logic unit operation codes for addition
(1001) and subtraction (0110). The 12 output data bits from the

adder/subtractor then represents the angle ¢.

3.11 Averaging of Samples

These twelve data bits go to a 16 bit accumulator to be
summed to previous results for averaaing. As shown in Fiqure 23
the accumulator is composed of four 4 bit binary adders and 16
D type flip flops. The new data appear on the A inputs and the
previous sum appears on the B inputs. The adders then compute a
new sum which appears at the outputs. Upon receipt of the leading
edge of a positive pulse on the clock line, the flip flops latch
the new sum which replaces the previous sum and the accumulator is
ready to receive a new input. The flip flop latch can be cleared
by the application of a low level pulse on the clear line.

A1l of the operations from the initial convertor output

selection to the addition performed by the four 7483 adders must
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have time to occur before the flip flop ]atch receives its clock
pulse. Based on figures for standard TTL maximum probagation de-
lays, the times required for the previously described operations
are as follows: convertor output selection, 115ns; table lookup,
485ns; arithmetic operations, 40ns; accumulator addition, 50ns.
Thus, a total delay of about 700ns is required between the status
transition indicating the convertors are finished and the leadinag
edge of the latch clock pulse. The circuitry pictured in Figure
24 was designed to produce the latch clock pulse at lease 700ns
later than the status transition time using existing signals. A
timing diagram showing the signal levels at various component
outputs during one cycle of operation is included in that figure.
A JK type flip flop is clocked by the 1 to O fransition of the
status line when both of the digital conversions are complete.
Since the J input is held high and the K input is held low, the
Q output of the flip flop is forced low enabling the 7490 decade
counter. The counter begins counting the 1 to 0 transitions of the
420 Khz clock connected to its A input. A 7445 decimal decoder
is attached to the counter's output lines. As the counts proéeed;
‘the decoder output corresponding to the decimal value of the
count is forced low for the duratidn of that count, which is
2.38us. The output from line two of the decoder is inverted and

serves as the latch clock pulse. The output from line 3 of the
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decoder is used to clear the JK flip flop which disables the
counter and resets it to zero. No further actions occur until
the next 1 to 0 transition of the convertors' status line, at
which time the cycle repeats. The latch clock pulse is therefore
generated on the second 1 to O transition of the 420 Khz clock.
By e;amining the timing diagram, the delay between the con-
vertor's status transition and the leading edge of the latch
clock pulse can be determined. Since the convertor's status
transition and the 420 Khz clock are independent signals, the
first 1 to 0 420 Khz clock transition can occur from 0 to 2.38us
after the 1 to O status transition. However, the second 1 to 0
420 Khz clock transition must occur 2.38us after the first. There-
fore, the delay between the status transition and the latch clock
pulse may vary from 2.38us to 4.76us. Since every value in this
range of delay times is greater than 700ns, there is definitely
sufficient time for all the required operations to be performed

before the latch clock pulse occurs.

. 3.12 Scaling to a Distance Measurement

When 16 samples have been summed, the 16 bit binary output
from the accumulator is divided by 16 to provide the averaged
value of ¢ to be scaled to a distance measurement and displayed.

This division is easily accomplished digitally by shifting the
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(A

binary point of the output four positions to the left, as each

shift represents division by 2. To accomplish this shift in hard-
ware, the four lower bits of the sum are discarded and the fifth
bii becomes the new least significant bit. Since the remainder

is discarded, the 12 bit quotient produced is the greatest binary
integer after division by 16, with no roundoff. This quotient
then represents the averaged value of ¢.

The final operation to be performed is the scaling of the
averaged value of $ to a distance measurement for display. As
shown in Figure 25 a 7493 4 bit counter counts the trailing edges
of the latch clock pulses to determine when 16 samples have been
accumulated. When 16 counts have occurred, the D output of the
counter clocks a JK flip flop which begins the timing sequence
for the scaling operation. The averaged value of ¢ is presented
as shown in Figure 26 to the X input of a 12 bit by 12 bit TRW
model MPY-12AJ parallel two's complement multiplier.  The pre-
determined constant required for proper scaling is provided at
the Y input of the multiplier by setting the constant select

switches. The product from the multiplier represents the distance

" measurement proportional to ¢. The multiplier truly only performs

an 11 by 11 bit multiplication since the sign bits of the inputs
need only be exclusively or-ed to produce the product sign bit.

