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:E . Preface

% With the explosive rate of growth of the laser tech-

E nology since 1960, the laser beam has become a potential

% candidate as a weapon system. In another development since
§ the early 1960's the theories on optimal estimation and

e

control have been developed. Still another concept--the

conical scan tracking--has been applied in the world of

rsneti,

radar for a number of decades. The conical scan and the

estimation theories are combined with a digital minicom-

TR

puter to achieve fine pointing and tracking of a target

i

with the laser beam. The result of the labors of this

o

. thesis is a breadboard implementation of the above concepts
at the Air Force Weapons Laboratory (AFWL), Kirtland Air
Force Base, New Mexico, where a laser beam "tracks" a
large ball bearing.

The achievement of the results presented here would
have been impossible without the assistance and guidance
rendered me by Major Richard M. Potter, my thesis advisor.
His devotion to the duty of keeping me on the proper track
can best be exemplified by the patient hours upon hours of
discussions and the piles of chalk-dust in the chalk tray.
Very sincere thanks géxio Lt. Col. James D. Dillow, this
thesis sponsor at the AFWL, for his hospitality at the

laboratory, and for the material and moral support that he
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provided during my stay there. Additionally, gratitude

is expressed to: Captain Peter A. Maybeck for his guidance

in the theory of estimation, Dr. Alan B. Callendar for his
aid in the minicomputer programming, Captain James E. Negro,
Lt. Stanley R. Robinson, and Dr. Gary B. Lamont for their
interest and valuable assistance in this problem.

The greatest debt I owe is to my wife Maryann for her
enormous love and understanding during this trying period.

Her support was the single greatest motivator in the

preparation of this work.

Zdzislaw H. Lewantowicz
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ABSTRACT

~ An adaptive extended Kalman filter (EKF) is used in
an Adaptive Laser Optics Techniques (ALOT) control loop to
track tﬁe glint from a spherical target. A fourfold
improvement in tracking bandwidth is obtained over a con-
ventional conical scan ALOT tracking loop implemented with
the same hardware. The increase in tracking bandwidth is
manifested in the ratio between the (conical scan) dither
frequency and the tracking bandwidth which is 2.5:1 for the
EKF and 10:1 for the conventional analog or digital glint
tracking schemes. The EKF provides correct pointing error
estimates over essentially the entire range of the pointing
error, whereas in a conventional conical scan loop the
demodulated error versus true pointing error function is
highly non-linear due to the nonlinearity of the glint.
This results in a demonstrated ability of the EKF to
track a larger amplitude disturbance than the conventional
conical scan loop. Adaptive schemes are employed to make
the estimation algorithm insensitive to fluctuations in
the mean level of reflected intensity and to variations in

the strength of measurement noise.
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I. Introduction

This report presents the use of a Kalman filter in an
Adaptive Laser Optical Techniques (ALOT) glint tracking
scheme for precision pointing of a laser beam at a target.
The Kalman filter and control algorithm has been simulated
on the CDC 6600 computer and implemented in the ALOT demon-
stration laboratory at the Air Force Weapons Laboratory,
Kirtland AFB. This estimation and control algorithm
improved the ALOT control loop bandwidth by a factor of
four,

The high-energy laser potentially is an effective
weapon, especially against airborne targets. Before the
laser can be realized as a weapon, however, several engi-
neering problems must be solved. One of the significant
problems is in the precision pointing of the laser beam at
a target. Any relative high frequency motion between the
laser output beam and the target will disperse the energy
over an area of the target larger than the beam spot size.
Since target kill probability is a function of the time
average peak energy density on the target surface, it is
essential to limit the beam dispersal to a minimum. The
purpose of the ALOT control loop is to eliminate or reduce
this dispersal by controlling the small amplitude relative
motion between the beam and the target. This motion can

1
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result from target motion, beam jitter, mirror vibration,
optical path bending by the atmosphere, and any other
device jitter that can cause relative motion, real or
apparent, between the beam and the target. We will call

this motion the disturbance process.

Research Goals

The tracking ability of the ALOT control loop can be
discussed in terms of a ratio between the dither frequency
and the bandwidth of the disturbance process that can be
controlled. This ratio will be called the dither-to-

response ratio.

Although as expressed earlier, the goal is to mini-
mize the laser beam energy dispersion over an area of the
target, it is not possible to eliminate entirely all of the
relative motion. Additionally, it is necessary to induce a
known amount of relative motion between the laser beam and
the target before any information about the position of
the laser beam with respect to the target can be deter-
mined. This induced motion is called the dither and
denoted here as "d". Although any induced motion of the
beam with respect to the target is contrary to the goal of
minimizing the relative motion, the dither is essential.

It is generally of small relative amplitude and its fre-
quency is considerably higher than the highest disturbance

process frequency to be controlled.




An accepted measure of the tracking loop bandwidth is
the error-rejection-bandwidth. It is defined as the fre-
quency at the -3dB point on the error rejection Bode plot.
Error rejection is defined as 20 10q[1/(l+Gﬂ, where G is
the unity-feedback open-loop transfer function. For this
preblem, error rejection is defined as 20 109[X(jw)/®T(jw)|
where X and OT are the pointing error and the disturbance
process respectively in the frequency domain.

The dither-to-response ratio will be used as a basis
of comparison for the different ALOT loop control schemes.
We can present two arguments for using the dither-to-
response ratio as the basis, assuming that the dither fre-
quency is the highest frequency that the fine pointing
system can respond to. First, assume that the bandwidth at
the disturbance process to be controlled is stated as a
specification, and that the cost of the tilt mirror used
in the ALOT loop rises with the required bandwidth of the
mirror. Then it is economical to use a mirror which has a
bandwidth equal to the dither frequency and not greater.
However, the dither frequency, and in turn the mirror
bandwidth, is determined by multiplying the bandwidth of
the disturbance process that we want to control by the
dither-to-response ratio. Thus the bandwidth of the dis-
turbance process and the dither-to-response ratio determine

the minimum bandwidth of the fine pointing mirror. Sec-

ondly, assume that we have a fine pointing mirror of a

3




given fixed bandwidth, then the highest disturbance fre-
quency that we can control is determined by dividing the
mirror bandwidth by the dither-to-response ratio.

Thus, the dither-to-response ratio is chosen as the
basis for comparison between the previously achieved
performances in the ALOT control loop and the performance

realized in this study.

Analog ALOT Control Scheme (Ref 2)

The analog ALOT control scheme uses the conical scan
principle employed in search and track radars. It is not a
new concept in laser beam directional control as evidenced
by:

A multidither tracking and focus control system
has at various times been referred to by many names:
'Conical Scan' . . . , 'Beam Active Tracking' (BAT),
or 'Adaptive Laser Optical Techniques' (ALOT)

(Ref 6:12).

The following discussion of the analog ALOT control loop
paraphrases portions of Ref 2:52-57. This concept uses the
laser radiation reflected from the target to determine the
angular pointing error. The laser beam is dithered in a
small circle about a nominal pointing direction and the
pointing error is deduced from the resulting changes in the
intensity of the reflected radiation. The sensed reflected
radiation from the target can be described as a function of

the laser beam pointing direction and is called the glint.
The pointing error in one axis is defined as the angular

deviation x at the beam from the center of the glint,
4
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boresight error. This translates to a linear pointing error
in the target plane. The glint reflected from a ball
bearing can be modeled as a bivariate Gaussian (Normal)

function with a two dimensional pointing error argument.

2 2
I(x,y) = I__ exp(- =214 ) +p (1)
max 20 2
G
where Imax is the maximum return intensity, oG is the dis-

persion of the Gaussian function, and b is a bias, as shown
in Figure la. The x and y arguments are the two axes of

the pointing mirror. Equation (1) can be rewritten as:

2 2
I(x,y) = I exp(- 2" s)exp(- 4—) + b (1a)
o 20

For y = 0, Equation (1) becomes

2
exp(- %—) + b (2)

I(x,0) =1
ma
20G

X

In the single axis x, the glint I(x,0) is the resulting
model of the reflected intensity. This is generated by
sweeping the laser beam along the "equator" of the ball
bearing. The reflected intensity increases as the beam
approaches the "center" of the ball, and decreases as the
beam departs the center. The single-axis glint then is a
unimodal function which is modeled by a Gaussian curve.
The two-axis and the single-axis glints are presented in
Figure 1; a single-axis experimental glint is shown in the

next chapter (Figure 7).




a.

