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ABSTRACT 

A Fourier Transform Spectrometer (FTS) is an interferometric 

instrument configured so that the optical spectrum of the input to the 

instrument can be determined from the Fourier transform of the output. 

Spectral resolution is proportional to the maximum path difference in 

the interferometer. 

The Kitt Peak 1-Meter FTS is a high resolution instrument 

featuring a one-meter maximum path difference. The instrument is of the 

continuous motion type and utilizes equal time sampling of the inter-

ferogram. 

Realization of the potential of a one-meter path difference 

instrument requires very precise path difference positioning. Static 

and dynamic position accuracies of approximately seven Angstrom units 

are achieved in this instrument. 

Path difference command and control is accomplished through use 

of phase-lock techniques. A key element in the implementation is a 

Zeeman frequency stabilized Zeeman laser. Stabilization is accomplished 

by phase-locking the Zeeman frequency to a quartz crystal controlled 

system reference frequency. 

Path position information is derived by a control position 

interferometer which utilizes the Zeeman laser so that one cycle in 

phase at the Zeeman frequency corresponds to one wavelength in path 

difference at the laser optical frequency. Position control is 

achieved by phase-locking the output of the position control 

x 
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interferometer to a command signal. The command signal is synthesized 

from the laser Zeeman frequency by an additional phase-lock loop. 

Two approaches to minimizing spectral ghosts resulting from 

velocity errors are developed. One technique is applicable to bandpass 

designs. The second optimizes response of low-pass designs that include 

a single high-pass pole to reject the average value of the interfero

gram. Both techniques result in ghost responses improved by factors of 

at least ten to one-hundred compared with those of conventional data 

filters. 

The instrument includes an autoranging analog-to-digital con

verter with fifteen bits of resolution and total range of twenty-two 

bits developed to cope with the large dynamic range of the interferogram. 

These efforts together with careful design and construction have 

resulted in a powerful instrument which is in active use. 



CHAPTER 1 

INTRODUCTION AND SUMMARY 

The Kitt Peak Solar 1-Meter Fourier Transform Spectrometer (FTS) 

is the first continuous motion Fourier Transform Spectrometer featuring 

a 1-meter total path difference capability. The instrument provides 

unique capability for astronomical investigations and for laboratory 

spectroscopy (Brault, 1978 and Testerman, 1981). 

Development of the Kitt Peak Solar 1-Meter FTS required a multi-

disciplinary effort with contributions from the fields of electrical 

engineering, physics, optics, structures, and fluid dynamics. This 

document reports on a limited part of the total effort, the command and 

control and data acquisition and signal processing portions of the 

overall system. Efforts from the other previously mentioned areas are 

covered herein only to the extent required to provide continuity and 

background. 

The command/control and data systems for the instrument posed a 

unique set of problems which resulted from the control precision and 

data handling fidelity needed to realize the potential capabilities of 

a continuous scan 1-meter path difference instrument. As covered' in 

the following chapters, specific problems included the synthesis of 

command/control functions to produce uniform and precisely repeatable 

path differences so as to enable data averaging over long periods of 

time. The command/control system synthesized to meet this requirement 

1 
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provides static and dynamic path difference control with a root-mean-

O 
square (rms) error of less than seven A units over the full path 

difference. 

Special problems in the data system arose from the very large 

dynamic range of the data generated by the instrument and from second 

order effects of the phase and amplitude characteristics of the pre-

sampling data filter. 

The synthesized functions reported on herein feature the first 

application of several important techniques to this type of instru

ment. The most significant of these are: 

1. Use of a Zeeman frequency stabilized helium-neon laser as 

the path difference reference. 

2. Application of continuous phase-lock techniques to achieve 

path difference position and velocity control in a continuous 

motion FTS. 

3. Application of phase-lock techniques to synthesize path 

position command functions. 

4. Optimization of pre-sampling data filter characteristics 

to minimize second order errors resulting from path dif

ference velocity errors. 

Chapter two presents a brief summary of the theoretical basis 

for a Fourier Transform Spectrometer (FTS) and is included to establish 

a basis for the remainder of the work reported on herein. Contributions 
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reported in this chapter include an interpretation of previously 

reported work to establish the concept for data filter optimization and 

an analysis of spectral errors resulting from amplitude, phase, and 

offset errors in auto-ranging analog-to-digital conversion schemes when 

they are applied to continuous motion FTS instruments. Chapter two also 

establishes performance goals for the work reported in chapters three 

and four. 

Synthesis of command and control functions is reported in 

chapter three. The chapter includes an overview of the problem and the 

synthesized command and control system. An important development 

required for successful operation of the phase-lock loops used in the 

command and control system is the n-rr phase error detector reported in 

this chapter. Phase-lock stabilization of the laser Zeeman frequency 

by locking to a quartz crystal reference with an rms (root-mean-square) 

error of less than 0.35° is covered in Chapter 3. The path position 

control loop as described in Chapter 3 consists of a dual phase-lock 

loop to control the two retroreflector mirror castings that determine 

the optical path difference in the instrument. The final section of 

chapter three reports the synthesis of the path difference command 

function. This subsystem uses a digitally controlled phase-lock 

system to synthesize the command function using the laser Zeeman 

frequency as a reference. The command system also synthesizes data 

sampling commands. It is microprocessor controlled and provides the 

operator/computer interface for the system. The microprocessor also 

provides acceleration control to achieve high path difference velocities. 



CHAPTER 2 

DESCRIPTION AND ANALYSIS OF FOURIER 
TRANSFORM SPECTROMETERS 

The material in the first part of this chapter discusses the 

basic operating principles of Fourier Transform Spectrometers and is 

included to provide background for the sequel. Basic expressions 

defining the interferogram and the recovery of the input power spectrum 

from the interferogram are developed. The development utilizes the 

impulse response of the instrument (Stoner, 1966). 

The relationship between maximum path difference and the 

spectral resolving power of the instrument is also included as back

ground for the design of the Kitt Peak National Observatory One-Meter 

Path Length Interferometer. 

To facilitate subsequent discussion, Fourier Transform Spec

trometers are classified by the type of motion employed in achieving 

path difference, continuous or discrete. Within the class of con

tinuous motion instruments, a further classification is made with 

regard to exactly how sampling of the interferogram is controlled. 

Two classes of system errors which impact the control and data 

acquisition problem are considered in some detail. These classes 

consist of sampling position errors and errors resulting from 

additive noise. 

The discussion of sampling position errors includes development 

of first order effects resulting from this type of error. A 

4 
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consideration of second order effects which leads to specific expres

sions important to the synthesis of signal processing chains for high 

resolution Fourier Transform Spectrometers is also included. 

The effects of additive noise are considered and some basic 

expressions important to the signal processing chain are derived. These 

expressions include those expressing the effects of nonlinear errors 

peculiar to autoranging analog-to-digital conversion schemes. 

An estimate of the dynamic range of signal-to-noise anticipated 

in the instrument is included to establish the need for an autoranging 

type analog-to-digital conversion of the interferogram. Mapping of the 

Zeeman Laser difference frequency into a very useful phase-to-path 

distance relationship is developed. This mapping establishes the 

fundamental basis for the control of the instrument described herein. 

Advantages of this approach as opposed to more conventional techniques 

are also discussed. 

The final section of this chapter discusses the impact of some 

practical considerations and utilizes results from the previous sections 

to determine design goals for the path difference control system. 

Throughout Chapter 2 and in the remainder of this document, 

optical frequencies are defined in terms of the wave number, a, where 

the wave number is the reciprocal of wavelength and has dimension of 

reciprocal distance. 

That is 

a = 1/A 

where X is wavelength in centimeters. 

(2.1) 
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The wave number notation is appropriate since as is shown in the 

following a Fourier Transform Spectrometer operating at a fixed path 

difference velocity of Vq maps an optical frequency with wave number 

OQ into an interferogram frequency f^ by the simple relationship 

fo • Vo <2'2) 

Electrical frequencies at the output of a Fourier Transform 

Spectrometer are specified in terms of Hz throughout the remainder of 

this document. 

Operating Principles 

A Fourier Transform Spectrometer is a device which allows the 

spectrum of light applied as input to the instrument to be determined 

from the Fourier Transform of the output of the interferometer. 

Fourier Transform Spectroscopy dates from the invention of the 

Michelson Interferometer by Dr. Albert A. Michelson in 1880. Although 

Michelson was able to obtain some spectra from the technique (Michelson, 

1902) exploitation of the instrument awaited more recent technological 

advances including the high-speed digital computer, modern control 

theory, and discovery of the Fast Fourier Transform by Cooley and 

Tukey (1965). 

Fourier Transform Spectrometers feature characteristics that 

offer advantages for many scientific applications. The multiplex or 

Fellget advantage (Fellget, 1968; Bell, 1972) refers to the fact that 

a Fourier Transform Spectrometer receives and processes information from 
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the entire input spectrum at all data points. In a grating type 

spectrometer in which N elements are resolved over a total observation 

time, T, each element is observed only for time T/N. Therefore, for 

equal noise, and equal total observing times, the Fourier Transform 

Spectrograph has a signal-to-noise advantage of >/n relative to the 

grating technique. In the case of high resolution spectroscopy where 

N may be on the order of 10^, this advantage becomes very significant. 

The throughput or Jacquinot advantage (Bell, 1972) refers to the 

ability of the interferometer to collect large amounts of energy at high 

resolution. This is a geometric advantage and is shared by Michelson 

and Fabry-Perot type interferometers (Connes, 1970). 

As is discussed in the sequel, an additional advantage lies in 

the fact that the resolving power of the instrument is a function of the 

total path difference as opposed to being a function of basic quality 

of system optical elements as is the case for a grating type spectrometer. 

Connes (1970) has also pointed out that the Fourier Transfor Spectrometer 

is unique in its ability to provide wavelength calibration of the output. 

This fact follows directly from the transform technique which assures 

linearity of the output frequency scale. 

Basic Interferometer Expressions 

A basic Fourier Transform Spectrometer is illustrated in 

Figure 1. Light enters the system from the left of the figure and is 

split into two paths by the beamsplitter. Light travels distances 

and X£ to and back from reflecting surfaces 1 and 2 and is then 



* 
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recorabined and sent to a product detector which develops an intensity 

function. As is, developed in this section, an interferogram is formed 

at the detector output with an intensity function given by: 

°2 

I(X) = 3(a) [cos 2iraX] da (2.3) 

°1 

Where: X is the path difference (X^-X2) and 6(a) is the input light 

frequency spectrum assumed to be band limited between a^ and a 

The purpose of the Fourier Transform Spectrometer is to recover 

3(a), the input spectrum. As is developed in the sequel, 3(a) is given 

by: 

3(a) = I(X) [cos 2iraX] dX (2.4) 

Equation 2.4 is the basis for the name Fourier Transform 

Spectrometer, and the motivation for construction of these instruments. 

The basic expression for the interferogram given in Eq. 2.3 

can be realized by following several approaches (Bell, 1972). One 

approach is to recognize that the interferogram represents the auto

correlation of the input over the path variation and that therefore the 

spectrum is given by the Fourier Transform of the interferogram. Another 

approach is due to Stoner (1966) and utilizes the impulse response 

technique to derive the expression for the interferogram. This latter 

approach is followed in the sequel. 
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From Figure 1, for path lengths X^ and with corresponding 

delays X^/C and X^/C, the impulse response of the instrument is given 

by: 

h(t) = *s(6 (t^/C) + 6(t-X2/C)} . (2.5) 

In terms of the optical wave number, a, the Fourier Transform 

of Eq. 2.5 is: 

„«„) . ̂2nXl°}{l + (2.6) 

For this case 

|H(ja)|^ = {1 + cos 2ttoX} . (2.7) 

Therefore, the output of the instrument is given by: 

G(a,X) = F(a) (%) (1 + cos 2iraX), (2.8) 

where the notation G(a,X) is used to indicate functional dependence on 

both a and X, and F(o) is the input function. At any path difference, 

X, the total output power, G(X), is given by: 

f 
G(X) = 3 s j  F(a) (1 + cos 2ttctX) da (2.9) 

CO 

If F(a) is replaced by an input 3(cj) which is bandlimited between 

a1 and (a^c^) 
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G(X) = i § (a) (1 + cos 2ttctX) do (2.10) 

Oz 

The conventional expression for the interferogram is obtained by 

dropping the constant term and extending the limits of integration to 

obtain: 

I(X) = g(a) [cos 2iraX] da (2.11) 

3(a) is a real function and therefore I(X) must also be a real 

(even) function. 3(a) is therefore given by the inverse cosine Fourier 

transform of I(X). That is: 

3(a) = I(X) [cos 2iraX] dX (2.12) 

Eq. 2.11 and 2.12 are the idealized transform pairs of Fourier 

Transform Spectroscopy. In practice, these relationships are neither 

realized nor used. Several physical realities dictate this situation. 

First, a bandlimited input spectrum is used. Second, the data is 

obtained in discrete samples taken with the aid of a digital computer 

and an analog-to-digital converter. In addition, the range of variation 

of X is strictly limited by the physical capabilities of the instrument. 

As a result, a Discrete Fourier Transform representation must be used 

and the limited range of X results in modification of Eq. 2.11 by a 

rectangle function (Bracewell, 1965) with resultant smearing of the 



12 

spectrum. The sequel defines finite forms of Eqs. 2.11 and 2.12 con

siders the effect of the rectange function on instrument resolution. 

Mathematical filtering techniques to improve results in the presence of 

the rectangle function are covered extensively in the literature 

(Filler, 1964; Connes, 1961; Bell, 1972 and Harris, 1978) and are not 

of concern to the control and data acquisition problem. 

sampling require that Eq. 2.11 be modified to the discrete Fourier 

Transform: 

where 6 is the impulse symbol (Bracewell, 1965). 

The inverse Discrete Fourier Transform corresponding to Eq. 

2.12 is: 

2X 1 
eR(aK) I I(Xn) cos (27raKXn) (2.14) 

n=0 

Subsequent sections refer to the odd part of the transform which 

is given by the sin transform: 

A bandlimited input, finite path difference and discrete data 

°2 
n=N-l 

I(X) = I 6 (X-nAX) g(a)cos [2ttoX] da (2.13) 

n=0 
(2.15) 
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Eqs. 2.13 and 2.14 represent the practical forms of Eqs. 2.11 

and 2.12. 

The mapping of optical frequencies to frequencies in the inter-

ferogram for linear path difference motion is an important concept. The 

mapping can be demonstrated using Eq. 2.11. Consider a monochromatic 

input to the interferometer with wave number a^. Let the path difference 

be a constant velocity function such that X = Vt. Then from Eq. 2.11 

I(t) = cos 2TTO Vt (2.16) 
o 

That is, optical frequencies are mapped into the interferogram 

by the relationship 

f = a V (2.17) 
o o 

where is the wave number corresponding to the optical frequency with 

dimension reciprocal wavelength and V is the path difference velocity 

with dimension length per unit time interval. 

Figure 2 shows a somewhat more complex form of the basic inter

ferometer and illustrates an important concept used in the instrument 

described herein. In Figure 2, retroreflector mirrors are used rather 

than the plane mirrors in Figure 1. 

The retroreflector optics are arranged so that the reflected 

beams combine at a different point on the beamsplitter than that at 

which they entered. As a result, two interferogram detector positions 

are available. Conservation of energy considerations dictate that these 



DETECTOR #2 

SOURCE 

BEAM 
SPLITTER 

t 
DETECTOR #1 

Figure 2. Interferometer Using P.etroreflectors. 



two outputs must be complementary (Steel, 1967). The two detected out

puts can be subtracted to enhance the difference path signal-to-noise 

ratio. If the two detector outputs are added, Eq. 2.10 implies that 

the sum will be given by: 

o. 
2 

G 
sum 

B(c) da (2.18) 

°1 

That is, a measure of the total light entering the instrument is 

obtained. In astronomical applications, the results in Eq. 2.18 are 

used to normalize the interferogram described in Eq. 2.11 to remove the 

effects of "seeing" over the time required to obtain an interferogram. 

Chapter 4 describes data filter designs and timing considerations used 

to implement this concept. 

Resolving Power 

The ability of a Fourier Transform Spectrometer to reproduce 

the structure of an input spectrum is a function of the maximum path 

length variation capability of the instrument. This fact may be 

visualized by considering the resolving power of the instrument for a 

monochromatic source. 

Consider a monochromatic input, approximated by a laser, with 

wave number and amplitude K. From Eq. 2.11 the resulting inter-

ferogram is given by: 

I(X) = K cos 2ttct X (2.19) 
o 



16 

The corresponding output spectrum is from Eq. 2.12: 

3(a) = 

max 

(cos 2tta X) (cos 2ttoX) dX 
o 

(2 .20)  

Where X is the optical path length variation on one side of 
max 

the zero path difference point. Eq. 2.20 yields: 

sin 2ir(a-a ) X sin 2n(a+a ) X 
, N o max o max , 0 0 

^ 4tr(a-a ) 4ir(o+o ) 
o o 

The positive frequency part of Eq. 2.21 is illustrated in Figure 

3. As shown, the positive frequency maximum occurs at a = a^. The 

distance between the first two zeros about this maximum is: 

A = 1/(X a ) (2.22) 
max o 

The resolving power of the instrument is defined to be the A 

reciprocal of A 

X 
RESOLVING POWER = (2.23) 

o 

As an example, an instrument with a 1-meter path difference 

has a resolving power of 1 x 10^ at a wavelength of 10,000 Angstroms. 
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Figure 3. Interferogram for Monochromatic Input Spectrum. 
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Types of Fourier Transform Spectrometers 

From the control and data acquisition point of view, implementa

tions of high resolution Fourier Transform Spectrometers vary fundament

ally in the type of path variation motion they employ and in the method 

of determining sample points for data acquisition. The following para

graphs review the resulting classifications and briefly describe the 

system of characteristics of each. 

Types of Path Difference Motion 

The type of path motion employed results in two classifications 

of instruments. The first class features discrete motion, while the 

second features continuous motion. 

The discrete motion class of instrument has been developed 

extensively in France (Connes, 1970; Connes and Michel, 1970). In these 

instruments, the system moves to a desired path difference position and 

remains at that position while the interferogram is sampled. 

The Kitt Peak National Observatory Fourier Transform Spectrometer 

reported on herein represents the first development of a truly high 

resolution Fourier Transform Spectrometer utilizing the other type of 

path position control, continuous motion. In this type of instrument 

path variation is continuous, at uniform velocity, and the interfero

gram is sampled at appropriate time intervals. 

The stepping type of interferometer is basically a DC instrument 

insofar as data acquisition is concerned. On the other hand, the con

tinuous scanning type of device is an AC instrument for data acquisition 
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purposes. The distinction implies that a low-pass filter is the only 

predetection processing required for the stepping mode. On the other 

hand, a bandpass filter which reduces 1/f type noise from detectors and 

other active devices is feasible in the case of continuous scanning. 

Advantages pointed out for the case of the stepping type inter

ferometer (Connes, 1970) include the ability to achieve a high degree of 

path-difference precision and the ability to prefilter or integrate the 

data prior to sampling. Additionally, the stepping type interferometer 

totally avoids effects due to nonconstant velocity (Connes, 1970). 

Recent technological advances render some of these advantages less 

important than they were several years ago. For example, the rapid re

duction in the cost of mini-computers and associated memory has signifi

cantly reduced the importance of being able to average prior to sampling. 

A properly designed continuous motion system such as the one described 

herein can achieve averaging by adding results from repetitive inter-

ferograms. This method of averaging results in an important difference 

resulting from the type types of motion control. 

As was noted above, the stepping interferometer uses a low pass, 

continuous type average at each spatial data point. As a result, poor 

averaging of the lower frequency error spectrum will necessarily be 

achieved. The continuous scanning approach averages by repeating path-

difference motion and averaging data from successive scans. As a 

result, it is easier to achieve sample-to-sample statistical indepen

dence for averaging purposes. 

The problem of errors resulting from nonuniform path-difference 

velocity is examined at length in subsequent sections of this chapter. 
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The results of this analysis, the ability to design the command and 

control system to reduce path-difference velocity errors, and the ability 

to reduce the effect of path velocity errors through careful design of 

signal processing functions, significantly reduces the advantage of the 

stepping approach. 

It should also be noted that in situations in which adequate 

sig*ial-to-noise can be achieved by a single sample, or by averaging a 

small number of samples, the continuous scanning system is much faster 

from a data acquisition viewpoint. 

Sample Intervals 

Within the class of continuous motion Fourier Transform Spec

trometers, the method of determining when to sample the interferogram 

leads to two classifications. The simplest approach is to put the 

interferometer into a uniform path velocity and to sample at equal time 

increments. This technique is referred to as equal time interval 

sampling. 

From several viewpoints it is evident that fringe reference 

sampling should be superior to equal time sampling. For example, if 

multiple interferograms are to be averaged to reduce noise, it is of 

primary importance that samples represent the same spatial position. 

Also, it is evident that at least some of the error due to nonuniform 

velocity will be eliminated by fringe referenced sampling as opposed to 

equal-time interval sampling. As is discussed in the next section, this 

latter consideration is complicated by the presence of pre-sampling 

analog data filter and leads to significant design considerations. 
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A major contribution of this work, which is presented in Chapter 

4, is the implementation of data filter designs which reduce the effect 

of the presampling data filter. 

Effects of Sampling Errors 

Control system imperfections mainifest themselves in the form of 

sampling position errors. That is, data samples are taken at points 

other than the desired space/time location for the sample. These errors 

may be systematic or quasi-systematic in nature, such as those arising 

from high Q system mechanical resonances, or of a stochastic nature. 

As is discussed in the following section, historically the 

problem has been analyzed in the framework of an idealization which 

ignores the effect of the presampling data filter. This idealized case 

is referred to as the first order error effect and yields results 

important to the specification of the path difference control system. 

Sampling Position Error Effects 

The literature includes analyses of several special cases of the 

first order error effect beginning with a paper by Connes (1961) in 

which the case of time increment sampling in the presence of nonuniform 

path-difference velocity was analyzed. Suhr (1966) considered an error 

input from a Gaussian distribution with independent samples and developed 

a mean percent error measure. Sakai (1970) considered a monochromatic 

source and developed a measure of ghost amplitudes, again considering 

independent samples of the error function. Bell and Sanderson (1972) 

extended this type of analysis to a more general input function, again 

considering independent samples. 



22 

Analysis of the first order case is summarized in the following 

which assumes the errors are small in magnitude in comparison to a wave

length of the highest light frequency admitted to the instrument. This 

assumption is compatible with high precision instruments considered herein. 

Sampling position errors, E(x), are equivalent to ideally sampling 

an interferogram I(x)' where: 

I(x) = I [x + E(x) ] (2.24) 

For small errors as defined above, Eq. 2.2A can be expanded in 

the truncated series: 

I(x)' » I(x) + E(x) (2.25) 

Designating the Fourier Transform of I(x)' to be 3(o)'» the 

spectra resulting from transforming Eq. 2.25 is: 

$(a)' = 3(a) + E(a) • 2irja3(a) (2.26) 

where • implies convolution. 

The effect of the error term in Eq. 2.26 is readily visualized 

by letting the input be a monochromatic source with wave number 0q 

such that a constant path velocity, v, will map to frequency f in 

the interferogram. A cosine error function, Ecos2Trf^t, will yield a 

pair of imaginary ghosts with relative amplitude 2trEat frequencies 

(f f^). Similiary a sine error with the same amplitude and frequency 

will yield a pair of real ghosts with relative amplitude 2ttEoo at 

frequencies (f±f^). 
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The effect of general sampling errors may be visualized from 

the response to sinusoidal inputs by making use of the Discrete Fourier 

Transform representation of the error function. The real part of the 

error spectrum will convolve with the error free spectrum to produce an 

imaginary error which will not appear in the final (real) spectra. 

However, the imaginary part of the error will convolve with tl^e error 

free spectra to produce an additive real term in the output spectra. 