Therefore, only the eleven highest order bits of the averaged
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FIGURE 26 Digital multiplier configuration with constant select.
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value of ¢ can be input to the multiplier. The least significant
bit is neglected.- The output from the mh]tip]ier will therefore
only contain 11 valid bits.

The multiplier requires an XY input strobe to latch the
data presented at the X and Y inputs and a product output strobe
to supply the resulting product on its output lines. These
strobes are generated by the remaining circuitry shown in Figure
25 in a manner similar to the one used to create the latch clock
pulse. Once the JK flip flop is clocked, the 7490 decade counter
is enabted by Q and begins counting 1 to 0 transitions of the
6.72 Mhz clock input. On the first count, the 7445 decoder out-
put line 1 goes low for the 149ns duration of the count, generating
after inversion a 149ns positive pulse for the XY strobe inpuf
on the multiplier. On the rising edge of that pulse, the X and Y
input data are strobed in and multiplication begins. The multi-
plier requires 150ns to complete the multiplication operation. To
insure the hu1t1p1ier adequate time to perform the operation, the
inversion of decoder output line 4, which is a 149ns positive
pulse occurring 447ns after the XY d{nput strobe, is used as the
output strobe. On the rising edge of this output strobe, the prod-
uct data begin to appear on the multiplier's output lines and are
valid after a maximum delay of 50ns.

The scaling constant is specified to the multiplier in frac-

tional two's complement format. This format was chosen because
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it is the best way to accomodate a wide range of possible scaling
constants with minimum effort. The first bit pos{tion in the
constant is for the sign. The rehaining 11 bit positions represent
negative powers of 2 starting with 2'] in the first position

after the sign and ending with 2~11

in the last position. These
12 bits can therefore represent decimal fractions from 0 to
+0.9995,in increments of approximately 0.0005. Section 3.14 de-
taiis the procedure for selecting the appropriate constant.

3.13 Display gf_Distance Measurement

The output data are now a binary representation of the
measurement to be displayed. However, the Hewlett-Packard model
5082-7300 LED numeric indicators chosen for display require a
binary coded decimal (BCD) input format. Therefore, the multi-
plier output daté are converted from binary to the BCD format by
eight 74185A binary to BCD convertor integrated circuits as shown
in Figure 27.[5] The coded data are then displayed on the LED
indicators.

Thesg indicators require a negative latch enable pulse of at
least 120ns to update the display for each new data input. The
enable pulse must occur at least 250ns after the multiplier's
output strobe to allow for all the intervening propagation delays.
This enable pulse is provided as shown back in Fiqure 24 by the

7445 decoder output line 7, which produces a negative 149ns pulse
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FIGURE 27 Binary to BCD conversion and display circuitry.
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447ns after the multiplier output strobe. Once the display has
been latched, the system is initialized to accept the first of
the next sixteen samples by clearing the accumulator. This is
accomplished by the 1:-to 0 transition of the 7445 decoder output
line 9, which is connected to the clear inputs of the flip flops
in the accumulator's latch. That transition also clears the JK
flip flop controllina the counter and decoder that aenerate the
149ns pulses. when'that flip flop clears, the counter is dis-
abled, resets to zero, and remains in that state until another
sixteen samples have been accumulated. Since it takes 607us to
accumulate sixteen samples for display, the display is updated
once every 607us. Thus, 1,647 measurements are displayed per

second.

3.14 Constant Selection

As previously mentioned and shown in Fiaures 26 and 27, the
constant required to scale the anale measurement to a distance
measurement is determined by the positions of the sixteen constant
select switches S1 through S16. Four of those switches, S1 to
S4, are each connected to the decimal point input of one of the
four LED indicator's and therefdre‘contrOI the location of the
decimal point in the displayed measurement. Turnina on one of

these four switches lights the decimal point in the correspondina
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indicator. The remaining twelve switche;, S5 through S16, determine
the binary constant fof scaling. Each switch corresponds to one

of the 12 bit positions of the constant. Switch S16 sets the

sign bit. Switches S15 to S5 consecutively set the bit positions

L to 2711,

corresponding to 2~ A switch is set on to place a 1
in its corresponding bit position, and is set off to place a O
there. |