I(x,y)
max b4

Two Axis Glint Model without Bias b
(Traced from Ref 8:52)

Y

b.

x--oG 0 X-O'G '

Single Axis Glint Model with Bias b

Figure 1. Glint Model for a Spherical Target
6




The two-axis pointing system is presented schematically
in Figure 2. Disregarding the y-axis in Figure 2, we can
discuss the single x-axis control loop. 1In the case of a
single-axis pointihq system, the laser beam is dithered by
a small angle about the nominal pointing angle. The
resulting change in reflected intensity e(t) is shown in
Figure 3. The magnitude of e(t) is approximately propor-
tional to the amplitude of the pointing error x, provided x

is less than the glint spread o This is shown in Figure

G
4. The tested signal includes €(t), the nominal glint
intensity, a bias due to background radiation, and wide
bandwidth (white) measurement noise. This signal is passed
through the automatic gain control (AGC). This makes the
demodulation scheme essentially independent of Imax as

shown in Figure 4. Variations in Ima can be caused by

X
laser power variation, by a change in composition of the
optical transmission medium (e.g., smoke or haze passing
the optical path), or by a change in the target range or
target curvature.

The signal exiting the AGC is then demodulated by
multiplying the AGC output by the reference dither (wd)
signal. The output of the demodulator consists of the low
frequency pointing error signal and harmonics of the dither
frequency (Ref 2). Since only the pointing error signal is
desired, the output of the demodulator is filtered to pass

the pointing error signal and attenuate all other signals.

7
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Amplitude of Sine Component
Amplitude of dc Component! at Dither Frequency
I (x)
4
ouT €
OF
PMT
+— + » X
e fe
fI(x)
¢ €
our
OF
AGC
5 - —+ 4 —+
-0g 9 x =0g P // *

Figure 4. Error Signal Out of PMT and Out of AGC (Ref 2:67)

The pointing error signal is then fed to the controller,
which generates mirror commands. This command signal, in
turn, drives the mirror to null the pointing error in that
axis. How well the pointing error can be eliminated by the
analog ALOT control loop depends primarily on the frequency
content, the strength of the disturbance process, and the
control loop limitations.

The limitations of the analog ALOT control loop, as

implemented at AFWL, come from a number of sources. Here

the three most significant sourcei'a:g discussed: the

10
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linear model assumption has a limited region of validity,
the small phase margin due to the low-pass filter after
the demodulator and the inherent design limitation due to
the lack of modeling flexibility in this conventional
analog approach.

The linear model assumption is reasonably good for
pointing error |x|= .50, as can be seen in Figure 4. For
pointing errors beyond |x| = .ScG the deviation of the
curve from the straight line increases greatly. When this
pointing error signal is passed through the AGC, the
linea?'region is expanded to |x| ® 1.50,. This linear
model ‘works reasonably well in the closed loop ALOT for
target-mirror angﬁlar disturbances that are small. How-
ever, if these angular perturbations exceed |x|= 1.50
the large deviation of the derived pointing error from the
true pointing error causes ALOT loop to break lock.

The phase problem due to the filter after demodulation
is best described by a quotation from Ref 2:73:

. » « the higher order the filter, the sharper
the cutoff. However, higher order filters cause addi-
tional phase losses and reduce the system phase mar-
gin. This reduces the stability margin.

The combined effect of the nonlinearity and the phase
problem due to the low-pass filter causes a phenomenon
called jump resonance. At the jump resonance frequency the

ALOT control loop suddenly introduces a catastrophic phase

shift and amplitude loss. This is shown in Figure 5. The

11
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effect of the input amplitude on the jump-~resonance fre-

quency and the error amplitude are shown in Table I.

Table 1

TABULATED JUMP RESONANCE FREQUENCIES AND ERROR AMPLITUDES
AS A FUNCTION OF INPUT AMPLITUDE |O|

Input Amplitude Jump Resonance Error Amplitude
| T Frequency, Hz Vx2+y2
urgﬁ (experimental) purad
30 52 79
40 48 85
60 36 45
100 33 56
150 24 32
200 21 30

(From Ref 2:92)

According to Ref 2:92 (Table I), the response ratio is
heavily dependent on the amplitude of the disturbance

process. For disturbance amplitudes A<o,. the closed loop

G
bandwidth is approximately 50 Hz for a dither frequency of
1KHz. This translates to dither-to-response ratio of 20:1.
In Ref 6:12 an open loop bandwidth of 50 Hz was obtained at
a dither frequency of 750 Hz or 1 KHz, for a dither-to-
response ratio of 15:1 and 20:1 respectively. Although no
theoretical limit was calculated, control engineers at the
Air Force Weapons Laboratory (AFWL) feel that the limiting
dither-to-response ratio is approximately 10:1 for the

analog system. This limit is for a control system oper-

ating in the approximately linear region of the highly

13




nonlinear error processor. Recent laboratory work at the
AFWL has resulted in a dither-to-response ratio of 6:1.
The control method used is not available at the time of

this writing.

Digital vs. Analog ALOT Control

A digital control scheme was implemented, at the ALOT
breadboard of the AFWL, which essentially mimicked the
analog ALOT control loop (Ref 7). The glint tracking idea
was viewed as a hill-climbing task and a gradient algorithm
using first differences was implemented using a minicom-
puter. The result was a dither-to-response ratio compa-
rable to that of the analog ALOT control loop, 10:1.
Although the digital technique did not significantly
improve the response ratio, it did demonstrate the feasi-
bility of replacing the complex array of analog devices in
the ALOT control loop with a digital minicomputer. The
biggest advantage of the digital approach is the tremen-
dous flexibility afforded by digital devices and tech-
niques. .

In view of the limitations in the analog and digital
control schemes, another approach was necessary to improve
the response ratio. It was suggested that a digital sto-
chastic estimator may do a better job of extracting the
pointing error information within the ALOT control loop.
This, then, is the beginning point of this thesis.

14
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Statement of the Problem

In this study an extended Kalman filter which is an
optimal estimator, in the minimum mean squared error (MMSE)
sense, is used to extract the pointing error from the highly
nonlinear glint information. An "optimal" controller is
used in the closed loop system to improve the dither-to-
response ratio of the ALOT controller. Three engineering
problems are emphasized: modeling simplicity, feasibility
of the algorithm implementation, and improvement of response

ratio. These problems are expanded upon in later paragraphs.

Scope. This study considers the target motion,
atmospheric disturbances, laser beam instabilities, laser
platform vibrations, PMT noise, and computational errors as
disturbance noise sources. Simple noise models are used to
describe the above disturbances, as other current studies
strive for accurate descriptions of these models. This
study concentrates on the proper model of the nonlinear
measurement function, the treatment of this nonlinear
relationship between the measured intensity and the pointing
error, and reasonable efficiency of the computational tech-
niques. The nonlinear relationship is treated by reline-

arizing about the current operating point.

Assumptions. In approaching this problem, some

assumptions are necessary in the definition of the problem.

The detailed noise models are not necessary for the

15




demonstration of improvement of the response ratio, and
simple noise models are used for this purpose. The measured
return intensity as a function of the pointing error is

modeled by a Gaussian (Normal) function, Eq (1).

Goals and Standards. The goal of this study is to

implement in hardware and software a digital estimator and
controller utilizing simple models, but at the same time
attain a significant improvement in the dither-to-response
ratio. As mentioned earlier, the dither-to-response ratio
is the primary standard for comparison of the results of
this research to previous results in this control problem.
Achievement of useful results in a control application
depends not only on the control technique applied to a given
problem, but also on the adequate choice of the mathematical
models used to describe the "real-world" problem.

The development of the problem is discussed in the
following sequence. The control loop model and the Kalman
filter equations are presented in Chapter II. The simu-
lation on the CDC 6600 computer and the implementation on
the ALOT breadboard are discussed in Chapters III and IV
respectively. Chapter V contains the results and Chapter

VI recommends future research in this problem area.

16
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II. ALOT System Model and Kalman Filter

The Kalman filter is an optimal (in the MMSE sense)
recursive data processing algorithm which processes obser-
vation data and arrives at a "best" possible estimate of
the unknown variables. However, the "optimality" of this
algorithm is only as good as the "goodness" of the mathe-
matical model describing the physical ALOT control loop.
For this reason a great deal of attention is given to the

development of the model for this problem.

ALOT Modeling

The ALOT control loop model in one axis is shown in
Figure 6. Perhaps the most important part of that model
is the glint.

Glint. The glint is defined as the intensity of the
reflected radiation as a function of the pointing error.
It depends on the geometry of the target surface and the
laser beam cross-section. For the case in which the target
is a ball bearing, the glint is very well approximated by a
bivariate Gaussian function, as in Figure la. (The laser
beam waist is approximately one fourth the diameter 6f the
ball bearing.) If the glint is considered only in éne axis,
i.e., holding the other axis argument at zero, then the

glint model becomes a single argument Gaussian function as

17
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shown in Figure 1lb. The experimental glint with the true

Gaussian function superimposed, is shown in Figure 7. This

wA  actual glint =
model glint , A
0
>
Imax = 7.7v f 7 :
bias(b) = .2v 6 E
Og = 42 urad 8
] 3 &
4 I &
| | . ]
: <
| 3 %
// o
Z
2 &
i 1 2
B 1 A
-115.0 -57.5 0 57.5 115.0

POINTING ERROR (urad)

Figure 7. Glint vs. x~Pointing Error

experimental glint is modeled very well by a Gaussian
function. The goodness of this model can be best explained
by the fact that the glint is the result of a physical
convolution of the laser beam cross-section and the reflec-
tivity function of the ball bearing. The beam intensity
distribution is Gaussian. The spherical shape of the ball
bearing target reflects even a uniform density (small diam-
eter) beam in quite a Gaussian manner; this reflection

characteristic is called the reflectivity function. Then

19
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when the ball bearing reflection, that is closely Gaussian,
is convolved with the laser beam that has a Gaussian cross-
section, the resulting glint is very closely modeled by a
Gaussian function.