Eq. 2.26 is used in the final section of this chapter to 

specify control system performance goals for both coherent and continu

ous spectrum type errors. 

Velocity Error Effects 

The following results are applicable to continuous motion Fourier 

Transform Spectrometers. The problem and results are unique from 

those in stepping interferometers. This latter case has been covered 

quite thoroughly by Connes (1970). 

For reference, the basic elements of a continuous motion Fourier 

Transform are shown in Figure 4. As shown, the data acquisition portion 

of the system consists of the interferogram detector, the predetection 

filter, a sampling/analog-to-digital conversion system and a data 

storage/processing function. 

The second order problem arises as follows. In the absence of 

a data filter, it would not matter whether path difference was uniform 

or not, as long as samples were taken at the correct spatial points. 

That is, without the presence of the data filter nonuniform path 
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difference velocity could be fully corrected by properly chosen non

uniform time interval sampling. 

As illustrated in Figure 4 any practical system requires a 

low-pass or bandpass filter prior to the sampling function to prevent 

aliasing of frequencies above the system Nyquist frequency. A signifi

cant second order error results from the interaction of path-difference 

velocity errors with the amplitude and phase characteristics of the 

filter. This situation results from sampling not the interferogram, 

but rather the interferogram convolved with the impulse response of the 

data filter. To see this let: 

g[at + e(t)] be the interferogram resulting from nonuniform 

path difference motion. 

G(t) be the impulse response of the data filter. 

Then, the output function sampled is given by the convolution of 

g[at + e(t)] and G(t). That is 

G (t) = g[ot + e(t)] *G(t) (2.27) 
o 

A general solution to the spectral error resulting from 

sampling Eq. 2.27 is difficult. Until recently, the problem has not 

been attacked in the framework of Eq. 2.27 but rather as independent 

amplitude and phase modulation resulting from locally linearized slopes. 

Significant results have included work by Nishiyama et al. (1975) who 

showed theoretically and experimentally that spectral errors resulting 

from path velocity variations could be reduced if the mean delay of the 
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filter was removed when attempting to achieve equal path difference 

sampling. 

published results more applicable to system analysis and synthesis. 

Zachor's results provide a single closed form expression which provides 

a quantitative basis for studying the effects of velocity variations 

and a basis for specifying correction stragegies and data filter charac

teristics to minimize the resultant spectral error. Beginning with an 

expression similar to Eq. 2.27 Zachor achieved the following result for 

the case of a monochromatic error source and a periodic error function. 

Recently Zachor (1977) and Zachor and Aaronson (1979) have 

-i  rj, 
e^(vs) = e 

2 
( 2 . 2 8 )  

Where: 

= phase of the periodic error function 

vg = frequency of the monochromatic source 

E = amplitude of the periodic error function E 
o 

3(vs) the phase delay characteristic of the filter after 
the mean delay has been removed 

F(v ) = the amplitude characteristic of the filter 
s 

3'(v ) = the time derivative of $(v ) 
s s s 

F'(v ) = the time derivative of F(v ) 
s s 

x = v 3 ' (v ) e 
s so 

e,(v ) = amplitude of the ghost pair resulting from the 
1 s 

process 



A system interpretation of 3(vg) can be given as follows: 

g(v) is defined by 

3(v) = 0(v) - 2Try,v (2.29) 
d 

In Eq. 2.29 0(v) is the data filter phase characteristic and 

y, is the delay compensation used. The compensation causes data sampl-
d 

ing to occur y^ seconds after a spatial reference point has been sensed. 

Analytic arguments for the use of delay compensation are given by Zachor 

and Aaronson (1979). The concept may be visualized as follows. Suppose 

some precise method such as a laser interference pattern is used to 

precisely determine equal path difference sampling intervals. Note, 

however, that the actual output at the filter is delayed by the filter 

delay characteristic, 9(v). If some mean measure of this delay, y^, 

is used to delay sampling, the event at the output will more closely 

match equal increment sampling than it would otherwise. It can be noted 

that different values of y could be chosen to reduce ghost amplitudes 
d 

at some particular frequency. The use of Eq. 2.28 and the y^ parameter 

are illustrated in Figures 5 and 6. Figure 5 shows the simple case of 

a single pole filter with normalized cutoff frequency oj = 1 and a one-

percent sinusoidal velocity error. The curve shown as "non-delay com

pensated" corresponds to delay, y , equal to zero, while a normalized 

delay of 0.16 seconds was used to calculate the curve labeled as "delay 

compensated". 

Figure 6 illustrates the more complex case of a 5 pole low pass 

Butlerworth filter with normalized cutoff frequency oo = 1 and a one per

cent sinusoidal velocity error. 
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Several general facts can be extracted from the results given in 

Figures 5 and 6. First, for a low-pass alias rejection filter the 

relative ghost amplitude increases with frequency. Second, as the 

order of a Butterworth type filter is increased, phase errors become 

more and more dominant in the lower part of the pass band. Finally, as 

the order of the filter is increased so that the amplitude deviation 

from zero slope is pushed nearer and nearer to the band edge, the 

amplitude error becomes less significant at lower frequencies and more 

significant near the band edge. 

Other observations include the fact that at least in regard to 

velocity induced errors important spectra should not be placed near the 

upper band edge. 

A final observation in regard to high order Butterworth filters 

is that ghost response is dominated by phase generated errors over a 

large part of the passband. For this type of filter the possible 

application of phase corrections utilizing all-pass networks (Daniels, 

1974) is suggested. This approach is specifically investigated in 

Chapter 4 and Eq. 2.28 is used in the synthesis and evaluation of pre-

sampling data filters. 

It should be noted that Eq. 2.28 applies to the alias rejection 

filter and the sampling process. A heuristic argument for the result 

summarized in Eq. 2.28 is that the velocity variations in path difference 

motion result in phase/frequency modulation of the interferogram spectral 

composition. The alias rejection filter amplitude/phase characteristic 



alters the sideband distribution so that the unmodulated interferogram 

cannot be recovered by varying the sampling times to correct for sampl

ing position errors. 

An important concept in approaching FTS data acquisition 

problems is that the alias rejection filter/sampling process defines a 

new low pass function. Once this function has been formed additional 

filtering operations are linear and the amplitude/phase characteristics 

of such filters do not contribute to ghost production. This fact is 

used in Chapter 5 to propose improvements to the data acquisition 

system. 

Errors That Can be Treated as Additive 

Linearity of the Fourier Transform assures that the result of 

additive errors will also be additive in the spectral domain. Let 

I(x) be the interferogram and assume an additive error, (x). Then 

00 

f 
J {l(x) + E(X)} [COS 2Trax dx] = 

o 
00 00 

I(x) [cos 2irax] dx + J e(x) [cos 2irax] dx = (2.30) 

0 0 

g(a) + 3g(a) . 

Where 3(a) is the true spectrum and 3e(cr) is the spectrum 

resulting from e(x). 
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Relationship between the Additive Noise 
Spectrum and the Sample Spectrum 

Intuitively, a strong relationship should exist between the 

spectral power density of the error function and the sample density as 

determined by the Finite Fourier Transform of the composite interfero-

gram plus additive noise. That this is the case may be quantitatively 

demonstrated by considering an approximate Fourier expansion, of the 

function e(x) given by Papoulis (1965). Papoulis shows a mean-square 

approximation is given by: 

e(x) = I ̂  e^V (2.31) 

Where the are orthogonal, uncorrelated random variables such 

that 

C sin to x/2 -jnw x , 
C - ?<*) 2 e ° dx <2-32) 

ri J itx 

with 

E(C ) = E (e (x) } (2.33) 
o 

(C ) = o n / O (2.34) 

(n+l/2)(o 
o 

E{'Cn'2} = 2rr" s(a>) dU> (2.35) 2tt 

(n-i/2)a) 
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Recognizing the difference between the finite expansion and the 

infinite expansion to be representable as aliasing of values which are 

of insignificant value in a well designed system (Hamming, 1977), Eq. 

2.35 establishes the validity of the intuitive result. 

Quantizing Noise Errors 

An important additive type noise error in a scanning FTS is the 

quantizing noise arising from the analog-to-digital conversion of data. 

As developed later in this chapter total dynamic range of the interfero-

gram in a precision FTS is such that compromise is required in the design 

of the analog-to-digital conversion scheme. The following analysis 

shows that a good scheme is one which minimizes the quantizing errors 

within implementation constraints at each data point. 

Let the value of the interferogram at a sample position be 

F(X^). Then the output of the quantized sampling process at this point 

is given by: 

E^) = F(X±) + Q (2.36) 

In Eq. 2.36 Q is a random variable as described in the 

following. 

If the quantizing element in the system analog-to-digital con

verter is q, an error of ± q/2 is possible at every reading. For 

practical systems in which sampling is accomplished at or above the 

Nyquist rate a uniform distribution and independent samples are valid 

assumptions for this error source (Korn, 1966). Therefore: 
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E(Q) = 0 (2.37) 

q/2 

Var(Q) = i Q2 dQ = q2/12 (2.38) 

-q/2 

For the simple case of N samples for which the quantizing element 

is the same size, q, for all N samples, the additive property of the 

discrete Fourier Transform implies that at each discrete frequency a^, 

an additive noise term is generated denoted 3 (o, ) given by: 
Q K. 

N „ 
8 (°i,) = 1 Q cos(2iro x.) (2.39) 
q j=i k J 

From Eq. 2.37 and Eq. 2.38: 

= 0 (2.40) 

\ 2 N 9 
Var < 3 (a,) > = -9- I cos (2iro x ) (2.41) 

I q k ) 6N j=l k 1 

< 65 (2-42> 

Consider the more complex case employing an autoranging or 

scale change analog-to-digital conversion scheme in which: 



2 
points have quantizing variance q /6N^ 

^ points have quantizing variance 4q^/6N2 

• 

2 2 
Nn points have quantizing variance n q /6Njj 

From Eqs. 2.37, 2.38 and 2.39: 

2 2 2 2 
Var (b (a <-3— + + ••• n ̂  (2.43) 
( q k J 6N7 6N 6N U-tJ; 
v n ' 1 2 n 

The strategy to minimize Eq. 2.43 is to minimize the number of 

samples taken with higher variance. This choice equates to an auto-

ranging gain scheme such as that described in Chapter 4 where each 

sample is taken at the maximum possible input gain, thereby minimizing 

the variance of that sample. This concept was used in the design of 

the data conversion system described in detail in Chapter 4. 

Autoranging Amplifier Error Effects 

As will be developed later in this chapter the dynamic range of 

a high resolution interferogram is sufficiently large to require some 

sort of an adaptive gain function prior to the analog-to-digital con

verter. The dynamic range required exceeds the current state-of-the-art 

for direct analog-to-digital conversion. 

A typical variable gain scheme is illustrated in Figure 7, 

which also shows an absolute magnitude interferogram. The scaling shown 

is a base 2 logarithmic type. 
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Development of such a scheme is discussed at length in Chapter 4. 

This approach involves the possibility of the introduction of special 

types of errors. In particular, offset, gain and phase errors between 

the individual channels are of concern. All three of these errors will 

manifest themselves as an amplitude dependent nonlinearity. As is 

developed below, their effects can be predicted. 

Analysis is simplified by introducing the spatial sampling 

functions illustrated in Figure 7. These functions define the spatial 

periods in which a specific scale is chosen. For example, as shown in 

Figure 7, SPO(x) always defines the period spent on minimum gain, while 

SPN(x^,X2) defines the period spent on gain setting 2n. 

Some characteristics of the spatial sampling functions are worth 

noting. First, if no dispersion exists and the interferogram is real, 

then the spatial sampling function is also real. Second, the two 

spatial sampling functions have as Fourier Transforms: 

SPO (x)<—g> 2 Sln Mx (2.44) 
CO 

2 {sin u)x„ - sin tox.. } 
SPN (x. ,x9)<-=> (2.45) 

i / 0) 

Note also that more complex spatial sampling functions can be 

represented as sums of SPO and SPN. As an illustration of this fact 

consider thte case of a monochromatic source with an infinitely repeating 

sinusoid as an autocorrelation function. In this case, SPO becomes an 

infinite sum of periodic sampling intervals with Fourier series 

representation: 
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iji=-hn 
„„„ r 2 sin i kit /n /^\ 
SPO = ) cos m 0) x (2.46) 

L •mn c 
m=-M 

Where: k is duty cycle in gain channel 0. 

The utility of the spatial sampling functions will be illu

strated by three examples. 

a. An offset error in the nth channel 

b. A gain error in the nth channel 

c. A phase error in the nth channel 

Refer to Figure 7. Assume that the nth channel has an offset 

error e. The resulting interferogram can be expressed as: 

I'(X) = I(X)*SP0(X ) + e*SPN(x.,x0) «SP0(X ) 
max 1 TD3.X 

= I(X)'SP0(X ) + e *SPN(xn,x„) (2.47) 
max 1 I 

Where: I(X) is the error free interferogram 

SP0(X ) is the spatial sampling function 
max resulting from truncation at ± X 

max 

The Fourier transform of the result in Eq. 2.47 is: 

( 2  sin toX ) (sin oix- - sin oix1 ) 

B'(») = ew* |+ h J <2-48) 

Note that the first term in Eq. 2.48 is the spectrum that would 

have been recovered in the presence of X spatial sampling. The 
max 

result of the offset error is the additive second term in Eq. 2.48. 
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The second example, that of a gain error can be visualized by 

assuming a normalized gain error of the form (1+e) in the nth channel 

in Figure 7. The resulting interferogram can be expressed as: 

I'(X = I(X)«SPO(X ) + eI(X)«SPN(x.,x0)-SPO(X ) 
max 12 max 

(2 AQ) 
= I(X)«SPO(X ) + el(X)•SPN(x1 ,x„) 

max 1 / 

The Fourier transform is: 

2 sin cox ( sin wx2-sin cox.. 
e'(u) = B(u>)* — .+ 2 ee(u>)*< —} (2.50) 

CO I U) -! 
As in the preceding example, the first term in the above 

expression is the spectrum that would have been recovered in the 

presence of X ^ spatial sampling. The second term is the additive term 

consisting of the weighted spectrum convolved with the SPN(X^,X2) sampling 

function spectrum. 

A final example, that of a phase error can be visualized by 

assuming a phase error, e(co) radians, in the nth channel. The result

ing interferogram can be expressed as: 

I' (X) = I(X) • <jl-SNP(X;L,x2)j *SP0(Xmax) 

+ |l (X) *G(X)j •SPN(x1 x2)-SP0(Xmax) 

= I(X)-SP0(X ) - I(X)«SPN(x ,x„) 
max 1 £ 

+ jl(X)*G(X:j SPN(X;L,x2) 

where: G(X) is a function such that its Fourier transform is 

je(u>) . 

(2.51) 



The Fourier transform of the above is: 

2 sin (joX fsin WX„-sin ioX.. \ 
g'(a>) = B(U))* - 2^ 

r \ fsin o>X -sin toX1 \ 
+ 26(a)) < cos 6(a)) + j sin 9 (a))/* S / 

2 sin a)X , \ fsin a>X„-sin tuX I 
= p(u)* 22* + 2 -|cos e(aj)-l > 3(a))*< -> 

•^sin 9(a))j 3(a)) 
[sin toX„-sin a)X1 i 

+ 2 -f sin 9( a ) )  ̂  3 ( a ) )  • )  r  ( 2 . 5 2 )  

The first term in Eq. 2.52 is the spectrum that would be re

covered in the presence of ± X spatial sampling. The second term 
max 

is the spectrum multiplied by (cos 0(u)-l) and convolved with the 

spectrum of the spatial sampling function, SPN(X^,X2). The third term 

is imaginary and consists of (2 sin 0 (o>)) times the spectrum convolved 

with the spectrum of SPN(X^,X2). 

Several remarks are in order. The channel experiencing an 

effective nonlinearity in the preceding examples was chosen so that 

spatial sampling could be described by a single function SPN(x^,X2). 

More complex cases can be handled by sums of this type function, with 

obvious results. In the limit, the spatial sampling can be expressed 

in the form of Eq. 2.46. The result would be for the case of a gain 

error, a set of ghost-type images of the monochromatic source with a 

sin koi/o) type distribution. 

Another point of significance is that the frequency smearing 

described by Eqs. 2.50, 2.51, or 2.52 occurs subsequent to any optical 
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or signal frequency bandwidth limiting. As a result, the smearing can 

extend beyond the system Nyquist frequency and be aliased into the 

recovered spectrum. 

Results obtained in this section are used in Chapter 4 to 

determine goals for the data acquisition system portion of the Fourier 

Transform Spectrometer. 

Dynamic Range and Signal-to-Noise Considerations 

The implementation of a high resolution Fourier Transform 

Spectrometer raises some important considerations regarding dynamic 

range. The following analysis illustrates the problem. 

Assume a high resolution interferogram is to be taken involving 

the hypothetical spectrum in Figure 8. Further assume that the 

interferogram will involve 10^ points. As shown in Figure 8, it is 

-4 
assumed that spectral noise is down by a factor of 10 RMS from the 

normalized continuum level. This is a reasonable and typical value 

recognizing that the noise consists of both input (photon) and 

electronic noise. 

From the above, the peak value of the interferogram at zero 

optical path difference will be all frequency elements summed or: 

Signal max = 5 x 10^ . 

Recalling that at all points, the detector observes all 

frequencies, and assuming point-to-point independence of the noise 

source, the per sample noise level can be estimated by: 

Noise = 10"4 flO6) * = 0.1 . 



Therefore the peak signal to RMS noise is about: 5 x 10^. 

Assuming that quantization of noise sampling such that 

resolution no larger than one-half the RMS noise is desired, a dynamic 

range is needed of something larger than: 

a conversion dynamic range of 22 bits is needed. This range is 

clearly beyond the current-state-of-the-art which is on the order of 

sixteen bits maximum for conversion rates compatible with high 

resolution Fourier Transform Spectroscopy. The technique available to . 

solve this dilemma is to use some sort of auto-ranging technique prior 

to the converter. This approach involves compromises including 

reduced resolution at maximum value points and a special class of non-

linearities peculiar to auto-ranging analog-to-digital converters. The 

problem was analyzed in the preceding section of this Chapter. It was 

shown that a well designed autoranging scheme can implement a near 

optimum strategy of minimizing the quantizing noise at each measurement 

within dynamic range limits of the autoranging amplifiers. 

stabilized provides the basis for path control in the instrument 

discussed herein. It is therefore appropriate to consider how the 

Zeeman split frequencies map to provide path length information. 

21 22 
This number is larger than 2 and smaller than 2 implying 

Mapping of Zeeman Phase for Path Control 

A Zeeman laser in which the Zeeman frequency has been 
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The two coherent Zeeman split beams can be expressed (Heard, 

1968) by: 

f 
(Signal 1) = cos j^2Tr(f^ + -Tp) t + 0^ J (2.53) 

r« f x . « I /o c,x (2.54) (Signal 2) = A2 cos j^2ir(fL __z) t — 0 2 

where: f is the laser center frequency and f is the difference 
la Z 

between the two Zeeman split frequencies. 

Wavelengths in vacuum for Signal 1 and Signal 2 are respectively 

A1 S-y (2.55) 

X 2  =  — ( 2 , 5 6 )  

fT -
L 2 

Referring to Figure 9, if x^ and are taken to be points of 

equal path length relative to one another, it is evident that for 

X1 x2 
motions of Tj— and — , the signals at the detector are given by: 

[t 2irx1 t -i 
2IT (F^ + y) t + E1+ —-— (FL + 2^)1 

[f 2 x„ f 
2 t r ( f L  -  t  +  0 2 +  — ^  ( f j ^ -  — )  

2 x„ f_ 

(2.58) 
2 

Applying the above signals to a product detector, extracting 

the low frequency term, and normalizing the resultant amplitude, 

yields: 



45 

Reflector #2 

ZEEMAN 
LASER 

f,+ f. 

f, = cos Qn(fL+^)t + </>J 

f2=cos |^2n(fL-^-)t + 

)L 
t Beam Splitter 

\2 •Polariod 
* y Reflector #1 

f, 
— n 

\ 
K'J 

X,— 1 
Polariod & 

Wave Plate 

Figure 9. Zeeman Laser Used for Path Difference Measurement. 
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fzR = C°S [27Tfzt + 9 + C~ (fL + T> X1 ~ ¥ (fL ~ X2] (2<59) 

where: 0 = (0^ -

The above expression may be interpreted simply as follows. If 

X1 
in Figure 9, path length — is held fixed and motion is allowed only 

in the position of mirror 2, Eq. 2.59 becomes 

[• fzR " COS I 2*fZt + 6 " X2 
(2 .60)  

In other words, in the case of a single arm motion, path change 

is mapped into phase at the Zeeman frequency such that 2TT radians of 

phase are equal to one wavelength at the optical frequency in the arm 

in which motion occurs. 

If, on the other hand, motion is forced in both arms such that: 

1. Equal motion occurs in each arm 

2. Motion is such that both arms result in a simultaneous 

increase or decrease in path length 

then, x^ =-*2 and Eq. 2.60 may be written: 

f 2lTfL 1 
fzR = COS L 2ir£zt + ~(2xl)J (2'61) 

That is, again path change is mapped into phase at the Zeeman 

frequency but such that 2ir radians of phase are equal to one wavelength 

at the laser center frequency. 
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As described in subsequent chapters, the instrument discussed 

herein utilizes path control such that Eq. 2.61 describes its behavior. 

Results in Eq. 2.60 and Eq. 2.61 provide a basis for developing an 

instrument with considerably different capabilities than the more con

ventional approach (Marqvedant, 1978) which employs a laser, but does 

not utilize the Zeeman frequency. 

The difference between the two approaches is somewhat akin to 

the difference between stepping and scanning interferometers. That is, 

the more conventional approach yields a DC instrument while the Zeeman 

approach yields an AC instrument. As is readily seen, a single-

frequency laser will yield an interference pattern which is sinusoidal 

and rotates .2tt radians for every wavelength of path difference. At 

rest, only a DC level is observed, however, and this is subject to drift 

and other 1/f disturbances. On the other hand, under any condition 

of rest or motion, position data is provided by phase at the Zeeman 

frequency. This phase can be measured at very high effective information 

rates with the system at rest or in motion. 

The results summarized by Eq. 2.60 suggest the use of phase-lock 

techniques for path difference control of a Fourier Transform Spec

trometer. As reasoned above, path difference information is available 

to such a system at rest and when a path difference velocity exists. 

The ability to acquire path position information under rest conditions 

in a continuous motion type FTS is unique to the Zeeman frequency 

approach. 
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Implementation of continuous phase-lock control techniques 

represents the most important contribution of the work described herein. 

As discussed in subsequent chapters, phase-lock techniques are used for 

Zeeman frequency stabilization, generation of the path difference 

position command function, and for path position control. 

Additional Design Goals and Considerations 

This section summarizes a number of design parameters specified 

for the spectrometer. These specifications arise partially from 

scientific objectives and partially from the system performance con

siderations included in the preceding sections. Specifications also 

arose from practical considerations related to supporting data processing 

equipment with which the instrument had to function. 

The Kitt Peak 1-meter Path Difference Fourier Transform 

Spectrometer was designed to function in a variety of scientific roles. 

Solar, planetary and stellar observations as well as laboratory 

spectroscopy were envisioned. The utilization concept for the instrument 

included applications at optical frequencies from infrared into the 

ultra-violet spectral regions. 

A specification for the sampling and data acquisition scheme 

arose from strictly practical considerations. The on-line 

computer/mass storage system to be initially used with the PTS was able 

to support a data sample rate of less than five thousand samples per 

second. 

The requirement to function over a very wide optical frequency 

range led to recognition of the fact that in many cases, the electrical 



pre-sampling filter would have to perform a major role in alias rejection. 

