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ABSTRACT

This dissertation examines three methods of recovering signals cheaply trom one class of
highly sensitive-Optical Fiber Interferometric Sensors (OFIS). This class of sensors consists of
a laser light source; a 2X2 optical fiber couplerto split the beam in two; a ditferential transducer
which converts a signal of intcrest into optical phase shift in the-aser light transmitted through
the two optical fibers-in the interferometer; and a 33 optical fiber coupler-which-recombines-
the two beams, producing interlerence which can be detected clectronically. The threc outputs:
can be operated on syfnmclrically or asy;nr_nelrically—to recover the signal of interest. The use
of the 3x3 coupler permits Passive ‘Homodyne Demodulation-ol the phase-modulated signals
provided by the interferometer without feedback control or modulation of the laser itself and
without/requiring the use of clectronics within-the interferometer. One of the three methods
discussed in this dissertation performs symmetric demodulation with analog clectronics. Another
uses analog-to-digital conversion of the signals-and performs asymmetric demodulation in digital
hardware. The third method discussed uses asymmetric fringe-rate demodulation. The three
methods are characterized by -their harmonic distortion, minimum detectable signal. bandwidth,

dynamic range, noise, complexity, and approximate cost.
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TABLE OF SYMBOLS

In this dissertation: we use units from the Systéme International d’Unités, or SI.
For a good description- of this system, see Appendix B:in Hayt [Rel. 1, pp. 501-
506]: A table of prefixes- to units in this system is given at the end of the table of
symbols. Generally we usc italics to -denote scalar variables, bold to -denote vector
variables, and ordinary type to-denote units. For cxample, x is a scalar variable. x is a

vector variable;.and s is-the abbreviation for “second”.

7 7Symbol 7 o ‘ Definition

-The amplitude ol the signal-of intcrest when it is a simple sinusoid

1 ol the form:
A sin(w?).

Tts_units vary with the context: it may bc:measured:in-units of the
signal of interest, or.in radians of phase shift created-in-the optical -
fiber-interlcrometric sensor when the-signal ol interest impinges

on the sensor. For-example, in an acoustic sensor.it could be

| mcasured'in pascals (Pa). After demodulation of a phase-modu-

“lated signal, A-could be-measured in volts.

iiThc,mégnelic t]ux:idrcnsily. Ii xs mcaéurcd invj Lcsia (i‘)br, céui\é-
1 lently, webers per square meter (W / m?). In-fundamental SI

units, one tesla is the ratio-of -kilograms to the product of cou-

_lombs and seconds, or 1 T = 1 kg / (Cs).




-Definition

The sbced—of; light, which-was redefined in-1983 to have:th;: value i
2.99792458x10* meters per second (m-/ s).

’(:)ne coﬁlomb, the:fundamental-unit 61’ charée in SI unfts. . |

-interterometric sensor fluctuates. Its units vary with the context:

;I:hc central valuc éround.which the*o,ulpﬁtbf thc:opticél ﬁbéf

it may be-measured-in watts of-optical power, or. after the light
strikes -a photodiode, in.amperes of current, or, alter passage of

that current-through a transimpedance amplifier, in volts.

The electric tlux density, measured in units of coulombs per square - »

1 meter.

junits ol D described above.

The amplitude of the output of the optical fiber interferometric

sensor. Its units vary with the context in-the same manner as the

1 The electric field in,tensit_y, measured in units-ol volts per coulomb

(V /-C). In-fundamental SI units, this is cquivalent to kilogram

meters per coulomb per second squared-(kg-m / C s°).

| The conventional frequency of the signal ol interest, measured-in.

hertz (Hz).

~amplifier of gain 10 providing the input voltage signal. This is the ||

in volts and-the output in.radians of peak phase shift.

The scale factor of tae Optical Fiber Interferometer with a power 7

conversion factor between the pecak input to-the power amplifier




| the conversion factor between the peak input in volts and-the

Definition

The scale factor of the Analog Interferometric Simulators. This is |

output-in radians of pcak phase shift.

| The scale factor of the Symmetric Analog Demodulator. This-is
| the conversion factor between the-input in radians of phase shift

|- and the-output in volts.

1 kilograms and cubic-meters divided by the product of seconds

1 squared and coulombs squared [(kg m®) / (s* C?)].

~One farad. the SI unit of capacitance. One farad is cqual to one

-volt per-coulomb (V / C), or, in fundamental units, the product of

| One henry. the SI unit of inductance. One henry is-equal to onc

‘weber per ampere (Wb / A), or, in fundamental units, the product
of kilograms and -meters squared divided by coulombs squared
[(kg m*) / C*]

The magnetic field intensity measured in-units of amperes._per

meter (A / m).

| One hertz, the SI-unit-of frequency. One-hertz is defined to be

one cycle per second (s™'). Since. one cycle comprises 27 rad.

I Hz = 27 radfs.
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Symbol Definition
1 The,irﬁa’ginary riiumberg—-ﬁsuallyr— called { by;ﬁ]athefnaticiansgand
| physicists. It is-called j by electrical engineers in.order to.avoid
: “contusion with the conventional use of the symbol / for electrical
i current.
j= i
J {Thc currcnt density, measured in ampefc;s per squzxrc meter
1 (A md).
k A Z -Boltzmann’s constant, with a value of 1.38% 10;33 J/K.
@Oncr kclvin, thrc‘:;unit ol:‘lnhcrn}c‘)_dynamiAc_ tcmperaturc 7Unti>l’ the
1 13th General Conference on Weights and Mcasures changed the
K | namen 1967, this was called the degree Kelvin (°K). The degree
' Celsius.mcasurcs the same interval of temperature,-but the Celsius.-
}7’scalc has a ditferent origin: 0°C = 273.16 K. [Ref. 2,
p. F-100]
kg "One —kii()grzlm._ the l'undameﬁtal SI unit of. mass. o “
m 7 One mélér—,the 'l'undarﬁéntal SI uhit of length. i
rad | One radian. There are 2w rad in a (}il;Clé;
{ The rézllv,part of the quahiity w‘h,ich, follows. For)‘c'xamplé;»i“frz—‘is a»
| complex quantity, then
Re
Relz] = Re[x + jy] = x.

~—




Definition

One second, the-fundamental SI unit of time.

One sicmen, the ratio of amperes-to volts (A / V). (Formerly the
siemen was often called a mho-and either-the symbol U or Q™!
was used to.represent it.) ‘In fundamental SI units, one siemen

equals the product.of seconds and coulombs squared divided by

~the-product of kilograms and cubic-meters [(s C*)./ (kg m")].

The time in-seconds (s).

The period-of one oscillation of the signal-of interest. T is mea-

sured. in=units-of seconds (s). It is related to the conventional

| frequency [ by

-

The kth output of the optiéal fiber interferometric sensor. In:an
interferometer using 3x3 optical tiber couplers at the-output; &
can takc on-the values 1, 2, or 3. In such an-interferometer.

%= D+ Eoogt - 617 v

The other symbols in this expression afe defined elsewhere in this

“table.

The -permittivity of a given substance; measured in:farads per

.meter (F/ m). In isotropic materials, it is a scalar-constant. ‘In

anisotropic materials, it.is a tensor. [Ref. 1, p. 149]
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Symbol - Definition

B , - - - _

| The (dviclectric):pérmittivity of free space. Tﬁis'ph;rsiéal cbnstéht

€
’ has the value 8.854x 107" farads per meter(F /:m).

The permeability -of a given-substance, measured in-henrys per
u meter (H / m). In isotropic materials, it is a scalar constant. In

anisotropic materials, it is a tensor. [Rel. 1. p. 315]

The permeability (;(' frec space. This pﬁysical consﬂtant is det’ijncd
Ho 1 to-have the value 47x107 henrys per meter (H / m).

“The ratio between-the circumference of a circle and its diameter.

There are 27 rad=in a circle.

| This symbol represents a signal of interest. It is a function of
-time, and so-can also be written as £(¢). Frequently in this disser-
1 tation we assume ¢ is a_simple sinusoid with amplitude 4 -and-:

natural-trequency.-w, so
§@)- = A sin(wi).

| This assumption simplifies certain mathématical manipulations, but ||
1 in general. il § is-periodic, it -may be represented-as a Fourier

scries consisting of many trequencies. of various -amplitudes.

The (electrical) conductivity,. measured:in units of siemens per

meter (S / m).
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Detinition

“The phase Sﬁit’t in the ouiéut of'fthe—op,_iical’ fiber inte’rt‘er’dﬂ}etric
sensor due to various, miscellaneous causes excluding the cause
7which the sensor was designed to-detect. For example, in an
_acoustic sensor, fluctuations in phase due to changes in tempera-

ture would be-lumped in with ¢. Although written-as a constant..
| @ is not necessarily fixed. If it is not fixed, we-generally write it as
@(1). ‘Olten, however, its frequency of variation is-well below the
frequency range of the signal of-interest. In this case, we call'¢

| "quasi-static™. For example, temperature and.-pressurc usually

vary much more slowly than acoustic-waves and so-the changes in- |

-phase induced-by changes-in temperature or pressure are quasi-

static compared to-changes:in phase induced by-acoustic waves.

“The phase shift in a;;geiner;lv sinuso}d. We use this symbol-rather 7 1

than ¢ only-to avoid.the impression that. some-phase shift under

discussion is necessarily-a-phase shift induced in an-interferometer.

- The natural trequency in units of-radians per second:(s™'): It is

related o the conventional frequency f-in hertz (Hz) by

w = 2nf

| Used as a superscript to-indicate the ‘complex-conjugate of-a

~quantity. For example, if z = x + jy, then z* = x - jy.

Used as a superscript to indicate:that a.quantity is.a-spectral
density. For example, e could symbolize a voltage spectral

| density in volts per root hertz (VA Hz).
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Used-to signity the parallel combination of twg),,impédances. For
“example, the impedance of Z; and Z, taken in_parallel-can be

| computed as

1.1 Zl +Z,

+

’ ‘—Used*’to sighjl’y thié logiéél AND of two lo,giical—ciuantitics. For
-example, the AND of 4 -and B-is written A A B.. The result-of the

operation 4 A B is TRUE it A=B=TRUE and FALSE otherwise. ||

“Used to signify the logical OR:,okf t;;o 'logiéal quantities. 'Fof
fexamplc, the OR of A and B is written-4-V B. The result of the

+-operation A V B is TRUE unless A=B=FALSE, in which case the

1 resuit-is FALSE.

71Usertd:iuz’)\,sjig;iif},' the logical EXCLUSIVE-OR of-two l(;gical 7;]uam‘i; 7

ties. For ezxample, the EXCLUSIVE-OR of 4 and B.is written
A @ B. The-result-of the operation.4 @ B is TRUE if A#B and
FALSE otherwis:

‘Used-to signity that one-quantity is approximately cqual to anoth- 7

er. For example, if A=, then A4 and B arc roughly the same.




Detinition

~Used to signity-that one .quantity is-very much less:than another.
For example, if A«B, then A is very much less than-B. This is-a
« | somewhat vague expression;. it simply means that in:a comparison,

" A is negligible_.compared-to B. Some authors-interpret A «B-to

-mean that 4<B/10.




STANDARD PREFIXES USED-WITH SI UNITS

This table is adapted {rom Hayt [Ref. 1, p. 506].

Abbrev-

Prefix o Meaning Prefix ,Ax.bl).rev- Meaning
iation iation
atto- a- 107 deka-  da- 10"
femto- {= 107" hecto- 7 h; 10°
pico- p; o Kilo- Tk 7107-"’
naﬁo- n; 10~ mega- M- ‘ —10"7‘
mic;o- ) ],1 ”10';" - giga- ’G-; 10°
milli- m- 107 j tera- T 10°
centi- c- 0 pctz;- P 10
deci- d- 107 \ éxzr— E-i 10

i




‘GLOSSARY
AC Alternating current.

AC CoupLING Electronic devices can'be connected to one-another cither by AC.coupling:
or by DC coupling. In-AC coupling,:the lowest frequencies arc removed from a signal
before it is-passed to the following stage. Some instruments, the HP3561A Dynamic
Signal Analyzer for cxample, have z -sclectable option to permit the user to sclect the

mode of coupling he -preters.

A/D Analog-to-digital converter. A/D converters generate an analog signal from a
sequence of digital words. An analog signal can assume a continuous range of
amplitudes, whereas a digital word can represent only a discrete number of amplitudes.
Consequently, only some ol the possible analog signal levels can be generated. The
abrupt changes in output level which result from changes in the magnitude of the input
word generate high-{requency noise in the output, which_is usually filtered by a-low-pass
filter in order to mitigate this cffect. A/D converters arc characterized by the range of
analog voltages over which they can-operate, by the number of bits which fhéy usc to

represent the voltage, and by the time it takes them to perform.a.conversion.

D/A converters generate a digital word representing the magnitude of an analog signal.
An analog signal can assume a continuous range of amplitudes, whercas a digital word
canrepresent only a discrete number ol amplitudes,.so the conversion process introduces
quantization-errors. D/A converters are characterized by the range of analog voltages

which they can generate, by the number of bits which they use to represent the voltage,

and by the time it takes them to perform a conversion.




AM Amplitude modulation. The amplitude of a-sine wave-can be changed as a function

of time, i.e., it can be modulated.

APPLICATION-SPECIFIC INTEGRATED CIRCUIT (ASIC) Tt is increasingly common for many
complex electronic functions to be combined onto a single-integrated circuit on-a silicon
(or other) substrate. These custom-designed circuits-are known by the acronym ASIC.
The digital implementation of the demodulator, in particular, would benelfit greatly from
the use of application-specific integrated circuits since it requires the largest number of
interconnections, and, so. is the most complicated of the demodulators considered in this

dissertation.

COHERENT LIGHT The coherence of a source-of clectromagnetic radiation is a-measure
of how pure its wavelength is, or equivalently, how narrow its bandwidth.is. In reality,
there are no perfectly coherent -sources: all sources have a finite (non-zero) band of
component wavelengths. However, it is convenient to compare.a real source to an ideal
(coherent) one. There are two-aspects to coherence. Firstly, we generally require that
any two photons coming from the source have the same frequency. Secondly, we require
that the phase of a photon depend only on its distance {rom the source. To measure
coherence, we can split light from the-source into two'beams, permit cach beam to travel
along separate paths of known length, and then permit these two-beams-to recombine.
The electric fields of each of the two beams add vectorially. II' they happen to be of
equal magnitudes and opposite directions, then they sum to zero, and the result is zero
optical power. Conversely, il they point in the same direction, then the sum of their
amplitudes and the corresponding power is non-zero. In gencral, the sum will be

intermediate between these.

The only optical detectors currently available detect optical power, not electric field
strength and direction, because optical frequencies are too high for current electronics

to keep up with. Nowiif the difference in the two path Iengths is large enough, then the

two beams are no longer synchronized, which is another way of saying that they are no




longer. coherent. Upon recombination, no recognizable pattern of bright and dark
“fringes” is detectable. All that appears is a smear of essentially constant brightness.
The minimum path difference necessary to produce this-effect is called the coherence
length of the light source: The amount of time-it takes light to propagate over this path
difference is called the coherence time of the light source. The light from the sun and
from incandescent and fluorescent lamps is.incoherent: there is no-path-difference so
smalil as to permit an interference pattern to be visible. Laser light, in contrast, exhibits
some coherence. Difterent laser sources have different degrees of coherence, that is,
different coherence lengths. The semiconductor lasers used in the research described in

this paper have cohercnce lengths on the order of a few centimeters.

D/A Digital-to-analog converter. D/A converters generate a digital word representing
the magnitude-of an analog signal. An analog signal can assume-a continuous range of
amplitudes, whereas a digital word.can represent only-a discrete number of amplitudes.
Consequently, the conversion process introduces quantization errors. It is possible for
signals of more than one frequency to generate the same-output sequence, a-phenome-
non known as aliasing. To eliminate 1. effect, frequencies exceeding the Nyquist
frequency (half of the sampling frequency) must be removed prior to conversion. This is
generally done:by-passing the analog:signal through a low-pass lilter before sending it to
the D/A converter. D/A converteis aie characterized by the range of analog voltages
which-they can-generate, by the number of bits which they use to represent the voltage,

and by the time it takes them to perform a cenversion.
DC Direct current.
DC CoupLING Electronic devices can be connected either by AC coupling or by DC

coupling. With DC coupling, all frequency components of a signal (even those of zero

frequency) are passed to the following stage.
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DECADE In the expression per decade increase of frequency, we mean for every ten-fold

increase in frequency.

DQPMS (DIGITAL QUADRATURE PHASE MODULATION SIMULATOR) This is an interfero-
metric signal simulator we designed and built using a mixture of analog and digital
circuitry. It produces.in-phase and:-quadrature signals which resemble the outputs of an
optical fiber interferometric sensor terminated with a 2x2 optical fiber coupler, rather
than a 3x3 coupler. However, the waves are squared-off, not smoothly varying. (As is
the case with all digital signals, some overshoot always exists, and-it takes some time for
the signal-to settle at the new level after a transition, but these ctfects can usually be

neglected.)

DSP Digital Signal Processor. These are integrated circuits which perform a dedicated

signal-processing function. They arc similar to the more general-purpose microprocessor.
*

EG&G PRINCETON APPLIED RESEARCH MODEL 5210 Lock-IN AMPLIFIER This lock-in

amplifier permits very small signals to be detected synchronously. It provides variable

time constants, sensitivities, and filter skirts with-either —6 Db or —12 Db. per octave

change in frequency.

EMI Electromagnetic interterence. Electric and magnetic fields can propagate through
space. As a consequence, despite the fact that these fields are attenuated as they
propagate, and even though their sources may be quite some distance away, electrically
responsive elements can be affected by them. EMI can also penetrate through to-a
system through power supplies, if they are connected to the power mains, and from other,
less obvious, mechanisms. The latter include optical effects (such-as the noise-induced
in diodes by fluorescent lighting), acoustic coupling, vibration, and even thermal

fluctuations.




FRINGE The output of an intcrferometric sensor is a sequence of -bright and dark light.
If the recombined.waves undergo a shift of 27 radians (one wavelength), a complete cycle
from-bright to dark and back to-bright will occur. This is called-one fringe. To obtain-
one fringe, the amplitude of the stimulus. must be = radians, which results in a total
excursion in phase of *7 radians. It is possible for the direction of the phase shift to
change in the middle of such a cycle, andin this case we speak of a sub-fringe. A sub-
fringe is a shift of less than 27 radians (phase amplitude less than = radians),or less than
one wavelength of light. For example, if the wavelength A of the light in-a vacuum is 830
nm and the change Al in relative path lengths within the two legs of the interferometer
is 3 um, then the interfcrometric output will undergo 27nAl/A = 33.6 rad of phase shift,
which.is 5.4 fringes. Herc. we have taken the index of refraction n=1.48, which is a

typical value for glass.

HP3314A FUNCTION-GENERATOR This device can generate sinusoids, triangular waves,
or square waves, as well as more complicated waveforms. The user can command a
desired signal amplitude, frequency, phase shift relative to some reference, and a DC
offset. We found that thc commanded signal amplitude-was inaccurate at low levels.
Using the Gertsch Model 480 Ratio Standard to reduce a strong -output from the

HP3314A to the desired low level was much more accurate.

HP3456A DIGITAL VOLTMETER This digital voltmeter-provides up to six digits of accuracy.
It has an averaging capability. The number N specifies the number of readings which the
HP3456A takes before computing an average. Individual readings are averaged over a
number of intervals of the power line cycle. With 60 Hz operation, one cycle is 1/60 s
= 16.7 ms. We typically specified either 10 or 100 power line cycles per reading in
making noise measurements, depending on how erratic the measured signal was. As the
period of observation lengthens, the variance of the average computed by the instrument
diminishes, although the variance in the signal itself (which the instrument also computes)

is unaffected.
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HP3561A DYNAMIC SIGNAL ANALYZER This device is capable of performing a Fast
Fourier Tra"isform-(FFT) on its input. The resultant display of amplitude vs. frequency
‘makes-analysis of the spectral content of a signal quite straightforward. The device has

a mode for computing noise on a basis which is normalized for the bandwidth. This

means that the measured amplitude is divided by the square root of the -bandwidth in-

which that amplitude was measured. -Unfortunately, the-display does not-make this fact
highly evident. The device can measure frequencies of up to 100 kHz. Tt adjusts its

dynamic range as needed. It can perform averages, too.

HP4194A IMPEDANCE-GAIN/PHASE ANALYZER This instrument makes the measurement
of gain and phase of a electronic system very casy. The.range of {requencies one wishes
to have applied to the system under test can be specified. The output signal is applicd
to the system under test and the output of that system is applied to the test input of the

HP4194A. The difference in magnitude and phase can-be plotted with cither linear or

logarithmic scales. This device can generate similar plots of .the-impedance of a system'

under test, and can calculate the equivalent parameters of resistance; capacitance, and
inductance for a variety of models such as-a series connection of"a resistor, capacitor and

inductor.

INCOHERENT LIGHT Incoherent light is that in which the phase of onc wave-of light is nci
related to the phasc of another wave except by some random differencc. The most
common example ol incoherent light is that from the sun. Of course, if-the two waves
do not have the same [requency, then they arc generally not regarded as coherent even
if their frequencies are commensurate: they have to have cqual [requencies and their
phases must not bear a random relationship to one another betore they can be.reg': -ded

as coherent waves.

INPUT PHASE SHIFT A demodulator of interferometric sensor outputs is a device which

senses optical phasc shift and gencrates a voltage proportional to the phase shift. In

sensing-applications, the quantity of interest is more apt to be a measugc of pressure (in




pascals),-distance (in mecters), temperature (in kelvins) and so on. The [unction-of the
transducer. is to convert this physical phenomenon, the signal of interest, into an

equivalent differential phase shift of the light within the two legs of the interferometer.

In the case of optical fiber sensors, this usually-is done by causing the signal of interest
to strain the glass fibers in direct proportion to the-amplitude of the signal. This-makes
the amount of phase shift dircctly proportional to-the amplitude of the phenomenon
being measured. This in turn means that -the output of the demodulator is dircctly
proportional to the amplitude of the signal of interest. In short, the phase shift is a

measure of the signal of interest, no matter what that signal might be.

JFET Junction Field-Effect Transistor. A unipolar transistor in which the current
flowing between two terminals of the device is-controlled by the electric ficld applied to

a-third terminal.

Laser This is an acronym standing lor Light Amplification by the Stimulated Emission of
Radiation. The essence ol laser operation is that the atoms in a substance are excited
by some form of “pumping” action so that there are more of them in an excited state
than in the usual, relaxed state. When any such atom relaxes into the state of lower
energy, it emits a photon. Such emission occurs spontancously. by chance. When this
photon interacts with another cxcited atom, it can cause this second-atom torelax-to the
lower state too, during which process the second atom also emits a photon. This process
is known as stimulated emission. The significant fact is that the original photon is not
absorped in the interaction, but continues onward, and the new photon has the same
frequency, phase, and direction of propagation as the first photon. Because the supply
of excited atoms is kept artificially high by pumping, the process can repeat itself over and
over again. A resonant cavily usually partly or completely surrounds the cmissive
material, and it cnsures that the process occurs often cnough for a uscful level of
amplification to occur. (Some lasers provide sufficient amplification without a resonator.)

The consequence is an intense beam of coherent photons. A partially transmissive
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element, such as a partially silvered mirror, permits the beam to escape [rom theresonant
cavity, if-one is used. The term laser has come to reter to the process itself, to the device

in which the process lakes place, and to the beam produced by the device.

MAaseR This is an acronym standing for Microwave Amplification. by the Stimulated
Emission of Radiation. Apart from the fact that the electromagnetic radiation emitted.
by the maser process is in the microwave region of the spectrum, rather than in the
visible region, the process.is exactly the same as was described above under the heading

LASER. Historically, the maser was invented before the laser.

MAXIMUM: PERMISSIBLE SIGNAL (MPS) The largest amplitude of the signal of interest
which can be processed by a demodulator -without introducing undue distortion. Some

atitude exists in-establishing the amount ol distortion which is regarded as acceptable.

MINIMUM DETECTABLE SIGNAL (MDS) The smallest amplitude of the signal-of interest
which can be-distinguished from noise. This is the level of signal which provides a signal-
to-noise ratio of .1 (0-dB). For a particular purpose, a higher or lower ratio of signal-to-
‘noise ratio may be appropriatc. For example, communications systems typically need
more than 10 or 20 dB between signal and noise.

OrticAL FIBER CouPLERS These devices take the place of partially silvered mirrors and
prisms, which were the only means of splitting light beams and recombining them in-
interferometers in the days before optical fibers had been invented. They are
manufactured by laying two or more fibers parallel to one another and fusing them.
together. The geometry of the arrangement and the-length of the tused sectionboth are
crucial in determining the characteristics of the coupler. Two common examples-of these
couplers are 2X2 couplers and 3X3 couplers. The 2X2. coupler brings two fibers into
close contact; hence it has two inputs and two outputs. Either end of the coupler can

function either as input or as output; in other words, the 2X2 coupler is bidirectional.
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The 33 coupler brings three fibers into close contact. Hence it has three inputs and-

three inputs,.and it, too, is bidirectional.

PLA (PROGRAMMABLE LOGIC ARRAY)- An integrated circuit which contains-flip-tlops for
storing bits of data and which has programmable logic. In the-variant of this that we use,
an Aliera EP310, one can designate _vhich-pins are inputs, which arc outputs, and how
the outputs should be derived from the inputs. One can also-make-this particular PLA
operate in a synchronous (clocked) or asynchronous (unclocked) mode. Using a PLA is
a convenient way to reduce numerous discrete-logic integrated circuits to a single chip.
The EP310 can be crased (by exposure to ultraviolet light) and reprogrammed, making

it an excellent choice for prototype systems.

‘PHASE RATE The multiplicative-product of the phase of the output ot an‘interferometric
sensor and its frequency. It is measured in radians per second and.is-an indication-of the
highest frequency-components prescnt in the interferometric output. The chief limitation
on acceptable phase rate is the bandwidth of the demodulator. If the -signal is
differentiated, the phase rate appears-as a factor in the‘magnitude ol the derivative, and
so the possibility of saturating amplifiers also-arises it phase rate is too high. This is the

second principal limitation on acceptable phase rate.

POLARIZATION ANGLE The light from many lasers is lincarly polarized. As it passes
through an interferometric sensor, the polarization direction changes due to several
uncontrollable factors. Onc of these is twisting of the fibers themselves. As a result, the
light which is recombined at the output of the interferometer often- does-not have the
optimum polarization. The optimum polarization occurs when both intertering beams are

polarized in-a parallel direction, the specific-direction being irrelevant.

When-two beams of light have entirely orthogonal polarizations and no components of

parallel polarization, no interference results. This would result in an output of uniform

intensity, In practice, we have never observed this, The implication is that the light in




our interferometer is not purely linear in its polarization. The Sharp LT015 laser diode
is linearly polarized in a ratio of 5:1 for 1 mW output power, 100:1- for 10 mW -output
power, and 250:1 for 30 mW output power [Rel. 3], which is consistent with .our
observations. So cven though the visibility of the interference pattern does indeed
wander with time, it ncver vanishes totally. This has a beneficial effect on all the
demodulators we consider in. this dissertation, for it means that therc always is some
signal to process, which would not be the case if the interference pattern were wholly

absent.

RMS Root-mean-squared. In general, the root-mean-squarc of a function v(1) is

= | i . ..l '7;2 A
Vaus \] lim. [
When v(t) is a periodic signal with -period 7, then we obtain the same result without

taking the limit, and the RMS value is given by

- ‘i T2
Vaus Tfov,(t) dt.

If v(1) = A sin(wt), or v(t) = A cos(wt), then its RMS value is A/y/2.

SPST Single pole, single throw. A type of switch which can connect two-terminals

together or leave them open.

TEK2430 DiGITAL OSCILLOSCOPE This device has two input channels. It digitizes the
inputs-and stores them in memory. This means that a display can be frozen, and the
scales of time and amplitude can be altered to provide increased resolution. It has a
mode in which Channel 1 can be displayed. along the horizontal axis and Channel 2 can

be displayed along the vertical axis, permitting the display of Lissajous -patterns. This
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makes accurate measurements of the phase angle between two signals possible, since a

~ariety of measurement functions is provided, including voltage, time, and frequency.
'YL (TRANSISTOR-TRANSISTOR LOGIC) A particular family ot digital logic integrated .
circuits. “Signals can take on only two valid voltage levels. The low state is.at roughly

0 V. The high state is at roughly 3.3 V. The supply voltage is at +5 V. [Ref. 4]

VCO (VOLTAGE CONTROLLED OSCILLATOR) A circuit which outputs a sinusoidal, square

wave, or triangular wave whose-frequency is directly proportional to the input voltage.
The EXAR Archer XR2206 is an example of a VCO, and is the one we employed in the
cesign of the Digital Quadrature Phase Modulation: Simulator (DQPMS).




I. OPTICAL FIBER SENSORS

A.  APPLICATIONS OF OPTICAL FIBER SENSORS

That anything at all can be detected with strands of glass fiber comes as a complete
surprise to the average person. One readily thinks of glass as a useful substance for
windows and for beverage containers. That silicon, the raw material from which glass is
made, is now the most widely-used substance in [abricating integrated circuits is known
to many. The widespread introduction of optical fibers into the telecommunications
industry has of course made the existence of optical fibers a matter of common
knowledge. Many consumcrs even have seen their use by artists to make exotic lamps.
Their use as sensors, howcever, is largely unknown to the ordinary citizen and seldom
mentioned in the popular press.

Yet optical fiber sensors have attracted considerable interest in the scientific and
technological community since 1977. They have been used successfully to sense a variety
of phenomena, including acoustic fields, temperature, magnetic fields, displacement, fluid
level, torque, current, strain, pressure, acceleration, rotation, and seismic activity.
[Ref. 5, p. 626] Apart [rom the apparent versatility ol application of optical fibers
as sensors, a number of other reasons for this great interest are shown in the list-of their
advantageous characteristics presented in Table I. Some disadvantages to-the use of

optical fibers are also given in the table.

B. THE NEED FOR LOW-COST SENSORS

Of particular interest to-the United States Navy is the possibility of using optical
fiber sensors as highly sensitive underwater hydrophones. This interest -has been a
principal, underlying motivation behind the research-into optical fiber sensors_currently

in progress at the Naval Postgraduate School, as well as at the Naval Research

Laboratory. In a-time of great fiscal constraint, indeed, at any time, the Navy is very




Table I Advantages and-disadvantages of optical fibers sensors.

o B 7 Ad}.iantages 7 o -

Optical fibers are lighter-in weight than metal. Therefore a length of optical fiber require much
less structural support than a comparable length of metal wire.

Optical fibers are made from sand, which potentially could make them much cheaper than metal
wires.

Losses-in optical fiber are-very low.

Optical fibers arc immune 1o electromagnetic interference (EMI). This makes them suitable for
use in “noisy” environments.

Optical-fibers are geomelrically versatile. They can be stretched ou, coiled up. and embedded in

epoxy, plastic, or composite materials very readily.

Glass is immune 10 the effects of many chemicals which corrode metals. Consequently optical
fibers can sometimes be used in environmenis which would be harmful to metal wires.

Sensors made from optical fibers are compatible with optical fiber communications systems.

Power consumption is very low in optical fibers.

Large separations between sensor and detector are feasible.

Disadvantages

As of the time of writing (1991), optical signal processing is not as highly developed as electronic

" signal processing. so conversion of optical signals 10 electronic form is usually required. Thus a
purely optical system is generally impractical. One could expect costs to be lower if mixed
processing were unnecessary.

Connecting optical fibers together requires splicing, and reflections and losses invariably occur at
the splices. These cffects may be small if slices are performed by fusing the glass strands
together, but joinilg glass fibers together by this means is much less convenient than soldering
metal wires together.

Tapping into an optical fiber requires the use of optical fiber couplers, and these devices are
more costly, less convenient. larger, and heavier than the soldered connections permissible with
metal wires.

Optical fibers are more delicate than metal wires. Although glass is an amorphous crystal and
~can be stretched 1o a limited degree, it will break much more-readily than metal wires of
comparable diameter if its radius of curvature is made too small,




concerned about the immense cost of much of the modern technology used in military
applications. In particular, it is infeasible to deploy ‘large numbers of underwater
hydrophones if their price is exorbitant.

In addition to the cost of the sensor itself, there is a cost associated with extracting
information from it about the phenomenon it has detected. It is of little utility- to have
inexpensive sensors if the means to recover the signals of-interest is not correspondingly
cheap.

The purpose of this research is to describe threc inexpensive ways to recover signals
from very sensitive optical [iber interferometric sensors. Whether the signals are derived
from acoustic sensors, acccleromceters, scismometers, or any -other kind of optical
interferometric sensor, the signals can be recovered in the identical, inexpensive manner

presented.in this dissertation.

C. PRINCIPLES OF OPERATION-OF OPTICAL FIBER SENSORS

Since awareness of optical fiber sensing is not yet widespread, it is the purpose of
this section to examine in general terms the means by which optical fibers can be madc
to act as sensors of physical phenomena. The phenomenon under consideration may
have a natural origin, as in the case of seismic waves, or it may have a man-made origin,.
as in the case of noises cmitted by a submarine. In cither case, we shall refer to the
phenomenon which we want to detece as the “signal of 'interest”.

Detection of some signal of interest by an optical fiber sensor can be done if we
transmit-light through the fiber and if we somehow niodify the light within the fiber. This
step is cailed the modulation of the optical (light) wave by the signal of interest. Of
course, merely altering the light within the fiber may -be necessary, but it is hardly
sufficient. Our goal is to examine the modified light when it finally emerges from the
optical fiber and to infer from it what must have been the stimulus, that is, the quantity-

of interest to us. This latter step is the demodulation of the optical wave.! A general

! We often speak loosely of demodulating the signal since it is the signal which

interests us, not the optical wave itself. This is not strictly accurate, however.




goal in the design of sensors is to ensure that only the signal of interest induces the
modulating effect. As.this is a matter pertaining to-the design of transducers for specific
applications, we shall not discuss this in-detail.

There are three fundamental aspects of light which can be moditied to encode the
information we are interested in detecting. These are amplitude, polarization, and phase.
While it is possible to modulate all three aspects of light simultaneously, typically only one
of them is modulated. Some workers inthis field also speak of modifying the wavelength,
the-length of the delay in receiving a response to a pulse, or the spatial position-of the
received radiation [Rel. 6, p. 596]. We shall regard these latter three as essentially

the same as modifying the phase of the light.

1. Amplitude Modulation

The quantity being sensed-can-be made to modulate the amplitude of coherent
or incoherent light transmitted through the fiber. (Recall that the amplitude of light is
the amplitude of the continually changing electric and magnetic ficlds that comprise light.)
In one example of this method, external pressure is applied to the fibers and induces
small bends in it. These so-called micro-bends change the transmission characteristics
within the fiber, and this, in -turn, changes the amplitudec of the light within the fiber.
Upon the emergence of the light from the optical fiber, thc change in amplitude is
manifested as a change .in intensity. [Rel. 6: pp. 600-601] Standard methods of
electronic amplitude demodulation- permit recovery of the signal inducing the changes in
intensity, e.g, the acoustic field being measured.

A primary drawback to the use of amplitude modulation is the variation.in the
intensity of the output of the light source with variations in temperature, aging, and other
causes. Compensation lor changes in temperature is feasible, but it adds to the
complexity and the cost of these systems. Compensation for other causes of the
variations in the intensity of the light is not so easy. In any case, the variations distort
the output, as anyone who has cver listened to AM radio during a thunderstorm- will

attest.




2. Polarization Modulation-

The quantity being sensed can be made to modulate the polarization of the
light within the-fiber. By detecting-the change, it is possible to recover the signal. As an.
-example of the use of this form ol light modulation, quartz will rotate the plane of
polarization of a beam of light [Rel. 6, p. 614]. The -amount ol rotation is linearly
dependent on temperature. as shown in Figure 1. One could therefore design a sensor
of temperature by taking advantage of this effect and observing the amount of rotation

of the polarization which a light wave underwent. A disadvantage of this particular
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Figure 1 Variation of the angle of rotation of polarization in quartz as a function of
temperature. Adapted from Busurin, et al. {Rel. 6,-p. 614]




example is that the light must leave the fiber and then enter it once more. The-optical
fiber is reduced to being.a mere conduit for the signal and is not really itself a sensor.
A more general disadvantage of polarization modulation is the tendency of the
optical fibers to get twisted, altering the polarization of the light emitted from the fiber.
To counter this, one can use polarization-preserving-optical fiber, but it costs morc than
ordinary fiber. The use of polarization controlling: devices is another possible solution,
but these operatc by twisting ‘the fiber by an amount which corrects an error in
polarization. Simple polarization controllers do not detect the amount of the error, nor
do they prevent the fibers from twisting further and so spoiling the corrective eftect.
More elaborate controllers do detect the error and attempt to keep it-constant, but'they

are correspondingly more costly to use.

3. Phase Modulation

The field being sensed can be made to modulate the phase of the light within
the fiber. This is most casily done by arranging the fibers-so that they arc stretched or
relaxed by changes in the signal of interest. If the length of a fiber changes- by one
wavelength A, there will be 27 radians of phasc shift in-the light reaching tivz furthest end
of the fiber.. Since a wavelength of light is very small (830 nm in a vacuum-or 560 nm in
the glass for the infrared-laser diodes used in this research), mecasuring phase shifts of

one radian is equivalent to measuring changes of length of only

L = .Sio._nin_ = % nm. (1)
2n 2n
It is possible to measure considerably less than 1 radian without great difficulty, and with
care, phase shifts on thc order of as little as 1 prad [Ref. 7, p. 1652] can be
detected during an observation.lasting one second. Clearly, one does not need to stretch

the glass very much to crcatc an casily observable effect. Since there are many

phenomena of nature which can be induced to stretch the optical fibers, even a little bit,




by applying a strain to them. optical tibers-make very sensitive and versatile-detectors of

a great many different phenomena.

D. OPTICAL FIBER INTERFEROMETRIC SENSORS

Of the three general methods of modulation applicable to the design of optical tiber
sensors, one stands head and shoulders above the others in its ability to detect small
signals. This is the method of phase modulation. For this method to be usetul, a method

of measuring the phase shift must be found. This section discusses how this can be done.

1.  Principles of Operation

The difference in phase between two coherent beams of:light can be detected
by interferometric lechniques, which are the most sensitive Lechniques known for
measuring changes in-distance (optical path length) [Rel. 6, p. 606; and Ref. 5, p. 661}.
No sensors exist [or directly measuring the electric or magnetic ficlds of an optical signal.
The reason for this is that visible, and even infrared, radiation have frequencies much
higher than those sustainablc in-any electronics available today. For example, the slightly
infrared light emitted by the laser diodes used in our research has a wavelength of 830
nm. The frequency of this light is 361 THz (3.61x 10" Hz), well beyond the maximum
bandwidth of our fastest electronic components.

We do, however, have detectors which can measure the intensity of light, and,
if the intensity varies with time, they can detect this variation, provided that it does not
vary too fast. For example, photodiodes with bandwidths of many GHz (10° Hz) arc now
available.

The oscillating phase shifts created by many phenomena have a sufficiently low
frequency content to be casily detectable by photodiodes if they can only be converted
to variations in the intensity of the light. To perform such a conversion, coherent light
is passed through two ftibers. Together, the two fibers constitutc the arms of an

interferometer. The.field being measured is made to induce a ditference in the phasc of
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the light in each-arm by applying a strain to them, but-in opposite:directions.” When the
light waves are recombined, they interfere both constructively and destructively. The
resulting pattern of light and dark “fringes” contains information about the original
signal. ‘

Whether the output contains enough information to recover the signal depends
-on the means by which the light is recombined. We shall claborate on this key point

presently.

2. Schemes for Recovering Signals

Numerous schemes have becn devised:-tor recovering signals from optical fiber

interferometric sensors. Several of thesc -are described here.

a. Phase Generated Carrier Homodyne Demodulation

One method of demodulating a phase-modulated-interferometric output

is that called Phase Generated Carrier Homodyne Demodulation [Ref. 8]. This
scheme is also known as Pscudo-Heterodyne Demodulation. In this technique, the
current which drives the laser source is modulated in amplitude. The result of this is to
create a modulation of the laser’s output power and wavelength. If there is a difference

in the-length of the two legs of the-interferometer, the change in wavelength manitests

2 It is possible to arrange matters so that only one fiber is atfected by the field of
interest. This is an inferior approach since in practice it is impossible to avoid having
extraneous effects such as temperature or pressure create length ditferences between the
two fibers. The result is a sensor which detects both the quantity of interest and other
quantities which one would prefer to have suppressed. The rejection of these unwanted
quantities is best achicved by using a push-pull arrangement in which unwanted-effects
are applied equally to each arm, whereas the desired cffect induces opposite effects in
each arm. The output yields enhancement of the desired quantity and rejection of the
unwanted quantities.




itself as a change-in phasc at the output.® This guarantees the presence of a fundamen-
tal frequency in the received signal. namely, the [requency of the current modulation.
The modulation frequency and its harmonics each carry in their sidebands
a replica of the phase-modulated signal-crcated when-the signal. of-interest impinges on
the-sensor. Two ol these replicas are isolated by the use of bandpass lilters. Proper
control of the strength of the modulation also guarantees that cach ol these replicas has
the same_strength. The recciver uses these tones as inputs to two mixers. The output
of this signal processing is a pair of signals. One contains a voltage signal proportional
to the trigonometric sine ol the signal of interest. The other contains that signal's
cosine. That is, if s(t) is the signal of interest-expressed in units of induced optical phasc

shift, the two outputs are

x,(0) = A,sinfs()) Q)
and
X,(0) = A,cosisin)]. 3

Onc can sum these signals, obtaining a signal like a conventional phase-

modulated signal, namely

() + x0) = JAZ+A2 sin{s(x) + m'{i—)] 4)
1

This signal can be demodulated using techniques which are standard in the communica-
tions ficld, the goal being to extract the varying phase term s(r). Usually the fixed phase
term, the one dependent on A, and A,, would be discarded. However, in forming the sum

of x,(1) and x,(1), we cffectively discard onc signal, since we are left with only a single

* In the absence of a difference in the path lengths, this is not the casc. The larger
the difterence in path length, the larger the phase shift caused by a modulated wave
length. [Ref. 7, p. 1652]




sinusoid. The absence of an orthogonal signal (the cosinusoid). causes an-ambiguity in

trying to recover the phase: which, after all, is simply the argument-of the-sine function.
For examplc, if the sine.given in Equation (4)-has the instantaneous - e

1/2, we cannot tell whether the-phase angle is 30° or. '150°. If we knew:the cosine, it

would either be /3/2 for a phase angle of 30° or —/3/2 for a phase angle of 150°.

Even with both the sine and the cosine, however, we need more information to‘
distinguish between the four primary quadrants (—180° to +180°) and all other
quadrants. If thephase amplitude can [all outside this range, we must keep track of the
history of the wanderings of the phase angle in order to:know in which quadrant it
presently lies.

Keeping track of these wanderings still does-not climinate the need for
both the sine and the cosinc. The reason-for this is that, in general,-we do not know the
waveform-in advance. Suppose-we have only-the sine. Then it becomes-impossible to
disti..zuish between a signal of interest which, after rising in phase amplitude, hesitates
briefly at 90° before continuing to grow, and one which hesitates briefly at this same
point before beginning to diminish in amplitude.

As an alternative to the standard methods of phasc recovery, one can use
a-method which will be explained in Chapter VII. In this method, the sine and cosine
information-can both be used in such a way as to recover their mutual argunient, i.e., the
signal of interest. This metk~d implicitly keeps track of the wanderings of the phase
angle outside the four primary quadrants, and so it is capable of demodulating very large
phase amplitudes.

There are three principal -drawbacks to Phase-Generated Carrier
Demodulation.

1. A mismatch in the lengths of the two legs of the interferometer is-mandatory.
Without-the mismatch, the fluctuationsin the-output wavelength of the laser do
not induce fluctuations in phase shift at the output-of-the interferometer. The
inclusion of a mismatch in length has an adverse effect on the coherence of the
light emerging from each leg, which shows up as a reduction in-fringe visibility,
the contrast between bright and dark at the output. This is equivalent to a
reduction in the ratio of signal-to-noise. Also, phase-noise from the laser source,




already present-in both legs of the interferometer, is-effectively enhanced by a
mismatch in length into differential phasc noise upon-recombination of the two
beams into an interference pattern. Thus it -contaminates the interference
pattern créated by the signarof interest.

The phase modulated signal generated by the signal of interest appears as
sidebands around the modulation frequency and each ot its harmonics. The
separation of thesc harmonics places a limit on the bandwidth of the signal of
interest which can be sustained. In fact, only half of the modulation trequency
is available as signal bandwidth. If this frequency limitation is cxceeded, the
upper-sideband around the modulation frequency mixes with the lower sideband
around its second harmonic, creating distortion in the demodulation process.
Since the amplitude of the signal of interest determines-its bandwidth, there is
therefore. a limit on its strength due to the choice of modulation frequency. The
demodulator itsell must operate over a bandwidth at least five times larger than
this permissible signal bandwidth, in order to encompass the upper sidebands of
both the modulation frequency and its second harmonic. In Dandridge [Ref. 7],
a.peak of about onc radian in the signal of interest was permissible. In 1982,
there were no optical fiber interferometric sensors capable of creating much
bigger phase shifts than this, so the use.of the Phase Generated Carrier scheme
was convenient. The situation is-now different. Sensors capable of generating
very large phase shifts are available. A demodulator whose entire bandwidth is
devoted to handling the signal of interest is preferable to one which nceds
additional bandwidth duc to the choice of demodulation scheme.

To achieve large dynamic range with.a sensor which is limited to peak phase
shifts of less than about one radian requires successful processing ot peak phase
shifts far below one-radian. To achieve a dynamic range of, say, 100-dB when
the peak signal is on the order of -one radian requires that signals -of under 10
urad be demodulated. Such small phase shifts correspond to very small changes
-in intensity-of the interference pattern at the output of the interferometer. Such
small intensity changes are contaminated by noise, so much attention must be
paid to the demodulator in order that it may separate the signal from the noise.
This tends to make-such demodulators expensive. It also makes necessary the
use of more costly laser sources with small amounts of phase noise in order to
reduce the severity of the cffect. At the end of its travel down a fiber, the
beam’s phase oscillates because the number of wavelengths which fit into the
fiber keeps on changing. To increase the operating range with phase-generated
carrier demodulation, the modulation frequency must be increased with the
consequent adversc effect on bandwidth mentioned in the previous paragraph.
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b.  Synthetic Heterodyne Demodulation

This techniques -bears a great resemblance to the Phase Generated
Carrier Demodulation scheme just discussed. It difters principally in that rather than
creating a phase shift in the carrier by modulating the laser current, the phase shift is
modulated with a piezoelcctric cylinder around which one leg of the interferometer is
wrapped and to which a sinusoidal voltage signal is applied [Ref. 9. p. 695].

The principal drawback to this scheme is the need to introduce electronics
into the interferometer. Since a primary objective in using optical fiber sensors is to
eliminate electronics [rom the sensor, this requirement defeats the purpose.

Another drawback is the different treatment of each leg of the
interferometer. This loss of symmetry reduces the rejection of unwanted signals such as
changes in pressure or-temperature since they-are likely to-act ditferently on-that leg-of
the interferometer ‘which contains the piezoelectric cylinder. Once two -complete
sidebands of the interferometric output have been isolated, the demodulation proceeds
as with the Phase Generated Carrier method.

c.  Fringe-Rate Demodulation

When large amounts of phase shift are provided by an interferometric
sensor, another technique becomes feasible. This technique comes in two variants, One
is called fringe-counting, the other s called tringe-rate demodulation
[Ref. 10, 11].  These approaches rely on the transitions of interferometric
outputs across some central value.

In the fringe-counting variation, the transitions are counted digitaily-in
a given period of time. The instantaneous ratio of-count to time is the frequency of the
phase-modulated interference pattern. By integrating this-number over time, the phase
can be:recovered. Of course, it is impossible-to obtain an-instantaneous count, so one
must in practice wait a short time to produce at least one count.

In the fringe-rate variation, the transitions are used as inputs to a
frequency-to-voltage converter. In a sense, the converter is itself a counter. However,

it does.not perform-a precise count of crossings per unit time. Instead, each transition
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triggers a boosting of the output by causing an increment of charge to be-pumped onto
a capacitor. The .passage -of time, conversely, causes the output to droop since the
capacitor is drained of"its accumulated charge through a. resistor. The combination of
these two tendencies is a voltage which is .proportional to the frcquency. Again,
integration of the result permits recovery-of the phase information.

When signals are weak, however, there arc no transitions at all. The
minimum detectable signal is that necessary to create at least one transition. This-signal
is on the order of 7 radians peak phase shift. When signals-are still only a little stronger
than this threshold, an erratic output {rom the charge pump due to the incremental
nature of the charge which is added to the capacitor whenever a transition occurs can be

objectionable. This noise is lessened when large signals of interest are present.

d.  Homodyne Demodulation

Whereas the synthetic heterodyne technique has generally been limited
to less than 7 radians peak phase shift, the fringe-counting and (ringe-rate -techniques
stop working below w radians peak phase shift. To bridge this rcgion, we can use a
number of Aomodyne demodulation techniques.* These methods all are predicated on
the use of orthogonal components of the phase-modulated signal obtained from the
interferometer without using heterodyne methods.

Normally, an interferometer has only one output. Optical fiber
interferometric.sensors usually have two, since they.employ 2 X2 optical fiber couplers to
combine the two legs of the interfcrometer into an interference pattern. From the law
of conservation ol energy, it is-casy to sec that the two outputs must be 180° out of
phase from one another: when one is dark, the energy must.all be present in the other

output-and vice versa. There are no orthogonal components in-the outputs, and for this

* The word homodyne literally means “similar-power”. That is, there is no mixing
with a reference frcquency in the receiver, as with heterodyne (“different power”)-
techniques. The term homodyne is more commonly used to mean that only one
frequency is present, whercas heterodyne usually means that more than one frequency is
present. Since photons of different frequencies contain different quantities of energy, the
two meanings for each term are completely consistent with one another.
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reason, heterodyning in the various forms described above ‘has becn used to obtain-

orthogonal components artificially as sidebands to the carrier frequency.
3. The Use of 3x3-Couplers to Facilitate Signal Recovery

There is.a way to modify the output stage of the interferometer-to obtain
orthogonal components directly. To achieve this, we can use a 3X3 optical fiber coupler
to create the outputs of the-interferometer.. Thetwo legs of the interferometer now are
used to generate three interferometric outputs which do contain orthogonal components.
The details of this will be discussed extensively in Chapter III. Methods of extracting the
amount of optical-phase shift present in the interferometric outputs will then occupy our
attention throughout the rest of this dissertation. Suffice it to say, for the present, that
with a 3X3 optical fiber coupler at-the output, recovery of the signal is feasible without

the drawbacks listed tor the other techniques of demodulation already discussed.
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Ii. SCOPE OF THE RESEARCH

A. OBJECTIVES OF THE RESEARCH

In the previous chapter, we considered-the motivation behind the generalresearch
into optical fiber sensors. We stated that the use-of optical fiber interferometric sensors,
in particular, which apply the techniques of interferometry to the use of phase-modulating
optical fiber sensors, could produce extremely sensitive sensors. The-use of 3x3 couplers
at the output of the interferometer, we said, could permit us to obtain orthogonal signals.
from which the signal of interest could-be recovered, without elaborate modulation of
laser current on‘the-one hand and without inserting modulating elements into one leg of
the-interferometer.

It was the goal of our research to investigate three methods of recovering signals.
of interest from optical fiber interferometric sensors with 3X3. couplers at the output.
It is the goal of this dissertation to present the results-of this research.

The sensors we arc-interested in are capable of generating phase shifts of thousands
of radians and-more. In principle, a sensor producing even greater -phase shifts should-
permit recovery of smaller and smaller signals, until thermal-and other sources of noise
become significant. The phenomena sensed- by the sensor are of secondary importance
in this research. The chicl requirement is that the phase shift they induce in-a sensor be

lincarly proportional to their amplitude.
B. ORGANIZATION OF THE DISSERTATION
In this section, we outline the organization of the rest ol this dissertation in-order

to help the reader grasp the results of the research. To explain this sensibly, it will be

useful to consider the situation at the outset of the research.
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In the summer of 1989, when we began this tesearch, we did not yet have any
optical fiber interferometric scnsors with 3x3 optical fiber couplers at the output for the
simple reason that tl..y wercnot yet commercially available. Their appearance was then
imminent, but in order not to be dependent on their arrival to commence the reseairch,
we resorted to simulating interferometric signals in order to begin to address the
requirements of demodulation. Wec used two such simulators, one-of-which was of our
cwn.design and construction. Thesc are described in the appendices to this dissertation.

In Appendix B, we present-relevant portions of the theory of optical fiber couplers.
This lays the foundation [or Chapter IIl, in which we show how 3X3 couplers can be
incorporated into a Mach-Zender optical fiber interferometric sensor. The purpose of
this is to make it clear how the usc of 3X3 couplers produces interferometric outputs
which contain both the sinc and the cosine of the optical phase shift-induced by signal of
interest. Dandridge [Rel. 7] showed how one could recover the signal of interest,-once
its-sine and cosine had been isolated. In Chapter VII we explain his method, which we
refer to as asymmetric demodulation.

By the summer of 1990. the 3X3 couplers had arrived-and we quickly sought to
produce an optical interfcrometer Lo replace the simulators. Although parallel research
was going on by other members of our research group into the design of hydrophones,
there were still no-practical sensors with 3 <3 couplers at the output. Consequently, the
author designed an optical fiber interferometer to-sense voltage signals, as these could
easily be generated in the laboratory. The construction of this sensor is-described in
Chapter 1V.