The glint model also depends on three parameters other
than the pointing errors in the x and y axis. These param-

eters are Im and b, expressed in volts--the units of the

ax
photomultiplier tube (PMT) sensor, and % expressed in
volts--the units of the input to the actuators of the fine
pointing mirror. For a target of nonvarying dimensions
located at a fixed distance from the fine pointing mirror
and illuminated by non-time varying laser beam, %G and b
parameters are constant and measurable. However, I was

max
found to be varying in time. The amplitude of this vari-
ation varied from day to day, but ranged from .2 volts peak
to 1.0 volts peak. One sample of this variation can be seen
in Figure 8 which represents the sensor (PMT) output as a
function of time for the case where the laser beam is illu-
minating the ball bearing center. The average Imax is 3.75
v and bias b is 0.25 v. The source of this I ax variation
is caused by a variation in the laser output power. 1In a
real world application this Imax variation can be caused by
other additional sources, such as changing target geometry,

or changing distance between the laser tracker and the

target.
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(volts)

I(x=0,y=0,t)

time (sec)

Figure 8. Example of Im & Variation

a.

Bias. Continuing clockwise on the ALOT control loop
in Figure 6, constant bias b is added to the glint and is
shown experimentally in Figure 7. The magnitude of b
depends on the strength of the background lights and equip-
ment pilot lights. The laser beam scattering from the
optical bench optics also is sensed by the PMT and con-
tributes to the magnitude of b.

Measurement Noise. The measurement noise v entering

the same summer as bias b in Figure 6, is modeled as a
white noise of strength R. Consider the data in Figure 9
showing the measurement noise characteristics. Figure 9a
shows a very low level background noise. The laser beam
is capped, only electronic equipment pilot lights are

turned on. The 60 Hz power coming from these pilot lights
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Figure 9. PMT Noise--All Room Lights Off
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Figure 9 (continued)
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is evident. The PMT generated white noise appears to be
considerably smaller than .02 v and will be neglected.
Figure 9b shows PMT output with the laser beam off target
and reflecting from a black velvet background. Figure 9c
shows the PMT output with the beam positioned at x=0, y=0,
i.e., at the center of the ball bearing target. The noise
level increased by a factor of five over that in Figure 9b.
(Note change of scale in the photos.) Figures 94, 9e, and
9f show the PMT output for the beam pointing at x=loG,
x=2oG, and x=30G respectively. Although these photographs
confirm the wide band of this measurement noise, it also
points out the noise magnitude dependence on the pointing
error, or on the position of the laser beam on the steel
ball target. Additionally, in Figures 9d and 9e a low
frequency (approx. 0-10 Hz) fluctuation is evident and
appears to be strongly related to the low frequency fluctu-
ation evident in Figure 7. The modeling of these measure-
ment noise sources is deferred to a later paragraph.

Photomultiplier Tube (PMT). The next block in the ALOT

control loop is the PMT. This is a complex non-linear
device that transforms light energy entering it into an
electrical signal. The non-linearity was shown to be insig-
nificant, therefore the PMT is modeled as a pure gain--Gp.

PMT Low Pass Filter. The next block in the ALOT con-

trol loop diagram is the PMT low pass filter. 1Its purpose
is to filter out high frequencies well above the frequency

25




content of the dither and control loop signals. This filter

cuts down the frequency content of the "white" measurement

noise, and significantly decreasing its variance. Figure

10 shows the effectiveness of the PMT low pass filter, and

Figure 11 shows the PMT filter Bode plot.

e 1. -2-"3 45 6 7T 8 910

time (msec)

Figure 10. Effect of PMT Low Pass Filter
Upper--Raw (A/C) PMT Output
Lower--Filtered (A/C) PMT Output
A/D. Following the PMT low pass filter in the control

loop is a sampler, or an analog-to-digital converter (A/D).
It is a 12-bit device with a conversion speed of approxi-
mately 40 usec. It requires an external clock pulse for
initiation of the conversion and has a 0-10 volt sample
range.

Kalman Filter. Following the A/D is the digital Kalman

filter algorithm which processes the sampled data to provide
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the best possible estimates (in the MMSE sense), % and
9, of the pointing errors in the x and y axes respectively.
Since from this point in the control loop both the x and y
loops are identical, only the x channel will be discussed.
The development of the Kalman filter is deferred to a later
section.. b

Dither "d". In a conical-scan type modulation-demodu-
lation scheme a controlled perturbation is applied in the
form of a dither to extract information from a system. 1In
this digital control scheme it is necessary, as pointed out

in an earlier discussion, to induce a controlled motion in
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each axis so that pointing error information can be
éxtracted. This controlled motion is in the form of a
discrete (step) dither (d) that is applied simultaneously
with the loop control input.

Digital Integrator, Optimal Controller, and D/A. The

control signal u(k) = -ﬁ(k+)+d(k), consisting of the best
estimate of the pointing error together with the dither, is

added to the previous mirror pointing direction.

Om(k+l) = ¢m0m(k) + Bmu(k) (3)
where ¢m=l, and Bm=1
In a later section it will be shown that this is a deadbeat
optimal controller. This digital signal is then converted
through the digital-to-analog converter (D/A). The D/A is
a 12-bit zero order hold (ZOH5, with a range of -10 to +10
volts. The D/A conversion is considered instantaneous upon
command. The output of the D/A is a piecewise constant
(step) signal.

D/A Low Pass Filter. Since the step signal ideally

contains the entire frequency spectrum, it is not a desir-
able signal to drive the fine pointing mirror. This mirror,
which will be discussed in the following paragraph, has a
finite bandwidth, however, this finite bandwidth mirror has
resonances at higher frequencies. Thus the fine pointing
mirror is susceptible to excitation in its higher harmonics

by the higher frequencies contained in the step function.

To eliminate this undesirable effect the step output of the
28




D/A is passed through the D/A low pass filter. The effect
of the D/A low pass filter on the D/A step output can be
seen in Figure 12. Figure 13.shows the D/A filter Bode
plot. Thus it can be seen that the high frequency exci-
tation of the mirror is eliminated without attenuating any

dither or control information. The bandwidth of this filter

is 350 Hz.

0 2 4 6 8 10 12 14 16 18 20

time (msec)

Figure 12. Effect of D/A Low Pass Filter
Upper--D/A Output (.5v/cm)
Lower--Filtered D/A Output (.2v/cm)

Disturbance Process ?g. There are a number of sources

of disturbances that may cause the unwanted movement of the
laser beam away from the desired pointing direction. It
could be the vibration of the target with respect to iner-
tial space. The laser optics platform, primarily the fine

pointing mirror, is susceptible to vibrations. The induced
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relative motion of the optical components and the fine
pointing mirror motion with respect to inertial space causes
the laser beam to depart from the desired pointing direction.
Atmospheric disturbances can ca;se the refraction of the
beam away from the target, and stray electric signals in the
mirror actuation system will cause an undesirable motion of
the beam. All of the above disturbances cause relative
angular motion of the mirror pointing direction with respect
to the target. Alternatively, we can think of this disturb-

ance motion as the motion of the target with respect to the
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laser beam pointing direction. The important point is that
all of the above mentioned disturbance sources cause.
relative random motion between the mirror beam pointing
direction and the target. This relative random motion will
be called the disturbance process and symbolized by GT for
the x mirror tilt axis. The characteristics of the disturb-
ance process will be discussed in a later paragraph.

Fine Pointing Mirror. The final component in this

control loop is the fine pointing mirror and the two actu-
ator assembly. The actuators are piezoelectric stacks that
expand and contract in response to the electrical signal

inputs. The mirror in Figure 14 shows the locations of the

MIRROR
ACTUATORS § FACE

PIVOT >
MOUNT

SIDE VIEW / BACK VIEW \
X-AXIS Y-AXIS

Pigure 14. Fine Pointing Mirror
3l
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linear actuators, and Figure 15 shows the transformation of

linear motion to angular motion. Assume that the beam

X-ACTUATOR |4
Av
PIVOT |3
N = Mirror Normal \
N' = New Mirror Normal N\ "
eN = Beam Reflection Angle \
9;, = New Beam Reflection Angle \
A® = Beam Pointing Angle Change \

\
Figure 15. Transformation from Electrical
Signal to Linear Displacement

reflection angle is eN for a neutral x-actuator position.