That is, the optical system might present the system with sizeable 

signals at frequencies above the Nyquist rate. This potential problem 

led to a decision to construct a high-order phase compensated filter 

with upper cutoff frequency equal to the system sampling Nyquist 

frequency. As discussed in detail in Chapter 4, a ninth order low-pass 

function was specified. Based on the complexity of this design and the 

computer limitation mentioned above, a fixed sample-rate of 2500 Hz with 

the corresponding Nyquist frequency of 1250 Hz was specified for the 

system. 

From a strictly practical viewpoint, a successful general 

purpose instrument required the ability to co-add repeated inter-

ferograms directly to improve the signal-to-noise ratio. As was shown 

earlier in this chapter, the mapping from optical to electrical frequen

cies is a direct function of path difference velocity. Given the 

decision to operate at a fixed sample rate with a fixed pre-sampling 

data filter, optical frequencies are mapped into the filter pass-band 

as a function of the path difference velocity. Therefore, the only 

method available for achieving long measurement times is to add the 

results of repetetive interferograms. If interferogram scan-to-scan 

data is taken at precisely repetitive points, this addition can be an 

on-line function. If, however, data points of sequential scans are 

not precisely collocated, the process becomes an off-line problem 

requiring addition in frequency space or at least in phase-corrected 

interferogram space (Mertz, 1963). The computational and data storage 
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problems in either of these two approaches are such as to be avoided 

if at all possible. 

In addition to the above requirement, the specified optical 

frequency range for the instrument implied fairly frequent changes of 

optical components and resulting optical alignments. Such alignments 

are simplified if a path position control scheme is provided that allows 

precisely repetitive scans over a small region about the zero path 

difference point. 

To accommodate both of the above requirements, a path position 

control servo as opposed to the more conventional path velocity control 

type control was specified. 

The wide range of optical frequencies to be covered implied 

that a fixed spatial reference such as control laser fringe crossings 

would provide an awkward sampling function. It was, therefore, 

decided not to use a laser control equal path difference sampling scheme. 

Equal time sampling was specified. 

This decision placed stringent requirements on the positioning 

servo, since proper sample and path velocity are determined totally 

by this function. 

Design goals for accuracy of the path position control system 

were estimated from E'q. 2.26 as follows. The basis for the estimate is 

a desire to assure that ghosts arising from position errors be less than 

the expected error resulting from photon shot noise in the observed 

spectra. This situation will be achieved if the relative ghost 

-3 
amplitudes are less than 10 (Stoner, 1973). As may be noted from 
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Eq. 2.26 the precision required to achieve this goal is dependent on 

the optical frequency being observed. The design goal was based on an 

O 
optical frequency corresponding to 5000 A. 

For a coherent odd error, Esin27rft, from Eq. 2.26: 

2 ttEO < 10"3 . 
o 

o  

To achieve this for optical wavelengths of 5000 A and longer: 

E < 0.8 A . 

The above limit implies that coherent errors must be almost 

totally eliminated from the system. Further, any residual coherent 

errors must be such that they are not coherent on a scan-to-scan basis 

so that their effect can be reduced by adding the results of repetitive 

interferograms. 

Requirements for the control of random errors exhibiting a 

continuous power density spectrum were also estimated using Eq. 2.26 

as follows. Using the same criteria as for coherent errors and letting 

O 
E be the spectral density of a continuous odd error spectra at 5000 A: 

E < 13 A . 
rms 

O 
At the control laser optical frequency, 6328 A, a design 

-3 
goal of an rms error of 10 X allows a peaking of approximately two 

over the assumed flat spectrum for the case in which the entire error is 

-3 0 

odd. A design goal of 10 X at 6328 A was therefore established for 

continuous spectra path difference errors. 



CHAPTER 3 

SYNTHESIS AND OPTIMIZATION OF COMMAND 
AND CONTROL SUBSYSTEMS 

The most important contribution reported herein is the applica

tion of phase-lock techniques to accomplish path position control in a 

continuous motion Fourier Transform Spectrometer. The application of 

phase-lock techniques is made possible by using a laser with a Zeeman 

split optical frequency in the control system. In a Fourier Transform 

Spectrometer the phase of the Zeeman difference frequency can be mapped 

to a path distance measure. This fact was shown in Chapter 2. 

The first part of Chapter 3 presents an overview of the command 

and control problem and includes general topics significant to the 

development of the overall command and control system. This section 

includes a physical description of the instrument and a description of 

the laser/optical configuration used to provide a basis for push-pull 

motion control of the two interferometer path "arms" is also included. 

The first part of this chapter also includes an introduction to 

the command and control system. An overview of the system is given and 

all phase-lock loops used in the synthesis are identified. 

The system overview describes the development of a phase-lock 

loop capable of maintaining phase-lock in linear operation with small 

input errors, but also able to accept transient errors corresponding to 

many cycles at the phase-lock frequency without losing the exact phase 



reference required for steady-state operation. The phase-lock loop 

developed can sustain peak errors of many cycles without any resultant 

cycle slipping. The phase lock system was developed as a part of the 

work reported on herein and is referred to as the n-Tr phase lock loop. 

The niT phase lock loop is utilized throughout the 1-Meter Path Difference 

FTS Command and Control System. 

The Zeeman difference in a normal helium-neon laser shows poor 

short-term and long-term frequency stability. This characteristic has 

been observed by others (Owens and Weiss, 1974) and was verified as a 

part of this project. A significant step needed to accomplish design 

goals for the Kitt Peak 1-Meter FTS was stabilization of the Zeeman 

reference frequency. The method used to synthesize the command and con

trol system resulted in a requirement that the short term stability of 

the Zeeman reference be better than the system position error require-

3 
ment. That is, it must be better than one part in 10 . The second part 

of this chapter describes in detail the system synthesized to achieve 

the required stability. The technique employed was to phase-lock the 

Zeeman difference frequency to a quartz crystal derived reference 

frequency. The phase-lock makes use of the Zeeman frequency dependence 

on an externally controllable magnetic field. The discussion includes 

consideration of the input error spectrum and the compensation strategy 

used to stabilize the loop and meet design goals. 

Implementation of the path distance control phase-lock loops is 

accomplished by the FTS Control Unit which is described in detail in the 

third part of Chapter 3. The discussion contains details on the control 
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problem "fixed plant" and interprets specifications in terms of control 

unit parameters. A description of the synthesized system is provided. 

The control system includes two phase-lock loops to accomplish path 

control using a push-pull motion of the two retroreflector castings. 

Stability and loop compensation strategies are included in the 

discussion. 

Operator and computer interfacing, path position command 

generation, and synthesis of timing and data sampling commands are 

functions which are accomplished by the FTS Command Unit which is 

described in the final part of Chapter 3. The key functional element of 

the command unit is a phase-lock loop which generates path position 

commands. The command unit also provides synchronous generation of 

timing and sampling functions. Parameters to control path position 

command and sampling functions are set through a command unit micro

processor. In addition, the microprocessor controls the operator 

interface, the computer communication interface, and generates a video 

display. The video display shows current system operating state and 

all system parameters. 

The command unit microprocessor also generates a smooth acceler

ation function for higher path difference velocities. The smooth 

acceleration allows the path position control loops to be optimized 

for performance in the constant velocity mode. Since all data is taken 

at constant velocity, system performance is thereby optimized. 

The following sections of this chapter include first order 

physical models used to analyze and to synthesize control functions. 
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The distance scales and the precision goals for the system are such that 

first order models did not fully predict final system response. 

Problems overcome in the development of the subsystems arose from effects 

not predicted by these models. In spite of considerable care in the 

system mechanical design small amplitude vibrations were encountered and 

their effects had to be suppressed. Techniques used included minor 

mechanical modifications and electrical modification of the control 

loops. 

An observation regarding the use of relatively simple models in 

this project is that while these models did not predict all characteris

tics of the resultant closed loop systems, they did provide effective 

guides to the synthesis problem. Only minor alterations to the 

originally derived loops were required to meet a very difficult set of 

performance specifications. 

Overview 

This section includes an overview of the FTS Command and Control 

System, a physical description of the instrument and a description of 

the nn phase detector developed for the FTS system. 

The physical FTS instrument is enclosed in a vacuum tank which 

allows the two beams of the interferometer to be in a controlled 

vacuum, reducing turbulence and frequency dependent optical attenuation 

effects which would otherwise be present. Path difference position 

control is achieved by positioning two castings on which the inter

ferometer retroreflectors are mounted. The castings are floated on 

hydrostatic oil bearing surfaces which feature negligible dynamic 



friction. The two castings move in a push-pull manner with control 

information provided by an interferometric "sum" and "difference" 

position detecting system. 

The command and control system consists of three major sub

systems: a laser Zeeman difference frequency stabilization subsystem, 

a path position control subsystem, and a path position command sub

system. An overview of the system and the interrelationships of the 

subsystems is given in this section. Long and short term accuracies 

required for the stabilized Zeeman frequency are also examined and 

criteria developed for this system parameter. 

All of the above mentioned subsystems are based on phase-lock 

loops. Development of these loops so that the system could withstand 

fairly large transient errors without losing exact phase reference 

in afiy system loop required the development of a special phase detector 

and loop. This detector, the nir phase detector is described in detail. 

The nn phase detector consists of a phase detector capable of 

linearly detecting phase errors from -jt to 4n and of issuing "carry" 

or "borrow" pulses when this limit is exceeded. The "carry" and 

"borrow" pulses are fed to an up/down counter which controls a digital-

to-analog converter. The linear phase detector output and the output 

of the digital-to-analog converter are combined to achieve linear 

phase detection over a range -niT to +nir. 

Physical Description 

The mechanical design goal of the Kitt Peak 1-meter path 

difference Fourier Transform Spectrometer was to provide as stable a 
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mechanical and optical system as possible. The instrument is designed 

to cause the entire difference path to be in vacuum thereby avoiding 

filtering and turbulence effects that would otherwise exist. The 

result is quite massive weighing approximately 10,000 poinds. 

Path difference is controlled by moving two castings mounted on 

each side of the interferometer. As is detailed in the next section, 

path difference is accomplished by push-pull type motion of these cast

ings. 

The castings are free to move axially along precision ways 

supported by an oil film bearing. They are precisely restrained later

ally by side bearings which are also of an oil film type. The castings 

are also precisely leveled to reduce any gravitational vector in the 

axis of motion. The oil film bearings are such that viscous friction is 

extremely small (Pearson, 1972). 

Motion of the castings is controlled through a set of linear 

motors. The linear motors consist of cylindrical permanent magnets 

mounted inside a keeper. The keeper and cylindrical magnets are firmly 

attached to the casting. A coil attached to the fixed portion of the 

system is inserted into the linear motor. The resulting implementation 

avoids physical contact between the casting and the FTS frame with the 

exception of that provided by the oil films. 

A current induced into the motor coil results in an axial force 

proportional to the current. Each casting has two linear motors, one 

on each side of the casting for a total of four motors. 
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The FTS optics are configured to provide a control path, 

essentially collocated with the input light path. A simplified diagram 

of the result is shown in Figure 10. The commercial laser utilized 

provides two Zeeman split frequencies such that they are linearly polar

ized, but orthogonal to one another. The composite beam is split by a 

beamsplitter and one frequency sent to a reflector mounted on one of the 

castings. The second frequency is sent to the other. After reflection, 

they are recombined at the product detector. As was developed in 

Chapter 2, the result is a mapping of path difference (x^-x2) in Figure 

10 into phase at the Zeeman difference frequency. 

It should be noted in attempting to relate Figure 10 to the FTS 

construction that the actual optical path is non-planar and cannot be 

represented as in Figure 10. A fairly accurate visualization is obtained 

if it is assumed that the paper in Figure 10 is folded down at the start 

of the dotted lines defining each of the reflectors. 

In addition to the conventional difference path, an additional 

sum path is formed for system control as shown in Figure 11. Again, 

the optical path is non-planar and a fairly accurate visualization of 

the actual system is achieved by visualizing 90° folds downward of the 

dotted lines in front of the two castings in Figure 11. Note that path 

is configured so that if one casting moves in one direction, and the 

other moves precisely the same distance in the opposite direction, the 

"sum" remains the same. This "sum" is mapped into phase at the Zeeman 

difference as detailed in Chapter 2. 
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The sum/difference path is used to implement the push-pull 

casting motion alluded to earlier. The system is commanded to achieve 

a desired path difference while the sum is forced to remain constant. 

Command and Control Overview 

The command and control system synthesized for the Kitt Peak 

1-Meter Path Difference FTS is shown in block diagram form in Figure 12. 

As is shown in Figure 12, a quartz crystal oscillator provides 

a basic reference for the entire system. The laser Zeeman frequency 

is stabilized by phase-locking the Zeeman frequency to the crystal 

reference. Details of Zeeman frequency stabilization system are given in 

the next section of this chapter. 

The stabilized Zeeman frequency establishes the basis for the 

implementation of the phase-lock command and control system. As can be 

seen from Chapter 2, comparison of phase of the Zeeman reference fre

quency with that of the difference interferometer output provides 

difference path information that is unambiguous over one wavelength at 

O 
the laser optical frequency, 6328 A. To establish a path position con

trol system, given this measurement capability, two additional function 

must be established. First, some method of establishing a fixed un

ambiguous path difference spatial reference point must be provided. 

Second, it must be possible to command the system to move from this posi

tion without losing reference to it. 

The method employed to maintain the fixed spatial reference 

is discussed first. As is fehown in Figure 12, the path difference 

function is phase-locked to a command function. When the system is not 
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in motion, the command function is the crystal reference, f^. Thus 

at rest, a fixed position is maintained by requiring a fixed phase 

relationship between the path difference interferometer output and f^, 

the sytem reference. Note that if the phase of the command function 

is rotated 0 degrees, the path difference must over a distance d, where 

X = 6328 A 

In the above expression the sign of d is given by the sign of 

0. To move n wavelengths, 0 must be rotated n(360) degrees. To 

accomplish this without losing reference to the starting position, 

n must be remembered and the phase-lock process must not slip any cycles. 

This latter requirement poses a potential problem since most phase 

detectors have a maximum unambiguous range of 360° or less. The problem 

was overcome by providing phase detection capability of n(360°) as 

detailed in the next section. 

The requirement to maintain count of the total number of cycles 

of phase is accomplished by the command unit. As discussed in a later 

section of this chapter, the command unit generates phase rotations at 

fixed rates where both the total phase rotation and the rotation rate 

are specified as inputs to the command unit. 

The fixed spatial reference is provided by the interferometer 

output. For a broad-band, optical input, the zero path difference 



point is a sharply defined peak point in the interferogram. The FTS 

is initialized by commanding the castings into a position which approxi

mates zero path difference point. The interferometer then scans about 

this point and the maximum amplitude point is determined. This point 

is taken at the zero point reference. Subsequent motion is commanded 

in reference to this point. 

As previously discussed, the path control system includes both 

a sum and difference function to achieve push-pull type motion of the two 

retroreflector castings. As shown in Figure 12, the sum interferometer 

output is phase-locked to the system reference frequency, f^, thereby 

forcing a fixed path sum relationship. 

Figure 12 provides a basis for discussion of stability required 

and implementation of the system reference frequency. Note that the 

Zeeman frequency is phase-locked to the same crystal reference as that 

used to synthesize system command functions. As a result, drift in the 

reference frequency does not affect system control performance. This 

fact follows since the phase mapping in Eq. 2.61 is dependent only on 

distance and the laser optical frequency. Commands are synthesized in 

discrete wavelength units and again, from Eq. 2.61 the distance-to-phase 

mapping is independent of the Zeeman frequency. Therefore, the only 

system element affected by drifts in the reference frequency is the 

sample command generator. This unit is described in detail in this 

chapter and utilizes the system reference frequency to generate sample 

commands to the FTS data acquisition system. Short-term frequency drifts 
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in the system reference frequency therefore correspond to timing errors 

in the sampling process. The effects of these errors were analyzed 

and implications summarized in Chapter 2. As a result of the above 

considerations, short-term stability requirements for the system 

reference frequency are dictated by the criteria for sampling position 

3 
errors. That is, short term stability better than 1 part in 10 is 

required. Long term drifts primarily affect the system Nyquist frequency 

3 
which could shift by 1 part in 10 without degrading system performance. 

The above requirements are very easily exceeded by a simple 

quartz crystal oscillator. A reference with short and long term stability 

of better than 1 part in 10^ was implemented using an A-T cut crystal 

with turnover frequency at room temperature. A low crystal current 

design was used to reduce aging effects. 

Command and control electronics for the FTS are mounted in a 

single equipment rack. The FTS Command Unit is microprocessor controlled 

and provides all interfacing for computer or manual control of the FTS. 

The Command Unit video monitor provides status monitoring of the FTS 

and also provides a special display of microprocessor functions in the 

"monitor" mode. This latter mode is used to facilitate trouble-shooting 

and to aid the development of microprocessor programs. 

To eliminate potential electrical noise problems, the FTS Command 

and Control System are electrically isolated from other electrical systems 

to the extent possible. The Command Unit/Computer interface utilizes 

optical isolators. Sampling commands to the Signal Processing System 

are also transferred through optical isolators. Zeeman frequency 
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information from the laser and the path position control interferometers 

is transformer coupled to the Command and Control System. 

nrr Phase-Lock Loop 

A significant contribution of the work reported herein is the 

application of phase-lock tecgbuqyes to continuous motion Fourier Trans

form Spectrometers. Effective implementation of the phase-lock technique 

required the development of a phase detector capable of measuring phase 

errors which are in excess of 360 degress. 

The FTS uses high performance phase-lock-loops for the laser 

Zeeman frequency stabilization unit, the system command unit and the 

casting position control unit. An error of one cycle in any of these 

loops will result in a physical path difference error of one wavelength 

at the control laser optical frequency. Therefore, cycle slipping in 

the phase-lock loops must be avoided if system performance goals are to 

be met. In the case of the command and control loops, motion starting 

transients will force transitory errors much larger than one cycle. 

This situation can only be accommodated if the phase-lock is able to 

remember these transient errors and exactly recover them in the steady-

state condition. 

In the FTS, the above problems are attacked by providing nir 

phase lock loops. That is, loops with error detectors that span an nir 

error as opposed to the conventional -IT to +ir range. The concept for 

the error detectors implemented is shown in Figure 12. The key element 

is the 2tt error detector with underflow/overflow capability. 
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Underflow/overflow pulses are fed to an up/down counter which, in turn, 

controls a digital-to-analog converter. The output of the converter is 

set so that the analog voltage differential corresponding to a one bit 

change in the up/down counter precisely matches the full 2TT error from 

the phase detector. 

Implementation of the basic phase detector developed in shown 

in Figure 13. The circuit shown performs the following functions: 

It functions as a (2TT-6) linear phase detector by setting and 

clearing the phase flip-flop with the positive going edges of 

the input pulse trains. An analog voltage proportional to 

phase is developed by low-pass filtering the phase flip-flop 

output. 

The circuit shown in Figure 14 does not alter the phase flip-

flop setting if the positive going edges of the input pulse 

trains coincide within a time, 6. This function avoids the 

uncertainty in flip-flop response whifah would otherwise exist 

when the set and clear functions are coincident. 

The circuit in Figure 14 generates overflow pulses whenever 

the phase between the two input pulse trains rotates through 

more than 360 degrees. 

The coincidence time, 6, is generated by delay and the 

minimum pulse width that will propagate through the coincidence gate 
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and still set the coincidence flip-flop. Delay D£ assures that the 

coincidence flip-flop will close the test gates prior to the arrival of 

the positive going edge of either pulse train in the event a coinci

dence is detected. Delay D^ and the test gate generate a negative pulse 

to set or clear the phase flip-flop and clock the overflow flip-flops. 

D^ is chosen to be the minimum delay which will form a pulse to assure 

setting and clocking of these flip-flops. D^ is set equal to D^ 

plus the interval required for the phase flip-flop to be able to respond 

to a subsequent set or clear pulse. 

The condition for an overflow pulse output in Figure 14 is 

that the phase flip-flop be in the same state for two successive sets or 

clear pulses. This desired output is generated by the J K flip-flops 

used to generate overflow pulses in Figure 14. If a set pulse occurs 

with the phase flip-flop in the set state, the overflow flip-flop will 

toggle to the set state. The same situation will occur if a clear 

pulse occurs with the phase flip-flop in the clear state. 

Coincidence and overflow flip-flops in Figure 14 are cleared by 

the input pulse trains going to the zero level. This arrangement 

causes overflow pulse width to be slightly less than the input pulse 

positive time period. It also assures that the coincidence flip-flop is 

always cleared and enabled if a coincidence is detected. 

The circuitry shown in Figure 14 is implemented with high-speed 

Schottky TTL logic which reduces the uncertainty times that would exist 

with slower logic. The delays actually used were chosen to be sufficient 

to allow device interchangeability without resultant error. 
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The actual phase detector system Implemented and the error 

characteristic achieved is shown in Figure 15. A field programmable 

logic array (FPLA) is used to restrict the linear range of detector 

operation while maintaining error sense over a larger range. This 

technique allows desired gain characteristics in the steady-state 

operating condition, while retaining a very large maximum error memory 

capability. 

As shown in Figure 15, the detector implemented has discontinu

ities corresponding to coincidence uncertainties in the basic detector. 

Potentially, these points represent unstable operating points. In view 

of the system design goals, however, they must only represent transient 

points. This follows from the fact that at rest, or in linear motion, 

the total rms error from the commanded system position is to be less 

-3 
than 10 wavelengths at the laser optical frequency. As was shown in 

Chapter 2, one wavelength at the laser optical frequency maps into 360 

degrees of phase at the detected Zeeman frequency. Therefore, rms errors 

in all system phase-locks must be held to less than 0.36 degrees rms. 

Coincidence uncertainties occur at 360 degree intervals. It follows that 

it is possible to choose an operating point such as that shown in Figure 

15 so that a coincidence uncertainty is removed from the steady state 

operating point by approximately 500 system rms error units. This, of 

course, implies that coincidence uncertainty points will be encountered 

only in transient situations and will never occur at steady state points. 

Figure 15 shows an additional input summing amplifier which 

adds the output of the digital-to-analog converter and the 2tt phase 
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output. As indicated on the figure, this input is used to force small 

controlled phase changes and to induce small sinosoidal (dither) motion 

inputs. This capability is used to facilitate servo response tests and 

in the case of the path control servos to assist in instrument optical 

alignment. 

The detector concept in Figure 15 is used to implement all 

four phase-lock loops comprising the FTS command/control and Zeeman 

frequency stabilization system. 

Zeeman Laser Stabilization Subsystem 

This section describes the system utilized to stabilize the 

Zeeman frequency for the system control laser. The first part of this 

section gives background data for the problem and discusses the basic 

technique used to stabilize the Zeeman frequency. The second part of 

this section describes the system synthesized to accomplish the stabili

zation. 

Stabilization of the control laser Zeeman frequency represents 

a significant part of the implementation of the phase-lock command and 

control scheme. For such a system it was shown in Chapter 2 that path 

position commands are the net phase difference between the control 

interferometer output and the synthesized command function. In Eq. 2.59 

it was shown that the control interferometer output is the control laser 

Zeeman frequency modified by the path distance function. Therefore, 

frequency/phase instabilities in the laser Zeeman output will appear at 

the control interferometer output. To avoid command errors, either the 

Zeeman frequency/phase must be stabilized or the command function must 

track the Zeeman output instabilities. 
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The synthesized command function must be capable of forming fixed 

phase offsets and phase-rate offsets at a wide variety of rates. Synthe

sis of such a function with the additional requirement to track an 

input with random phase and frequency fluctuations is a formidable 

problem. The problem is simplified if the random frequency and phase 

fluctuations are reduced below the levels specified for system perform

ance in Chapter 2. 