The easiest demodulation method investigated in-this research is the Fringe-Rate
Demodulation scheme described by Crooker [Ref. 10] and Crooker and Garrett [Ref.
11]. The design of the Fringe-Rate Demodulator is the subject of Chapter V. Some
modifications have been made to the scheme originally discussed in Crooker, and these
are detailed here. In Chapter VI, we present experimental mcasurements of the
performance of the Fringe Rate Demodulator.

To demodulate interferometric outputs with peak phase shifts of magnitudes

extending both above and below 7 radians, we have invented a new -demodulation
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technique which we call symmetric demodulation. The author wishes to. give credit to Dr.
Robert Keolian and-to Dr. Steven Garrett for the discussions that made-this invention
possible. The method of this-new demodulation scheme is explained in Chapter VIII.
In Chapter IX we describe the design of an analog implementation of this new algorithm,
the Symmetric Analog Demodulator. A

A key difference between the Symmetric Analog Demodulator and the Fringe Rate
Demodulator is that the latter cannot properly handle phasc shifts of less than
approximately /2 radians (more, in practice). The-former can handle signals all the way
down to the demodulator’s noise level. In order-to describe the performance of the
Symmetric Analog Demodulator, then, we must -consider its noise floor. Therefore, in
Chapter X we digress briefly to describe-how we measure low signal levels and noise in
the laboratory. We also describe some of the theory that .permits us to-predict noise.
The close match between theory and observation provides a-high degree of confidence
in the noise measurements included-in the next chapter, Chapter XI, which.describes the
performance of thc Symmetric Analog Demodulator using all the criteria mentioned
earlier in Chapter VI on the performance of the Fringe Rate Demodulator, as well as
its noise level. Thc noisc of the Fringe Rate Demodulator was not quantified -because
signals of less than #/2 radians in amplitudc cannot successfully be demodulated by it
anyway.

The use of digital signal processing-techniques-has become increasingly common:in
recent years because of-the continuing reductions in cost and. increasing capabilities of
microprocessors. Such techniques can be applied to signals recovered from optical fiber
interferometric sensors, 100. To demonstrate-this, we describe in Chapter XII the design
of an Asymmetric Digital Demodulator which implements the asymmetric demodulation
scheme of Dandridgc {Rel. 7}, described in Chapter VII of this dissertation. Our design-
employs discrete digital logic with digital signal processing integrated circuits and a pipe-
lined architecture which exhibits an ability to process signals at a speed limited only- by
that of the analog-to-digital converters it uses. The performance of the Asymmetric

Digital Demodulator is described in:Chapter XIII. The performance is-characterized in
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the-same manner as was done in Chapters VI and- XI dealing with the performance of
the Fringe Rate Demodulator and the Symmetric. Analog Demodulator, respectively.

The final chapter in- this dissertation, Chapter XIV, presents a synopsis of the
results and discusses arcas for further research-and improvements in the- demodulation
schemes presented earlier.

In the appendices we provide mathematical details omitted {rom the main,bodyfof
the dissertation in an attempt to make it somewhat more readable, although there is
ample mathematics in the body of the-dissertation already! We also include analyses of
both the interferometric simulators we used early in-the course of our rescarch: analysis
of a simple aralog circuit capable of performing intégration. difterentiation, and bandpass
filtering (a circuit which we used repeatedly in the design ol the Symmetric Analog
Demodulator); and a detailed analysis of the noise in the Symmetric Analog

Demodulator.

C. MEASURES OF THE PERFORMANCE OF THE DEMODULATOR

As mentioned above. threc chapters of this dissertation. are devoted to presenting
measurements of the performance of the demodulators we have built. namely the Fringe
Rate Demodulator, the Symmetric Analog Demodulator, and the Asymmetric Digital
Demodulator. ‘For the sake of completeness, we complete this chapter on the scope-of
the research with a list of the criteria by which- we assessed the performance of the

demodulators. These are:

1. the stability of the scale factor, which expresses the voltage out of the
demodulator per radian of input optical phase shift;

2. the.small-signal bandwidth;
3. the maximum permissible signal (MPS), which is the greatest phase shift which

can be demodulated correctly without an unacceptablc level of total harmonic
distortion;

4.  the minimum detcctable signal (MDS), which is the smallest peak phase shift
which can be detccted. It is defined as being equal to the noise threshold (in a




one hertz bandwidth) which is output by-the demodulator. This noise threshold
is expressed in terms ol input-phase:shift. This definition of minimum detectable
signal is-inappropriatc for the Fringe Rate Demodulator; since it cannot handle
signals of less than w/2 radians;

5. the dynamic range, which is the difference between MDS and MPS;

6.  complexity of the circuit; and

7.  component cost.

We have attempted Lo-account [or ditferences between the predicted and observed

performance.
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II. THEORY OF 3x3 MACH-ZENDER OPTICAL FIBER INTERFEROMETERS-

A. KEY RESULT OF THE THEORY

In this chapter we derive a mathematical prediction of the performance of an
optical fiber interferometer in the Mach-Zender configuration. The Mach-Zender
configuration is distinguished from the Michelson configuration in that the two Voptical
paths in the interferometer are only traversed once by light, rather than twice. Thc
implication of this for an optical fiber interferometer is that there must be two optical
fiber couplers: one tor the input and a second for the output.

In general, Mach-Zender interferometers produce more output power than- do

Michelson interferometers because they do not rely on:reflection -for light to-be output.
On the other hand, Michelson interferometers are twice as sensitive as Mach-Zender
interferometers because the light is twice subject to the phase shift induced by the
transducer, once for each pass through the interferometer. They are cheaper, too, since
only one optical fiber coupler is required, instead of two.

Figure 2 is a schematic drawing of a Mach-Zender optical fiber interferometric
sensor with 2X2 optical fiber couplers at both. the-input and the output. Figure 3 is a
schematic drawing ol-a Michelson optical fiber interferometric sensor with asingle 2x2
optical fiber couplers serving as both the input-and the output. The drawback to the use
of 2x2 couplers is that the two interferometric outputs are 180° out of phase from each
other, and so there is insufficient information-in them faithfully to reconstruct the signal
of interest. In the case ol the 2Xx2 Michelson configuration, there is-only one output,
and the inability to reconstruct the input is more blatant, although no more real.

To take advantage ol passive homodyne demodulation techniques, we can use a
3x3 coupler at the output. Figure 4 shows a Mach-Zender optical fiber interferometric
sensor with a 2x2 optical fiber coupler at the input and a 3x3 optical-fiber coupler at

the output. Figure 5 shows a Mach-Zender optical fiber interferometric sensor with a
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Figure 2 Mach-Zender Optical Fiber Interferometer with 2Xx2-optical tiber couplers at
input and output.
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Figure 3 Michelson Optical Fiber Interferometer with a single Ix2 optical fiber coupler
for input and output.

3%3 optical fiber coupler at the input and a 3x3 optical fiber coupler at-the output. One
could also construct a Michelson interferometer with a 3x3 coupler serving both as input
and output. In this case, there would be only two outputs available, since one of the
three strands.-of glass in the coupler-is devoted to the input. This situation is depicted in
Figure 6.

The purpose of the derivation in this chapter is to obtain a theoretical model of the
optical power in the output generated by a Mach-Zender cptical tiber interferometric

sensor like those in Figure 4 and Figure 5. Of these two, that using the 2X2 coupler at
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Figure 4 Schematic of a Mach-Zender optical fiber interferometer with a 2x2.coupler
at-the input and a 3X3 coupler at the output.
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at the input and-a 3X3 coupler at the-output.

the input is more efficient. As we shall show, this yields a 1.76 dB improvement in
output power.

The model we derive in detail in the balance of this chapter is given by Equa-
tion:(5).

2
I—a’%lﬂl =D+ Eun[.{(t) £ &) - (k-l)%n:. (5)

We shall complete the derivation of the model described in Equation (5) tor the
interferometer whose input is a 2X2 coupler, that of Figure 4. The completion of the

model for the interterometer whose input is-a 3X3 coupler, that of Figure 5, proceeds
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F ighre 6 Michelson Optical Fiber Interferometer with a:singlc‘3x3'obtical fiber coupler
for input and output.
upon very similar lines. most of which are supplied in this chapter.

In Equation (5), & is-an index which can take on the values 1, 2, or 3. It specifies
which- of the three outputs is being considered. D represents a central value, around
which the outputs of the interferometer can fluctuate by =E, at most. Whether or not
they actually reach the two extrema at D+E and D—E depends on the signal £(z). Ifit
has a very small amplitude, then the cosine will not vary much and so the extreme values
will not,.in general, be achieved. On the other hand, if £ has a very large amplitude,
more than %+ radians, in: particular, then the signals are guaranteed to reach both
extrema, possibly many times for each cycle ol £. The term (1) is contributed to the
phase by phenomena which are ot no interest to us.

In an acoustics application, for example, we would prefer that acoustic waves
impinging on the interferometric sensor ve the only phenomena to induce a phase shift
in the light within the interferometer. Acoustic waves are the signals of interest in this
application, and we represent them by £(1). Temperature changes also can induce phase
shifts within the interferometer, although we do not desire this effect. Thus they
contribute to the unwanted phase shift, é(r). We often lind that the frequency of &(t)
is much less than the frequency band of the signal of interest, which makes its elimination

somewhat easier. With proper construction of the transducer, unwanted effects can be
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made to produce the same effect on both legs-of the-interferometer, and:this helps to-

suppress ¢(t), too. In any event, we shall often suppress this term {or mathematical

convenience, and becausc it can be remove~ by filtering, but it.is never truly absent.
In Figure 7 we show sranbe clinree samples of the kind of outputs-described- by

Equation (5). These graphs were drawn by computer. Superimposed over the threé

interferometric outpu - “is a-plot of-the stimulus itself, {(f)=Asin(2nft). This graph is not

to the same scale as ihe other three; it is centered vertically over the middle output for

convenience. For thc purpose of illustration, we chose to let the signal of interest be a.

pure tone (a sinusoid) with- phasc amplitude A=57 radians:. The plot does.not show the
scale of time along the horizontal axis, and so the -choice of the freqzncy f is not
specified. By suitable scaling of the time axis, the plot'will look the same no matter what
f might be. The three plots are offset from one another vertically only to make them
easy to see. The model specifies that they will- all-really be-centered-around the same
central value D,

The choice of amplitude A4 dictates the amplitude cf ¢, of course, but it also
dictates the number-of fringes (completc ¢ycles-of 2 radians, or multiples of 7 in A) in
the three outputs between cach-successive extremum of ¢.

As the stimulus passes through zero (its midpoint), it changes.at its most rapid rate.
Gimultaneously, the-outputs-achieve their highest .instantancous frequencies. When the
stimulus,stops-chan_ging {when it reache$ an extremum), the outputs also stop changing
-and their instantancous {requency dropsio zero. The phase shift is.directly proportional
to . Theinstaniancous frequency-of ti:c-interferometric-outputs is given by the rate of
change of ¢ A Fourier scries (or the -interferometric outputs is presented in Equa-
tion (282) on-page 177. '

In Figure 8 we show another sét of sample graphs. They differ from those of
Figure 7 only-in the different chaice for the amplitude of the stimulus, 4=10.5 radians.

Note that there are mort. {ringes in this second -example than-in the first. Yet the

locations of the points where the instantahcous frequency reaches its maximum and

-where it.rgaches zcro have not changed, since thesc-depend-only. on the frequency f of

the stimulus.
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lFigure 7 Simulation of an interferometric output with a peak phase aimpli‘tudei of 5w
radians.

It is worth-discussing the units of ¢ at this.point. In the previous. paragraph, we
treated ¢ as measured in radians. ¢ is indicative of the amount ol strain on the glass in
the optical fiber-interferometer. The signal of interest, no matter what its natural units,
produces differential strain in the two legs of the interferometer, with a consequent
differential optical path length. The number of wavelengths of differential path length
corresponds to the number of multiples of 27 radians of phase shiit induced in the

interferometric output.
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Figure 8 Another simulation of interferometric output for a sinusoidal: stimulus of
amplitude A=10.57 radians.

B. DERIVATION OF THE KEY RESULT OF THE THEORY

The differential equations which describe the araplitudes-of the phasors within the
2x2 and 3x3 couplers are -given in Sheem [Ref. 12, p. 3865; and Ref. 13,
p. 869]. Before presenting the ditferential equations themselves, we-first. establish some
notation.

The fibers will be-denoted by numbers 1 and-2 for the 2X2 case and 1, 2, and 3 for
the 3x3 case. We shall denote electrical field intensities by phasor amplitudes. The
electrical field phasor a,(z) within liber k is a tunction of position : measured from the

point where light enters the coupler. For instance, a,(z)-is the clectric field in optical
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fiber 1 at a distance z from.the-entry point. The ditferential cquations include coupling
coefficients K, between fibers i and j.° For example, K, is the coupling coefficient
between optical fibers- 1 and 2 within-a coupler. For the 2x2 case, the differential

- equations. given by Sheem arc

da{;iz) + K a;2) = 0 (6)

and
9D | K e =o. ™

For the 3X3 case, they arc very similar:

da,@ | K@) + jKpay(@ = 0 (8)
13 * JKy3a3(2) + jKya,(2) = 0, ®)

and
da;z(Z) * JK;18,(2) + jK3pa,(2) = 0. (10)

If we compare thesc equations with the general result given-in Equation (420)-in
Appendix B on page 279, we may note two differences. Firstly, Sheem [Rets. 12 and 13]
renames Snyder’s [Ref. 20] coupling coefficients C, and brings them to the left-hand side
of the equations as K,. This is a minor difference in notation, which we shall nonetheless

adopt in order to-keep this chapter’s developments similar to Sheem’s.
A more important difference is the dropping of the term JjB;a; in Equation- (420)
on page 279. The effect of the missing lerm is zero in.*, ase-where the three fibers

are identical. [Ref. 14] That they all are identical *  -reascnable approximation in a.

* We assume that K; = K; for all combinations of i and j.
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-3X3 optical fiber coupler. This chapter provides details of the solution of the differcntial
equations where this approximation is valid.

It will be noted that in equations (6) and (7) there is little point in appending
subscripts to the coupling coelficient X;,, so-we shall-replace it with coupling coefficient

K and rewrite these equations as

da (z)
- d

2%

+ jKa,(2) =0 (1)

and

da;(z) + jKa,2) = 0. (12)

Also, in equations (8) through (10) there are:three distinct coupling coetficients. K, K,;,
and Kj;. Strictly speaking. the coupling between each pair of optical fibers in a 3x3
coupler may be different. However,-in order to make the mathematics tractable. we shall
assume that the coetficients all are equal to the same value, K.* This-would obviously
"be a valid assumption-for three [ibers-arranged equidistant from each other, as-if at the
vertices of an equilateral triangle. However, it is not valid for three fibers aligned in a
plane. As it turns out, this assumption leads to a good description of the actual behavior
of the interferometers we¢ have built in the laboratory. A more elaborate theory could
be created treating the coupling coefficients as random variables dependent. on the
position z, something we have not found necessary to get uselul results, but-which might
assist in optimization of a-practical system.
Replacing all coefticients K;; by K, equations (8) through (10):simplify to

daf)_ + jKay(2) + jKay(2) = O, (13)

% Not necessarily equal to the K in cquations (11) and (12).
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da‘;@ + jKay(2) + jKay2) = 0, (14)
and
da‘;&) + jKay@) + jKay2) = 0. (15)
Sheem [Rel. 13,.p. 3865] gives. the solutions to equations (11) and (12) as
a,(2) = a,(0)cos(Kz) - ja,(0)sin(Kz) (16)
and
a7

a,(2) = a,(0)cos(Kz) - ja;(0)sin(Kz).
We can verity that these are indeed solutions by differentiating equations (16) and
(17) and substituting intc-cquations-{1.1)-and (12). Because this is straightforward, we

omit this verification.
The solution to equations (13) through (15) is also given by Sheem [Ref. 12,

p. 869]:
a,(2) = c,e’® + de K (18)
a,(2) = c,e’™ + de’?K, (19)
and
a,(2) = c,e/* + de VK (20)
where
(21)

€ +¢ +e¢y =0

We can verify that equations (18) through (20) are indeed solutions of differential

equations (13) through (15) by taking their derivatives and substituting them into -the




differential equations. Becausc this is straightforward, we omit the verification. Note,
however, that Equation (21) is-useful in-performing the veritication.

Equations (11)-and (12)-for the 2X2 coupler and Equations (18).through-(20) for
the 3%3 coupler are general. Particular solutions depend on the initial conditions. At

the input to our Mach-Zcender interferometer, we have

a0) = A (22)

a,(0) = a,(0) =0. (23)

This represents the situation where a laser of constant amplitude A injects light.into onc
leg of the fiber and the other leg (in the casc of a 2X2 coupler) or both other legs (in
the case-of a 3x3 coupler) are unilluminated.

We shall analyze both these situations before moving on to the-next stage, which
entails taking the outputs {rom cither a 2X2 coupler or a 3x3 coupler and using them
as inputs to a second-coupler, a.3X3 coupler. Either of thesc configurations comprises
a-Mach-Zender interferometer with a 3X3 coupler as an output.

First we consider the casc where the.input to the interferometer-consists of a 2Xx2

coupler. Evaluating Equations (16)-and (17) we get

a,(2) = Acos(Kz)- (24)
and

a,(z) = -jAsin(Kz). (25)

At the outputs of the coupler, z=L and so the average power represented. by these

two outputs is given by

Polllj - l al(ZL) Iz (26)

P = %al(L)a{(L) @7




. P = _42_20052(1([,) (28).
and
S Cl (29)
outy 2
Po = %az(L)az'(L) (30)
P, = %[(-j)Asin(KL)][jAsin(KL)] (31)
P, = i;sin%KL). (32)

The sum of the average power cmitted by each output of the coupler is.a constant, as
should be expected {rom the law of conservation:of energy it the couplers are assumed
to be lossless. (Although couplers arc not 100% lossless, this approximation is quite
good.)

We next consider the case-where the input to the-interferometer consists of a 3x3
coupler. We shall supposc that laser-light of amplitude A is injected-into input 1; inputs

2 and 3 will be left dark. Evaluating equations-(18) through (20) at z=0 we get

a0 =A=c¢ +d (33)

a,0) =0=c, +d (34).
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a,0) =0 =¢, +d. (35)

So
c,=A-d (36)

and
¢, = ¢ = -d. (37

If we sum the three equations (33) through (35) we get

A=c +c, +cy+3d
176 TG (38)
= 3d
where we-once again have used cquation (21). From this, we sce that
i=4 (39)
3
and substituting this into cquations (36) and (37), we get
¢, =A-d
4 A
=4-3 (40)
=24
3
.and
¢, =¢=-d
_ A (41)
3

Substituting equations (39) through (41) into equations (18) through (20) yiclds the

particular solutions




a,(2) = -;-Aef“ + %Ae'fz"‘z (42)

ay(z) = -2aei + Lpgrre 43)
3 3
and
S W IR YY)
a,(z) = ~=Ae/™ + ZAe
? 3 3 (44)

= 8,(2).

Note that outputs 2 and 3 arc identical, which intuitively they-should be, since they have
not yet been distinguished {rom one another in any way -cxcept by the arbitrary
assignment of index numbers to-them.

The average power contained-in output 1 is given by

P _ | al(L) |2
outy ~ —2—_
(45)
_ a,(Lya, (L)
—
Substituting z = L into Equation (42) and rewriting Equation (45) yiclds
Py, = lﬁ(zeiﬂ+e-j2ﬂ)%(2e-jKL,,ejzl:L)
A2 r . .
- g 12ekieit ey ) 6)

2
= -1;—8[5+2(ej3’“+e753 )

We can replace the complex exponentials with trigonometric functions as follows:
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:Pout .
118 2 "

A%s  4cosGKL
-1—8-[ +4 cos(3KL)).

Similarly, the power in outputs 2 and 3 is-given by

o _p B

out, ~ * outy 2

(48)
ay(Lya,(L)
“——

Substituting z = L into Equation (44) gives

e e S

(49) -

_A_Z [l +1-ePKL_¢ -jsxz.]

We can replace the complex exponentials with irigonometric functions as-[ollows:

A? Y (e1*KL g 13KL)

Péut =P, out ———__]
1 18 2 (50)

= Z1-cos3KI]

We now have obtained:cxpressions for the output of both a 2X2 coupler and a 3X3
coupler when they-are provided with a laser input on only one optical fiber. These:are
the conditions at the input of the interferometer. Both outputs of the 2X2 coupler will
comprise a leg of the interferometer. In the case of the 3x3 coupler, we arbitrarily pick
two of the three-available outputs of the coupler for the two legs-of the interferometer.
The third output is not used. To climinatc back reflection into the laser (a cause of
instability in the laser and consequent phase noise), we can put the end of the unused

fiber:into some index matching fluid. Any light cmitted from this strand of the output
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of the coupler will be transmitted into the fluid, from which it will be more. difticult for

it to reflect back into the fiber.

We next derive the conditions under which the couplers split the input-power-evenly

over the outputs. To get an even split, we require that the power out of cach leg of the

interferometer be cqual. For a 2X2 coupler. this-means that

P =P

out, outy*
Substituting Equations (28) and (32) into Equation (51) yields

2 ‘ 2
A% oKL = A—sinzKL.
2 2

2

The common factor i;— can be divided into both sides, so

cos’KL = sin’KL.

This equation is truc-only when

KL=2 +np

(51)

(52)

(53)

(54)

where n is an arbitrary integer. For example, n might be 0, in which case the condition

is that KL=45°. Equations (24) and (25) can be rewritten with this choice of 7 and with

z=1Las

Lout —

>
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a2,oulv = ﬁ

(56)

Other choices for n will result in different signs, and the net effect will be that a,,,, will
either lead a,,, by 90° or vice versa. This is tantamount to'inverting the choice of labels
for the two legs of the coupler. When these two signals are shifted.in phase by some
differential transducer in the arms of the interferometer, this initial static phase
difference will cease to be of any consequence at all since it will-be augmented by other
sources. of phase shift. These other sources include a quasi-static phase shift due to
temperature, pressurc, and other-effects,.and by a dynamic-phase shift-duc to-the physical
quantity we really want to measure with our transducer.

Turning-now to the question ol how:to obtain.even splitting {rom a 3X3 coupler,

we must have

Pp, =P =P . (57)

out, out, out

Note from-Equation (49) that the power in output legs 2'and 3 is equal since the electric
fields in these legs-arc identical. Setting Equations (47) and (50) cqual to onc another,

we get
2 2
%(5 + 4c0s3KL) = i‘g—(l - cos3KL). (58)

Dividing through on both sides by the common factor A%/9 and multiplying both sides by

2 gives

5 + 4cos3KL = 2(1 - cos3KL). (59)
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Gathering like terms, we get

2 -5 = 4cos3KL + 2cos3KL (60)
6cos3KL = -3 (61)
cos3KL = -% (62)

Equation (62) can only be satisfied when

3KL =&t = 1;— + n2n (63)
KL= .% ,p2F (64)
3 9 3

where n is an arbitrary integer. For example, n-might be 0, in which case the conditions
are that KL=40° or KL=80°.

Summarizing what we have to this point, the clectric ficlds from the 2X2 coupler

are given by Equations (24) and (25). The corresponding expressions for the power
contained in each output arc given in Equations (28) and (32). The electric fields from
the 3X3 coupler arc given by Equations (42) through (44). The corresponding expressions
for the power contained in cach output are given in-Equations (47) and (50).

We shall now consider what happens when the light from the input coupler (cither
2x2 or 3x3) travels through the two legs of the interferometer to the outpui coupler
(which is a 3x3 coupler, always). We shall refer to the input to leg k of the output
coupler as a,(z) where z is the distance from the point where leg &k centers the output
coupler. Note that we have redefined the origin of the z-axis. Earlicr, =0 defined the
input to the first optical fiber coupler in the interferometer. Now it defines the input to
the second coupler, the onc which terminaics the interferometer.

First let us consider what happens when the laser light is split by a 2x2 input

coupler. After travelling along the two legs of the interferometer. the clectric fields in




‘each leg will have undergone some amount of phasc shift. Let us suppose-that we™ ¢
configured the interferometer as shown in Figure 4 on page 21.

Output 1 of the input coupler is fedto input 2 of the output coupler. Output 2
-of the input coupler s led to input 3 of the output coupler. Input 1 of the output
coupler is left derk. No matter whether the phase in input 2 of the output coupler
initially led that in input 3 by 90° or vice versa, at the point where the two optical signals
anter-the 3X3 coupler. we can say that the light in the input to leg 2 of the 3%3 coupler
has been shifted through an angle & and that in the input to leg 3 has- been shifted

through an angle n. Thus. the light waves in-these two legs have phasor-representations

a,(0) = Acos(KL)e/*

(65)
= B¢/
and
a,(0) = -jAsin(KL)e'
(66)
= Bge/'l
where
B, = Acos(KL) (67)
and where
B, = -jAsin(KL). (68)

Now-let us cousider the output from a 3x3 input coupler. After travelling along
the two legs of the interferometer, the electric fields in each leg will have undergone
some amount of phase shift. Let ussuppose-that we have configurced thesinterferometer
as-shown in-Figure 5-on page 21. Output 2 of:the input coupler is-fed to-input 2-of the
output coupler. Output 3 of the input coupler is fed to input 3 of the output coupler.

Ortput.1-of the input coupler is left disconnected and input 1 of the output coupler is left
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dark. The light in input 2 of the output coupler initially was-in phase with that in input
3, but at the point where the two optical signals enter the 3x3 coupler, their relative

phases have been shifted.  We can say that the light in the input toleg 2 of the 3%3
coupler has been shitted through an angle ¢ and that in the input to leg 3 has been
shifted through an angle n. These shifts arc partly duc to the quasi-static phase
difference induced by temperature, pressure, and other effects and partly due to- the
dynamic phase shift whick we are trying to measure. Multiplying Equation (43) by the
phase shift e/® gives us the input to the 3X3 coupler. Input 2 of the output coupler thus

has phasor representation

a,(0) = —%Ae"“»r%Ae'fm it
(69).
= Al gt
3
We can remove a complex exponential factor thus:
KLl o3kL_3KL
J=\\ J= =1
a,(0) = —%[e 2*[e 2o 2 }e"”
(70)
al 2 2
= —j%e-j_z- _____—.__e g —¢ : ¢
3 j '

Finally, we can simplify this by replacing the-difference of the two complex exponcntials

by-a trigonometric function.
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R
»

KL

24 . (3KL ;
02(0) = "j?s —2—)8 2 el¢ (71)
= B,el*.
In this equation we definc
KL
—j=
B, = a5 )

which is a different definition than.the one we used when a 2X2 coupler served as the
input coupler of the interfcrometer.

In a very similar manner, we can multiply the equation for input number 3

(Equation (44)) by the phase shift which affects it, /7. This gives us

a,0) = |-Laeks L go2Ktlgin
3 3
L ' (73)
= _jﬁ's' 3KL e ’ 2.gin
3 %2
= Bsei”
From this equation. we sce-that
. B, =B, (74).

If we compare Equation (65) to Equation (71) and Equation (66) to Equation (73),
we see that the form of the inputs-to the ksecondioptical fiber coupler is the same whether
we use a 2X2 coupler or a 3X3 coupler at the input to the interferometer. The only .
difference is in the definitions of B, and B, in each case. For the 2X2 coupler at the

input, these are defined by Equations (67) and (68); for the 3x3 coupler, they are

defined by Equations (72) and (74). In fact, if the input-coupler is a 3X3 coupler, then




Our next goal is to find the outputs of the 3X3.coupler when two inputs receive
light (legs 2 and 3) and one is leflt dark (leg 1), as illustrated in Figure 4 on page 21 and
in Figure 5 on page 21. We will find this:output in terms of B, and-B; so that the results
may readily be applied (o cither of two cases: a 2X2 coupler at the input to the
interferometer or a.3X3 coupler at the input. Earlier, in discussing what happens at the
input coupler, we used L (o denote the length of the coupler. Wesshall continue to usc
this notation herc. but onc should not infer that the length of the various couplers in a
system must be the same. Later, when we combine equations-that include the length of
more than one-coupler, we shall take care to use symbols that distinguish one length [rom
another.

Because the output coupler is a 3X3 coupler, the electric ficld phasors arc-specilied
by Equations (18) through (20).. We would like to find the constants ¢, and d in these
equations, for then-we could-evaluate the equations at z=L, where the light leaves the
terminating 3X3 coupler. Evaluating each of-these equations-at the point z=0, where

signals are injected into the coupler and are known, we get

a0 =¢, +d =0, (75)
a,0) = ¢, + d = B,e?, (76)
and
a,(0). = ¢, +.d = Bye™. (77

Summing Equations (75) through (77) gives

3 3
Y a,0) =3d + kEck
-1

ksl

(78)
= Byel* + Byel".

Making use of Equation (21),
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3
Y a/0) = 34 = Bt + B (79)
So

- B« Be) (80)

Using Equation (80)in Equations (75)-through-(77) lets us calculate the constants ¢;.

¢ +d=c + %[Bze"‘” + B = 0. (81)
So
¢ = -—;—[Bze"" + Bye). (82)
Also
c2 -+ d = Bze/ﬂ¢ (83) ~
SO
¢, Bk - Yoot + B
(84)
1 . .
= E[ZBze"-" - Bye'")
‘Finally,
c; +d = B, (85)
So
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B - %[Bze"" + Bye)

~
w
n

(86)

Lo i .
—-é-[Bze"” - 2B,¢"].

We now have obtained. cxpressions for all-the constants in Equations-(18) through
(20). Fcplacing the constants by these expressions gives us-the ability to-computc the
output power at the end-of the coupler, where z=L.

1 . e i c s
a(l) = -E[Bze"’ « ByelTl/ + E[Bze”’ + Byelle K (87)

This can be rearranged to give

B, . ..jﬁr ,jﬂ .jﬂ B, . .jﬁ j.?ﬁc_l' .jﬂ
—'—:fe"’_ezez—e2 3efte " 2le 2 - 2

a(l) = -3 7
(88)

KL

20 b e o ime 3KLY. 7T

- 5. + B BL)e 2

The complex conjugate of this is
2 1 il KL oy 89)
ay(L) =j-§[Bze""'+ B3e"'{]sin(7]e z, (

We get the power in strand 1 at the output point z=L by multiplying the complex

-conjugates-and dividing by 2.

:a L 2 % .
| f‘(2)| - %ai'(L)al(L)
' ’ (90)
122 p* . R R" o i« nm it lesa KL
- = -il—g) [8232 + B3B3 + 321938’@ n BaBse g "]sm ‘T).
. The same procedure applied to:output 2:gives
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a,(L)

cyel®L + dei2KL

%{23,&4* - Bt %{Bzeu + BgirleRL

This can be rearranged a little to give a marginally improved form.

B, .. . . B, .. . .
a(L) = ?ze"[2e”“ + e VK| - fe"’[e””' - 7KL

The complex conjugate-of this is

The power in this output is-

|20
2

-

‘0 = 2
“0 =5

ot

e ¥2eTKL 4+ 2K - %ﬁe-in[erjﬂ P

DAOIR0

l) B,B,[4+1+267K! +2¢ kL]

32
Y fra-eoms-com

12 ., . i
3) B,B; e/ M2-1-2¢PKL +¢3KL]

2 - .
’%) BB 'f(""")[z,-l+ef3K”—2e'j’KL]}.

(91)

92)

(93)

(94)

We can simplify this expression by replacing certain pairs of complex exponentials with

trigonometric equivalents.
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: L ,2 - R .
| & |- —1%{8582[5’*“08(3"”] + 2B,B;[1-cos(3KL)]

. . : (95)
- B,B; e’(""”[l —2e3KL, -jSKL]
- B,B,e "'(""’)[l +ePPKL -2 'j3ﬂ]}.
Now-we turn:to the last of the three-outputs, number 3.
ay(L) = c,el*t + de 7KL
1 o 1re (96)
= ‘E[Bze'id’ - 2B, + E[B_ze”’ + Byeme 2K,
We can rewrite this as
B, .. .. .. By .
a,(L)- = -?e”’ [¢KL - e7KL] + ¢ [2e/KL + ¢772KL], (97)-

Comparing this with Equation (92). we see that they are identical cxcept that B, and B,
are interchanged, and ¢ and » also are interchanged. This.permits us to write the-power

in output leg-3 by performing the same interchange-on Equation (95).

| D) |* -

: %8{2328{[.1 ~cos(3KL)] + B,B;[5+4cos(3KL)]

s g ¢ (98)i
- B,B, e’(""’?[l‘+e’3“-2_e -JBKL]

- BB 1 26K g L],

Equations (90), (95), and (98) are general solutions to the .power in the three
outputs of an optical-tiber interferometer with one dark input.. ‘Knowing the values-of
B, and B, as well as the product of K and L permits one to find specific solutions as
functions of ¢ and 7.

As mentioned before. once we start to combine results o the analysis of more than:

one coupler, we must be careful-to distinguish between the coupling coefficiens K and
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the coupling interaction lengths L of cach. Our next task-is to perform this combination
for the two ceses where the output 3X3 coupler-gets signals-{rom an interferométer with
either a 2X2-coupler or a 3x3 coupler at its input. We shall-designate as K; and L, the
parameters which apply to-the-input coupler, and-we shall designate as K, and L, the
parameters which apply to-the output coupler. We shall-denote by z, the position in the
input coupler, and as z, the position in the output coupler.

For the 2x2 coupler at the input to the interferometer, we can:therefore rewrite
Equations (65) and (66) as

B, = ay(z) |—:0=0 = Acos(K.L)e (99)
and
Be/" = ayz)|. ., = JAsin(KL)e. (100)

We now-compute the various products of B, which appear in Equation-(90), (95), and

(98). By using the trigonometric-identity
cos(26) = 2cos*(8)-1. (101)
we get
B,B, = A%cos’(K.L)

) (102)
- %[cos(ZKiLi)+1].

By using the trigonometric identity

cos(28) = 1-2sin*(0). (103)




B,B; = A%in’(K.L)
) (104)
A? :
= —2—[1 -cos(2K.L)].
By using the trigonometric identity
sin(26) = 2sin(8)cos(H). (105)
we get
B,B; = jA%sin(K.L)cos(K.L)
(106)
(A2
= j—2-sm(2K_'LLi).
Finally, we can usc the same trigonometric identity Lo get
B;B, = jA%in(K,L)cos(K|L)
) (107)
(A% .
= -j—sin(2K.L).
2
Substituting them into Equation (90) gives
{ Az
7[005(21@,-)*"1]
2 : +A—2[1 -cos(2K.L)]
Ial(Lo) l = 1(2)24 2 o 2 3Kol’o (108)

A psin k 2

2 .
2 2 +j78in(2 K ,L‘.)e’“"” ‘

3

A% (¢
- J—Z-Sm(ZK,L,-)e (-0
In this expression, the braces do not denote a matrix of values. They are used in order
to keep the lengthy summation within from sprawling: across the page. We shall use

braces in this manner whenever it lends clarity to the expressions. We can rewrite the

expression as




2 KD-1)- - ~i(d- 4
G0 EAZ{l - sin(2K;L:)[el(¢ Doer? ")”sian"L"]
2 9 j2 -4 2 (109)
Al . . ,
= —9—[1»-sm(2KiL‘.)sm(¢—n)][l'—cos(3KoL?)].
For the power in the second output leg, we get

%[cos(ZK,.L,.)ﬂ][S +4cos(3K,L)]

1 )
+ 22[1-cos2K.L)I[1-cos(3K,L)]
LY _ A2 2 &l ) | (110)
2 18] _ isi,n(2KiL‘.)ef“"”’[1_ _zeiJKaLo+e'i3KoLa]
2 -

+ ésin(2KiL,.)e'f“’"’)[1 +e Koo FKik]

\

We can remove the factor of 1/2 from within the admittedly forbidding-looking expression
within the brackets,mui,tiply out the terms within the-brackets, and get ready to replace

the complex exponential functions with trigonometric functions.

[ 5cos(2K,L)+4cos(3K L )+5
+4cos(2K L )cos(3K L )+2~2cos(2K /L)
~2cos(3K L ) +2cos(2K,L)cos(3K L )

2| s26002 [ git$-m)_ p-it$-n)
o | 42| +2sinC KrL.-),—z;?— | (111)
2 36 [ J#-1-IKLD)_ith-n-3 LD |
-4sin(2K L. —

( i ()- 2j

2sin(2K, ).ej“-q-;"-@_e-i(¢-n-3K,L.) i

+4810 A, - |

.L,. % |

Summing like terms within the brackets and factoring some terms gives a simpler,

though still quite formidable, form

L) 42f 7+3cos(2K.L)+2cos(3K,L )+6cos(2K,L)cos(3K L) - (112) -
2 36| +2sin@KL)sin(¢-n)-2sin(¢-n+3K,L)+sin(-n-3K,L)][’

This can be further rewritten as
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P

{7+3cos(2K,L) +2cos(3K L ) +6cos(2K,L)cos(3K L )]
[ sin(¢-n) '
LY _ 4 ~2sin(¢-n)cos(3K L)

2 36| +2sin(KL)| -2cos(¢-msin(3K,L)
+sin(¢-n)cos(3K, L )~cos(¢~n)
~cos(¢p-n)sin(3K,L )

§

e (7+3cos(2K, L)+2cos(3K L )+6cos(2K L)cos(3K L )
= — [ sin(¢-n)

\

36| *2s18QKL)  _in(g-n)cos(3K,L,)-3cos(¢-n)sin(3K L)

(113)

Now finding the power in the third output leg is just as tedious as it was to find the

power in the second output leg. We:start with Equation (98). using the products-found

in Equations (102) through (107).

2[cos(2K.L)+1]{1-cos(3K L )]
| ay(L) Iz A2 [1-cos2K.L))[S5+4cos(3K L )]

> 36| - jsinRKL)ES M1 +e" Lo PHE -

"

+ jsin(2K.L)e -i(¢-n){1 -2 Kebo, e'i.?KoLo]

(114).

Multiplying this out and replacing the complex exponentials with equivalent trigonometric

functions gives

| a,(L) I‘l A2 2cos(2KiL,-) +2-2c0s(3K L )-2cos(2K i) cos(3K L )
32 = —{ +5-5cos(2K,L))+dcos(3K L )-4cos(2K,L)cos(3K L)

This can be further simplified to
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+sin(2K,L)[2sin(¢-n)+2sin(¢-n-3K,L ) -4sin(¢-n-3K,L )|
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[ 7-3cos(2K.L)+2cos(3K L ) -6cos(2K L)cos(3K,L )

[ sin(¢-n)- :
| oD _ 42 + sin(¢-n)cos(3K,L,) o 16)
2 36| +2sin@KL) + cos(¢-msin(BK,L) -

- 2sin(¢-n)cos(3K,L,)
+ 2cos(¢- n)sin(3KoLo)_

Finally, we.get the equation

7-3cos(2K.L)+2cos(3K L )-6cos(2K.L;)cos(3K L)

ls®f _ & | sin(¢-n) Lo
2 36| +2sin@KL) - sin(é@-necos(3K L) ,
' + 3cos(¢-msin(3K,L)

At iast we are-in the position we have been struggling toward so patiently. We have

three expressions for the power from each of the three output legs of the 3%3 coupler
at the output of the interferometer. Thesc-very complicated expressions are given in
Equations (109), (112). and (117). We can apply the conditions derived earlier for
couplers which provide even splitting of the power to find several of the sines and cosines

in these expressions. First we usc Equation (54).

= cos2l & + nT
cos(2K.L) cos[2(4 n 2)] |
- £118)
= co§|l— + nx
5

=0.



sin2K.L) = si 2(5 + nZ
4 2
5 i
= sinl— + nn
A
=zl
From Equation (62).
5 1
cos(3K L) = —E.

- From Equation (64),

If we did not use couplers with cvenly split power, or if we used couplers with
imperfections that prevented even splitting from occurring, then these-four trigonometric
quantities would differ, but they stili would be lixed numbers and so could be used to find
equations describing the outpat of the interferometer. A usclul picce of research would

be to investigate the cllects of uneven splitting on the cquations developed in this

chapter.

In order to keep our notation consistent with that of Crooker [Rel. 10, p. 30}, we

shall define two new angles ¢, and §,. We shall define

(119)

(120)

(121

(122)
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We can go through the same process for outputs 2 and 3, also. In-addition tothe

two possible signs ol cos(2K.L) that can occur, we must also account for the two possible

signs of sin(3K,L ) which can occur, since thisvexprcssion appears in Equations (112) and
(117). First we consider the casc where sin(2K.L) = +1 and sin(3K,L) = g For'the

power from output 2. we substitute Equations (118) through (121) into Equation (112).

| &, [
2

2 .
446 + 2sin(@-n) + sing=n) - 3y3cos(d-1)

_A% L1 3
ol {1 sm(¢ 1) 5 cos(¢- n)}

A Dy - By
- {1 2cos(fa), 5 sm(fa)}

ﬁg{l + cos(f a+§1t)}.

For the power from output 3, we substitute (118) through (121) into-Equation (117).

(126)

|a,® [*
2

- A2{7 1 + 3sin(¢-n) + 3y3cos(¢-1)

1. o . V3 _
Esmw n) 5 cos(¢ n)}

i
o™,
p——b
+

(127)

! [ >
1

%COS(E,,) + —‘/Zzsin(fa)}

oo 2}

a3 ol

—_—
+

Next we consider the change to Equations (126) and (127) when sin(3K L) = -?.




] 2 7
[aD | _ ‘Az{l - Loos(e) + ‘Bsiﬂ(fa)}
: (128)

2 6l 2 ¢ 2
A s eodE -2
) 6{1 ““(5“ 3")}
L} 42
'—“‘%—)l : é6—{1 - Jeos(£) - {ésin(fa)}
| (129)

- ofe)

By comparing these two equations with Equations (126)-and (127), we sec that.the effect

of this change is equivalent-to interchanging legs 2 and 3 in its effect on the outputs.
Next we consider the case where sin2K.L) = -1 and sin(3K L) = +i25-. For the
power from output 2, we substitutc Equations (118) through (121) into Equation (112).

|aD [ _ 42

- = 206 - 2sin(@-m) - sin(@-m) ~ 3yBeos(g-n)
AL 1 Boen
=% {1 2sm(d> m 27008(4’ n)}

(130)

= A_2 - _1. + ._\'3 1

= % {1 2cos(é’b) 5 sm(fb)}
A? 2

= —g-{l + cos(fb-gn)}.

For the power from output 3, we substitute (118) through (121) into Equation (117).
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a.(l) |2 2 :
L5OT - £ - 1 - ssiag-m + 3/cost9-1)

2

= : -1" - +-\/—§ -
= {1 2sm(4> )] 2°OS(¢ n)}

o™

(131)

5.l

il - %cos(fb) - -—?sin(fb)}
2 s{ 2
{1 + CO! \Ef—f};n)}.

By comparing these two equations with Equations-(126) and (127), we see that the

NSNS

effect of this change is cquivalent to interchanging legs 2 and 3 in its effect on the
-outputs.. However, we had to redefine the phase origin (the point where phase is deemed
to'be zero). This should not disturb us, since the choice of origin is entircly arbitrary to
begin with. A signal exhibiting periodic characteristics will take on every possible value
of phase over time. so redefining the phase -origin is akin to waiting -a while before
looking at a-signal, and-it-docs not -affect the appearance ol any of the signals.

By this time, it should be clear that the final condition, namely
sinK.L) = -1 and sin(3K L) = -"/75 (132)
will not change matters, but for completeness, we provide the cquations anyway.

L 12 ,
|&®F ’—‘3{1 - Leostey - —‘/2—§-sin(¢'b)}

2 6

o)

(133)
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- :6~l 2cos(é’,,) 2'sm(f,,)

o)

This exhaustive consideration of all possible conditions which mect the criteria for

(134)

couplers-with even split ratios shows-that a reasonable-model for the-three outputs of the
‘Mach-Zender optical fiber interferometer constructed with a 2x2 coupler at the input
‘and a 3x3 coupler at the output can be given by the following equation. In -this
equation, the index k is an index to one of the three output legs. It can take on the

values 1, 2, or 3.

Iak(zL) P €{1 . °°+5 ) (k—l)%n]}- (135)

This equation represents the culmination of this very lengthy chapter of tedious.
‘mathematics. Even so. this model is not quite right. That is. it does not describe the
actual behavior of a real optical fiber interferometric sensor precisely. Wherein lic the
differences?

Firstly, this-equation is based on the presumption that there are-no losses in the

o , e : A%
couplers or fibers. Since there arelosses in areal interferometer, the leading cocfficient >
-should be replaced by whatcver amount of power does arrive at the output. We shall call
this amount D. As stated in the Table of Symbols at the beginning of this dissertation,
the units of D will vary, depending on the context. When we arc speaking of optical
power, D will be measured in watts. When the received optical power has been
converted to a current by its action on a photodiode, D will be measurcd in amperes.
When the current has becn converted to a voltage through the action-ol a transimped-
ance amplifier, then D will hc measured in volts. However, the form. of the moditied

model we arc developing herc will not be altered.
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A second reason for the inaceuracy ol the model considered here is-our failure to
include a consideraliimfol' the polarization of the recombined light-in our cquations. We
have assumed that the two combining beams can be tully parallel or fully anti-parallel,
which-implies that they-both have the same amplitudes. (If the polarizations are anti-
parallel, an additional phasc shift of # radians occurs.) In practice, due to different
degrees of attenuation.in cach-leg of thc interferocmeter, imperfections in the couplers,
and rotation of the polarization of cach beam, this will not'be the case. The result of this
is that the intensity of the -interferometric output will not wander through-the {ull rangc
from-0 to D, but from somewhat above 0-to somewhat less than B. Putanother way, the
coefficient of the cosine in the above equation:needs to be.reduced from 1 to some lesser
value. We shall define a new. quantity, E, measured in the samc;unils as-D. This new

.quantity is defined implicitly by the following modified model.

I_a%)lz = D{l + —IESCOS{E - (k.:l)g,t]}_ (136)

We call the fraction E/D the fringe depth.” Multiplying this out gives

> D+Ews[£ (*k 1)31:

(137)

The three signals.represented by this equation vary around a central value, D, by =E, at
most. Whether or not they actually reach the two extrema at D+E and D—E depends
on the signal £. It it has a very small amplitude, then the cosine will not vary much and
so the extreme values will not, in general, be achieved. On the other hand, if £ has a
very large amplitude, morc than 4 radians, in particular, then the signals are guaranteed
to reach both extrema.

It is worth discussing the units of £ at this point. As we tacitly assumed in the
previous paragraph, £ is measured in radians. It represents the amount ol optical phase
shift due to strain on the glass in the optical fiber interferometer. So the signal of

interest, no matter what its natural units, produces ditferential stretching ol the two legs

7 Note that other authors may apply this terminology to diffcrent quantitics.

57




of the interferometer. The number of wavelengths of differential stretching corresponds
to the number of multiples of 27 radians of phase shift induced in the interferometric
output.

In the equation as written, therc-are only two contributors to the phase shift. One
is the signal of interest. The other is.the choice of an output leg. However, as the
earlier lengthy discussion ol shilting the phasc origin made plain, we are free to choose
any origin we like, and only the difference in phase between the output of one leg and
another is-of importance.

There are other contributors to-the phase. For example, changes in temperature
and pressure may stretch the glass or permit it to relax, even il they are not the
phenomena we want our scensor to detect. These additional Factors usually vary slowly
with time, although this-is not necessarily so. If we lump them together into a single term

&(r), then we can write the cquation which describes-our complete model.

2
LaizL)J- =D+ Eccs[é‘(t) + ) - (k-l)%n. (138)

This use of the symbhol ¢ is not be contused with its earlier usc to describe the shift in
phase of the light in one of the two legs of the-interferometer (the other was 7).

One final observation about this model is in order. It is assumed that D and E are
equal for-any choice of output leg (1, 2, or 3). In practice, cach output leg has its own
value of D and E. Having noted this fact, we shall continuc to use the approximation
that they all are equal because of the simplicity this assumption cntails, and the fact that

it is a fairly good approximation.

C. SUMMARY

In this chapter we have applicd Sheem’s methods of analysis to the particular case
where an-optical fiber interferometric sensor has either a 2x2 coupler or a 3x3 coupler
at the input and a 3X3 coupler-at the output. We have derived-a mathematical model
which will allow us to design demodulators to recover the signal-of intcrest. We have left
numerous quantities in the cquations as parameters so that further research might more

readily ascertain their importance. For cxample, the degrec to which the interferometric

58




outputs depart from a 120° -phase difference from cach other as the product of coupling
coefficients and.interaction length varies from the.ideal. In the:next chapter, we describe
the construction of an optical fiber interferometric-sensor suitable for providing inputs

to experimental demodulators in the laboratory.
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IV. CONSTRUCTION OF A 3x3 OPTICAL FIBER INTERFEROMETRIC SENSOR

In this chapter, we discuss the construction of an optical fiber interferometric sensor
which we built in the laboratory for the purpose of providing signals with which to
operate the three demodulators we investigated in our research.

Up to'the time when we built this optical interferometer,.we had been constrained
to using simulations-of interferometric outputs. One simulation was provided by a set of
three Analog Interferometric Simulators. These were limited in the amount of peak
phase shift they could deliver to-around 2 rad, although the Analog Devices AD639 on
which they depend permit £500°. Exceeding about 2 rad led Lo increasingly apparent
distortion in the waveforms delivered by. the simulators. Since the newest clasi of
interferometric sensors can casily generate optical phase shifts-far in cxcess of thissmall
value, these simulators werce only suitable for the -most rudimentary work.

A second simulation was _provided by a Digital Quadrature Phase Shift Modulation
Simulator. This simulation could casily achieve phasc shifts of several hundreds of

radians. Unfortunatcly. it was only able to produce squarc waves-at its output. Thus the

outputs were not very good replicas of the output of an optical interferometer, which cédn-

generate a-continuous range of-output amplitudes, not just twe of them.*

A.  APPLICABILITY OF THIS SENSOR

One of the chief purposes ol building optical fiber interferometric sensors is to
avoid the need to have clectrical signals in inaccessible locations. Eliminating the need
for-electrical signals permits reductions in weight, cosi, and susceptibility to clectromag-
netic interference (EMI). The sensor we have built for experimental purposes is a
voltage sensor. Clearly there is no.avoidance of the presence of clectrical signals in a

sensor which derects clectrical signalst Howecver, the benefit of great sensitivity is still

¢ For the Fringe Rate Demodulator, squarc waves werce no limitation at all, since this
demodulator makes interfcrometric outputs square before it processes them anyway.
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present in our sensor: very small-changes i the size of the piczoclectric cylinders create
a-noticeable ~,o§tical— phase shift in the sensor’s interferometric -output, so quite small
vé;_[tages can be detected. When we discuss the performance of the Symmetric Analog
Demodulator, for-example. we shall see that it can detect voliages of 22 yVina I Hz
bandwidth and has a dynamic range of 115 dB (in the same bandwidth) at a trequency
©f 600 Hz. The most.aitractive feature of our sensor is its easc-ol operation. Voltage
sources are easily controlled, so we can generate optical phase shift of controllable
amounts with this sensor. It is an_cxcellent tool for the kind of rescarch we conducted

into demodulation.

B. DETAILS OF CONSTRUCTION

Our interferometer was physically laid out as-shown in the diagram in Figurc 9. A
single voltage signal is applied in opposite polaritics to cach of two Channcl 5500
piezoelectric cylinders. This causes one cylinder to expand-while the other-contracts. and
vice versa. The fibers are wrdpped-around each cylinder with constant tension. Therc

are 9.099 m of 125 pm single-mode optical fiber in each leg, as measured from the 2x2
‘ coupler’s output to the 3X3 coupler’s input. The actual length is not critical, so long
as the two lengths arc within a few ccntimeters of being the same.  As one cylinder
expands, it applies a strain to its fiber. At the same-time, the other cylinder is contracting
and its fiberis relaxing. The first fiber experiences an increase in its optical path length;
the other fiber-experiences a reduction in the optical path length.

Figure 10 shows the details of how the cylinder was clamped onto the mounting
brackets in such a way that it could still respond to the applied voltage without undue
mechanical interference from the mounting hard ~are.

To apply a constant tension to the fibers wrapped on each cylinder, we used the
apparatus shown in Figure 11.° For our purposes, the amount of tension was not
signiﬁcant, Our desirc was simply to cnsure that the tension was a constant so that

uniform expansion and contraction of the cylinders would produce uniform increases and

? The author would like to thank Dr. David Gardner for showing him this technique
of ensuring constant tension in the fibers.




Voltage Piezoelectric Voltage
Input / Cvinders Input

e

Laser

Aluminum
Baseplate

Figure 9 Physical layout ol an optical fiber interferometric sensor of voltages.

decreases in the strain on the optical fiber wrapped around them.

The 2X2-optical tiber coupler we used was an Amphenol Model 945-122-1002. It
is specified for a wavelength of 820 nm, although we operated it at 830 nm. As we said
in Chapter III, the split ratio of the coupler is equal in- both legs (measured by the
manufacturer as 47%-53%), and the coupler is bidirectional. The excess loss is specified
at below 1.0 dB (mecasured by the manufacturer as 0.59 dB).

The 3X3 coupleris 2 Sifam Model Special 33S 82C. It is specitied for a wavelength
of 830 nm. It also has equal splits in all three legs, if only one leg is used for input. Of
course, in an interferometer this condition is not met, and so cach output is different, as
discussed in detail in Chapter 1II. The manufacturer measured the split ratio as shown

in Table II. Our own mcasurements are shown in the samc table, We made our
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Figure 10 Dejtail of the asseml;ly, of thcizii)iezoeleétric cylinders with fiber wfappcd a;;ound
them. -

Table [I Split-ratios of the Sifam Model Special 33S 82C 3x3 optical fiber coupler
(S/N 01150).