Assume that a voltage Av is applied to the actuator.
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Assuming that the actuator response is linear the dis-
placement KmAd is produced where Km is the actuator gain.

Then the mirror tilt Ay for small angles is

1d, 8d 2V
r

Ay = tan = =

(4)
where r is the actuator moment arm.
Also, from Figure 12 we have (Snell's law)

20

N' < ZGN + A0 (5a)

0., = ON + Ay (5b)

NI
where GN. is the new beam reflection angle, and A0 is the
beam pointing angle change. Then substituting (5b) into
(5a) we get

AO = 2AY (5¢)

However, we desire the output Ax in terms of Av.

Ax = VR%+ax? sinae (5d)

where R is the distance from the fine pointing mirror to
the target. For small andles AO, Ax is small with respect

to R and Ay can be approximated by

Ax = RA® = 2RAY = 3§Avxm (5e)
The final relation is
2RK
Ax m
= — (5€)

where Ax/Av is the fine pointing mirror transfer function.
33
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The bandwidth of the fine pointing mirror is high. Bode
plots in Figures l6a and 16b show the x-axis and y-axis
frequency response of the tilt mirror. The frequency
responses in the two axes are reasonably close as expected
from a mirror that is mounted symmetrically on the actu-
ators and the pivot point. The significant resonances
appearing above 400 Hz may be the interaction between the
flexible mirror attachment points and the masses of the
mirror and actuators. Whatever the cause of these reso-
nances, it is not desirable to operate the mirror at a
frequency above 400 Hz. To preclude the necessity for
modeling of these resonances, the highest frequency of

the control loop, i.e., the dither rate, was set at or
below 400 pulses per second. This corresponds to a basic
dither frequency of 200 Hz. Up to 300 Hz the mirror fre-
quency response is essentially flat and can be modeled by a
transfer function consisting of a simple gain—-Gm.

Decoupling of Axes. In general the coupling between

the two axes can be expected. Two sources of possible axes
coupling exist: first is the mechanical cross-coupling of
the axes due to the imperfect mirror and actuator assembly,
and the second is due to the coupling of the axes in the
estimation algorithm. The mechanical cross-coupling is
weak at frequencies below 500 Hz as observed in the labo-
ratory, and therefore not modeled. The axes coupling due
to the estimation algorithm is significant, especially at
34
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higher disturbance process (GT) frequencies. The effect of
this coupling is presented in a later chapter. However in
the ALOT model it is assumed that at lower OT frequencies
the cross-coupling is negligible and modeled as non-
existant. This decoupling is based on the premise that the
dither and .control in each axis is independent from the
other axis. This is possible by alternating the dither and
control between the two channels, that is the dither and
control in one axis are independent in time from the dither
and control in the other axis. Because of this assumed lack
of axes correlation, the pointing error estimation and con-
trol can be accomplished by two parallel and independent

algorithms, alternating in time.

Kalman Filter

The Kalman filter introduction in these paragraphs is
paraphrased from Reference 3. The Kalman filter recursive
algorithm uses all available measurements, regardless of
their precision, to provide the best possible estimate of

the unknown parameters. It does so in presence of meas-

urement noises and sttem disturbances. The Kalman filter
can be shown to be the best filter of any conceivable form
if three restrictiqps are met. First, the system and the

state measurements must be linear. Second, the system and
measurement noises must be effectively white, that is, the

bandwidth of these noises must be wider than the bandwidth
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of the system to be controlled. Third, these noises must
be Gaussian, that is the distribution of the noise ampli-
tudes takes on the shape of a normal (Gaussian) bell-
shaped curve.

Statistically the state variable can be described by a
conditional probability density function conditioned on the
measurement history., Since the Gaussian assumption is made,
this conditional probability density function can be com-
pletely described by the first and second moments, or by its
conditional mean and variance. :

The ALOT control loop is a nonlinear system. The'non-
linearity is in the relationship between the pointing error
of the laser beam and the intensity of the reflected energy
from the target as shown in Eq (l). The dynamic model of
the ALOT control loop is linear. The nonlinearity of the
measurement can be relinearized about the operating point.
Because of the necessity to relinearize, the estimator
takes on the form of an extended Kalman filter (EKF). The
other two restrictions are fulfilled as the measurement
noise and the ALOT system driving disturbance process are
assumed to be both Gaussian and white. The distrubance
process is narrow band, however, it can be modeled as the

output of a shaping filter driven by white Gaussian noise.
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Simplified ALOT Model. Considering only the x-axis,

Figure 6 is simplified. The y-axis is an "image" of the
x-axis. The PMT and the D/A low pass filters are sim-
plified to a gain, as the bandwidths of these filters exceed
the bandwidth of interest in the ALOT control loop. The
fine pointing mirror and the PMT are operated within respec-
tive regions that can be modeled by simple gains. The ZOH
will also be simplified to a pure gain, at the discrete
times k, to keep the modeling simple. However, it must be
remembered that for control system frequencies approaching
the Nyquist rate limit a significant rhase lag is intro-
duced. Combining all of the gains into the fine pointing
mirror gain Gm' the simplified ALOT loop is presented in
Figure 17. The parameter that remains to be discussed is
the disturbance process OT.

Modeling of the Disturbance Process. The disturbance

process GT was described in an earlier paragraph as the
random relative motion between the mirror platform and tar-
get. It is not the purpose of this study to prepare an
accurate model of the random aisturbance process, but to
develop a working model fof the laboratory implementation.
If it is to be controlled, this random disturbance
process must be band limited, it is already assumed to be
random. This band limited disturbance process can be
modeled as the output of a shaping filter driven by white
noise. Only three questions then remain to be answered.
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First, what is the least order of shaping filter that will
be adequate? Second, what is the bandwidth of this shaping
filter? And third, what is the white noise strength driving
the shaping filter? Considerable attention was given to the
initial shaping filter. The random disturbance process, or
the relative motion between the tilt mirror and the target,
consists of random motions of the target, mirror, mirror
platform, and the atmospheric disturbances to the beam
propagation path. It seemed logical to think that a proper
model of this disturbance process would be a second order
shaping filter driven by white noise at the acceleration
level as shown in Figure 18a. Another shaping filter in
Figure 18b is similar to the one above, but has an addi-
tional noise source at the velocity level. Finally, in
Figure 18c, is a first oxrder shaping filter with the white
noise driving the velocity. The three candidates for a
shaping filter model were proposed for various reasons.

The first order shaping filter is often an adequate model
for a particular disturbance process and is the simplest to
implement. The other two shaping filters are variations of
disturbance models sometimes used to describe the relative
motion between two airborne vehicles. The shaping filter
that produces the best error rejection is chosen experi-
mentally as discussed in Chapter V. Each of the above
shaping filters has been used in the Kalman filter algo-

rithm, however the first order shaping filter was
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experimentally shown to result in at least as good error
rejection as the other two. Consequently, the following
Kalman filter development is based on the first order
shaping filter model. The bandwidth of the shaping filter
and the strength of the driving white noise were perturbed
experimentally until best ALOT control loop response was
achieved.

The measurement noise v presented earlier from experi-
mental data is wide band. Therefore, it will be modeled as
a white noise of a given strength.

Filter Equations. Combining the simplified ALOT con-

trol loop model in Figure 17 with the first order shaping
filter in Figure 18c, the entire two axes first order (in
each axis) model is presented in Figure 19. The x and y
sub-loops in that figure are identical except for the sample
timing, thus only one loop is developed.

The equations describing a single loop are given. The
target motion Oé(t) with respect to the mirror base as seen

in Figure 19 is given by: -
On(t) = F 04(t) + G w'(t)

= -aeé(t) + 1 w'(t) (7)
Where F = -a, and G = 1. Discretizing this equation:

On(k+l) = 0(k+1,k) 04(k) + [E*1 o(k+l, )G (T)W(TI AT (8)
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Where ¢ = e °, and T is the sampling period. The discrete

motion of the fine pointing mirror with respect to the

mirror base is given by:

Om(k+1) = ¢m0m(k) + Bmux(k) (9)
where °m = 1, and Bm = 1.
The discrete input ux(k) contains the pointing error esti-
mate and the dither d(-l)k.