The following scheme is used to determine the proper value
of the scaling constant and therefore the proper positions for the
con;tant select switches. For a measurement to be displayed as a
distance, the wavelength A of the modulating microwave frequency
must be known. Due to reflection from the target, the phase of
the received signal will ao throuah a full 360° for every distance
change of .5x. Therefore, 360° corresponds to a distance of .5\
A full 360° is represented by the digital output 1000000000000(2)
or 4096(]0) from the phase measurement system. Therefore, the
conversion factor, in base ten, from dearees to distance is given
by the ratio j%%gu This ratio is converted to a binary fraction
and switches S15 to S5 are set accordingly. Since the constants
are always considered to be positive, S16 is always off. The
decimal point is located after the.fourth diait, so S4 is on. The
units of lenath of the measurement agree with the units used to

specify A. Note that the actual phase measurement itself can be
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displayed by specifying A as 720mm and interpreting the displayed
result in degrees.

If the decimal ratio turns out to be less than .1, it can be
multiplied by 10 before conversion to a binary fraction in order
to more fully utilize the available bits in the binary fraction.
The displayed measurement can then be divided by ten by shiftinag |
the decimal point to the left by one digit to obtain the original
ratio. This means turnina on S3 instead of S4 when setting the
constant select switches. If the decimal ratio is less than .01,
it can be multiplied by 100 before conversion. The displayed
measurement is divided by 100 by turning on S2 instead of S4. If
the decimal ratio is less than .001, it can be multiplied by 1000
before conversion, with S1 turned on instead of S4 to divide by
1000.

As an example, the scaling constant for a microwave modula-
t{on with a 76mm wavelength is determined. The scaling constant
for this wavelength 1s given by 14§%§%§1-= .009277mm/°. Since
.009277 is less than .01, it 1s multiplied by 100 before conver-
sion to a binary fraction to make maximum use of the available
bits for sca]ihg. The decimal fraction .9277 is then converted
to the binary fraction .11101101106(2).. The switches S15 to S5
are therefore set as follows: S15 on, S14 on, S13 on, S12 off,

S11 on, S10 on, S9 off, S8 on, S7 on, S6 off, S5 off. The fraction
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is considered positive, so S16 is off. $1nce the fraction is
multiplied by 100 before conversion, S2 is the correct decimal
point switch to turn on to properly locate the decimal point in
the displayed measurement. With the constant select switches set
in this maﬁner, the display indicates the measured distance in

millimeters for a 76mm wavelength microwave modulation.

4, Theofetica] System Performance

4.1 System Accuracy

The accuracy of a measurement made by the previously described
system is determined primarily by the accuracy of the analog multi-
pliers used for the crosscorrelation and ratio formation. Analog
multipliers possess nonlinearities which cannot be trimmed out by
external means, resulting in errors in their output signals. The
following analysis is to determine the accuracy of the phase
measurement system for the worst case situation.

The Analog Devices model 429B multipliers have a maximum
irreducible output error of .3% of full scaie, or 30mv, for input
levels on the order of 10v. For input levels less than 7 volts,
this error decreases with decreasing signal, and is approximately
given by the relationship f(VX,VY) = |VX|Ex + |vvlsy, where V,

and Vy are the X and Y input voltage levels and Ex and Ey are the
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linearity errors associated with the X and Y inputs, expressed in

x = EY = 2%

maximum. Since the outputs from two multipliers are added to per-

percent of full scale. For the 429B multiplier, E

form harmonic cancellation of the 840 Khz terms, the 30 mV maximum
errors from each multiplier add to a total 60mV error in each sum.
Therefore, the division of each signal by the other to produce
the ratios -10 2;2¢ and -10 :?z¢ has a 120mV error associated
with it. In addition, the analog dividers producing these ratios
Jhave irreducible output errors due to the nonlinearities of the
- Zeltex ZM606 multipliers. The ZM606 multiplier has an irreducible
output error of .25% of full scale, or 25mV. Howevef, when con-
figured as a divider, that error increases with decreasing de-
nominator voltage by approximately T%§T3 where Vx is the denom-
inator voltage. Since a quotient is only chosen when its denom-
inator's magnitude is between 7.07 and 10.0 volts, the largest
value for the expression T%ET-is 7%87-= 1.41. Therefore, the out-
put error from the analog divider is 35mV maximum. The total
worst case error in each ratio signal is then 155mV, or approx-
imately 1.5% of full scale output.