Output -~ Output
1| 2 | 3 TETHERE
3% | 3% | 3% L I 21% | 31% | 36%
mput | 2 || 35% | 31% | 34% 2 | 34% | 219 | 30 |
3 | 33% | 3% | 3% 3§ 3% | 5% | 4% |
Sifam’s Measurements Our Measurements’

measurements by applying a known current to -the laser diode. a Sharp:LT-015 whose
wavelength in a vacuum is 830 nm laser (560 nm in glass). This laser was repackaged by

Seastar as a Model PT-450. To measure the power from cach leg, we fused the laser




Holder == % I Piezoelectric

/ .\.f Cylinder

Adhesive  Table

Weightwith | Tension
Pulley

Figure 11 Apparatus used w0 obtain constant tension in the fiber Qrappcd on the
cylinders. The fibers were wrapped by hand.

diode to each input leg in turn. For each input, we successively placed a different output
leg into a slotted cylinder which we then inserted into a UDT Model 255 Photodiode with
a barrel receptacle. A BNC connector on one end of the Photodiode was then mounted
directly into the mating BNC connector on a UDT Model 550 Fiber Optics Power Meter.
We did not calibrate the meter lor operation at 830 nm. Since we werc only interested

in measuring the relative transmissivity of each leg, this omission is not a flaw in our

technique. The chict elemcnts of variability in this technique are:

1.  The transmission of the fusion splice in each case is different. but since the total
power is measured [or each splice, this is not significant:

o

The insertion of an output into the slotted cylinder and its placcment in the
detector barrel is imprecise. but the UDT Model 550 is a large-arca detector
and hence does not require precise alignment.




The measurements at cach of several laser diode currents were averaged together
to yield the results shown in the left-hand half of the table. The agreement is only fair
with the manufacturer’s measurcments. Hopefully the manufacturer’s technique was
somewhat less variable than was ours.

The 2X2 coupler had about 10 m of fiber attached on two leads; the other two
leads had only about a meter of fiber attached. The 3% 3 coupler had only about 1 m of
fiber on each end of its three legs. We recommend obtaining them with as much fiber
already attached to them as will be needed in the sensor where they will be used. This
will permit the number of fusion splices to be reduced. Since each splice raises the
possibility of more reflections, more transmissive loss, and more of a nuisance generally,
th'z is a very useful reduction.

We used a Sumitomo Type 11X Fusion Splicer to splice our fibers together. It
provides a microscope tor precise positioning of the bared fiber prior to fusion by electric
arc. This jparticular splicer does not permit a very large range of adjustment in the
position of the fibers laterally and-vertically, so it placement is not quite good in-advance,
it-is very difficult to get it right without starting over again. As a consequence, splicing
can consume a large amount ol time (and did so).

A good way to check on the success of a splice is 1o shine light (we used laser light)
through it before the fusion occurs. The far end of the receiving fiber can be connected
to a photodetector and thence to cither a power meter or an oscilloscope. By adjusting
the position of both ends of the fiber to be fused, we can maximize the received power.
We found that alternating between adjusting lateral position and vertical position enabled
us to find the optimum position tairly quickly, if the optimum position could be reached
at all by the-adjustment controls on the fusion splicer. After fusion occurs, there should
be more power received than -before the fusion (by 0.5 to 1.0 dB). If this 1s not the case,
then the fusion splicc was poor. The fiber should be broken, the buffer should be
stripped again, the ¢nds should be cleaved once more, and the tusion splice should be
repeated.

To make Mach-Zender interferometer with legs properly matched in length requires

considerable care. Supposc cnough fiber has been attached to the input coupler to form




the two legs of the interferometer. One of the two:legs can be spliced to an input leg
of the output coupler without too much trouble if we monitor the power transmitted
through the leg both before and after splicing it to the output coupler. The connection
of the remaining leg to-the output coupler is considerably more-difficult. Light passing
through it also passes through the already-completed leg, since they are effectively
connected together at the input coupler. When we bring the remaining leg close to the
output coupler 'n order to splice it to the coupler, two coherent beams recombine,
producinginterference. No longer is there a constant power level from the coupler. This
complicates the task of linding the -optimal position of the remaining fiber prior to
completing-the second fusion splice. However, one can still search for the placement of
the fibers-which gencrates the maximal fringe depth.

A bigger problem occurs if this second fusion splice fails. In this case, the second
leg will be shorter than-the-first. It generally is necessary to break the first leg-again in
order to ensure the lengths arc equal-(or nearly so). We recommend acquiring some
practice and skill in performing fusion splices before tackling this tedious task.

Urgon the completion of the construction of our interferometer, we placed-the three
output fibers of the terminating 3X3 optical fiber coupler into three slotted cylinders.
Each of these was in turn inserted into a mounting barrel with a photodiode within it.
We had two CLD42163:photodiodes and one CLD41461 photodiode available, and so we
used them. Without calibrating the UDT Model 550 Fiber Optics Power Meter for
operation at 830 nm, we measured the responsivity of these photodiodes as 370 mA/W
for the two identical photodiodes and 362 mA/W for the odd one. Since we did not
perform a calibration, these results are not likely to be accurate, but accuracy here was
not crucial-to our development of the demodulators. Our purpose was-to develop an
understanding of thc factors which affected performance, not to-optimize the perfor-
mance. For fine tuning of the performance, however, the responsivity of the photodiodes

is an important parameter of operation because it determines the amount of current

delivered-to the receiver stage.
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C. SCALE FACTOR OF THE INTERFEROMETER

Our interferometer produces a very highly linear optical phase shift tor an applied
voltage. We used an HP6624A DC -Power Amplifier to boost the output of an
HP1314A Function Generator from an amplitude of 10 V maximum to an amplitude of
60 V maximum. For convenience, we adjusted the gain of the power amplifier -to
approximately 10. This amplified signal was then applied.in opposite polarities to each
of the piezoelectric_cylinders in‘the interferometer. The upper photograph in Figure 12
shows -the three outputs ol .our interferometer for a sinusoidal input with amplitude
2.79 rad. The lower tracc shows the elliptical Lissajous figure which results when two of
these are fedto the X and Y inputs of an oscilloscope.

The Lissajous figurc clos¢s on itself, retracing the same elliptical pattern, if an
optical phase shift amplitude in excess of 7 radians is generated by the interferometer;
otherwise it is-open. We found-that -after closure had occurred, it was easy to see the
ends of the traces and so count the number of closures as the applied voltage was
increased. We noted the voltage for each such closure, which represented an additional
 radians of optical phase shift. A summary of our observations is shown in Table I1I and
Table IV.

If we apply a linear lcast-squares [it to-these ¢ata, we find the relationship between
nominal voltage displayed onthe front panel of the HP3314A and the optical phase shift

delivered by the interferometric sensor. is given- by the following equation:
Aour =(34-2910-02 %Q)Vm + (-0.64:0.08 mrad). (139)-

We shall make extensive usc of this highly linear relationship in further chapters in order

to infer the output optical phasc shift from a selected nominal input voltage.

D. SUMMARY

In this chapter, we described in detail the construction of an optical fiber
interferometric sensor suitable for providing inputs to experimental demodulators. We
found that this scnsor gencrates output optical phase shifts dcpendent on an input

voltage with a high degrec of linearity. In the next chapter, we describe the design of the
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Figure 12 Upper trace: oscilloscope display of three interferometric outputs resulting
from a sinusoidal stimulus (also shown) of amplitude 2.79 rad. Lower trace: two
interferometric outputs on an XY plot generate a Lissajous ligure.
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Table III' Measurcments to determine thc amount of optical phase shift output by the
interferometer for a given voltage on the signal generator (one through 40 closures of
the Lissajous pattern.)

Number of Number of
Closures of Nominal-lnput |- Peak Output Closures-of | Nominal Input | Peak Output
the Lissajous Voltage Voltage the Lissajous Voltage Voltage
; Figure Figure
o 91 mV 80 mv 21 195 V 18.65 V
I 2 182 mV 1758 V 2 204V 1952V
3 276 mV 2667 V P 214V 2048 V
4 368 mV 3557V 24 2BV 2134V
5 359 mv 1439V 2 232V 225V
6 552 mV 533V 2% 241V PERIRY
7 6+ mV 622V 27 250 V 2397V
8 734 mV 710V 28 250V 2483 V
9 827 mv 800V 29 268 V 2570V
10 920 mV 890V 30 278V 26.66 V
Y 102V 9TV 31 287V 2152V
12 L2V 107 V 32 296 V 2838 V
13 121V 116 V 33 3.05 V 29.25°V
14 130 V 124V 34 3V 3009 V
15 140 V B4V 3 33V 30.96 V
16 149 V 424V 36 333V 3193 V
17 158 V 1510V 37 32V 278V
18 167 V 1597 V 38 351V 3364 V
19 ERAY 1693V 39 360 V 451V
20 186 V 1779 V 10 369V 3537V
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Table IV Measurements Lo determine the amount of optical phasc shift output by the
interferometer for a given voltage on the signal generator (41 thmugh 79 closures of the

Lissajous pattern).

Numbé? of l Number of
Closures of Nominal Input | Peak Output Closures of { Nominal Input | Peak Output
the Lissajous Voltage Voltage the Lissajous Voltage © Voliage
Figure ) Figure
4 378V 3623 V 61 561V 536V
IL a2 387V 37.09V 62 570 V 544V
3 397V | 3806V & 59V 553V
4 406V 3892 V " 589 V 563 V
45 415V 3977V 65° 591V 5.1V
46 124V w063V | 66 6.06 V 580V
a7 433V N9V e 66V 588V
e 342V 236v || 6 625 V 597V
49 151V B2V ) 633 V 605 V
50 160 V HOBYV 70 642V 614 V
51 469V HOV 7 651 V 622
52 178V 1585 V 72 661V 632V
53 188V %IV o3 669V 639 V
54 49TV ysv | 0w 678V 648 V
55 506V 184V 75 688 V 658V
56 515V 92V 76 697V 666 V
57 525V 50.1 V 7 706V 675V
58 534V 511V 8 715V 683 V
59 542V 518V 19 725 V 693V
lL 60 551V 526V '
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first of three demodulators which we consider in detail in-this dissertation, a tringe-rate

‘demodulator.




V. DESIGN OF A FRINGE-RATE DE #2DULATOR

A. INTRODUCTION

] The method of fringe-ratc demodulation was discy. « I at some:length in Crooker
[Ref. 10] and Crooker and Garrett [Ref. 11]. The.funda.:.c.ital ided is to take two of the
outputs-of an' optical fiber -interferometiic sensor terminated by a 3)53 optical fiber
coupler;.convert them to two square waves, and measure-the irequency of: the modulation
of:the optical'wave with a-frequency-to-voltage converter. By integrating:this-result over
time, we can recover the signal. An ambiguity results from-the use of this scheme. We
shall éxplain:presently how this can be eliminated. A limitation inherent to-theitechnique
is- that phase amplitudes of less than-one half fringe (x7 rad) cannot be recovered

successfully;

B. THEORY

When.the signal of"interest is strong, it induces.a large peak-phase shift in the light.
At the moment that the signal peaks, however, the instantaneous trequency of the output
is zero. Conversely, when Lhe signal is zero, the output is changing mort rapidly. This
corresponds to a large instantancous peak frequency-of the interferometric output.

To see this, consider the-mathematical form of the interferometric output x(z) for

a single input tone of frequency f. That is, if () represents a signal of interest
&t) = A sin(wt) = A sin(2xfr), (140)

then we may use Equation (5) of Chapter III to obtain
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x(t) = D +EcosAsinQ2xft). + ¢). (141)

Irithis expression, the phase ¢ includes the phase terms due to choosing a-par.dcular
6utput of the'interferometer as well as all the extraneous influénces on phase mentioned
in-Chapter III. Recall‘that D is the central value around which the output waveform-
varies, E is the peak departure of the interferome:ric output from D; A:is the phase
amplitude of the szput, fis the frequency-of the signal of interest, and ¢ is the-time. Thc
instantaneous frequency of the output in hertz is defined as thc derivati. of -the

argument of the cosine function with . respect to time, divided by 2.

N W {C R Afcos(2nft). (142)

f INSTANTANEOUS 2% dt 21

Here; we assume that the derivative of the phase term ¢ is small and can be
neglected. 'Whenever the.extraicous contributions to the phase shift-are of a quasi-static
nature, this is a reasonable assumption. The instantaneous frequency is maximal when:

the:cosine-in the derivative given by Equation (142) reaches a peak, that is, when
Zﬂﬁ = nr (!‘;3)

where n is an integer. This occurs when thc sine in the interferometric output of

Equation (141) is zero, since
sin(nm) = 0, (144}

that is, when the signal of interest passes through zero.

If we can convert the instantaneous frequency to a voltage. then we need only
integrate-it over time to recover the signal £(p), in effect, reversing Equation-(142). The
chief difficulty in this scheme is not the conversion of frequency to voltage, since
integrated circuits to perform this function are readily available. Rather, it is the fact
that a high instantaneous frequency occurs both when £(f) is rising and when it is falling.

Y etfrequency-to-voltage converters do not give different outputs for these two situations.

We alluded to-this problem in the introduction to this chapter.




We would like our converter Lo give, say, a rising output when the instantaneous
frequency is high and when £(¢) -is rising. With-this choice, we-would ai’so like it-to give
a falling output when. §(¢) is falling. Succinctly, we need to distinguish between two
distinct situations, both ol which give rise tohigh voltages from a frequency-to-voltage
converter. If the voltage [rom the frequency-to-voltage converter-can range from 0-V
to, say, V., then we would like to invert this range on alternatc cycles to 0 V to —Vy,y.
Crooker’s method calls for the use of an optional inverter to do this.

The use of a 3X3 coupler at the interferometer’s output -provides enough
information to make it possible to distinguish between a high-instantancous frequency due
to a rising signal of interest and a high instantancous frequency due to a falling signal-of
interest. In its simplest form, the method uses two-ol the three available outputs and
determines which onc lcads and which one lags the other. From Equation (5) in

Chapter IIl, the 3x3-coupler generates threc:outputs of the form
x(0). = D+Ecos[£(t)-(k—1)-§ 7:] (145)

where £(1) is the signal ol interest and & is a index which can be 1, 2, or 3. Here, wec are
igroring the additional phasce shifts due to extraneous influences such as pressure and
temperature.

rigure 13-is a block diagram of a Fringe Rate Demodulator. Without any loss of
generality, we can arbitrarily select two of the-three outputs of the interferometer, say
x,(t) and x,(¢), as two channels of input to the Fringe Rate Demodulator. With this
choice, Equation (145) implics that when £(¢) is increasing, x,(¢) leads x.(r) by 120°. But
when £(t) is decreasing, x,(f) leads x,(t) by 120°. A comparablc situation obtains no
matter whichi pair of outputs we select.

We shall put both ol these.signals through comparators so that the result is either
a logical 9 (0 voliz) or a logical 1 (5 volts). One of these logical signals we now label 7
(for in=pnase) and thc other ¢ (for quadrature). This terminology is somewhat
anachronistic, since the term “quadrature” generally refers to 90°, not 120°. Crooker

[Ref. 10, p. 54] discovered that fringe-rate demodulation is largely insensitive to this fairly
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Figure 13 Block diagram of a Fringe Rate Demodulator.

large difference -in- phase angles. So although the [ringe-rate -method originally -was

conceived of as operating when a 90° phase difference werc present, phase differences

-of 120° work perfectly adequately.

We now develop the Boolean logic which permits the determination of whether /
leads Q, or vice versa. The resultant logic is ditferent {rom that given in Crooker
[Ret. 10] and Crooker and Garrett [Ref. 11]. Our purpose in altering her equations is
to facilitate the programming ol a programmable logic array (PLA) to-contain all the
logic, rather than using discrete logic integrated circuits. We made use of an Altera
EP310 Erasable Programmable Logic Device (EPLD), a torm of PLA which can be
erased under ultraviolet light and reprogrammed. This characteristic is useful in the
design of prototype systems. '

We also modilied Crooker’s approach trom one using synchronous, clocked logic

to one using asynchronous logic. This permitted more rapid transitions ol the outputs to
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new states, which reduces the lag in-recognizing that the signal which was leading before
is now lagging, and-vice versa.
We assume that /-and Q cannot both make a transition simultancously. That this

is true is.implied by Equation (145),-for there is no angle ¢ such that
20
cos($) = cof #37] =0 (146)

The goal of the circuit is to produce a-lead-lag decision signal LL which will take on the
‘value 1 when I leads Q and the valué 0 otherwise. The PLA will store the.most recently
computed value of LL in an internal-flip-tlop, present it as an output to the circuit, and
use-it to. determine the next value of LL.

In addition to computing LL, the-circuit must-storc the most recent values of  and
Q-internally, since these have a bearing-on the determination of the next value of LL.
These values we shall call /,,,,, and Qop- Like LL, they will -be stored in flip-flops
internal to the PLA. The EP310 requires that all computed values be presented as
outputs to the circuit, so LL. /5. and Qyyp will be available as outputs.” Of course,
we want LL as-an-output in any case so that it can provide the lead-lag decision to the
optional inverter.

If we were using synchronous logic, LL, I, , and Q,,,, would only change when the
clock signal permitted them o do so. Because we-are using asynchronous logic, however,
this is not the case. Instead. they swiftly take on new values in response to changes in
the inputs. For the brief interval during which the old and new valucs ditter, transitions
must be taking place. Theretore we must take care that transitions in the outputs never
give wrong results, even momentarily. In this case, there arc two desired outputs. One
is the signal LL (for lead-lag) which will be 1 if I leads Q and which will be 0.if Q leads

" I. The second output is a pulse train whose state changes whenever / or Q changes state.
This pulse train provides the frequency input to a frequency-to-voltage converter. Since

one cycle of I corresponds o the passing ol one fringe (2w radians), and likewise for Q,

' We do not show I, and Q,, , in the block diagram ol Figure 13.
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we can generate two cycles of output for each fringe in this manner. This has the
advantage of permitting sligﬁtly smaller phase shifts to-be resolved by the fringe-ratc
demodulator. Theoretically, one can-accept an.interferometric output with as little-as
+7r/2 radians of phase shift with this mcthod. If the third-output of the interferometer
were incorporated-in the logic, a more rapid pulse train could be gencrated, and this
would lead to a minimum resolution. of +7/3 radians of phase shift. In practice. these
‘minima are not sufficient: onc needs a number of fringes before reasonable fidelity-in
the reconstructed wave can-be achieved.

Figure 14 contains a Karnaugh-map of the digital logic nccessary to generate LL.
1,,p is the value of the in-phasc channel which-was observed most reeently. Q,,p is the
value of the quadrature channel which was observed most recently. [ is the current
(incoming) value of the in-phase channel. Q is the current (incoming) value of the
-quadrature channel. LL,,,, is the last computed value of the lead-lag signal which the
circuit generated. The new value of the lead-lag signal, LL. is determined by looking up
in the Karnaugh map-that value which corrcsponds to the tive inputs: LLyyp, Loy p. Qorp-
1, and Q.

‘For example, suppose that the circuit’s most recent output tor LL was 0, which
means that at the time when LL last-was determined, the in-phasc channel was lagging
the quadrature channel.” Il it so happened that /,,,=0 and Q,,,=1. then. since the
in-phase channel was lagging before, we expect it to [ollow the quadrature channel to |
very soon. If this happens. then /=1 and Q=1 after the transition occurs. As the table
shows, this implies that the in-phasc channel still lags the quadraturc channel, so the new
output LL should remain (. But suppose, instead, that Q reverts to () without / ever
having gone to 1. This means that the quadraturc channel is now lagging the in-phase
channel. Since the new values of the channels are I=0 and Q=(), the Karnaugh map

shows that the next value of LL should be 1.

’

" This mecans that the in-phase channel changed after the quadrature channcl

changed.
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Figure 14 Karnaugh map ol logic necded to generate LL.

All other entries in the Karnaugh map werc filled out in a similar manner. The
symbol X shows transitions which we do not expect ever to oceur. The underlying
supposition is that the in-phase and_quadrature channels cannot both change at the same
‘time, an-assumption we have alrcady discussed. The tour logical cquations of the EPLD
are as [ollows.

LL={I ATy AQ)V (T ALL A Q)
VIAQA Qo) V(T ALL A Q)
VIALL,AQV (o ALLAQ

V(o NLLAQV [T A QA Qpp)s

(147)
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four = I@Q: ) (148)

Iow = 1, (149)
and
Qo = @ (150)

_ The symbol A-mean logical AND: the-symbol-V means logical OR; and the symbol
@ means logical EXCLUSIVE-OR. These logical operations are defined more precisely
in the Glossary.

C. DESIGN

We shall deter until Chapter IX the specitics of the design of a receiver to convert
the interferometric outputs-into voltage signals. For the time being, sutlice it to say that
these signals will be:in the:form of Equation (145), and that the units of D and E will be
volts. The receiver will deliver signals in the range DxE, with D=0 V and E=10-V.

Figure 15 is a schematic of a comparator which we use to convert this bipolar signal
to a unipolar (binary) signal. The LF311 comparator is made by National Semiconductor
[Ref. 15, p. 5:194].  The databook uses the symbol for the open-collector output
shown in Figure 15. The analysis of this circuit is given in Appendix A, The design

equations derived-there are repeated here. Provided that the conditions

Vs=-V;, (151)
R<R, asy
R.<R,, | (153)

and
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. - _ . . 3 . .
Figure 15 Comparator circuit used-to convert bipolar interferometric outputs to binary
levels of Oor V.

R<R,. (154)

are met, thén the lower switching threshold of the comparator is given by

R,-R, <
V. ® — Ve (155)
THRESHOLD R R, s
and the upper threshold is higher than this by
R/IIR, =
Vincrementar = R Ve . (156)

How much hysteresis we want is dependent on the amount ol noise we expect to
see.” For our purposes. we chose L0 set Viyresuorp=—50 mV and Vigereyevra, = +100 mV.
This means that switching of the output from high to low will-only take place when the
input goes below —50'mV, and switching trom low to high will only take place when the

input goes above +50 mV. We picked R,=1.00 kQ. Supposc that R,=aR, tor some

number a. Then {rom Equation (155) we have
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-1)R -
) lye = 22lpe o 50 mv. (157)
(a+DR, -a+l

We shall select V*=+15V. Solving {or a, we tind

(a-1)(15 V) = -(a+1)5S0 mV
a(15 V+50 mV) = 15 V-50 mV
14.95

@ = —= =

15.05

(158)

If we choose R, = 10.0 kQ + 66:5-Q (a series combination) and R, = 10.0 kQ, then we
find' Vyypesporp = 49.7 mV, which is reasonably close to-the desired-value, 50 mV.

Next we can-apply Equation.(156) to-the desired-amount ol hysteresis. which is the
difference between- the upper and lower threshold levels. or 100 mV. The value of V),

8 +5-V in our-digital logic circuitry. So

R,IR,

Vy = 100 mV (159)

R/IR, i

= 5V
lOOmV( )

_ 5017 KR ¢ (160)
100 mV

= 251 kQ.

R

As it-happens, standard 1¢¢ resistors do not come in values of 251 kQ; the nearcest value

is 249 k() for R;. Using the chosen resistor values, we expect to sec lower and upper
switch threshold levels of —48.7 mV and 49.6 mV, both of which are close enough to the
desired values. To get smaller values would be difficult with 1% resistors without
carefully.choosing them for accuracy. Note that the 66.5 Q résistor (which, with 10.0 kQ,
makes up K;,) is-less than [¢¢ ol the 10.0 kQ resistor as it is. This mecans that a resistor

which has a nominal resistance of 10.0 kQ might actually have as little as 9.9 kQ and as




much as10.1 kQ. Adding 66.5 € to this does not guarantec that we-get 10.0665 Q. In-
the laboratory, we did not need to pick-the 10.0 kQ resistor specially, as it happened. but
it.could easily have been necessary. This is an unattractive teaturc of the design of this
-comparator which rcally arises because we-want such a small level of hysteresis. If we
relaxed thisineed, the inaccuracies of 19 components would ccase to be a constraint.
Two ofithese comparators arc used, one for cach of the two interferometric outputs
we choose to use in the Fringe Rate Demodulator. In Figure 16 we show the schematic
of the rest of the Fringe Rate Demodulator. The wnipolar outputs of the two
comparators-become the inputs-to the I and Q inputs of the EP310 Erasable Program-

mable Logic Device (EPLD) described earlier in this chapter.

FRINGE-RATE DEMODULATOR
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. Figure 16 Schematic drawing of the Fringe Rate Demodulator. The receivers,
transimpedance amplifiers, and comparators are omitted {rom this drawing.

The LL output of the EP310 causes the LF13333 Quad SPST JFET Analog Switch
to alternate between connccting its D4 input at pin 135 to the ground at pin 14 and

leaving D4 open. When D4 is grounded, the non-inverting input to the optional inverter
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built-around the LF356 Monolithic JFET-Input Operational Amplifier is grounded. This
causes the LF356 to function 'as'an—:invcrting amplifier of gain 1. When:D4 is left open,
the voltage at the input to the LF356 is the same as that {rom the output of the
LM2917N Frequency-to-Voltage Converter Because an operational amplifier with
negative feedback tries Lo keep both-its inputs at_the same voltage level, there will be no
current .flowing-through the feedback network, and so the output will-not be inverted
when D4 is left. open.

The EP310 generates a frequency signal at its pin 16 which serves as the input to
the LM2917N, which is often loosely referred to as.a tachometer chip. This signal is
formed from the exclusive-or of its two inputs, so the output {requency-is-roughly twice
that of the input frequency. We cannot say it is precisely double. since the instantaneous
frequency of a phase-modulated:signal is not a constant. The-voltage level provided-to
pin 11 of the LM2917N by a resistive divider comprising resistors R, and R, is around
2V. ‘

Our design differs in another respect from -that in Crooker [Ref. 10, p. 53}
Crooker used a high-pass-lilter at the input to-the frequency-lto-voltage converter and a
cgmﬁa;ator threshoid of zero. We used no filter, just-a:threshold about midway between
\tﬁé:uppe’r’and‘-lower voltage levels generated by the EP310. An advantage to avoiding
the use of the filter js that, potentially, the absence of a capacitor could provide the
ability to handle higher lrequencies. Since the trequency input can be either 0 V or 5V,
the input comparator ol the ‘LM2917N will not change unless the (requency input
changes. Because this signal is derived from the interferometric outputs, its frequency
is high when the phasc inthe inte-  dmeter is shifting most rapidly. and-it is low when
the phase shift reaches an-extremum.

From the data shect.lor the LM2917 {Ref. 15, p. 5-194], an cquation describing the

output voltage of the [requency-to-voltage converter is
Vour = VecfwCiR:K. (161)

R; and C, are the external componcents attached to the ¢harge pump within the converter.

Vec is 15 'V, the voltage supplied to the output transistor svithin the converter. K is the




gain of the converter; it is roughly . The zener diode in the LM2917N limits the voltage
from the operational amplilicr which controls the transistor at its output 10 7.56 V at
most. We could include some gain in-its feedback loop, but it is just as casy-to apply the
gain in the following stagc. which is'what we chose to do. We would like ¥, to reach
this maximum when the maximum-input frequency occurs. What is this frequency?

‘For-a signal of interest of the form
£() = Asin(2xft), (162)
recall that-the interferometric output is of the form
x(t) = D + Ecos[Asin(2rft)]. (163)

We shall design the circuit to handle the case where A=100 rad and f=200 Hz. The
peak ‘instantaneous frcquency in the interferometric output is roughly equal to the
number of complete cycles in interferometric output in one sceond. In a quarter of a
period of the signal of interest. T/4. there are A4/2% cycles of the-interferometric output.

‘So the frequency is roughly

A
o) 21 o o

However, the EP310 has -logic which roughly doubles the frequency delivered to the

LM2917N,.so the actual {requency is therefore estimated as

44 ;
fr = _n[ (165)

Therefore we expect the EP310-to see a peak frequency of

_ 4(100 rad)(200 Hz)
7

o = 25.5 kHz. (166)

Now from the specifications for the LM2917N [Rel. 15. p. 5-198], a restriction on the

input frequency is
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L

. (167).
C\Vee

S s

In this expression, /, is the current delivered to the timing capacitor C,, fiy is the
. S g

frequency delivered to the input of the LM2917N, and V. is the supplyvoltage. ‘We can
use this-expression. 1o determine the value of C, because I, is specilied in the data book.

We have chosen V, =15 V. and we have just found that f,=23.5 kHz-at most.

1404 __ . 367 pF for the minimum I, = 140pA[
c I, 1(25.5 kH2)(15 V)
17 = iy :
V. .
Ve 240uA = 630 pf for the maximum I, = 240uA
1

1(25.5 kHz)(15 V)

(168)
Unfortunately, the databook recommends keeping C,>500 pF-for accuracy. Whether or
not we can handle the-maximum frequency for this choice-of C, depends on the current
I, and this is dependent on the characteristics of the-particular device we end-up using..

We can calculate the peak frequency we-can handle. however. We have

500,140"‘;‘5 _ - 187 KHz if /, = 140uA|
cv. |
Vee 200pA 2 35 0.1z if 1, = 240pA
(G00-pPI5 V) !

In the worst case, /,=140 pyA and f,<18.7 kHz. If f=200 Hz, then we must have

. JaT _ (187 KHo)#

Asg b= = 73.3 rad. (170)
4f 4200 H)

If we lower C; slightly to 470 pF, we can raise this to 78.0 rad. Although the accuracy
of the output will sutfer a little. we only need one capacitor to achieve this value, whereas
it would take two to obtain 500 pF. The elimination of onc component with a
consequent increase in the permissible phase amplitude A is a satisfactory compensation

for the sacrifice in accuracy.
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By-using the optional inverter. we create a bipolar output which is negative when
I lags -Q and positive otherwise.  However, this signal-is proportiosal to the derivative
£@) of the signal of interest. £(1) in-Equation (140). We must integrate this to recover
&(1) itself.

The LF444 Quad Low Power JFET Input Operational Ampliticr performs the
integration: function. In Appendix A we derive equations to permit the design ‘ol this

integrator. Equation (401 in the appendix shows that the output ol our.integrator circuit

is
V 7 5 .
G(f) = 2T - - 1 1 (171)
Viv RiC,j2nf

provided that.the input [requency fis much greater than the-pole frequency f,. There are
actually two-poles in this circuit. A design-goal is to set-them cqual to cach other. From
Equation (397) in the appendix, we have

1 1

= = = ‘)’= = . 172
f’ fl 27R,C, f' 2~71:R2C2 (172)

We-want to choosc f, so that the crror in the phasc is small in the frequency range of*~
interest to:us. We would like to have reasonable-accuracy in both phasc and gain when
f>20 Hz (a design choicc). From Equation (407) in the appendix. the error €, in. the

phase is given by

€p = -2tan"(%). (173)
P

If we choose f,=0.5 Hz, then this error will be only 3° for f=20 Hz; it will fall to 0.3°

for f=200 Hz. From Equation (410) in the appendix, the error €,, in the gain is given by
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’ﬁ( f)z’ (174)

So for this'same choice.al f}. the-error in magnitude will be less-than 0.06%, and it will
be even less signilicant at-higher [requencics.

Our choice of f,=0.5 Hz determines the two products R,C, and R,C,.

1
RC, = RC, = —— = 318 ms. (175)
11 R2 2 2”); -
We also have 10 select the dusired gain factor, 1/R,C,. For an input (o the interferometer
of +100 rad-atf=200-Hz..the-output ol-the {requency-to-voltage-converter is-measured
as 3.8V, To get an amplitude of 7.56 V outol'the integrator-under these conditions, the
gain must-be 7:56 V/3.8 V. or 2.0. So

RC,2xf ' (176)
RC, = -——— = 398 pis.
: ~ 32200 Hz)(2.0)

In the end, we incrcased the gain to about 3 by lowering R,C, to. around 265 us.
By trial and crror. we lind-combinations of R,, R,. C,. and-C, which meet thesc
conditions and which-arc available-or are casily produced [rom available components. A

viable solution is

R, =392kQ, R, = 475 MQ,
(177)
C, =800 nF, C, = 680 pF.

The above discussion explains how the component values in the integrator in Figure 16
were chosen. To get the large resistance R, in the [eedback network, we used a Tee-
network. The values used in this network were obtained by applying Equations (416) and

(418) of Appendix A. The form of the network illustrated there is repeated here in
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Figure 17" A Tee-network can be used to obtain large resistances.

Figure 17. Resistors R, R, and R, in Figure 17 on page 88 correspond to resistors R,
R,;, and.R,, in Figure. 16 on page 82.

The-effective resistance ol our Tee is given by

r. - Rofi @10 koY
BF R, 255 Q

= 475 MQ, (178)

which is just the value of R, which we-sougnt for the integrator.

There are two subsystems in thePriri'ge Rate Demodulator which could be'modified
to change its operating regime. The frequency-to-voltage converter is configured by the
choice of R, and C;, in Figure 16 to-achieve its peak output voltage lor a specified peak
input frequency. This frequency-is dependent on both-the amplitude and the frequency
of the signal of interest, and theretore changes in these two components ccitld be made
‘to-accommodate a ditterent set of signal parameters.

The integrator is the other subsystem which would need to be modified to
accommodate such changes. The methods used in this chapter can be easily applied to

make these changes. il needed.
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D. SUMMARY

In- this chapter we ha;rcx considered a modification to- a method proposed by
Crooker [Ref. 10]:and Crooker and Garrett [Rel. 11} which uscs a frequency-to-voltage
converter, an optional inverter, and suitable control logic Lo recover a signal ol interest
from the-outputs ol an optical fiber interferometric sensor terminated with a 3X3 optical
fiber-coupler. This method is very inexpensive, as we shall sce in the next chapter, and
takes up very little space physically. It is capable ol operating with large phasc
-amplitudes, provided that the bandwidth limitations of the converter arc not exceeded.
Its primary limitation is its inherent inability to recover signals of less than one hall (or,
if pushed, one third) of a [ringe. For extremely sens..ive optical fiber interferometric
sensors, where large dynamic range can be achieved without dropping below this lower
limit, this type of demodulator is excellent. In the next chapter. we consider the

performance of the Fringe Rate Demodulator.
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VI. PERFORMANCE OF THE FRINGE-RATE DEMODULATOR

A. OVERVIEW

In this_chapter we-examine the performance of a Fringe Rate Demodulator. The

aspects of its performance which we consider are:

1.  scale factor, which relates-the phase amplitude in the modulated signal o the
voltage amplitude in the demodulated signal;

2. small:signal-bandwidth;

3.  maximum acceptable signal;
4.  minimum detectable signal:
5. dynamic range:

6.  complexity: and

7.  approximatc cosl.

B. SCALE FACTOR

The scale tactor is detined as.the-ratio of the demodulator’s output voltage to the
input phase. If the phasce signal provided by the interferometric sensor is ¢(f) and the
output provided by the Fringe Ratc Demodulator is v(r), then we define the scale factor

Fegp(t)-of this-demodulator by the equation
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L&)

o

(gi(‘—)] (179)

Feg®
dt
deg(n)
Ideally the scale lictor would be constant:  In practice. it is -not.  We shall call the
multiplicative product 4/ ol the phase shift A and-the frequency f the phase rate, since
the product is measurcd in radians per second. When the phase rate is too -large.
saturation of the {requency-to-voltage converter’s output at the level ol the high voltage
ﬁbwer supply (orslightly below it)-takes place.
The reason saturation occurs-is-clear il we:consider the mathematical expressions
‘for the output of the imcrl’crpmcu;r. Let a signal of interest £(¢) be applied to the

interferometric sensor. It £(¢) is a sinusoid ol amplitude .4- and Irequency w=2%/, then
&1 = Asin(ad). (180)

After conversion ol the interferometric output into-its voltage analog, £(1) is converted

into the phase-modulated signal

x(®) = D+Ecos{£()+¢)]
- = D +Ecos{Asin(wt) + ¢).

(181)

The term ¢ represents an additional phase shift which accounts for the choice of one of
the three outputs of the 3X3 coupler at the output of the interferometric sensor, as well
as the effects of temperature, pressure, and other tactors.
\ The instantancous natural [requency of this interferometric output is given by itie
derivative of the argurhenl ol the cosine function. To get this in conventional frequency
units (hertz), we divide by 277. So the instantancous frequency is given by
We assume that the derivative ol ¢ is negligible, which is valid il’ ¢ is quasi-static.

Now the EP310 Erasable Programmable Logic Device (EPLD) generates a square

wave-as input to the LM2Y917N Voltage-to-Frequeney Converter. This square wave has
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1d,, .
Sinstantaneous = ;2—”7‘(‘5‘“(”‘))

(182)

i

A0 os(wt)
2r
= Afcos(wi).

twice-the frequencyfivy x s 1xr.0re approximately. We have conligured the LM2917N 10
provide a maximal output voltage for an instantancous input lrequency ol 25.5 kHz. In
Figure 18 is a graph showing the measured output of the ' LM2917N. The same data-also
are-graphed in Figurc 19. but each axis in-that plot is logarithmic. A summary of the

observations is given in Table V. The data were obtained by usc of the instrumentation
shown.in Figure 20. We used an HP3314A Function Generator to create a square wave
with a 50% duty cycle. ranging between 0 V and 5 V. The output of the EM2917N was
averaged on an HP3456A Digital Voltmeter. A least-squares lincar fit'to the data gives

the relationship
Vour = (97.010.2 LHZY] £+ (14:4) mV, (183)
]

and the correlation coeflicicnt in this lincar fit is r=0.999976. The LM2917N is very
linear, but thic log-log plot shows the deviation-from linearity at the low and high ends
of the frequency scale: the output voltage reaches a floor of around 123 mV and a
ceiling at around 5.30 V. The relatively large voltage offset of 1253 mV limits the

dynamic range of the device. We can calculate this ratio by the lollowing method.




Maximum output voltage
Minimum output voltage

529V
125 mV

423
= 52.5 dB.

i

Dynamic Range

(184)

This is a fairly poor dynamic range. It could be increased if* we could lower the voltage
offset, raise the voltage cciling. or both. The voltage offsct could be reduced by using
a trim network with-the output operational.amplifier and  transistor. though care would
be required to avoid a high coelticient ol change in the offset with temperature and time.
The specification {or the LM2917N states that the-voltage-offset typically is 3 mV..and
is 10-mV at most. Since we.measured more than 12 mV, a reduction in the offset should
be easy to obtain. -Getting the offset down to 3 mV would provide an increase in
dynamic range of 12 dB.

The -upper voltage limitation is duc to the usc of the LM2917N with its built-in
zener diode. This diode limits the voltage to 7.56 V nominally: we measured the voltage
as 7.47 V. The LM2907N could be substituted for the LM2917N. It has no zener diode
built-in. To-obtain:the same-degree of stability, one could insert a-discrete zener diode
with a voltage higher than the 7.56-V of that in the LM2917N. With the 15 V power
supplies we-used, this would permit nearly double the dynamic range (an extra 6 dB).

The two changes that have been suggested here should provide an extra 18 dB of

dynamic range without much cffort. Replacing the trequency-to-voltage converter with:

one of greater inherent dynamic range is another approach to cxpanding- the dynamic
range.

Another way o view the dynamic rangesis not-as the ratio of maximunito minimum
output voltages but as the ratio of maximum to minimum input frequencies. This is.not
really suitable, however, since we could use s low an input frequency as we like. ©One
could- achieve as high a dynamic tange as desired by this approach. but the resultant

number would not be a helpful measure of: performance.
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LM2917N Voltage Output vs. Frequency Input

I Lélu‘st Squard sF/il/
_ —t : /r i
- 3 V/

4

Vollage 'Qulput [V]

2

° ST 200000 - 40000~ ~ : 60C00
Frequency Input [Hz}'

Figure 18 Graph ol ‘the i)utput voltage of the 1I;M2917Nj Frequency-to-V'oltagc
Converter as-a.function ol input {requency.

There is, however. a limit to the maximum input frequency of the LM2917N. and

it was discussed in the last chapter. It is

__b (185)

f MAX :
Cl VCC

Since I, may be as little as 140 pA, C; must be at least 500 pF (we have shaded this
number a little, using only 470 pF) for accuracy. V. typically would be at least 5 V (but
is 15 V' in our demodulatcr), so the frequency input really should not exceed 19 kHz if

we assume the “worst case” for [, That we obtained successful results up to.55 kHz

must be regarded as due Lo having been lucky enough to obtain a superior sample of the

LM2917N.
To measure the scale factor, we used the instrumentation illustrated in Figure 21.
Our observations of input voltage. cquivalent input phase. peak output voltage. and

computed scale factor arc shown in Table VI and Table VII. The equivalent phasc
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7‘LM2917N Véltoge Output vs. Frequency Input
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Figure 19 Graph of the -output voltage of the LM2917N Freqruency-to-Voltiage

Converter as a function on input frejuency. This tigure shows the same data as in
Figure 18, but here it is.plotted logarithmically on both axes.

- HP3314A
Function
Generator

—

LM2917N
Frequency-
to-
Voltage
converter

—

HP3456A
Digital
Voltmeter

Frequency-to-Voltage -Converter as a function of input frequency.

Figure 20 Instrumenzation used to obtain the output voltage of the LM29177N

amplitude shown in the tables was computed from the linear relationship found in

Equation.(139) on page 67 between voltage trom the HP3314A Function Generator
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Table V Summary of-observations showing the output voltage of the LM2917N Voltage-
to-Frequency Converter as a lunction of input trequency.

Jiv Vour lV]
|He 125%0.1
2Hz 12.620.1 mV
) 5 Hz 12.800.10 mV
10 Hz 13.120.1 mV
20 Hz 13.9£0.1 mV
50 Hz 16.2+0.1 mV
100 Hz 19.9£0.1 mV
 200Hz 27.44£0.09 mV
500 Hz 499+0.1 mV
| kHz §7.4420.08 mV
2 kHz  208.89%0.02 mV
5 kHz 505.49%0.02 mV.
10kHz 997.3320.03 mV
15 kHz 1.486740.00003 V
20 kHz 1.97469+0.00005 V
25 kHz 2.469070.00005 V
30kHz 2.9371620.00005 V
35 kHz 3.41414£0.00007 V
40 kHz 3.89596+0.00009 V
. 45KHz 4.3769+0.0001 V
 S50kHz | 4.8569+0.0008 V
54 kHz 5.2288:£0.0001 V.
55 kHz 5.290190.00006 V
56 kHz . 5.2955+0.0001 V
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Figure 21" " Instrumentation used to measure the scale lactor ol the Fringe Rate
Demodulator. ’

when routed through the HP6824A Power Amplifier with gain 10. This relationship s

-tepeated here:

Aoyr = (34.2%0.02 L:,_d) + (-0.6420.08 rad). (186)

No attempt has been madce in these two -tables to exclude some data trom the
averages. A cursory-examination ol these averages will reveal that the scale factor is
b’létwécn» 105 and 120 mV/rad. and that it declines with increasing frequency as well as
with- increasing phase .amplitude. As we.have already discovered, increases in either .of
these quantities cause an increase in the instantaneous frequency-of the input to the
LM2917N Frequency-to-Voltage Converter. Thus the scale [actor drops oft with an
increase in the phase rate. and this suggests that the slew rate limitation at the output
of the LM2917N may be a factor. The slew rate of the LM2917N is not a published

specification, however.

C. BANDWIDTH

The Fringe Rate Demodulator is inherently incapable ol demodulating phase
amplitudes of less than /2 rad (or /3 rad if all three outputs ol the interferometer are
used). This makes it impossible to define the bandwidth of the Fringe Rate Demodulator
in the same manner that we shall use when we discuss the Symmetric Analog Demodulat-

or. That is, we cannot spcak of a small signal bandwidth: the demodulator does not
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Table VI Measuremcnts to-obtain the scale lactor -of the ‘Fringe-Rate Demodulator
(f=50; 100, and 150:-Hz).
fr——— =

. ) Average
| P | fam | reer | S
» TR (rad)- T (mV/rad) (mV/rad)
[ 100 | 337 4.2 125 '
150 | 508 6.1 120
50 | 200 | 680 8.1 119 120
250 g1 | 101 119
3000 | 102 12.0 18
100 | 37 | 40 9
| 150 1 s08 | 60 118.
100 | 200 | 680 80 118 118
250 | 851 100 118
3.00 102 120 | 17
o0 | 37 | 403 | 120
150 508 5.96 117
150 | 200 | 680 7.95 117 117
250 | 8.1 | 991 | 17
i 300 | 102 1.9 116

respond to small signals. However, we can get an idea of the tailure of the demodulator
properly to respond at high frequencies if we consider the cftect ol increases in frequency
on the scale factor, which we discussed in the previous section. I we [ix the input phase
amplitude, we can measurc the scalc factor over a range of frequencies. We find that
eventually it drops to a level which is TA2 times the size ol the scale factor at low
frequencies. This is the [requency which we will define as the upper limit on bandwidth,

Of course, we expect it to be a function of the phase amplitude. The truth of the matter
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Table VII. Measurements to-obtain the scale factor -of the Fringe-Rate ‘Demodulator
(f=200, 250, and 300 Hz).
| v | B ]y, | S
(Hz) | (V,peak) (rad) » (V, peak) (mV/rad) 717'-‘actor
- ) 7 ' (mV/rad)
100 | 37 400 | 19 .
| o150 | s08 5.93 17
200 | 200 | 680 788 | 116 116
250 | 80 985 | 116
300 1102 115 113
0 | 337 3.92 116
150 | 508 58 | 116
D250 | 200 | 680 78 | 116 11l
" 250 | st | 934 10
300 | 102 10.16 100
o | BT 390 | 116
150 | 508 587 | 116
300 | 200 | 680 753 o 106
250 | ssa | 8s2 | 100
300 | 102 909 | 89
is that it is the phase-ratc which is limited by various limitations on bandwidth within the
Fringe Rate Demodulator. cspecially by that of the LM2917N Frequency-to-Voltage

Converter. The frequency at which the scale factor dropped to this level and the scale
factor itself are shown in Table VIII. The product of phasc modulation amplitude and
frequency, Af, is constant to within £5%, as one would expect Irom the characteristic
- limitation due to phasc ratc which is associated with this approach. The average value
of 31 krad/s is consistent with the design goal of 25.5 kHz (sce Equation (166)) and

within the spread ol typical device values for the LM2917N. The fact that it is greater
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T@ble‘VII[ These data-show the bandwidth-of the Fringe Rate Demodulator at various
levels-of input phase amplitude. "

Input °| Equivalent | Output | Scale Band.
- Voltage Phase Voltage | Factor width Af
1 Vy Amplitude Vour |  Freo (Hz) (krad/s)
. (V) (rad) (V) | (mV/rad) ]
I— = = — =
1 - 00 337 302 | 8961 850 28,6
150 | 508 | 434 | 8543 610 | 309
2.00 67.9 570 | 8395 460 31.2
o250 | ss1 | 720 | 8461 | 360 306
300 | 102 852 | 8353 320 | 326 |
. 7 o Ay:'gragc 30.8%1.4

than the design-value is not signiticant since the value depends on the choice of maximum
acceptable distortion. When it is defined as the level giving 4% total harmonic distortion,

the product Af is approximately 21 krad/s,.as shown in Table IX.

D. MAXIMUM ACCEPTABLE SIGNAL

In Chapter XI we explain the performance of the Symmetric Analog Demodulator.
There, we consider in detail how onc :an best assess the maximum ;phase amplitude that
-a demodulator can handle. For now, we shall simply state that our criterion for
acceptability is that the total harmonic distortion induced in a sinusoidal signal be less
‘than.or equal to 4% -alter demodulation. On an oscilloscope, this level of-distortion is
barely perceptible. A scrics of graphs illustrating this assertion also are presented be

- presented in Figure 49 on page 186 in Chapter XI.

The harmonic distortion of the output of the Fringe Rate Demodulator is affected
by several factors. The.choice of an integrating-capacitor in the LM2917N is one ol the
most significant. If it is too big, then the LM2917N cannot respond rapidly enough when
its input frequency is high. Conversely, if the-capacitor is too small, then the outputs are

very noisy, and this is manifested in the harmonic distortion. The presence of a sizable




voltage offset-at-the-output also leads to an abrupt change in the output of the optional
inverter whenever the LL lcad/lag signal changes state. This abrupt change is somewhat
softened by the integrator which follows, but-it still-contributes some distortion. Also,
‘because the Fringe Rate Demodulator is inherently -unable suceessfully to demodulate
excessively small phasc-amplitudes, we find-that total harmonic distortion becomes very
large for very small signals. too.

In Figure 22 we show a contour plot connecting combinations ol input [requency
-and phase amplitude which result in equal-levels of total harmonic distortion from the
Fringe Rate Demodulator. The same data arc plotted in Figure 23 in a surface plot,
viewed in perspective. Both thesc plots were generated by computer programs which
interpolated.between data collected by a computer program operating our experimental
apparatus on.an IEEE-496 bus. In Table IX we show the results of-interpolation on the
same data to obtain the highest phase amplitude which will not cause the Fringe Rate
Demodulator.to exceed 4¢¢ total harmonic distortion. We-do this calculation at all of the
-observed fréquencies-where interpolation was possible.

It is worth noting-a lew points about the data presented in Figure 22, Figure 23,
and Table IX. The lowest distortion always occurs in the range between 100 Hz and
500 Hz. At both high and low frequencies, distortion goes up. This implies that it is not
merely the phase rate which determines the ievel of distortion. If it were, we would
expect the data to depend only on the product f4 of trequency fand phasc amplitude A,
which it does not. The peak acceptable phase amplitude is roughly constant from 10 Hz
to 100 Hz. It then begins (o decline roughly in proportion to f4 until the {requency
reaches 1000-Hz. At higher [requencies, the distortion always cxceeds the 4% level.

‘We can understand the bekavior of the Fringe Rate Demodulator by considering
what happens at the various extremes of input phase amplitude and I[requency. When
the product f4 is low. then the frequency applied to the LM2917N Frequency-to-Voltage
Converter is low. Under these conditions, the converter seldom outputs any charge from
its charge pump. When it does, the charge is quickly drained [rom the integrating
capacitor. The reason lor this is that the charge pump only puts charge onto the

capacitor in responsc o u transition of its [requency input from low to high or high to
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Contour Plot of Hormonic Distortion

Fringe Rate Demodulator
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Figure 22 Contour plot of the total harmonic distortion in the Fringe Rate Demodulator
as a function-of frequency and phasc amplitude.
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Surface Plot of Harmonic Distortion

Fringe Rate Demodulgtor
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Figure 23 Perspective view ol a surface plot of the total harmonic distortion in the
Fringe Rate Demodulator as a lunction of frequency and phase amplitude.
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Table IX Interpolation Lo determine the maximum phase amplitude resulting in 462 total

harmonic distortion from the Fringe Rate Demodulator for scveral {requencies.

f 1 Lower | Lower Upper | Upper | Interpolated \E]cll:rln A
(Hz) | voltage | THD | voltage | THD Voltage Phase | (krad/s)
- M (%) V) (%) 42 :
| A . (rad)

o = = = - = = = 4
10 35 | 39412 4.0 7.6147 3.508 120 | 1.2 T
2004 35 | 3.3095 4.0 1.6276 3.580 122 24
30 | 35 - 3.317 4.0 7.4295 3.583 122 36
50 35 | 2.7395 4.0 1.2526 3.640 124 6.2
100 [ 35 22206 | 40 | 6.7416 3.697 126 126 |
200 - ~ Total harm;;nfc remained below 4% for all voltages applied (7 \Y% }rlax.) ‘
300 25 3.630 | 3.0 4.5001 2711 92 27.6
500 | 10 | 24485 | 15 | 44076 ] 139 47 | 235

750 | 06 " 29334 0.8 4.2590 0.7609 25 18.7

1000 | 06 | 37165 | 08 | 62645 |  0.6223 207 | 207
1500 | '

Total harmonic distortion.remained above 49z for all voltages applied.

2000

low. The charge-is not added in anything like a continuous manner. Even if the product
JA is high, if f is low. there will be relatively long periods during which no transitions of
the converter’s input occur. These take place whenever the phase amplitude reaches an
extremum. During these periods, the pulsating -nature of the converter’s output again
becomes evident, with an adverse eftect on fidelity. It is little wonder, therclore, that one
cannot simply increase the phase amplitude to compensate for a falling frequency. This
pulsating current does not lend itself to a smoothly varying, distortionlcs.; output. A
change in the frequency regime of the LM2917N (that is, a change in the value of the
integrating capacitor and its resistive drain) would be required to reduce this etfect. Even
though the LM2917N shows a highly lincar relationship between input Irequency and

output voltage, this is on an averaged basis. On an instantancous basis. the noise-like
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fluctuations in the current are significant. At high values of the product f4, the
LM2917N saturates and distortion is the inevitable-consequence. We find that the phase
rate is 22.4-krad/s in the frequency band-from 300 Hz to 1 kHz. based on a criterion of

4% total harmonic distortion.

E. MINIMUM DETECTABLE SIGNAL

For the Fringe Rate Demodulator to function requires transitions of its input {from
low to high and from-high to low. Absent these transitions, there is no output. As the
product Af-of amplitude 4 and-frequency f falls, the frequency input to the LM2917N
‘becomes’lower. As discussed-in-the previous section, this results-in a-pulsating current
from the output of the LM2917N. The minimum-detectable signal is one which just
manages to create one transition, il only infrequently. Of coursc, [aithful reproduction
of this signal requires a much larger product 7. Bui-provided that at least one transition
occurs, the prescnce of the signal can be detected. Becausetghc-ptggtammablc logic
generates-two transitions-lor cach complete cycle of the inputs, an output transition-is
guaranteed to occur it 4 is greater than /2 rad. II this logic were modified-to process
all three interferometric outputs, the minimum detectable signal would drop to-#/3 rad.
Note that f-does not enter into-the determination of the detectability of the signal. It

only affects the fidelity of the reconstruction of the signal of interest.