From Figure 19 it is evident that the pointing error x is:
x(k+1l) = Oé(k+l) - Gm(k+l)
and
e (] vy
Om(k) = GT(k) x (k)
Then subtracting Eq (9) from Eq (8) and substituting

x(k+1) = (e-aT-l)O,i,(k) + x(k)-u_(K)

k+1
+ fk

The relative motion between the fine pointing mirror and
the target can be arbitrarily modeled as target motion alone
with respect to the mirror. The mirror is being controlled
by a discrete controller. Then em(k) changes with respect
to the mirror base only at the sampling times k. Since it
is difficult to work with e*(k) it is replaced by em(k)+x(k).
But the mirror position Gm(k) is a random variable and is

|
combined under the stochastic integral in Eq (10). The
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pointing geometry is seen in Figure 20. Additionally,

the statistics of the disturbance process driving target

Gé = Target Angle
em = Mirror Angle

x = Pointing Erxrror

MIRROR BASE

Figure 20. Beam Pointing Angle Geometry
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change, and are reflected by a change of variable from

w'(t) to w(t). Equation (10) then is rewritten:

x(k+1) = ox(k) + Bu (k) + [£*1o(k+1,D)G(Dw(n)ar (11)
where ¢ = e-aT, and B = -1. The measurement equation is
x2 (k) + y?(k)
z(k) = I___exp Y + b + v(k) (12)
max 2 2
%

Where the bias b is assumed to be a measurable constant,
and v(k) is the white measurement noise. It is important
to remember that the stochastic noise driving the shaping
filter is no longer described by the statistics of the tar-
get motion with respect to the mirror base directly. The
proper modeling of this random motion must include the
statistics of the target motion with respect to the mirror
base and subtracted from it is the statistical motion of
the mirror as it is driven by known inputs. These known
inputs, however, are dependent on the statistics of the
target motion.

The filter equations, (Eq 13~19), are recursively com-
puted (Ref 4:187,188). The mean and the variance of the
conditional probability density function which describe the
statistics of the pointing error x(k) are propagated forward
from time k' to time k+1” and then updated at time k+1% by

incorporating the measurement at time k+l. The term f(k)
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denotes the estimate of x. The propagation of the estimate

is given by

2(k+17) = e™*T2 (k") + u (k) (13)
The propagation of variance P is given by
P(k+17) = o%p(x") + [Toc%0ar
= e 2%Tp ity + 52(1-e720T, (14)

where Q is the strength'of the disturbance process GT-em.

The predicted measurement at time k is given by

2 2
R=-“+9 -
k k )+ b (15)

20 ‘

h (Rk-,9k-) = ImaxexP<
G

where &, - = 2(kx”) and 9y~ = 0 for single axis. The linear-
ization of Eq (15), based upon the predicted pointing

error, is

2
.~ -+ 9 -2\
sh k k k
e sty il Imaxexp( A R
k G G
R,
= -5 {he )b (16)
%

The update (with the measurement) of the mean ﬁ(k+) and the
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variance P(k+) is performed using the Kalman gain K(k)

P(k—)H(Rk-)

K(k) = p) "
H (Rk-)P(k ) + R(k)

(17)

where R(k) is the strength of the measurement noise v(k).

The update of the variance is
P(x") = P(x") [l-K(k)H(ﬁk-ﬂ (18)

The update of the mean is accomplished at the very end of
this algorithm, immediately after the measurement Zz (k) is

taken.

2(k%) = 2(k7) + K(k) [c(k) - h(ﬁk-)] (19)

The recursive solution of this algorithm begins at

the specified initial conditions:

g0%) =0
p(ot) = g oGz

The initial guess of zero pointing error is better than
attempting to determine from the first measurement(s) the
deterministic pointing error. The algorithm initially
"searches" the target area for an intensity measurement that
is greater than a preset bound, thus assuring that the laser
beam is initially on the target (on the glint). The step
size of search algorithm is approximately equal to the

dispersion (loG) of the glint. The probability density
48
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function, that describes the possible initial pointing error
based on the fact that the initial measurement 7 (0) is above
a certain bound, is nearly a uniform function. For compu-
tational ease it is assumed that this uniform density
function can be aéproximated by a Gaussian curve. Then the
pointing error is unknown but within certain bounds. If the
£(0) threshold is set to coincide with |x|S20; then this
would correspond to the 30 point on the Gaussian probability
density function. Then

30(0%) = 20,

p(o%) = o%(0%) = % %

is the initial condition deemed appropriate to initialize
the algorithm.

Pointing Error Sign Estimation. The estimation algo-

rithm was simulated on the CDC 6600 computer. During the
early efforts it became clear that the algorithm did not
properly estimate the sign of the pointing error. This is
the result of the single axis argument x2 in the measurement
equation, Eq (12), for y=0. But Vgi-s tx, that is, the
solution has two roots and the algorithm, starting from an
arbitrary initial pointing error x(0), does not receive
sufficient information to converge on the proper sign. 1In
Eq (19), the term C(k)-h(ﬁk-)is called the residual. If the

estimate of the pointing error R(k ) is close to the true
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pointing error, then the predicted measurement h(ﬁk-) is

close to the true measurement z (k). As a result, the resid-
ual is small. Conversely, if the estimate of the pointing
error in sign or in magnitude is not good, the residual is
large. An upper bound is calculated for a "normal" range

of the residual magnitude. Then during the initial ten
iterations of the filter the sign of the pointing error
estimate (k™) is forcibly changed whenever the filtered
residual magnitude exceeds that bound. The residual magni-
tude is passed through a low bandwidth low pass filter to
prevent sign changes for any single large residual. This
allows the sign change to take place only on a consistently
large residual. Once the filter converges on the proper
pointing error, it is no longer necessary to keep testing
the residual.

The extended Kalman filter algorithm described above
provides us with the best possible estimate, in the MMSE
sense, of the pointing error. This optimal estimate is, of
course, confined to within the limits of the goodness of

the system model and the available measurement.

Optimal Controller

According to the separation theorem

the optimal stochastic controller for a linear
system driven by white Gaussian noise, subject to a
adratic cost criterion, consists of an optimal
?%near Kalman filter cascaded with the optimal feed-
back gain matrix of the corresponding deterministic
optimal control problem (Ref 5:16).
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This quotation is summarized by the key words: 1linear,
quadratic, Gaussian (LQG).

In the problem development we have already made the
Gaussian assumption. The ALOT control loop model is a
linear one, however, the measurement equation is highly
non-linear. The extended Kalman filter linearizes this
non-linearity at each current operating point and is hence
treated as a linear system. A quadratic performance index
"J" is used to describe the cost function. This estimation
and control problem meets the requirements of Gaussian
noise and quadratic cost criteria. However, the relinear-
ization about the current operating point does not satisfy
the criterion of linearity. Thus because of the lack of a
better approach a "forced” separation design is presented,
where linearity is simply assumed. Thus the LQG assumptions
are forcibly met. The development of the LQG problem is
referred to Ref 5:9-18. The cost function is written in
general as:

N
J = E{Egoéﬁgr(i)z(i)i(i) + g?(i)g(i)g(iq

R b

+5x (N+l)§_§(N+l§ (20)

N

where X, U, and S are weighing matrices penalizing the cost
for deviations in the state x, large control inputs u, and
the missing of the terminal state x(N+l), respectively. 1In

this regulator problem, the terminal state is assumed to
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exist at the infinite time (N=x). This implies that the
terminal condition is of no interest, and therefore the
terminal state weighing matrix S is set at zero. Without
intermediate steps we will state the optimal control law

for a scalar problem (Ref 5:14-15):

U*Ez(k*) @ = -G;(k)ﬁ(k") (21)

where
Bm K(k+1)<bm

G* (k) =
= U+ B; K (k+1)

GX(k) is the optimal feedback gain, B is the control
constant from Eq (3), Qm is the state transition con-
stant from Eq (3), and K(k+l) is a state of the backward
solved Riccati equation.

In this problem the fine pointing mirror has a settling
time that is much less than the sample period used. Thus it
is reasonable to assume that infinite control power is avail-
able as the mirror can reach the command position within one
sampling period. (This is a dead-beat controller). There-
fore the control weighing U is equal to zero. Since ¢m=1,

and Bm-l, Gz(k) becomes unity and Eq (21) reduces to:

vr[2 0ty i = -[1]2 %) (22)

This control law is the degenerate case where U=0. This

result is intuitively predicted as for & mirror of a
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negligible mass and essentially instantaneous response,
whenever a best estimate of the pointing error f(k) is
available, the best we can do is to immediately drive the
mirror with a control in an opposite direction by an amount
exactly equal to thé‘sehsed error. This concept is clearly
evident in Eq (22) and is implemented in the control law

Eq (3), except that the dither is also included in the
mirror drive command.

Although the result above is trivial, the fine pointing
mirror will not always be as quickly responding, and the
infinite control power assumption will not be valid. 1In
that case the "forced" L-Q-G controller may be the most
practical to implement.

The presentation of the concepts of application of the
LQG solution to the ALOT control loop has not assured us of
improved performance. This assurance can come only from a
simulation on a large scale data processing system, such as
our CDC 6600 computer system, or from an actual hkardware
implementation of the algorithm. Both the simulation and
the hardware implementation were accomplished. First, the

simulation techniques are presented in the next chapter.
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III. Simulation of Kalman Filter in the ALOT Control Loop

The simulation was performed to verify the theoretical
development of the ALOT control loop model and to gain
insight into the behavior of the modeling parameters. The
open loop simulation was performed to test the algorithm's
ability to converge on the proper value of the pointing
error, to observe the dynamics of the variance and Kalman
gain, and to determine the filter's sensitivity to vari-
ations in dither amplitude, noise strength values, and

other parameters.