Background 

Phase-lock control of the path difference function for a con

tinuous motion type Fourier Transform Spectrometer which is based on a 

Zeeman laser is considerably simplified if the Zeeman frequency is 

stable in both the short term and the long term sense. The simplifi

cation results from the fact that motion must be controlled by phase-

locking the signal from the path difference interferometer to a synthe

sized command function. The command function must vary from the Zeeman 

frequency at a precisely controlled phase rate. Generation of the 

command function is greatly complicated if the basic Zeeman output is 

subject to random phase rates. Reported measurements of Zeeman frequency 

(Owens and Weiss, 1974) indicated that both long and short term stability 

of a tested Zeeman laser were quite poor. 

A commercial He-Ne laser was chosen for the project due primarily 

to its power output, reported reliability and optical function included 

with the basic laser (Baldwin, 1971). Discussions with the manufacturer 

and measurements at Kitt Peak verified that the Zeeman frequency was 

quite unstable in both the long and the short term sense. Measurements 
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at Kitt Peak and those reported by Owens (1974) both indicated a strong 

1/F type power spectrum for the error with a large percentage of the 

total power limited to a few hundred Hz. 

The Zeeman frequency is proportional to the longitudinal magnetic 

field (Heard, 1968), and such a field is produced by a solenoid wound 

around the laser cavity. A coil is therefore suggested as a con

trol mechanism which could be utilized in a phase-lock scheme to 

stabilize the Zeeman frequency. 

The laser chosen for the project features a high-permeability 

permanent magnet to achieve a Zeeman split of approximately 2mHz. The 

magnetic material led to some concern regarding the ability to induce 

relatively high-frequency magnetic fields into the laser cavity. This 

question was examined by winding a coil on the laser, exciting it with 

a fixed current amplitude sinusoid and measuring the resulting frequency 

modulation. The result of this test is shown in Figure 16. As is shown 

in this figure, the response was modeled by the function: 

_ 4285 (S+1223) . 
*11/ ; (S+920) (S+5696) * } 

The transfer function of the laser/coil combination as a Zeeman 

frequency control transducer is therefore: 

°„<S) 4285 *,(8+1223) Radlans 

I(S) S (S+920) (S+5696) Ampere ; 

where is the zero frequency Zeeman frequency transducer gain in 

Radians 
Sec-Ampere 
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Based on the reported power spectrum of the frequency insta

bility and the above measurements, it appeared that it would be feasible 

to stabilize the Zeeman frequency using a solenoid-type coil as an 

actuator. 

Combination of the system described in Eq. 3.2 and the nn phase 

error detector yields the fixed plant Zeeman frequency stabilization 

open loop transfer function: 

0. K (S+1223) 

0~ (S) = S(S+920)(S+5676) (3'3) 
o 

where 

K = Kc K 
s f o 

K is the phase detector characteristic in volts/radian. 
o 

It is evident from root locus considerations that the open loop 

function in Eq. 3.3 will yield a closed loop transfer function that is 

stable for all gain values. The resulting system would not be satis

factory as is detailed in the following. 

As discussed earlier, command and control synthesis is facili

tated by forcing a fixed phase relationship between the reference crystal 

frequency and the laser Zeeman difference frequency. In a closed loop, 

the system in Eq. 3.3 will exhibit a steady-state phase error in response 

to a velocity (frequency) input error. This is true since: 

S K (S+1223) , 

S+0 S(S+920)(S+5696) = 2-3 x 10 K
s 
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That is, for a steady-state frequency error of 0^ radians per 

second, a steady-state phase error dependent on 0 is given by: 

E =0,/(2.3'10"4« K ) (3.5) 
ss k. s 

To force a closed loop response that exhibits zero steady-state 

phase error in response to a frequency error input, Eq. 3.3 must be 

modified to include an additional pole at the origin yielding the fixed 

plant: 

0 K (S+1223) 
-i(S) = -=—>2 = (3.6) 

o S (S+920)(S+5696) 

where 

K = K K 
p si 

Kj is the gain constant associated with the additional 
pole at the origin. 

Elementary root locus considerations reveal that the above open 

loop transfer function will yield a closed loop transfer function that is 

unstable at all gain values. The system therefore requires compensation. 

Compensation and operation in both the linear or tracking mode 

and the non-linear or acquisition mode are covered in the following 

section.' 

Zeeman Frequency Stabilization 

Two modes of operation are important to the design of the laser 

stabilization system. The first mode is the non-linear acquisition or 

capture mode. The second is the linear control mode. In the capture 
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mode, it is desired that the capture range be sufficiently large to 

assure that a phase-lock can be achieved when the system is first turned 

on. No particular precision specifications apply to this mode as long 

as a phase-lock is achieved. In the linear operating mode, two 

important precision specifications must be met. First, an RMS error of 

less than 0.36 degrees is required to achieve the overall system RMS 

specification of 0.36 degrees. Second, the phase lock must be such that 

the coincidence points defined in the discussion of the nir phase detector 

in Chapter 2 are avoided as operating points. 

Several factors drove design considerations in the linear mode. 

First, as described in the preceeding section, a second order system is 

required to achieve zero steady-state phase error for a frequency error 

input. Second, high performance in the steady-state is required to meet 

the error of 0.36% degrees. To meet this criteria, the variance of the 

-5 2 
phase lock must be maintained at less than 3.95 x 10 radians and the 

loop must be responsive to the 1/F type input error spectra described in 

the preceding section of this chapter. 

process must be considered and can be estimated from Viterbi (1966) who 

shows that for additive Gaussian inputs, the variance of the phase lock 

is approximated by 

Effects of additive noise from the Zeeman frequency detection 

No B. L 

A' 
2 

where 



80 

No is the noise spectral density in watts/Hz 

B is the equivalent noise bandwidth of the closed loop 
ij 
2 
A is the input signal power. 

Therefore, the phase lock variance resulting from additive noise 

is minimized by maximizing the input signal-to-noise ratio and by 

minimizing the closed loop noise bandwidth. 

As developed below, minimizing the closed loop bandwidth is not 

compatible with the response required to correct laser Zeeman frequency 

errors. Fortunately it was possible to achieve a high signal-to-noise 

ratio by taking advantage of the relatively high power (0.1 milliwatt) 

available from the laser. 

The function of the Zeeman frequency stabilization loop is to 

reduce the effect of the open loop instabilities of the laser Zeeman 

frequency. As discussed previously the instabilities are characterized 

by an error spectrum that extends to beyond 500 Hz and features a strong 

1/F characteristic. The design objective was therefore to synthesize a 

loop with good closed-loop bandwidth and good low frequency performance. 

The low-frequency response of the loop can be considered in terms 

of the generalized error coefficients (Truxall, 1955). Interpreted as 

described by Savo (1953) these coefficients provide a measure of the low 

frequency response character of the system in the sense that as their 

magnitude increases, the low frequency performance improves (Savo, 

1953). For all loops of the type considered in this design, the magni

tude of these coefficients increases as a function of open loop gain. 

This fact can be seen from the definition of the generalized error 

coefficients. 
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The generalized error coefficients are defined for the general 

system of Figure 17 in terms of the Maclaurin series expansion 

r (s> = TT«S) - F(s> 
o 

S2F''(0) (3.8) 
= F(0) + SF*(0) + 2, 

_  — i  1  —  s  +  —  +  .  .  .  ( 3 . 9 )  
1 + KQ Kx S + K2 S 

where G(s) is the open loop transfer function. 

KQ, K^, . . . are the generalized error coefficients. 

All open loop functions considered in this design are of the 

form: 

= K P(s) (3.10) G(s) -
S Q(s) 

where P(s) and Q(s) are polynomials in s which include a constant term. 

That is: 

P(s) = Sm + P , S™-1 + + P Pn 4 0 (3.11) 
m-1 u U 

P sp_1 
Q(s) = SP + Qp - lb + - Q0 Q0 i 0 (3.12) 

For this form of open loop transfer function: 

^(s) = S" Q(S) (3.13) 
0 S Q(s) + KP(s) 
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As a result of the above, the denominator of F (0) in Eq. 3.8 

is always of the form: 

Dn = 
(KV 2k (3.14) 

And, for example, if n equals one in Eq. 3.10, is given by: 

KP 
0 

(3.15) 

The above factors suggest a compensation scheme which (1) 

allows quite open loop gain and (2) achieves a closed-loop bandwidth 

compatible with the input error spectrum. 

Given the fixed plant of Eq. 3.6 and the above discussion, a 

desirable compensation scheme would be one in which the root locus is 

such that the two poles originating at the origin approach a set of 

fixed complex zeros as a function of loop gain so as to cancel their 

effect at higher loop gains. Such a system has the advantage of allow

ing quite high open loop gain while the system bandwidth is not limited 

by the loci extending from the lowest frequency open loop poles. 

In addition to the above discussed characteristics in the 

linear or tracking mode, the system must acquire with an input frequency 

error. Viterbi (1966) shows that second order loops will have 

relatively poor capture characteristics. His analysis utilized a one 

period sinusoidal phase detector and, hence, his results are not directly 

applicable to a system using the nir detector with a large linear range. 
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The problem was studied using a simulation program LKSIM 

developed as a part of the work reported herein. The results agree with 

intuition. That is, capture characteristics of second order loops with 

the mr phase detector are better than for the systems studied by Viterbi. 

The capture characteristics for second order systems with the mr phase 

detector are still much degraded from those of first order systems using 

the nir phase detector. 

As a result of the above analysis and simultation, it was 

decided to synthesize a system with two operating configurations. A 

first order system is used to acquire. The system is reconfigured to 

form a second order system with the desired linear operating 

characteristics. 

The compensation system synthesized is shown in Figure 18. With 

the switch in the capture position, the compensation transfer function 

is: 

G (s) = cl <S+122Q> . (3.17) 
C1 (S+2 x 10 ) 

Use of Eq. 3.17 establishes the open loop transfer function: 

K (S+1220)(S+1653) 
G (s) r- (3.18) 
1 S(S+920)(S+5696)(S+2 x 10 ) 

The above function is stable as a linear closed loop system. 

However, linear characteristics of Eq. 3.18 are not of interest since 

it is only used to capture. Measurements on the actual system show 
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that capture is reliably achieved with input frequency offsets that 

require up to 90% of the current available from the laser coil driver 

amplifier. 

With the switch in Figure 18 in the track position, the com

pensation function becomes: 

Kc (S+830+j880)(S+830-j880) 

G (s) = —- = (3.19) 
2 S (S+2 x 10' ) 

This compensation scheme yields the open loop transfer 

function: 

K (S+1653)(S+830+j880)(S+830-j880) 
G  ( s )  L _  V - ™ )  

S (S+920)(S+5696)(S+2 x 10' ) 

A root locus for Eq. 3.20 is given in Figure 19. Construction 

of the loci included the effect of the pole at 2 x 10^ although it does 

not appear in Figure 19. 

A block diagram showing additional details of the Zeeman fre

quency stabilization subsystem is shown in Figure 20. 

As was discussed earlier the distance scales and the precision 

goals were such that first order-physical models did not totally predict 

subsystem responses. The Zeeman frequency stabilization subsystem 

provided an example. While the analysis leading to Figure 20 provided 

an effective synthesis tool, it did not predict the final result. 

Additional resonances apparently related to the piezoelectric device 

used to tune the laser cavity limited the gain at which the system 
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could be operated. A net loop bandwidth of approximately 400 Hz was 

realized. However, as summarized in Chapter 5 design goals for the 

subsystem and the overall system were met. 

While a wide capture range is provided by the basic system, 

some adjustment is needed to achieve an initial phase lock when major 

system components such as the laser are changed. The system center 

frequency is set by the Laser Lock Adjustment Potentiometer shown in 

Figure 20. 

To facilitate use of the lock adjustment, an output of the phase 

detector (least significant bit of the up/down counter) is fed to a 

frequency-to-voltage converter. The output of this converter can be 

monitored by the front panel meter shown in Figure 20. 

The Laser Lock Adjustment Potentiometer is initially set as 

follows. The system is put into the capture mode. The Laser Lock 

Adjustment Potentiometer is then adjusted until the output of the 

frequency-to-voltage drops to zero, indicating a phase-lock capture. 

Fine adjustment of the Laser Lock Adjustment Potentiometer 

utilizes the track mode of operation. Center frequency operation is 

indicated by the output of the integrator being zero volts in steady-

state operation. The output of the integrator can also be monitored on 

the front panel meter shown in Figure 20. Fine adjustment is, therefore, 

accomplished by selecting the track mode once caputre has been achieved 

and adjusting the Laser Lock Adjustment Potentiometer for zero output 

from the integrator. 
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Once the above procedure has been accomplished, the system will 

automatically capture and lock without further adjustment. 

Path Difference Control Subsystem 

This section describes the system synthesized to control the 

Fourier Transform Spectrometer path difference function. The first part 

of the section provides background to the problem and outlines approaches 

possible. The second part describes the system synthesized and the 

techniques employed to optimize system performance. 

As was discussed previously the path difference control sub

system consists of two phase-lock loops to control the two retroreflector 

castings. One of the phase-lock loops forces the desired path difference 

function while the second phase-lock loop forces a constant path sum. 

function. The result is a push-pull motion of the castings which achieves 

the desired path difference and maintains a nearly level plane for the 

casting motion axes. 

Background 

Two approaches can be taken to implementing the path distance 

control function for a high performance continuous motion Fourier Trans

form Spectrometer. The approaches are different in the methods they 

employ to achieve a precision path difference function. 

The first method involves constructing a physical system such 

that disturbances with fairly high frequency contents are anticipated. 

To realize the required precision with such a physical fixed plant, 

high performance servo responses are required. Such systems may 
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employ linear actuators as the primary motion element with additional 

Michelson motors (Marquedant, 1978) and piezoelectric transducers 

(Schindler, 1970) to achieve high frequency response in the path 

difference servo system. 

The second approach involves constructing a physical system 

such that disturbances and particularly disturbances with high frequency 

contents are eliminated insofar as possible by the design of the 

physical system. In general, this latter approach represents a more 

expensive alternative which requires very careful mechanical design with 

major emphasis on the system bearing surfaces (Pearson, 1972), and is 

most applicable to instruments intended to operate in a stable, laboratory 

type environment. It can also be noted that physical systems with the 

desired characteristics tend to become large and massive. 

Early in the development of the Kitt Peak 1 meter Path Difference 

Fourier Transform Spectrometer, it was decided to follow the second 

approach. Part of the reasoning influencing this choice was the fact 

that the optical path was to be in partial vacuum, implying considerable 

size and weight in the basic instrument. 

A physical description of the instrument was given earlier in 

this chapter. As described, path motion is achieved by push-pull type 

motion of two castings containing retroreflectors. A great deal of 

effort was concentrated in the design of the bearing system for these 

castings. A hydrostatic oil film type bearing is used (Pearson, 1972). 

Each of the individual castings weighs 100 kilograms. The castings are 

the only elements in the system which move to achieve the path difference 
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function. That is, all control is accomplished by forces applied to these 

castings through the linear motors. 

The linear motors consist of a set of permanent magnets and 

coils mounted as described earlier. The linear motors develop a system 

force constant given by: F/I = BN£ 

where: F = force in Newtons 

B = magnetic flux denisty =0.1 Webers/square meter 

N = number of turns (200) 

I = length per turn = 0.132 meters per turn 

I = current in amperes 

Substitution yields: F/I = 2.64 Newtons/Ampere 

The two coils on each side of the carriage are driven in series. 

Therefore, the total force constant per motor driver is: 

J =5.28 Newtons/Ampere 
m 

The control system with the 100 kilogram mass of each casting 

and the limited force available from the linear motors achieves a 

relatively low closed loop bandwidth. As is discussed in Chapter 5, a 

bandwidth of approximately 20 Hz was obtained. As a result, vibrational 

characteristics of the mechanical/optical structures were of considerable 

concern throughout the development of the system. Also, care needed to 

be exercised in applying large forces to accelerate the castings to 

avoid exciting structural vibrations. 

In addition to the precautions taken in design of the bearing 

system and the linear motors, precautions were taken in the design 
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of the mechanical system. The entire system mounts on a large granite 

slab. The granite slab is isolated from external disturbance by a 

system of air cushion supports which are also used to precisely level 

the slab. The entire structure is in turn mounted on a specially 

designed pad to isolate the system from building vibrations. 

Control Problem, Fixed Plant and 
Compensation 

The path distance control subsystem consists of two phase-lock 

loops. Principles to achieve system performance goals are the same as 

those regarding the Zeeman frequency stabilization problem. Interpreta

tion of these principles is somewhat different for the two cases. The 

input signal level from the laser is considerably less for the control 

loops than for the Zeeman stabilization loop. This situation results 

from the reflections and polarization elements in the control sense 

path. 

The expected error spectrum is different in the control paths 

from that in the Zeeman stabilization loop. As disclosed previously, 

the mechanical parts of the FTS system were carefully designed to 

minimize path length disturbances and to confine the error spectrum to 

lower frequencies. 

As a result of the above considerations, design of the path 

control loops concentrated on low frequency performance as opposed to 

development of a wide bandwidth response characteristic. 

A block diagram of the path control subsystem concept is shown 

in Figure 12. Figure 12 shows the implementation of two phase-lock 
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loops. The first phase-lock loop locks the path difference interferometer 

output (Figure 10) to the difference command function synthesized by the 

FTS Command Unit. The second phase-lock loop locks the output of the 

path sum interferometer (Figure 11) to the laser Zeeman frequency, f^. 

Some remarks are in order regarding the relative roles of the 

sum and difference path control loops. 

The difference path loop is of primary importance to system 

operation since it controls the path difference function. It is errors 

in this function that degrade instrument performance. 

Sum interferometer errors do not directly effect instrument performance. 

The sum interferometer is used to maintain balanced motion in the two 

castings when forcing a desired path difference. The sum interferometer 

is also used to maintain an approximate system gravity balance during 

path difference scanning. In principle, fairly large errors can be 

tolerated in the sum phase lock-loop. Practically, errors in this loop 

must be controlled for two reasons. First, there is some coupling 

between the two loops and some portion of the error in the sum loop 

will appear in the critical difference loop. Experimentally, this 

coupling has been found to be on the order of 0.1 percent. Errors in 

the sum phase-lock loop also need to be such that phase detector 

uncertainties are avoided in steady state operation. For this purpose, 

maximum errors need to be somewhat less than one-half wavelength at the 

laser optical frequency. 

Design goals for operation of the two loops in terms of errors 

are defined from the above reasoning and from Chapter 2 as follows: 



E d ^ f f <  1 0  (3.21) 

E (rms) < 10 ̂ X. (3.22) 
sum 1 

0 
where is the optical wavelength of the control laser (6328 A). 

The above considerations lead to a sum loop gain less than that 

of the difference loop. The two loops are, however, implemented using 

identical techniques. To avoid needless redundancy the following only 

describes the difference control loop. The only distinctions between 

the two loops involve gain and constants in the compensation scheme. 

The characteristics of the fixed part of the system that must be 

controlled by the path control phase-lock loops is obtained as follows. 

The equation describing axial motion for one of the catseye 

castings in response to an axial force, F, is given by: 

F = M x + K x + Kx (3.23) 

where: M is the casting mass, 100 Kg 

is the viscous damping in Newton-seconds/meter. 

K is the restoring force (zero) 

The viscous damping coefficient in Eq. 3.23 was very difficult 

to measure experimentally. As a result an indirect approach was used. 

The effective position of the system pole resulting from viscous damp

ing was estimated by control loop stability tests as discussed in a 

subsequent paragraph of this section. 

Since the restoring force is zero in the system, Eq. 3.23 may 

be simplified to: 



F = M x + Kf x (3.24) 

In Laplace Transform notation, the transfer function for the 

fixed plant portion of either of the two loops, each of which involves 

two masses and two motor pairs, is given by: 

= K^/100 s(s + Y) (3.25) 

where: is the motor current-to-force constant 

= 2.64 Newtons/ampere/motor 

Y = Kf/100 

As was detailed it is essential that the closed 

loop response be such as to approach zero steady-state error in response 

to velocity input commands. This fact implies that an additional 

integrator be present in the open loop transfer (Truxall, 1955), 

yielding a fixed plant transfer function of the form: 

^ = Kt/s2(s + Y) (3.26) 

where: Kt = K^/lOO 

Kj is the integrator gain constant . 

That is, the fixed plant characteristic-of each of the two 

loops consists of a second order pole at the origin and an additional 

pole quite near to the origin. 

The linear motor system previously described has several 

desirable characteristics. One disadvantage is the fact that the 



linear motor system used does not provide any tachometer or rate feed

back to assist in system stabilization. Generation of such a function 

would be useful in stabilizing Eq. 3.26 but would require mounting 

additional mechanical devices. Therefore a bandwidth limited error 

rate input scheme was used instead of the more conventional rate 

feedback to assist in stabilizing the closed loop function. 

Error rate stabilization, the additional pole at the original 

and additional needed compensation were realized by the network shown 

in Figure 21. The network has the transfer function: 

fk k„ + k. k. 
2 ) 1 3 4 4 4k3 ) 

l+k2 ) 
E (kn+k0) S +1 k..+k0 + k. 
0 / \  X .  2 .  1  ^  /  / « - »  r j  T  \  

eT(s) s(s + k3) (3"27) 

The network in Figure 21 therefore provides the pole at the 

origin, an additional pole determined by the low pass pole in the error 

rate detector (k^)> and two zeros whose position is determined by the 

parameters k^, k£, k^, and k^. The compensation scheme gives the net 

open loop transfer function: 

2 klk3 + k4 
k s + t 1 k . 

C (S) ' = 1^-2 1 (3.28) 
s (S+y)(s + k ) 

For the difference control loop, parameters were chosen to give 

the root-locus in Figure 22. 

As mentioned in a previous paragraph of this section the 

physical parameter determining the system pole at -y is difficult 
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Figure 21. Control Integrator and Compensation Scheme. 
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to measure directly. The position of the pole was estimated to be the 

value shown in Figure 22 based on stability tests made by varying the 

numerator zeros in Eq. 3.28. 

Path Control Subsystem 

A block diagram of the path difference control system is given 

in Figure 23. As is shown, the outputs from the sum and difference 

path position control interferometers are transformer coupled from the 

instrument to the electronics package. The linear motor coupling is 

also such that no electrical ground connection exists between the 

interferometer and the electronic package. 

The signal from the difference interferometer is converted to a 

square wave and phase compared against the command signal synthesized by 

the FTS Command Unit. (Details regarding synthesis of the command 

function are covered in the next section of this chapter.) 

The output of the sum control interferometer is phase compared 

against the system reference frequency, generated by the FTS Zeeman 

frequency stabilization subsystem. 

Both phase detectors used in the above comparisons are of the nir 

type shown in Figure 14. 

Outputs of both phase detectors are fed to networks that include 

gain, integration and control loop compensation functions. Error rate 

compensation described in the preceding section provides part of the 

compensation in both loops. 
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As was pointed out by Eq. 3.21 and Eq. 3.22 performance goals 

in the two loops are quite different. The result is a much lower gain 

in the sum channel as compared to that of the more critical difference 

channel. The actual gain in the sum channel is approximately l/20th 

that of the difference channel. 

The difference control phase lock-loop must be designed to 

achieve very high performance in steady-state operation to meet the 

goals developed in Chapter 2. Compensation and gain are set to optimize 

system performance constants in this operating mode (Truxall, 1955). As 

a result, the difference loop operates at relatively high gain and 

generates significant forces to counteract input disturbances. Reactions 

to these forces tend to induce small vibrations into the FTS structural 

elements. While these induced vibrations are small, they are often large 

compared to the bk rms total error goal for the path difference control 

system. As pointed out in Chapter 2, narrow band or high Q type 

responses are particularly troublesome and need to be eliminated. 

Much of the optimization in the path position control loops 

involved such unpredicted responses from the system. Small amplitude 

vibrations not predicted by analysis or simulation provided a major 

problem. It should be noted that vibrations with components in the 

O 
path difference direction of less than 6A degrade system performance. 