F. DYNAMIC RANGE

The dynamic range is the ratio between the maximum- acceptable signal and the
minimum detectable signal. Thc latter quantity is %/2 rad. The former is dependent on
frequency, and was shown in Table IX on page 101. The ratio ol these two as a function
of frequency is tabulated in Table X.

By comparing the tabulated values of dynamic range to the maximum dynamic

range of the LM2917N which is at the core of the-Fringe Rate Demodulator, given in

Table V, we can see that the demodulator fails to achicve this maximum. Why is this?




Table X Dynamic-range ol the Fringe Ratc Demodulator.

iiiii l:\:iai)‘(imum 7 Minimum : Dynamic Rar;ge H
Acceptable Detectable ]
Signal Signal As a Fraction |  IndB J
120 rad “ 764 371 |
122 rad 777 378
122 rad w2 777 378
124 rad , 709 380
126 rad 1 802 381

1 4% Total Harmonic Distortion was never reached. so_maximum
acceptable signal was undetermined.

92 rad 586 354
_ d7rad i 299 295
25 rad o sy 240
 207rad | 132 24

- Total-harmonic distortion remained above 4¢¢ s0 maximum accept-
able signal was undctermined.

It is because we used averaging of the pulsating output of the LM2917N in measuring its
dynamic range, but we relicd on a criterion of 4% total harmonic distortion in
determining the maximum acceptable signal. It is not surprising. then. that the LM2917N
appears to have a differcnt dynamic range, since we assessed its performance in a
different way. In Table VIII we found that the average phase rate was 30.8 krad/s: we
.would infer a peak amplitude -of (30.8 krad/s)/(100 Hz)=308 rad when the lrequency
f=100 Hz. Using the criterion on which that table was based. the maximum dynamic

range would be computed as (308 rad)/(/2 rad)=46 dB.
An investigation into ways to reduce the total harmonic distortion from the Fringe

Rate Demodulator should be undertaken to stretch its dynamic range. An examination
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of different -frequency-to-voltage.converters or-designs for converters built {rom discrete

components may-permit the dynamie range of the converter Lo be raised, too.

G. COMPLEXITY

The Fringe Ratc Demodulator is casily the least complicated of the threc
demodulators evaluated in this dissertation. Apart from the recciver section, which cach
of the three schemes have in common, there are only seven integrated circuits in all,
although the Altera EP3I():Erasable‘Programmablc Logic Device (EPLD) is admittedly

a complicated one. Howevcr, the logic contained in-it is quite simple.

H. APFROXIMATE COST

In Table XI'we show the cost of-the Fringe Rate-Demodulator. In our implemen-
tation of:the Fringe Rate Demodulator, we used an LF356 Operational ;\mpliﬁcr as the
optional inverter -and we used onc -of the four operational amplificrs within an- LF444
Quad Operational- Amplificr to perform the integration lunction. The only-reason we did-
not. use:the LF444 for both functions is. because we were using it for something else in
another circuit. If one examines the receiver section (sec Chapter IX), one discovers that
‘the summing amplifier usc? in the teceiver to remove D (the fixed offset of the
interferometric output from 0 V) is one of the two- operational amplifiers within an
Analog:Devices AD712. The LF444 could provide all three ol the operational amplifiers
needeu-n the Fringe Rate Demodulator, saving $4.56,. or roughly 5¢2 of the cost.

Tne EP310 and the three low-noise receiver amplifiers (OPA-111) together
-comprise around 80% of thc whole cost of the demodulator. Therefore, finding less
.costly replacements is an attractive idea, since a low-noise receiver is not required to

.generate the requisite square waves. If we used combinational logic gates, two LF444

quad operational amplificrs. and a-quad comparator would reduce the cost Lo less than
$30.00.




Table XI Calculation of the cost of the integrated circuits used in the Fringe Rate
Demodulator.
, : T “uantit Source Total
'IF Part ID Description . ;{ Y| Price of Cost of
4~ Required .
, + Pricc Part
) Efascablc Pro- - Altera
EP310 | grammable Logic | 1 - $44.70 Corporation $44.70
| Device (EPLD) | poratic
: 7 Frcquéncy-lo- ; X
LM2917N | Voliage ! 5195 | SRy $1.95
: Converte - orporation
Converter
I | Quad SPST JFET | | Marvac
¢ LF13333 | Analog Switch ! 38.30 Electronics $8.30
M3l | ‘ :
. (similar - Covn(: lzlr%l(t:or 2 30.32 Eltfcfz;lgrclgcq 0.64
toLF3Iny | 0P Hes
1 Monolithic JFET | Digi-Ke
LF356 | Input Operational 1 $0.96 | S-RLY $0.96
Amplifi orporation
plifier
| oAy | Lownoise Op 3 | $11.80 | Burr-Brown |  $35.40
. | Amp i i _
' | General Purpose [~ " , Analog N
AD712' Op Amp 2 $3.60 Devicos $7.20
‘| Quad Low Power |
Co JFET Input Digi-Key o
P 1ead Operational : $1.65 Corporation $1.63
Amplitier
TOTAL 15 $100.80
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I.  SUMMARY

In-this chapte ve have seen that the Fringe-Rate Demodulator is incxpensive, and
is appropriate for sensors which generate large amounts:of optical phase shift (more than
/2 rad in ar.npliludc). We saw areas in which-the performance might be improved: The
inability of this sensor to -handle signals below /2 radians without gross distortion

‘remains-a serious.drawback -in some-applications, however. In the next two chapters, we

consider two othér demodulation schemes that do not share this limitation.




VII. ASYMMETRIC DEMODULATION

In this-chapter we describe a method of passive homodyne demodulation presented
by Koo et al. [Ref. 16]. Koo's method requires the sinc and the cosine of the
signal.of interest. Thesc arc obtainable from the output of an interferometer. which uses
a 3x3 coupler at-its outpul. the kind in which we are-interested. However, as is clear

from“Equation (5)-on page (5). which is

[aDF

> D+ Ecos[f(t) + ) - (k—l)%n X (187)

the outputs of this coupler are not the sine and the cosine: ‘they arc three cosincs
separated -not by 90° but by 120°. We shall -ignore the “static” -phasc shift ¢ (or,

equivalently, consider it to be absorbed into.the signal of interest. £.)

A. OBTAINING THE SINE OF THE SIGNAL OF:INTEREST
To obtain the sine and-cosine one could pick two of the three outputs arbitrarily,

say outputs 1 and 2, and manipulate them as [ollows.

x, = D+Ecos({). (188)

X, = D+‘E;¢os[£—-?;- n]

- D—gcos(f)w—‘/z—gsin(f).

(189)

Wefirst subtract D from cach term. How-to compute D is not made clear by Koo. but

we present a method in Chapter VIII
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Let
y,. = X,-D = Ecos(%). (190)
Subtracting D from .x, removes the constant offsct from zero:

x,~D = --gcos(f)+E§sin(f). (191)

If we add twice this quantity to the cxpression given by y;, we obtain
(x,-D)+2(x,-D) = Ey/3sin(¢). (192)

By suitable rescaling, we can obtain the sine of the signal ol intcrest. Let

(,-D)+2(5,-D)

= Esin(¢). (193).
V3

Y,

We call this method ol demodulation asymmetric becausc belore the demodulation
process can begin, we must take one output of the interferometer more or less as is,
perform algebra on this and another output to get the sine, and totally disrcgard the
third. In Chapter VIII we develop a new technique of passive homodyne demodulation
which uses all three outputs in a similar manner, a symmetric manner., whence the name

of both-the chapter and.the method.

B. THE ALGORITHM

In the asymmetric -method” of demodulation given by Koo, we first take the

. derivative of the sinc and cosinc.

. dy ..
¥, = 7:1 = ~E&sin(&): (194)

We multiply y, by the derivative of y, and we multiply y, by the derivative of y,.
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dy, _

Y, = Tt[ = Efcos(¢). (195)
)’15’2 = EszOS2(f) (196)
Y9, = ~EX&sin®(£). (197)

y 1)"2")’2}" 1 5 E? 5 [0052(5) +sin2(é’ )]

(198)
= E*¢.
We can integrate the result Lo get
y SR _ (27
[poryijde = [E*éde
- B2[4q (199)
L dt
= E%¢.

This method produces a result which depends on the square of the number E. This
number -depends on- the performance of the interferometer, reflccting the contrast
between bright and dark [ringes. -It-is desirable to eliminatc this multiple. Again, Koo’s
paper does not address this detail of- implementation; in fact, in his models, £ and D both
are tacitly.treated'aszbeing 1. In Chapter VIII, we present a.method tor measuring E, '
too, which.permits-its-removal {rom:the result.
In discussing Koo’s method, Giallorenzi points out that

AllL.real four quadrant analog [sic] multipliers-have-inaccuracics-which will corrupt

the detected signal and limit the minimum detectable signal- S(¢). [Ref. 5, p. 658]
This is-an egregious matter if large dynamic range is required but,.at the same time, the
- peak phase:shift which can-be demodulated is on the order of 1 radian or so. When the
peak risesto the level of thousands of radians, this becomes less problematic, for the
lowest phase shifts which nced to’be demodulated are now higher. and so a higher noise

floor can be tolerated.
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C. SUMMARY

Recall that an interferometer terminated by a 3% 3 coupler provides signals which
are 120° -out of phase [rom each other. The asymmetric demodulation algorithm
-described -in this chapter requires two signals which are 90° out of phase from each
other. To use this method of demodulation, -we use one of the three outputs as is,
regarding it as the-cosinc of the signal-of interest. We must obtain the sine of the signal ‘
of interest:in the manner-described in-this chapter. Obtaining the inverse sine or inverse
cosine is ambiguous; with both the sine and the cosine available, the ambiguity vanishes.
The ability to track the phase angle through more than just the tour basic quadrants
(—180° to +180°) is implicitly handled by the integration step.

Perhaps the least appealing feature of this algorithm is its asymmetry, that is, the
discarding of a perfectly good output. and the different processing ol the two remaining
:outputs. This objection is not a purely aesthetic one, for intuitively we suspect that a
higher ratio of signal to noise could be achicved if no outputs were thrown away.
However, there is another important drawback to the asymmetric -demodulation
algorithm: the output depends on the quantity E, which itself depends on the power in
the output of the interfcrometer. This is a highly undesirable state of atfairs because. £
varies, and we do not want the output of the demodulator to vary with it. In the next
chapter, we develop a new method of passive homodyne demodulation which addresses
both these deficiencics. We shall return to the aéyr’nmctric method of demodulation-later

when we describe a digital electronic implementation of it.




VIII. SYMMETRIC DEMODULATION

In Chapter VII we dcscrit;cd' the method of asymmetric demodulation; also called
sine-cosine demodulation. which was presented by Koo et al. [Ref. 16]. In this chapter,
we present-a-new method. which uses all three outputs of the optical interferometer in
a symmetric-manner." Figufp 24 is a block diagram showing how symmetric demodula-
tion is accomplished. The rest of this chapter is devoted to showing that this diagram

correctly illustrates how to recover thesignal: £(1) from the-interferometric outputs.

A. THE INTERFEROMETRIC QUTPUTS WITH AND WITHOUT DISTORTION
From Equation (§) in-Chapter III, we-have

a(l 2 .
%, = (oD [ *;) L.p. Ecq;[f(t) - o) - (k—l)—';'-n . (200)
This gives the power [rom output k of the 3X3 coupler which terminates the-optical tiber
interferometric sensor, where 'k can-be 1, 2,-or 3. For the moment., we shall-neglect the
““static” phase shift ¢(¢), rcgarding it -as part of the signal of interest (), for example.
The form of the three cquations was given graphically in-Figure 7 of Chapter III, which

-we repeat here-in Figure 25. To makcfthis,plbt. we used a sinusoidal stimulus
£ = Asin(wt) = 57 sinQRxfy). (201)

All three interferometric outputs look similar, but they are shifted by 120° from cach
other. In the plot, the turee outputs also are separated from each other vertically so that
they can be seen individually. and the sinusoidal stimulus is superimposcd on the plot (to

a different scale) so that the relationship-between the stimulus and the interferometric

2 The author is indebted to Dr. Robert Keolian and Dr. Steven Garrett for
discussions which led to-the idea described in this chapter.
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5 Fringes = 2x(5=) radians phase shift

Figure 25 Simulation of an interferometric output with a peak phase amplitude of 5=
radians.
outputs can-be readily seen.

The simulated wavetorms ol Figure 25 are free of distortion. However. these
images were drawn by computer on a video screen with only moderate resolution (dots
per unit length), and so staircasc-likc jagged edges can be discerned in the curves.

1In Figure 26, the upper traces-show undistorted outputs ol the interterometer we
described -in Chapter IV when stimulated by a sinusoidal wavelorm inducing an optical
phase.shift of 7 radians. The lower traces show distortion which we believe was due to
reflections- back into the laser, causing it to operate in an unstable manner. We were
able ‘to eliminate the distortion casily by adjusting the current through the laser.
However, we believe that long-term stability will require cither a temperature controller

on the laser to prevent mode-hopping rom oceurring, or a optical liber isolator to
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Figure 26 Interferometric outputs for A=w rad. Upper traces: no distortion. Lower
traces: distortion present. Left side: amplitude v. time. Right side: Lissajous figure.

pre;'ent reflections by rotating their polarization. The left-hand side of the figure shows
. two of the three interferometric outputs plotted vertically against time on the lower axis.
The right-hand side of thc figure shows one of these outputs plotted against another to
- yield a Lissajous figure. Because we chose a phase-amplitude: of # radians, the elliptical
shape is just closed. With smaller phase amplitudes, the figure is not closed; with larger

phase amplitudes, it remains closed and retraces the same path repeatedly.
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B. MEASURING THE PHASEANGLE BETWEEN INTERFEROMETRIC OUTPUTS

Before going-on- 1o explain how to.recover the signal-of interest. we shall digress
at°this point to explain a-technique of measuring the actual phase difference between two
-outputs of the interferometer. using the Lissajous figure. At present. 3X3 optical fiber
couplers are made-by monitoring the ratio of power in cach-of the three outputs during
fabgication to ensurce the desired amount of power in cach. This method is entirely
suitable in the communications industry. but for interferometric applications. it would be
-preferable to monitor-the phasc difference between adjacent-outputs and adjust.it (o be
120°.

In our technique of measuring ‘the actual phasc difference, we use a -digital
oscilloscope such as-the Tcktronix TEK2430. The plots in Figure 26 were displayed on
and .printed by a TEK2430. This oscilloscope has the usclul feature of permitting
measurements of the Lissajous figure’s dimensions on the screen. Two separate
measurements of the-Lissajous figurc permit-us-to compute the phase angle betwecn any
two interferometric-outputs. We can show this by lirst considering. the two wavelorms.
For generality, we need not assume that both wavetorms have cqual amplitudes. and so

they take on the form

u,(f) = E,cos(£(r)) and uy(f) = Ecos(é()+¢).  (202)

In these equations, the amplitudes arc E, and E,. () is the signal of interest, and ¢ is
the phase angle between the two outputs. We first measure u,(1) at some time 1, when

u;(t)=0. We can readily solve for the phase angle of u,(1) at this instant:

£ = :cos"("‘E%)]mzn , (203)
1

where n is an arbitrary intcger. Knowing that u,(¢)=0 and that its phasc must contain

the same phase component £(7), we can find the phase ditterence é:
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)+ = §+mn'-

¢ = -;—’+m7r-£(t) (204)

¢ = f-+mn-n2n:cos’?(ﬂ) ,
2 1E, )
where m, like n, is an arbitrary intcger.

Thus we only require two measurements Lo obtain the phasc angle . We need the
peak -amplitude E, -of the signal u,(¢) and we need. its amplitude at a time when the
second signal u,(f) is zero. From their ratio and'simple trigonometry, the phase angle can
be-obtained.

The oscilloscope we used makes it very casy to measure E,. Actually, it is casier
to-measure 2E,, which isthe-greatest width of:-the elliptical Lissajous ligure. We then
measure.the-amplitude ol the same signal along the axis wherce the second signal is zcro.
Actually, it is easier to measure.the entire breadth-of the Lissajous ligure along this axis,
which gives 2u,(1) at time 1=, The ratio (2u,(1,))/(2E,) is. of course. the same as
u,(t)/E,.

As an example of how to use this technique, we measured 2E,=93.2 mV and

2u,(1,)=74.0 mV. For these values. the phase ditference is

2u
$-= 90°+cos™Y| | = 127°. (205)
2E,

Notice that we have neglected the arbitrary integers m and n in this cxpression. This
calculation give a phasc dilference which is 7° away from the 120° which we would have
preferred the couplers to dcliver. On the other hand, this ditference is good empirical
evidence for the robustness of the technique which we shall now describe, for we still

managed to recover signals with excclient fidelity from this impertect 3x3 coupler.

’
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C. RECOVERING THE SIGNAL OF INTEREST

Oer first goal in the processing of the three interferometric output signals is to
eliminate the constant D l'r()milﬁc—thrgc outputs by subtraction. An casy way to compute
D in acircuit is to add up all three signals and divide by 3. A-typical implementation of
an- adder has some gain lactor k, associated with it. We will arrange :matters so-that

,==1/3. If we add up the three signals, we get

3 3 "
S, = kY x, = kY, +Ecos{f-(k-l)§7r]}

i=1 i=1

(206)
2 2

= 3k, D+kEY f-(k-l);n'].
izl 3

On page 255 in Appendix A we prove the theorem given there as Equation (342), which

is
N-1 fg-x23] WN-1
Ee'[ ¥ )3 co{a-kﬁ +jsin(o-le2—’5 - 0. (207)
N N
The real part of this cxpression can-only be zero if
N-1 2
Ye o-k;_) = 0. (208)
N

k=0

This is geometrically obvious since vectors comprising the sides ol an cquilateral, regular
polygon must sum to zero because the polygon is closed. Applying this to Equation (206),

we see that

S, = 3D = D. (209)

Because we have a way of computing D (or, rather, its negative), we can subtract
it from the interferometric outputs. This is akin to removing a constant offset from a
signal by the usc of lowpass liltering, cxcept that using such a filter would preclude the
correct processing of low [requency components in the signal of interest. What is worse,

however, is that signals ol interest with very small amplitude produce signals x, which do
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not-vary much. This does not mean that they are always close to D, however: it only

‘means that cos{f -(k-l)%n’_l is nearly ¢r.stant. However. this-constant multiplies E to

produce different levels of signal in cach ol the three signal paths. Putting these signals
through lowpass filtc - . merely changes the constant offset, rather than climinating it
totally.

In Figure 24, three adders arc used to perform the subtraction. Let their outputs

be called x,;, = 4, and x;,. Because these adders have some gain. kA‘, we have

Xy = kAlEcos[E-‘(k-l)% n]. (210)

The next'step is Lo differentiate cach of thex;,. The-differentiators, too, have their

own-gain, k,. The outputs of the three ditterentiators are
X = by = Kok, E¢ sin{:f ‘(kfl’)%ﬁ]- (211)

The three derivatives arc simulated-in the plots of Figurc 27 for the same case as
in Figure 25. Again, the:sinusoidal stimulus is-shown tor refercnce, although still not to
the same vertical scale &s the defivatives. In the plots. we have dropped the second
subseript, 3éaif«-b‘wcrc crofin .- .~

In the last chapter we described asymmetric demodulation and we went to some
tropBi(s to -obtain the sinc and cosine of the signal of intcrest from a set of three
interferometric-outputs, .cach 120° out of phase from the other. From the sine’ and
cosine we obtained the -derivative of eachs It was an eas; matter to cross-multiply,
subtract, and integrate the result-to obtain a scaled replica-of the signal of interest. How
can we extend this-idea sc -that all ihree signals might be used? In discussions with the

author, Dr. Robert Keolian had-the.insight to apply phasor techniques to this problem.

~ Now phasors are a too! which-only apply to iinear systems: processing which cntails

fmultiplication is non-linear. One can add two phgsors together and get another phasor.

One cannot rwultiply two phascrs together at all.  When two sinusoids are multiplied



sin(2xft)-

Figure 27 Simulations of the derivatives of the. three interferometric outputs.

together, the result consists of the sum ol two sinusoids. Onc of these has a frequency
which is the sum ol the input frequencies; the other has a frequency which is the
difference between the input frequencies. If the two inputs have the same frequency,
which is the case tor two signals represented by two phasors, their product contains a
term at twice the input [rcquency and a constant term. In what follows, we shall ignore
the constant term and focus our attention on the sinusoidal term a¢ twice the input
frequency. The output at twice the input [requency could be represented-as a phasor,
too, but it would normally not be.shown on the same phasor diagram because of the fact
that its frequency is different.

We shall take the liberty of breaking the rule that phasors at dilferent frequencies

never be discussed in the same sentence or drawn on the same diagram. However, the




“phasor” representing the output signal at twice the frequency-of the input: signals is not
a phasor in-the conventional sensc. Although in the tigures which follow we show this
output signal as an-arrow in the complex-plane, superimposed on a phasor diagram, the
reader must be mindful that- its {requency is ditferent from that of the phasors in the
diagram and the phasc -rclationships between- the various phasors and the output
“phasor” are not constant. We shall be careful Lo use-quotation marks around the word
phasor whenever this output signal is being referred to. If the rcader rebels at the heresy
of using phasor techniques.in non-linear signal processing, he may be somewhat mollitied
to know that without this highly unorthodox approach: we would never have discovered
the algorithm which we explain in this chapter.

In Figure 28 we show the phasor approach applicd:to asymmetric demodulation.
The small, black arrows show the two signals, sine and cosine, that the asymmetric
method uses. The cosine leads the sine,.so.it is the arrow-labelled jE; the sine is labelled
E. The derivatives are the intermediate-sized arrows with white interiors. The derivative
-of the E phasor is‘the jwE phasor: the derivative of the jJE phasor is the = wE phasor.
The large, diagonally-striped arrows shows the cross-product “phasors” which the
asymmetric method produces. Both cross-products are the same. The product of E and
the derivative of jE is. — wE". The product of jE and the derivative of £ also is equal to
- wE*

At this point, the phasor approach collapses, for according to the asymmetric
demodulation technique, the difference between-these two cross-products is the derivative
of the signal of interest. But the difference between these two “phasors” is zero; only
their sum would yield a non-zero, real result. This problem cvaporates il we stick to a
trigonometric description of the signal processing; it only occurs because we have used
the wrong tool, the phasor tool. Yet the geometric interpretation provided by the phasor
methods made the discovery of the method a reality. Dr. Keolian's insight was to apply
the method to the symmetric demodulation idea despite the obvious crror in doing so.

Figure 29 uses phasors (o depict the idea behind symmetric demodulation, As was
the case in Figure 28 where we used phasors to explain asymmetric demodulation, the

small, black arrows represent the outputs of the interferometer, but now there are three,




Figure 28 Phasor diagram depicting the operation of the asymmetric demodulation
technique.

each separated -by 120° from the other. (We use the notation M /68 to denote the
complex number ol magnitude M and phase angle 6.) The derivatives of these three
signals are shown in the intermediate-sized, white arrows. In dotted outlines, we show
the negatives of these three derivatives, too. Note how.the derivative of one signal and
the negative of the derivative of a second signal-bracket the third signal in.a symmetric
manner. By taking the difference of the two derivatives, a phasor parallel to the third
signal is formed.

In asymmetric demodulation, the effect of cross-multiplication ol signals and
derivatives was to create product “phasors” along the real axis. In symmetric
demodulation, the product “phasors” line up along the 0°, 120°, and —120° axes. but
because they contain E°. their sum is not zero. as it would be it phasor addition of
multiplied phasors were strictly correct, but the real constant 1.5. In fact, in general, one
can- divide 360° -evenly into- N pieces and add the squares of either the sines or the

cosines to arrive-at.a total of N/2. Formally, we he  .ae thcorem




.......
o
.......
o i)

o,

(12-120°)E ' ol 21207

jo(1£120°)[1-(12-120%)]E2

So(or ) 4

Figure 29 Phasor diagram depicting the operation of the symmetric demodulation
technique.

N-1 N-1
Y cos? ¢+1‘12V_") - Esin°¢+kfvﬂ) - _21‘_’ (212)
k=0 k=0

from Equation (344) in Appendix A, wherc we also provide a proof.

Now that we have arrived through graphical ideas at the basic method ot combining
derivatives and signals in the method of symmetric demodulation. we can show in
‘mathematical terms what is going on.

We start by combining signal x,, with the derivatives of x,, and x;;.

: _kaAlEE'sin(E-%n)
S sy = (213)
Ky %1 (g =%3;) kMkA,E cos(¢) .
: +kD'IcAlE.fsin(£+%n)

This simplifies to




k;fxn(*zl‘xsl)' = *M’ki;koEzféCOS(f)['Siﬂ(f ’% 7‘) + Siﬂ(f +-§- ﬂ)]

We can apply to this the trigonometric-identity

sin(A+B)-sin(A-B) = 2cos(A)sin(B)

to obtain

by Gy =%53)- = :kuk:,kbEz £cos( E)[Zcos(f)sin(.i_ 7:]

= 3k} kpE2fcos’(8).

Next we combine signal .v,, with the derivatives.of x;, and .x,,.

ko (g =%y)) = ‘kM’-‘A,E'COS(f "% ”)

This simplifies to

~kpky F fsin(f +% n)

+hpk, Eésin(é) |

KyXy (3, —%y)) = 'leciikDEZ ggos(f—%n) [-sig(g’af%n) + sin([;’)].

If we rewrite this as

kyg %y Gy ~2y) = kMkikaEQ ¢ COS(E "%”)

then we can apply the samce trigonometric identity to get

(214)

(215).

(216)

217)

(218)

(219)




bttt hot feof -2

ol o]

(220)
= VBl ke B2 cos e-%n).
Finally we combine signal-x;, with the derivatives of x,,-and x.,.
gy gy ) = kMkAlE.f‘cos(bzn (221)

+k ok AlEg;:si.n( 13 -% n)

This simplifies to

kygxsy (g =%y )- = kM'kilkﬂDEZ fCOS(f-l—% n—)

~sin() - sin(f-%:r-)]. (222)

If we rewrite this as

. 2 12
kM‘xn(iu X)) = knkiikaz fco;(f#% n’)

(223)
+Si f+27t +_2..7z )
313
then we can once again apply the same trigenometric-identity Lo get
k N L I o 2 2 ). (2
a1y %) = Ky k E* fcos| E+=m|2cos) {-=msinl ==
' V3 A3 (224)

= \/—3-kmkjlkDE2£cosz(£ +%‘7v).

Visualizing a-plot corresponding to the manipulations which have been described
here without using a computer is no easy feat. In fact, a plot of the difference between

two derivatives-is very-similar to the-piots of the derivatives themselves. Figure 30 shows
a simulation of these differences in the derivatives -for the case A =57
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Figure 30 Simulations of the ditferences between the threc possible pairings of
derivatives of the interferometric outputs. The stimulus has amplitude A=37 radians.

When we sum the three expressions of Equations (216), (220), and (224), using the

gain constant k, , we obtain
3

\/gkA,kMk:;kDEzf. [cosz(é’) +cosz({ -% n') +cos2(f +.§. 71')

(225)
3 .
= EﬁkAskMkjlkDEzf.
We have applied Equation (212) here.
The three plots in Figure 31 arc simulations ol the three formulas of Equa-
tion (225). Once again, we include the sinusoidal stimulus in order to make clear the

relation of the complicated cxpressions of Equation (225) to the stimulus. Note that the
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envelope of the three signals is itself now sinusoidal. How do we extract just the
envelope?

Tf we wanted to, we could simply-integrate the expressions in Equation (225) and
get a fair replica of the original signal of interest, £(f). However. there is a factor of E*
in the expressions, which.implics that the derivatives still depend on the contrast between
the dark and'light extrema ol the interference pattern. Since this is a number which
wanders due to changes in laser intensity (which itself depends-on the temperature) and
due to changes in the polarization angle of the light within the optical fiber-interteromet-
ric sensor, it-would be usetul to eliminate this factor.

We can do this by squaring each ol the signals a;; and adding them up. The
‘squaring operation can be performed with another multiplier of gain &y, and the addition

can be performed with another adder of -gain ky,- That is

k=1

3
kY ky {k Ecos[ (k-1)§7r

z 3, . 2 -
}» = EkAszkAlE'- (226)

We have again applied Equation (212)-in computing the sum.

In Figure 32 we illustrate the result of the summation lor the cxample we have
been using throughout this chapter in which the amplitude of the stimulus is A=5#
radians. It should be clear from the figure that the sum of products is indeed
proportional to the derivative of the sinusoid displayed with it. In the figure, the
amplitudes of each wavelorm have been scaled for convenience. and so they are not
labelled.

Both Equations (225) and (226) include the factor E°. We can climinate this-factor
by dividing Equation (226) into Equation (225). Any practical divider has a gain which

we shall call k, (not to be confused with &, the gain ol the differentiators discussed

above). Division yields




s;in(zn,ft)

"
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Figure 31 Plots of the produqts of one signal with the difference between the derivatives

of the other two signals.

3 2 2
SV Jo oo B ] \/?TkA,kadé

k, , (227)
3k e i E? b,
0 Ay MTA
We can integrate this with an integrator of gain &,-to-get
& ﬁkA,kad f gt = \/gklkA,kad £ (228)
| %, E,

Obtaining this expression has been the goal of this cntire chapter. By the

processing algorithm developed here, we have the ability to recover a scalar multiple of
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Figure 32 The result ol adding up the three products of signals with differences of
derivatives. Superimposed on it is the original stimulus-of amplitude A =57 radians.

the signal of interest, £(s). It is important to recognize that neither D nor E appear in
this final expression. This means that the scale factor ol the demodulator is independent
of the average power in the laser, and it is also independent ol the [ringe depth.

The scalar multiple consists of factors.which-we can control in implementing the
algorithm. They include the gains of two adders, the gain of three identical difteren-
tiators, and the gain of the final integrator. These factors can be chosen within certain
constraints to provide {(¢) scaled to whatever level is desired. In an analog implementa-
tion of this scheme, clipping of siénals constrains the selection of these parameters at the
high-frequency limit, and the noisc ol the circuit constrains their selection at the low-

frequency limit.




In-the next chapter. we describe-our implementation of this algorithm with analog

eléctronics. In Chapter XI. we-measure the performance of this implementation.




IX: DESIGN-OF A SYMMETRIC ANALOG DEMODULATOR

In the last chapter we analyzed a-new method of passive homodyne demodulation
which we call symmetric demodulation, due to the fact that all three outputs of the
optical fiber. interterometric sensor are processed in the same (symmetric) manner. In
this chapter we-apply the analysis to the implementation ol the technique in analog
electronics.

Figure,33»is a schematic drawing of the circuit. The three inputs-are shown at the
left-hand side where three photodiodes convert-the interferometric outputs into current
signals. These currents: are converted to voltage signals by threc transimpedance
amplifiers built around operational-amplifiers- U1, U2, and-U3. The summation of the
three voltage signals to compute D in-Equation (200) in Chapter VIII4s performed by the
inverting scaling adders built around operational amplifier U4A. This sum is subtracted
from the outputs of the transimpedance amplifiers by operational amplifiers USA, UGA.
and U7A.

The outputs of USA, U6A, and- U7A arc described by Equation (210) in
Chapter VIII. Their derivatives are computed. in the diiferentiators built around
operational amplifiers USB. U6B. and U7B. The Analog Devices AD534 Multipliers
U1, Ul2, and U13 have ditferential inputs. We apply one signal and a ground to onc
differential input in each. To the other. we apply the derivatives ol the other two signals
according to Equations (216), (220), and (224) in Chapter VIIL. Each signal is multiplicd
internally by the diffcrence between the two derivatives of the other two signals. These
three outputs are added in-the inverting scaling. adder built around operational amplifier
U14A to yield the result modcelled in Equation (225) in Chapter VIIL. Inorder to remove
the factor of E* in that result, another expression with E? in it is computed by the
inverting adder built around operational amplifier U4B, which gets its-own input [rom
thrce more AD534 Multipliers, U8, U9, and U10. These multipliers are configured to

square their inputs, which arc the interferometric outputs stripped of D. The sum of
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Figure 33 = Schematic diagram of an implementation of the symmetric analog
demodulation technique in analog clectronics. Power-supply bypass capacitors are
omitted in this diagram.




‘these squares is of the form given in Equation (226) of Chapter VIIL. The Burr-Brown
DIV100 Divider U15 takes the ratio of the output of U14A and that-of U4B. This result.
is proportional to the derivative of the signal of interest, but without depender -on D
or E, as shown in Equation (227) in Chapter VIII. The final step .in the circuit is to
reconstruct from this the signal of interest as shown in-Equation (228) of Chapter VIIL
The integration is-performed by the integrator built around operational amplifier U14B.

We now turn to a detailed discussion of each ofthe several stages in the Symmetric

Analog Demodulator.

A.  THE RECEIVERS

The receivers comprisc the three photodetectors CR1.CR2. and CR3 together with
the three..ransimpedance amolificrs built around operational amg;l.fiers U1, U2. and U3.
These three amplitiers arc Burr-Brown OPAl1ls. They teature very low bias currents
ol, at most, 2 pA, which contribute only 130 nV to the output offset voltage when passed
through the 64.9 kQ fecdback resistors R1, R2, and R3.** The input voltage oftset is
less than 500 pV. This offset voltage appears with gain 1 at the output of the
transimpedance amplifier. The maximum drift in input offset current is S pV/K: over
50 K of temperature dritt.-this amounts to no more than a 250 yV drift in the 500 14V
figure-previously mentionced for a total of no more than 750 pV. Although this amount
is la: larger than that due to the bias current, it is nonetheless very small. The unity gain
handwidth of the OPAI1l-is 2 MHz.

The OPA111 also provides very low voltage noise. no more than 40 nVAHz at a
frequency of 100 Hz, and typically only 1S nVA Hz. Since this is the input stage of the
entire circuit, we wish to minimize the contribution of the receiver to the overall noisc,
so the OPAL1l makes a good choice.

3 As is the case in nearly all the work described in this dissertation, we used resistors
with 1% tolerancc. This was largely for convenience, because they were available. In
many cases, resistors of lower tolerance could have been used. The main exceptions to
this statement are the active sub-circuits such as integrators and differentiators.
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When the lascr’s monitor current was 58.2 pA (indicating that the lascr diode was
emitting 7.1 mW 'g)plical power), the three photodiodes produced measured voltages
D=263 mV, 25.9 mV. and 29.0 mV across transimpedance amplificrs with 500-Q in the
‘feedback path. The fluctuation in:these voltages was E=9 mV. 10 mV, and 10 mV. We

increased the resistances 10 64.9 kQ in order to raise the peak voltages to around 5V

under these conditions. The value SV was about half-way through the range in which
we desired to work. =10 V to +10 V. This allowed room lor fluctuations of the laser
power to higher levels without saturating the transimpedance amplilicrs. These changes

altered the voltages [rom the transimpedance amplifiers to

mA)\ .
. mA\ 64,
D = (150 pW)(370 W )(6 9 k) (229)

=36 V.

and

tm
Q

mA
(s p,W)(37O —\-V—)(64.9 kQ) (230)

1.3 V.

In the laboratory, we used fairly lengthy (=1 m longA) coaxial leads to transmit the
currents from the photodiodes to the transimpedance amplifiers. The capacitance
presented by-these leads was sufficient to act as a differentiator ol the interferometric
signals, enhancing their high [requencies. We.compensated [or this empirically by placing
10 pF capacitors C1. C2, and C3 across the feedback. We believe these could be reduced
or eliminated if more attention were paid to lead capacitances by placing the:photodiodes
in close proximity- to the amplifiers.

The choice of operational amplifiers throughout the rest of the circuit was not as
critical. We selected Analog Devices AD712 dual precision operational amplifiers. These
Lave a higher unity-gain bandwidth than the OPAIl1ls, 4 MHz Their voltage noisc is
typically 45 nVA Hz at 100 Hz, higher than the typical value of 15 nVA Hz for the
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OPA! 11, but still respectably small. Their input offset voltage is at. most 3 mV. Their
input bias current has a maximum of 75 pA. These arc good. general-purpose
operational amplifiers. |

In Chapter VIII. Equation (209) implied that the averaging circuit implemented
around operational amplilicr U4A needs to have gain k,=—1/3. We-can achieve this by
picking 102 kQ input resistors R4..RS. and R6-and-a 34.0 kQ feedback resistor R7. The
design of summing amplificrs is explained in numerous books on operational amplitiers
(for example, sce Sedra and Smith [Rel. 17]) and so will not be [urther discussed
here, except to say that we also added a I-pF feedback capacitor C18 in parallel with the
34.0 kQ resistor R7 to-climinate the ripple in the output. The ripple was due-to the-lact
that although each interlecrometric output is assumed to have equal central values D and
peak deviations E from this value; in. fact these values are not all equal to one another.
Furthermore, the phase dillcrences between different legs are not exactly 120°. As a
tesult, the sum. is not a: constant. The capacitor masks the variztion in the result.
Although it only-produces an approximation of thé theoretical constant D, we found that
the amount cf-constant oltsct left-after the subsequent addizion stage in USA. U6A. and
U7A was not so severe as Lo render the technique of symmetric demodulation useless.

The summing circuits USA, U6A, and UTA are designed to provide the summing

gain k, of Equation (210) in Chapter VIII. Again we want to let these-amplifiers have

peak-outputs of 5 V to-permit Muctuations in laser power without causing saturation ol
the amplifiers. Since these summers remove D from the signal, the amplitudes coming
out-of them is dependent on E and the gain of the summers. From Equation (230) we

know that E=1.3 V. So we should pick the gain to be
k=Y 238 (231)
113V
We can. achieve roughly this level of ,;;ain:(precision is not important here because the
signal levels are so highly variable) by selecting 13.7 kQ input resistors and 51.1 kQ

,

feedback resistors. For this choice. we actually achieve
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_ 5L1kQ

A = 3.73. (232)
1137 kQ

The next step in the demodulation-technique is to ditferentiate the outputs of the
summing amplifiers USA. U6A; and U7A.  Operational amplificrs USB, U6B, and U7B
are -configured to do this. Figurc 70 in Appendix A shows a gencralized circuit to
perform differentiation. We present a detailed-analysis-of the circuit in that appendix.
The key results arc given in Equations (399), (405), and (407). The first of these
equations gives the transler function G(f) of the ditfercntiating circuit if the two pole
frequencies are equal to one-another and-if the operating [requency is well below this.
, Vour .
G(f) = — = -R,C,j2nf =k, (233)
. Vn -
The second of these equations gives the relative crror in the magnitude:of: the gain. which

depends on how far away {rom-the pole [requency [, we elect to operate.

g

The third of these .cquations gives the crror in-the phase of the gain, which. likewise,

depends on-how far away Irom the pole frequency we elect to operate.

c, - -zm-l(fi). (23)
P

~ We designed-the circuit o handle peak phase shifts of 100 radians when the signal of
interest had a frequency of 200 Hz. The-time for the signal of interest to:change from
zero-to its peak amplitude is a quarter of a cycle, or w/2 radians. So if the peak phase

shift -is A4, there are
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( ,,) (236)

cycles of the interferometric output in a-quarter cycle of the signal of interest. The
period of a cycle is T, so a rough approximation of the peak trequency present in the

signal of interest is

4 24
N (237)
;)
Thus we expect frequencics up to
2(100 rad)200 Ha) _ 4 7 g, (238)

T

We can use this value. along with.our desire to-keep the phase crror-less than 2° at-this

peak trequency, to choose the pole [requency.

€p = -Zmn;‘v[:}j:):
N (239)
< {2215
5
From this, we concludé that we rﬁust~_pick;f‘,;=728 kHz: This mecans that
RC, = RC, = + = 219 ns, (240)

o

wh/i"ch.-wve get by applying Equation-(397) in. Appendix A.

Tn picking the géin of the differentiator, we have a conflict between:-what we would-
like-the gain-to be-and what the AD712 can deliver. We still want a 5V margin between
the expected peak-signal and the upper limit of 10 V-we want-to impose. For a simple,

sinusoidal signal of interest of the form
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£ = AsinQaft), (241)
‘the:derivative of the interfetometric outputs. (after -passing through the summers) is

. d .
¢ = k,—k, Ecos[Asin(27f?)]
Pdr (242)

= =2 zrkakAlAEcos(Z nft) sin[A sin(2 nf)).

To-ensure that, when f=200-Hz and A=100 rad, we still do not-get more than'5- V from

the -circuit, we set
5V = Z”fkokA,AE = 2”fR2C1kA,AE

5V (243)

RC, = ———.
G 2nfk, AE

A ‘Wessought-a peak-output-of’5 V tfrom-the adders:USA, UGA. and U7A. so we will treat

5V .
— =5 V. 244
o (244)
1
Hence
1
C, = ——
Rt 2nAf
1 (245)
" 27(100rad)(200Hz)
= 7.96- ps.

But at high frequencies, the AD712 will is not guaranteed to sustain morce than a 3 MHz
géi@-band&vidth produci. That is
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Gain x Bandwidth = 3 MHz

—:(27rR2Cl f)x Bandwidth = 3 -MHz (245)

3 MHz

Bandwidth = —_,
© (2#RC\Sf)

The maximum permissible bandwidth is dictated by the ‘maximum frcquency f in this

equation. Setting the bandwidth cqual to the maximum frequency, we get

3 MHz

\ 27R,C,

7 3 MHz
\ 27(7.96 -us)
= 245 kHz.

f=

(247)

But earlier we-decided we needed 728.kHz for-the pole frequency. Figure 34 is a Bode
plot of the gain-of-thc AD712 and of the differentiator gain characteristic we want to
achieve. As I ig-as we demand less.gain than the operational amplifier can provide: the
feedback:control loop-is closed, and our desired gain is the-actual gain-ol the circuit. But
if the gain we-want gets Loo big, the-operational amplifier-no-longer-has cnough cxcess
loop-gain-to keep control: the amplifier’s own transter characteristic becomes dominant.
As the figure makes clear. we must.compromise by lowering the gain of the differentiator
until its characteristic peaks at-the pole frequency, 728 kHz, where it intersects the gain

characteristic of-the operational amplifier. The new value-of the gain is
_ 3 MHz
2xf

___3MHz (248)
[2 7(728kHz)?]

= 901 ns.

R,C,

By trial and crror,-we tind combinations of R,. R,, C,. and C, which correspond to
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700k ‘1M‘H\M100M‘

Figur: 34 Design of a Differentiator. A compromise is necessary in setting the gain of
the ditferentiator to avoid exceeding the gain-bandwidth product of:the amplifier, an
AD712 in this case.

available values of the components and-which meet the conditions we have derived in
Equations (240)-and (248). A suitable combination is
R, =464 Q C, = 470 pF

(249)
R, =191kQ  C, = 100 pF

and these are the values in the schematic in Figure 33 on page 133. The gain constant

for the differentiator thus is
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-k = =R,C = -901 ms. (250)

The multipliers U11. U12, U13, U8, U9, and U10in the schematic are very easy
to use. Three of them arc used-to-compute the cross-product ofinterferometric signals
with the difference in the derivatives of the otlier two signals. These are the multipliers-
Ull, U12, and U13.

One-differential pair ol*inputs is one-interferometric output (with D subtracted off)
and-ground (zero). The other pairconsists of the outputs-of two differentiators. Their
ditference is computed internally-to-thesc AD534 multipliers and’the product is produced
at the output.

The squares ol the interferometric outputs (with D subtracted off) are computed
by U8, U9, and Ul0. Later on in the circuit, the denominator input to the DIV100
(U15) must be -positive. To -guarantee this, we connected these three multipliers to
produce negative squarcs. So the inputswere provided to a non-inverting terminal of one
-of the differential inputs and to an inverting terminal on the other differential input. The
remaining input terminals were connected Lo ground.

The AD534 has a built-in multiplicative scale factor of 0.1 V™', Thus two.full scale
inputs (10'V is full scalc) will produce an output of (0.1 V™')(10 V)(10 V) = 10 V.
Since we have been assuming that peak signal levels of 5 V are present at the outputs
of all stages, we expect Lo-see (0.1 V7')(5 V)(5 V) = 2.5 V. The small signal bandwidth
of the AD534 is 1 MHz. Its noise spectral density is large compared to-that associated
with good operational amplifiers: 800 nVA'Hz at 10 kHz; it is larger at 100 Hz. about
900 nVN'Hz.

The adder in UI4A is very similar to that in U4A described carlicr. To compute
the required gain, we make use ol Equation (225) in Chapter VIII. It gives the output

of this adder as

" The scale [actor can be adjusted. but we have not used this leature. Analog
Devices. has a new multiplier. the AD734, which has a scale lactor which can vary
dynamically. By varying the scale factor in a suitable manner. division is made possible.
in addition to multiplication.




3 2, r2F z
3 EkAJkMkAikDEzf. (251)
We-want thisto peak at 5 V when 4=100 rad and f=200 Hz. So
3 : : 3 2 . .
5\/§kA31cukjlk,,EZf = —EﬁkAskMkAIkDEzAZﬂsm[Asm(27zft)]

5V > 2k, 0.1 V)B3.8901 ns)(1.3 VyA2xf
2. % (252)

b = 2(5-V) L
3,/3(0.1 V™1)(3.8)2(901 ns)(1.3 V)*(100 rad)27(200 Hz)

7.0.

We later decided to lower this value in order to accommodate input phase shifts ol
239 rad, more: than the 100 rad used:in this calculation. so our final choice for input

resistors-to- U14A was 14.0-kQ with a:4.99 kQ feedback resistor. giving

L o 499 k0

2 =0.356. (253)
* 140 kQ

We now turn o the summer U4B which adds together the squares of the
interferometric outputs (with D subtracted otf) which are produced by U8, U9. and Ul10.
From Equation (226) in Chapter VIIL.

3 42
_ikAszklhE—z <5V
25V
ky, s ——— ) -
3kyky E (254)
_ 2(5 V)
3(0.1 V)(3.8)%(1.3 V)?
= 1.37.

We selected input resistor R26. R30, and R35 to be 10.5 kQ and the leedback resistor

R37-to be 14.0 kQ, giving an actual value of
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k, =133 (253)

The outputs- of the two adders- UI4A and ‘U4B form the numerator and
denominator inputs respectively to the Burr-Brown DIVI00 (U15). The DIV100 has a
sma‘iLsignal ‘bandwidth of 350-kHz. The-denominator needs to be greater than 250 mV
for reasonable accuracy. and it must be positive. As mentioned above, this was casily
arranged by causing the multipliers U8. U9, and U0 to generate negative squares.
Subsequently U4B inverted the sum, so this:constraint was met.

The DIV100 has a scale Tactor

k; =10 V. (256)

In the range 10 Hz to 10 kHz. the DIV 100 generates voltage noise between 370 pVA Hz
and 1 mVAN Hz. This is greater-than the noise of the AD334 multipliers. and it is vastly
biggerthan the noisc of the operational amplifiers-we have used so far. We will examine
the consequences of this lact in: Appendix F.

We use the DIViND to remove the cffects of E from the demodulated signal.

Recall that E is affected by laser-power and-the [ringe depth of the interference pattern,

-which-varies as the polarization of the light within the.interferometer wanders.

The output of the divider is given by Equation (227) in Chapter VIII, which is

ok, (257)
kA’ .
Upon integration by Ul4B, Equation (228) of Chapter VIII shows that the
demodulator’s output is

Pk ke (258)
ra— :

As

The final gain constant is-that ol the integrator:
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1:

k[ ==
—R5lcl7

= 6.89x10° s1. (259)

‘We can now substitute all the constants into Equation-(258):

/3(6.89x10° s)(0.356)(901 ns)(10 V) _ ,q mV (260)
1.33 rad

which-is very close 10 the value 31 mV/rad-measured-in Chapter XI.

B. WAVEFORMS

In the last chapter we showed computer simulations of-the wavelorms which would
exist at various stages of thc symmetric demodulation process it the signal of interest
were a sinusoid. In:this scetion we prescent photographs of an oscilloscope display of the
-waveforms actually prescnt in the Symmetric Analogue Demodulator [or sinusoidal inputs.

Figure 35 shows two photographs of the interference patterns gencrated by the
intertferometer we built. Both patterns were generated by a 100 Hz stimulus. In the
upper photograph, the phasc amplitude 4=33.7 rad; in the lower trace. 4=67.9 rad.
Note that the amplitude of the interference pattern is the same in cach-photograph. and
the -points of minimum Irequency in the interference pattern always correspond to the
extrema of the stimulus.

Figure 36 shows the outputs of the differentiators USB, U6B. and U7B. The
frequency of the stimulus is 100 Hz as before. and the upper and lower traces still
correspond to phase amplitudes of 33.7 and 67.9 rad, respectively. Note how high-
frequency noise is very evident.in the photographs. Noise was completcly absent in the
computer simulations. The differentiators amplify the high frequencies, so any noise
which is already present in the interferometric outputs is enhanced. This also cxplains
why the amplitude of the derivatives is fargest in the region where the interferometric
outputs are oscillating most rapidly.

In the last chapter. we were able to show computer simulations of the dilferences
between cach of the two derivatives. We cannot show photographs ol the differences

because the differences arc computed inside the AD334 differential-input analog
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Figure 35 Three outputs ol the optical fiber interferometric sensor with the 100 Hz
sinusoidal stimulus superimposed. Upper photograph: A=33.7 rad. Lower photograph:
A=67.9 rad.
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Figﬁn 36 Derivatives of three outputs oil' the optical fiber interferometric sensor with
the 100 Hz sinusoidal stimulus superimposed. Upper photograph: A=33.7 rad. Lower
photograph: A=679 rad.
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Figure 37 Products of each outpﬁt with the differcnce between the derivatives of the
other two;. the 100 Hz sinusoidal stimulus is superimposed.  Upper photograph:
A=33.7 rad. Lower photograph: A=67.9 rad.
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' Figuré,38 Symmetric Analogue Defﬁodulator—;)utpui, f¥100 Hz, A=137 rad. Upper
photograph, upper trace: undistorted input; lower trace, demodulator output. Lower
photcgraph: FFT of demodulator output with.5% THD present.




multipliers. The results-of the multiplication; however, are shown in Figure 37. The
’ffrequency of the stimulus and thc phase amplitudes .arc the same as before. The
envelope of the traces now is.a sinusoid with the same frequency as the stimulus, but
shifted in phase by 90°. Noise is still rather severe in these photographs, and one begins
to wonder if a faithful replica-ot the stimulus can be i'econ§tructed, ‘ ;
Figure 38 shows that after summing the thre¢ products and-:-intcgrz;ting them, we
do indeed get a.good replica of the stimulus. The upper trace in the upper photograph
is-the undistorted-sinusoid generated by the HP3314A Function Generator. The lower ‘
trace in the uppér,photogruph is the-output of the demodulator. In the lower photograph
is a Fast Fourier Transtorm (FFT) of the demodulator’s-output. The photographs in
Figure 38 correspond to a- stimulus of frequency 100 Hx and the phase amplitude
A=136.5 rad. Al this high phase amplitude, the distortion has reached the 5% -level
(=25.79 dB), but this is hard-to discern trom the oscilloscope trace alone.
We:have-also used tiiangular waves to excite the sensor; the demodulator outputs

a triangle wave, just as it should:

C. 'SUMMARY:

This-chapter-and the previous-one:-have described the most innovative aspect of the
work described in-this disscitation. We developed a new algorithm: for-demodulating the
-outputs of an optical fiber -interferometric sensor terminated by a 3X3 optical fiber
-coupler. Unlike the asymmetric demodulation. method described in-Chapter VII, the
symmetric-demodulation-method -processes all outputs of the interferometer in a similar
fashion. None is discarded. The algorithm was-arrived-at in a semi-intuitive manner by
the entirely unorthodox application of phasor techniques to a non-linear -process. Its
c¢orrectness could not ‘be demonstrated, however, by such ill-chosen (but intuitively
helpful) nmiethods. We had to rely on-the use.of trigonometry (or:the equivalent use of
complex exponentials and their complex conjugates).

The symmetric demodulation method has an additional advantage '(apart from
symmetry) over the asymmetric method. The dependence of the output of the

demodulator on the central value D of the output of the interfcrometer and on the
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amplitude E of the fluctuations around:D is absent from the linal result. The asymmetric
demodulation method achieves independence from D, but not trom E.

In the next chapter we digress briefly to discuss the measurement of noise. Upon
the-completion-ol this digression, we shall be in-a-position-to.measurc the performance

of our implementation of the symmetric demodulation algorithm in the presence of noisc.




X. MEASURING NOISE

In this chapter we present the methods-we have used-to measure n()isc:;;nd the
results- of measurements of the noise of our instruments. The purpose of doing:-this is to
be sure that when we measurc the noise of the Symmetric Analog Demodulator and the
Asymmetric Digital Demodulator we do not inadvertently -mcasure the noisc of
instruments. If the noise introduced by the instruments is less-than that observed from
the demodulators, then it is rcasonable to infer lha; this inadvertency has not occurred..
All measurements were taken at 590:Hz.  This value -was chosen slightly offset from
6(\)O,Hz‘iﬁf-ordér to-avoid -contamination ‘by the abundant sources of 60:Hz harmonics

which existed-in: our:laboratory.