Simulation Concepts

A single program approach is taken when building the
simulation program. This CDC 6600 computer simulation is
performed for the single axis only. Each significant point
of simulation techniques is briefly discussed, but the
results are deferred until a later chapter.

White Noise v. The FORTRAN library includes a random

number generator with a uniform probability density function
for numbers between 0 and 1, and therefore a mean of 0.5.
Twelve random samples from this function are passed through

the algorithm
12
vik) = ap g [v,{12(k-1)+i}=0.5] (23)

=1

for k= 1, 2, 3 v ¢

54




£ R P & O

where vu(k) is the random number, and O is the variance of
the desired white noise. This algorithm produces a relative
frequency of the amplitude that is a very much Gaussian
distributed white sequence v (k).
OT(k)_

Disturbance Process Two approaches are con-

sidered in the generation of the disturbance process OT, a
model of relative motion between the fine pointing mirror
and the target. The first approach is to pass a white
Gaussian sequence, similar to that produced by Eq (23),
through a digital first order filter of variable bandwidth.
The output of this filter is the exponentially time-~
correlated disturbance process OT. The second, and the
adopted approach, is a generated sinusoid of a given ampli-
tude and increasing frequency in a controllable manner. The
second approach is chosen because the simulation results are
compared to the results produced by a frequency response
analyzer used for experimental analyses. The frequency
analyzer generates the disturbance process as a sinusoid of
a given amplitude and varying frequency. It should be noted
that the two approaches would be equivalent, by super-
position, in a linear system, for the purpose of measuring
the error rejection of the closed loop. Since in this
problem a significant non-linearity exists in the meas-
urement of the pointing error, the superposition does not
apply. Thus the two approaches are only approximately
equivalent.
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Frequency Response Algorithm. This algorithm is used

in generating frequency response plots presented in a later
chapter. The algorithm employs the Fourier coefficients in
calculating the log-magnitude of the response ratio. Given
that OT(k) is the controlled sinusoidal disturbance signal,
and r(k) the signal of interest, the Fourier coefficients

are defined:

N
a (i) = ﬁ ]{ﬂr(k) sin(2nf,kT) (24a)
1 N
by (1) = &= £=1r(k) cos (2£ kT) (24b)
. 1 N .
cy (i) = % 1{=10T(k) s:.n(anikT) (24c)
. 1 N .
dy (1) = == ch=1e'”(k) sin(2nf kT) (244)

where fi is a discrete frequency being considered, and T
is the sampling period. Then the log-magnitude is computed:
a2 (i) + b2 (i)
: Lm(i) = 20 log (25)
2, 2,3
cl(l) + dl(l)

where i indicates the frequency fi' A value N = 350 is

chosen for frequencies £, < 80Hz.

Operation of the Simulation Program

The simulation program is sufficiently flexible to

permit evaluation of many parameters without reprogramming.
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In the initial phases of simulation, the convergence of the
Kalman filter in the ALOT open control loop is accomplished.
The glint is stationary for that simulation. The glint is
then "disturbed" by driving the pointing direction with a
sinusoidal OT. In the final step the loop is closed and
the simulated ALOT control system performance is observed.
A perturbation analysis is then performed on the key model
parameters, Q--the strength of the disturbance process,
R--the strength of the measurement noise, and the dither
size.

Three different model versions of the Kalman filter
are simulated. First, a first-order square-root extended
Kalman filter is simulated, where the square root of the
variance P(k) is propagated in time. Then two second order
filters with a single noise source (Fig 18a) and with two
noise sources (Fig 18b) are analyzed. Finally, after the
hardware implementation, a first order filter (Fig 18c) is
simulated.

The real test of the LQG algorithm is in its imple-
mentation on the Nova 800 minicomputer at the AFWL ALOT
laboratory breadboard.
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IV. Implementation of the Algorithm

The extended-Kalman-filter ALOT control loop is demon-
strated on the AFWL ALOT breadboard at Kirtland AFB. The
estimation and control algorithm is implemented on a Data
General Corporation Nova 800 minicomputer, and an Electronic
Associates, Inc. TR-48 analog computer. The TR-48 is used
primarily as an analog interface between the Nova 800 and

both the fine pointing mirror power amplifiers and the PMT

 sensor output. Using R-C components, the PMT and the D/A

filters (Fig 6), are built on the TR-48 patchboard. The
analog computer potentiometers serve as éain selectors in
the ALOT control loop. The Nova 800 is a 1l6-bit processor
with an instruction time (other than a memory-reference or
multiply/divide) of 0.8 usec. A memory reference
instruction takes 1.6 usec, and a divide/multiply--8.8 usec.
The Nova assembly language is very flexible allowing rela-
tively complex logic operations in few instructions. The
memory core is 20,0008 word capacity, although only a

small fraction, less than 7%, of the core was occupied by
the algorithm. The digital control implementation presented

some special programming problems.
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Implementation Problems

In general the problems involved in the implementation
of a complex estimation and control algorithm are signif-
icant. The complexity and the size of the program gener-
ally increase considerably with the increae of the number
of states in the control loop and the filter model. This
fact is the primary motivation for using simplest possible
models in the algorithm. Although a second order filter is
the highest filter order implemented, the programming in
assembly language on the Nova 800 presents a number of
challenges. These challenges are primarily in the precision
of arithmetic operations, scaling from floating point deci-
mal to binary integer arithmetic, round-off, and the logical
flow of the digital program. The methods used in meeting
those challenges are presented in the following discussion.

Precision. The Nova 800 has, as do most other general
purpose minicomputers, a fixed wordlength of 16 bits. This

includes the 15 magnitude bits and 1 sign bit. The quanti-

15 _ .,-1

zation precision of the least significant bit is (2  § Ty
or .0000305. This is poor by comparison to the precision of
large data processing computers, but it is adequate for many
accuracy requirements of control algorithms. This pre-
cision, with proper scaling (discussed in the next section)
proved sufficient for all but one set of variables in this

algorithm. The variance P(k) has a numerical dynamic range

from 10.0 to 10~° depending on the choice of values of the
59
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model parameters. This accuracy is outside the accuracy
range of 16 binary bits, however, well inside the accuracy
range of 32 bits, i.e., double-word precision. The arith-
metic manipulation, specifically multiplication and division,
involving double words became cumbersome and time consuming.
Scaling. Due to a large numerical range of the vari-
ables, three scale factors, including a variable scale fac-
tor, are employed. The architecture of the Nova 800 per-
forms the multiplication operation by multiplying the
contents of two single-words with the result becoming a
double word. Conversely, a double-word is divided by a
single-word and the result is a single word. Then if a
double-word variance P(k) is to be multiplied by another
single-word variable K(k), the P(k) first has to be divided
by an appropriate scale factor, then multiplied by K(k).
The variable scale factor is used in P(k) computation to
prevent a possible zero intermediate result when a small,
but significant, double-word number is divided by a large
single-word number. A possibility exists of an intermediate
result being zero, which in turn would erroneously render a
zero final result. The variable scaling is accomplished by
shifting left, or right as necessary, to perform multipli-
cation, or division respectively, by integer powers of two.
The necessity of scaling intfbduces numerous multiply and
divide operations in addition to those required by the algo-

rithm itself. Specifically, 12 multiply/divide operations
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are necessary in one cycle of the single state filter algo-

"‘ ( rithm however, with the scaling/descaling operations the

number of multiply/divide operations rises to 26. For a

two state filter algorithm this number rises to approx-

imately 55. In the one state filter algorithm the single

axis computation time is 228.8 usec for the multiply/divide

arithmetic operations alone. One cycle computation time

for the entire algorithm, including the adaptation schemes

to be discussed later, was at approximately 750 usec/axis

as compared to an algorithm sample period at 5 usec/axis.

Round-off and Truncation. Truncation error is intro-

duced during division operations with finite word lengths.
i It is modeled as a stochastic process described by a uniform

probability density function with a mean of 0.5 bits. 1In

i i
o OB
-y,

general this mean is inadvertantly summed, and significant

| 3 bias errors can result. To eliminate the truncation errors,
the division result can be rounded-off. This shifts the

f mean of the uniform probability density function to the zero

l point. Thus the truncation error is not cumulative, and is

£ essentially eliminated. Only a few quotients, those in

sensitive calculations, are rounded-off, because to round-

off all quotients would result in a significant computation
é time increase.

Exponential Evaluation. The evaluation of the exponen-

tial function poses a peculiar problem. The evaluation

needs to be accurate as well as rapid in computation.