The FTS structure with its optics mounts and optical elements is a 

complex structure at the vibration levels of concern and despite very 

careful mechanical and structural design unexpected vibration modes 

evidenced themselves as control forces were employed. Many of these 
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undesired responses were removed or damped to insignificant levels by 

structural modification and redesign. Techniques utilized to isolate 

vibration sources included sinusoidal and random loop excitation 

(Kiss, 1970) and audible excitation of structural elements in both 

open and closed loop modes. 

Optimization based on removal of bothersome mechanical resonances 

was quite effective and most of the vibrational problems were suppressed 

by mechanical means. However, it was necessary to provide electrical 

means to eliminate some responses from the difference loop. In 

particular, high Q repsonses that varied in frequency with ambient 

temperature or changes in system optical elements were of concern. The 

responses of concern occurred at frequencies above 200 Hz and were 

therefore outside the effective control bandwidth of the system. They 

were of sufficient Q and well enough coupled that the closed loop system 

could sustain them, however. Tuneable band-elimination filters which 

produced minimal effects on the lower frequency phase and amplitude 

open loop characteristics were needed. The function used to realize 

this desired characteristic was: 

2 2 
s + (au) ) 

F(s) = -= 2 (3'29> 
s + /2uj + (o 

o o 

The above function provides transmission zeros at while 

the denominator provides a low-pass function. Amplitude and phase 

response of the function in Eq. 3.29 is given for two values of a in 

Figure 24. The cutoff frequency of the low-pass function a)Q is 

normalized to unity in this figure. 
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An adaptation of the state-variable filter (Kerwin, 1967) was 

used to realize the function in Eq. 3.29. The realization is shown in 

Figure 25 and includes a two-section ganged potentiometer to allow 

tuning of u)q. 

As is shown in Figure 23, two filters of the type shown in 

Figure 25 are utilized in the difference phase-lock loop. One filter 

has a range of approximately 200-800 Hz for the rejection notch, while 

the second has a range of approximately 500-2000 Hz. These filters 

normally need to be retuned when system optical elements are changed or 

when the ambient room temperature varies by approximately 20° Farenheit. 

Tuning simply involves eliminating frequencies that appear at the phase 

detector output monitor point shown in Figure 23. 

As is shown in Figure 23, the output of the compensated differ

ence channel is connected to drive the two catseye retroflector castings 

differentially while the output of the compensated sum channel drives 

both castings with the same sign. This setup implements the push-pull 

motion with fixed path sum as defined in Figures 10 and 11. 

The FTS Control Unit includes monitor functions and some 

direct casting position control capability as explained below. 

Amplitude levels of the sinusoidal inputs from the sum and 

difference control interferometers are critical to proper system 

performance since their amplitudes in conjunction with system noise set 

the basic signal-to-noise ratio of the phase detection process. The 

amplitudes of these inputs are fed to peak detectors whose outputs can 

be selected for display on the front panel meter. Units for this display 

are peak volts of the input sine wave. 
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Performance quality of both the difference and sum phase-lock 

loops is also monitored and is available for front panel display. The 

outputs of both phase detectors are fed to true rms converters whose 

outputs are also available on the front panel meter. Units for this 

display are error in wavelength units at the laser optical frequency 

(6328 A) rms. 

As shown in Figure 23, inputs are available to both the sum and 

difference phase detectors to cause the interferometer to move one fringe 

O 
(wavelength at 6328 A) in either the plus or minus direction. Referring 

to the phase detector implementation in Figure 15, this action is 

accomplished by removing exactly one pulse from either of the two input 

pulse trains. The optical paths must adjust by exactly one fringe in 

the appropriate direction in response to such an action. The single 

fringe motion command for the difference channel can be initiated from 

a front panel push-button or by the computer and is routinely used in 

system setup and alignment operations. The single fringe motion 

capability in the sum channel is only used as a system trouble shooting 

aid. 

Command Unit Subsystem 

The implementation of a phase-lock based FTS system is the 

primary contribution reported herein. A key element in this implementation 

is synthesis of the command function and synthesis of a sample command 

function which are synchronous over multiple scanning operations. 

Synthesis of acceleration and deceleration functions which allows the 
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control servomechanism to be optimized for performance at constant 

velocity is important to optimization of system performance. As detailed 

in remaining portions of this section, these functions are accomplished 

by the FTS Command Unit. 

Command signals are synthesized by a phase-lock loop. The 

control characteristics of this loop are conventional for a second order 

phase-lock loop. As a result, stability and response considerations are 

not discussed in this section. Unique elements used to implement the 

loop are discussed. 

In addition to the above functions, the FTS Command Unit must 

provide for manual and computer system interfacing. It must also per

form a series of "housekeeping" chores. The FTS Command Unit includes 

a microprocessor to accomplish these chores and to accomplish other 

essential tasks. 

The command unit microprocessor features both operational and 

monitor type operating modes. An eight bit microprocessor was used and 

all microprocessor programming was accomplished as a part of the work 

reported herein. Approximately eight thousand words of programming are 

used in the command unit microprocessor. Due to the large size of the 

program this portion of the effort is reported briefly as is required 

to explain key system functions. 

An important aspect of the final system realized by utilizing 

internal microprocessor control of the FTS Command Unit is the ability 

to generate an acceleration/deceleration profile for higher path 

difference velocities. 
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This section is broken into four parts as follows. The first 

part summarizes the functional requirements of the FTS Command Unit. 

The second part describes the basic synthesis approach used to meet 

these requirements. The third part of the section describes the 

implementation of the synthesis scheme. The final part of this section 

reports on the mciroprocessor controlled acceleration scheme. 

Command Unit Functional Requirements 

The FTS command unit's primary task is to synthesize the 

difference command function. To accomplish this task, to provide 

necessary interfacing for operator/computer control, and to interface 

with the data acquisition system, a number of additional functions must 

be accomplished by the FTS command unit. These functions are summarized 

as follows: 

•The command unit must be able to synthesize a fixed phase 

replica of the stabilized control laser Zeeman frequency, f^, to 

establish a path difference 'hold' function. 

•The command unit must be able to synthesize a phase rate 

offset from f^. This rate needs to be adjustable over a range of 60,000 

degrees/second to 14,000,000 degrees per second (167 Hz to 38,889 Hz). 

The phase commands must be capable of either increasing or decreasing 

phase (+ or - direction). The synthesis must be such that a command to 

move +N degrees at one rate followed by a command to move -N degrees at 

a different rate will result in return to the exact start position within 

_3 
the system design goal of 10 X or 0.36° rms. 



110 

•The command unit must be able to issue sample commands to the 

data acquisition system at a fixed rate of 2500 Hz when a motion command 

is active. These sampling signals must be synchronized with the motion 

commands in the following sense. Assume a scan is made by issuing a 

command to scan +K degrees at rate M, and the carriage is then commanded 

to return to the starting position. A second scan of +K degrees is then 

commanded. Sample command synchronization must be such that sample 

positions for the two scans are superimposed within the system error 

_3 
criteria of 10 A (0.36°) at the laser optical frequency. Further, this 

synchronization must be maintained for N such scans. 

•For command velocities in excess of 1,000,000 degrees/second, 

the command unit must be able to generate a velocity profile similar to 

that shown in Figure 26 to accelerate and decelerate the retroreflector 

castings. The return and synchronization requirements given above 

must be maintained for the data acquisition area as shown in Figure 26. 

•The command unit must provide interfaces for either manual 

operator or computer commanded control of the above outlined functions. 

•The command unit must provide an interface to allow for computer 

monitoring of key FTS system functions. 

•The command unit must provide a visual display of key FTS system 

functions and must automatically provide a display warning of malfunctions 

or abnormal operating conditions which could affect data quality. 
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Synthesis Scheme 

The FTS command unit is designed to command path motion in 

O 
integral 6228 A units at specifiable rates. The command unit also 

synchronously outputs sample commands to the data acquisition system. 

The command unit synthesizes the above functions directly from the 

laser stabilized Zeeman frequency, f . The command functions are 
z 

synthesized in terms of a set of parameters, M, K, and S as shown in 

the following expressions which use the term "fringe" to describe one 

wavelength at 6328 A. 

f 
2 

Commanded rate = — fringes/second (3.30) 

f 
Sample rate = — samples/second (3.31) 

K 

Total commanded distance = KS fringes (3.32) 

Total samples commanded = MS samples (3.33) 

Eq. 3.30 is mechanized as shown by the block diagram in Figure 

27. The scheme utilized is to add to or delete from f exactly one 
z 

pulse every M pulse. The resulting pulse stream is then smoothed by 

a phase-lock loop to achieve a constant velocity type command. The 

phase-lock loop includes the niT type phase detector shown in Figures 13 

and 14 to assure pulses are never lost during acceleration or deceleration 

of the phase lock voltage-controlled oscillator. The result is that the 

phase lock output becomes: 
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F = f ± f /M (3.34) 
0 z z 

To lock to Eq. 3.34, the control unit path difference phase-lock 

must force a path difference rate of ± fz/M fringes per second. 

The mechanization of Eq. 3.31 is also accomplished as is shown 

in Figure 27. A counter counts the f pulse stream and issues a sample 

command every K pulses. Synchronization between the commanded position 

generated by Eq. 3.30 and the sample pulses in Eq. 3.31 are obtained by 

starting both the M and K based counters at the same time. 

The same pulses that trigger the pulse add/delete function are 

also counted in a base K counter, with the overflow from this counter 

output to a counter whose base is S. Overflow from the S counter is 

used to terminate the process. These two counters directly implement 

Eq. 3.32, forcing a total motion of KS fringes. Eq. 3.33 is also a 

direct result of the K and S count scheme since: 

^z M 
Total sample pulses = —zr • -r~ ' KS = MS counts (3.35) 

K i 
z 

Command System Implementation 

An overall block diagram of the FTS Command Unit is shown in 

Figure 28. As shown in this figure, the FTS Command Unit is controlled 

by an eight-bit microprocessor. The microprocessor implementation 

includes 8K words of random access memory (RAM) and 8K words of program 

memory in the form of U-V eraseable programmable read-only memory 

(EPROM). 

Communication with the computer used to control and provide data 

storage for the FTS is provided through an IEEE-488 Interface (IEEE, 
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1978). To provide electrical isolation between the computer and the FTS 

system, the IEEE-488 Interface is coupled to the microprocessor address/ 

data buss through optical isolators. That is, the IEEE-488 Interface 

functions in the power supply system of the computer but is optically 

isolated from the remaining portions of the FTS. The IEEE 488 Interface 

provides eight-bit bi-directional data transfer capability between the 

FTS Command Unit and the computer. 

The IEEE-488 implementation allows the computer to read data at 

any FTS Command Unit microprocessor read address, to write data at any 

write address, and to command execution of any microprocessor program. 

The command unit microprocessor generates a video output to drive 

a standard video monitor. Three output ports with the same video 

information are provided. Each of these ports can drive multiple display 

units over up to five hundred feet of coaxial cable. This feature allows 

monitoring operation of the FTS from locations remote from the instrument. 

The FTS Control Unit microprocessor is programmed to provide two 

distinct operational modes. The normal operating mode provides functions 

required to control the FTS. The second mode provides an effective means 

for microprocessor program development and test, and for system trouble

shooting. This latter mode includes the ability to single-step programs 

and to program EPROMS. A special display is provided to facilitate 

operations in the EPROM programming mode. 

Status states of the FTS Command Unit are read directly by the 

command unit microprocessor from internal registers. The status of 

other FTS subsystems is read through the system status interface shown 

in Figure 28. 
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Command unit status registers and registers in the status inter

face are also read directly by the system computer through the IEEE-A88 

interface. Error conditions thus sensed are used by the computer to 

inhibit initiation of FTS operations when the system is not properly 

initialized to perform the desired test function or when the system is 

not functioning correctly. 

The FTS Command Unit microprocessor controls the f ± fz/M 

synthesizer and the path length control and sample command synthesizer 

by loading registers in these subsystems through the microprocessor 

address/data bus. The registers in these subsystems are configured so 

that their contents may be read as well as loaded by the microprocessor. 

All data loaded to these registers is read back to ensure against error. 

A detailed block diagram of the f ± fz/M synthesizer is shown 

in Figure 29. As shown, the input to the synthesizer is at frequency 

4fz> This input pulse train is divided digitally by M such that the 

divider outputs a pulse for every M input pulses. The divide ratio, M, 

is set by the microprocessor through a register. Each output pulse from 

the divider is used to add to or delete from the 4f pulse train 
z 

exactly one pulse. The add or delete function is controlled by a bit 

from a microprocessor loaded register. The result of the add/delete 

process is a pulse train with average pulse repetion frequency given by: 

pulse repetition frequency = 4(fz - fZ/M) (3.36) 

As shown in Figure 29, the output of the add/delete process 

is divided by four to form a pulse train with average frequency f ± f /M. 
z z 
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This stream phase compared with a pulse stream of constant frequency, 

f ± fz/M> will result in linear phase variations up to 90° followed 

by a 90° step phase correction. These phase variations will occur at a 

rate of 4f /M. 
z 

The output of the divide by four process is phase compared with 

the VCO output in an nir phase detector shown in Figure 13. The output 

of the phase detector is used to control the VCO frequency in a conven

tional phase-locked loop configuration. 

The voltage-controlled-oscillator implementation utilizes two 

voltage controlled crystal oscillators (VCXO) to achieve the required 

tuning range along with low phase noise and stability inherent in 

crystal controlled oscillators. One VCXO operates at a nominal frequency 

fo 30 mhz. The other VCXO operates at a nominal frequency of 30 mhz 

plus the laser Zeeman frequency, f^. The outputs of the two VCXOs are 

mixed and the lower sideband, f^, selected by filtering. The voltage 

controlled oscillator is tuned by driving the two VCXOx in opposite 

frequency directions. The required tuning range of 38 khz is thereby 

achieved within the 0.1% tuning range of the individual VCXOs. 

Motion start is initiated by a pulse which is generated by the 

microprocessor and synchronized with f^. Motion is terminated by a pulse 

which is generated by the path length control unit. 

As shown in Figure 29, pulses from the divide-by-M counter are 

fed to the path length control circuitry. In addition, these pulses 

can be sensed by the microprocessor through the divide-by-M control 
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register and this mechanism is used to control the casting acceleration 

process. Details of the casting acceleration process are covered in the 

final part of this section. 

A block diagram of the path length control and sample command 

synthesizer is given in Figure 30. The path length control counters, 

K and S, in Figure 30 function as described previously and are controlled 

by the Enable signal from the f ± fz/M synthesizer and an accelerate 

enable signal. The accelerate enable signal is generated by the micro

processor and is used to delay the path length count and generation of 

sampling commands until acceleration is complete. 

As shown, the K and S counters count total M pulses from the 

f ± f /M synthesizer. The parameters K and S are loaded by the micro-
z z 

processor through the registers shown in Figure 30. Overflow from the S 

counter which occurs at KS counts disables the path length and sample 

command counters and sends a stop signal to the f ± f /M synthesizer. 

Two pulse trains which are synchronous with the motion commands 

are generated by the sample command synthesizer shown in Figure 40. The 

K sample pulse generator provides a pulse rate of fz/K, while the H 

sample pulse generator provides a rate of fz/H. The two generators 

function in exactly the same manner with the exception that the K sample 

pulse generator utilizes the system parameter K while the H generator 

utilizes an independent parameter, H. Both of the counters are enabled 

by the leading edge of the first M pulse following a system enable. 

Timing is such that the first f pulse counted is the next pulse follow

ing the leading edge of the enabling M pulse. As a result a fixed delay 

following a system enable exists. 
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Fixed sample count delay = (M+l)/f (3.37) 
z 

An addition programmable phase control parameter is provided for 

both the H and K processes. The parameters are designated K0 and H0 

and are loaded to registers by the microprocessor as shown in Figure 30. 

The phase parameter is used primarily to assure that sample pulse phasing 

is such that a sample occurs at the maximum point of the interferogram, 

the fringe: The phase control function is realized by the 

select function in Figure 30 which selects the phase parameter for the 

initial counter load. All subsequent loads are K or H. As a result, the 

first output pulse from each generator is delayed by K0/f or H0/fz with 

subsequent pulses occurring at a fixed period of K/f or H/fz< As a 

result, the delay to the first pulse in each of the two timing functions 

is given by: 

K Count Delay = (K0 + M + l)/f (3.38) 

H Count Delay = (H0 + M + l)/f (3.39) 

The total number of pulses from the K and H sample generators 

for a path length of KS fringes at a rate of f /M fringes per second is: 

Jk Pulses = MS - (M + 1 + H0)/K (3.40) 

£h Pulses = KMS/H - (M + 1 + H0)/H (3.41) 

In Eq. 3.40 and Eq. 3.41 the division operation is to be 

interpreted as an integer arithmetic operation. 
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As was previously discussed, K is used to set the system sample 

frequency and is normally set so that f^/k is 2500 Hz. The H pulse 

sequence generator provides an additional timing sequence for operations 

requiring a phase synchronous function which repeats exactly from 

scan-to-scan. Examples of such applications include heterodyne techniques 

(Vanasse and Sakai, 1967). 

FTS Acceleration 

A smooth commanded acceleration profile is required by the FTS for 

several reasons. First, even with the n-iT phase detector implementation 

in the phase-lock loops, acceleration is required to achieve the high 

path difference velocities required in infrared observations. Second, 

even higher velocities are desired when the castings are being moved from 

the end position of one scan to the starting position of a new scan. 

The time for such moves is wasted as far as observing time is concerned 

and it is therefore desirable to reduce it to a minimum. The third, and 

a most important, reason for an acceleration capability is to eliminate 

the requirement for the control system to respond to large step velocity 

inputs. A smooth acceleration profile allows the control system to be 

optimized for performance in the linear mode. This optimization is 

extremely•important since instrument quality is dependent on precision 

in the linear motion condition. Performance during acceleration and 

deceleration is not important to instrument quality as long as the 

required velocities are reached. 

An acceleration scheme that is linear in velocity is desirable 

from an implementation viewpoint due to its simplicity. Such a scheme 
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is satisfactory providing it accelerates rapidly and is consistant with 

optimization of performance in the linear motion mode. An acceleration 

scheme meeting the above objectives was determined experimentally. 

For final velocities corresponding to an M parameter of 3720 or 

greater, no acceleration is necessary. For velocities corresponding to 

an M parameter of less than 3720, the experimentally determined 

acceleration algorithm is: 

M = 3720/(1 + lOOt) (3.42) 

where t is in seconds. 

The velocity resulting from Eq. 3.42 is linear in time since: 

Commanded Velocity = fz/M 

= f (1 + lOOt)/3720 . (3.43) 
z 

The Zeeman difference frequency used in the FTS system is 1.55 

mHz. Therefore, for final velocities corresponding to M, parameters 

greater than 3720 the commanded velocity becomes: 

Commanded Velocity = 416(1 + lOOt) (3.44) 

where velocity is in fringes per second. 

The number of fringes, N, required to accelerate to a final 

velocity for an M parameter greater than 3720 is given by: 

„ 28,783,872 „ ,PX N = —y 2 . (3. 45) 
M 

The algorithm in Eq. 3.42 is implemented by the command unit 

microprocessor through the f ± f /M synthesizer and the path length 
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control and sample command synthesizer. For values of M equal to or 

greater than 3720, no acceleration is employed and the accelerate enable 

function in Figure 30 is set high by the microprocessor prior to issuing 

a start command. The microprocessor also sets the DECEL signal low in 

Figure 29 so that motion is terminated by the STOP signal from the path 

length control•unit. 

In the case of rates corresponding to M parameter values less 

than 3720, the microprocessor implements the algorithm in Eq. 3.42 for 

acceleration and the inverse of Eq. 3.42 for deceleration. That is 

for deceleration: 

M = 3720/(1 + lOOt - lOOt) (3.46) 
BCC 

where 

t - t ^ 0 
acc 

t is time in seconds required to accelerate to 
HOC 

final velocity 

t is time in seconds measured from start of deceleration. 

Implementation of the accelerate/decelerate algorithm is as 

follows. Prior to initiating motion, M is set to 3720 with accelerate 

ENABLE in Figure 29 set high. As soon as motion is initiated, M is set 

to 3000 or to the final value of M if this exceeds 3000. The value 3000 

corresponds to the value of M in Eq. 3.43 after one period of M set at 

3720. Therefore, the second rate from the f ± fz/M synthesizer is at 

an M parameter of 3000. This procedure is continued with the value of M 

decreasing according to Eq. 3.42 at each M pulse output until the final 



126 

desired M is reached. At this point, accelerate ENABLE in Figure 30 

is set high, so that the very next M pulse is counted by the path length 

control unit. This action also initiates the generation of sample pulses 

as shown in Figure 30. 

When STOP is issued by the path length control unit, the micro

processor decelerates by loading values corresponding to Eq. 3.46 in 

the same manner as for acceleration until an M parameter value of 3720 

is set. At this point, the microprocessor sets DECEL in Figure 29 low, 

thereby terminating motion commands. 

The above procedure is implemented by a set of table look-up 

functions. For larger values of M, the table contains values to be 

loaded into the M register. A second table, corresponding to smaller 

values of M, contains values that M is to be decremented by at the next 

M pulse. A third table, corresponding to small values of M, contains 

the number of M pulses that are to occur before M is decremented. This 

final table is used to accelerate the system through M values from 

100 to 30. 



CHAPTER A 

SYNTHESIS AND OPTIMIZATION OF SIGNAL 
PROCESSING FUNCTIONS 

This chapter includes details of the synthesis and implementation 

of the two constituent elements of the signal processing system, the pre-

sampling alias data filter and the analog-to-digital conversion system. 

Background important to the data filter synthesis is presented 

in the first part of this chapter. In addition to theoretical considera

tions, practical considerations including the initial data support 

configuration are included. Plans for future instrument improvements 

which impact signal processing are also discussed. 

A significant contribution resulting from the effort reported on 

herein is the development of a strategy to optimize ghost response for 

FTS systems that employ position referenced sampling. The results of 

this contribution are not directly applicable to the instrument described 

herein. For reasons summarized in Chapter 2, position referenced sampling 

is not employed in the Kitt Peak 1-Meter FTS. As is developed in some 

detail in Chapter 5, a planned instrument improvement involves a technique 

to approximate position referenced sampling. The optimization strategy 

is therefore applicable to future development of the instrument. Plans 

for such a development are included in Chapter 5. The optimization tech

nique is also immediately applicable to continuous motion FTS instruments 

utilizing position referenced sampling. It is shown in later paragraphs 

127 



128 

of this chapter that the procedure provides a system ghost response 

characteristic which is improved by at least two orders of magnitude 

when compared with conventional data filters. 

This chapter presents the alias rejection data filter developed 

for the Kitt Peak 1-Meter Path Difference Fourier Transform Spectrometer. 

The filter developed is a band-pass design with phase compensation to 

improve system ghost response. The low-pass portion of the filter 

features a 9-pole response for alias rejection. 

In addition to the main data alias filter, filtering is required 

for the output of the interferometer sum function. As discussed in 

Chapter 2, the "sum" output of the interferometer can be used to provide 

a continuous measure of the intensity of the input light function. 

Details of the synthesis and implementation of the alias filter for this 

function are included. 

Chapter 2 contained several analyses important to the development 

of the analog-to-digital conversion system. These included the very 

large dynamic range involved, the analysis of quantizing errors in an 

autoranging conversion system, and the analysis of errors unique to an 

autoranging conversion scheme. These results are reviewed in this 

chapter and used to design the analog-to-digital conversion system. 

Background—Alias Rejection Data Filter 

Effects of sampling position errors were discussed in Chapter 2. 

The treatment included secondary effects arising from path difference 

velocity errors for the case of position referenced sampling. The 
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results given by Zachor (1977, 1979) which provide a closed form expres

sion for these second order effects were also introduced. 

It must be emphasized that the results given by Zachor are 

directly applicable only to the case of position referenced sampling. 