A. HOW TO MEASURE NOISE

We génerally uscd two- independent techniques to measure noise.  The casiest
entailed the use of anﬁHPSS(wlﬂ A Dynamic Signal Analyzer. This device has 400 frequency
bins which it uses in performing a Fast Fourier Transform on the input wave form. The
bandwidth of each bin is dependent ofithe user’s choice ol [requency span (the fowest
and highest frequencies of interest). It -also depends on the user’s choice-of “window”
function. The instrument offers a selectable option to present the root-mean-squared
voltage in each bin divided by the square root ol the bandwidth. Thus, the units of
measure become VN Hz rather than V. This instrument is attractive because it is so casy

to use.

B. HP3561A DYNAMIC SIGNAL ANALYZER
The HP3561A measured its own noise floor. The instrument has a 1 MQ input
impedance, and we placed a matched 50 Q load across its two inputs. The inputs were

AC coupled by a sclection on the front panel of the instrument. The HP3561A displayed

its own measurement of the noise as 56.2 nVN Hz (- 145 dBVAN'Hz). This cannot be due




to-the presence of the 50-Q load. whose noise spectral-density ¢,f-can'be computed-from

the expression

'e; = ,/4}1‘3 (261)

where k=1.381x10"* J/K is. Boltzmann’s constant, T is the cmperature. and R is the
resistance. If*we Leke the temperature as 300 K (room:temperature) and use:50 ) for
R, then the load would only gencrate 910 pVAHz (—181 dbVA Hz), considerably less
than that measured for the HP3561A. Our measurement of the noise compares well with
the-value specified for the HP3561A, at most —141 dBVAW Hz.

~C. EG&G PRINCETONAPPLIED RESEARCH MODEL 5210 LOCK-IN AMPLIFIER
’ This device, like the HP3561A Dynamic Signal Analyzer. can -measure its own'
noise floor. Like the HP3561A, it has a 1 MQ input impedance. It is calibrated only for
source impedances lmuch— smaller than this. We simply shorted the differential inputs
together. We set the lock-in amplifier’s sensitivity scale Tactor set to 10% time constant
7 to | s,-and the filter skirts to dcclin_c at —12 dB per. decade ol increase of frequency.
The output:-of the lock-in ampliticr was averaged on an HP3436A Digital Voltmeter, and
was V,,;7=0.53£0.19 V. We can convert this to a voltage noise spectral density ¢gy,

referred to the input {rom the formula

-

t _ Your _ .o nV _157 4BV

V8t

- This compares well with the noise floor specified for the Model 5210. 5 nVAHz
(—166 dBV/vTHz) at 1 kHz (we measured the noise tloor at 590 Hz).

D. ANALOG INTERFEROMETRIC SIMULATORS

We made two measurcments.of the noise of cach of the Analog Interterometric
Simulators, one with open inputs, lhé other with shorted inputs. Thesc results were
\;i!hin a standard deviation ol cach other, as shown in Tabic XII. The standard

-devijations were divided by thc sensitivity sctting of the lock-in amplifier (107) and by
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Table XII Measurements of ‘the noise of the Analog-Interferometric Simulators. taken
on the' Model 5210 Lock-In Amplifier.

- 7 , nVNHz | dBVNHz J
r 3419 %0 | -121 |
Open- 3317 g0 | -120
 25%13 1 700 | -123 |
3.6£1.7 1000 ~120
Shorted | 27x14 180 | 122
3.0x17 C860 | -121

1//(87), the square root-ol the equivalent noise bandwidth. with a-time constant 7=1's.
These values are_almost two orders ol magnitude larger than the noisc iloor of the fock-
in amplifier itself, so we can be fairly contident that they are -not an artifact of the

instrumentation.

E. ANINVERTING AMPLIFIER

As a final check on the correctness both of our measuring techniques and our
ability theoretically to predict the noisc of an electronic circuit, we consider a simple
inverting.amplifier built around the same operational amplilicr. the OPA-111, that we usc
in the optical receivers-ol cach ol the three demodulators considered in this rescarch.
The circuit we shall consider is diagrammed in Figure 39.

There are five speetral noise sources shown in the figure. The noise from the
preceding stage is ¢,'. The two resistors R, and R, have voltage noisc spectral densities
'eR,* and eg,’. The operational amplilier provides noisc modelicd by the voltage noisc
spectral density e, and the current noise spectral density i,' at the inputs. We will
regard the operational amplilier as ideal (having infinite gain), so with all noise sources
suppressed, the voltage at hoth the inverting and non-invcr{ing inputs of the operational

amplifier must be zero. We consider the effects of cach noise source separately: the
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Figure 39 Noise-sources in an inverting amplifier.

Pythagorean sum of each. ol them gives the total output noise voitage spectral density
e,’. Weshall assume that.cach noise source is uncorrelated to.any other. This implies
that the Pythagorean sum, by which we-specifically mean the square root-of-the sum of
the:squares of the effects due to each-noise source individually. is-an appropriate method

for combining the various contributions of the-noise together.

1. ~ Noise sources ¢ and e,

We can lump these two noise sources together. ‘Both are operated upon by
the inverting amplification characteristic of-the amplitier. just as-any ordinary voltage
input would be. If we assumc-that the source resistance is ncgligible. then-each noise
source is simply multiplied by the tactor —R./R,. The two contributions to the noise then
are ’

R, + R,y 'R
-==e; and Rom = —;#kTRl. (263)

1 i I

The negative sign is unimportant in the final-analysis because noises add as the square

root of the sum of the squares of the contributions to the noise.




- “contributes to the output noisc voltage spectral density with gain one.

2. " Noise source ¢,
When noise sources ¢t and e,' arc suppressed, there can be no currents

flowing-tgrough-the system. Thus-the-voltage source

ex, = ORER, - (264)

3. Noise:source ¢}
Inputs e the non-inverting terminal of the operational amplitier are ampliticd
hy gain 1+R./R,,-and this is the case with this noise-source. too. The contribution to the

noise from this source then is

( 15’:}; . (265)
R,

4. Noise source i’

If any of tie nuise Trom this source were to {flow through resistor R,. then
there would be a non-zerovoltage at the ichrtir.g terminal ol the operational amplificr.
An ideal operational amplificr maintains the inverting ‘terminal and the non-inverting
terminal-at equal potentials. namelyzero, so.the current flowing through R, must be zero.

All the current must flow through resistor R, and so this source's contribution to the

_noise is

’:Rz - (266)

5. Total noise

The sum of all these contributions to the noise can be expressed as




S

o - - ™

1R 4V - Mz
el = (E:e,f) [22) 4KTR + 41:1'&,*[(13gl 3 (i1R,). (267)

A comparison-of the predicted noise:-and the measured-noise for this -circuit
is shown in Table XIII. The cmrics with zero noise from the source were made with no
source connected, that:is. with the: input resistor R, grounded. The last column shows a

measurement.-taken wuh the input resistor-connected to the output of one of the Analog

Interferometric Simulators. Notice the excellent ‘agreement between the predicted and

the observed values. Morc than any other measurement: cited sp-far, this-consistency

between theory and observation gives us—conﬁdcncc both in our ability

theoreucally to-analyze noise and-practically- lo observe it.

Now that we have brietly discussed the instruments with which we can measure
noise and-have performed a detailed analysis on: a-particular circuit, we are ready to
inéi)rpiirate ‘these technigues -in- measuring the pcrl'ormancé ol the Symmclrig Analog

Demodulator sa- that we can determine its minimum detectable-signal.
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Table XIII Comparison ol predicted and observed noise levels from an inverting
amplifier. :

E R, 10k | s9xa
i R, ~ | 200me | oMe | 100k0 100k | 69k
A ' y ’ | s
1t - o
e; f 0 VA Hz (short-circuit 1o ground) Az
Noesoweel L+ | 257 129 | 1 129 374
- Rl H- - o - r - .
~at the output uVNHz pV/fﬂ/.? 7 nVAHz nVilHz nVH Hz
' + - 182 129 | 407 129 3238
‘R " aVAHz nVNHz | nVAHz nVA Hz nVA Hz
Burr- .t o302 1.52 163 300 343
Brown | 1® nVNHz || uVWNIL pVHHz nVNHz nV¥Hz nVNHz
OPA- 4 ;1 100 s00 | 500 500 | 325
U1 | se0aavMiz || oVl | pVAHz | pV#il VAllz pVATHz
Predicted ' 7 7
Qutput 10 20 210 33 7 1.2
Noise et " WVAWHz vilTiz VATl VAHz \’1-'} Hz.
Spectral | pyNRiz R e ¢ ’
Density
Sensitivity 10 33axio° 10" 107
Parameiers 7 Time ) 1<
of the Lock- consiant )
in Amplifier
Filter -12 4B per decade
skiris

Quiput voliage =

0.7 0203V | 22=12V 2206V AX2INV
Standard Deviation B 123 12206 =23

4.2 23 190 33 1.2
pVlhz pViHz nVAyHz nVi iz pViHz

H-Oulput noise speciral density:




A.

XI. PERFORMANCE OF THE SYMMETRIC ANALOG DEMODULATOR

OVERVIEW

In this chapter we examine the performance of the Symmetric Analog Demodulat-

or.” The aspects-of-its performance which we consider are:

1.

scale factor, which rclates the phasc amplitude.in the modulated signal to the
voltage amplitude in the demodulated signal;

small signal bandwidth:
maximum:-acceptable signal:
noise floor:

-dynamic range;

complexity: and

approximate cost.

Thesc are the same characteristics we examined in assessing the performance of the

Fringe Rate Demodulator. plus one new one: the noise floor. This did not arisc in the

casc

of the Fringe Rate Demodulator hecause its principle of operation made it incapable

of demodulating signals with less than half a fringe (an optical phasc shift of 772 radians)

and so the uscful-signals were always very much stronger than the noise anyway. The

Symmetric Analog Demodulator is capable of demodulating signals both above and helow

the onc-half fringe levcl. In lact, at the lower end it is only the noise that prevents it

"from recovering arbitrarily small signals.
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B. SCALE FACTOR

-As with the Fringe Rate Demodulator, the scale factor is defined as the ratio of the
demodulator’s oucput vollagc' to the input phase. If the phase signal provided by the
interferometric' sensor is &() and the output provided by the Symmetric Analog
Demodulator is v(1), then we define the scale factor Fy,,(f) of the demodulator by the

equation

3
dt

LU
(420) -

_ D0
dex)’

Fop(®)

Ideally the scale tactor would -be constant. In practice. it is not. We shall call the
multiplicative product of the phase shift 4 and the [requency f the phase rate, since the
product is measured in radians per sccond. When the phase rate is too large. saturation
of the electronics at the level of the power supplies (or slightly below them) takes place.
The reason saturation occurs is clear if we consider the mathematical expressions for the
output-of the interferometer and its derivative. Let a signal of interest (¢) te applied
to the-interferometric sensor. If £(¢) is a sinusoid of amplitude A and {requency w=27/,
then

{(t) = Asin(w?). (269)

After conversion of the-interferometric output into its voltage analog, £(¢) is converted

into the phase-modulated signal
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x(t) = D+Ecos[¢(t)+¢)
= D +EcosiAsin(wt) + ¢).

(270)

The term: ¢. represents an additional phase shitt which accounts for the choice of one of
the three outpuis of the 3% 3 coupler at the output of the intérlerometric sensor. as well
as the effects of temperature. pressure. and other factors.

The derivative ol x(/) with respect time is

" ~-A E w cos(wt) sinfA sin( wt) + ). (271)

Since the product AE @ is a voltage limited to the level of the supply voltage (or possibly
a little less), this product must not excced some specitic valuc or saturation results."”

On the other hand, when this product is very low. the noise produced by the
differentiators in the demodulator dominates the product AEw and so the outputs no-
longer adequately approximate the derivatives of the inputs.

In either of these limits, the scale factor-of the demodulator deviates trom the
constant level desired. It drops off sharply in the former case, since further increases in
the value of the amplitude A4 ol the signal of interest cannot increase the outputs of the
ditferentiators past their limit. In the latter case, the scale factor rises-as .4 get smaller.
This occurs because the outputs of the differentiators. which are now noisy and very
small, are multiplied by onc of the undifterentiated signals. While this signal continucs
to decline, its product with the ostensible derivative- does not decline as rapidly as it
should. In other words. the.circuit provides too much output for the input it receives.

In the intermediatc range, where the scale factor is roughly constant. the

combination of optical fiber interferometer and Symmetric Analog Demodulator is

'* " In general, the product AEw will also be multiplied by onc or more other

multiplicative constants k, which depend on the specific choices of components in the
design. It is the complete product.of all the k; and AEw which is limited. However, in
the design there is some latitude available in picking these various constants to achieve
the performance desired.




essentially linear-in operation. This means that the output [requency is-that of the input
to the sensor, namely w. and the output amplitude is proportional to the amplitude ol the
input to-the sensor.

Two- other reascns lor the departure of the scale factor from.a constant.are the
limited bandwidth and the-limited slew rate of the components of the Symmetric Analog
Demodulator. These create distortion of the waveforms, and the distortion becomes
‘more-severe when high {rcquencies. are 'signiticant.

To measure the scale factor in the region- where it is a constant, we used an
HP3314A Function Generatorto gcneratc—a&sinusoidal'tesl signal. To create the-phase-
modulated signals used by .the Svmmetric Analog Demodulator. we can apply this test
signal either to-the optical interferometer described-in Chapter IV or to the Analog
Interferometric Simulators described in- Appendix C. Becausc the use of the optical
interferometer iniroduces the added complications of-laser phase noise and wandering of
the directionof polarization of the optical waves in-the interferometer, we chose-Analog
Interferometric Simulators lor performing our measurcments-of scale factor.

We discovered that to rely on the HP3314A: to provide outputs of the same
amplitude as the setting on the [ront panel is unwise when the-amplitudes-are very small:
the outputs.are inaccurate. The data on which we based this conclusion are shown-in
Table XIV. Vs the voltage selected on-the front pancl of the HP3314A Function
Generator. V. is the voltage obeerved-on the HP356]1A Dynamic Signal Analyzer,
expressed in root-mean-squared logarithmic form (dBV)." Because it is a root-mean-
squared-measurement, we can multiply it by ¥2 to get the cquivalent peak amplitude of
the observed output. and we can then take the ratio v2V,,.,/V,. This ratio should equal
the constant 1, which would be the case it the actual output were always equal to the
observed output. The ratios shown-in Table XIV are graphed-against input voltage Vi

in Figure 40. Clcarly, the ratios deviate more and more {rom | when Vjy<1 mV.

' One decibel is defined as 10 times the logarithm of the power in-a signal. Since
voltage squared:divided by resistance equals power through the resistance, a decibel also
is 20 times the logarithm ol the voltage across the resistance. if the resistance is-taken
as 1 Q. This is the conventional definition-of 1 dBV, even il the resistance is not equal
to I Q.
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To compensaté for this-deficiency, we kept the output voliage of the HP3314A
Function-Generator above this-ievel but interposed'a Gertsch Model-480 Ratio Standard
between the HP3314A and the inputs to the Analog Interferometric Simulators. The
output of the HP3314A could-then be-kept close to thevalue sclected on its front panel-
by keeping-it higher than | mV. The ratio selected on-the front-panel of the Model 480
was then used to attenuate the output of the HP3314A to-the low level needed-for noise
measurements. While the data we consider-here are-above:the noise, we generally used
the Model 480 Ratio Standard anyway, once we had found- that the amplitude 'of the
-output of-the HP3314A was not reliable at small signal levels.

That the use-of the Model 480 Ratio Standard provides accurately reduced signal
levels, down-to the level ol 1 pV is clear from the.data in Table XV. To ¢btain these
data, we-used the instrumentation shown in Figure 41. The outputs.of the HP3314A
Function Generator had an amplitude of 10.00-mV. were attenuated by the ‘Gertsch
Model 480 Ratio Standard, and were micasured in two ways. The HP3561A Dynamic
Signal Analyzer provided onc measurement. The combination-of the EG&G Princeton
Applied Résearch Model 5210 Lock-In Amplitier and HP3456A Digital Voltmeter
provided a second measurcment.

The HP3561A normally provides measurcments in RMS lorm. ‘However. this time
‘we used the arithmetic capability of the device to multiply this value by v2 and so convert
the readings into peak amplitudes. The Model 5210 Lock-In Amplifier likewise provides
its measurements in RMS form. Alter first averaging the outputs of the Model 5210 on
the HP3456A, we provided the V2 factor ourselves.

In.Table XV, fis the {requency of the signal applied by the HP3314A: Ratio is the
reduction ratio selected on-the tront pancl of the Model 480: V.. is-the effective output
of the Model 480, computed by taking the product VjyXRatio. where V;,=10.00 mV; Viep
is the effective peak output of the Model 480 measured on the HP3561A Dynamic Signal-
-Analyzer; S is the scale factor of the Model 5210 Lock-In Amplificr in volts/volt: N is the
number of samples averaged by the HP3456A; V), is the average * the standard
deviation of the output of the Model 480 Ratio Standard as measurced with the HP3456A

Digital Voltmeter: and V,,, is the average =+ the standard deviation of the voltage
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Table XIV Inaccuracics in the output. ol the HP3314A Function Generator when-small
amplitudes -are specified.

A Vom: , V2 VounVix
00V 12.52 dBV 09%
ET LA 649 dBV 0.995
v | 295 @BV 0993

LOO V 296 dBV Lol
00mv  7404BV 101
300 mV 41344 dBV 00
200 mV © -1698 dBV 100
100 mV n98dBv | 10
60.0 mV 274248V | w0
300 mV 33464BV [ oo
200mV -37.00 dBV 0,999
100 mV 1301 dBV 1.00
600 mv 474208V | w00
A0my 5346 4BV 1w
200mV | -S7.00dBV 0.999
Wmy -63.09 dBV ey
v | 79V | 095
300 v | 362aBV | o9
200 pV -77.27dBV 0908
100 v -83.65 dBV 0929
600 pv | -ss89aBv 0847
300 pV 9530dBV | 0810
200 v | -1002dBV 0.691
100 pv L3048V | 0317
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1

HP3314A Peak Output Voltage / Input Voltage
Q ok . - - -
- - : // -
al Lo
o R
z
3
3
Lo
N O /
3 /
105 104 ~ 103 102 0T L
Vin V] i
Figuré 40 Graph of the ratio Vour/Vix shown in Table XIV.
detected by the Model 5210 Lock-in Amplifier, computed as
_ V2V (272)

Viu = 5

to express the output ol the Model 480 Ratio Standard in terms of peak amplitude rather
than RMS -amplitude.
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, 1 Gertsch PAR "HP3456A
L [t By
C —> -In oftmeter
, Generator Standard Amplifier
HP3561A
Dynamic
Signal
Analyzer

Figure 41 This instrumentation was used to verity that :the Gertsch Model 480 Ratio
Standard could provide accurately scaled replicas of the signals from the HP3314A
Function Generator.

We used the HP3561A Dynamic Signal Analyzer in a mode which averages
successive readings with 16 exponentially decaying weights.” Where the average
fluctuated to an excessive degree. a dash is shown in Table XV. The exponential
averaging mode would not give results ot tess-than 121.6 nV during our observations,
although smaller numbers were observabie if RMS averaging were used instead.
However, the RMS values at higher levels did not appear to be much different from
those obtained- with exponential averaging.

We operated the Model 5210-Lock-In Amplitier with a time constant = =1 s and
a filter skirt which dropped.off at 12-dB per octave of frequency. We selected a mode
which provides both the magnitude and the phase ol its input.

The magnitude output of the Model 5210 Lock-In Amplitier was provided: as an
input to an HP3456A Digital Voltmeter. This device was set to average N samples.
Each sample was performed by integrai.~g the input over 10 power line cycles, or 167 ms.

The error shown in Table XV for V), is the sqc ¢ root of-the sample variance provided

17 The HP3561A Dynamic Signal Analyzer permits one to specify the number of such
weights, but no control over the size of the weights is provided. In this mode, the
averaging gives greatest emphasis to the most recent data. Therefore. the HP3561A can
follow a mean- which-is a lunction-ol time, -provided the mean does not wander too
rapidly. ’
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Table XV Thesc data show that the Gertsch Model 480 Ratio Standard can accurately
scale an input voltage of 10 mV to as little as 1 V.

1 1.000000] tomms { worwv [ 103 | | 706404 = 000060 v | 1013233 = 0.00085 mV
0.100000| 100y | Lo mv | 10} ‘ » MA7 00022V | LOIOH = 000031 mV
0010000 1000y | werwv | ygid !-. 1314 = 00048 V 100.853 = 0068 pV

20 |0.001000| 1000wy | w0ty |y :";i ' _. 3 % 0,002 V 10.0843 % 0.0037 pV
0000100] 10wy | wwwy | 107 | | 7130 zo00sv 10634 = 00039 pV
0000010] moowv | wov | el 716 £ 0.8 V 012260V
0000001 wonv | weav | 10F| 180 2017 v 255 = 240V
1.000000| 1006 my | o mv | 13 712552 £ GO008S V |  10.0770 = 0.0012 mV
0100000 1o mv | wonwv | 108 || 70189 % 00012V 100677 = 00017 mV
0010000 1000wy | wzwv [ 105 | | 7070 00085V | 10007 = 0.2 wV

100 {0.001000] w0y | ey | 00 7.1001 = 0.0092 V 10041 = 0.013 gV
0000100 100,y | we2uv | 107 7.i6 % 0.21V 1012 = 0030 gV
0.000010{. 1000nv | 1207 wv | 108 74 %18V 104 =260V
000000L| tnv | menv | 08| 262 = 085V 37 % 420V
1.000000| 000my | wozmv | o> PO 15008 £ 000000 Y| 10.15416 = 0.00043 mV
0.i00000| 1000mv | ra02myv | 10* 7743 000018V | 101460 = 0.00025 mV
0010000{ tovwy | wwv | 108 7.1458 % 0.00029 V 101056 = 0.041 LV

1000 0001000 1wy | wosuy | 100 7.0813  0.0029 V 100144 £ 0.0041 pV
0.000100| 1.000 v 1o 7076 % 0022 V 10007 = 0.0031 pV
0000010 1oy [ reny | 0¥ 6.87 £ 0.17 V 97.2 = 24 nV
0.000001] 1000nv | 1208V | 108 086 + 0.21V 122 % 29 nV

by the HP3456A Digital Voltmeter.

To measure the scalc factor Fj, of the demodulator, we-applied the outputs of the
Model 480 Ratio Standard to the inputs of three Analog Interterometric Simulators as
shown in Figure 42. This sctup is very similar to that in Figure 41. The difference is the
presence of the simulators and the demodulator, and the absence of the HP3561A

Dynamic Signa! Analyzer. The outputs of the simulators were provid. . o the Symmetric
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Analogue
- Simulator
’r;m - :Mwm j' ': Apmu‘ ~p— m‘gf
R s e [ T pamocsr
A\
ue | IZ
Simulator Lock-in
Ampiifier
HP3456A
| Digital-
:|" Voltmete,

Figure 42 Setup used to -measure the scale factor f, of the Symmetric Analog
Demodulator.

Analog Demodiuiator.

The-output of the Hr3314A Function Gerierator was set .0-iave an amplitude of

1.00 V. This is a-value well within the ability of the HP3314A to out_ut an accurate
amplitude, as established. by the date iri Table XIV. The smallest ratio sét on the
Gertsch-Model 480 Ratio Standard was:0,000500. This resulted in a signal amplitude o.
500 uV, well above the-minimum reliable signal.level of about | puV established-by the
data in Table XV~ 7

We again used an EG&G Princeton Applied Research Model 5210 Lock-In’

Amplifier‘to make measuréments of the outputs ol the demodulator. The filter time
constant set on the front panel of the lock-in amplitier was 1's. The filter had a roll-off
of 12 dB-per octave increase in trequency. The equivalent noise bandwidth B of the

lock-in caii'be computed {rom the formula
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where 7 is the filter time-constant. This formula is derived in Appendix A.

We fed the output.of the lock-in amplifier to an HP3456A Digital Voltmeter, which
averaged 768 samples ol*the lock-in.amplitier’s output. Each such sample is actually itself
an average of the input.-conducted over an integral number of cycles of the power lines.
We chose 10 cycles lor this integration process. This resulted in averaging for a little
over two minutes. The output scale factor F, of the demodulator is computed from the

formula

F, - V2Vour : (274)
Sger

where § is the sensitivity ol thelock-in amplifier in voltsfvolt, V;y., isthe average voltage
from the lock-in amplifier as-calculated.by the HP3456A Digital Voltmeter, and éy; is

the phase. from the analog simulators. The quantity ¢, is computed-from the [ormula
= o F. . 27
Perr = Vv Ratio F_ (275)

In this expression, Ratio is-the ratio sét on the Gertsch Model 480 Ratio Standard, ¥,y
is the output level of thc HP3314A Function Generator. and F; ., is the average scale
factor for the Analog Interfcrometric Simulators. As shown in Chapter FV, this is 9184
mrad/V.

~ The-observations z;rc summarized in Table XVI. As was mentioned earlier. the
scale factoris not constant [or all-possible inputs. When the multiplicative product of
signal amplitude and frequency is too small, the outputs of the differentiators cease to
be proportional to that product, and so the scale factor rises. Conversely, when-the
product of the two is too big; saturation of the outputs of various components within the
-demodulator occurs. and-so-the scale tactor drops. Both these trends are cvident in the
data of Table XVI. In bctween the two extremes, however, we must conclude that the

scale factor Fj, is approximately 31 mV/rad.

170




Figure 43 Instrumentation for an experiment to test whether the-increase in scale factor

| Anslogue |-

Simulator. Various Output Points-
| Test Signal-
15 . \'%
- Gertsch N )
Fanction Modeld80l 1" || Analogue | >
G - : Ratio : > Simulator -| ~ |
enerator Standard 1~
- N
: HP3561A
Analogue - Dynamic
e Signal
7 Simulator Analyzer
HP3314A
Function

'-Generator | -DC Control of Simulator Output Amplitude

at low- combinations ol amplitude and trequency could be due to a fdilure of the

‘DIV100's divider input to stay within-acceptable limits.

The increase in-scale [actor for low combinations of amplitude and Trequency-ied
us to- hypothesize, at first. that the denominator voltage input .into the Burr-Brown

DIV100 divider integrated circuit was becoming dominated by noise, so that it stopped

-decreasing as the numerator input decreased. We devised -an experiment to-test this
theory, and-concluded that it.is untenable. Figure 43 shows the'instrumentation we used

to - test this-hypothesis. We used one HP3314A Function Generator to create a sine

wave. This was attenuated by-a Gertsch Model 480 Ratio Standard and then-applied to
the three main inputs ol the Analog Electronic Simulators. This created-a simulated

interferometric sensor output. The amplitude of the output could be adjusted by setting

a'DC offset on a second HP3314A and applying this to the AM input of the simulators.

:In mathematical terms, the output of simulator k& was
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X0 = Ecos[Asin(wt)—(k—l)%rr]. (276)

In:-this expression, A4-and o arc-controlled by the first HP3314A whereas E is controlled.

by the second one.

The results of our.measurements are given in Table XVII and in Table XVIII. The
primary signal generator provided a frequency f=100 Hz and a peak voltage output’
Veen=10.000V. This signal was scaled down by a factor of 0.500000 by the Gertsch
Model 402 Ratio Standard-to create an effective output voltage of 5.00 V. The-DC signal
applied to the AM input ol the Analog Interferometric Simulator is_V,,, in Table XVIL.
E is the peak-amplitude of the output of the simulator. ¥,y 4., is the voltage supplied
to the denominator of the DIV100 divider in-the Symmetric Analog Demodulator as a ‘
control. Voyrays is the’RMS voltage provided by the Symmetric Analog Demodulator.

As thevaluc ol E increases. the control voltage-continues to. climb at just the right
rate-to hold-the output constant. However, when E surpasses 1.74 V. the control voltage
is saturated and so the output voltage begins to grow duce to the absence of any control.
So from Table XVII we sce that the maximum amplitude E [rom the simulators that can
still be accepted by the Symmetric Analog Demodulator is.around 1.74 V peak and that
control is maintained as Tong as Vv does not saturate, Le., remains below about
13.77 V.

To obtain the data in Table XVIII, we applicd a | kHz sine wave with a peak
amplitude of 3.00 V to the ratio standard. We then lowered the output of the ratio
standard to apply progressively weaker signals to the inputs ol the Analog Interterometric
Simulators. The DC signal applied to the AM input of the simulators was held constant
at 897 mV to keep the-peak voltage out of the simulator to a nominal 1.50 'V, the level
which was set to be present when the AM input was left open. The actual amplitude
from the simulator was mecasured as 1.49 V. The data show that the drop in phase shift
from the simulators did not have any effect on Ve, the control voltage, but of
course the demodulator’s output continued to drop as the input peak phase shift

dropped. In view of the data in Table XVII, we must infer that the change in -scale




Table XVI  Measurements Lo -obtain the scale factor ol the Symmetric Analog
‘Demodulator. . 7
] Ratio Vier “f ‘bEFI-'r B [vivi ) Vg [m\l/]I;);ad]
0,100000 100 mV* oLE mrad 201 = 0,035 V 3.0
JIE 1 0050000 | F0um\ ] 430 moad . 1.00-= 0076 V' 7 0.7
[ - - 1 10 -
0.025000 Rumy - 230 mrad 03] = 00oh V' A4
0.012500 25wV (05 mead 0.300 = 0055 V s
1000000 Lim\ IS mrad 02 230 = 600V 300
0.100000 ] 1o mV LS mrad ] 10’ 2501 : 0033 V' -13.2/7 ]
¥ - _ 0.010000 _ 106 m\ 218 mrad o 20] = 042V -u;
-~ -0.005000 500 mV 19mmd | ' 155 = 040 Y g
1000000 Lo v | o1 e 3 753 = 00070\ 2
1 0100000 | 100 m\ 918 mrad 0,203 = (072 V 30
0 0010000 |- 100 my 0,15 mrnd saxart 3= YmV 5.3
10005000 5.00 mV 10 mmd 512 = SV 473
1.000000 1L00 v ] 918 mrad '(woo = 0.o0d47 :\:.:;
0.100000 oomv | Smama 7080 = 34wV " s
He 0.010000 _ 100 mV Q.18 mrad X2 : 4o mV o8
1 0.005000 soomy | 459 mmd T m\ M3
N 1000000 Lo v 15 mead._ 3333 87219 = 00027 V¥ L1
0.100000 100 mV 70!..\' mrad ez £b mV 332
®r 0.010000 100 MV 1S mrad "3 = L9 mV 3
~_0.005000 30 mV 439 mrad 352 23 mV LT
_ 1.000000 LV 91X mrad _ ';.7l?5 =024 V RIA
0.160000 100 mV* o5 miad aaxie ~ 15 = 002 V 32
e __ 0.010000 100 mV’ 9,48 mrad aaxiet S =020V 338
0.001000 LOO mV 18 prad 10 281 = 009 V 3
1000000 LoV | uis med 333 635138 = 00012 V¥ 01
0.100000 100 mV 915 mead anxe 7070 = 00007 V¥ 313
0 0010000 100 mV’ %18 mrad naxie’ 6811 = 00O V 35
_ 0.001000 100 mV |- 915 urad 100 24 = 021 V ms
1 1000000 1,00 V 01§ mrad 3333 04731 = 00021 V 200
0.100000 100 My 9LE mrAD 133x10° 67378 = 00035 V 3L
1000 00000 | 100 mv 9,18 mrad Al 06.760 = 0,043 V 33
| 0001000 tomy | 9lsumd 10’ - 2= O3V 3o




Table XVII These data show some cxamples ol combinations of [requency and
amplitude which cause the divisor inpaut to the DIV100 to saturate, resulting in a loss-of
control of the output amplitude.

L . ) i/,w | 7 E VYeoxrrn Vourrus H -
200V L9V | 629V 933mv |
150V | 133wV 794V o772mv | ‘
L0V | 147V 919V 97.72 mV
897 mV BRPTAY 984V 97.78 mV
500 mV 61V 1183V 9I.2mV
60mv 1.74 V 1377V 98.12 mV
oV 15V 1378V 1000 mV 4
~500 mV 1.90 V 1378V H72mv
~1.00uV 23V 1377V 1358 mV
S -1s00v | 217V 13277V 155.8 mV j

factor for small input phasc shilts cannot be duc to a loss of control. Note that in |
Table XVIII, a decrease in the input phase shift ol a factor of 1) is matched by a similar ‘
decrease in the-output of the demodulator.

It is likely that the output of 63.24 mVy,s when the nominal output of the
simulators was 2.75 rad pcak phase shift was due to the fact that the AD639 is »
-increasingly inaccurate as the input gets larger than about 2 radians.

It must be emphasized that there is considerable latitude in choosing the scale
factor during-the-design process. Gains can be set_at various stages of the Symmetric
Analog Demodulator to achicve the overall, desired scale factor. Specifically, the gains
of the differentiators. the two summing amplifiers which sum the ouiputs of the two scts
of six multipliers, and thc intcgrator in the output of the demodulator all can be varied
from the values we chose.

The gains chosen for the differentiators and the integrators are perhaps the saost
influcntial, since their effects are a [unction of frequency. By a judicious choice of these

gains, not only can the scale factor be varicd. but so can the cavelope of the dynamic
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Table XVIII. These data rule-out the hypothesis that the rise in-scale factor with small-

combinations of amplitude and- frequency can be due to a ftailurc of the denominator
input-of the DIV100 to stay within range.

s ;Ratio _ Vire brer Veoxtror Vourris
1.000000 3.00 V 2.75 rad 1042 V 65.24 mV
0.100000 300 mV 275 mrad 10.46 V 7.129 mV
0.010000 30mV | 275 mrad 1049V 715 uV
0.001000 3mV 2.75 mrad 10,49 V 1 uV
0.000100 300 pV 275 prad 1049 V —

range.

A comparison between the measured scale-Tactor (31 mV/rad) and the predicted
scale factor (29-mV/rad) is good cvidence that the theoretical models provide a good

description of the real system.

C. BANDWIDTH

The bandwidth ol a system is the range ol [requencies in which-input signals-can
lie and still be processed usclully. In the-case-of lincar systems, the frequency into the
system-is the same as the [requency out of the system. Therclore it is sensible to speak
of the gain of the system at that {requency. In such systems. some [requency fp. o will
have the highest gain through the system. At some higher frequency fipper, the gain in
power will only be one hall that at fpz " Il [pe#0, then there may also be a lower
frequency f; ouzx With only hall the gain in power. i there is no such frequency, then we

specify fiower=0 Hz. If f,,..+=0, then we deline the bandwidth B by

® The frequency [y is often called f,,y, since the power is 3 dB lower at this
frequency than-at f,,.,.. II' a signal’s level is measured in volts or amperes, the power is
half its maximum when the voltage or current is down by a factor of 1N2 = 0.7071.
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B = fueeex 277)
If fpe 20, then we define by

B = fuppsr = frower (278)

Unfortunately, interferometric sensors.are not linear systems, inasmuch as they can
generate many frequencics' for each input frequency. Likewise, interferometric
demodulators-are-not lincar systems, inasmuch as they can-gencratc onc output frequency
-for many input frequencics. The straightforward definitions ol' bandwidth just given for
linear systems do-not apply -in an obvious way for these non-linear systems. How does
one characterize the bandwidth of such a system?

As we have seen i carlier chapters, the interferometric output from output & can
-be modelled-as

x® =D +E cos[A sin(wt) + ¢@) - (k-l)%”' (279)

Here,.E is the- amplitude of the interference fringes and D is their central-value. It.is
convenient for our present purposes to lump the two additional contributors to the phase
‘together as one term ¢. We shall treat this as a-quasi-static term. neglecting its variation

over time. In this.case, we get the simplified expression-
x(t) = D + E cos/A sin(wt) + ¢) (280)

for the form-of an unspecilicd output of the interferometer. This can:be expanded using

a well-known trigonometric identity.

" A countably infinitc number of harmonics of the input frequency is generated,
although most of the higher lrequencies are completely negligible.
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x(®) = D + E cos(¢)cos|A sin(wi)]

(281)
- E sin($)sinfd sin(w?)].
This has-a-Fourier expansion, given by Abramowitz [Rel. 18, p. 361]
x@) =D+ cos(¢){ Jy4) +2Y Ju(A)cos[2kwt]}
i ' (282)

- sin(¢){22~:.l ,1(A)cos[(2k+‘~l)wt]}.
k=0

The function J,(A4)-is the Bessel function of order k. The dependence of the Bessel
function on k and-A-is illustrated graphically in Appendix-E.

If we examine Equation (282), we sec that-there are twosources of constants. One
-of these is D and the other is J,(A4) attenuated by-the tactor cos(¢). There also are even
‘harmonics attenuated by the same factor, cos(¢). and- odd -harmonics attenuated by a
-difterent factor, sin(&).

In this equation, we sce clearly the manner in which the interferometer generates
a multiplicity of output frequencies for a single input frequency. Notice, however, the
dependence of the amplitude ol the kth harmonic on J,(4): As A varies, so does the
strength of this harmonic. When A is smaller than 1, J,(A) is:bigger than J;(4) for all
k>1. So in this small-signal regime, the system-is-not too unlike a linear system in that
the fundamental frequency is dominant. The smaller A becomes, the more accurate this
statement becomes.

In the small-signal rcgime, therefore, the bandwidth both of the interlerometer and
the demodulator can be defined in a manner similar to that in which it is defined for
simple linear systems. Experimentally, we tind that there is a maximum frequency fipper
where the gain in power is half that at fp.,.. This frequency increases as A declines, but
eventually reaches a limit at which it stops increasing. The interferometer is a lowpass
system, so there is no lower [requency of half the gain in power. Therclore we will define

the small signal bandwidth B as
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B = fupper (283)

Now the Symmetric Analog Demodulator was designed to-have a low-frequency
roll-off in-gain, so it is actually a-bandpass system. However. as'we shall see, the high-
frequency cutoff f,;ex-is S0 much higher than the low-{requency cutott f, .z, that the

difference

B = fupper = Trower = Surper (284)

The. situation is ditfcrent in the large-signal regime. When A>>1, the graphs in
Appendix E show that the dominant frequencies are near f4. If too many of these
dominant frequencies-are attenuated. by the system, it is impossible for the demodulator
correctly to reproduce a signal of the form given in Equation- 7. A better way to
characterize the system in this regime is by the total harmonic distortion in-the output.
This is an indirect measurc of the extent to which these high-frequency components arc
disproportionately altered by the system.

To measure the bandwidth of the Symmetric Analog Demodulator in the small-
signal regime, we want only the fundamental at trequency f=w,/27=/, to be present.
Equation(282) implics that, unless we control ¢, we cannol guarantec that the
fundamental will be present at all,.nor can-we be sure that the second harmonic at f=2f,

will be:suppressed. To arrange this, we want

$=L +kn (285)
2
where k is an integer, so that
sin(@) = 1 (286)

-and
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' I Analogue -| ,
1 HP3314A_| . Electronic } HP356‘1A :
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-Generator-. | metic | -
‘ ~ Simulator ‘. Analyzer -
HP4194A |
{mpedance- |

Gain/Phase

Analyzer

Figure 44- Instrumentation used to measure the small-signal bandwidth of the Analog
Electronic Simulators.

cos(¢) = 0. (287)

Now if we-keep A-small, then-no-odc-harmonics above the fundamental will be present
in-strength, and likewise for all the even harmonics.

These conditions guided our selection of the analog electronic simulators rather
thalp the optical interferometer to provide test inputs to the demodulator. They have a
sépéjrate input to which a voltage dictating the “static” phase ¢ can be provided, in
~ addition.{o.the usual input Lo which a voltage dictating A can be given. This is the input
labelled “FZT”. The value of D can be set to zero by adjustment of the DC offset at
the output through- a-control labelled “STATIC" on the tront panel ot the simulator.
The effect of these-  *ings. provided A is small enough, is to change the interferometric
signal to this much simpler form: 7

x(t). = =2E J,(A) cos(we). (288)

We can now vary o and so determine the small-signal-bandwidth by tinding the frequency

furper Where' the scale factor decrguses by IN2. Before measuring the small-signal




bandwidth of the Symmelric Analog Demodulator itself, however, we first measured the
small-signal bandwidth of thc Analog Electronic Simulators. Figure 44. shows the
instrumentation we used o measure the small-signal bandwidth of the analog electronic
simulators. The HP3561A Dynamic Signal Analyzer was uscd to cstablish. what DC level
needed.to be applied to the PZT input in order to eliminate the cven harmonics, i.e., the
level needed to set cos(¢)="() in-Equation (282).and so generate the simple interferomet-
ric signal of Equation (288). We found that a-DC voltage of 954 mV, corresponding to
a phase shift of 876 mrad. was suitable. We set the output ol the simulator to have no
static offset, ie., D=0 in Equation (279). The eliminatipn ol the even harmonics by
proper adjustment of ¢ also made the static offset cos(é),(4)=0. The harmonic
distortion from the simulator was measured at only —65 dB or 0.06¢¢ total harmonic
distortion-when the input to the simulators was V,,=100 mV. Converting this to the

equivalent phase shift produced by the simulators, A4 was set to

A=Vy fs,mr

(100 mV)(918 E‘%“E) (289)

= 91.8 mrad.

This distortion rose to 19 for V=500 mV, which we took as an acceptable level for the
experiment.

Figure 45 shows a graph of the bandwidthﬁo(‘ the Analog Interferometric Simulators.
This plot was generated by the HP4194A Impedance-Gain/Phase Analyzer. set to cover
a frequency span of 5 MHz. The measured bandwidth of the simulators is 1 MHz.
Knowing the bandwidth ol the simulators permits us to consider the bandwidth of the
Symmetric Analog-Demodulator. If its bandwidth is less than 1| MHz, then we can be
sure that we shall have mcasured the bandwidth of the demodulator itself, and not that
of the simulators.

Figure 46 shows thc instrumentation we used to measure the bandwidth of the
Symmetric Analog Demodulator. It is only slightly modified from that used to measure

the bandwidth of the Analog Interferometric Simulators. shown in Figurc 45. We have
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STIAULATOR SMALL SIGC BW
£: T/R(EBYB: @ 0 MKR 711. 484 Hz
A MAX 10.00 ds GAIN 3.21610 dB
8 MAX 360.0 deg PHASE 179. 872 degq
; RANER
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A/DIYV  S; 000 dB START . 000 Hz
8 MIM -380.0 deg ~STOP S 06O 000 000 Hz

Figure 45 Small-signal bandwidth of the Analdg'Iﬁt,é‘rt'émmetric; Simulators. The upper
trace is-the:magnitude of the gain; the lower trace is its-phase. The gain is-down by 3dB
atf = 1 MHz.

provided two.additional simulators in order to provide simulations ol the remaining.two.
outputs of an optical tiber interferometer with a 3X3 output coupler.

We also performed measurements of the bandwidth. of the Symmetric Analog
Demodulator with larger inputs to the simulators. To get larger inputs still, we replaced
the simulators with the combination of the-HP6824A Power Amplifier and optical fiber
interferometric sensor. In Figurc: 47 are plots of the magnitude ol the gain of the
combination of. simulator {(or interferometer) with demodulator. The tive traces shown
here indicate decreasing bandwidths when larger signals are provided to the simulators
or interferometer. The four highest bandwidths are with the Analog Interferometric

Simulators as inputs; the lowest is with the-power amplitier and interlerometer instead

of the simulators. In decreasing:order of bandwidth, the inputs had peak phase shifts of
219 mrad, 690 mrad. 2.17 rad, 5.54 rad, and.9.28 rad. We found that the small signal
bandwidth-was 113 kHz.
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‘Figure 46 Block diéér'éﬁ#ol‘:instrumen’tation tfor dete}miﬁing the~srﬁall=signal‘t;éﬂdwid£h
of the Symmetric Analog:Demodulator.

The higher the ifiput phase. the-less accurate. is Equation (288); so-the usefulness )
of these plots is more open to question. In the next section, we shall characterize the
performance of the Symmetric Analog Demodulator for large phase shifts at the input
by considering the resultant total harmonic distortion. However, the plots make it clear
that bandwidth and signal amplitude are inversely proportional. The small- signal
bandwidth of the Symmetric Analog Demodulator is 113 kHz. This -is well-below the
1 MHz bandwidth of the Analog Interterometric Simulators, so we can:be sure we really

are measuring the etfect of the demodulator, not the simulators.

D. MAXIMUM ACCEPTABLE SIGNAL

We considered the small-signal bandwidth in the previous section. When the
interferometer is subjected to signals-with large phase amplitudes, this is no longer an
effective.measure of the performance ot the demodulator. The reason, as we have seen,
is that there is a multiplicity of frequencies present in the output of the interferometer
and they all are important to the reconstruction ol the input signal, modelled in

Equation ?.
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Figure 47 AMeasuiréd bandwidth ot the Symmetric Analog-Demodulator ('1;13—kHz' for
small signals). In-descending order of bandwidth, the phase inputs to the demodulator
were 219 mrad, 690-mrad. 2.17 rad, 5.54 rad, and 9.28 rad.

There is no- precise amplitude of the signal of interest beyond which the
demodulator-fails-to perform properly. The degradation in the quality of the output is
gradual. What is more, both-the amplitude and the frequency of the signal of interest
have a bearing on this degradation.

The amplitude A ol the signal of interest-is what determines the amount of phase
shift delivered to the demodulator by the interferometric sensor. If the signal of interest
has-frequency f and:creates a peak phase shift of A radians, then in-one period T = 1/f
of the signal of interest, the interferometric output undergoes A/(2w) cycles ({ringes).
Thus, in one second, the interferometric output undergoes up to (Af)/(2w) transitions.
It is obvious from this reasoning, thércfore, that the interferometric-ouiput has .equency
components at higher frequencies than f, and this-is true even if 4 is less than 2.

The Fourier series of Equation (282) gives this statement a more precise meaning

inasmuch as it quantifies the relative strengths of the various harmonic components. The
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Figure 48 Block diég':r‘am of instrumentatidﬁ for measuring the  bandwidth- of -the
Symmetric Analog.Demodulator when the input is from the.combination of power supply
and optical-fiber interferometer,

bandwidth of-the demodulater-iy.iimited, and the frequency content cf:the interterometric
output is affected-by this:limit. So there is-a-relationship between:the bandwidth of the
-démodulator -and -the amplitude and frequency of the signal of interest. The limited
‘bandwidth of.the demodui'ator which we examined in the previous section has the effect
of distorting-its output Hecause it attenuates higher frequency components more than
lower frequency components. This is not the only distortisig intluence, however.

We have called the multiplicative product of phase shift and frequency the phase
rate, since the product is measured in radians per second. When the received signal is
differentiated, a signal results whose magnitude is proportional to the phase rate. A

second mechanism for -creating distortion is saturation of any ot the demodulator’s
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internal amplifiers. Saturation occurs when the amplit‘ier receives cxcessively large
inputs. So an excessively large phase rate can cause saturation. At the onset of
saturation at any internal glﬂ}plil'icr. distortion of the output begins to grow. As the
-degree of saturation intensifies, so-does-the consequent distortion.

To quantify the gradual‘loss of output quality due to limited bandwidth-and limited-
‘phase rate, we can measurc the total harmonic -distortion present at the output of the
-demodulator-when a single-frequency test signal is applied: ‘When the signal of interest
applied to the-interferometer has frequency f, its harmonic overtones have trequencies
Kkf for k>2. The output of the Symmetric Analog Demodulator will-also contain thesc:
overtones. If the RMS amplitude at frequency kf'is A,, then the total harmonic distortion

is defined as

YA (290)
3_"1_.
43|

For our purposes, we are not very concerned with how once might determine an.
acceptable level of total-harmonic distortion. For audio applications, ligures as low as-
0.01% total harmonic distortion often are bandied about for amplifiers, although the
linearity of speakers-and-the ability of the human car to-detect distortion below 1% is
questionable. If one's objective is simply to determine that a particular frequency is
present, considerably morce distortion than this is permissible.

We have found experimentally that for distortion to be casily scen when a sinusoid
is-displayed on an oscilloscope.-the level of total harmonic distortion must be between 4%
and 10% or higher. Because of this fact, we have made measurcinents of the peak phase
shift required to exceed 4% total harmonic distortion, and we have done so over a range
of frequencies. We:illustrate the fact that distortion of less than 14¢ is barely perceptible

visually in the series-of oscilloscope traces shown in Figure 49.

®  An amplifier is saturated when its output is at the limit dictated by the power
supplies or when it is slew-rate limited. ’
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To measure the total harmonic distortion, we used the instrumentation depicted in-
Figure 50. The HP3561A Dynamic Signal Analyzer permits the user to-designate the
-fundamental frequency-and-up to-20 harmonics. It automatically computes the harmonic
distortion that thesc overtones represent.

The data are shown in Table XIX and graphed in Figure 51. In the table, V, is
the voltage from the HP3314A Function Generator. The HP467A Power Amplifier was
-adjusted to g1\7¢, a gain ol-approximately 10 V/V. With this combination, the -zlationship
between the-phase generated by the interferometer and the voltage shown on the front

panel of the HP3314A was tound_in Chapter IV by a-least-squarces [it Lo be
A= (34.2%0.02 1“‘74)%,,+(-0.6410.08 rad) (291).

Table XIX Thesc arc the peak input phase shifts required to force the Symmetric
Anaiog Demodulator output to exceed 4% total harmonic distortion.

.ﬁ.v " VI\ | Ay Jix A .
7 - (rad) (kradfs) ;
10 Hz 58V S 200 " 1.3 |
20 Hz 51V 170 : 35
 30He 6LV 210 63
 60Hz 56V : 190 | 12
t 100Hz 66V i 230 : B
I 20m 6.7V 230 | 6 |
. 300°Hz 64V | 22 6
l 600 Hz 42V 7 140 86
 1kHz WA 58 7 58
| 2w L1V 7 37 74
R 700 mV 23 K
| o © 360mV 2 70
L o | wmmv | 54 T s |
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&anAd'this is the equation used 10 compute A,y in Table XIX. The product f A,y also is
shown in the table. The voltage selection on the front pancl of the HP3314A was varied
until the HP3561 A indicatcd that the total distortion was 4%.

Gradual drift of the direction ol polarization of the light in the interferometer alters

| HP3314A - HP6824A “Optical Symmetric |- HP3561A
Function ower . Fiber Analogue |- Dynamic

Generator Pow Interfer- ¢ Signal
Amplifier Demodulator or

Figure 50 This instrumentation was used (o measure the phase shift required to ex:.-ed
4%-total harmonic distortion in the output of the Symmetric Analog Demodulator.

the-fringe visibility and ai)pears related to-increases in laser noisc which we observed to
occur whenever fringe visibility declined markedly. These problems-both can easily be
corrected as necessary by varying the laser current, and we made these corrections in the
course-of this experiment in order to-ensure that the demodulator had an undistorted
interferometric waveform on which to operate. Conscquently. the values of D and E in
Equation (279) could not be held constant during this experiment. Undoubtedly this
affected our measurements of the peak phase shift needed to exceed 4% total harmonic
distortion. To obtain improved measurements would require the use of an interferometer
with a reduced propensity Lo generate such noise, or a feedback controller to regulate the
temperature of the laser and so keep it away from combinations of current, temperature,
and back-veflection which causc such noise. (An alternative way to climinate back-
reflections would be to incorporate an optical isolator:) It is comforting to know,
however, that even in the presence of this noise, the demodulator was generally-able to
recover the signal, albeit in a degraded manner. Of course, it was designed to counter
the effects of changes in D and E in the model of Equation (279).

There are two distinct regions to the graph in Figure 51. For frequencies of up to
about 3GJ Hz, the graph is horizontal. This reflects a limitation on the peak optical
phase shift we could achicve through the usc of the HP6324A Power Amplifier, which
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Figure 51 Peak phase shilt into the Symmetric Analog Demodulator necessary to exceed
4% total harmonic distortion. The straight line extrapolates the region of constant phase
rate to low frequencies.

saturated at-around 60 V. The phase-is so linear with voltage up to this limit-that there
is no reason to suppose that-higher voltages-applied to the piezoelectric cylinders in the
optical interferometer would not continue to generate greater phase shifts. However, this
was the mast powertul amplifier we had available and so we could neither verify this

supposition, nor obtain phase shifts.in excess of about 250 radians.
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For frequencies above about 300 Hz the-graph begins to fall at roughly 20 dB per
decade of frequency.l" We have seen that it-is the product of phase shift and {requency,
the phase rate, which is crucial to. the ~orrect operation ol the Symmetric Analog
Démodulator. This product cannot exceed a value which:is approximately constant over
the range in which the demodulator operates with constarc scale factor. For the
demodulator, we have Af on the order of 65 krad/s. Recall that in the design, we sought
voltage levels of 5 V at the output of éach internal amplifier when the peak input,phase'
A-was 100 radians and the [requency of the signal of interest was 200 Hz. If the actual

saturation voltage is 13:5 V, then we-would expect a maximum phasc rate of

1% L
TS g i = 32100 1ad)(200 Hz)
VDESIGN 5 (292)
54 Joad
S

which is close.to what we achieved.

Further-insight into the performance-of the Symmetric Analog Demodulator -can
be gleaned from two further plots oEharmonic distottion. Figure 52 shows a contour plot
of the harmonic distortion as a-{unction of.thc frequency-and the phase amplitude of the
signal of interest. The contour lines join points with equal harmonic-distortion. The data
were taken by a computer operating .our apparatus on an IEEE-496 bus. The:contour
plot represents interpolation between the points where measurements were taken.

The same data are displayed in a ditferent-form in-Figure 53, which is a perspective
view. of a three-dimensional plot of the total -harmonic distortion above the plane of
frequency and phase amplitude of the signal of interest.

From these two plots, we can-see that there is a large region in the center of the
plots where distortion-is quite low. Not surprisingly, distortion becomes severe where the
phase rate (the product of phase amplitude and frequency) is high, for under these

‘circumstances, high Irequencies are present in the interferometric output, and they are

21 This appears to be a linear decline on a-log-log plot and is a rectangular hyperbola
on a linear-linear plot.
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Figure 52 Contour plot of the Harmonic Distortion in the output of the Symmefric
Analog Demodulator as a tunction.of frequency-and amplitude of the signal-of interest.
adversely affected by the limited bandwidth of the demodulator. .