61

e R R TR A A A A 3,




A —— A S

S

Several schemes -are considered, however, the scheme chosen
is a table look-up of exp(-2z) for 0£z£8.0. This provides a
range for the pointing error -432x324, or for a bivariate
argument -45Vx§+y: £4. It is not necessary to consider
values of x beyond 4.0 as the glint essentially does not
exist beyond that point, also the value of exp(~z)=0 for
2>8. A table of 28=256 entries is generated. Then each
computed argument is split into 2 8-bit bytes. The most
significant byte is then the relative address within the
table. The least significant byte is multiplied Sy the
slope between the addressed and adjacent points within the
look~up table. This interpolation is then added to the base
value for exp(-z) with accuracy better than the 16 bits
permit. The speed of this exponential evaluation is less

than 30 usec, far less than for any other scheme considered.

Program Modularity. Due to the program complexity it
is necessary to use subroﬁtines for essentially all calcu-
lations. The main program then merely consists of a number
of subroutine calls. All subroutines are called with the
pertinent arguments passed in a similar manner that a
FORTRAN subroutine call passes arguments. This is necessary
as the arguments differ from one axis to the other. The
modularity of the program lends itself well to debugging of

errors as each subroutine can be debugged separately.
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Two Axis Program

The algorithm is coded in the Nova assembly language.
The program is structured to provide flexibility to the
user.

Program Flexibility. The program is logically organ-

ized and easy to use. After entry of the few algorithm
parameters, the program computes all of the necessary
constants internally allowing frequent and rapid changes of
any parameters between runs. After the computation of con-
stants, all of the variables are initialized as necessary.
The main program follows the initialization; it is composed
mostly of subroutine call statements, so it is short and
easy to follow. In the main program, first the x-axis then
the y-axis algorithms are computed, then the main program
recycles through the loop. This can be seen in the program
listing in the Appendix.

Monitor Table. Since the program execution rate is

much faster than the transfer rate of the available input/
output devices, a method is devised to record the time
histories of variables of interest. Two tables of 256 words
each are filled with the specified variables, thus recording
the time histories of the initial 256 values of these vari-
ables. The contents of these tables are recorded through a
hard copy unit for analyses.

Flow Diagram. A functional flow diagram is presented

in Figure 21. This flow diagram omits the details of the
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Figure 21. Main Program Functional Diagram
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specific programming language. The specific details of the
Nova 800 assembly language program are available in the

program listing in the Appendix.

Error Rejection Bode Plots

The experimental error rejection Bode plot data are
generated by an "x-y plotter" attached to the BAFCO fre-
quency analyzer. The BAFCO provides a sinusoidal disturb-
ance input, eT« coswt to the control loop and measures the
log-magnitude of the ratio of the Fourier coefficients of
pointing error x and disturbance GT at each discrete fre-
quency w; . The frequency wy is increased discretely over
a preselected range, and at each point the log-magnitude is
evaluated and plotted (also displayed digitally).

The effectiveness of the algorithm is tested in an
experimental implementation. The results of the simulation

and implementation are presented in the next chapter.
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V. Results

The simulation and experiment results are presented in
this chapter. The simulation results establish the basis
for model choices and parameter selections subsequently
applied in the filter control algorithm on the ALOT bread-

board.

CDC 6600 Simulation

A significant amount of simulation was performed for a
single axis estimation model. In the early stages of simu-
lation, qualitative analysis was performed on a first order
Kalman filter, to observe the effects of different param-
eters on the quality of the estimation.

Open Loop Simulation. With the strength Q of the

disturbance process model set non-zero, a 20 Hz sinusoidal
motion GT is applied to the simulated fine pointing mirror.
With the measurement noise strength R set at a small value,
and the sampling period T set at .002 sec, the esti :tion
is performed in an open loop configuration. The goodness
of the estimation is observed by comparing the history of
the estimated error to the true pointing error. The algo-
rithm'%rackdleT quite well in an open loop configuration.
At this disturbance frequency, the error in estimation is

less than 5% of eT amplitude. The shaping filter is a part
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of the Kalman filter design, i.e., different shaping filters
output different stochastic processes as models for OT.

Choice of sShaping Filter. A number of choices of

shaping filter are available, as models for the disturbance
process. First order shaping filter, as presented in Figure
18c, is relatively easy to implement and very often adequate
for a given application. Other shaping filters such as the
one in Figure 18a, are often used in modeling of disturb-
ances of airborne targets. No data representing the real
world disturbance process is available for comparison with
the hypothesized models. The second order shaping filter
(Figure 18a) is appealing because it can provide velocity
estimates as well as position estimates. It is intuitively
obvious that a good velocity estimate can improve a position
estimate--a desirable goal. However, the first order filter
(Figure 18c) is much simpler to implement. Since the imple-
mentation on the minicomputer deals with a finite word
length, either double word precision, as discussed in the
previous chapter, or a square-root version of the extended
Kalman filter variance has to be implemented. The square
root filter is a Kalman filter version which propagates the
square root of the variance VP (k) (Ref 4:88-118). This
form reduces the accuracy requirement at the expense of the
algorithm complexity. The square root version of the first
order Kalman filter in the ALOT closed loop was simulated.

The filter converges; however, it estimates poorly for
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other than low frequencies. The second order shaping filter
works reasonably well in the estimation of position but
provides a very poor velocity estimate. The velocity esti-
mate is essentially zero for all circumstances. A noise
source added to the velocity level, thus modifying the
shaping filter to that shown in Figure 18b, does not improve
the velocity estimate. At this point it appears that a
velocity estimate is not possible as the velocity state is
not measurable. Additionally, when the noise strength 02

is adjusted to produce good filter performance, the value
(including zero) of the noise strength Q1 does not alter

the filter performance. This implies that only the inte-
grator driven by white noise L) is a good model of the
stochastic process OT. But this is the same shaping filter
as the one in Figure 18c with o set at zero. At this point
it can only be speculated that the simulation of the square-
root version of the first-order filter had a programming
error or other problems.

The discussion in the above paragraph presents the
background information that led to the final implementation
on the Nova 800 of the first-order shaping-filter extended
Kalman filter. Double word precision, instead of square-
root filtering, is used to obtain the necessary accuracy for
the propagation of the variance P(k). The above evidence
that the two state shaping filter is not as good a repre-

sentation of the real world disturbance process GT
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characteristics as the one state shaping filter dictates
the choice of the first-order shaping-filter model, such as
in Figure 18c. The bandwidth of this filter can be varied
by choosing the appropriate o and gain.

First Order Filter Simulation. The first order shaping

filter in the ALOT closed loop is simulated, and the Kalman
filter variance and gain time-histories are plotted. Also
a log-magnitude plot versus frequency of the error rejection
is obtained. The Kalman gain K(k) and filter variance P (k)
are shown in Figures 22 and 23 respectively. Both plots
show the rapid transition from the initial to the steady-
state condition. Essentially steady-state values are
reached by the filter in one iteration. This rapid tran-
sition is due to the small correlation between the previous
measurement history and the current measurements, as
reflected in a small value of the measurement variance R(k)
in Eq (17). This effect causes a rapid gain in the esti-
mation confidence as reflected by this rapid variance
convergence. For greater values of R(k), both the variance
and the filter gain would have a slower transient to steady
state.

In general, the variance and gain of the Kalman filter
for a non-linear system do not have a steady state solution,
because the linearized term H(R k-] is not constant as can
be seen in Eq (16). Then the variance P (k) cannot have a

steady state solution because H(R x-) appears in the
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intermediate Kalman gain Eq (17). However, in this problem

it is our desire to zero out the error by allowing
ulk) = -2 ") d(k), where d is the dither constant. Then

-aT

for the case where o = 0, (e = 1), Eq (13) becomes:

2k+17) = 2kt -2 ) 2a (k)

= td(k) = idk

The linearized observation H(ﬁk-) evaluated at *d then
becomes H(idk), where * implies alternating sign of the
dither. For this special case the magnitude of H(tdk) is
constant, but the sign of H(tdk) varies with the changing

sign of the dither as seen in Eq (16)

+a
H(sd,) = - kE‘("’dk)‘b]
g
G

Consequently the magnitude of the Kalman gain solution K(k)
is constant, although its sign changes with the change of
the sign of the linearized observation parameter H(tdk) as
it is evident from Eq (17). Since the magnitudes of H(tdk)
and K(k) are constant, then the variance propagation P (k)
and the variance update P(k+) have steady state solutions,
as evident in Figures 22 and 23. Filter stability and
dynamics are important in the system analysis, but the
effectiveness of the Kalman filter in the ALOT closed loop

needs to be measured.
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Error Rejection. The measure of "goodness" of the ALOT

control loop is the ratio of the dither frequency to the
error-rejection bandwidth. The error rejection has been
obtained using the method presented in Egs. (24) and (25).
The simulated control loop error-rejection curve is plotted
in Figure 24. The initial slope is 20 dB per decade indi-
cating a first order response. The -3dB point occurs at