The slope of the inverse function used to recover ¢ has a
maximum value of 1. Hence, a 1.5%.error in the above ratios will

result in a 1.5% error in the angle ¢ in the worst case. This

translates to a 1.4° uncertainty in the angle ¢. Assuming a 38mm
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half wavelength for the microwave modulating frequency, the cor-
responding uncertainty in distance is 0.15mm.

If a Tow pass filter i1s used instead of harmonic cancellation
to eliminate the 840 Khz terms, the accuracy figure is improved
since the summation of two multiplier outputs is no longer neces-
sary. The improvement in accuracy will be determined for the
same worst case situation just analyzed. The lowpass filter scheme
abain has the initial 30mV error duewto the 429B anajog multi-
pliers. After lowpass filtering, the divisions whiéi.produce the
two ratio signals each have a 60mV maximum error in their quo-
tients. The analog dividers performing those divisions again
have the additional 35mV error in their outputs due to the ZM606
multipliérs. Hence, the total worst case error in the ratio sig-
nals for the lowpass filtering scheme is 95mV. This results in
an angle uncertainty of .86° and a distance uncertainty of 0.09mm
for a 38mm half wavelength microwave modulation. |

There are also errors associated with the analog to digital
conversions and other digital operafions comprising the remainder
of the phase measurement system. As shown below, however, the
effects on.total system accuracy by these errors are small com-
pared to those of the analog mu]tiﬁliers. Each analog to diaital
convertor has a maximum differential nonlinearity error of 1]

least significant bit (LSB) or #4.9mV, and a quantization error
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of :%-LSB or +2.45mV. This differential nonlinearity leads to a

"~ maximum additional uncertainty of .04° 16 the phase angle ¢, which
is negligible compared to the uncertainties due to the analog por-
tion of the system. The quantization error of t%—LSB indicates
the resolution to which the analog voltage can be uniquely dig-
itized. The specified *2.45mV value for this error corresponds

to +.01°, indicating that the 12 bit conversion performed could
resolve the phase angle to within .02°. However, since the ac-
curacy due to the analog circuitry is on the order of 1%, resolu-
tion of the phase angle to .1° +.05° by the digital portion of
the system is sufficient.

The lookup table and arithmetic logic units do specify the
phase angle to .1° +.05°. However, the greatest integer division
involved in the averaging operation always rounds down so that
the final accuracy to which the digital portion of the system can
specify the phase angle is .1° + .1°. The display is only spec-.
ified to .2° + .2° because the least significant bit from the
accumulator cannot be used by the digital multiplier when scaling.
If this multiplier were replaced by a true 12 bit by 12 bit multi-

plier, the display accuracy would also be to .1° + .1°.
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4.2 Effect of Noise on Distance Measurement

The presence of noise in the received signal will cause some
deviations in the displayed distance measurement. An estimate |
of how the mean square deviation of displayed measurements relates
to the signal to noise ratio of the received signal will now be
determined. Methods to decrease that mean square deviation, there-
. by improving detector performance, will then be investigated.

The noisy received signal from the photomultiplier tube is
first passed through a narrowband predetection filter of band-
width Af, centered at the frequency w of the desired incoming
sinusoid. This bandwidth Af is much smaller than w, so that the
output of the filter is the desired signal, Xo cos(wt-¢), and
narrowband noise. Since the narrowband noise is a Gaussian ran-
dom procegs, it can be expressed as x(t) cdswt - y(t) sinmt,[s]
where x(t) and y(t) are the randomly varying amplitudes of the
quadrature noise components. The noise component can also be re-
written as c(t) cos{wt+y(t)) where c(t) and y(t) are the randomly
varying amplitude and phase of the noise component. The expres-
sions relating c(t) and y(t) to X(t) and Y(t) are c(t) =
[xz(t)ﬂfz(t)]]/2 and y(t) = tan”! % : . The variance o° of the
random variables x(t), y(t), and c(t) is given by 02 = §§IZS'=
;?115-= ;?;Ei = NAf.[7'8] Here WAf is the noise power over the
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Af bandwidth. The signal to noise ratio‘of the recefved signal
after predetection harrowband filtering is aiven by ;%2?3 where
5%3-15 the power of the X0 cos(wt+é) signal.