In the opposite corner, distortion due to noise from the differentiators is evident.
The other two. corners-also show increased total harmonic distortion, although for high
frequencies and low phase amplitudes, it still is below 4%. For low [requencies and large
phase amplitudes, the’low-frequency roll-off of the integrators distorts the output.

To modify our design to set a different maximum acceptable signal, it is necessary
to ensure that the gains within the demodulator are altered so that when this phase rate
is present, no amplifier reaches saturation. It is also necessary that no amplifier be
expected to change its outputs:taster than its specified slew rate (measured in volts per

second). Some increasc in the maximum permissible’phase rate can be achieved by
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Surface Plot of Harmonic Distortion
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Figure 53 Surface plot of the Harmonic Distortion in the output ot.’ the Syfnmetric
Analog Demodulator as a function of frequency-and amplitude of the signal of interest.




limiting the .outputs ol the internal amplifiers to smafl cnough levels. However, this
measure has-an adverse-cffect on-dynamic range since the ratio of peak signal-to-noise

declines if the peak output signal must be smaller but the noise is fixed in magnitude.

E. NOISE FLOOR

We have now scen that in the small-signal regime, thi: demodulator has a
bandwidth. of around 113 kHz. We have also examined the.peak phase shifts (as a
function of frequency) which can be demodulated with less than 4% total harmonic
-distortion. Let us now-turn to the performance when only-very small phase shifts are
~ présent.

_ To measure the noise floor, we used the same instrumentation shown earlier in
‘Fig'u_r'e 42. At that time. we were interested in measuring the scale factor of the
Symmetric Analog Demodulator. Here, we use the same measuring technique, but
:beécduse the:inputs-are-small. we arc actually. measuring the noise. We measure the mean
voltage-delivered by the.demodulator and its-standard-deviation. The ratio of the mean
’gét-th‘e—standafd deviation is defined as the ratio of signal to noise, S/N. To-obtain the
noise floor, we simply measure S/N while gradually decreasing S. When S/N=1 (0-dB),
the-signal and-the noise arc of equal strengths. The only difticulty is that as the signal
vanishes, the lock-in amplificr becomes progressively-less-able t¢ detect-anything. So we
shall try to extrapolateto the noise tloor without actually reducing § all the way to it.

We set the HP3456A Digital Voltmeter to perform 10 integrations per cycle of the
power line, and to take 768 such samples. The effect of this was to give over two
minutes of averaging. The HP3314A Function Generator was set to provide a peak
output voltage of 1.00 V. This signal was reduced by the Gertsch Model 480 Ratio
Standard to maintain a precise peak. We applied the etfective scale factor for the
Analog Interferometric Simulators which is shown in Appendix C to be is Fgppr =
918+4 mrad/V to calculatc the effective peak phase A from the simulators. The-EG&G
Princeton Applied Research Model 5210 Lock-In Amplifier was operated'with a time
-constant 7=1 s and with a filter roll-off of 12 dB per octave. The equivalent noise

bandwidth resulting from these settings can be computed from the formula
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Table XX  Measurcments -to obtain the noise tloor of the Symmetric Analog
‘Demodulator (23-110 Hz). Data marked with an-asterisk (*)-were not included in the
least-squares fit.

Il f ’ ’Rai‘,ib Verr AEFlF s ~ Vovrrus SiN
| o.100000 100 mV 91.8 mrad 20120055 V 3148 -
0050000 | 500mV | 459 mrad 10020076V | 2248 -
23 | oosw0 | 2s0mv | 230mma e 05120066V | 18dB
Bz 012500 12.5mV 115 mrad 026120055V | 13dB -
0006250 | 025mV | 574 mrad o7y | 098
1000000 | 10OV 918 mrad 10? 2330200041 V| 5508
0100000 | 100mV | 918mrad | 10° 280120033V | 38dB
35 | 0010000 | 100mv | 918mraa | 2912042V 17dB
He 17000500 | 500mv | 459 mrad o 1552040V | 124B
0002500 | 250 mV 2.30 mrad 102034 V 1048 -
, 1000000 | 100V | O8mmd | 3333 | 7823620009V | 60dB
0.100000 100'mV 91.8 mrad . 9.293x0072V | 424B
65 | oot0000 | 100mv | 918mraa | 9@3xTImV | 2308
) T 00500 | soomv | 49w | 33X10° 512280 mV 16 4B
0002500 | 250mV | 2.29-mrad 28958 mV 14dB -
1.000000 L0V 918 mrad 7099000047V | 64dB -
0100000 | 100mv | 918 mrad 951%34mV | 474B
by | o000 | 100mv | 918 mra 3333 782246 mV 25 4B
0005000 | S00mV | 459 mrad 372537 mV 20 4B
0002500 | 250mv | 229 mrad 199:35mV | 15dB
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2 1, ,
Byoy = - = 125 mHz. (293)

87

The experimental-cbscrvations are shown in Table XX and-Table XXI. It will be
noticed that when signal levels are strong, the signal-to-noisc ratio drops roughly 6 dB for
every halving of the etfective voltage Vi as it should. This is somewhat inaccuratc.
which is not-too surprising inasmuch as the standard deviation ol cach set of -measure-
ments is not always the-same at a single value-of the [requency /. Tt also becomes grossly
inaccurate for the lowest signal levels, 5.74 mrad and 2.30 mrad. at 23 Hz and 35-Hz
respectively. These datashow that the standard deviation does not change too much at
these low levels, and if -the standard deviation truly measures the noise, this is to be
expected. However, the:mean fails-to decline by one half at these’low levels. Doubtless
this is due to the fact that the mean-and the noise arc now ol comparable values.

To extrapolate the declining ratio of signal tonoise to the level where signal and
noise are equal, i.e.. where the signal-to-noise ratio is 1 (0.dB),-all the data except thosc
marked with an. asterisk (*) in Table XX and Table XXI were subjected to a least
squares linear curve fit. The signal-Lo-noisc ratio in dB’was—rcgard’cd as the'independent
variable and the logarithm o the -basc 10 of the effective peak input phase shift was
regarded as the dependent variable. Table XXII shows the linear cquations which result
from-this procedurc. To lind the noise tloor,:it is only nccessary to let /N be 0 in each
equation. This gives.the logarithm of the phase shift.4 which would produce-an output
voltage equal to the noisc. Thus. by this procedure. we can regard all of the output noise
as due to phase noise-at the input.

The great utility of ‘the lock-in amplifier is its ability.synchronously to detect less and
less signal if it examines a narrower and narrower bandwidth. In order to-isolate the
performance of the Symmetric Analog Demodulator from that of the lock-in amplifier,

we should normalize the noise floor found by this extrapolation process by dividing it by
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Table XXI  Measurcments (o obtain the noise floor of the Symmetric Analog
Demodulator (200 Hz - 1.00 kHz).

IL.Iﬁ _ Rauiv | Vg Ager | S Vouraus SiN
I © 1000000 oV | 9smra | 1 07219200027 v | 688
- 0100000 | 100V | 918mrad | NT6x26mV | 49dB
0| 00000 | w0mV | odsmmd [ 333 WAx19mV | 31dB
0005000 | 50mV | 459mrad | 338223 mV 23 dB
00025000 | 23mV | 229 mrad 169223 mV 17dB
1000000 | 100V | 98mrad | 6717500024V | 69 dB
0400000 | 100mV | 9l8mrd | 333x10' | 718620026V | 49dB
300- | 0010000 | 100mV | v18mrd | 33x10° | 731=020v | 3148
He [Tooo000 | swomv | 459 mraa 2342069 V 12 dB
POV 10t ) 69
0.000500 | 500 pV 2.29 mrad . 1.37x0.62 V B
1000000 | 100V | 918mrad | 333 | 6513800012V | 7548
0100000 | 100mV | 9l8mrad | 333x10° | 6.7976x00067V | 60 dB
o | 000000 | 100mV | 9i8mma | 333x10° | 68112000V | 4048
0001000 | 100mV | 4.59-mrad N TP EIRY 20 dB
0.000500 | 500uV | 229 mrad A RyIppwy 14 dB
1000000 | 100V | 9smad | 3333 | e473iz00021V | 70¢B
0100000 | 100mV | 9i8mrad | 333x10° | 07374200035V | 6B
) kllfz 0010000 | 100mV | 918mrad | 333x10° | 676020045V | 4B
0001000 | 100V | 459mra | 205£0.13V 24 aB
0000500 | 500wV | 229 mra T 103£0.14 V 18 dB




Table XXII Least squarcs it of the logarithm of phase-input to the Symmetric Analog
Demodulator to achicve a given ratiQ:S/N ot'-signal to-noisc.

Frequency Least-squares fit

A
23Hz 1og(—é'£ (50 7)x10'3]— + (~2:6£0.1)-
lrad N4
with r=0.983

35H log| =ZFE 1 = [(53£2)x107%]= ~2.96+0.06
¢ og(lrad) [( 32)x ]Na+( £0.06)
with r=0.9989

(A
65Hz  logl——|= [(531:1)><10'3]-1% + (-3.22:0.05)
. dB
with r=0.9994

A
110H:  log =EE| = [52:2)x107)S  + (-3.39:0.06)
lrad N

with r=0.9986

{4
200H;  log —EE| = [(51:1)x107]S  + (-3.55:0.06)

\ 1rad N 4
with 7=0.9990
300Hz log @\ = [(53.30 6)><10'3]-S- + (-3.69:0.02)
\ 1rad, o Ng
with r=0.9998

S90H log ZEFE | = [(53:2)x107%]S.  + (-4.12:0.08
Z g(lmd [(532)x ]N“ (-4.12:0.08)

with. r=0.998

. Ly
1kH: logl —EEE| = [(57+T)x1073]= -4.4:0.3
¢ og( 1rad) [( £7)x ]Ndb * ( £0.3)

with r=0.979
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Table XXIII Computation of the phase noisc spectral density for the Symmetric Analog
‘Demodulator.

: Frequency | l.,ogarnhp of Phase Phase ; Bandwidth -Phase Sp_cctral
r : Floor 4 8 Density
log (A V) i At
23 Hz ’ =235 2.88 mrad: 8.0 mradiW Hz
3He | -2922 ] 109mrad o 3.09 mradWHz
65H, |  -328 | 606 prad 1.71 mradW Hz
10Hz | ~3.380 Hoprad | 1.16 mradé Hz
—— 125 mHz -

200 Hz -3.547 : 284 urad ) 803 pyradVHz
300 Hz -3680 210 prad | 583 pradWHz
590-Hz BT T 92prac 220 pradiHz
1 kHz ) ~441 72 prad ) 110 pradW'Hz

the square root ol the bandwidth.* The bandwidth of the lock-in amplifier can be
computed from Equation (293).

Table XXIII shows the computation of the phasc noise spectral density from the
equations of Table XXII. It isimportant to note that the generation of a linear curve-fit
from logarithmic-data is not as rcliable as doing so- from linear data. While the data
shown in Table XXII show the standard-deviation of the error in both the mean and the
variance of the logarithmic data. taking the corresponding linear data tothe same number
of decimal places is inappropriate. In Table XXIII' we have contented ourselves with
quoting the resulting phasc noisc spectral density AT to two or three decimal places.

Figure 54 presents the data of Table XXIII in graphical form. Note that the
spectral density is-not constant with frequency, as it would be if the noisc were white.

. Instead, it declines at the rate of .about 20 dB per decade of increase in frequency, i.e.,

the noise voltage spectral density is proportional to the reciprocal- of the frequency, 1/f.

2 It we were considering the power spectral density, we could simply divide by the
‘bandwidth in hertz. Since the phase shift (or, for that matter, the voltage) are
proportional to:the square root-of the power, we divide either of them by-the square root
of the bandwidth. The resultant units arc radW'Hz or ViV Hz.
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Symmetric Analogue Demodulator
Noise Floor vs. Frequency
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Figure 54 Piot— of the phase noise sp‘ectral"c'iensity of the Symmetric Analog Demodulator
as a function of frequency of the signal of interest. The spectral density indicates the
minimum discernible signal in a one hertz bandwidth.

Consequently, its noise power spectral density declines at a rate proportional to 1/f. This
is a form of “pink” noise, for the lower frequencies are noisier. It is not to be confused
with that variety of noise usually called pink or 1/f noise and whose power declines at the
rate 1/f. The voltage spectral density of that kind of noise declines at the rate of INf. *

Pink noise is what-one would expect from the Symmetric Analog Demodulator since
its output stage is an integrator. An integrator has a 1/f voltage gain characteristic. If

white noise were present at its input, pink noise should be present at the output, at least

A)
i ' rd

2 The term “pink” is applied by analogy with visible light, in which the lowest
frequencies are red and the highest frequencies are blue.
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until the intrinsic noise of the output stage itselt becomes significant. Generally speaking,
operational amplitiers-can-be modelled as generating white noisc at their outputs when
the frequency is above-about 100-Hz. If the input noise is-greater, however, :then this
noise is not noticeablc until very high frequencies are rcached, for only then-does the
gain characteristic ol the amplifier attenuate the input noise sufficiently for it to be less
than the amplifiers own noisc. We show in the detailed noisc analysis in Appendix F that
the demodulator’s output noise is indeed due to the effect of integration of whitc noise
from the analog divider.

Now the input to the Symmetric ‘Analog Demodulator as a whole may be white. but
the differentiation that takes place carly in the demodulation process would convert this
white noise to “bluc” noise, Le.. noise with more high {requency content than low
frequency content. Yet this noise is largely dwarfed by the noisc inherent:to the Analog
Devices AD534 multipliers. This, in turn, is swamped by thc white noise output of the
Burr-Brown DIV100. When the white noise reaches the integrator, a characteristic

decline in-power proportional to 1/f results.

F.  DYNAMIC RANGE

The dynamic range ol the Symmetric Analog Demodulator is the difference
between the smallest and the largest phasc shift it can successfully demodulate. As we
‘have-seen, we can characterize the largest phase shift as that which produces the most
harmonic distortion that we can tolerate. We can characterize the lowest-phase shilt as
that which-is equal to the noisc of the demodulator. The upper limit is essentially fixed
in character. The lower limit, however, is a function-of the bandwidth under consider-
ation, for we have expressed the noise floor in phase noisc spectral density.

We shall choose this spectral density as the lower limit. Implicit in using this as the
lower end of the dynamic range is the assumption that we arc looking in a 1 Hz
bandwidth. We can increase the dynamic range of the Symmetric Analog Demodulator
by narrowing the bandwidth in which we view the output. Likewise, il we widen the

bandwidth, diminished dynamic range is the consequence.
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Figure 55 The dynamic mnge of the Symmemc Analoe Demodulator when the output
is viewed in'a 1 Hz bandwidth. : .

Of course, changing the bandwidth in the frequency domain is tantamount to
varying the -duration -of observation in the time domain. To achieve a narrower
bandwidth, we observe the output of the demodulator for a longer period of time.
Conversely, to widen the bandwidth, we shorten the period of observation.

In Figure 55, we-show plots ol the maximum acceptable signal-(that which induces
4% total harmonic distortion) and the phase noise in a 1 Hz bandwidth. These data were
shown separately when we considered these two characteristics ol the performance of the
Symmetric Analog Demodulator previously. Here they are superimposed on the same

scale. The dynamic range is the ratlo of'the upper limit at a [requency (o the lower limit.
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Since this-plot.is logarithmic, the dynamic range in 2 1 Hz bandwidth-can be obtained by
subtracting the-lower limit from-the upper limit.in decibels.

For example. at a frequency /=590 He, the dynamic range of the Symmetric-Analog
‘Demodulator in-a 1 Hz bandwidth is

Maximum acceptable phase (4% THD) _ 140-rad
" Phase noise in a 1 Hz bandwidth. 260 prad (294)

5.38x10° = 115 dB.

G. COMPLEXITY

The Symmetric Analog Demodulator is of only moderate complexity. The chief
difficulty is understanding the principles of its operation. This is essentially just an
exercise in mathematics. Of coursc, the beauty of the mathematical models is not

entirely matched by that of the real signals. They are noisy:-thosc of the models have no

noisc. More significantly. the models we have used, thosc on which the algorithm arc
‘based, assume that all three outputs of the 3X3 coupler have the same constant offset
D, the same amplitude E (sce Equation {279) on page 176), and precisely 120° phasc
shift between each output and any other output. In reality,-these assumptions are more
or less wrong. Despite this fact, the demodulator works quite well.

As far as the circuit itself is concerned, it does not consist of very many parts. It
could be integrated onto a single (or possibly a very few) application-specitic integrated
circuits (ASIC) for some reduction in the amount of space. weight, and power required.

As it is, it could fit onto a single printed circuit board without much difficulty.

H. APPROXIMATE COST
Table XXIV provides a calculation of the cost of the intcgrated circuits in the
Symmctric Analog Demodulator. The parts arc identified by their part numbers. The

quantity of each part rcquired is listed. along with prices from recent price lists. (The
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Tabie XXIV Calculation ol the cost of the integrated circuits used-in the Symmetric
Analog Demodulator.

’ Quantit Source Total
- Part ID- +  Description - "Requi Y | Price ol 1 Cost of
equired o .
- 1 Pricc. [  Part
f )Anz‘\log Ahalog 70 7
- AD534 i Multiplicr 6 - $29.95 Devices $179.70
DIV100- | Analog Divider 1 - $36.60 | Burr-Brown $36.60
OPA-11] | Low-noisc Op 3 | $11.80 | Burr-Brown | $35.40
: Amp :
General Purpose 7 » Analog
AD712 1~ Op Amp 5 $3.69 Devices $18.00
TOTAL 15 | ' | $269.70

source of-the price is provided.) The total price of under $269.70-is very modest for a
demodulator with morc than 110 dB dynamic range. extending from hundreds ol
microradians to hundreds of whole radians. A practical demodulator would include some
additional items, such as the printed circuit board. passive components. connectors.
packaging, and the like. Also, any commercially available demodulator-would have some
level of profit built into the price, too.

Subsequent to the construction of this demodulator, Analog Devices released the
AD734 integrated circuit multiplier. At $14.77 for a single chip. it is cheaper than the
AD534 at $29.95 by a factor of 2. Its bandwidth is 10 MHz. versus 1 Mhz for the
ADS34. Finaly, its scale factor is programmable, whereas on the ADS534 it is essentially
fixed. This change lcts the new chip perform division as well as multiplication. If it-were

used, the DIV100 chip usced.in our demodulator could be replaced by this new device.

1. SUMMARY

In this chapter we have considered the performance ol a passive homodyne
demodulator which employs a new algorithm for -demodulation, namely, symmetric
demodulation. We have scen that the dynamic range achieved is 115 dB, and this was

without pushing the design to handle low levels of signal. “ The phasc rate is 65 krad/s,
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and this, too, could be improved. This demodulator permits handling ol signals both
below-and.above the level of @ rad of optical phase shift. which gives it a very decided
advantage over fringe-ralc demodulators. Its cost is low. less than $270, and we
mentioned that the cost and performance both-could be improved by the use of a new
integrated circuit multiplicr whosc ‘bandwidth is greater than that of the ADS34 by a
factor of 10 and whose cost is a factor of two lower.

In the next chapter. we return to the asymmetric demodulation algorithm,

describing its implementation in digital, rather-than analog, electronics.
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XII. DESIGN OF AN ASYMMETRIC DIGITAL DEMODULATOR

‘A, ‘BACKGROUND

In this chapter we consider the design of a -digital circuit to implement the
asymmetric demodulation-scheme discussed in Chapter VII. The purpose is to prove that
a digital implementation is fcasible. Many techniques of sophisticated signal-processing
are more easily done with-digital clectronics, and so-a system which recovers the signals

in a digital form. and {urnishes them to following circuits in the same form is useful in

'some applications.

Any digital technique requires that an incoming analog signal first be sampled and

digitized: Since -the optical liber interferometric .sensors which we consider in this

dissertation have three outputs. one lor cach output fiber-of the interferometer, there
are three analog signals available. The symmetric.method described in Chapter VIII.uses

all three, but the asymmetric method can discard one of these.™ and this is how we

implemented it. We can usc an ahalog-m-digilal converter:-(A/D).to convert the analog

signals to two binary numbers representing-their values.
Of-course, one could provide a digital output-to following circuits [rom the output

of an analog demodulator. However, we chose to attempt Lo demonstrate the feasibility

-of-doing.thc whole demodulation in digital circuitry. ‘For the purpose of showing that the

scheme works, we terminate it with a conversion from digital back to analog. This would

-not typically be required-in an application. However, it makes it quite casy Lo sec the

wave form output by the demodulator on-an ordinary oscilloscope.
It is desirable that the range of voltages across which the A/D can operate match
the range of voltages across which the signal ranges. This takes [ull advantage of the

resolution which-the A/D possesses. This is especially important when the number of bits

2 It is possible to use all three interferometric outputs in fabricating the in-phasc and
quadrature components-required by the asymmetric demodulation method, but there is
no clear advantage to doing so. There is a drawback, in that more circuitry is needed to
do-so.




in the digital representation is small. for -therc arc fewer numbers available for
representing all possible voltages. It is wasteful Lo use, say, only one third of the tull
range of-an A/D.

Matching the range of the-signals to-that of the A/D is not casy. It.is particularly
difficult with the signals output by an optical fiber interferometric sensor because they arc

modelied by the equation
%,(t) = D+Ecos 5(:)+¢(:)—(k-1)§n. (295)

Recall that in this equation. D is-a-central value around which the outputs vary; E is th.
peak variation of the signals from this value; £(¢) is the signal of interest, a reconstruction
of which-we want the demodulator to provide; ¢(t) is an additional phase shift due to
extraneous factors; and the final-multiple of 27/3 is due to the particular choice of output
from the interferometer. NowD and E both vary in an'uncontrollable way. Changes in
laser power and-changes in polarization both have an etfect on these-parameters. So the
A/D must be able to.handle signals in the range D*E, and since this range is variable,
it must-be able to handle the greatest possible range that this can have. On average, we
do not expect the signals to have-this maximal range, and so some mismatch between-the
range of the signals.and the range of the A/Ds is-inescapable.

The earliest point where digitization can be performed is just after the receiver
section, where the signals have been converted for the first time to voltage signals
desqribedvby Equation (295). However, we shall postpone the digitization until after D
has been subtracted from cach ol the two signals in analog circuitry. This is not strictly
necessary since-some A/Ds can handle a voltage range which is not centered around 0 V
(we say-its range is offset from zero). Many of them, however, and in-particular the ones
we used, require that the olfset voltage-be known. To measure it entails adding all three
outputs together, as shown in the discussion of symmetric demodulation in Chapter VIIIL.
This means that we must have a receiver for each of the three outputs, even though in
the asymmetric method only two are needed for the algorithm. Since it takes little extra

effort to perform the subtraction of D in analog circuitry, we elected to do this.
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Ideally, one-would be able to eliminate the effects of variability of E; the peak
deviation-of the signal {rom-D. In-the symmetric demodulation scheme, this is done by
a ratiometric technique. There unfortunately is no way to measure E prior to digitization
of the signals without fairly claborate analog processing, in which case the question must
arise, why not use an analog demodulator? If a digital signal: is needed for later
processing, then the analog demodulator’s output could be digitized. Only -one A/D
would be required, and strict control over the output amplitude would be available for
a given-phase amplitudc. Onc could measure E in.digital circuitry, but this would have
‘to occur.after the digitization, and-so the benefit of being able to match the range of the
analog to digital conversion to'the peak values of the signal-would-not be available. So
we shall live with the wastefulness-of resolution inherent in:not being able to control E,
and shall-digitize the signals once-the average value-has been subtracted off. This must
‘be seen-as a major flaw in the use-of a digital demodulator.

There are-several approaches we could have taken in implementing an asymmetric
-digital demodulator. An obvious one would:have been to usc cither a microprocessor or
a dedicated Digital Signal Processor (DSP) integrated circuit to perform the calculations
required.by the algorithm. We considered this, but tound that the number-of instructions
needed to-completc all the-processing necessary on each pair of samples. of data would
‘take longer to process than-the 2.5 us required by the A/D we chose to use, the Analog
Devices AD7769. To take full -advantage of the -speed of the A/D, we would have
needed two DSPs in parallel. This is_teasible, but we-elected a different course.

We-decided to implement the algorithm with a purely hardware circuit. We used
dedicated multipliers, adders, subtractors. and registers. The registers permit the use of
a pipe-lined architecturc in which different samples of data arc being processed
simultaneously at various stages of the circuit. The result of this approach is a
complicated circuit (especially on a breadboard), but the processing is so fast that the

A/Ds remain the limiting_factor on speed, which was what we had in mind.
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B. DETAILED DESIGN

The schematic diagrams lor the Asymmetric Digital Demodulator are given in .
Figure 56 through Figurc 59. The majority-of the integrated circuits in the demodulator
operate-on a single +5 V power supply. However. the A/D and the D/A have special .
requirements. The A/D-rcquires a +12 V power supply. Its absolute peak supply voltage -
is +15 V, but-we felt that to push.the operation to this limit was unwise, even though we
were already -using +15 V commonly for analog circuits, and despite the need for an
additional power supply. The D/A requires a —5 V power supply for its negative analog
-output reference. Unlike .the AD7769- A/D, it can handle up to =17 V for its main
power supplies, so running-it on-the standard =15 V was not a problem.

As we mentioned carlicr, the AD7769 has an input to specity the offset voltage. the
voltage around which the inputs {luctuate. This value is restricted to staying between
+2 V and +6.8 V. Because +5 V is alrcady-available, and:is within this range, we shall
-use it for the Vy,¢ input to the AD7769. For greater accuracy. one should use a
precision voltage rclerence at this input, a-precaution we have-ignored. i

The variation {rom this offsct is specified.as a voltage at the Vg, input of the
AD7769. It can be between +2.0 V and +3.0 V. We shall specity it to be +3.0 V: a
voltage divider composed of: 10.0 kQ and 30.1 kQ resistors divides the +12 V power
supply down to- +3.0 V to provide this reference.  Strictly speaking. this voltage. too,

.should be provided with a precision reference,.but agair, we have ignored this.

Our interferometric signals have had D removed {rom them. The offset voltage
specified-at the Vy,,,input requires that we add +5 V back in to the signal. Also, the
deviation E of the signals Irom the central value must -be scaled so that it never exceeds
Vswivg in magnitude.

The AD7769 requires a clock signal which can have a frequency of up to 400 kHz,

‘thus providing a conversion -period of 2.5 us. The clock signal must be a square wave
from 0 to +5°V. We gencrated this using an HP3314A Function Generator. This signal

functions as a strobe to causc conversion to begin. There actually is an internal clock,

too. However, the external clock is the one which we use Lo synchronize the entire




--------
........

V210

Ik

(1]
I
1

1
e s,
s 11 n
»
A "
.
H
i
218121
rm
[1]
I
.
I
[J
It
1)
[]
1]
YTy
¥
[ I 1)
3
1]
I
.
ar,
[ ]
[}

T
]
Ll
T

W“' -

ASYMMETRIC DIGITAL DEMODULATOR

COMVERSION OF INFERFIRONEIRIC CUTPUIS TO IN-PNASE ANO QUADRATURE

wuy
33
b
...............
........ R
IO *
: s FoamecockiaEbis
« spo [2E2=22
bS = :
. b
22w «
B Ta 3 = 3 1
Ll & sz
z = 4% iz
= - - -~
4 s - g
3 B wavancenencanoe EE

Figure 56 Schematic of the Asymmetric Digital Demodulator. This section converts two
of the interferometric outputs to digital form and creates an in-phase and a quadrature
signal from them.
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OIFFERENCING, CROSS-WULTIPLYING, AMD DIFFEAENCING ACAIN

Tl

1
* 21
e ‘ e
- [ ni
e
s " - eLaceqe i m ] [wmn i 1.
1. by u .
rite | fuveninl st ::; T 'l g':g ¢ !‘"r:g
¢ - R 1
e H it 1 Fhas
—1{3t B H R "y - ) aens
HH . 3 aosretn ) ! ﬁ s
s P ual] L H nn qutt
_, : oI 3 5 ‘v
cosaty 7 - i 4 gy
COseTi L d i »”" l -
cossTt - " H Loy ) €
cesen- TICST il — ;;"
cosan 3 e rep e ﬂ:- 7
-easmn —
uun-jL [ : ) S
cosen Cest
- Y | A v 7>1'.§ -
i A
= 4 oLesy
e ot an aurty
cosers 1 - "R oA airee
({13345, - g R - on -
L1212kt - THT
eossty— 3 b - ~ :
tas2ne LU v x| - l 3 v .
cosny = o 4 o2 ] . T'—I .
“""—'I g % ~ 31 f l;l(, -
: =N
e e , =,
d - - n
oy 7 cueeaqn; 3 ::: 4 gl m" | - 5 ‘"!‘ :;r-:
I‘ ~eroeaqyy kuseLs 5 Fhin
1) 13 ¢
Heaee H e 1SRN ool BT
(3] H la; = 4 ol
i & "y iAo Sre
) 3. JosP-tesen B s s
T Thrra: P T e 13 TIOSTIT
T Cossbryac . " o5
] ot e i o
mm_,f T & a”' I $ 4t e
saste - Its ” HiM
Siasty— n ” H " =
,,..,,.._l . nanT . P ~ i VI sy
uun-—-l P e - tan raes - : e e
’ll"lj o N - AN Y- tosa iy
sty g 1 L' ourrs
staori E o1rrs
. Ve M T gy
=T 1R
siaste 4 o B |44 TIOYT
stasty . —ris
sInesy
StR31? — 4 [ -
IR Y CondTT
sy :;; P4 eexCt
smn—] !
M AL
. R 5

Figure 57 Schematic of the Asymmetric Digital Demodulator. This section finds

differences between consecutive samples, cross-multiplies one signal with the difference

from-the other signal, and subtracts one [rom the other.
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ASYMMETRIC DIGITAL DEMODULATOR
CONVERSION- OF DIGITAL QUTPUT TO ANALOGUE .
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Figure 59 Schematic drawing-of the Asymmetric Digital Demodulator. This section is .
the digital-to-analog converter which creates an.analog reconstruction of the output of
the- digital circuitry. ’

pipeline processor.

At the end of the conversion. an unsigned 8-bit bin?ry quantity appears on the data
lines. To facilitate subsequent arithmetic, this is convertéd to a signed quantity by logical
inversion of‘its high-order bit 7. Before conversion, the bits can be regarded as having
the following weights:

Bt 7 6 5 4 3 2 1 0
Weight 2°! 22 2% 24 2% 26 27 28

After conversion, the bits should be re-interpreted to mean .




Bit 7 6 5 4 3 2 1 ]
Weight -2 2+ 22 2% 24 2% 26 27

The effect of this is to devotc the first-bit to the function of carrying the sign of the valuc
heldin the other 7 bits. These bits can give values between 0 and 1=27"=0.9922. The
result of using all 8 bits then is a signed number in the range -1 to 0.9922. The
conversion then has crcatcd an unscaled cosine function, but; il the value of the input has
a variation of less than V. then the output is scaled by a factor less than one.

The inversion of the high-order bit is performed by UJA, a 76LS04 hex-inverter.
We:can regérd one of the two outputs as the-cosine. From it and the other input (with
its 120° phase shift) we want to construct the sine. This-is cquivalent to saying-that a
120° phase shift is not-correct: we want it to be 90°.

How can we accomplish this? The two digitized signals now have the form-
x() = cos(¢) and x() = cos(-f:%rr). (296)
We can-make use of the trigonometric identity
cos(4-B) = cos(A)cos(B)+sin(A)sin(B) (297)
to.rewrite x,(r)-as

X0 = cos(f)cos(%n)win(f)sin(% n)f - -%m(é)*lz—ésin(f). (298)

From this we.can obtain sin(¢) by the linear combination

2 1 2( 1 /3. I .
—=x,[O)+—x;(1) = —(-—cos(&)+‘—sm(f))+——cos(£) = sin(¢). (299)
R R P i A 7

In digital electronics. as in analog, we must-take carc that quantities remain within
specific limits. In our casc. the interpretation we have placed on the bits of an 8-bit word

is such that quantitics must remain within the range —1 t0 0.9922. Does the computation
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cos( £-120°) X

‘Figure-60 Block diagram showing how to obtain the in-phase and-quadrature wave forms
without overflow.

shown in Equation-(299) cause:any -intermediate.results to be outside this range? That
7 -depends on the specific manner in-which we implement the equation. The obvious way

to integrate: it is with two-multipliers to do the.scaling and one adder to-perform the
~ summation. However. the scale factor 2/3=1.155>1, so this method can indeed cause
an overflow. If we pertorm the-scaling in two steps, however, as.illustrated in the block
diagram-in Figure 60, then overflow cannot occur.

To see that this method avoids overtlow. we can.rewrite Equation (299) as.
{1 1,0 1 N
—X,(8)+—x, (1) |+—x,(D). (300)
[ﬁ B ) Vel .

We have.already shown -that this sum yields sin(¢). We now digress briefly in order to

see how to rewrite the first term.in a manner that makes its magnitude clear.

In general, the expression Acos(y)+Bsin(¥) can be rewritten as
Acos(y)+Bsin(y) = Dcos(y+¢) (301)

where D and ¢ are valucs which we would like to determine. To do so, we use the

trigonometric identity




cos(A+B) = cos(A)cos(B)-sin(A)sin(B)
to give
Dcos(y+¢) = Dcos(¢)cos(y)-Dsin(¢)sin(¥).
We can equate-the coctlicients of the sine and cosine to yield
A = Dcos(¢) and B = Dsin(¢).
From the trigonometric identity
sin’(¢)+cos’(¢) = 1

we-have

A%+B? = D%os*(¢)+Din*(¢$) = DYcos’(¢)+sin’(¢)] = D*.

-Hence

D = JA*+B2.

We can solve:for the angle ¢ by taking the ratio of the two cocflicients:

Dsin(¢) _ !
Dcos(¢) tan(@).

B _
A
So

o)

Applying Equation (301) to Equation (300) gives

(302)

(303)

(304)

(30S)

(306)

(307)

(308)

(309)




x() x,(0) 1 1. 1
+i— = —t—cos(§)+=sin(§) +—cos({)
3 3 23 2 V3

- __l_cos(f)q»%sinG) (310)

2/3

= —l—cos[f +tan™/3],
3 7

‘From-this, we see-that by breaking.up-the method into two parts, as-in Equation (300),
we avoid overflow, since IN3<1.

We implemented the scaling with two ‘Analog Devices ADSP-1080A 8-Bit
Multipliers, labelled U5 and U6 in the schematic of Figurc 57 -on page 208. They
-generate a 16-bit result; at this point, however, we retain-only the most significant 8 bits
and ascribe to them-the same meaning as bhefore. The signed 8-bit numbers-are in the
range —1 10-:0.9922.

The inputs to the multipliers arrive onc -conversion time after the clock signal
arrives at the AD7769-A/D Converters. Since the multipliers-usce the same-clock, they
start-multiplying -the previous cycle's words at this point; the new words must wait for
another cycle. Tozkeep the word in the cosine path synchronized with-this process. we
have inserted a 74LS374 Octal Latch (U4) which delays the word in the cosine path by
one cycle, too. The outputs of the multipliers are released on the opposite cycle of the
clock. This means that the multiplier-takes a full half-cycle before it releases-its output.
Latch U4 has-np such delay; its owputs arrive at latch U13 quite soon alter the normal
clock occurs. The word rclcased by the multipliers, in contrast, takes a more tortuous
‘path-through two stages of three 74LS83 4-bit adders, which perlorm the two additions
of Figure 60 on page 214. They are quite fast, however, compared to the 1.25 ps forhalf
of a clock cycle, so-their outputs have no trouble catching up at latch Ul4 with the
corresponding word at Ui3. At this point. Ui3 holds an 8-bit cosinc of the signal of
interest-and U14 holds an 8-bit sinc of it.

Figure 61 is a block diagram of the asymmetric demodulation algorithm. Note that

the data arc not continuous cither in time or in magnitude. They arc equally spaced
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Figure 61 Block diagram showing.the asymmetric demodulation algorithm when the 'ata
are digital words taken-.at successive sampling instants -1, t, (+1, etc.
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digital-words correspohding to sample times -1, 1, t+1, ete. The ditference between two
successive words;j,szcompulcd?by'sa\;irfg the current word in-a-register and subtracting it
from-the next word to come along. A digital multiplicr {inds the-product between the
current sample word and the diilerence between-the current sample word in the other
signal:path and-its previous value. When the ditference between these products is taken,

we obtain

cos(§,)[sin(¢;) - sin(¢, )] - sin(§))[cos(§,) - cos($, )]
sin(¢,)cos({,;) - cos({,)sin(¢, ;) (311)
Sitj{f‘ - Ex-l]!

If the.sample interval is sulticiently small (i.e., if the sample frequency is sutficiently high),
then-the argument ol the sinc in Equation (311)-is very small. In this casc, we can usc

the small-angle approximation. The output of the subtractor:is
sinff, - &) = & = &ip (312)

We can integratc this-{irst-order difference to recover a-scquence corresponding to the
signal-of interest. £.

The integration amounts Lo weighting these differences by the multiple &, and:
adding them inio-a running sum. The.running sum, however, is also added in on itself.
It would swiftly grow without bound if k, were not less than onc. We shall explain how
1o pick these two constants presently:

From the schematics of Figure 57 and Figurc 58, it can be seen that two successive
words in each data path arc subtracted by the 74LS181 4-Bit Arithmetic Logic Units
(ALUs) U15-and U16 (for the cosinc path) and U17 and U18(for the sine path) to yield
first-order differences. These differences are analogous to the derivatives of the
continuous-time- algorithm. The current data words and the differences are cross-
‘multiplied by two-more ADSP-1080A multipliers U19 and U20. As with U5 and" U6,

these accept data on the normal clock and release the products on the inverted clock.

Shortly after the inverted clock triggers this. clease, the difference between the two cross-




products is produced. by lour morc 74LS181 ALUs. These ALUs comprisc a- 16-bit
subtractor circuit; all- 16 output bits of cach multiplier arc used. Theroutputs of U21
through W24 arc digital words representing the first -ditference (analogous to the
derivative) of the signal ol-interest.

The 16-bit diffcrence is then processed by a digital-integrator in order to recover
the signal of interest. Of-coursc. a-true integrator would have infinite gain at frequency
- 0, s¢-what we really. want is a low-pass filter which approximates.an integrator at high
frequencies. .An analog liltcr which has a low-pass characteristic and a cut-off*

frequency f=f, has a Laplacc translorm

H(s) = S+21”fq. (313)
If we-let the complex variable s be purcly imaginary. then
s = jo = 2naf. (314)
If f»f,, then this transler function becomes
H(j27f) = —— 1 (315)

R, P

‘which is the-transfer characteristic of an integrator:
The impulse response /1(1) of-the system is given by-the inverse Laplace transform

of the transfer function.

h() = LYHE) = e (316)

* The cut-off frcquency is the [requency at which the magnitude of the gain has.
declined by-3 dB from the peak.
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Taking- the right-sided Z-transtorm™ of- this, we get
o
= Y e Ty

n=0

¥ (e

n=0

Z[h(nD))

(317)

1 Sum of a
1-e -21if°TZ-1 geometric series

The advantage to having obtained this equation is that the-necessary filter coetficients

for.a digital filter to implement this function can be read right from the-cquation. Strum
and’Kirk [Ref. 19, pp. 350-351] show that a difference equation

N L
ymy = Y a,y(n-k)+Y; bx(n-k), 318)
k=1 i=0

has 4 Z-transform

* The right-sided Z-transform is useful in:-converting difference equations into
.algebraic .equations. Since a sampled-data system uses finite differences rather than
infinitesimal diffcrences, the Z-transform can-be used with-sampled:systems just as the
‘Laplace transform can be used with continuous-tinie systems. The definition of the-right-
sided: Z-transform is

Zix(eD) = T Dz

where T is the:time between-successive (1ogularly spaced) samples.
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b z*

He) - Y@ - Zyn) . kz-; *
Y 2 .

_ @  Zx(n)] 3 gt

k=1

(319)

We want to implement a-difference equation corresponding to the Z-transform function

in Equation (317). Noting that the coefticients b, = 1, ao=e'2"f°T. and all the other a,

and b, are zero, the required difference equation is

-2xf,T
Y = €y, 43, (320)

‘We chose to set the cutoff frequency f,=10 Hz, and the sampling interval T=2.5 us is the
‘maximum which the AD7769-A/D converters can sustain. Thus the difference equation

becomes

Y, = 0.9998429y,  +x . (321)

‘We now check for-the gain of-the transfer function at a {requency f=200 Hz. We would.
like the »gain to-be I at this frequency, that is, wc would like a signal—‘ol' amplitude 1 to-
‘¢reate an output of the same magnitude at this frequency. To find the gain. we must first
find the -digital frequency corresponding -to the real frequency f=200 Hz. The digital

frequency can take-on.values from 0 to 2+ and is given by

f
0=2nr=~ (322)
"f

where f,;=400 kHz is the-sampling frequency. So with f=200 Hz, the frequency response
i
b, 1

H) = 'l—aoe"o = — = 318/88°. (323)

1-0.9998429¢ 40 Kz

To reduce the gain to 1, we divide b, by 318, yielding 0.00314. The difference equation

-now takes the form




¥, = 0.9998429y, ,+0.00314x,. (324)

The coefficients-in-this equation arc inconvenient in our hardware implementation. So
we will round-the gain down to the next-lowest power-of two. The coetlicient 0.9998429
can be rewritten-as | — 1.570673x10™*. By doing this, we can build the integrator by
adding in-the value y,_; accumulated so far, and subtracting off a small {raction of it.
When we round off (in binary) we obtaina, = 1 — 2™%and b, = 2~°. Using these values
to check the frequency response when f=200 Hz, we find it is-0.621/88°. Since the
magnitude of thc gain is below 1. this integrator should be stable.

We shall implement the difference equation
Y = V@)X, -2 )y, (325)

which is quite easy to do n digital hardware. However. because we arc using 16-bit
numbers x,, we need a large number of bits in the.accumulator.

The schematic in: Figurc 58 on page 208 shows the most significant 15 bits-of x,
entering the accumulator shifted down by nine bit positions. However. as we are dealing
with signed binary numbers. the high-order bit must be provided to.all high bit locations
'to avoid the.loss of this sign.information. The most significant 16 bits y,_, of the output
registers U37; U38, and U39 are added in with.the scaled-down multiple of x, in adders
U25 through U30. The sums arc then reduced by 27"y _, in the Arithmetic Logic Units
(subtractors) U31 through U36. The difference represents the next output of the
demodulator. )

At this point, onc could simply pass the digital output to any succeeding circuits that
required it. We used an.Analog Devices AD7846 Digital-to-Analog Converter in order
to display the resultant wave form on an oscilloscope and to permit measurements on the
performance of the system.

The AD7846 requires =15 V and +5 V power. In order to provide bipolar outputs
of =10 V, it also needs £5 V reference voltages. As before, we ignored the precaution
of using precision voltage referencces here, but better performance would result if we did

S0.




Unfortunately. the design ol the digital integrator proved to -be easier than its
implementation. Alter repeated checks to see that the analysis and the wiring both-were
right, we finally abandoncd the attempt to make it work and- substituted an analog
iintegrator in-its place. In view of-the fact that-the main thrust of the research was into
demodulation, not digital integration, this expedient seemed reasonable, albeit somewhat
embarrassing. Wec took the inputs to the-digital integrator as inputs to the AD7846
Digital-to-Analog Converter instead and puts the analog output from the AD7846 into
an-analog integrator. The performance mceasurements-in the next chapter therefore do
not reflect a-fully-digital implementation-of-the asymmetric demodulation scheme. This
deficiency needs to be investigated and corrected in follow-on rescarch.  Extensive
simulation has confirmed that the design is-valid, and so the error must be in the wiring

of the-integrator.

C. SUMMARY

In this chapter we described an implementation. of the asymmetric demodulation
algorithm in digital hardwarc. The complexity of this circuit is very high. This is partly
due to the use of hardwarc multipliers and adders, as-opposed Lo a microprocessor or-a
digital signal processing (DSP) intcgrated circuit. and partly due-to the use of multiple
four-bit -and-eight-bit integrated circuits in places where more bits were required (up to
24-at the end).

The use of 8-bit analog-to-digital converters at -the input and a 16-bit digital-to-
analog converter at the outpul is quite unusual in digital circuitry. At the input, the
dynamic range of thc signal ol interest is contained not in the amplitude of the
interferometric outputs. bul in their phase, so we can get away with using an 8-bit
converter without sacrificing dynamic range. The demodulation process converts the
phase modulation into fluctuations in amplflude. Along the way, the 8-bit quantities arc
multiplied together to gencrate 16 bits, making the use of a 16-bit digital-to-analog
converter at the output an appropriate and worthwhile expense. Ol course. if succeeding

circuitry did not require an_analog replica of the signal of interest, the digital-to-analog

converter could be omitted altogether.




In the next chapter, we consider the performance of the Asymmetric Digital

Demodulator we havc just described.




XIIL PERFORMANCE OF THE ASYMMETRIC DIGITAL DEMODULATOR

A. OVERVIEW-:
In'this chapter-we examine the performance of the Asymmetric Digital Demodulat-

or. The-aspects of its perlormance which we consider are:

1. scale factor, which relates the phase amplitude in the modulated signal to the
voltage amplitude in the demodulated signal;

2. small signal bandwidth:

3. maximum acceptable signal;
4.  noise floor:

5.  dynamic rangc:

6.  compiexity: and

7.  approximate cost,

These are the same characteristics we examined in assessing the performance of the
Fringe Rate Demodulator and the.Symmetric Analog Demodulator.”” The Asymmetric
Digital Demodulator is capablc ol demodulating signals both above and below the one-
half fringe level.

The techniques used to measure the performance ol the Asymmetric Digital
Demodulator were essentially the same as those described in Chapter X1, where we
presented the results of measurements of the performance of the Symmetric Analog

Demodulator. Rather than repeat the information here, we will simply present the

7 In the casc of the Fringe Rate Demodulator, measurement of the noisc did not
arise because its principle ol operation made it incapable of demodulating signals of Icss
than half a fringe (£#/2 radians) and so the useful signals were always very much
stronger than the noisc anyway.




results. Inthe description.of-the Symmetric Analog Demodulator’s performance, simply

substitute the Asymmetric Digital Demodulator. in'its place.

‘B. SCALE FACTOR

Table XXV, Table XXVI;, and Table XXVII contain summarics of our measure-
‘ments of the scale factor of the Asymmetric Digital Demodulator. To assist in the
understanding -of thesc data, Figure 62 is a graph of the scale factor for trequency .
200 'Hz. It is clear from the data that the scale factor is not a constant, as we would
prefer. However, in the horizontal region of the graph it is approximately 35-mV/rad.
At low levels of optical phase shift (phase-amplitude) the scale factor begins to climb.
This is due-to-the increasing significance of noise in the output: this has the effect of
providing a steady average signal output cven though the phasce-amplitude continues to
-drop. Since the scale factor is-calculated as the ratio of output to input, it appears to
rise. If we narrowed-the bandwidth, the noisc would be less severe.and-so the apparent
rise in scale factor would occur at a lower phase amplitude. A similar effect-was observed
when we measured the scale [actor of the Symmetric Analog Demodulator.

It should be noted that implicit:in quotingthe scale factor in volts per radian-is the
fact that the output ol the Asymmetric Digital Demodulator has been converted o a
voltage. So we arc. in clfect, quoting a combination of the results of the digital
demodulation as well as the scale factor of the-analog output stage. A more-suitable-way
to quote the scale factor would be as a magnitude of a binary number per radian of
optical phase shift. Becausce we took the output of the Asymmetric Digital Demodulator
before the final integration requircd by the asymmetric demodulation algorithm had been
performed, we cannot quote this-value. It would, however, be a lunction of the gain of
the digital integrator, just as in our casc it is a function of the gain of the analog

integrator.

‘C.  BANDWIDTH

When we measurcd the bandwidth of the Symmetric Analog Demodulator. we

applicd very small signals lrom the Analog Interferometric Simulators. This permitted us




Table XXV Determination of the scale factor of the. Asymmetric Digital Demodulator
for-frequencies of 50 Hz and 100 Hz.

. 'frequency - Input \’nllz&gc Input Phase - Output Voﬁz}gc Scale Factor
- -[Hz) I (peak)- . [rad] ) (peak) [mVirad)
‘ Y 102 1 1ssv 180
) 250 V e | v 179
200V 67.9 R ETRY, 183
sV 08 | vomv 191
wov | 337 650 mV- 19.3
50 T smv 165 0mv 182
100 mV 13.1 1 200mv 207
300 mV- 6 | womv 19.7
200 mV 62 |  Homv 225
wav | 28 omv_ | 251
| somv | LI | somv 745
T 30V 102 . 280V | a4
’ 250V 8s.1 © 240V 282
7 100- S 2mv 679 200V 294
- 7 Coasov 508 Ay 258
v 37 910-mV 279
soomv | 163 500 mV 303
100 mV RO Homv e
300 mV: 9.6 29 mV 30.1
WmV 62 195 mV 314
omv | 28 100 mV 359
50 mv R C wmv 833

to obtain the small-signal bandwidth ol the demodulators very casily. The Asymmetric
Digital Demodulator output such distorted wave forms for the small phase shifts

. generated by the simulators that we could not cffectively measure its small-signal

bandwidth. Any phasc amplitude below 2 rad created more than 46 total harmonic




Table XXVI ‘Determination.of the scale factor of the Asymmetric Digital Demodulator
for frequencies of 150 Hz-and 200 Hz.

—

:I l-'ArévquenC)»l~ lnpulA—Vuhzrngc V lnp@l Phase —()L;tpul Voltage i = Scale Factor:

1 [Hz]- (peak) ~[rad] - (peak) - [mVirad]

: ' ' 300V O, o3y : 304
250°V &a | 26V 313
200V e | amv | as
150V 508 v [ ms
100V 337 v | a2

150 sV 16.5 600mv | 364

100 mV RS Cowomv | 315
wmv [ 96 BOmV 39.4
0mV | 62 | 20mv | 370
100 MV T 15 mv 413

L omv | esav [ 05 |

1 300V 02 S oauv 317
w0V | s © 286V 33.6

7 200 w0V 679 229V - 37

1 150V 508 Camv | ma7
oy w7 | owwev [ 33
500 mv 165 0imv | 368
womv | 13 o osomv 359
300 mv 96 Ca0mv 394
Wmv | 62  s0mv 502
100 MV 238 Comsmv | 413

| b somv 11 . eomv 559

distortion at all frequencics. We suspect that the situation could be improved with a less
conservative design. We set the digitization reference levels high enough to preclude an
input signal from ever exceeding them, an unhappy situation which would have damaged

the analog-to-digital converters. Had we included voltage-protection circuitry, we could
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Table XXVII' Determination of the scale factor of the Asymmelric Digital Demodulator
for frequencies of 250 Hz and 300 Hz.

. L Frequencyr ‘ Input -Voliage 7:, inpul 7Prhasc '(iulpul V()l{zlgc Scalc FFactor

(Hz] (peak) g [rad] (peak) [mVirad]
' IR , 102 360V 352
’ 250V 851 | awv 304
200 V 679 250V 368
oV 508 v 374
100 V 337 L6V 345
250 mv 165 S somv | 3
00mv 131 O s0mv a2
C0mv 96 C s0mv 384
Wmv 62 WMV 102
100mv | 28 I mv 2.1
L s0mv - 11 T A 279
L 300V 1 | cmv 238
. 250 v 85.1 TR 2238
300 : v | 67.9 OV . 236
. R TR 5038 v %6
v 37 780 mV 232
S00mv 165 00V 22
300 mV Bl  Momv 260
300 mV 9.6 Csomv 259
Wmv | 6.2 C10mv 273
100 mV 28 90 mV 323
50 mV L By 326

have decreased the reference levels, cifectively using more of the dynamic range of the
digitizers, and this would very likely have permitted the bandwidth measurements we were

. ‘ unable to obtain with the present design. This is an arca for more investigation in the

future.
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Figure 62 Graph of the_—scalc factor of the Asymmetric Digita! Demoduiator at 200 Hz
as a function of input phasc amplitude.
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D. "MAXIMUM ACCEPTABLE SIGNAL

As in our-assessment of the performance both of the:Fringe Rate Demodulator and

the-Symmetric Analog Demodulator, we shall-regard the maximum acceptable signal as

the highest signal amplitude which creates no more than 4¢¢ total harmonic distortion.

Ibservations of the total harmonic distortion (in %) for various combinations of input
optical phase amplitude and-frequency are presented in Table XX VIII, Table XXIX, and
Table XXX. We have shown ihe phase -amplitude in-radians, The odd values are due
to our having actually used round numbers {or the voltage amplitude from the HP3314A
Function Generator. The phase amplitudes were computed {rom the command voltage
by the linear least squares fit

Phase amplitude =}(34.29 %(—l) V,N -~ 0.64 mrad. (326)

A contour plot derived from these -data is given in: Figurc 63. The contours join

-combinations of input optical phase shift and frequency which yicld cqual levels of total

harmonic distortion. An alternative view of the same data is provided in:the surface plot
of Figure 64.
By studying the-two-plots and the data from which they were derived. we can draw

a number of useful conclusions. When the pbase rate {the product of phasc shift and.