41 Hz--indicating that the error-rejection bandwidth is

41 Hz. The dither frequency of 100 Hz (200 samples per
second) is used in this simulation; The dither to response
ratio is 2.44:1. For frequencies above 40 Hz, the Bode
plot indicates higher order dynamics that are probably
induced by a combination of filter dynamics and non-line-
arity effects. No analysis has been performed to determine
the source of this phenomenon. Phase angle is not computed
for this simulation. Additionally, this one axis simulation
of the ALOT loop is not tuned for best performance. The

parameters Ima v Ogr Q, R, and dither size are approximately

X
the same as the parameters in the experimental control loop.
In the simulation these parameters are perturbed in the
small to maximize the ALOT control loop bandwidth. These
parameters are not perturbed in the large to globally
maximize these parameters for a maximum bandwidth perform-

ance as this is not within the scope of this feasibility
study.
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Figure 24. Simulated Error Rejection

ALOT Laboratory Results

The algorithm first is implemented in single axis using
a pipe for a target. The pipe is held in a vise with the
pipe axis perpendicular to the laser beam plane of move-
ment. The glint from the laser beam sweeping across the

pipe is modeled very well by a Gaussian function.
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Single Axis Results. The results of the single axis

Kalman filter implementation are discussed in this section.
The error rejection plot in Figure 25 shows that the band-
width (-3dB point) is 62 Hz. This bandwidth translates into
a dither-to-response fatio of 1.61:1. Considerable time was
spent "tuning" the filter and control loop to obtain this
response. It must be remembered that the theoretical limit
is at best a dither-to-response ratio of 1:1 due to Shanon's
sampling theorem. The dither-to~-response ratio of 1.61:1 is
better than the 2.44:1 obtained in simulation. However, it
must be remembered that simulation algorithm was not nearly
as well tuned as the experimental filter. The important
point to be observed is that the shape of the experimental
log-magnitude plot (Figure 25) compares quite favorably with
the shape of the simulated plot (Figure 24). '
The time history of the variance is shown in Figure 26.
This plot shows that the variance reaches steady state with-
in two iterations, very much like the simulated variance in
Figure 23. The experimental gain time history in Figure 27
shows essentially steady state Kalman gain magnitude. This
is an important point. 1In this algorithm the discrete-time
Riccati equation is solved for each iteration to provide the
Kalman gain. However, if the Kalman gain is essentially
constant, then it can be approximated by a constant, and

thus reduce the algorithm computation time by approximately

¢
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50% as well as eliminate the wordlength problem in the
variance computation.

The "goodness" of the single axis estimation and con-
trol algorithm is presented in the following series of
photographs of signals recorded on a storage oscilloscope.
Figure 28a shows the amplitude and frequency of the disturb-
ance sinusoid eT = .2 sin(2m 10t) volts (smooth curve).
Superimposed on top of it is the feedback signal Om with the
discrete dither added. The dither frequency is 100 Hz
(sampling period T = .005 sec). The mean of Om appears not
to deviate from GT. This indicates that the laser beam is
tracking the center of the steel pipe (top of the glint)
despite the 10 Hz disturbance. This fact is indeed evident
in Figufe 28b. The feedback signal Gm is shown in the
bottom of the photograph; the change in both the vertical
and horizontal scales for Figure 28a to Figure 28b should be
noted. In the top of the photograph is the output of the
PMT filter, or the measurement sampled by the A/D converter.
Imax is set equal to 8 volts. In this photo the PMT filter
output does not indicate that the laser beam is precisely
at the top of the glint which would be represented by 8
volts, but it indicates the effect of the dither. The
dither causes the laser beam to "jump" on either side of the

glint peak. The important point to notice, however, is that

this "jumping" on either side of the glint peak is quite
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uniform, confirming the observations in Figure 28a that

N

2
O (k) -6 (kq -
){.1[ T m

This means that essentially the only pointing error present
is due to the dither. Of course this does not hold true for
higher frequencies of eT. Figure 28c shows that the feed-
back signal em does not follow eT at feT = 30Hz. This is
also evident in Figure 28d where the control applied at the
beginning of each sampling period does not evenly "jump"
about the mean. The three steep ramps between sampling
times are created by the motion eT causing the beam to move
away from the top of the glint and reduce the magnitude of
reflected intensity. This change in pointing error, of
course, cannot be sensed until the next sampling time, at
which time this deviation is sensed and the em is changed to
restore the beam to the top of the glint. At fg, = 60Hz the
estimation errors are significant, and the magnitude of
movement of the laser beam away from the top of the glint
between the sampling times is quite large. This is approxi-
mately the frequency at which the error rejection curve
reaches the ~3dB log-magnitude. At this frequency, despite
the above estimation and control errors, the control loop

is tracking and is stable.

It should be pointed out that the initial sign esti-

mation, in this single axis implementation, is performed
83
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through the technique discussed in Chapter I1. That is,
during the initial ten iterations the pointing error esti-
mate sign is forced to the opposite sign if the residual
history exceeds a certain bound. This works quite well as
no hesitations in convergence on the glint were observed.
Additionally the algorithm is restarted when it ceases
tracking. To help determine the ALOT control lock-on the
glint, the residuals and the measurements are continually
monitored. Both are filtered with low pass digital filters
of low bandwidth to extract the time averaged values. The
residual RES(k) is first rectified then filtered to provide

SRES (k) (filtered |RES(k)|).

_ __.014

SRES (k) — |RES (k) |
1-.986z

The bandwidth of the low pass filter is approximately lHz,
so that only slow variations are not attenuated. Similarly
the measurements z (k) are filtered

L] 023

SZET (k) = —————y t(k)

where SZET (k) is the filtered measurement. The bandwidth of
this filter is approximately 1l.5Hz. The break-lock monitor
restarts the estimation and control algorithm whenever
SRES (k) exceeds a predetermined upper bound indicating

excessively large estimation errors, or whenever SZET (k)
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exceeds a predetermined lower bound, thus indicating that
the laser beam is not on a measurable part of the glint.
The low-pass filter constants and the bounds were chosen
with a trial and error method.

After the discussion of the single axis implementation,
it is necessary to examine the results of the two axis
problem.

Two-Axes Implementation. The modeling assumptions for

a spherical target made in Chapter II allow a simplified
approach to this problem. This simplified approach is
evident in Egs. (13)-(19) where one set of estimation
equations for the x-axis are presented. An identical set

of estimation equations are used for the y-axis except that
in Egs. (13), (17), (18), and (19) the variable x is
replaced by the variable y, also Eq (16) becomes a partial
derivative of h(ﬁk-,Qk-) with respect to y and evaluated at
ys?k-. This approach permits the decoupling of the disturb-
ance processes eT in the x and y axes, which in turn permits
to model the control problem with two parallel control
loops. It must be pointed out that the pointing error esti-
mates are coupled through the measurement Eq (15). However,
this coupling was not modeled in the covariance: propagation
equations. This coupling is shown in the following &is-
cussion to be weak for low frequency disturbance GT, and it
becomes significant with increasing GT frequency. It is

suspected, but not shown, that this coupling is responsible
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for the reduced dither-to-response ratio for the two axes

as compared to the single axis where the coupling problem
does not exist. Each of these loops with its own estimator
and controller would time share the computational capacity
of the Nova 800 minicomputer. The dither scheme imple-
mented moved the beam in a square box pattern in a counter-
clockwise direction. One complete path about this square is
defined as one cycle of the dither. In the two-axis imple-
mentation the dither frequency is chosen as 100 Hz--the same
dither frequency as for the single axis case. Since no
simulation of the two axis control was performed, the com-
parisons will be made with the single axis performance and
with the performance of other tracking schemes.

The first two-axis data presented are the error
rejection Bode plots in Figure 29 for the x and y axes.
These error rejection plots were generated by applying eT
to one of the axes without disturbing the other one. Figure
29 shows the error-rejection bandwidth is 34 Hz and 36 Hz
for the x and y axes respectively. The average dither-to-
response ratio for the two axes is then 2.86:1. No clear
explanation was yet found for the almost 50% reduction in
bandwidth from the single axis results. Perhaps the cross
axis uncoupling assumption in the Kalman filter equations
is breaking down at disturbance frequencies around 30 Hz

and above.
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The gain and variance time histories are identical to
those presented in Figures 22 and 23 for the single axis
implementation..

The photographic data is presented in Figure 30 for
disturbance frequencies GT, of 0, 10, 30, and 40 Hz. The
topmost two signals in each photograph are the x-axis dis-
turbance OT (smooth curve) and the superimposed x-axis
control signal Om, The middle signal is the y-axis em
and the lowest signal is the filtered PMT output. It is
clear from Figures 30c and 304 that errors in estimation
(and control) in the x-axis adversely affect the estimation
and control of the y-axis. At 30 Hz disturbance frequency
to x-axis, the magnitude of the control signal in the y-axis
is quite large despite the fact that y-<ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>