The detector forms a signal proportional to cos¢ by first
multiplying the received signal, X, cos(wt+e) + c(t) cos(uwt+y(t)),
by coswt to obtain the first product for summation. The received
signal is also phase shifted by 90°, forming X, sin(ut+e) +
c(t) sin(wt+y(t)), which is multiplied by sinwt to obtain the
second product for summation. Since Af is much smaller than w,
it is assumed that the phase shifter simply shifts the noise com-
ponent as well as the signal coﬁponent by 90° and does not alter
the statistical properties of c(t) or w(t). The summation of
the two products produces the signal x = X, cos¢ + c(t) cosy(t).
The variance of this signal x is equal to the variance of
c(t) cosy(t). Assuming that y(t) is uniformly distributed over
the interval 0 to 2» radians, the variance of c(t) cosy(t) is
EE%EI or Waf. Therefore, the variance of x is WAf. By similar
analysis; the 6ther signal formed by the detector proportional to
sing is y = xo sing + c(t) siny(t). This signal y has the same
variance as x, namély Waf. Since the components c(t) cosy(t) and
c(t) siny(t) are essentially noise>var1ations'1n the cos¢ and

sin¢ signals, the signals x and y will now simply be written as

X = Xo cos¢ and y =x° sin¢ with the understanding that each signal
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has a variance WAf due to the noise compqnent. ,

These functions are combined to form the tangent of ¢ for
table lookup. Therefore, changes in ¢ due to changes in tang
must be determined to relate deviations in ¢ back to the

variances of x and y. Since d(gan¢) - ]2
cos ¢

d¢ = cosz¢ d(tan¢)

X sing
let Z = tang = L = <°

=Y = -
> = 7;_3533'- X where Y = sin¢ and X = cos¢.

Then, d¢ = cosz¢ dz

Now, dZ = d(F) = (Z)dX + &
X

Since the deviations in X and Y due to noise, dX and dY, are un-

correlated,
wu2=§§uﬁ+(%mﬁ
Since the variances of dX and dY are equal,

(dx)% = (dv)?

Then, d¢ = cos%e dZ = cos’s \ﬂ:} dx)2 + ( dy)?2
X

2 .
d¢ = cosch\/—y-z-(dx)2 + i?'(dY)z
X
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d¢ cosch \/%‘- (d)()2 + ];2— (d)(.)2
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but Y = sin¢

2 -
d¢ cosz¢\/;1"4¢ + ]2 dX
Cos'¢ COS ¢

X = cos¢

dé =\/sin2¢ + cosz¢ dX
d¢ = dX

The variance of ¢ is the same as the variance of the original re-
ceived signal. Therefore, the mean square deviation, in dearees,
of ¢ is given by oy = 4.5 Waf, where 4.5 is the voltage to
angle conversion factor. The mean sqﬁare deviation in distance is
given by o = %3- Waf, where %3-15 the conversion factor from
voltage to distance and A is the wavelength of the microwave
modulating signal. The units of oy are those of ).

As can be seen from this result, the mean square deviation .
in the distance measurement can be decreased by decreasing the
bandwidth Af. One way to effectively accomplish this decrease is
to lowpass filter either the x and y signals or the tan¢ and cot¢
signals.with a cutoff frequency fo.which is less than half the
original Af bandwidth. The mean square deviation in distance,

|
A
16 wfs. Decreasing

as a function of fo, is then given by %
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fo decreases % at the expense of the time required to make a
measurement. \
Alternatively, the x and y signals or the tan¢ and coté¢
sigﬁals can be sampled and averaged in a digital manner. The
magnitude of the impulse response for such a technique, as der-

jved in the appendix, is given by :

Nw
)| = -‘N-E—:—%
2
where N is the number of samples and T is the time between samples.
This magnitude response, shown in Figure , has a lowpass filter
characteristic, with an effective cutoff frequency f0 generally
considered to be that of the first zero, %T" Again, this fo
;hou]d be less than half of the Af bandwidth of the predetection
filter to significantly decrease the noise bandwidth.  The mean

square deviation in the distance measurement using this technique

is given by

o =AM
D 16 NT-

In this case, op can be decreased by increasing the number of
samples or by increasing the time between samples, or both.

For the samp]ing scheme used in the previously described
phase detector, the values of N and T are 16 and 37.95us respec-

tively. Therefore, the sample and averaging for the display has
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an equivalent fo of 1.647 Khz.
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5. Conclusions

The ‘'system accuracy of this phase measureing subsystem is
primarily determined by the analog multipliers. To significantly
increase the system accuracy without affecting measurement speed,
multipliers with smaller nonlinearity errors must be used. Alter-
natively, if measurement speed may be sacrificed, system accuracy
can be increased by using low pass filters instead of harmonic
cancellation to eliminate the undesired high frequency components.
System accuracy increases because only two analog multipliers are
required to implement the crosscorrelation if low pass filters
are used, but four analog multipliers are required if harmonic
cancellation is used.