-amolitude of the signal ol interest) is _high, distortion becomes extremely sevére. It is
fairly large at.each- ol the other three corners in the plots. too. Where both frequency

-and phase shift are low, the adverse cffects of quantization noisc are responsible for the

harmonic distortion. In onc of the other two-corners of the plots. frequency is low but
phase amplitude-is-high. [n the other, phase-amplitude is low but frequency is high. At
low frequencies, quantization noise is significant at the:extrema of-the signal of interest.
This is true even if the-phase amplitude'is high, because the instantaneous frequency gets
so-low at these points, Conversely, at high frequencies, if the phase amplitude 4 is not
very big, very few quantization levels-are used, and distortion again ensues. In the central

area-of the plots, where the surlace plot shows deep. crinkly valleys, the harmonic
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Contour Plot of Harmonic Distortion
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which yield the same-amount of total harmonic distortion in the Asymmetric Digital
Demodulator.

distortion is low, but.not very even. In this regime, the Asymmetric Digital- Demodulator
provides-a .useful output.

We used linear interpuiation between the observations in Table XXVIII,
Table XXIX, and Table XXX to-obtain the maximum acceptable phase amplitude as a
function:of frequency. The results are shown in Tabie XXXI in tabular forim and’théy
are -plotted in Figure 65. At frequencies above 300 Hz, the maximum accepta® e
frequency.drops off at roughly 20 dB per decade of frequency increase. This is to be

expected when the-phase rate limit is the dominant effect on harmonic distortion.
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Surface Plot of Harmonic Distortion

Asymmetric Digital Demodulator

Harmonic Distortion in Per Cent

Figure 64 Surface plot showing-the total harmonic distortion in the Asymmetric Digital
Demodulator as a function of various combinations of input optical phase shift and

. frequency .

]
There is an anomaly in the data at 200 Hz. For large phase amplitudes, the

harmonic distortion at 200 Hz is higher than that at the next lowest frequency (100 Hz)
and at the next highest frequencj (50’0:Hz). This is true around the level of 4% total

harmonic distortion, but at cven higher phase amplitudes. it no longer is the case. In any
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Table XXVIII Total harmonic distortion (in ¢)-of the Asymmetric Digital Demodulator
as a function of .input optical phase shift and frequency (phase shift from-6.22 rad to
33.7 rad).

) Optical Phase Shift [rad]

| 6.22 131 | 165 | 199 | 268 | 337

10 48.9 238 | 198 | 344 178 | 114

20 | 198 9.3 1.0 | 158 | 466 3.96

30 183 | 88 | 758 | 126 5.42 3.29
Polso | sar | 258 | 294 | 852 | 287 | 4a0
e | 100 | 426 336 | 292 | 617 475 | 324
D200 | 407 4.60 465 | 625 | 27 220
e | 300 | 448 340 | 385 | 539 | 103 3.23
o 500 | ss¢ | 66 101 | 818 | 238 [ 174
[éz} 750 74.8‘9,7 732 535 | 667 7“71.40' “1:14
1000 | 6.23 108 [ 803 643 | 580 115

1500 | 207 | w7 | 897 | 913 10.5 3.89
2000 | 816 | 719 | 102 | 36 521 | 586

event, this fact, combined with the ahsence of points exceeding 4% total harmonic
distortion at 50 Hz and 100 Hz makes it impossible to determine whether the maximum
acceptable signal continucs to increase at 20.dB-per decadce as the frequency drops lower.
The most phase shift our interferometer could generate was around 250 rad. and so an

investigation of higher phasc shifts at low frequencies was not feasiblec.
E, NOISE FLOOR
We performed noisc measurements on the Asymmetric Digital Demodulator using

the same technique as wc used with the Symmetric Analog Demodulator. The
observations are summarized in the data of Table XX XII and Table XXXIII. Recsll that




Table XXIX Total -harmonic-distortion (in %)-of the Asymmetric Digital Demodulator
as a function of input optical phasc shift and frequency (phase shift from 50.8 rad to
137 rad).

~ Optical Phase Shift [rad]

o sos | 679 | ssa | 102 e | 137
110 | 613 | s45 | 897 | 529 | 651 | 9.9
b2o | 266 | 37 | 326 | 316 | 381 | 414
30 | 28 | 277 265 | 310 | 284 | 273

f Foso || 496 430 | 601 | 419 | 250 | 232
e | 100 | 432 | 1.8 1.18 283 | 203 | 144
1200 283 | 205 | 1.08 833 | 125 | 207
e (300 | 200 | 86 | 98 | 83 | 5% | 370
e | se0 | 154 | 1.63 400 | 391 | 400 | 765
[éZI; 750 .14 | orae | o325 | 6a 29 | 187

1000 | 409 | 615 | 245 397 | 357 | 407
{1500 | 958 | 247 | 199 | 206 [ 19 105
2000 | 222 | 34 | 103 | 108 | 17 | 651

-when we discussed the performance of the Symmetric Analog:-Demodulator. a clear trend
was evident that:allowed-us-to extrapolate to tne point where the ratio of signal-to noise
reached 0 dB. This is much more dificult in the case ol the Asymmetric Digital
Demodulator, especially at the lower frequencies. We have halved the input optical
phase shift for each-successive observation, yet-we do not always sec a 6 dB-decline in
the ratio -of signal to noisc, as we expect. 'In some cases. the decline is nowhere near
6dB. We may, however. follow the extrapolative procedure for the data when the
frequency-is 195 Hz-and up. .

In Table XXXIV we show the results of a linear curve [it on some of the data
given in-Table XXXIII. We have excluded some of the data-points, as indicated. becausc

they do not appear to be-consistent with the hypothesis of a 6 dB decline in the ratio of
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Table XXX Total harmonic distortion (in %) of the Asymmetric Digital Demodulator as
a function of input optical phase shift and frequency (phasc shift from 154-rad to

239 rad).
Optical Phase Shift {rad]

154 | 171 188 205 | 222 | 239
10 | 721 | 882 111 802 | 768 | 294
20 | 420 | 409 | 3.0 326 | 358 | 470
| 30 [ 265 | 20l 2.81 4.67 682 | 832
Polso | am | 288 155 | 145 | 158 | 136
e | 100 097 117 | 114 185 | 1.9 1.90
31200 | 206 | 308 | 458 579 | 666 | 627
e | 300 o8t6 | 136 | 172 | 291 | 603 | 665
o | 500 | 206 | 304 86 - 335 | 333 | 499
[gZ],f 750 104 155 ‘ 193 I 323 96,0 228
11000 426 | 185 183 028 | 133 127
1500 112 | 970 | 105 152 | 952 | 511
L 2000 | 721 | se4 | 738 45.8 76.3 85.5

signal-to-noise with every-halving of the phase amplitude. We also have omitted doing
-a-curve fit for the data in Table XXXII because no clear trend of this sort s evident
-upon inspection.
- We can easily evaluatc these expressions for the case where the ratio of signal to
“noise S/N =-0 dB. Conrserting thesc intercepts Lo a phasce amplitude in radians gives the
values Shown in Table XXXV. The observations were made with the time constant of
the lock-in-amplifier set to 1 s, and the amplifier’s filter skirts had-a 12 dB/decade roll-
off. The resultant bandwidth is 125-mHz. Dividing the floor in radians by the square
root of the bandwidth gives the phasc noise spectral density in the last column of

Table XXXV. These valucs are also plotted in ‘Figure 66.
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Table XXXI Maximum phasc amplitude acceptable to the Asymmetric Digital
Demodulator, given as a function of input frequency, based on accepting 4% total
harmonic._distortion.

Frequency Mall)x}imum Acc.cptable 7A h
[Hz] ase [/:::ili)htude (krads)
10 Total harmonic distortion rcrpained above 4% for
] ) ~ all phase amplitudes.
20 129 7 25
; 30 , 199 _’ 5.9
50 i 7 Total harmonic distortion never exceeded 4% tor
100 high phasc amplitudes.
200 181 36.2
w_ | 633
200 ; B L 58.5
750 | 8 66.7
1000 50 50.0
1500 7 34 510
2000 A 22 44.0

Note that the decline in the noise floor that is evident trom 195 Hz to 1 kHz seems
to reverse somewhat at 2 kHz. The reason for this is nol clear. Further investigation
may permit this anomaly to be cleared up. In the meantime, however, we must

emphasize that the method of extrapolation we have used here is somewhat rough.

F. DYNAMIC RANGE

The dynamic rangc is the ratio of the maximum acceptable signal to the noise floor.
We have combined the results of the last two sections in the plot of Figure 67. At a

frequency of 500 Hz, the dynamic range is 86 dB. This compares very favorably with the
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Figure 65 Maximum phase amplitude acceptable to the Asymmetric Digital Demodulator
as a function of input frequency. The straight line extrapolates the region of constant
phase rate to low frequencies.

30 dB dynamic range of the Fringe ‘Rate Demodulator at this frequency, but it is
considerably less than the 115 dB of the Syrﬁmetﬁc Analog Demodulator at 590 Hz,
which is not'too far removed in frequency. On the other hand, the most dynamic range
one could achieve with a 16-bit digital-to-analog converter is 96 dB, so 86 dB does not

seem too bad, compared o that. Considering the problems discussed earlier in




Table XXXII Measurements of the noise floor of the Asymmetric Digital Demodulator
for frequencies from 19 Hz to 97 He.

Frequency
Hz]

Ratio

~“Phase Amplitude

Qutput Voliage
[Vrus!

Signal-!u-N()isc
Ratio
(48]

1000000 | 459rad 1152022 14
0500000 230 rad 112120031 3l

0.250000 LIS rad 2242052 13

? 0.125000 Smad | 19320.3 2
0.050000 230 mrad 1.070.12 19

005000 | 1Smrad 1.1920.60 T

1.600000 459 rad 1.04620.091 21

0.500000 230 rad 07250025 29

, 0250000 L5t 0.5685:0.0076 38
» 0:125000 574 mrad_ 123320017 37
0.050000 230mrad 0362022 41

0.025000 115 mrad 0522050 0.2

L000000 459 ad 107620037 2

0.500000 230 rad 0.7623:0.0089 39

0250000 L15rad 047820012 R

¥ 0.125000 574 mrad 112420025 33
0.050000 230 mrad 015820015 20

0.025000 115 mrad 047820005 14

1000000 139 rad 0.797420.0098 38

0.500000 230 rad 0.712:0.084 19

0.250000 L15 rad 03041200027 11

i’ 0.125000 574 mrad 01915200023 38
0050000 230 mrad 0.2066:+0.0055 E)

0025000 115 mrad 025280004 36




for frequencies from 195 Hz to 2 kHz.

Table XXXIII Measurements-of the noisc floor of the Asymmetric Digital Demodulator

Frequency Ratio Phase Amplitude | OUPU! Voltage Signallz';?ifo.m
[ﬁHZ]M ] IVRMSI‘ (dB)
1000000 159rad | 1175852000072 6
0.500000 230 rad 0.679580.00061 61
0250000 115 rad 0.3936:0.0012 50
0125000 574 mrad 0.1568::0.0013 2
0050000 230 mrad 0.16240.0042 32
o000 115 mrad 0.0740£0.0035 2%
100000 459 rad 1.07708:0.00065 o4
0500000 230 rad 0.6066+0.0049 2
0.250000 115 rad 0.42597:0.0006] 57
0125000 | 574 mrad 0.19987:£0.00061 50
0050000 | 230 mrad 0.108670.00079 3
0025000 115 mrad 0.04209:£0.00065 36
1.000000 159 rad 1.03983£0.00057 65
0500000 230 rad 05512200040 3
0250000 LlSrad | 0419872000049 59
0.125000 574 mrad 0.21210£0.00003 51
0050000 230 mrad 0.095190.00046 36
0.025000 115 mrad 0.03762+0.00034 41
1000000 159 rad 0.47067:0.00026 05
0.500000 230 rad 0.3231+0.0031 10
0.250000 LIS rad 0.1742£0.0016 4
0.125000 574 mrad 0.09427:£0.00042 37
0050000 230 mrad 0.04804:20.00032 13
0025000 115 mrad 0.035740.00042 39
0.006250 28.7 mrad 0.01278+0.00061




Table XXXIV Least squarcs fit of the logarithm of the phasc input Ag to the
Asymmetric Digital Demodulator to achicve -a given-ratio-S/N ol signal to noisc.

] “Frequency " Least squares curve fit
A ]
195 Hz 10,;{ »”") = [0.039210.0021]§ + (~1.92:0.10)
1 rad Ny
with r=0.994
, N
500 Hz iog{ ”") = [0.048510.0019]15'- + (-2.696:0.091)
1 rad N, -
- with r=0.998 (excluding the first two data peints)
1000 Hz 1og( EFF | = [0.0565’:0.0063]5 + (~3.22:0.31)
1 rad Ny
‘ with r=0.988  (excluding the first two data points)
. A - )
: 2000 Hz Iog[ EFF | _ [0.0592:00078]S  + (-3.132031)
\1 rad N,

o onmem om w kt

with- r=0.983 (excluding the first three data points)

Table XXXV The noisc floor of the Asymmetric Digital Demodulator.

| L R R Iy
f 7 7 B ; ) bandwidth)
195 12 mrad 34 mradWHz
500 R 2.0 mrad | 57mradWHz
1000 600 ﬁrédi 1.7 mradW Hz
2000 - 740 prad 2.1 mradi Hz

zonnection with the harmonic distortion and the scale-factor, it is gratifying to sce such

a large dynamic range resull.
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Cigure 66 The noise floor of the Asvmmetric Digital Demodulator as a function of
frequency. !

Further research should investigate -causes of the difference in dynamic range
between the Asymmetric Digital Demodulator and the Symmetric Analog Demodulator.
How much of the difference is due-to the use of digital as against analog hardware?
How much is due to the use of asymmetric demodulation as against symmetric

demodulation?
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Figure-67 The dynamic range of the Asymmetric Digital Demodulator. The upper limit
is taken to be where 49 total harmonic distortion results. The:lower level is the noise
floor'in a one hertz bandwidth.

G. COMPLEXITY

The asymmetric demodulation- scheme is even simpler than the symmetric
demodulation-scheme. However, the implementation we have chosen -is much, much
more complex. The use of 4-bit, it;tegra,ted circuits was dictated by the ease of obtaining
them. Yet the wiring required l(; usv: them on a bread-board is quitc staggering, as a

glance at the breadhoard -circuit shown in Figure 68 will make abundantly clear. On the
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7Figi;'e'68 Breadboard implementation-of the Asymmetric Digital"Demodulatc;r. The
circuit on the right-hand side of the upper-photograph is the same as that on the left-
hand side in the lower photograph.




other hand, this scheme is highly suitablc to integration on an application-specific.
integrated circuit (ASIC) or. possibly. a few-of them.

The pipeline architectufe is casily adaptable to- ASIC. It has the very strong
advantage of permitting the anélog-lo-digilal-(A/D) -converter Lo -operate as rapidly as
possible. As mentioned in the previous -chapter, a simy’2r implementation of the
algorithm in digital hardwarc would entail-the -use ol a-microproccssor or a digital signal
processor integrated circuit. If this could be made to operate Tast enough-to keep the
A/D opera.ing at full capacity, then it would be much. more attractive than-the brute-
force approach we adopted.

Our failure to get the digital-integrator working is a convincing illustration of the
complexity of the circuit. Given more time, no doubt this problem could be resolved.
The fact that it is a problcm at all is a striking demonstration that our implementation
of the Asymmetric Digital Demodulator is the most complicated of the demodulator’s

examined in-the course ol this rescarch.

H. APPROXIMATE COST

The cost of the integrated circuits used in the construction of the Asymmetric
Digital Demodulator is shown in. Table XXXVI. At just over §300. it is the most costly
of the demodulators considered in this research, but it is simply not as good as the
‘Symmetric Analog Demodulator. Nearly half of the cost is due to the expensive
multipliers. A fully integrated version of this algorithm, with a greater measure of success
in using the full dynamic range of the-A/D converters, would almost certainly result in an

improved ratio of performance to-price.

I.  SUMMARY

In this chapter we considered.the performance of a digital electronic implementa-
tion of the asymmetric demodulation-algorithm. Of the three demodulators considered
in this chapter, this was the -most cxpensive and the most complicated in circuitry.

Despite this-fact, this circuit was able to operate over a broader dynamic range than our

Fringe Rate Demodulator could. In fact, it was within 10 dB ol the best performance




Table XXXVI. Calculation of the cost of the integrated circuits used in the Asymmetric
Digital Demodulator.

Quantity | Source: 1 Tectal |
Part ID- Description ruamtty 1 pice of | Costof |
A Required | : - 4t
: ) ~ Price | Part
| LC*MOS Analog ’ - Analog :
AD7769~ 1/O Port 2 $15.00 Devices. $30.00
ADSP- | oo | | | Analog | 1
1080A 8-Bit Multiplier A 4 1 $37.00 Devices $148.00 7
| LeMos1e-Bit | Analo ’
AD7846 | Voltage Output 1| $31.35 'D-”. S $31.35
1 } evices
DAC ] »
© 74LS04 | Hex Inverter 1| so33 | Digi-Key I ghaq
o . : Corporation
s | 4-Bit Binary Full , Digi-Key
: 74LSS_37 Adder _ 12 $0.60 Corporation | $7.20
| 74Ls37g | TiStae Ol D | ggq | DigiKey 53.60
| Flip-Flop 7 7 - Corporation
.. | 4-Bit Arithmetic 1 | Marvac :
’) -
741"8%8717 Logic Unit - 14 $2.84 Electronics §30.76
OPA-111 | Low-noisc Op Amp - 3 -$11.80 | Burr-Brown | $35.40
| General Puxp<)sc Cen s Analog | 7 N
| ADTI2 | 2| s o §7.20
‘ToTAL {15 | $302.84

a 16-bit digital-to-analog converter can deliver. We have.also shown how pipe-lining can
be used to provide a high rate of throughput in a digital demodulator. While this is a
more complicated approach than the use of a digital signal processing (DSP) integrated

circuit would entail. it is generally faster, too. Where high speed is mandatory, this

approach shows considerable promise.




In"the next and {inal chapter. we conclude this dissertation-with a summary of what

we ‘have found, a comparison of the threc demodulators we built and. tested, and we

. provide some recommendations {or future research.

«




XIV. CONCLUSION AND-RECOMMENDATIONS

In this dissertation we began by looking closely at the theory of optical fiber
interferometric sensors terminated with 3X3 optical fiber couplers. We considered in
some detail both the-workings of-couplers-as.predicted by-Maxwell's equations and their
employment at the output of interferometric sensors to produce interferometric signals
containing in-phase and quadraturc components of the cosine of a signal of interest. the
signal-which impinged on the scnsor in the first place. The symmetry of the operation
of the couplers is such that cach output is similar to the-=next, but with a 120° optical
phase shift between:them. We derived equations that will permit a study- of the. effects
on the interferometric output of other than exactly 120° phasc difference between the
outputs,

We .described .how 1o build an interferometric sensor. for laboratory work. We
noted that the laser ¢xhibited instabilitics from time Lo time. and we suggested that these
could be-eliminated by introducing temperature control or by using an optical isolator-to
preclude reflections back into the laser. A sensor with more f{iber wrapped on the
piezoelectric cylinders and with a morc powerful amplifier to drive them would permit:the
evaluation of ‘the three demodulators-described in this dissertation; as-well 8. _.zxe .t
higher phase:amplitudes than we-could achieve.

We ‘then discussed a refinement to the Fringe Rate Demodulator proposed by
Crooker {Ref. 10} and Crooker and Garrett [Ref. 11]. We lound that the scale factor
of this demodulator was between-105 and 120 mV/rad. The demodulatorcannot function
in the presence of signals generating less than /2 rad of: optical phase shifl, so we were
unable to express its bandwidth in the small-signal regime. For an optical phase shift of

51 rad, we found the bandwidth was 460 Hz,-inasmuch as the scale factor changed by a

factor of ¥'2at this frequency. The phase rate of the demodulator averaged 22.6 krad/s

between 300 Hz and 1 kHz. The dynamic range peaked at a littlc over 38-dB at 100 Hz.

This demodulator was both the simplest and the least expensive ol the three we

248




o

investigated. However, its pcrformance was limited. We discusscd several ways in which-

the performance might be improved

We could use all three interferometric outputs, instead ol just two, to generate the

frequenicy signal which driyes the frequency-to-voltage converter. This would reduce the

‘minimum detectable signal to /3 rad from =/2 rad for an-extra-3.5 dB of dynamic range.

The zener-diode in the frequency-to-voltage-converter we used-could be replaced by one

of 15 V The 12 mV we measured could be reduced to the 3 mV specified as typical for

the converter. These three changes would increase-the dynamic range by 22 dB. The
possibility of finding a better frequency-Lo-voltage-converter than the LM2917N we used

should ‘be investigated. Very possibly a phase-locked converter would yield superior

linearity.

We next turned our:attention-to the theory ol asymmetric and symmetric passive

-homodyne demodulation. We considered the asymmetric -scheme first, because it was

simpler, and because the symmetric-scheme was-a natural extension of it. The symmetric

‘scheme has the aesthetically-pleasing feature-that no output.is discarded,.as is the casc

in asymmetric demodulation. and all outputs are treated cqually. The algorithm also

automatically climinates any dependence of the output-on the optical power received. a
feature not shared by-the asymmetric demodulation scheme.

A detailed explanation of our analog implementation of the symmetric demodula-
tion scheme followed next. We examined its performance and found its scale factor was
31 mV/rad, very close to the predicted value of 29 mV/frad. This agreement gave us
confidence both in‘the theory and in the practical performance of-the demodulator. The
small-signal bandwidth ol the'Symmetric Analog Demodulator we found to be 113 kHz.
The maximum acceptablc signal and the noise floor both declined at the rate of 20 dB
per decade-of increase in {requency, as we expected-them to do. This demodulator had
a-maximum phase-rate ol 65 krad/s. the highest of the three demodulators considered.
The dynamic range was measured as 115 dB in a one hertz bandwidth with 4% total
harmonic distortion considered acceptable at 600 Hz. This dynamic range is quite large.
This demodulator was moderately complex. It cost $270.00 in integrated circuits. We

suggested that the usc of the new AD764 Analog Multiplicr in place of the AD534
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Analog Multiplier could achicve a ten-fold increasc in“bandwidth for a reduction in price
by one half.

With-its excellent performance over a broad envelope of {requencies and siénal
.amplitudes, this new demodulator was-the-most successful of the three-we implemented.
Its price was:in the middle of the prices-of the other two. Its performance l'ar,surpasﬁcd
the others. We included a- detailed noisc analysis in an appendix. We were able to -
identify the analog divider-and the analog multipliers as the noisiest- components-in our
implementation of the symmetric demodulation algorithm. As a result, we concluded that
the receivers do not requirc the expensive, low-noise operational amplificrs we used. This
analysis will-make possible the intclligent selection. of-components to minimize cost and
maximize performance.in-the future.

Our implementation of the Asymmetric Digital Demodulator was the least
successful. ‘We failed to get a digital integrator working and resorted in the-end to doing
the integration in analog clectronics. This unappealing result needs turther investigation.
The performance and price of this demodulator also were arguably-the-worst. It had a
lower minimum- detectable signal than the Fringe Rate Demodulator. in that it could
detect signals of less than #/2 rad optical phase shift. However., the mixture of
frequencies and voltages over which it would function adequately was quite irregular.
Improved performance could be obtained by using precision voltage reterences for the
analog-to-digital and digital-to-analog converters in the Asymmetric Digital Demodulator.

The scale factor of the Asymmetric Digital Demodulator was 35 mV/rad, but this
number is not particularly helptul in view of the fact that the output-was produced by an
analog, not a digital, integrator. The high level of distortion generated by this
demodulator madc a meaninglul measurement of'its bandwidth impossible. With further
work, we believe the distortion could be reduced by taking better advantage of the
dynamic range of the analog-to-digital converters. The maximum phase rate of the

‘demodulator averaged 54 krad/s in the range from 500 Hz to 2 kHz, higher than-that of

the Fringe Ratc Demodulator, but lower than that of the Symmetric Analog
Demodulator.




In view of the increasing ponularity of digital signal processing techniques, we
recommend thatﬁ:a digital-implementation (;l' the symmetric demodulation algorithm be
undertaken using vcry-largc_-s'calc integration (VLSI). This would greatly reduce the
external circuihco,mplcxily'ol"su‘ch a demodulator, and it should lower the cost both of
construction and of compohcms éonsiderably. The use of pipeline-processing has been
shown by our Asymmetric Digital Demodulator to be an effective way to keep the

processing going as rapidly as-the conversion rate will permit, and it should be a feature

of a VLSI implementation. An implementation of the Asymmetric Digital Demodulator

or a Symmetric Digital Demodulator should be undertaken with-digital signal processing
integrated circuits replacing the pipelinc-processing hardware. This. would help in
assessing whether the reduced processing speed would be compensated for by the reduced
complexity of the circuit. The large differences between the performance of ihe

Symmetric Analogue Demodulator and the Asymmetric Digital Demodulator could be

due to the difference between analog and digital. processing on the one hand or

symmetric and asymmetric demodulation on the other hand. This issue bears further
research. ’

We also recommend that a new implementation ol the Symmetric Analog
Demodulatcr be built with the AD764 Analog Multiplier integrated circuit. In building
this new demodulator, some trim potentiometers can be removed. Improved noise
reduction should also boost the performance of this circuit at low phase rates.

The Fringe Rate Demodulator is attractive because of its low cost and its simplicity.
However, it is only [casible (o use it when large phase amplitudes are always present
(much greater, say, than the-minimum +/2 rad). The symmetric demodulation technique
is superior to the asymmetric demodulation technique because dependence on received
optical power is eliminated. The analog implementation of this is simple and yields a
large dynamic range. However, il succeeding processing requires digital signals, then a
digital implementation of the symmetric demodulation algorithm would be attractive,
especially if implemented as an application-specific integrated circuit.

We conclude this disscrtation with Table XXXVII, which summarizes the

performance of the three demodulators we built and tested.




Table XXXVII Summary ol the performance of each ol the three demodulators
described-in this dissertation.

Fringe Asyni:mcl‘ric ‘Symmetric
Rate Digital Analoguc
] ‘Demodulator Demodulator Demodulator
Phase Rate ., o
[krad/s] 23 54_ 65
Scale Factor <
- q -
[mV/rad] 105-120 ‘5 A 3
Minimum =2 4.2 mradf Hz 220 pradW Hz
Detectable- Signal e @ 600 Hz @ 600 Hz
Dynamic Range 46 dB 86 dB 115 dB
B @100 He @500 He @600 Hz
Compléxity Low I-iigh . Modcrate
Cost $100 $303 $270




APPENDIX A. MISCELLANY
’ }
In this appendix. we providc a number of lemmas. thcorems. derivations, and
observations which arc uscd in the body of the dissertation. These details are placed here

for-the sake-of completeness.

A. LEMMA
.y k3w
e H o (327
k0
Proof:
Let
_ Jkdx
§ =g N (328)
k=0
.- 4% k
k0"
N-1
S=3af (330)
k=0
where -
.4x >
i 331
a =-e ’ N (331)

This sum is the well known geometric series. and it can be expressed in closed form as

follows.




N-1
asS = % a*! (332)
k=0
N-1 N-1 .
aS-S = L a*!-% ot (333)
“k=0- k=0
' N N-1-
. (@=1)S = Za*-2 o (334)
k=1 k=0
(a-1)S = a¥-o° (335)
S(a-1) = a¥-1 (336)
g=a-1 (337)
a-T
. Theretore
. . ‘ Jz]h’ -
Sy - :]?
- : S = L | -1 (338)
z g-L:?
) e e ¥_]
i -1
S =— (339)°
Afoe—
e V-1
Now
- : e*H* = cos(x4m)+jsin(+47)
- 140 (340)

= 1.




flhi?fcompléigs;lhc proot of the lemma in Equation (327).

B. THEOREM
Proof:
Ne1
Ye

This completes the prool of the theorem.

N=-1

)

k=0

5]

N-1

B o)

[Geometric series]

(341)

(342)

(343)




C. THEOREM

N-1 . N-1
. k2x - K2x N
c Pr——| = -sin P+ ) = — (34)
Proof:
Let
s=x ¢+_’a_"] (345)
0 - N

~-xi¢("%)‘,"("%? I (346)

2

=

k=0

S = _l_g[eﬂ(' N)+2¢{' ~), 5 ), A+ J (347)
430
N-1 jH= =
s = —I—E[e’"el S 2eete” -*'] G48)
450
£ wa M w | R Lo
- Uneg v +212+e"7’2e | (349)
4 ko k0 50

Now using the lemma in Equation (327), we can write




(S

vt

(R

)|

o

5 = %{(eﬂ:’)(owzm(e'f“)(O)] (350)
g 2N (351)

=N (352)
2

This completes the proof of the theorem as far as the cosine is concerned. The proof of
the part concerning the sine could be proved in a similar manncr, but here is a shorter

proof, using-a well known trigonometric identity, namely

sin’¢+cos’¢=1. (353)
So
N-1 N-1
o e 27N, cos 6+ 27| -
fo[sm ("” N )+°°S ("” ) &t (354)

In view of that part of Equation (344) proved so far. we can also write

N-1
Z |sin ¢+£’—r +C0S ¢+£1r- Esm (<;5+-k—2E +—. (355)
kco N N k=0 N 2
Comparison of Equations (354) and (355) permits.us to write
N o 356)
N = | Zsin} ¢p+=—== .l (356)
k=0 N 2
N-1
N . ssindge 27 (357)
2 ko0 N

This completes the remainder of the prool of the theorem of Equarion (344).




D. EQUIVALENT NOISE BANDWIDTH

The equivalent noisc bandwidth of a lowpass filter is the bandwidth of a
hypothetical filter with total transmission below thc cut-off frequency and zero-
transmission above it. It is a uscful concept for considering the amount of white noise
which a lowpass filter will-permit to pass.

For a single-pole filter, the magnitude of the gain of the filter declines at the rate
of 20dB per-decade of incrcase in frequency, e.g.. the gain in-going from 100 Hz to |
kHz. might decline trom 30 dB to 10.dB. The cquivalent noisc bandwidth B can be
derived as follows.

The Laplace transform H,(s) of a [ilter with a-single pole is

Hs) = ——. (358)
l+st

The. frequency response ol this filter can be found by setting s=jw=/27/, so

H(j27f) = 1+j’2‘” = (359)

The noise power experiences a transter function given by
A2
|H,(j27::f)|2 = (360)
1+Q2f7)
To find the total noisc power transferred by the filter. we must integrate this

expression over all*[requencics. 10 we let u=2mfr and du=2%7 df, and call the integral
B, then

B = [7|H,(j2nf S = A g (361)
o 1M1 27790 142

If we now make-the substitution w=cot- 8, du=—csc’6 d. then we have
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2 o2
B A fo ~csc 6de
2rtdnl2 c5c20

2
_‘f__(o__’f
2rt \ 2
A2
Z;-

(362)

‘Now the point at which the gain in Equation-(360) is down by onc half, the —3dB

frequency fygp, is given by

Fou = ——. (363)

Also,.the time constant 7 is usually -specitied as the product of a resistance R and-a

capacitance C in a simple. analog filter, so

r = RC. (364)

‘Hence we can write the following cquivalent forms of Equation (362):

po A _Afan A (365)

47 2 4RC

For a two-polc filter. the magnitude of the gain of-the lilter declines at the rate of

40 dB per decade of increase in frequency, e.g., the gain in going from 100'Hz to 1 kHz

might decline from 30 dB 1o —10 dB. The equivalent noisc bandwidth B is given by the

following derivation.
The Laplace transform H,(s) of a filter with a double pole is
1

H)s) = —, (366)
»(8) (Lsf

The frequency response of this- filter can be found by setting s=jw=/27t, so




Hj2nf) = —A (367)
(1+j2nfrf
The noise-power experiences a transfer function given by
A?
|1‘12(J'?-7Ff)|2 = — (368)

[1+Q@afoy

To find the total noise power transferred by the filter. we must integrate this
expression over all frequencies. If we let u=27f7and du=2#w7df. and call the intcgral
B, then

B = [ |H(j2nf)df = ——f
Jo peanper - J; [L+@reh] (369)
A e

2m70 [142F

If we now make the substitution w=cot 6. du=—csc*6 d6, then-we have

B - A? frr/z csct0do

2n7do 4
csc* (370)

2
= A ["sgde,

2rt'0

By a simple trigonometric substitution. we can rewrite this and integrate it:

2
A ™1 -cos26]dB
4rrd0

B

(371)

A2 [,_sin26]”
4nt 2 ’

Evaluating the integral at the limits yields




A

47 2 (372)
AZ

'8—';.

Now the point at which. the gain in Equation (368) is down by onc half, the —3dB

frequency g, is ié,iven by

Also, the time constant + is usually specificd as the product of a resistance R and a
capacitance C in a.simple. analog filter. so

r = RC. (374)

So:we -can-write-the following cquivalent forms:of Equation (362):

>
[

po A _ At 4 (375)
87 4 8RC

E. ANALYSIS OF A COMPARATOR WITH HYSTERESIS

In Figure 69 we show a schematic diagram ol a comparator circuit.  This -circuit
provides hysteresis and so gives some noise -immunity, that is. the output will not switch
state unless the input changes by more than the .amount of hysteresis provided. The
analysis given. here is-sufficiently general-that the circuit can be applied to a system with
any voltage levels.

Resistors R, and R, lorm a resistive divider which determines the threshold level.
When the input V. crosses this level,-the output of-the LF31:1 comparator changes states.
However, r-istor R, provides a small-level of positive fcedback Lo the non-inverting input

of the LF311, so the threshold level is changed slightly {rom its nominal value by an




Figure 69 Schematic diagram ot a comparator with hysteresis.

amount which-varies with :the output ¥,

Pin 7-of the LF311 is connected to an internal transistor with.an open collector.
Resistor R, tends to puil’V,,.to the positive voltage V,, when the transistor is cut off. The
transistor pulls ¥, to ground through pin 1 when-it is saturated. The transistor is cut otf
if the voltage V)y is lower than that at the non-inverting terminal of the LF311: it is
saturated otherwise.

To analyze the performance ol the circuit. we shall apply the principle of
superposition. When the output is nearly 0 (when the transistor is saturated), the non-
inverting input sees a voltage which is due to the combined effects-of V" and V. This

voltage is_given by

v, - —2h e RE . (376)
LT ReRIR, T BeRIR,

If we multiply this_out, we get




[y

an

&) . [ms)

v, - Rz;f‘-'k‘s v RIZR;; v; (377)
‘1p gl - Hd
] Pl

This:can be simplified to

R
V., = RZ_R“ — Vg + 1y Vs. (378)
" R RR+RR, R\R+RRy+R,R,
By removing the common. factor R;. we get

ot RR,*RR;+*R,R;

When the transistor in-the-output-of the LF311 is cut off. then R, enters-the picture and

modifies the voltage V* to

R(R,+RY | RIR+R) .
=SV "V
R +R (R +F) R,+R,I(R;+R)
Rk,

(R;*R)+R IR, "

(380)

‘Expanding this yiclds




.i‘&(RfR‘)’ [R,ma R)]
== vy | RRR)

. ‘[k () 5 [&J[Rx(&m.,) i
Rz R3 4 A\ R3 4 (381)
[ees
SR
i ::. .“:'-"i PR 7§
CEEN
» g
i [ RR,
This simplifies-to
v .. RReRR, e RRORR, .
«H = R = - ) N N - §
RR,*R R,*+R.:R,*R,R,+R,R, RR,+R\Ry+RR+RR+RR, ™ (387)
RR,
, — ———V
R\R,+R R, +*R\R +R,R,*R R,
Collecting-common: terms reduces this to
, _ RR)R VSR V)RRV, (383)
“H RR*RR+RRRE+RR,
ifwesser
Vi=-V;, Ri<Ry, Ry<Ry, and Ry<R, (389
then we can approximate V', as
y = RIRRIs  ReR (385)
“E RR)R, RyR,

and:-we-can approximate V, , as
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v . RRR)VS + RRY,
T RRR,

®R) . RIR

T o 3 H ‘ ‘ (386)
R*R, ~ R, -
R |}
= Vy‘L + l“R2 VH -
7y R3

From:these two expressions. we cen sec that under the given assumptions, the threshoid

‘or the switching operatic a.is

R,-R, . - -
Viurestowp = m—:ys ) (387;
and that this-threshold rises when the output goes high by ’
* _ RR, ,
Vivcrsueviar = ~p =V (388)

Equations (387) and (388) arc-design criteria by which-we may pick values of the
four resistors which will achiceve a desired lower switching level and amount ofhysteresis.
These-equations are valid ¢ itoximations only when the.conditions.in-Equation (384) are

met.

F. ANALYSIS OF A CIRCUIT FOR.INTEGRATION. AND DIFFERENTIATION
In Figure 70 we show a schematic for a-.generalized circuit which, with proper

choices for the components..can function-as a differentiator, an integrator, or-a bandpass

filter.

If we-consider a signal-ol: the form
s(t): = Ae/®' = A&, (389)

with amplitude 4 and [requency w=27f, then it has a derivative




s

50 = %(ti) = jAwe' = jA2nfelt™, (390)
Its.integral is.
[sde = Leor = A it (391
jo j2nf

Neither the derivative nor the integral s a truly realizable function because, as the
formulas show, they both-become infinite in magnitude if the frequency goes to-infinity
(in-the case of the derivative).or 1o zero (in the case of the integral). The best we can
do-is to approximatc them over a specitied band of frequencics. So what shall we do
outside the region in which the-approximation:is acceptable? The best thing often is to
let-the magnitude of lheiznpp,rolximation £0 to zero at extremely high-and extremely low
frequencies.®

This, of coursc, is jusl- what a bandpass filter does. So iff we can construct a

bandpass filter whose gain characteristic has a section in'which the increase in gain with

frequency looks like the magnitude of the expression in Equation (390) and with a scction

in which the decrease in- gain with frequency looks rike the magnitude of the expression
in ‘Equation (391), we can make rcasonable approximations to these functions.

As a bonus. of course, we will have a bandpass lilter for any other -purpose we
might have in mind. Thc emphasis in this scction, however. is- on approximating
derivatives and integrals.

Note that the capacitors.in Figure 70 have been annotated with their impedances
in the s-domain. Alter completing the analysis in this domain, we shall be interested in
letting s=jw, which will give us the steady-state response ol the circuit to a sinusoidal

input of frequency .

2 An alternative at low [requencies is Lo let the gain become a constant. This is not
feasible at high frequencics, since it would require an infinitc amount of energy: an
impossibility.

A
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Figure 70 A general circuit lor differentiation, integration, and bandpass fiitering.

We can obtain.the transter function for this-circuit by regarding R, and C, in series

as being a single -impedance and R, and C, in parallel as another impedance. At

combinations of gain and frequency well below the gain-bandwidth product of the

operational amplifier. the transter tunction is approximately

r

“Simplitying this, we get

Ri—

Vour .. 3

o

*
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1
C2
] .
iN. Rl +;E:

(392)




This reduces-to

Letting s=jw, we get

V .
OUT (i) = - jo
Vin | B 1
R,C, WA —
RC, R +jw)
i} RCjw
1+ jw 1+ jw

el el

Expressing this in terms of the conventional frequency = /27,
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(393)

(394)

(395)




ZL fnfy = Ry
) Y LA [l Jf 1 (396).

" | , o . (Miécz)‘ (an_ltlcl)]

This expression is-more casily grasped it we let

fi= s and f = —t (397)

27R,C, 27R,C,
for then we get
vV i2f
- 2 j2nf) = -RC—ET (398)
: . Vi L+ fl fl
: : J 7| {15
” A |
Let us set f;=f,=f,.. For I'r"cqu,cn'cics f<f,, we have ‘
|
% ; Vour, ., .
2 (j2nf) =" -R,C,j2nf. (399)
IN -
- From Equations (389)-and (390),
0 j2nf (400)

s(t)

‘So our circuit produces —R,C, times the-derivative of the input, provided that f«f,.

Now let us sce what happens for [requencies fnf,. We get




2oUT i3 nf) ch _J2f
VIN
['f H’ ]

RC, —f—

= ‘R;»_C1(27¢ )—2;1.-

(401)

Y S i
\@nPRR.C,C, Ji2nf
11

R.C,j2nf

From Equations (389) and (391).

[stode (402)

)  j2nf

So our circuit produces — LR,C. times-the integral of the input. provided that f»f.

Any time approximations arce used. one is interested in knowing how good the
approximation is. We have simply assumed that the [requency [is so far above f (in the
casc of the derivative)-or so far below it (in the case of the integral) that errors are
negligible. We can-bhe more precise than this, however.

Let f=af,. The vonstant & may be more or less than 1. We arc interested in
letting it be more than @'in our consideration of the aceuracy of our circuit for calculating
derivatives and less than I in our consideration of the accuracy for calculating integrals.
There are two sources of crror. Either the magnitude of the result may be in error. or
the phase may be in crror.

First we will consider derivatives. The magnitude of the gain of the circuit is




»

f"—'”uzml S - w
N \j N _f_'ﬂ S 2| (403)
N[ WA 5

The fractional error in the magnitude-of the gain is 1 less than the ratio of this quantity.

o our approximation-in Equation (399). Calling this error e,,, we have

€y = l -1.

421

If we still-have equal pole Irequencies-(f,=f;=/,), then

p—

€y = -1
2
4]
o
fp’z, -1 (405)
fpif?

1 .
4
f

In Table XXXVIII we have tabulated the error €, in the magnitude of the gain.

As is clear from the table. less than 19 crror results ift we-cause the pole [requency f, 1o
be less than 1/10-the lowest frequency of interest.

The phase of the gain-of the circuit is.

Your) _ -7 _ peun £ (406)
57 -5 (] ‘

The error in the phasc ol the gain is the difference between this angle and the phase

angle of our approximation in Equation (399). Calling-this crror-ep we have




Table XXXVIII Error in the magnitude of the gain of the differentiating circuit as a
function of-the ratio of signal frequency to pole trequency.

\‘ 100 | —05000
500 ~0.0385
1000 | -0.0099
5000 ~0.0004
10000 ~0.0001
- -m-l(i); (407)
Ly

The negative sign indicates that the magnitude of the derivative will always be
understated slightly by the circuit.

In Table XXXIX we have tabulated this [unction in degrees for several values of
the ratio-of the frequency [ of the signal to the pole frequency /.

‘From Table XXXVIII and Table XXXIX. we can sec that the cost of acquiring
greater accuracy is a-necessity to restrict the frequencies f of the signal to a range well
‘below the chosen pole frequency /. Generally speaking, in designing a-circuit we will
‘have in mind some specification for the accuracy in-phase or magnitude of the gain. The
-equations developed in this section can be used to place constraints on the necessary
value of f, to meet the specifications. In addition to choosing J, such as to meet
constraints on accuracy over the range of frequencies expected, we must also choose a
value for the product R,C, so that the desired-multiple of the derivative is obtained from
the circuit. This number cannot be too big, for the amplitier will not_permit it. The gain
at a given frequency cannot exceed the ratio of the gain-bandwidth product of the

-amplifier (a published specitication) and the particular frequency. For example, it we let




Y

Table XXXIX Error in-the phase ot-the gain of the ditferentiating circuit as a function
of the ratio of signal frequency to-pole frequency.

) f/fp o ,‘ €p
1.00 —90°
0:50 5310
0.10° ~11.4°
0.05 o570
0.01 ~1.1°

GBW-represent the gain-bandwidth, then at a frequency £, the gain cannot.-exceed GBW/Y.
For a differentiator. since we must -operate well below the pole Irequency f,. the gain
near the pole frequency will always be consiaerably higher-than that at the frequencies
we are interested in. This-is just the region in which the gain-bandwidih product is likely
toimpose a constraint. The upshot olthis is that the gain of the differentiator may need
to be kept down-in order to avoid driving the amplifiers too hard. The consequence of
-ignoring this point is reduced accuracy in the gain.

The equations for the fractional error in the magnitude of the gain of our circuit
when it is used as an integrator are not quite as simple -as was the casc for the

differentiator. In this casc. we tind

27fR,C,

4” 2 2
f f —
LI ES 1+ = 8
] \[ (f) ( )l . “ow

)
1
RC2nf

We can simplify this Lo
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4]

From the definitions of f; and /5, this can be-further simplitied to

€y = £ -1

S s
_ W -1 (410)
a
ot

The negative sign indicates that the-magnitude-of the integral will:always be understated

(409)

-1

slightly by the circuit. This is a very similar expression to-that for the-error in the gain
of the differentiator. However, the ratio in the denominator here isﬂfl,, whereas it was
f/fin the case of the differentiator. Table XL looks almost identical to Table XXXV,
except for this difference. The degree to which the [requency [ of interest is far away
from the pole frequency /. cxpresscd'as a-ratio, is the key to determining the accuracy
of the output.

The absolute value of the phase error is exactly the same as for the ditferentiator,
so Table XXXIX is correct [or the integrator, too.

As-with the differentiator, the equations and tables in this section permit one to
design an integrator if one has -a required error criterion in mind and can. pick

components to satisty all cquations, all restraints, and the limitations on gain-bandwidth
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Table XL Error in the-magnitude- of the gain of the integrating circuit as a lunctmn of
the ratio of signal {requency (o pole frequency.

’ f/fp €y
100 ~0.5000
500 | —0038
1000 | =0.009
5000 | —00004
100.00 ~0.0001

product imposed by the operational amplifier. An-attractive lcature of this- circuit to

-perform integration is that the gain at zero trequency is zero. Offsctting this, however,

is the fact.that-there is high gain at-frequencies just above zero, and yet there is so much
phase-distortion in that vicinity-that the output does not look-anything like a. derivative.

Also, to-get adequate gains-in-an.in‘egrator..one often-has to use large impedance in the

~ feedback path, which has the cffect of magnifying the clfeet of the operational

amplifier's offset-currents. These produce voltage:drops across-the feedback impedances

that:may-tend to spoil the advantage ol low DC gain.

G. -OBTAINING LARGE RESISTANCES WITH A TEE:NETWORK

Often Jne needs a larger resistance than s rcadily available in off-the-shelf
components. Tivis is especially true in constructing-integrators. It is useful, therefore. to-
find a way to obtain farge resistances from-a number of smaller resistors. In Figure 71
we show a network which.achieves this. We can understand the working of this circuit
by supposing that we ifject a current /, into it and calculate-what the output voltage V,,

must be. The effective-resistance ol the network is given by
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Figure 71 A Tee-network can-be used to-obtain large resistances.

v, ‘
Rege = =2 (411)
1

We shall assume that the-current 7, comes from a current source at'zero volts. This
is the case, for example. when the -network receives-its current from the virtual ground

of -an operational-amplifier. The voltage at the junction. of the Tee is given then by
V, = -IR, (412)

Thus the current -/, through resistor R, is given by

L=t By (413)
i R,
The remaining current /; through resistor R; is given by
R R
L =I-I, = 11-(-411), = (1+—‘-)11. (414)
R, R,

Knowing this, we-can compute the output voltage




»

. R
V, = Vool =‘('11R1)7(1+TR‘;‘]11R3

(415)
Y, R\R,+R R, +R)R,
Rggp = — = - — .

1 R,

Now if we choose the resistances-such-that
RR,RR, and RR, <RR, (416)
then the first and third tcrms -in the numerator can be ncglected and we have the
approximation
R
Regy = % (417)

We have dropped the minus sign, preferring to regard-it as-due Lo the inverting action
of the amplifier in which this resistive nctwork commonly is used. If we-set R,=R,=R,
then we get the particularly casily remembered. approximation
RZ
Repr = -E (418)
As an example. suppose we need a resistance of 3.5-GQ. I we use a Tee-network

with R=300 kQ and-R,=23.5 Q, then the-equivalent resistance is
EFF - 5 T hmre A~ ° 3.5-GQ. (419)

In summary, a Tec-network can provide the cquivalent of a single large resistor.
At first glance, onc might also suppose that the noise contributed by cach resistor in the
Tee could be.added together (square root-of the sum of squares) to get the total noise.
and that there would be less noise from this combination than from a single larger
resistor. This is wrong, however, because the noise [rom resistor R,=R is multiplied

approximately by the ratio R/R,. This is a fairly large multiple il the conditions in
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Equation (416) arc met: certainly it is bigger -han the multiple ¥'2 which would apply

(roughly) if this-approach were valid.




APPENDIX B. THEORY OF OPTICAL FIBER COUPLERS

In-this appendix we consider the results of applying Maxwell’s-equations to-the
-operation of 2xX2 and 3 X3 optical fiber couplers. This material was presented in Snyder [Rel. 20)
in a-highly-condensed torm. In order to make it more comprehensible, we include many
of the steps omitted in his paper. Some minor crrors in“Snyder’s-work are-pointed out
and corrected. Most of this chapter is highly mathematical and requires more than a
-passing familiarity with Maxwell's cquations, calculus, and vector-algebra. However, the
key result is presented in the first section. This resuli is_necessary 1o the analysis of the
-operation-of 2x2 and 3X3 optical liber couplers under specific conditions, which is. in
Chapter-IIL.

A. KEY RESULT OF THE THEORY

da
Tk + jﬂkak = ]E asck_,-- (420)
Z s

s#k

This differential equation gives the connection between the amplitude coetficients
of the light in each of the n fibers in-an optical fiber coupler where the fibers are laid
parallel to each other.  Wc consider only single-mode optical fiber. In Equation (420), 8,
is-the propagation constant of the light in fiber k. a,-is the amplitudc of the light in fiber
k. C,. isthe coupling coefticient between fibers k£ and 5. The amplitude ¢, actually is a
function of the position z within the coupler, so ¢;(z) would be a more correct notation.

If we apply n initial conditions, then there is a solution to the n difterential
equations. Typically we shine a known amount of light into one or more . . the inputs

to an optical fiber coupler. This amounts to specifying the values ol the a,(z) when




2 = (), andithese specifics depend on-how the coupler s to-be used. We shall examine

various possibilities in-the next chapter.

B. MAXWELL'S EQUATIONS

Here are Maxwell’s cquations in point form, taken from Hayt |Rel. 1,pp. 358-359]

VxE = -8B d21)
o
vwH=J+B (422)
o
VD = p (423)
VB =0 (424)

The following two auxiliary cquations relate the electric flux density D:to the electric tield

intensity E and the magnetic -flux density B to the magnetic field intensity H.

D = ¢cE (425)

B = uH (426)

We also-need two.luzher auxiliary equations tor the current density J. There are two
sources of curren. -density. Onc is- conduction current density. due to the motion of
charges past.a point with zcro-net clectric charge-density. This is given by

J = oE. (427)

The other source of current density is the motion of volume charge-density at a velocity

"v. This is given by




:);

T = pv. (428)

In a glass fiber, we assumc that the conductivity o = 0 and that there:is no net motion

of the volume charge density. Therefore J.= 0 in Equation (422).
In general, the ¢electric field intensity-E and the magnetic:ticld intensity H both are
functions' of time, so we would write them as E(r) and H(:). We now consider the |
restricted c_ése;in which the variation with time is sinusoidal. Since they-both are-vector
quantities, we write their amplitudes in vector notation as simply E and H. separate from
their dependence on time. These amplitudes may be-functions of position-and frequency,
but not-of time. E(¢) and H(f) cach may have some phase shift ¢,. and g, 100, and these

also maybe functions of position-and frequency. but not of time. So we have

E@?) = E cos(wt + ¥p) (429)

and

H()

H cos(wt + ¢). (430)
These two tormulas can also be written as

and

H() Re[ﬂej ot - #n)]_ (432)

To simplify the notation in what follows. we shall suppress the Re. This simplification

leaves
E(t) = Eej(w’ - ¥g) (433)

and




H@) = B/ " 0, (434)

Some authors usc a different convention in-Equations-(431) and (432). They use

—jw instead of +jw. This makes absolutely no difference in thesc two cquations, since
in taking the real part of the function in brackets, the part which depends on
sin(wt + §) is-the imaginary part,-and it is discarded. It makcs considerable difference
in-Equations (433) and (434), since we no longer discard anything in these tormulations.
It would-appear that —jw is used in Snyder's paper, although he does not explicitly so
state. For if we substitute Equations (433) and.(434) into 'Equalions (421) and (422),

then we obtain the following:

V<E(®) =

oH (435)

n
1
®
|

1
<

g

®
=
>

and-
VxH() = J + 2O
P

36
=0 + e_—aE(t) (436)
ot

= jweE(t).

Snyder [Ref. 20, p. 1268] gives these equations with opposite signs, which is what onc

would get if the substitution of —jw had been made for +jw.

C. APPLICATION OF MAXWELL'S EQUATIONS TO AN ARBITRARY MEDIUM

Snyder now introduces the notation E and H to refer to solutions to Maxwell’s

equations in a medium with permittivity € = €(x,y,z). This permittivity is a function of
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space. Snyder docs not say so, but it also is gencrally a function ol [requency. The
material also has permeability p.  Non-magnetic materials have a value of p which is
nearly equal to p,, the permeability of free space: so Snyder tacitly treats the value of u
as known. Because the subject under consideration now is-optical ftiber, the z-axis is
regarded as being along thc axis of the liber, which corresponds to the axis of

propagation of light.

Snyder’s goal is to-find solutiuns for E and H in the material *ith permittivity
€ = €(x,yz) il solutions for E and H arc known [or a uniform lossless system with
permittivity € = e(x,y). This known permittivity is assumed o be independent ol z. In
other words, no matter where along a length of optical fiber vou_chance to look. you find
the same permittivity.

To. achieve this goal. Snyder defines a new quantity. F.

. . 437
F = ExA* + E*xH. (437)

Hayt [Ref. 1, p 499] gives the-following vector identity:
V-(AxB) = B-(VxA) - A-(VxB). (439]

‘Another useful vector identity is that the divergence of the sum of two vectors is the sum

of their divergences taken sceparately. In mathematical form. this says that
V-(A + B)= VA + V-B. (439)

Snyder uses these two lacts to obtain the divergence of Equation (437).