That is, to the case in which data sampling is triggered by a zero axis 

crossing of the interference pattern generated in the interferometer by 

the path position control laser. As was discussed in Chapter 2, the 

instrument described herein does not utilize position referenced sampling. 

Instead, equal time interval sampling is employed to achieve the flexibi

lity required in a general purpose wide spectral range Fourier Transform 

Spectrometer. 

The results given by Zachor are therefore not directly applicable 

to to the data filtering problem of the Kitt Peak 1-Meter Fourier 

Transform Spectrometer. The production of ghosts as the result of 

velocity and hence position errors will be dominated by position errors 

as given in Eq. 2.26. 

As discussed in Chapter 5 a planned improvement to the Kitt Peak 

1-Meter Fourier Transform Spectrometer includes implementation of an 

"open loop corrector". The "open loop corrector" will take advantage 

of the fact that the Kitt Peak instrument features a continuous measure

ment of the path position error. This feature is inherent in the phase-

lock path position control utilized in the instrument and is distinct 

from the more conventional velocity control which utilizes information 

at control laser fringe crossings (Marquedant, 1978). The "open loop 

corrector" as described in Chapter 5 will take advantage of the 
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continuous path position error information and will alter the equal time 

interval sampling to approximate position referenced sampling. To take 

full advantage of this planned system improvement the basic alias filter 

design should be optimized for the position referenced sampling case. 

It should be noted that as shown in Eq. 2.28 ghosts are produced by the 

interaction of a position (phase) modulated interferogram filter with 

the amplitude/phase characteristic of the alias rejection filter. There

fore, even in the case of equal time sampling, a filter that reduces this 

effect is superior to one which does not. That is even though the 

position error ghosts may dominate, the velocity error production mechan

ism is still present and the system is improved by suppressing this 

mechanism. 

As a result of the above arguments optimization in the sense of 

Zachor's results is appropriate and was used in development of the alias 

rejection filter. 

As developed in the next section of this chapter, Zachor's 

results suggest a low-pass design for the alias rejection filter. How

ever, removal of the dc term in Eq. 2.10 requires a high pass function. 

The analysis shows that this high pass function must be placed at as 

low a frequency as possible. The analysis also suggests that the low 

pass filter have a higher cutoff frequency than that required by the 

range of the data frequency. 

As is developed in the next section, the procedure outlined 

offers an excellent optimization strategy from the viewpoint of sup

pressing velocity error generated ghosts. The procedure was not 
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followed in designing the alias filter for the instrument described here

in for several reasons peculiar to this instrument, its goals, and its 

supporting environment. A principle reason arises from the fact that if 

the path position goals given in Chapter 2 are met, the ghost response 

of the system is sufficiently small and filter optimization for this 

parameter is not of prime importance. A practical reason for not 

increasing the system data processing bandwidth arises from the fact that 

the computer/data storage system used to support the instrument could not 

sustain itself under such an approach. 

An additional practical reason for designing the data filter in 

its final form arose from the desire to provide a meaningful real time 

monitor for the interferogram. A very effective monitor is provided by 

displaying the rms value of data blocks versus corresponding path 

position. A log2 display is very effective and informative. The 

effectiveness of the display is compromised by 1/f type drifts associated 

with active components and by small 60 Hz pickup from power sources. 

Both of these effects are lower in frequency than the desired range of 

data. The display can thereby be enhanced by using a bandpass type 

filter which rejects these disturbances. 

It is noted that Chapter 5 outlines an improved approach which 

allows velocity ghost response optimization without compromising the 

above described display or increasing the burden on the supporting 

computer/data storage function. 
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Optimized Low-Pass Data Filters for Continuous 
Motion Fourier Transform Spectrometers 

A continuous motion Fourier Transform Spectrometer maps optical 

frequencies to electrical frequencies. As was shown in Chapter 2, the 

mapping is: 

f = a y (4.1) 
o o 

where 

f = electrical frequency in Hz 

y = path difference velocity 

a = optical wave number = 1/X , where 
o o 

is optical wavelength . 

A continuous motion Fourier Transform Spectrometer that 

digitizes the interferogram requires an alias rejection data filter prior 

to sampling. As was discussed in Chapter 2, interferometer path velocity 

errors result in phase modulation of the interferogram. Convolution of 

the phase-modulated interferogram with the data filter results in the 

production of sidebands called "ghosts". The ghosts produced by this 

process persist even when the output of the data filter is position 

reference sampled (Zachor, 1977). It can be shown (Zachor and Aaronson, 

1979) that ghost production is related to the phase and amplitude slopes 

of the data filter. Zachor has provided a closed form model for the ghost 

production processes that was included in Chapter 2 as Eq. .2.28. 

Equation 2.28 clearly indicates that amplitude and phase ghost 

components are suppressed by reducing the amplitude and delay slopes of 
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the data filter. The ideal data filter is, therefore, one with a con

stant delay and a flat amplitude characteristic over the entire pass-band. 

While such filters are not realizable, the following shows that they can 

be approximated to provide excellent filters from the ghost production 

viewpoint. 

Prior to discussing specific techniques that realize high quality 

alias rejection filters, some important points need to be discussed. 

First, unless planned aliasing is intended (Vanesse, 1967), the alias 

rejection filter is essentially a low-pass filter. It must be observed 

that while the filter is essentially low-pass, proactically, a high-pass 

component is required to reject the average value component given in 

Eq. 2.10. An additional important observation is that ghost production 

in Eq. 2.28 does not apply to filtering applied subsequent to sampling. 

This point was discussed in Chapter 2. For example, digital filtering 

applied after sampling will not result in ghost generation. A final 

observation is that there is no reason to restrict the alias filter to a 

minimal delay design. As long as delay compensation in the sense of 

Eq. 2.29 is employed, additional delay has no adverse effect on filter 

performance. The validity of this concept is demonstrated by the low-pass 

alias filter design approach which follows. 

The procedure utilized to synthesize the low-pass function is 

outlined below. 

-A basic filter design with amplitude characteristics that 

suppress the generation of amplitude ghosts over the lower part 

of the pass band is chosen as a starting point. 
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-The phase characteristic of the filter chosen above is optimized 

over the lower part of the passband. This results in a non-

minimal delay filter. 

-Data is restricted to the lower, optimized, portion of the filter 

and the system is oversampled. That is, it is sampled at the 

Nyquist rate of the filter. The resulting data is transformed 

and the higher frequencies ignored, or the data can be digitally 

filtered before it is transformed. 

Low-pass filtering with optimized amplitude characteristics in 

the lower portion of the passband are approximated by Butterworth designs 

as is illustrated in Figures 31 and 32. 

These figures summarize responses of Butterworth filters with 10 

kHz cutoff frequencies and give relative phase and amplitude ghosts. 

Results are given for low-pass Butterworth filters with 1 through 6 poles. 

The relative ghost amplitudes shown correspond to a sinusoidal velocity 

error of one percent. As is shown in the table, for f/fc < 0.5, the 

total ghost response is dominated by the phase characteristic of the 

filter. For the region f/fc < 0.5, the contribution resulting from the 

phase characteristic is approximately constant as a function of the 

number of poles. Over the same region, the contribution from the 

amplitude characteristic decreases. 

Figures 31 and 32 suggest the strategy for optimizing the ghost 

response of a low pass alias filter. That is, the strategy is to work 

with the lower part of the pass band, retain the already excellent 
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Figure 31. Relative Amplitude Ghosts for One Percent Velocity 
Errors in Butterworth Low-Pass Filters with 
One through Six Poles. 
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Figure 32. Relative Phase Ghosts for One Percent Velocity 
Errors in Lutterworth Low-Pass Filters with 
One through Six Poles. 
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amplitude characteristics of the Butterworth design, and improve the 

phase characteristic. A tool for such improvement is provided by all 

pass networks. Such networks have flat amplitude responses and produce 

phase delays as a function of frequency. First and second order all-pass 

functions are given below. 

F  ( S )  =  ( 4 > 2 )  

° S+Wa 

s2 - 2aWc + W 2 

F,(s)=-T- % (4.3) 
s + 2aWc + W 

c 

The concept utilized to improve the phase ghost response of the 

Butterworth filter is to utilize the functions in Eq. 4.2 and Eq. 4.3 

without altering the amplitude characteristic. 

The problem to be solved in optimizing phase response is to pick 

the parameters in Eq. 4.2 or Eq. 4.3 properly. Several techniques are 

available for establishing this choice. One approach is to utilize an 

optimization algorithm to set the parameters. This method is utilized 

in the next section to optimize the delay characteristic of the bandpass 

filter which is used in the Kitt Peak 1-Meter Fourier Transform Spectr

ometer. A second approach (Aikens and Brault, 1969) is to use the 

phase characteristic of the all-pass network to eliminate as many non

linear terms in the filter phase series expansion as is possible. 

As is developed in this section, very good results are achieved in the 

lower part of passband by fitting the delay characteristic at zero 

frequency. The desired fit is achieved as follows. 
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A low-pass Butterworth filter with an even number of poles con

sists of the product of n quadratic sections of the form: 

w2 

Fn (s) —£ (4.4) 
2 c 2 
s +— s + Wc 

n 

where: 

W = 2irf 
c 

f = filter cutoff frequency 

Low-pass Butterworth filters with an odd number of poles con

sists of a product of quadratic sections of the form of Eq. 4.4 and one 

additional section of the form: 

W 
F (s) = c (4.5) 
o S + w 

c 

where: 

W = 2 iff 
c c 

f = filter cutoff frequency . 

It can be easily shown that the phase characteristic correspond

ing to Eq. 4.5 can be represented by the power series: 

_ (L-\ W _L 
* W / -JT7 \ c/ 3W 

t M =-(^-)-^TW3+ —1sW5+ • • <4'6) 
o \W I 3 5W 5 

c c 

The phase characteristic corresponding to Eq. 4.4 can be expanded 

into the power series: 
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i 1 W 1 ( 1 1 \ ..3 
*(w) ~ qir -n + ttt > w 

c W xn 30 
c n 

(4.7) 

— ( — 3 + —— 5 ) 
5 ' 0 O SO / TT 5 *Q Q 5Q W n n 
c 

w5 + 

The net phase expansion for any order Butterworth low pass 

filter is thereby expressed by adding the expansions of Eq. 4.6 and 

Eq. 4.7 for as many sections as the filter includes. 

The phase characteristic corresponding to the all pass network 

in Eq. 4.2 can be expanded to 

-2 ,, 2 W , 2 W5 , ,, 
API + (4'8) 

WA WA 

The phkse characteristic corresponding to the second order all 

pass function in Eq. 4.4 can be expanded to the form: 

<w> = (vi) 'k{k~ k3) 

-»a5(vV+V)+-
The net phase expansion for a Butterworth filter plus an all 

pass network is the net expansion for the filter plus either Eq. 4.7 or 

Eq. 4.8 depending on the correction network. The result is an expression 

of the form: 

0 (W) = k. W + K_W3 + K WS + . (4.10) 
l i s  
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The phase is linearized by forcing coefficients for terms in W 

with exponents greater than one to zero. 

In principle, either the single or the quadratic all-pass network 

could be used to eliminate coefficients of the net series expansion of 

the filter phase. Expressions for the third order coefficient of the 

phase expansion are as follows: 

For an odd number of poles: 

N N 

K 3 " " 3 "  ^  ? " +  3  J  F 1  ( 4 ' U )  
J J n=l wn J n=l yn 

where N is the number of quadratic sections of the form in Eq. 4.4. 

For an even number of poles: 

N i n 1 

K 3 - -  I  J -  +3 I  r  3 (4.12) 
n=i n n=l n 

The coefficient corresponding to in the filter phase expansion 

is given as follows: 

For an odd number of poles: 

N N N 

•S'-T" £,Q-+ \T3' 5 <4'13) 
n=l n n=l n n=l n 

For an even number of poles: 

N •] N N 

s - - I Q- + I 5 I 0-5 • W-W) 
3 n=l n n=l 3 n=l Wn 
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Values of K3 and K5 for Butterworth low-pass filters with two 

through 9 poles are given in Table 1. Note that the sign of K3 is 

negative for all filters considered in Table 1. Reference to Eq. 4.8 

shows that the single pole all-pass network has the same sign for its 

third order coefficient as that in Table 1. Therefore, the single pole 

all-pass network cannot be effectively used in the compensation scheme 

considered in this section. The second order all-pass network can be 

effectively used to eliminate both K3 and K5. Table 2 gives parameters 

for the second order all-pass function to accomplish this for low pass 

Butterworth filters containing 3 through 9 poles. 

Effectiveness of the phase compensation technique is illustrated 

in Figures 33 and 34. Figure 33 shows net ghost response for a fifth 

order Butterworth filter with a 10 kHz cutoff frequency with and without 

all-pass phase compensation. Delay compensation is used for both cases 

in Figure 33 and the response shown is for a one percent velocity error. 

Figure 34 shows the same characteristic for a ninth order low pass 

Butterworth filter. 

Figures 33 and 34 illustrate the improvement in ghost response 

achieved by using phase compensation and restricting operation to the 

lower part of the pass band. These figures show relative ghost response 

for Butterworth low pass filters compensated and uncompensated. In the 

lower part of the passband an improvement in the ghost response of at 

least two orders of magnitude is achieved. Also over the lower portion 

of the total pass band it is possible to maintain a relative ghost re

sponse of less than 10 ̂  for a one percent velocity error. 
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Table 1. Constants K_, K,. - Series Expansion of Butterworth Low-Pass 
Filter Phase. 

Poles K3 K5 "" 

2 -4.714045E-01 2.828427E-01 

3 -3.333333E-01 -4.000000E-01 

4 -3.607974E-01 -2.164785E-01 

5 -4.120263E-01 -2.000000E-01 

6 -4.714045E-01 -2.070552E-01 

7 -5.346252E-01 -2.219833E-01 

8 -5.999842E-01 -2.405379E-01 

9 -6.666667E-01 -2.610815E-01 
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Table 2. Solutions for Phase Compensation of Butterworth Filters 
Using a Quadratic All-Pass Network. 

Number of _ , 
r. i Q u./ui 
Poles Ac 

(oic = 2ttx filter cutoff frequency) 

3 0.5509 1.0232 

4 0.5434 1.0954 

5 0.5406 1.0812 

6 0.5388 1.0520 

7 0.5377 1.0208 

8 0.5368 0.9910 

9 0.5361 0.9635 
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Figure 33. Effect of All-Pass Compensation—Fifth Order 
Lutterworth Low-Pass Filter. 
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Figure 34. Effect of All-Pass Compensation—ninth Order 
Butterworth Low-Pass Filter. 
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Practical problems must be considered in applying the results 

outlined above. As discussed previously, some sort of high-pass function 

is needed to eliminate the interferogram average value. The high-pass 

function will disturb both the amplitude and the phase characteristic of 

the low-pass function considered so far. The problem is examined in 

Figure 35 which gives results for a five pole all-pass compensated low-

pass Butterworth filter with a 10 kHz cutoff frequency. The net ghost 

response for an added single pole high-pass filter. High-pass cutoff 

frequencies of 0.05 Hz through 5 Hz are shown. Clearly, the effect is 

kept minimal by reducing the high-pass cutoff frequency. As shown, 

deterioration in the desired ghost response can be kept to frequencies 

which are undesirable due to 1/f noise effects at these low frequencies. 

It should be noted that performance degradation resulting from the high 

pass function is contributed by both the filter amplitude and phase 

characteristics in such a manner as to preclude significant improvement 

by using the all-pass network to improve net phase compensation. 

Practical problems also include the effect of drifts in passive 

and active components used in filter realization, accuracy required in 

filter and compensation pole locations, and the most effective technique 

for implementation. A full treatment of these problems is beyond the 

scope of the work reported herein. Some of these problems were con

sidered and results are summarized in the following. 

Ghost rejection filters with cutoff frequencies up to 10 kHz 

and characteristics very close to theoretical predictions in this 

section were experimentally constructed utilizing the state-variable 
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Figure 35. Effect of Single High-Pass Function on Ghost Response 
of Fifth Order All-Pass Compensated ISutterworth 
Low-Pass Filter. 
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synthesis approach (Kerwin, Huelsman, and Newcomb, 1967)(Tobey, Graeme, 

and Huelsman, 1971). Wide-band operational amplifiers were used as 

active devices in the implementation. Center frequencies and Q's of all 

sections were trimmed to assure the required function was achieved. 

General realization of the results of this section requires con

sideration of the effects of temperature on the stability of passive 

components used to realize the filter. Again, a general treatment of 

this problem is beyond the scope of the work reported herein. Some in

sight into the problem is provided by the results summarized in Figure 

36. This figure shows the effect of varying all Q's and cutoff frequen

cies in the compensated filter of Figure 33 by a fixed percentage. 

As shown in Figure 36 parameter variation needs to be kept to 

0.05% or less. In terms of passive components such stability requires 

the use of etched bulk metal resistors (± 1 ppm/°C) (Vishay, 1975) and 

matched polystyrene and polycarbonate capacitors (± 5 ppm/°C) (Component 

Research Corporation, 1978). A temperature controlled environment for 

the filter would also be required for any significant variation in the 

ambient temperature environment. 

Kitt Peak 1-Meter FTS Difference 
and Sum Channel Filters 

This section reports the data filters implemented for the Kitt 

Peak 1-Meter Fourier Transform Spectrometer. As was discussed earlier 

the difference channel filter is a bandpass design rather than the 

low-pass designs analyzed in the preceding section. -As stated, the 

reason for this type of design arose from the high precision achieved in 



149 

UJ 
a 

o. 
S 
< 
i-
co 
o 
X 
(3 

UJ 
> 

_J 
UJ 
a. 

1% 

0.5% 

0.05% 

NO DRIFT 

1.0E-09 i i i i I i i • • l i • ' i ' i i i i l i i • • l i i • • ' • i i i l i • ' • ' • i i i ' • • • i 
0. 500. 1000. 1500. 2000. 2500. 3000. 3500. 4000. 4500. 5000. 

FREQUENCYJHZ)  
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the path difference function and the requirements for a system real 

time monitor display. 

As detailed in the following, the ghost response of the basic 

bandpass filter designed was dominated by the phase characteristic. 

Phase correction was used to improve this characteristic and hence the 

overall ghost response of the filter. A different technique than that 

used in the preceding section was employed to set phase correction 

parameters. 

The concept of using the two complementary outputs of an inter

ferometer to generate a "sum signal" as a measure of total input intensity 

was introduced in Chapter 2. Implementation of the concept requires 

sampling of the sum signal and hence requires alias rejection filtering 

of this channel. In principle, the sum function varies only with input 

intensity. In practice, the two inputs from the interferometer require 

exact amplitude and phase matching to prevent some of the interferogram 

from "leaking" into the sum channel. This leaking effect can be reduced 

significantly by appropriate design of the alias rejection filter. The 

desired filter must pass those frequencies which represent intensity 

variations but must strongly attenuate high level signals expected in 

the interferogram. Details on the development of such a filter for the 

Kitt Peak 1-Meter Path Difference Fourier Transform Sepctrometer are 

included in this section. 

Difference Channel Bandpass Data Filter 

As a result of the very general applications of the Kitt Peak 

1-Meter Fourier Transform Spectrometer, it must be assumed that the 
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difference channel alias rejection filter will play an important role in 

rejecting out of band signals of significant power. That is, the filter 

must do more than attenuate device noise. To meet this requirement a 

ninth order low-pass rolloff characteristic with cutoff at 1250 Hz was 

specified. As discussed previously, to generate an effective real-time 

interferogram monitor, 1/f noise and low level power frequency related 

inputs also needed to be rejected by the data filter. These con

siderations resulted in the decision to require a minimum of a fourth 

order high pass characteristic with cutoff at 500 Hz. 

Several designs meeting the above criteria were considered. 

Those simulated included bandpass transformed ninth order Butterworth and 

Bessel designs. The filter finally selected was a composite design con

sisting of a fourth order Butterworth high pass section at 500 Hz and a 

ninth order Butterworth low-pass section with a cutoff at 1250 Hz. That 

is, the high and low pass sections of the filter are given by: 

s4 F (S) = —5 = 7 = = 7- (4.15) 
np (S +2.405x10 S+9.87x10 )(S +5.806x10 S+9.87x10 ) 

(s) , 1.448X1031 

lp ' (S+7.85xl03)(S2+2.73X103S+6.17X107)(S2+7.85xl03S+6.17xl07) 

(S2+1.20xl0AS+6.17xl07)(S2+1.48xl04S+6.17xl07) 

(A.16) 

The design above was chosen because it (1) met rejection 

specification, (2) provides a reasonably smooth amplitude characteristic 

over the bandpass and (3) has a ghost response which is dominated by the 
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phase characteristic over the entire pass band. This latter fact is 

demonstrated in Figure 37 which shows the basic bandpass design 

amplitude, phase and composite ghost response characteristic. 

From Figure 37 it is evident that if the phase ghost character

istic could be reduced to the order of that of the amplitude characteris

tic, significant improvement could be achieved. 

Another motive exists for improving the delay characteristic of 

the difference channel data filter. The inband delay of the basic filter 

created by Eq. 4.15 and Eq. 4.16 varies greatly over the passband, even 

changing sign. Sum/difference normalization of the input interferogram 

data consists of point-to-point normalization of difference channel data 

by sum channel data. It is therefore highly desirable that the inband of 

the difference channel be constant over the passband and that this delay 

match that of the sum channel. 

To improve the total phase characteristic of the filter, phase 

equalization was employed with a constant delay over the pass band as a 

design goal. Phase equalization parameters were determined by use of 

optimization techniques. For a number of points across the passband 

delay was computed at each step in the optimization process and the 

average delay over these points computed. The following function was 

then minimized: 

n , 
D= I W (d-di) (4.17) 

i=l 
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Figure 37. Relative Ghost Response Uncompensated Bandpass 
Filter—1% Velocity Error. 
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where 

di = delay at the ith point 

d = average delay over all n points 

= weighting of the ith point. 

The Newton-Raphson algorithm was used in the optimization. Fits 

using one, two, three, and four quadratic all-pass networks were com

puted. Very little improvement was gained by adding more than two 

networks so the fit utilizing two quadratic all-pass networks was chosen 

for the final design. The correction function computed and used is: 

„ (S2-4.968X103S+3.925X107)(S2-9.9015+1X103) ,, 
F (S) = —x r = j (4.18) 
C (S +4.968x10 S+3.925x10')(S +9.901S+lxl0 ) 

Ghost response of the compensated filter and the uncompensated 

design is compared in Figure 38. As shown, ghost response improvement 

of at least one order of magnitude is achieved over almost all of the 

passband. Much greater improvement is realized over much of the pass-

band. 

The filter design was implemented using the state variable 

technique (Kerwin, Huelsman, and Newcomb, 1967). Quadratic sections 

were implemented with the specific technique shown in Figure 39 (Tobey, 

Graeme and Huelsman, 1971). The all-pass quadratic sections were 

implemented using the extension shown in Figure 40. 

The desired filter quadratic functions are realized by setting 

in Figure 39: 
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R3 = RA = R5 = Rg (4.18) 

= Q (4.19) 

R1C1R2C2 = 1/a,02 (4.20) 

The all-pass function is realized by setting the above conditions 

in Figure 40, plus: 

Ry = Rg = R9 = R1() . (4.21) 

Sum Channel Alias Rejection Filter 

As discussed previously, the sum channel data filter must 

accomplish several functions in addition to alias rejection. The filter 

must attenuate interferogram energy and must match the delay character

istic of the phase equalized difference channel data filter. 