The mean square deviation in the distance measurement due to
noise in the received sianal can be decreased by additionai fil-
tering to decrease the noise bandwidth Af. This filtering may
either be done before the detector by narrowing the bandwidth of
the bandpass predétection filter or after the detectof by low pass
filterina the detector outputs. A smaller Af or fo results in a
smaller mean square deviation in the distance measurement at the
expense of speed. Alternatively, the detector odtput can be dig-
~itally sampled and those samples averaged to decrease the mean
square deviation. With the digital technique, increasina the num-
ber of samples taken for averaging or increasing the time period

between samples decreases the mean square deviation. A combination
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of both techniques may prove best to optimize the speed versus
accuracy trade-off. ‘

Due to the high speed at which the distance measurements are
made, it would not be feasible to incorporate a microprocessor
into this subsystem to perform any of the functions currently
done by digital hardware. However, a microprocessor could be
added to the subsystem to provide a means for storing the distance
measurements or communicating them to a computer for further pro-
'cessing. A microprocessor could also be used in conjunction with
a frequency counter to automatically specify the scaling constant
for the distance measurement. By monitoring the frequency of the
modulating microwave signal, the microprocessor could generate
the appropriate information for scaling. If the frequency of the
modulating microwave signal changed, the microprocessor would up-
date the scaling constant to keep the displayed distance measure-

ments accurate.

LY
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Appendix

1. . Crosscorrelation between the received and reference signals.
The crosscorrelation function for two perfodic signals f1(t) and

fz(t) is given by the expression

|—

X2(1) = T [ f(t)f,(t-1)dt

N'—i [\

Let fl(t) = a cos{wt+e) + n(t) be the received signal and
fz(t) = b cos(w(t-7)+8) be the reference signal. Then

N

Xyp(x) = 7 % [a cos(ut+e)+n(t)] [b cos(u(t-x)+e)]dt

rol—

—ij—

T
[2 a cos(wt+e) b cos(w(t-t)+e)dt +
-T
2

I
2

/

2

n(t)b cos(w(t-t)+6)dt

—|—

Since the signal and the quantum noise are uncorrelated, the

second integral is zero for all r. Therefore,
) T .
X _ab [ cos(wt+e) cos(w(t-t)+6)dt + O
]2(7) = T _T
2
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T T
= ET' fz cos(2ut+26-wt)dt + 5= fz cos(wr)dt
't
2 2
{_ I
2
ab ab
= 2= sin(2wt+26+uwt) t cos(wt)
AT 7 vt 1
2 2
= -——-[sin(wT+20+wr) - sin(-wT+26+wt)] + 5= [ ] cos(wt)

Since wl = 2w,

i}z(r) = 4 T [sin(2n+26+wt) - sin(-2n+26+wt)] + ? T cos(wr)

= 22T [sin(26+wt) - sin(26+ut)] + %9-cos(wr)

=0 + %9 cos (wt)

Since ¢ = wr,

Ryple) = Xpp(6) = 2 coss

2. Derivation of |H(w)] for digital sampling and averaging.

‘The digital scheme of samplina a signal and averaging N of those

samples together can be modeled as a delay line type filter, with
N taps summed together, each with unity weight. The output from

the summation is divided by N to obtain the average. This model

is pictured in Figure 29.
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The impulse response of this structure is given by

h(t) = s(t) + 6(t-T) + e + s(t-(N-I)T)

The Fourier transform of h(t) is

Ho) = L1 (1 + endot 4 | 4 g=3(N-1)aT

1
N
The finite sum in parenthesis can be written as

-I - eijT

—_— Therefore,
'l - eJmT

H(w) = 5 — €
N ] - e.iwl

N N N
H(w) = l_e-J?mT Il _ o-Joul

N .l | 1
e dgul  Gigul _ -dzuT

M) = 1 e-j%mT sin % uT

1 1
e-jiuﬂ sin i'mT

N
lH(W” = ]ﬁ ISiﬂ_ﬁ le
|sin l'mTl

2

|H(w)| is then the magnitude of the impulse response of this
digital sampling and averaging system. A plot of |H(w)| appears
in Fioure 30.
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