The desired filter was designed through a combination of 

simulation and optimization. The transfer function of the filter 

designed for this function is given by: 

p (s) = 6.55xl05(S2+3.298xl07) (S2+5.495xlQ7) 

S (S2+3.82x103S+4.89xl06)(S2+3.08xl03S+6.15xl06)(S+6.283xl03)2 

(4.22) 

The filter is composed of a fourth order low-pass Bessel filter 

with a cutoff frequency of 250 Hz, two transmission zeros at 914 and 1180 

Hz and a second order pole at 1000 Hz. The transmission zeros accomplish 

additional rejection in the 900-1250 Hz frequency region where high 
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interferogram energy is anticipated. The resultant amplitude character

istic is as shown in Figure 41. 

Delay match between the bandpass portion of the difference channel 

data filter and the passband of the sum channel filter is better than 

five percent. 

The sum channel data filter was realized by an adaptation of the 

state-variable technique (Kerwin, Huelsman, and Newcomb, 1967). For 

realization, the filter was broken into the two sections: 

w _ 9.32xlQ2 (S2+3.298x107) . . .  

si 2 3 6 3 (4.23) 
(S +3.82x10 S+4.89x10°)(S+6.283x10 ) 

7.03x102 (S2+5.495xl07) 
F  ( S )  =  — ^ r  -  ( 4 . 2 4 )  

(S +3.08x10 S+6.15x10 )(S+6.283x10 ) 

Equation 4.23 was realized as shown in Figure 42, while Eq. 4. 

was realized as shown in Figure 43. 

24 

Autoranging Analog-to-Digital Converter 

A full discussion of the signal processing for a high resolution 

Fourier Transform Spectrometer requires a detailed description of the 

analog-to-digital conversion system. Therefore, a description of this 

system is included although a major portion of the development was not 

part of the work reported on herein. The primary concept for and a 

major portion of the development were accomplished by R. L. Aikens of 

Kitt Peak National Observatory. Contributions of the research reported 

in this document include the non-linear prediction function used for 
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autoranging control and formalization of the gain amplifier precision 

function. 

Chapter 2 developed the requirement for a dynamic range of 

approximately twenty-two bits in the analog-to-digital conversion scheme 

for a 1-meter path difference Fourier transform spectrometer. This 

requirement exceeds the current state-of-the-art in direct analog-to-

analog conversion by six to seven bits. 

Due to the above requirement and deficiency in the current state-

of-the-art some sort of autoranging scheme is suggested. A basic auto

ranging analog-to-digital conversion system is shown in Figure 44. As 

shown in Figure 44, the dynamic range of fifteen bit converter is 

extended to twenty-two bits by a series of binary gain amplifiers pre

ceding the converter. The appropriate binary amplifier is selected by 

an autoranging control function to assure that the input to the analog-to-

digital converter is within its range. 

The concept shown in Figure 44 can accommodate the required 

dynamic range required and if properly designed minimize the effect of 

not employing an analog-to-digital converter with a twenty-two bit range. 

As is shown by the results summarized in Chapter 2, this is accomplished 

by assuring that quantizing noise is minimized at each measurement point. 

In addition, low level signal measurements, that is those made at points 

away from the region of the central fringe, must be made such that the 

measurement rms noise is a least equivalent to the least significant 

bit in the analog-to-digital converter. This latter requirement assures 

that statistical averaging will occur. That is, that the analog-to-digital 
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converter output will not be solely determined by a small dc offset 

voltage. 

The above requirements would be met by the scheme shown in 

Figure 44. Consideration must be given, however, to the results of 

Chapter 2 regarding the effects of gain and phase errors in autoranging 

analog-to-digital conversion systems. In particular, the effects of 

gain and phase errors as a function of frequency are of concern. 

Referring to Eq. 2.50 the relative ghost amplitude due to gain 

type errors between autoranging amplifiers is given by: 

AmplitudeM " 2cM (4'25) 

where: 

(1 + e(u))) is the deviation from linearity in the 
gain function. 

To be consistent with the specification on the ghost production 

resulting from path difference position errors, the relative amplitude 

-3 
resulting from Eq. 4.25 should be maintained at less than 2 x 10 

A design goal well less than this value was set. That is: 

e ( u>) < 10"A (4.26) 

Phase error design goals were set in a similar manner. Referring 

to Eq. 2.52 and approximating the cosine of a small angular error function 

by the first two terms of the cosine power series expansion, the rela

tive amplitude for the real ghost becomes: 
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Greal(u) < 0(al)2 (4.27) 

where 

0(oj) is the phase error in radians. 

Similarly the imaginary ghost response resulting from phase 

errors between autoranging gain amplifiers is given by: 

G. . (ai) < 2 0(OJ) (4.28) 
imaginary 

Clearly, for small phase errors, the result of Eq. 4.28 dominates. 

Therefore to be consistent with the path position control ghost gener-

-3 
ation specification, the result in Eq. 4.28 must be less than 2 x 10 

A design goal well less than this value was set. That is: 

-4 -3 
0 (to) < 10 radians = 5.7 x 10 degrees (4.29) 

Realization of the above specified level of precision requires 

careful consideration of the effect of active as well as passive com

ponents. The required precision could be achieved at a single frequency 

by careful passive component selection, trimming procedures and/or 

calibration. However, variations as functions of frequency arising from 

limitations in active devices cannot be corrected by these procedures. 

The basic problem considered in evaluating the effect of the operational 

amplifier is illustrated in Figure 45. In this figure, the operational 

amplifier is modeled as having a single pole gain rolloff so that the 

open loop gain function can be given by: 
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Figure 45. Easic Active Gain Element. 
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(4.30) 

where 

AQ is the gain at zero frequency in volts/volt 

a>c is the amplifier cutoff in radians/second. 

For the circuit in Figure 46, the closed loop gain is given by: 

zf 
zi 

S + a) 
A 

c 
(4.31) 

CL zf 
zi 

+ 1 + A0Uc 
S+u) 

c 

Implementation of the scheme shown in Figure 44 requires auto-

ranging amplifier gains of from one to one-hundred-twenty-eight. The 

resulting difficulty is shown in Tables 3 and 4. Table 3 shows gain and 

phase precision results for various closed loop gains using a modern 

low-noise moderate bandwidth operational amplifier. Table 5 shows the 

same results for a higher noise level wide bandwidth operational amplifier. 

Both amplifiers considered have characteristics such they can be modeled 

by Eq. 4.30. Note that the amplitude phase characteristics in both 

cases greatly exceed the criteria in Eq. 4.26 and Eq. 4.29. 

recognized the fact that small gain and phase errors are not significant 

as long as they apply to all autoranging gain channels. His solution is 

shown in Figure 46. As shown, the input signal is given a gain of ten by 

an amplifier capable of a ± 100 volt output. The binary autoranging 

amplifiers are actually attenuators with gains of from one to 1/128. 

The solution to the above problem developed by R. L. Aikens 



Table 3. Closed Loop Response—Low Noise Operational Amplifier—Gains 1 to 128. 

Amplitude Dimensionless (ED/El) Phase in Degrees 

F(Hz) ACL = 1.00 ACL = 8. .00 ACL = 32.00 ACL= 64. 00 ACL = 128.00 
Magnitude Phase Magnitude Phase Magnitude Phase Magnitude Phase Magnitude Phase 

0 .9999967 0.000000 .9999850 0.000000 .9999450 0.000000 .9998917 0. 000000 .9997850 0.00000 

200 .9999967 -.004244 .9999849 -.019098 .9999450 -.070024 .9998888 137919 .9997736 .273686 

350 .9999967 -.007427 .9999848 -.033422 .9999443 -.122542 .9998828 -. 241357 .9997501 .478942 

500 .9999966 -.010610 .9999847 -.047746 .9999427 -.175060 .9998736 -. 344794 .9997138 - .  .684187 

650 .9999966 -.013793 .9999844 -.062069 .9999403 -.227578 .9998611 448229 .9996646 - .  .889413 

800 .9999966 -.015976 .9999841 -.076393 .9999371 -.280095 .9998453 -. 551660 .9996026 -1. .094617 

950 .9999966 -.020160 .9999837 -.090717 .9999331 -.332612 .9998263 -. 655088 .9995278 -1. .299793 

1100 .9999966 -.023343 .9999833 -.105041 .9999282 -.385128 .9998041 -. 758512 .9994402 -1. .504936 

1250 .9999966 -.026526 .9999828 -.119364 .9999224 -.437644 .9997785 861931 .9993398 -1. .710040 



Table 4. Closed Loop Response—High Performance Operational Amplifier Gains 1 to 128. 

Amplitude Dimensionless (ED.EI) Phase in Degrees 

F (Hz) ACI. = 1.00 ACL = 8. 00 ACL = 32. ,00 ACL = 64. 00 ACL = 128. 00 

Magnitude Phase Magnitude Phase Magnitude Phase Magnitude Phase Magnitude Phase 

0 .9999800 0.000000 .9999100 0.000000 .9996701 0.000000 .9993504 0. 000000 .9987117 0.000000 

200 .9999800 -.000286 .9999100 -.001289 .9996701 -.004725 .9993504 009305 .9987116 .0184 54 

350 .9999800 -.000501 .9999100 -.002256 .9996701 -.008269 .9993504 - .  016283 .9987115 ,032295 

500 .9999800 -.000716 .9999100 -.003223 .9996701 -.011813 .9993503 - .  023261 .9987113 ,046135 

650 .9999800 -.000931 .9999100 -.004189 .9996701 -.015357 .9993503 030240 .9987111 .059976 

800 .9999800 -.001146 .9999100 •.005156 .9996701 -.018901 .9993502 - .  037218 .9987108 .073816 

950 .9999800 -.001361 .9999100 -.006123 .9996700 -.022445 .9993501 - .  044196 .9987105 .087657 

1100 .9999800 -.001576 .9999100 -.007090 .9996700 -.025989 .9993500 .051175 .9987101 -.101497 

1250 .9999800 -.001790 .9999100 -.008056 .9996700 -.029533 .9993499 058153 .9987096 -.115338 



Table 5. Closed-Loop Response—Low Noise Operational Amplifier—Gains 1/128 to 1. 

AMPLITUDE DIMENSIONLESS (EO/EI) PHASE IN DEGREES 

F(Hz) ACL = 1.0000E+00 ACL = 1.2400E-01 ACL - 6.2500E-02 ACL = 3.1250E-02 ACL = 1.5625E-02 

MAGNITUDE PHASE MAGNITUDE PHASE MAGNITUDE PHASE MAGNITUDE PHASE MAGNITUDE PHASE 

0 .9999967 0.000000 .9999981 0.000000 .9999982 0. .000000 .9999983 0. .000000 .9999983 0. .000000 

200 .9999967 -.004244 .9999981 -.002387 .9999982 .002255 .9999983 .002188 .9999983 .002155 

350 .9999967 -.007427 .9999981 -.004178 .9999982 .003946 .9999983 .003830 .9999983 .003772 

500 .9999966 -.010610 .9999981 -.005968 .9999982 .005637 .9999983 .005471 .9999983 .005388 

650 .9999966 -.013793 .9999981 -.007759 .9999982 .007328 .9999983 ,007112 .9999983 .007004 

800 .9999966 -.016976 .9999981 -.009549 .9999982 .009019 .9999983 .008754 .9999983 .008621 

950 . 9999986 -.020160 .9999981 -.011340 .9999982 .010710 .9999983 ,010395 .9999983 ,010237 

1100 .9999966 -.023343 .9999981 -.013130 .9999982 ,012401 .9999983 -. ,012036 .9999983 .011654 

1250 .9999966 -.026526 .9999981 -.014921 .9999982 .013092 .9999983 ,013677 .9999983 .013470 
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The first two requirements above are easily satisfied by examin

ing the input signal at least ten microseconds prior to sampling time. 

The third requirement requires predicting the input. The original con

cept for the twenty-two bit analog-to-digital converter envisioned 

using a linear predictor of the form: 

X(t + x )  =  X(t) + K t  ( 4 . 3 1 )  
dt 

This predictor was discovered to lead to autoranging amplifier 

gain selection errors. Such errors are unacceptable as they can cause 

a gain selection that exceeds the range of the analog-to-digital 

converter. To eliminate this problem a non-linear predictor was used. 

The predictor is based on the truncated Taylor series expansion: 

N n . . n 
X(t + t) = I d *(t) • rr (4.32) 

n=0 dtn n" 

< 

The above series converges quite quickly for the prediction 

problem in the twenty-two bit converter system. For example, a frequency 

component of 1250Hz in the maximum region of change results in a third 

derivative term. 

3 

F(s) = ̂ 7— cos 031 83 3.25x10 ^ (4.33) 
6 

The decision to be made in making a proper gain selection is on 

the order of one part in one-thousand. Therefore, a predictor based 

on a Taylor series truncated at the second derivative was selected. 



173 

To maintain the same relative signal levels to the analog-to-digital 

converter as the system in Figure 44, an additional gain of 12.8 is 

required. As shown in Figure 46, this gain is subsequent to the binary 

amplifier chain so that all signals experience this amplifier's gain 

and phase characteristic. The advantage of the scheme in Figure 46 in 

terms of differential amplitude and phase response for the autoranging 

amplifiers is shown in Tables 5 and 6. These tables consider responses 

for the same amplifiers as those in Tables 3 and 4. 

The solution in Figure 46 requires an additional function beyond 

that of the system in Figure 44. The problem results from the fact that 

after a selection of an autoranging amplifier the amplifier with a 

gain of 12.8 must settle to less than one bit in the analog-to-digital 

converter. For the amplifier actually employed, this settling time for 

the amplifier actually used is 10 microseconds. To assure that the output 

of the 12.8 gain amplifier is correct at the sampling time, the following 

conditions must be met. 

•The correct autoranging amplifier must be chosen 10 microseconds 

prior to sampling time. 

•The signal at amplifier selection time must be such as not to 

saturate the x 12.8 amplifier in Figure 46. 

•The output of the settled x 12.8 amplifier at sample time 

must be within the range of the analog-to-digital converter. 



Table 6. Closed-Loop Response—High Performance Operational Amplifier—Gains 1/128 to 1. 

AMPLITUDE DIMENSIONLESS (EO/El) 

F(Hz) ACL = 1.0000E+00 

MAGNITUDE PHASE 

.9999900 0.000000 

.9999900 -.000382 

.9999900 -.000668 

0 

200 

350 

500 

650 

800 

950 

1100 

1250 

.9999900 -.000955 

.9999900 -.001241 

.9999900 -.001528 

.9999900 -.001814 

.9999900 -.002101 

.9999900 -.002387 

PHASE IN 

ACL = 1. 

MAGNITUDE 

.9999944 

.9999944 

.9999944 

.9999944 

.9999944 

.9999944 

.9999944 

.9999944 

.9999944 

DEGREES 

2500E-01 

PHASE 

0.000000 

-.000215 

-.000376 

-.000537 

-.000698 

-.000859 

-.001021 

-.001182 

-.001343 

ACL = 6. 

MAGNITUDE 

.9999947 

.9999947 

.9999947 

.9999947 

.9999947 

.9999947 

.9999947 

.9999947 

.9999947 

2500E-02 

PHASE 

0.000000 

-.000203 

-.000355 

-.000507 

-.000659 

- .000812 

-.000964 

- .001116 

- .001268 

ACL = 3. 

MAGNITUDE 

.9999948 

.9999948 

.9999948 

.9999948 

.9999948 

.9999948 

.9999948 

.9999948 

.9999948 

1250E-02 

PHASE 

0.000000 

-.000197 

-.000345 

-.000492 

-.000640 

-.000788 

-.000936 

-.001083 

-.001231 

ACL = 1.5625E-02 

MAGNITUDE PHASE 

.9999949 0.000000 

.9999949 

.9999949 

.9999949 

-.000194 

-.000339 

-.000485 

.9999949 -.000630 

.9999949 -.000776 

.9999949 -.000921 

.9999949 -.0001067 

.9999949 -.001212 
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The predictor is shown in Figure 47. As shown, it implements 

the Taylor series through the second derivative. The output of the 

predictor is fed to a comparator bank and an associated priority digital 

network to select the proper gain for the system. Operation of the 

autoranging prediction is monitored by an overrange indication from 

the analog-to-digital converter. With the present predictor design, 

no overrange alarms are detected. 
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CHAPTER 5 

PERFORMANCE, CONCLUSIONS AND SUGGESTIONS 
FOR FUTURE WORK 

This chapter summarizes results of the work described in the 

previous chapters. In addition, suggestions for improvements to the 

Kitt Peak Solar 1-Meter Path Difference Fourier Transform Spectrometer 

and for alternate approaches for future developments are included. 

Technical performance of the major subsystems is reported in 

the first part of this chapter. This part compares performance achieved 

with design goals. Performance is reported for the Laser Zeeman 

Frequency Stabilization, Command, Control, and Signal Processing sub

systems . 

Design goals represent a significant objective. However, the 

true measure of success is instrument performance measured by the 

ability to perform as a scientific research tool. Performance in this 

sense is not solely the result of the effort reported herein. The 

Kitt Peak Solar 1-Meter Path Difference Fourier Transform Spectrometer 

is the product of many efforts from several disciplines. The total 

degree of success achieved is due primarily to the vision of the Project 

Scientist, Dr. J. Brault, of the Kitt Peak National Observatory. 

Performance of the Kitt Peak 1-Meter FTS as a scientific 

instrument is discussed in the second part of this chapter. The dis

cussion includes current use of the instrument by the astronomical and 

178 



179 

general scientific community as well as a sample of results obtained 

using the instrument. 

The results summarized in the first two parts of this chapter 

demonstrate that the Kitt Peak 1-Meter FTS is a highly successful 

instrument. As should be the case, experience gained in the development 

of this unique instrument has resulted in the ability to suggest 

improvements to the existing system as well as the ability to propose 

improved approaches to the development of future instruments of this 

type. The last part of Chapter 5 includes alternate approaches to 

instrument development as well as specific proposed clianges to the current 

instrument. 

The following sections mention a "best operating condition." 

The instrument is carefully isolated from building vibrations and the 

interferometer optical path is normally at vacuum. In spite of these 

precautions, the instrument is sensitive to external disturbances. "Best 

operating conditions" imply minimal external disturbance. Such con

ditions usually occur at nighttime when there is negligible wind. 

Daytime operations, which include the effects of vehicular traffic 

in the vicinity of the Solar Telescope, are described as "typical 

operating conditions". 

Performance of Major Subsystems 

This section reports performance of the major subsystems of 

the Kitt Peak Solar 1-Meter Fourier Transform Spectrometer in terms of 

the design goals for these subsystems. 
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An important measure of subsystem performance is the quality of 

phase-lock control systems. The Laser Zeeman Stabilization, the 

Command, and the Control subsystems are all basically phase-lock devices. 

Performance of phase lock systems is measured by the basic technique 

illustrated in Figure 48. As shown in this figure, the rms error as 

measured by the subsystem phase detector is used as a performance 

measure. The measurement scheme includes filtering prior to conversion 

to an rms error. The filtering accomplishes two objectives. First, it 

rejects dc offset inputs which are not significant in measuring system 

performance. Second, the upper frequency input to the rms converter 

is limited to frequencies of significance to system performance. For 

example, frequencies well above the response capability of a physical 

system are not included in the error measurement. 

Measurements other than phase-lock errors are described in the 

following sections as appropriate. 

Major subsystems are discussed below in the following order: 

Laser Zeeman Frequency Stabilization, Command, Control, and Signal 

Processing. The order of Command followed by Control is different from 

that of Chapter 3. The order in this section was chosen since results of 

the Zeeman stabilization and the Command subsystems are needed to 

evaluate the performance of the Control subsystem. 

Laser Zeeman Frequency Stabilization Subsystem Performance 

Important measures of this subsystem are the ability to reliably 

achieve a phase-lock and the precision of the phase-lock. In regard 
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to the first criterion, the subsystem does achieve a phase lock 

reliably. 

Phase-lock precision was measured by the technique shown in 

-3 
Figure 48. An rms error of approximately 0.85 x 10 X at the laser 

optical frequency was measured. 

-3 
An rms error of 0.85 x 10 X is within the total design 

specification. It does, however, represent a major portion of the total 

design goal. In addition, the characteristics of the error are such 

that the laser Zeeman frequency error limits overall system path control 

performance. The error includes broad band uncorrelated noise, most 

probably arising from electronic devices. It also includes a poorly 

correlated high frequency component at approximately 2500 Hertz and 

responses to fairly low rate random impulse type error inputs. The 

broad band noise is quite small. The path position servos ignore the 

2500 Hertz error. The fact that the path position servos ignore this 

error follows from their low closed loop bandwidth as was developed in 

Chapter 3. In Figure 12 it is shown that the system path position command 

signals and the system sampling commands are derived directly from the 

reference crystal oscillator, not from the detected Zeeman frequency. 

As a result, the 2500 Hertz error in the stabilized Zeeman frequency does 

not affect either of these functions. The path control phase detectors 

do detect the 2500 Hertz component but as explained, the loops do not 

respond to it. Since no system elements respond to this error and 

since it does not represent a real error in the sense of the path 

difference function, this error does not alter system performance. 
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Response to the impulse type inputs represents a major source of 

overall system error. These errors are in effect filtered by the control 

system and represent the major observable component limiting system 

performance. 

Possible improvements in the Zeeman frequency stabilization are 

described in the final part of this chapter. 

Command Subsystem Performance 

The Command subsystem meets all goals summarized as a part of 

the discussion of the Command Unit in Chapter 3. It functions as an 

interface between the system, the operator and the computer. It commands 

the path position and issues synchronized sampling commands so that very 

long observations requiring repeated co-added interferograms are routinely 

utilized. Acceleration, deceleration and path difference velocity goals 

summarized in Chapter 3 were met. 

Phase lock precision of the command phase-lock loop was measured 

-3 
by the technique shown in Figure 48. An rms error of less than 0.3 x 10 

A at the laser optical frequency was measured. The command subsystem is 

not a significant source of error. 

The microprocessor implementation of the Command system has proven 

quite successful. The basic system display and its system status mes

sages are easily visible and readily interpreted. Two functions built 

into the Command unit have proven especially useful. The ability to 

program EPROMs on-site has been used extensively to make minor modifi

cations to the system program as errors have become apparent, or as 

experience has shown the advisability of modifying system responses 
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J and error messages. The "monitor" mode for the microprocessor has also 

t 
shown itself to be a very useful tool, particularly in evaluation of 

system malfunctions. As was described in Chapter 4, the microprocessor 

implementation provides a "monitor" operating mode that can be selected 

by a front panel switch. Figure 49 shows a typical video display pro

vided when the Command unit is in this mode. Note that it provides 

address and data information at the current program position and the 

same data for the two preceding and following program addresses. In 

addition the display shows current entries in the microprocessor stack, 

the current location of the stack pointer and the current state of the 

microprocessor status register. In the monitor mode it is possible to 

run system programs at normal clock rates or to single step through each 

instruction. This latter ability has proven to be so useful that the 

system was modified to allow entry into the monitor mode at single step 

directly from the normal operating mode. This ability has considerably 

enhanced the ability to diagnose system malfunctions and in particular 

to diagnose problems between the system control computer and the Command 

unit. 

Control Subsystem Performance 

Design goals for the Control subsystem as given in Chapter 3 

were met under best operating conditions (Brault, 1978). Under typical 

-3 
operating conditions, the system design goal of 1 x 10 X is slightly 

exceeded. The system rms path position error is continuously monitored 

-3 
using the technique in Figure 49. Typically, this error is 1.2 x 10 X. 

_3 
Under best operating conditions it approaches 1 x 10 X. As discussed 
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Figure 49. Mo~itor Mode Video Display. 
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in the summary of the Zeeman frequency stabilization subsystem performance 

a major portion of this overall error is contributed by the Zeeman fre

quency stabilization. 

The error contribution of the control subsystem is not measured 

directly. The measurement which is made compared the commanded path 

phase with the output of the path difference interferometer. This 

measurement combines the effects of all subsystem contributed errors. 

The control subsystem contribution is estimating by assuming independence 

-3 
of the sources and is estimated using the values of 0.85 x 10 and 0.3 x 

-3 
10 for the other two subsystems as follows. 

E„ 1 , v = {1.22 - 0.22 - 0.852} x 10~3 A 
Control (rms) ^ ̂ 

= 0.79 x 10 rms 

Some remarks regarding realizing the above level of error per

formance are in order. It was achieved with considerable difficulty, the 

primary problem resulting from mechanical vibrations excited by the 

relatively large forces required to achieve motion changes in the path 

position castings. As described in Chapter 3 each of the two castings 

weighs approximately two-hundred pounds. The control subsystem is 

capable of generating up to five pounds of force to control these cast

ings. In linear motion only a small fraction of this force is applied. 

However, the reaction forces are sufficient to excite unexpected 

vibration modes. The general technique for removing these effects was 

to damp the response of the offending structural elements. While the 
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procedure was time consuming, a good level of success was achieved in 

effecting suppression of these undesired vibration modes. 

A very important measure of system performance is the relative 

ghost response seen in the output spectra. Mechanisms for ghost 

generation were discussed at length in Chapters 2 and 3. Ghost respones 

was evaluated by supplying a narrow-band optical input to the inter

ferometer, taking an interferogram, obtaining the resultant spectrum 

and observing the resulting ghosts which appear as sidebands about the 

input spectrum. These tests show a relative ghost response of less 

-4 -3 
than 5 x 10 which exceeds the design goal of 10 

An unexpected favorable system result was obtained through use 

of push-pull motion of the two retroreflector castings and the sum and 

difference control loops. The result is apparently achieved by the 

large gain differences in the two loops. As reported in Chapter 3, the 

difference loop gain is approximately twenty times that of the sum 

loop. The unanticipated result is that some disturbances are eliminated 

from the difference loop and forced into the sum loop where they do not 

degrade instrument performance. The effect is large enough that differ

ence servo loop performance measured with one casting physically locked 

is poorer than with both castings free and operating in the sum/difference 

mode. In these tests, performance was measured in terms of rms error 

as in Figure 48. With one casting locked, the system was operated in the 

difference mode only. 

Two features of the nir phase detector design discussed in 

Chapter 3 have proven very valuable in establishing and maintaining near 
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optimum performance of the path control loops. The first feature is the 

ability to insert a sinusoidal "dither" into the loop, allowing simple 

closed loop bandwidth measurement. The second useful ability is the 

pulse train single pulse delete feature. This capability allows insertion 

of single fringe step function commands under computer control. The 

feature is used extensively to evaluate and to optimize transient response 

to small errors. 

Signal Processing Subsystem Performance 

Signal processing goals were met with the exception that total 

processing system noise is larger than desired. The design criteria 

given in Chapter 4 was that the rms noise be approximately equal to one 

least significant bit at the A/D converter. This criteria is to assure 

statistical averaging at low signal levels which occur away from the 

central fringe of a typical interferogram. The actual noise is approxi

mately 2.5 least significant bits rms at the A/D converter. The noise 

level results from the large number of active devices used in the band

pass data filter and from the broad band noise presented to the A/D 

converter by the broad band amplification required to achieve matched 

gain and phase response in the autoranging scheme. 

The tradeoff of increased noise to achieve required gain and 

phase match in the autoranging scheme is a good one since for a given 

input signal-to-noise can be improved by increasing observing time. As 

developed in Chapter 2, amplitude and phase nonlinearities in the A/D 

autoranging system produce erroneous spectra which cannot be corrected. 
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At the present time the design goal of 22 bit dynamic range in 

the system is not being met. As a result of gain levels in preamplifiers 

aiid the autoranging system, one bit is not utilized in the total 22 

bit range. The problem is not serious and correction has been deferred 

until the major changes described in the final part of this chapter 

are implemented. 

Amplitude and phase characteristics of the bandpass data filter 

and the sum channel data filter are very close to the theoretical values 

given in Chapter 4. These filters were optimized by optimizing the 

response of the individual quadratic sections making up the filters 

(McCurnin, 1981). The filter sections match the design Q and cutoff 

frequencies to better than 0.1 percent (McCurnin, 1980). 

Conclusions 

As summarized in preceding paragraphs of this chapter, essential 

performance goals of the command, control and signal processing functions 

for the Kitt Peak Solar 1-Meter Fourier Transform Spectrometer were 

met. In addition, implementation of the total system was such that a 

highly successful instrument resulted. 

Performance of the overall spectrometer was summarized (Brault, 

1978) as follows: 

Maximum path difference 1 meter 

Minimum resolution element .005 cm ^ 

Maximum resolving power 3,000,000 

O 
Spectral range 3800 A - 9.5 microns 
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Detectors Si PIN diodes; InSb; PbSnTe 

Beam splitters fused silica; CaF^ 

Tank pressure 0.1 to 600 Torr 

Troughput 1 cm diam. @ f/50 for R = 600,000 

Beam splitter efficiency 50 - 80% 

Modulation efficiency 70 - 98% 

Position accuracy 1 millifringe RMS 0 6328 A 

Wave number accuracy ^ .001 cm ^ 

Maximum slew rate 20,000 fringes/sec. @ 6328 A 

Sample rate 2500 Hz 

Dynamic range of A/D 21 bits (2 x 106) 

Baseline offset < 0.1% of continuum 

Continuum S/N up to 10000:1 

Significant changes since the above summary was compiled include 

the addition of KB^ and KC^ beamsplitters. The maximum system slew rate 

O 
has also been increased to 35,000 fringes per second at 6328 A. 

A measure of the flexibility of the instrument is seen in its 

utilization. During the first six months of 1981, for example, it is 

scheduled to acquire data for 19 scientific observations. Of this total 

four involve studies of the sun, one is a stellar application and the 

remaining fourteen are laboratory observations., 

The unique power of the instrument is revealed by the scientific 

results achieved through its use. For example, the number of weak over

tone solar carbon monoxide absorbtion lines observable suitable for 
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analytic treatment was increased from a previous value of 10 to nearly 

200 using the Kitt Peak Solar 1-Meter Fourier Transform Spectrometer 

(Ayers, 1980). The earlier number was obtained using a grating 

spectrometer on the same telescope as was used with the Fourier Trans

form Spectrometer. 

In addition to basic Fourier Transform Spectrometer applications, 

the instrument has been used on a research basis with a two dimensional 

array detector to obtain position resolved spectra. In conjunction with 

a polarimeter, it has been used to simultaneously record linear, circular, 

and intensity spectral components (Testerman, 1981 and Harvey, 1980). 

An example of the data quality obtained with the instrument is 

shown in Figure 50. The observation was made by J. Brault of the Kitt 

Peak National Observatory and is an absorption spectra at 4396.833 

wave numbers obtained by illuminating a 25 centimeter path of ̂ 0 at 

ten Torr pressure. A one-hundred fifty watt illumination source was 

used and the observation was made at approximately full instrument 

4 
resolution. A signal-to-noise ratio of approximately 10 was obtained 

using multiple scans and a total observation time of approximately 

three hours. 

2 
A cos apodization was applied to the end 50,000 points to 

obtain the result in Figure 50. The residual spatial sampling function 

ringing is clearly evident in the figure. 
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Figure 50. N„0 Absorption Spectrum Obtained Using the 
Kitt Peal: 1-Meter FTS. 
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Suggestions for Future Work 

Development of the Kitt Peak 1-Meter FTS required the expenditure 

of considerable effort to suppress low level mechanical vibrations which 

were excited by reactions to forces applied to the retroreflector 

castings. This problem and alternatives to reduce the reaction forces 

are discussed in the first part of this section. This part of this 

section also includes a brief discussion of the impact of the quality of 

the system mechanical bearing on final instrument performance. 

Three areas of possible future work are discussed. As described 

in previous parts of this chapter, the stabilized Zeeman frequency is the 

largest contributor to path difference errors in the current system. As 

a result this area is a natural focus for future work. 

Two improvements planned for future implementation are presented 

in some detail. The first imporvement implements the optimized low-pass 

filter approach developed in Chapter 4. The second implements the "open-

loop corrector" concept. This concept reduces the effect of path 

position errors and in conjunction with the above mentioned filter 

improvement should materially improve system ghost response. The filter 

improvement should also reduce system noise. 

Alternate Approaches 

In the Kitt Peak 1-Meter FTS path difference motion is achieved 

by moving two fairly massive (200 pounds each) castings. Care was taken 

in system mechanical design to avoid bearing noise and other mechanical 

disturbances. Although the approach achieved considerable success, the 
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relatively large forces required to alter motion of the castings resulted 

in the excitation of a variety of low level vibration modes. Much of 

this effort could have been avoided if considerably smaller forces 

were used to reduce small path difference errors. Such could be the 

case if a secondary motion transducer existed in the optical path. 

Piezo electric devices and "Michelson" motors have been successfully 

f 
used in similar applications (Marquedant, 1978). A Michelson motor is 

a small position transducer similar to a loudspeaker in which displace

ment is proportional to an input current. With either of these two 

devices, small changes in the path position can be achieved with rela

tively small forces. 

The additional of a piezo electric position transducer or a 

Michelson motor to the path position drive system can also increase the 

control system closed-loop bandwidth to values well above those reported 

herein (Marquadant, 1978). Even with large loop bandwidths, the basic 

quality of the bearing system used in the path distance motion system is 

critical to the performance achievable. The hydrostatic oil film bear

ing system used in the Kitt Peak 1-Meter FTS is such that neither step or 

nor impulse type disturbances are experienced as a result of motion. This 

characteristic is critical to achieving the performance reported with a 

low closed loop bandwidth control system. As discussed below, experience 

has shown that the bearing characteristic is critical to final performance 

for systems with much higher closed-loop bandwidth control systems. 

A second 1-meter path difference FTS system has been constructed 

at Kitt Peak Observatory for use at the Four Meter Telescope. This second 
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instrument features a mechanical bearing surface. The implementation 

includes a Michelson type actuator and achieves a closed loop control 

bandwidth of approximately two hundred Hertz. Even with this increased 

bandwidth in the control loop, disturbances introduced by the bearings 

result in errors proportional to path velocity. For a typical scan this 

system has errors at least five times those of the system reported on 

herein. Similar results were reported by Marquadant (1978) for a system 

with poorer quality bearings but with both a Michelson motor and a piezo 

electric transducer so that the closed loop bandwidth is approximately 

five kilo-Hertz. 

To summarize, two important lessons applicable to future develop

ments are (1) it is highly desirable to minimize the forces required to 

control the path difference and (2) effort in the design of the basic 

path difference motion bearings will pay off in the final quality 

achievable in the instrument regardless of the servo technique employed. 

Zeeman Frequency Stabilization 

A significant portion of the disturbances effecting the path 

position control loops is generated by disturbances in the stabilized 

Zeeman frequency. In addition to the quantitative data presented earlier, 

a significant correlation can be observed between errors in the Zeeman 

frequency stabilization loop and those in the path control loops. The 

errors of concern appear to approximate step phase and frequency inputs 

to the Zeeman stabilization loop. 

Two approaches to improvement of the situation are feasible. 

Unfortunately both approaches appear to be quite expensive and beyond 
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the range of the work accomplished to date. The first approach involves 

greatly increasing the bandwidth of the Zeeman frequency control system. 

To accomplish this, it is necessary that the laser Zeeman frequency 

generation scheme be redesigned. The redesign would lower the frequency 

dependent loss shown in Figure 16. Such a change in the laser design 

would accomplish two needed alterations to the control problem. First, 

the loop gain bandwidth could be improved resulting in faster response 

to the currently observed disturbances. Second, the improved bandwidth 

could be achieved with lower power induced into the system than is 

currently the case. This latter effect should reduce undesirable 

secondary effects. As described in previous chpaters, a commercially 

produced laser is used. As a result implementation of the above scheme 

either requires design of a new Zeeman laser or a major modification by 

the manufacturer. 

A possible alternate approach to achieving an increase in the 

Zeeman frequency stabilization loop should be mentioned. The output of 

the laser could be optically split so that two outputs are derived, each 

consisting of one of the two optical frequencies whose difference is the 

Zeeman frequency. These two outputs could then be passed through equal 

path lengths and then recombined. If one of the paths is constructed so 

that a piezo electric device could be used to alter the path length, the 

piezo electric device could be used as part of the overall Zeeman 

frequency control mechanism. The result should be an extension of the 

closed-loop control bandwidth to several kilo-Hertz. This approach and 
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its applicability to the Zeeman stabilization problem have been beyond 

the scope of the efforts reported herein. 

The second approach to improve the Zeeman frequency stabilization 

involves reducing the input error disturbances. Measurements made by 

correlating the output of a magnetic probe in the FTS observing room 

with the errors in the Zeeman frequency stabilization loop show that an 

observable correlation exists. As a result, improving the magnetic 

isolation of the laser is suggested as a method for system improvement. 

Again, this area has been only very partially investigated. 

Signal Processing Improvements 

The Kitt Peak 1-Meter FTS signal processing system as it now 

stands has some performance limitations that could be considerably 

improved within the current state-of-the-art. Some of the particular 

problems include: 

•The complex, pre-sample data filters we now utilize involve 

a very large number of active devices in the signal chain. 

The result is a high noise level compared to that achievable 

with simpler filtering. 

•Even with the large number of poles and compensating elements, 

phase response of the current filters is not linear. 

•The present high input gain 22 bit converter is noiser than 

desirable. The noise arises in part from the ±100 volt 

amplifier and associated gain and in part from the fact that 
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broad band device noise is sampled with inherent aliasing 

into the data bandpass. 

•The prediction scheme currently used to set the autorange in the 

analog-to-digital conversion system does not always make the 

optimum choice. To assure that a saturated channel is never 

chosen, the prediction is conservative, thereby increasing 

quantizing noise beyond that resulting from an optimum auto

range choice. 

•The present scheme of data filtering, while effective within 

limits outlined above is inflexible, requiring construction of 

additional filters (generally with poor phase characteristics) 

to accomplish any change in the basic system structure. 

The scheme outlined in the following paragraphs improves all of 

the above problem areas. It also relieves the system computer of many 

of the data acquisition chores and achieves a higher degree of flexibility 

than provided by the current signal processing scheme. 

The proposed new signal processing scheme is shown in Figure 51. 

As shown, the filter is a five-pole phase-corrected Butterworth design 

whose characteristics were given in Figure 33. The filter includes a 

high pass section whose effect was given in Figure 35. As shown, the 

real pole in the five-pole Butterworth function is realized in a set of 

gain amplifiers. The position of the pole from each of these amplifiers 

is trimmed to better than 0.05% per Figure 36. The outputs of the gain 

amplifiers are coupled to a'set of track/hold circuits. 
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These circuits are characterized as track/hold rather than 

sample/hold to recognize the fact that the problem does not require high

speed acquisition (a parameter driving the design of commercial sample-

hold devices), but rather precise tracking. The preceding observation 

arises from the fact that the hold time required for 15 bit (or possibly 

16 bit) conversion is small in comparison to the time the system is 

tracking. Design optimization would concentrate on the amplitude/delay 

match in all channels in the data frequency range. 

It should be noted that in both the track and hold mode, these 

devices are basically low-pass systems. Therefore, it should be 

possible to limit noise bandwidth from these devices. 

Sampled outputs from the track/hold circuits are processed by a 

block in Figure 51 labeled "Compare/Select/Multiplex". This block tests 

outputs from the track/hold circuits and selects the highest gain circuit 

whose output is in range for the A/D converter. This scheme will result 

in optimizing the channel gain selection and achieving reduced quant

izing noise relative to the current implementation. This block also 

multiplexes the selected track/hold output to the A/D converter. 

The ten kHz bandpass of the proposed system requires a sample 

rate of twenty kHz. Data at this rate for a full resolution interferogram 

places a severe burden on the support computer and the data storage and 

processing system. As shown in previous portions of this document, it is 

not necessary to process the total ten kHz bandwidth. As was developed 

in Chapter 4, the purpose of the ten kHz bandwidith filter is to 

optimize the ghost performance in the lower part of the passband. As 
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discussed in Chapter 2, digital filtering after the sampling operation 

is a linear operation and does not generate ghosts as the pre-sampling 

filter does. The obvious technique to reduce the volume of data going 

to the data computer is to employ a digital filter. J. H. Yeh (in prep) 

has shown that quite good low pass digital filters for continuous motion 

FTS systems can be implemented with non-recursive designs with as few 

as twenty-one taps in the implementation design. Bandpass designs 

capable of implementing alias filters in the current system appear to be 

more effectively implemented using recursive designs. This conclusion 

is based on previous work at Kitt Peak National Observatory with re

cursive designs for continuous motion FTS systems and on preliminary 

results by Yeh (in prep). 

Open-Loop Corrector 

The Kitt Peak 1-Meter FTS uses equal time sampling as opposed 

to equal path distance sampling. As discussed in Chapter 2 equal path 

distance sampling has advantages in regard to ghost production. Equal 

path difference sampling is usually implemented by causing samples to 

be triggered by zero axis crossings of a laser interferometer (Marquadant, 

1978). Such a system results in sampling rates being functions of path 

difference velocity and detracts from the flexibility needed in a general 

purpose instrument. It is not proposed to abandon equal time sampling 

for a more restrictive laser fringe crossing system. It is proposed to 

modify the equal time approach to more closely approximate the 

characteristics of equal path difference sampling particularly as regards 
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low frequency path position errors. The concept is developed in some 

detail below and was originally suggested by J. Brault of the Kitt Peak 

National Observatory. The concept takes advantage of the facts that the 

path distance control servo has low bandwidth and that the spectrum of 

input disturbances is also confined to low frequencies. 

The mr phase detector used in the FTS difference control loop has 

a linear characteristic for small errors. Measuring distance in terms 

of the laser optical wavelength or in fringes, the output of the phase 

detector is given by: 

In Eq. 5.2 Ad is expressed in fringe units and K is expressed in 

volts/fringe. 

The commanded velocity in fringes per second is as developed in 

Chapter 3. 

implies that the path difference function will equal the currently 

commanded position at an incremental time given by: 

E, = KAd 
d 

(5.2) 

V = f /M 
z 

(5.3) 

where f is the laser Zeeman frequency in Hertz. 

At constant velocity, an error, E^, from the phase detector 

At (5.4) 
Kf 
z 



203 

Eq. 5.4 is a direct consequence of Eq. 5.2 and Eq. 5.3 if it is 

assumed the velocity given in Eq. 5.3 is constant. Two arguments 

justify this assumption to at least first order. First, relative 

velocity errors for the system are less than one percent peak-to-peak. 

Second, the path difference control servo bandwidth is only twenty Hertz. 

Therefore, the true velocity must be a slowly varying function of time. 

The "open loop corrector" implementation scheme takes advantage 

of the fact that Eq. 2.29 requires a position referenced sample to be 

delayed by the alias rejection filter mean delay. If the data alias 

rejection data filter mean delay is T, an equal time sample at time t 

should actually be taken at tSane t 1 given by: 

E.(t.)M 
t.' = t. + x + d 1 (5.5) 
11 Kf 

z 

In Eq. 5.5 E^(t^) carries its own signs to indicate an advance 

or a delay in the nominal sampling time. 

A basic scheme for implementing Eq. 5.5 is shown in Figure 52. 

Scaling of parameters in Figure 52 is developed as follows. 

Let M be the value of the system parameter, M, corresponding 
max 

to the slowest path difference velocity for which corrections are to be 

made. Also let d , expressed in laser fringe units, be the largest 
max 

distance error to be corrected. Then: 

E, = K'Ad (5.6) 
d max max 

and 
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At = (Ad -M )/f (5.7) 
max max max z 

The multiplying digital-to-analog converter in Figure 52 must 

be controlled by a minimum number of bits, N, so that: 

2N > M (5.8) 
max 

Let M , be the largest integer such that: 
scale 

M1 = M-M . (5.9) 
load scale 

Then the multiplying digital-to-analog converter (MDAC) is loaded 

for a system velocity parameter M equal to or less than M by the 

value: 

"led * "'"scale <5-10> 

If, for example, a fourteen bit MDAC is used with an M of 
' r max 

five thousand, then M ' is three. The scale parameter K in Figure 
SCE16 S 

52 should be set so that the output of the MDAC with M at M and Ad 
max 

at Ad is plus ten volts. 
max 

Parameters for the ramp generator are as follows. The ramp 

begins at.an output of minus ten volts and increases linearly to plus 

eleven volts. A final value of greater than plus ten volts assures that 

the comparator in Figure 52 will have an output for any input to the 

comparator. 

The primary purpose of the open-loop corrector is to improve 

rejection of low frequency errors such as those from the oil bearing 
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pump motor or the low frequency response of the mechanical system to an 

external Impulse distrubance. To accomplish this task, the low-pass 

filter in Figure 52 should reject high-frequency inputs and have minimal 

phase shift for the low frequency errors the system is to correct. 

Certainly, the filter must reject the Zeeman frequency high frequency 

noise spectrum above one thousands Hertz, since this does not represent 

real path position errors. Based on the observed error spectrum and the 

above considerations a second order Butterworth low-pass filter with 

cutoff frequency at fifty Hertz appears a good choice for the Filter 

in Figure 52. 

The open loop correction system shown in Figure 52 will work only 

for cases in which the sample period is greater than the data filter 

mean delay. Unfortunately, this is not the case for phase equalized 

low-pass filters with desirable ghost generation characteristics. For 

example, the filter recommended in the preceding section is considered 

in Figure 35. Desirable sample delays for this filter are approximately 

one-hundred and six microseconds. The Nyquist criteria requires a 

twenty kHz sampling rate or a sampling period of fifty microseconds for 

this filter. As a result, Figure 52 needs to be modified to accommodate 

this case. Figure 53 shows such a modification and uses the following 

notation; 

t̂  = mean delay of alias rejection fil:rr in seconds 

T = 1/f 
c c 

f£ = alias rejection filter cutoff frequency in Hertz 
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A practical consideration in implementing delays in Figures 5? 

and 53 regards achieving accurate and stable delays. Delays on the 

order of one-hundred microseconds are required. As was shown in Figure 

33 ghost suppression is sensitive to variations in sampling delay of 

about ten nano-seconds. Conventional L-C delay lines of one-hundred 

microseconds are subject to temperature and rise-time effects that make 

achieving ten nano-second accuracy and stability extremely difficult 

(Allen Avionics, 1980) (Pulse Engineering, Inc., 1979). 

The method by which the FTS Command Unit generates sample pulses 

provides an effective method for avoiding the above difficulty. As 

was discussed in Chapter 3, the leading edge of a sample pulse from the 

Command Unit is always generated by the leading edge of a system re

ference frequency pulse (fz)« Delay of any length with resolution of 

1/f can therefore be generated by counting f pulses. For the system 
z z 

described herein, f is 1.55 x 10 Hertz. Therefore a resolution of 
z 

approximately six hundred forty-five nano-seconds can be achieved by 

the counter technique. Finer delay resolution can be implemented by 

delaying the counter output with a conventional delay line whose delay 

will be less than six hundred forty-five nano-seconds. 

Summary 

The theoretical basis for Fourier Transform Spectrometers was 

summarized in Chapter 2. Chapter 2 also presented theoretical bases 

for the major contributions reported on in this dissertaiton; the 

application of phase-lock techniques to control continuous motion Fourier 

Transform Spectrometers and development of optimization procedures to 
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improve spectral ghost response of data filters for continuous motion 

Fourier Transform Spectrometers. 

Implementation of the Kitt Peak 1-Meter FTS was described in 

detail in Chapters 3 and 4. Additional contributions including the rnr 

phase-lock loop were also discussed in these chapters. 

As is evident from the results reported in Chapter 5, the Kitt 

Peak 1-Meter FTS is a very successful instrument. As should be the 

case with any research and development effort, improved approaches and 

techniques become evident after the fact. Chapter 5 included suggestions 

toward improvement of the current instrument and toward development of 

improved future instruments. It is hoped that the suggestion will 

result in even better performance than that achieved by the effort 

reported on herein. 
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