V-F = V-(ExR") = V-(E°xH)
(440)
= B*-(VxE) - E-(VxH*)
, + H-(VxE") - E*-(VxH).

It is easy to show that the curl of the complex conjugate is cqual to the complex

conjugate of the curl. or
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VxA°® = (VxA)".

Applying this fact to Equation (440), we get

V-F = H*-(VxE) - E-(VxH)"
+ H-(VxE)" - E°-(VxH).

(441)

(442)

We can replace-the lactors VxE and VxH in Equation (442) by the cquivalent§ casily

obtain from Equations (433) and (436), where-the presence of tildes (™) continues to

signify quantities having to-do with the unknown medium. This yiclds

V-F = H*-(~jwuH) - E-(jweE)
= H-(-jopB)y - E*-(oeE).

(443)

The-constant factors can be-removed from within the brackets because. for any constant

k,

A-(k B)= kA-B.

V-F = -joull"H + joe'E-E
= jopH-B° - jo£ E.

(444)

(445)

The first and third terms in this expression arc equal but of opposite signs. so they vanish.

Gathering common factors. we are lelt with

VF = jole-dEE".

(446)

This is Equation-(2) in Snyder [Rel. 20, p. 1268]. but with oppusite sign. for the rcasons

we discussed-above.




Next Snyder prescnts a formidable-looking identity without proof. Here is its

derivation. The divergence theorem is

fVV~FdV = st-ds. (447)

If we consider the volume I to be a infinitesimally thin-slab of area A and thickness dz,

then the slab has a diflcrential volume element dV = dA dz. This allows us to

decompose the left hand integral into two parts: a surface integral-over the area of the

slab, and an-ordinary integral over its thickness.

The right hand integral in Equation (447) also can be decomposed into two parts.
One is a surface integral ol the-projection of°F onto the unit vector £, perpendicular to
the surface A. This surfacc has a differcntial element of arca d4. The other part is a-
surface integral of the projection of F onto the unit vector a, perpendicular to the rim
of the slab. The circumference of this slab-has a differential clcn*;cntof length.dL. and.

s0; the rim as a whole has-a ditfercntial clement of area dL dz. The result is
[ [vFddd: = [ Fida + [ FdLdz (448)
2 VA A A”U
The integral-over the closed surface S is replaced here by two integrations over open
surfaces. We can dilferentiate both sides of this equation by z. The lelt-hand side of the
equation becomes a mere surface integral. The second term on-the right-hand side is

converted to aline integral along the-closed contour L, -which follows the rim of the slab.

This gives us
.9 R
VFdd = K5 . 449
fA Fd4 azfAF 2dA +4fLAF,‘ndL. (449)

This is. Equation (4) in Snyder. [Ref. 20. p. 1269] After some further development,
which we provide here in detail, Snyder applies this identity.
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If the electrical permittivity characterizing a uniform, lossless material is e, then

electromagnetic fields arc supported in various modes with modal propagation constants

ﬁp. These fields. are of the form:

E,(532) = e xy)e™ (450)

and

H,(xy2) = h,(xy)e™. (451)

In these equations, ¢, and h, arc vector functions found by solving the transverse wave
equation, and-they arc independent-of z. Also,-different modes arc mutually orthogonal.
That is,

n

[, #{e,<h;)da

~

o
‘6pq

(452)
i { +1 if p=q
1 O otherwise.
In this expression, 4, represents integration over an infinitely extensive cross-section, and 0,
is the Kronecker delta [unction, whose delinition is included in the cquation. When p or
g- is positive, then thc mode is. one which propagates in the positive z direction.
Conversely, when p or ¢ is negative. then the mode is onc which propagates in the
negative z direction. The cross»product of e, and h, is the Poynting vector F = epxhp,
and by a homophonous coincidence. it gives the direction of power flow across the cross-
sectional area. ‘So by convention. we regard e, as unalfected by a-change in sign of p.

In contrast, h, and B, both change sign when p does. That is,

e = e ’ (453)

(454)

and




ﬁ-p = _pp° (455)

(If e, also changed sign, then the Poynting vector would not. and so would incorrectly
describe the flow of powcr in-the negative direction-along the-optical fiber.)
Since-e, and h, both arc'known solutjons to Maxwell’s cquations, it is reasonable

10 substitute them for-E and H respectively in Equation (437). If we do-this, then we get

F = Exf* + E°'xH
fe, /5t + Erxfh &) (@0

L]

ejp"z(epxﬁ' + E‘xhp).
Now if we define

F = F %, (457)
then we can divide both sides of Equation (456) by ¢ and so get
F,= epxﬁ‘ + E'xhp. (458)
If we-substitute Equation (450) into Equation (446): then
VF = jo(&-ee e E. (459)

Now we can take the integral of this expression over the cross-sectional arca 4 and apply
the identity in Equation (449).




i ) joE-ee,e ™ Eda

9 iByg .» iByxa.,
> [¢7F, 2d4 + ftf PF i dL (460)

= P i ) 5d By N
= ¢ (Jﬁp * az)fAFp ZdA + e :fLAFP rdL.
We-can divide through on both sides of this equation by ¢ and rearrangc terms Lo get

iB, + Z|[ F,2da
( az) A

= jof (e-&e, B dd - fLA—FP-ﬁdL.

(461)

This is-essentially the same as Equation (9) in-Snyder [Ref. 20, p. 1269]. However, the
difference in' convention.over the sign of jo mentioned previously shows up.here. too:

the first term:in-the right‘hand-side-is the negative of that given by Snyder.

D. FINDING THE TRANSVERSE FIELDS IN AN ARBITRARY MEDIUM

Snyder next goes -on Lo consider how to represent the transverse fields. of the
unknown system with permittivity €". since the transverse fields of the-ossless cylindrical
uniform system with permittivity e-arc known. The tields-within a uniform optical fiber
are very well-described:by these solutions.

The transverse fields of the known (lossless, cylindrical, uniform) system form a

complete set of orthogonal functions, so the transverse fields of the unknown system can

be expressed-as a linear-combination of these. Hence
El = Y a (e xy) (462)
p :

and




B = Y a,0h;y). (463)
-9

The subscript ¢-is meant to indicate the transverse field quantitics. The coefficients a_in
these two_equations are -identical.

Snyder next substitutes these two equations into-the leftside of Equation (461).and

integrates -over the infinile cross-section A_. This yields

(7% : jﬁpJ [ Fyida
(2 8], o + By o9

Bl e Besnim

‘Now wc can take the summations and the factor a,(z) outside the integral, since the

integral is.only over the cross-section in-the v—y plane. Thus

(.agz- + jﬂ‘;)fA‘FP‘ZAdA 7
(465)

= (__ + jB )E“(“){f {e,xhz)dA + f ‘(e xhp)dA}

In:this form, it is easy 1o see that we can apply the orthogonality condition expressed in
Equation (452). If we do so. we get the much simplitied result
(2 < i8)f, Fyzda = 2 +jp 20,0} (466)
oz oz PJLP

This takes care of the left side of Equation(461). As for the right-hand side, the line

integral evaluated at an infinite radius is zero. Dividing both sides by 2, we obtain

da (2)

2= 4 a0 = 2 (e-Ele,Bda (467)




The positive sign in the right hand side takes cffect it p. > 0 and the negative sign takes
effect if p < 0. This equation is cssentially the same as-Equation (11) in Snyder {Ret. 20,
p- 1269]. As usual, though. therc is a-ditference in sign-in the right-hand side.

To obtain a.solution to the serics expressions of- Equations (462) and(463) requircs

finding the coefficients a,(z). These-can be obtained by solving the differential Equation

(467) when the perturbing licld E* in the unknown medium is specified.

E. Z-COMPONENT OF THE FIELD IN AN ARBITRARY MEDIUM

We have confined our attention so far to the transverse ficlds of the unknown
system. It is time-to include the component along the z-axis, too. We can represent the
-complete field as a linear combination of components in the transverse planc and along

‘the z-axis:

£ -E +E (468)
and

i -+ B (469)

We already have the expansions for the lirst term. the transverse term. in each ol these
equations from Equations (462) and (463). We need to find the second term in cach of
Equations (468)-and (469). We can get the z-component of E* by projecting it onto a
unit vector £ in the z-dircction. But we can relate E* to H* by the use of Equation

(436). The z-component ot the curl of a vector A is given by
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[VxA]z = [VxA]-Z
oA, oA, (470)
x  dy
‘We define the transversc divergence by
A=, 4 @y
¢ ox dy-

If we take the transverse divergence ol the cross-product ol the unit vector in the z-

direction and the transverse component.of A, we get
Vo@xA,) = Vo(-A + A9)

OA, oA

=—_2:+__'§

dx dy (472)
-3-(VxA)-
-(VxA),

Combining Equations (436). and (472) gives

_ (Vxﬂ'):

joe (473)
) v (ixH;)

jwe*
This expresses the z-component of the electric field in the unknown medium in terms of
the transverse component ol the known magnetic field. We can substitute Equation
(463) into Equation (473) to get
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L . [ff(:ixg:%@)"qz)]'. (474)

4

jwé

We can expand this cquation by applying Equation (438):to it.

. [(5,,: aq(z)hq,).(v;xz‘) | ‘Nz“(V,qu: aq(Z)h"')]. | s

Jwe

Thé first term in the numerator is zero, for the unit vector is a constant and-has no curl
of any kind, let alonc a transverse curl. In-the second term in the numerator, we can
bring the transverse curl operation inside-the sum and right past the coefficient a,(2),
since a function-of z is a constant with respect to taking the transverse curl. Thus we

have

" _[2-%:_aq(z)(v,xhq‘)] | @76)

»

jweé
The transverse curl is parallel to Z. so the dot product of Z with it is a nonzero scalar.

By applying -Equation (436) to this cxpression, we get

zq:“q(Z)f “’“qz]' @77)

e

jwe

£

4

Note that the tr .asverse curl operation extracted only the z-component of €. Dividing

this out yields
£, = +7€Z a(2)e,, (478)
€ gq

. since, for a lossless system,

S8
O
o




e | 19

This:js different {rom Equation-(12a) in Snyder [Ref. 2(); p. 1270]. Although the
difference in sign we-have consistently mentioned has mysteriously cvaporated, Snyder’s

version of this equation has the permittivities inverted, i.e., his version-of the equation is
B = +E) a(2)e,, (480)
€
This is, presumably. a typographical error.
F. COMPLETE FIELD IN.AN ARBITRARY MEDIUM
We can now substitute Equation-(478) into Equation (468).
R S
: = Y a@e, + =X a6, (481)
- q € gq
- . . = 2 aq(z)[e;’ + ée;z]'
q €
The corresponding cxpression lor H' is almost identical, but because the magnetic

permeabilities in glass and in frce space are nearly cqual. the leading ratio of permeabil-

ities is one, and so can be suppressed.




) G o -
- Yo 0h; + ¥a,0h,
) ’ (482)
= }qj a Dby + by
= Y a(2h,
q

This- expression is identical to Equation- (12b) in Snyder [Rel. 20, p. 1270].
We now can-substitute Equation (481) into the right side-of Equation (467).

da @) B, = *12214 (e-&%e, E"dA.

el et Dol s Sofu
- q € -

= j; ab(z)[f% f;{.(e—&")(ep,'e;, + -gjepz-e;:)dA].

Again, this differs from Snyder’s formulation in sign, and now, oo, by the inversion-of
the ratio of permittivities. which we discussed earlier. We now:adopt the usual expedient
in dealing with a troublesomely complex cquation: we define a new symbol for most of
it!" In keeping-with Snyder’s notation. we shall call everything within the square brackets
Cy» the coupling coefticient. The resultant dilterential equation is
‘—i‘%z(i) + i, = jg a,)C,, (484)

This is identical to Equation (13) in Snyder [Ret. 20, p. 1270], but of course, our
definition of C,, differs-as alrcady discussed. This differential equation is applicable when
the optical fiber is cither irregular or only slightly lossy, that is. when the perturbation to
the electric fields is slight.
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G. SOLUTION IN PARALLEL UNIFORM: OPTICAL FIBERS

In an optical fiber coupler, we no-longer have just one fiber to consider. Several

nearly identical tibers arc laid alongside one another and fused:together. For n fibers,

‘the modal expansion method will lead to n-equations like Equation (484). Because of the

similarity of the fibers and"thc orthogonality of the modes expressed in Equation (452),

the pth mode -of fiber k& can only couple with the pth mode of fiber s. The coupling

between fiber k and liber is then given by the-following set of difterential equations.
We- continue to use subscripts to denote ‘the modes of the waves, but introduce

superscripts in parenthescs to denote the fiber under consideration.

(]
p k) ) _ Y () ARE)
- + jBya, = iy a, Cpp- (485)
s
stk

This is identical to Equation (18) in Snyder [Ref. 20, p. 1271], except we use j for /~1.
where Snyder uses.i: and we usc & in place of Snyder’s index j. The coupling-coellicient
is

~K)s) _ @
Cpp "_L

5[ e - de- e da. {486y

[0}

The difference in permittivitics that appears in this cxpression is that between the
permittivity in fiber j and that of the surrounding medium, namely the cladding of the
fiber. Because coupling is limited to the same modes p. there is no strict necessity Lo
retain the subscripts p. (I we restrict our attention to single-mode optical fiber, which
is the case under consideration, then there are no other modes anyway.) The superscripts

can-be moved down and become subscripts, and the result of this notational shift is




da; .
Z s :
sek

This is the key result of Snyder’s work, and it is used in Chapter III for the analysis-ol

2x2 and 3%3 optical tiber couplers in optical fiber interferometers.
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APPENDIX.C. AN ANALOG INTERFEROMETRIC SIMULATOR

In this appendix, we describe-an analog-electronic-simulator which can be used to-
generate a facsimile of onc ol the outputs of-an optical tiber interferometric sensor. The
idea for this simulator came from Tveten er al. [Ref. 21]. The implementation
in this appendix is based very closely on one designed by Litton Industrics. A block
diagram for the simulator is shown-in Eigure 72. A schematic diagram for the simulator

is-shown in-Figure 73.

A. CIRCUIT DESCRIPTION

The heart of the circuit is integrated circuit U2, which is an Analog Devices AD639
Universal Trigonometric Function Converter. Itis configured in the simulator to furnish
the sine of its input. An.input of 1 Vis treated-as the equivalent of a 50° angle. To put
this-another way. the input scale factor of -the AD639 is 50°/V = 0873 rad/V. It is
‘somewhat more convenient in interferometric work that:the simulator have a scale factor
which is an integral number ol radians per volt, and 1 radfV is the number which was
chosen by Litton’s designer. To obtain this scale lactor we must multiply the-inputs by
gain 1/0.873 = 1.15.

An approximation to this necessary gain-is provided by operational amplificr U1B-
to the main inpuis to the simulator, marked SENSOR 1 and SENSOR 2. The choice of
resistors R,, R,, and R,, shown in the schematic drawing actually provides a gain of
5.6 kQ/5.1 kQ = 1.10, a littlc less than the level nceded. With these values, we can

predict that the scale factor will be

(»5.6 kQ\(50° \( = rad - 958 'mrad. (488)
51 kQ)\ V )\ 180° \Y

The simulators we used averaged 918 mrad/V. The measurements on which we based

this conclusion will be given later in this appendix.
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Figure 72 Block diagram of the Analog Interferometric Simulator.

Typically, one generates a test signal by applvmq a sinc wave to one of the two
sensor inputs and leaves the other one unconnected. Ifbothi inputs are used, their 2ffects
are additive, for applving a voltage to either input generates a current through either R,
or R, and these currents are added at the virtual ground of operational ampiifier U1B.

A third current input also is added in at this node. It is a “static phase”
contribution dictated by the setting of potentiometer R16. The name was chosen by
analogy with the static phase contribution in a real optical fiber interferometric sensor,
which is caused by variations in tcmperature, pressure, and other factors. The difference
is that the static phase in a real interfcrometer tends to drift with time, but the setting
of the potentiometer in the s:mulator is generally set at a desired position and left there.
The size of the resistors R, and R, was l .5 kQ in the Litton design; we reduced them to

250 Q in order to increase the range over which the static phase might be varied. This
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Fi’gure;73 Schematic drawing-of the Analog Interferometric Simulator.

static voltage can range between —10 V and +10 V with these smaller resistors. The DC
gain ofthe summing amplifier for this input is 5.6 kQ/(10°kQ + 10 kQ) = 0.28. Thus the
output from the summing amplifier can vary between —2.8 V and +2.8 V due to changes
in -the setting of the static ohase potentiometer. These extremes correspond- to

+(2.8 V)(50°/V) = =140° = =2.44 rad adjustment in the static phase. This level-of




variability is--sulticient to permit three simulators to provide three lacsimiles of an
interferometric output. cach onc-separated by 120° in phase {rom the next. With 1.5 kQ
resistors for R, and R;, the voltage {rom the potentiometer is limited to £3.75 V. which
leads to =1.05 V from the ampliticr U1B, or 2£52.5°, which is sulficient to provide two
interferometric outputs 90° from cach other. but not three outputs 120° from cach
other.

The other signal input to the simulator is the one marked PZT MOD on the
schematic. This input is applied to operational amplifier UTA. which is configured to
provide a non-inverting.gain ol (1+ (750 Q/1.5 kQ))=1.15. This, of course. is the gain
we computed above to convert 1V to the equivalent of a | rad input to the AD639.
This signal is then provided to pin 1 of the AD639.

The AD639 actually computes the tunction

w - pSndiXy) (489)
' sin(Y,-Y,)

when Z, (pin 13) and W (pin 14) are connected together. with Z, (pin 12) left grounded.
Because Y, (pin 7) is-connccted-to Vy, (pin-6) at 1.8 V and Y, (pin 8) is grounded. the
denominator in Equation (489) is 1. Input U, (pin 3) receives a variable voltage
depending -on the setting of potentiometer R,,. and input U, is grounded. so this
potentiometer functions as an amplitude control for the interferometric simulation. If the
final input-to the simulator. the.one marked AM, is left open. then operational amplifier
U3A operates as a buffer of gain one, so the maximum voltage on the potentiometer R,
then is fixed and equal-to the 1.8V supplied by V,, (pin 6).

If the AM input is not left open, then U3A no longer functions as a unity-gain

buffer. Instead, it operates on-the reference voltage Vy (pin 6) with gain 1+R,,/R;; =
1.18 and it operates on the AM input with gain —R,,/R;; = —0.18. Thus. with the AM

input in-use, the signal applied to potentiometer R,; is




1.18V,-0:18V,,, = 2.12-0.18V,,,. (490)

We-can intérpret this to mean that a 1 V change in V,, induces a —0.18/2.12 = =8.5%
change in the voltage applied to resistor R, which, recall. -is the maximum voltage
o livered by the AD639.

The output of the AD63Y is buffered by operational amplitier U3B, whose purpose
is to providé current drive capability to the simulator. A 47 Q resistor R,s provides
roughly a- 50°Q output -impedance to the circuit, 10 make it compatible with standard

instrumentation interlaces.

B. MEASUREMENT OF THE SCALE FACTOR

The easiest way to-measure the-phase shift-in an interferometric output is to apply
two of them to the X and Y inputs of an oscilloscope. The resultant waveform is-an
elliptical Lissajous figurc whose aspect ratio is determined by the phase shilt between the
two-outputs. For 120° phasc shift. the-major axis is inclined.along the 135°/—45° axis.

Wheén more than =# rad ol phasc shift is present. the cllipse is-closed because
sin(x) retraces itsell it v spans at least 2w rad. The ellipse is open with less phase shilt
than- this present. By noting how many volts we must .apply to the inputs of the
simulators to achieve an integral number of closures of the-cllipse, we can casily-obtain
the scale factor of the simulator.

If we average the three slopes shown in the table, we lind that the average scale
factor is 918+4 mrad/V. which is the value we use in the rest of this dissertation when
inferring the phase shift generated by the Analog Interferometric Simulators-for a given
input voltage.

The simulators proved very helpful to us before we had a real interferometer
available. Generally spcaking. il one’s interest is confined to demodulators. the
simulators are a satisfactory substitute for an interferometric sourcc of signals only if
phase shifts below around *2 rad arc required. The AD639 cannot gcneralé phase shifts
beyond this level. For measuring demodulator noise, however, where signals of small

amplitude are desired anyway, the simulators are very helpful, particularly since, by




Table XLI Measurements to determine the scale factor of the three Analog
Interferometric Simulators we used.

Simulator Number of | Phase Required l.cum-s.quarcs fi
# | Cosures | Shin | Joew and — )
B : Voltage _correlation cocefficient r. )
0 0 oV A
(92522 mrad/V) Vi +(—4210 mrad) .
1 1 . KRR .
= B r = 0.99997
2 2 619V
0 0 0V
- — (921.3 mrad/V) V),
2 1 T 4tV
- - : r =1 exactly
X r 682V :
0 0 0
- (906.720.8 mrad/V) V. + (223 mrad)
3 1 T q6V
i r = 0.9999997
2 2w 693 V

varying the static phase.adjustment. the even harmonics of the fundamental frequency

, can be eliminated from the output.




APPENDIX D. A DIGITAL INTERFEROMETRIC SIMULATOR

In this appendix we describe briefly a new simulator of interferometric outputs. We
developed this simulator in order to make interferometric signals available to a fringe-rate
demodulator before we had built a real optical. fiber interferometric sensor.  This
simulator outputs an-in-phasc and quadrature signal (separated by 90°, not 120°), and
the waveforms are squarc pulses, not smoothly-rounded waves of the sort emitted by real
interferometers. For a fringe-rate demodulator, this is not a limitation, since it only
responds to transitions-of its‘input (the interterometric output) lhrough Z€ro anyway.

Crooker [Rel. 10, p. 45]-also used-a simulator to produce square-waves, 90° apart
in-phase. Hers was.based on the-use of-a-pendulum and an-optical shaft encoder. Her
dcsigdwasflimited to-frequencies of one or two hertz, but could generate phase shitts of
-up to 100.or so-radians. To get large phase shifts with this apparatus requires large
displacements of the pendulum. The motion of a-pendulum only approximates simple
harmonic motion when the angle of displacement is very small. For large displacements,
the motion becomes more complex. even-chaotic. Non-linearitics are introduced-into the
phase shift-under these circumstances. A phasc shift which is lincar with the amplitude
of the stimulus is a much more desirable characteristic ol-a simulator. since real-sensors
are designed to produce. a lincarly increasing phase shift with-increasing amplitude of the
signal of interest.

The alternative we describe here uses digital logic to produce the same etfect.
Central toits operation is a voltage controlled oscillator (VCO) whose output frequency
is proportional to the input voltage. Figure 74 shows a block diagram of the simulator.
The derivative of the signal of interest is proportional to the rate of change of the desired
output phase shift. However, an interferometric output-is thc same whether the signal
of interest is rising or falling. so we use an absolute value circuit removes the information
about the direction of change. This information is required later in the circuit, however,

in order to allow the digital quadrature pulse generator to decide whether the Q output
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Signum ~Lead/Lag Signal

— o) l

3 ' ] Digital
_d || | Absolute| - . Quadrature e
‘ | Generator

Signal
of
. Interest

~Fii'giire 74 Block-diagram ol a,bigital Quadrature Phase Modulation Simulator.

should lead the [ output or vice versa. Consequently a signum -circuit outputs a TRUE
signal-level when-the-derivative-is positive and a FALSE signal when it is:negative.

The fixed offset shown in-the figure must only be added in if the VCO (such as the
EXAR XR2206 that we used) requires unipolar inputs. Adding in this offset ensures that
this is-the case. The output of the VCO thus has a high trequency when the signal-of
interest is-rising or falling through zero, and.it has a low frequency when the signal of
interest reaches-an:extremum. An optical fiber interferometric sensor terminated with
a 2X2 optical tiber-coupler produces an output whose frequency varies-in-this manner.
100.

The dféftal quadrature pulse generator uses-the frequency output of the VCO and
the lead/lag information from the signum circuit to create two square pulse trains, / (in-
‘phase) and Q (quadrature). [ leads Q (that is, changes from-high-to low. or vice versa
before Q changes).when the lead/lag signal is TRUE and-it lags Q otherwise.

Not shown.in the block diagram, but present in our implementation of it was some
level-shifting and butftering circuitry following the digital quadrature pulse generator.
Since its presence is not essential to understanding the technique. it is omitted in-our

discussions here.
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While we shall not detail the -implementation of the-DQPMS, we shall show the
logic of the digital quadrature pulsc-generator. This circuit was implemented with an
Altera EP310-Erasable Programmable Logic Device (EPLD). Internally, the previous
state of the I-and Q outpulsw;/a's preserved in atlip-flop. When the current state of the
lead/lag signal also is prescnt, this is enough information to gencrate-the next / and Q

data. Figure 75 shows a Karnaugh map for the-generation ol / and Q.

LEADILAG oy Qo  LEADILAG

Ioo Qo © 1 0 I

0 o [ o | 1 0 0 ! 0

o 1 | | o 0 1 1] oo

1 S T B Rt 0 | 1

1 o | o | 1 10 0o | 1
I Q

Figﬁufe 75 Kafﬁéugh map-ol I()gic'ncédcd to generate in-phasc / and quadrature-Q data
for the Digital'Quadraturc Phase Shift Modulator.

For example, supposc / presently leads Q and the old values ol Land Q were 0 and
1 respectively. The LEAD/LAG signal was- 1 before. If-it stays at this level, then Q'must
follow I to 0 before anything clsc happens. We see in the Karnaugh map that the new
outputs are I=0-and Q=0. But if the LEAD/LAG signal switches to 1. then / should
follow Q now. We see in the Karnaugh map that the new outputs are /=1 and Q=1.

The other values in the map were completed in the same way. Two logical

equations describing the outputs arc
1=1L®Q and Q=LLOI (491)

The DQPMS is a- useful simulator for testing fringe-ratc demodulation schemes.
It is not suitable for testing other demodulators bccause its outputs arc square, not

smooth. However. it is a very simple circuit and provides a much larger range of
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frequencies of the signal-of interest than were feasible with Crooker’s pendulum-based.

simulator.




A U O s T I T

APPENDIX E. BEHAVIOR OF THE BESSEL FUNCTION

In:this appendix, we-presént graphs which give some intuitive-grasp of the Bessel
function J,(4). ‘Since the interferometric -output resulting when a simple sinusoidal
stimulus impinges:on.an optical tiber interferometric sensor can be-cxpressed as a Fourier

series whose coefficients;arc Bessel-functions,:it-is useful to develop some feeling for how

:they vary with k and-A.

-Generally speaking, the-Bessel tunctions-are significant:in magnitudc only lor values
of k less than A. As A .incrcases, this implies- that there arc more and morc Bessel
function coefficients-which matter. In other-words, there are more and-more harmonics

of the fundamental:frequency: coniai_hedtin:tﬁgime(ferome’tric output, In-deciding-how

‘much bandwidth is..required within a demodufator, then. a choice of Ay and fyge

dictates the highest signilicant [requency .components present in -the interferometric

output.

For example, -ii 4 were 100rad at most. and [ werc 200 Hz at most. then

frequencies which'were integral-multiples of the-fundamental [requency ar 200 Hz would

‘be present, -up to-around 200x100=20 kHz.
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Figure 76 The Bessel functions J,(10) and J,(50) as functions of n.
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Figuré 77 The Bessel functions J,(90) and J,(100).as tunctions of n. -
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Bessel Function with an Argument of 150
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Figure 78 The Bessel tunctions J;(ISO) and J,(200) as functions of ».
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APPENDIX F. NOISE ANALYSIS, SYMMETRIC ANALOG DEMODULATOR

In this appendix, we present a detailed analysis of the noise levels within the
Symmetric Analog-Demodulator and at its outputs. The noisc sources are assumed 10
be Gaussian. Johnson (thermal) noise from resistors and shot noise from diodes are
assumed to be white noisc overthe frequencies of interest. The noise sources associated
with-integrated circuits arc gencrally not white. The specifications. ol some such circuits
provide graphs, giving the noise-spectral density over a continuous range ol frequencies.
Those for other circuits quote the noise spectral dcnsity at discrete trequencies, usually
frequencies which are integral powers-of 10. The-operation of the demodulator itself
changes what white noise therc is according to the characteristics of the transfer functions
which it comprises. For cxample, ‘white noisc is converted to “pink” noisc (in which
ower frequencies-are enhanced and higher frequencies are attenuated) upon passing
through an integrator.

The reader should refer to the schematic diagram-of the Symmctric'Analog
Demodulator-on page 134 for a complete view of the demodulator. However. we shall
show each stage separatcly as we conduct the analysis. In the lollowing sections. we
perform general algebraic analyses of the noise performance of each of the various
classes of circuits'which exist-in the Symmetric-Analog Demodulator. Alter collecting the
results, we apply them to the Symmetric Analog Demodulator specitically by replacing the
alzebraic symbols with actual values.

‘A brief explanation ol our method ol analysis generally is in order here. To avoid
the cumbersome expressions associated -with working with the integro-ditterential
cquations by which lumped-parameter circuits may be modelled, we work in the Laplace
rransform domain, the s-domain. We shall only work with resistances and capacitances.
To find the quantity in the Laplace domain which is analogous Lo a resistance R we can

take the Laplace transtorm of the implicit definition of R given by v(1)=i(t)R:
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L] = Vs) = LiOR] = fofi(z)xe-“d: = RI(s). (492)

We see that in the Laplace-domain, R is detined implicitly by the equally simple relation.
R=V{(s)/I(s).

Similarly, we can obtain the quantity in the Laplace domain which is.analogous to
a capacitance C by taking the Laplace transform of the cquation which defines a

capacitor:
i(t) = d_l(i). . (493)
’ dt
The-Laplace transform F(s)-of a wave form f{1) is defined by

= ["Re-: 494
Fs) = [ e =at. (494)
Applying this definition to-the definition of i(1) we find
= Y[ = [ M -t 495
I(s) = 4li®] fo c= et (495)
This- expression can be integrated by parts if we let
i ' p=e™ and dq =%dt =dw(r). (496)

Differentiating p and integrating dg viclds

T - dp = -se™dt and q = W1). H97)

- So we-find




R W 5

16) = pq-{ adp

= c[v(z)e'“:;+sfo"v(t)e-“az] (498)

= C[W(0)+sV(s)].

Ultimately our intcrest is in steady-state solutions, ie., in the Fourier-transtormed

variables. Thesc are obtained by assuming all effects-due o the initial conditions v(0)

eventually die away, and by replacing the complex Laplace variable s by the purely
imaginary frequency jw=j2%f. For now, we'shall retain the variablc s and drop the initial
conditions. If we then take the ratio:-of ¥(s) to I(s), we-obtain
Ye) . 1 (499)
I(s) sC
7 ‘So-far, we-have been-careful to-use lower case letters to-signify variables of time
t-and upper case Tetters to signify variables of the complex {requency s. From here-on,
we shall-not maintain this.distinction. All of our émalySis will be in the Laplace domain
s ot in- the ‘Fouricr domain s=jw. so-we shall teel frec to use lower case letters.-for
Avaria’blesfintfthese-d()mains.

We also-shall usually -assume that the operational amplitiers arc ideal. An ideal.

T operational amplifier has infinite input impedance, zero- output impedance, and has

infinite gain, As a result. it-will draw no current; will supply as much current as required.

and keep‘sib(),thit,s;inpulsrat the same-voltage by the operation ol negative feedback. The
é,ssumpt‘;éﬁidf. infinite gain is fairly accurate at the low frequencies conside-ed. in: this
-dissertation, Ih‘rez}lity, the gain is-on:the order of several hundred-thousand or so, and
‘begins to-decline atthe fute of 20-dB:per decade increusc in frequeiicy at frequencies
above 10-Hz of so: The decline increases at even-higher ‘frequencies, on the order of
500 kHz to.a few MHz

Several.times in this appendix, these simplifying assumptions:do nol make obvious

the vutput -of a circuit. "When this occurs, we shall call the gain of «he operational




amplifier 4, ignoring ts ltaquency dependence. and we shall express the amplifier’s

output-as . .
Vour = AV*-V") (500)

where. V7 is the-voltage applicd-to the non-inverting terminal of the operational amplifier
and:V~ is the voltage-applicd to its inverting terminal. When we have linished doing this,

we shall always let 4 be very-large. and it invariably-vanishes [rom the results.

A. RECEIVERS WITH LOWPASS FILTERING-

In Figure 79 is a schematic- drawing ol a receiver consisting-of a photodiode with-
a transimpedance amplificr -built around an operational amplifier. Together, they
constitute a recciver. with a lowpass charactcristic. There are two-noise voltage sources
.and two-noise current sources in inis figure.

The source i1 is a noise current due-to shot noise in the photodiode of-thereceiver
(we neglect additional effects-due to dark curr'cnt). Its current spectral density -is_given

by’
it = /2ql. (501)

In this expressiof, / is the current flowing-through the diode, the current which gives rise
to the shot noise in the first place. and ¢=1.602x10"" C is the charge on an clectron,
The:current I can be expressed in_terms of the responsivity & of the photodiode, given
in units of amperes per watt of incident optical power (A/W), and the incident optical

power: P; given in-units of watts (W). So we can rewrite Equation (501) as

The noise source i,' models the current noise at the inputs of the operational
amplifier. We show it as acting at the inverting input.
The voltage noise source z,* models the voltage noise at the inputs of the

operational amplifier. We show it as acting at the non-inverting input.
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Figure 79 General schematic of an optical receiver using a photodiode and a
transimpedance amplifier with lowpass filtering. ’
The voltage noise source ¢;" is-due to the Johnson (thermal) noise of resistor R.

It-has noise voltage spectral density

ek = JakTR. (503)

The constant & is Boltzmann’s constant, 1.381%107% joules per kelvin (J/K). The
temperature 7 is measured in kelvins and we shall take it as 300 K throughout this
appendix. The resistance R.is measured in ohms (£2).

We shall perform- the analy:is in this and all subsequent sections by suppressing
every source but one, dcducing the output voltage spectral density e,' due to the
remaining source, and summing all-these individual contributions as the square root ot

the sum of the squares of the individual contributions. This is appropriate if we assume

all the noise sources are independent of each other and that the noise spectral density

is the standard deviation. (square root of the variance) of the underlying probability

distribution function. for the variance of the sum of uncorrelated random variables is the

sum of their individual variances.

(¥%)
—
(W)




That is, if the kth of n random variables has variance ¢,°. then the variance o of the

sum of all'n random variables-is

=Y d (504)

The standard deviation ol the sum of the random variables is just the square root of this
sum. (This is not the same as-the standard deviation of a sampling from a single random-
variable.)

If we take the shot noise current source first. then wessee that.for an operational
amplifier with very large input impedance, essentially all the noise current [lows through
the feedback network consisting of resistor R in parallel-with capacitor C. Since the
operational-amplifier is in an-inverting configuration, it attempts to keep the inverting
terminal and the non-inverting terminal at the same voltage. With the amplifier’s noise
voltage source-e,! suppressed. this voltage is zero. Therefore the shot noise contribution

to.the output noise is

el = -(Rli-;la)i: - -(]—%e)i: j(“fCR)\/W. (505)
Note that-while we retain the negative sign here. it will be of no account when we square
this noise term in computing the overall output noise duc to all the noise sources.
Next we consider the noise due to the amplifier’s voltage noisc source acting alonc.
Since there is now no current available o flow through the fecdback network. the voltage
at the inverting terminal and the output terminal must be identical, and since the
inverting and non-in;verling terminals are held at cssentially the same voltages by the

amplifier, the output noisc spectral density is

el = el (506)

For the operational amplifics  .visc current source acting alone, all the current
must -pass through the feedbacn. . twork. Since the voltage at both input terminals of

the operational amplificr arc held cqual to cach other at 0 V, the outpul noise spectral
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Figure-80 Noise from the transimpedance amplifier considering just the thermal noise
from the. feedback resistor.

density from this contribution is

el = (Rllé)iz - A (507)
There is no negative sign here, as there was when- the signal source provided a noise
current, by virtue of our -definition of the direction of noise current flow. Again,
however, the later squaring-of this contribution would eliminate a negative sign resulting
from a different choice of current direction.

Finally we consider the noise due to resistor R acting alone. To do this analysis,
we shall -redraw. the schematic as in Figure 80 with just this source acting.

Here we have interchanged the positions of the resistor and its voltage source to
make it clear that the resistor and capacitor torm a voltage divider. The output noise-

voltage spectral density is thus given by




- e;_

0‘ 1 \
(R+EE), (508)

1+ _ J4KTR
CR =

1+sCR 1+sCR’

When we add the cltects ol all four independent noise.sources together, we-get the

total output-noise voltage spectral density

(509)

" -
R )+ef2 +_ KR _

= P+t - S
(24%P+i, )(1 +sCR (1+sCRY?

B. INVERTING SCALING-ADDERS

In Figure 81 is a gencralized summing-amplitier with s anputs.  As before; we shall
consider the etfects of cach noisc source in isolation. Notc -that the resistance of the
source-of input k is assumed to be negligible. However. if this assumption were wrong,
it could be-lumped in with R, in-.computing transter functions (although not in computing
the thermal noise attributable to R, itself.)

The noise due to source k is amplified by the teedback resistance R, divided by the
input resistance R,. The sum of all such contributions is

R 2
fes] . (510)
k=1

When only the amplifier’s current noisc source is present, there is no voltage

across-any of the input resistors R, because both inputs of the operational amplifier arc
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Figure 81 Schematic drawing of 2 summing amplifier with-noise sources included.

held at.zero by thé amplifier’s leedback. Thus all the noise current flows through the

feedback resistor and the contribution-to the output noise voltage spectral density is

e =R i (511)

When only the amplifier’s input voltage noise is present, the ampilifier is contigured
as a non-inverting -amplificr. The input resistance then is the parallel combination of all

n input resistors. The contribution to the output noise is then

(512}

N e
We have used herc a shorthand notation for the parallel combination of all n input

resistors, namely




n B
Ry IR, (513)

Tt-is common.to take:all the input-resistances as equal to each other and to the value R.

‘We shall .do this in all applications of -this analysis, so the parallel resistancé -reduces

simply-to R/n and-we can rewrite the-noise contribution more simply as

e = l (1+_’1.R2)efr (514)
0y - R n

When. only the thermal noisc due to- the input resistors is present, that noise is

-amplified in the same manner as the source noise voltage, giving

n R 2 n
€, = JE—4k7R,;(;f) = |4kTR}E L (515)
k=1 \

k k=1 Rk

If, as before, we let R,=R lor all &, then this can be simplificd to

el =, ' AkTR 2. (516)
< NTR

The final contribution Lo the output noise comes {rom the-lcedback resistor. No
current flows through the [eedback network. so this noise contribution-is fclt directly at

the output:
t
e}, = JAFIR, (517)

Summing all five contributions to the noise as the square root of the sum of squares

yields




{RY2 . | nR nR) . (518)
1.0 12 1 - f fit
1==21 ), e +R, i) +4kTR, | 1+—= |+{l 1+—=le,| .
A (R) 1;1' =St (’f ") f“( R ] [[ R )e"J

C. INVERTING SCALING ADDERS WITH LOWPASS FILTERING

InFigure 82 is a schematic drawing very similar to-the one discussed in the previous.
section. This one has a capacitor in parallel with the feedback capacitor, however. Its
function is to provide. lowpass filtering. A development similar-to those in the previous
two sections. allows us to write the [ollowing.expression for the output-noise ol this-circuit

by inspection:

[POPS— . - ————

'3

It R V& s( R N nR nR
Hots| Tl —L= if| +4kTR, |1+ —L— +[ 1s——> ot
\R(1+sCR)) i 1+sCR, R(1+sCRf'),2, [ R(1+sCR):

(519).

D. DIFFERENTIATORS AND INTEGRATORS

The circuit we shall use both:for ditferentiation and-integration was discussed in an
earlier appendix. It is reproduced in Figure 83 with noise sources shown. We shall
commence our analysis by delining twofunctions which-will-be uscful'in the-course of the
analysis. The first of thescis the same transter tunction we derived earlier tor-the entire

sub-circujt.. It is

R2"% (1+SRC% ) sC
Hs) = 2 = oK) = 7 i . (52¢)
R, +_1_ » 1+sC\R, (1+sC,R))(1+sC,R,)
SCl sCl

The second transfer function.is just the parallel combination of R, and C:
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TR (521)
) = kI, * Tacw, ¢

The noise:e,! from the input and that-from the input resistor R, both are amplified

by the-transfer tunction H,(s). Thus their contributions to the noise are

e, = Hs)e! (522)
and
eZz = \/Ik_TRlH (9)- (523)
respectively.

The noise source ¢’ is-amplificd by a non-inverting conliguration ol an amplifier,

and so the resultant contribution at the output.is

e, = |1 +'1=!1»(Lc))e,f]2 : (524)

As we have scen in the last-three sections, the noisc from the feedback resistor R,

shows up at the output without amplification:

e, = kIR, (525)

The remaining contribution to the output noise is due to the operational amplifier’s
input current noisc, £,'. When this is the sole source of noise. the inputs to the
operational amplifier both arc zero, so no current flows through the input network
consisting of R, and C,. All the-noisc current flows through the:teedback network and

this.network has-the torward transter function H,(s), so the contribution due to the noise

current source is
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Figure 82 Schematic diagram ol a scaling inverting adder with lowpass filtering.

e, = iH,(s). (526)

o

When we sum-all tive of these uncorrelated noise contributions. we find the output

noise voltage spectral density is

el = J(H,s)el) +akTR HEs) (1 + B (s))eT +4kTR, (B} (527)

(57 ]
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Figure 83: Schematic drawing of the standard circuit we use tor differentiation and
integration-with noise sourccs shown.

E. INTEGRATORS WITH TEE-NETWORKS IN THE FEEDBACK

The output noise derived in the last section applies to integrators with a simple
resistor in-the feedback, as shown in Figure 83. In order to-get a low-frequency cut-off
characteristic, however, we often would rather use a Tee-rietwork in the feedback. as
shown in-an earlier appendix. in order to get large values of cflective teedback.resistance
without having to use other than off-the-shelf resistor values. This more elaborate
version of the integrator is illustrated in Figure 84.

Two extra noise voltage spectral densities, e,' and e,,"ﬁ are shown in the diagram.
These are not sources; rather, they are the spectral densities present at the nodes shown
by the arrows.

When R,=R;=R»R;, then the feedback resistance is approximately R’/R,. Thus we

can modify the transfer function H,(s} of the last section to

(&3
18]
i




7-Figu’r:e 84 Schfématic of an integrator with a Tée-network 7in:7thé teedback and-with.all

noise sources shown.

R.R,
) R4
RRs, 1 |1 B . BR, (528)
2 R, sC, R, ) 'R,
ls = - = : = .
Rx"'_l' 1+sCRy (L+sC R}l 1+sC, R:RS
‘:scl sC, v " R,

Similarly, we can modify H.(s) of the last section to

(9]
N
w




i
Hz(s)=v(R2R’)=‘ N T, (529y
R JsC, | RE,

4

The noise-contritiutions trom-the source signal and the input resistors are still given

byiEqﬁations (522)-and-(523). but ol course-these change-upon expansion. We shall-not

perform the expansions. preferring to substitute numerical values for H,(s) later.

Similarly, the contribution to the noisc-at the output-duc to-the input voltage noise
spectral density e,F-ol the operational amplitier still is given by Equation:(524), (526) and
the contribution due to the input current spectral density £,! is still given by Equa-
tion-(527).

A difference arises. however, -in. considering the thermal noise in the feedback
network. To analyze this. we shall make explicit use ol the gain A of the operational
amplifier. Upon completion of the necessary algebraic manipuiations. we shall usc the
knowledge that A is-very large to simplily the results.

First we consider ihe thermal noise g, from resistor R,.  The voltage spectral
density-e,* at the inverting input of' the operational amplifier induces a-current i, -noise

through resistor R; and capacitor C;:

t
iFa_% . sCieu (530,
' d
R+ 1 1+sC\R,
sC,

The potential difference between the output noise voltage spectral density ¢,f and

that at the inverting input also induces a noisc current i,' through the feedback capacitor
Cs




-
T8

sl

[

= 22 < f{ad)be, = (el
&3

We have taken the-direction of each of these currents to-be away from the inverting

(531)

terminalof their operational amplifier. So their sum must flow into that terminal through

the Tee-network. Calling this current i,f, we have

+(1+A)sCz]< (532)

1 +sC,i\’l

This current induces a voltage noise spectraL&.;snty across:resistor R, which, when added

to.the-thermal noisc spectral density-caused by R,:gives the voltage noise spectral density

. ¢! atsthe junction of the- Tee-network:

,eZ e ”11(2"'9}&2 {1+R2[ o +(1 +A)SC} e +eR2 (533)
1

Note -that since the only random signal present here is due to-.ic thermal noise ig,'.

these spectral densitics add directly, not as-the square root of th¢ sum ol squares, which

‘would be the-case lor uncorrclated noise sources acting in-concert.

Knowing -the voltage spectral:density at the junction permits calculation of the

currenf noise spectral density it down through resistor R;:

f
e
+(1 +A)SC] e +7:-’. (534)

) I sC,
Iy = — = —A{l+
* R, R R21+scn 3

%"

The current noise spectral density i;' flowing through resistor R; into-the junction

of ‘the Tee-is given by
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t

v+ [ sCy \ sC. er 5

= i = [y T (539)
|+sC R, . * R, R4(1 sC,R,) R, |° R,

We -can calculate the output-noisc voltage spectral dénsity ¢,f from

el = e;f+i§R3 = <Ae!. (536)
So:
C
WA +(1+A)SC,R, +— SOk
1+sC,R, 13sC/R, v
-Ae] = R T (-x7)
: : R
C- C.R.R; "4
- +(1+A)SC R14_R_3+ IR?'Rq +(1+A)—-——-——s 28?';3
* R, R (1 +sC,R;) R,

‘Gathering the terms an ¢! on onc side and thal in ex’ on the other side. then

multiplying by —4 lets us write the contribution of the thermal noise of R, at the output

as
L |
el = - —t e},
4a CR2 -
| "1 1"(1+A)SC2R2+1 =R . 53)
1. sC.
R FIE S
{ - ‘

Now we divide ‘numerator an¢” denominator by A, let A tend to a large number, .and

neglect any numbers-in which 4 appears only as a denominator, obtaining
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o

t oL _ K e,
{1 +5C. R2+sC R, +s5- 2R2R3] 3

4

Inasmuch as R, and-R; both are. much smaller than-their product, we can further simplify
this‘to-

t . K& t

o 1 R (540)
=0

We now go through a.similar exercise to obtain the output noise contributed by the
thermal noise of-resistor R,. The development is the same-up until Equation (533)..which

must -be modified* becausc the noisc source now is-in-the stem of the Tee.

C' .
e) = el+ilR, [1+ ks *(1 +A)sC2R2]eI. (541)

1+sC\R,

The current noisc spectral density down through R must be

L2 a(1+4)—22 (542)
R R,(1+sC R) R,

1-
+_ €7eR, |1 sC\R, sC,R, .t
: R,

The:current noise spectral density lowing left through R, toward the junction of the Tec

then is

if = ij+i -[ +(1+A)sC, L, SOk —— 2 __i(1+4) 2R2} R - (543)
: 4

+sC,Rl R, R(1+sC/R,) R,

e
The contribution of the thermal noise voltage spectral density eg,' of resistor R, to the

output voltage noise spectral density is
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o
|

= -Ae = eb+t5R

1. Gk, H(1+4)sC, R, +—C1F
PR S +
1+sCR, Rt 13 sCR, (544)

R, SCRR, . SC,R.R, A
+(1+ = (44—
_ (LsCRs 7. R, Ry1+sC/R) (1) 'R,

As_before, we gather the terms in ¢, on the left side. that in et on the right,

multiply by —A and rearrange the -cquation to obtain

&
et = e .. R, el
“ CRz SCR, ]
1+4 (1 +A)SC,R, + it x (545
[P A Tk AR ey (545)

1.1 S 1R°R3 CRRy |
| (1+A)sC,R, 7{ R{1+C,Ry) LA~ R,

Once more, we divide numerator and denominator by 4. and thep-negiect any term

ir which-4 only appears in the denominator. This yields the approximation
R el
4 (546)
(1 +sC,R, +sC.,Rq +sC, RZRG)

4

1.

Oah

We can also neglect the terms in R, and R;.individually. since their product is so much

larger, and this gives-the linal-approximation

B

. :

Oas er, 547)

R{l +sC, RZRG] (
R,

The final contribution to the output noise voitage spectral density with which we

must grapple is-that from the thermal noisc ol R;. The analysis is the same as that for
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the thermal noise {rom resistor R, down to Equation (541). The current i 7 is different,

however, since the noise source now is in the right-hand side of the top ol the Tee:

t )
L _1_+_._S€L+(]_+A)5C2£2_ e:_ (548)
R, R(I+sC/R) R,

The current noise speetral density it flowing left through resistor R, is
sC, sC
it = it =[ +(1+4)sC,+ -+ L T +(1+A)sC, =% RBle t o (549)
{ 1+sC\R, “ R, R(1+sCR) RA

Gathering like terms. multiplying by —A, and-rcarranging gives us

egk = -AeZ = e,f+i;‘R3+e};3
A
TR, “SC,R, L
1+4+———+(1~A4)sC,R, + ——— (550)
1+sC\R, (1-A)sCk, 1+sCiR,

+(1+A)sC,R; + R SOl +(1+A)5C,—=2 e
3 R R4(l+sC R) R,

Divic _ numerator and denominator by A and neglecting terms with 4 only in the

denominator, we tind

ef 1

04: R3 551
1+5C,R, +$C,Ry+sCy—— R2R3 G

4

We also can neglect the terms in R, and R, since their product is so much larger than-

cither of them individually:
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% 1
o, © R3 R,' (552)
1+sC,— R, )
4

We can combine all the contributions to-the output noise voltage spectral density

-as-the square root ol the sum of the squares ot each component:

Hl(s)(e ceq){(L+H @er] +Hir]
0= | (553)
= ( R2+eR‘) e
VL Rz | RRy
~ We-can expand this to cexplicitly give the thermal-noise duc to-the resistors:
[ Hielsakrr) -t «(H0i) |
| (554).

é: = : 1 R Rz
KR Hg(s)4k —+—'%+-—25—
V| R B RR,

F. ANALOG MULTIPLIERS

The analog multiplicrs we used produce a noisc voltage spectral density at the
-output which. is additional to that caused by multiplying the two inputs together. We shall
neglect this centribution at first and add it in later. The function performed by the

multiplication function is
Z = kXY (555)

where -k, is the scale factor (assumed to be-a constant) of the multiplier and X and Y arc

the random variables being multiplied. ‘We shall assume that the means of X and Y are
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Uy and py respectively, and that their variances are oy and o,". The expectation of the

output is
E[Z] = E[k,XY] = k,E[X]E[Y]. (556)

The separation of thc mean of the products into the product of the means is-valid it X

and Y are statistically independent of one another, which-we shall assume to be true. So
E[Z] = k,pupy = . (557)
Next we:compute the variance of the product. From the definition of the variance,
Varl2] = E{z-pf] = HZ'2uZ+uy] = EHZ-ui (558)
Expanding this, we-obtain
Var(Z] = E[GXY")-p7 = KyE[X7E[Y)-41. (559)

This separation, too. is justilied il the random variables are statistically independent.

Using the identity
B[] = VaiX}+EqX] = oyx+u; (60)
we can expand-this to
Valz) = o)oK
= Ky ox o+ Oxty+ oy by pxsy) (S61)
= k},{aia? a§p§+0§p§].
If the noise is small compared to the signal, then we can approximate this as
Vatz) = Efpiteuil) 62

Now that we have seen how the analysis proceeds with a simple multiplier, let us
turn our attention to a multiplier with differential inputs, like the Analog Devices ADS534.

It implements the [unction

(%)
(3]
(3]




Z = kUV-W) (563)

‘where we.assume ‘that the means. and variances are known, as before. First we shall

compute the mean-of this product.
#z = ElZ] = Bk, UV-W)
= k,(B[UV] 'E[UW]} . (564)

= ky{Byby— Byby)

We-used the statistical independence-of the three quantities U, V. and-W to convert the
mean of -the products from the product of the means.

Next we-compute the variance of the product,.Z.

Var(Z) = E[Z-p,f] = BZY-4;

i ki,{E{Usz-g Uvws Uzwzl-#fl "—‘f"'z/‘i} Byl [V"r'i; I‘::V}

(565)
¢ 2 Ny 2 2 2 2 2 2y 2 2
) \au“l‘u)(-av*l‘ )"2(011*/10)!‘vl‘w*(au"ﬂu)("w“#W)
ML, a2 2 2 '
~Uykyr2uyly By Byby
Multiplying this out and canceling:-cqual terms with opposite signs leaves
2 2 2 2y 2 2 5
or = Vi) = Bl il ifeioi).
Now we can add in the output noise which is specitied in-the data sheets:
T2 7. 3y 2. 2\ 2 567
Omo = \/ku[gu(ﬂv‘ﬂw)z‘*(#u*0u)(°v*°w)]"UM- (567)

In general, we can relate the noisc voltage spectral density e, of a random voltage

variable X to the variance o, of X by the equation

334




f_ % % (568)
7 B

Thus the output noise spectral density of Z s

569
eno = \/Tw[eu I‘V #w (l‘u*‘euB)(eV "ew ]+eM' (569
To get the output -noise spectral density of-a squaring device whose -function is

described by
Z =k, U* (570)

we shall use a slightly. different approach. We shall-assume that-the mean of U is zero.
as is the-case in thc:Symmectric Analog Demodulator at the input to the squaring circuit.

Taking U as U = p, z0,. we have

Z = kfpyt au kM(uUﬂoup vt ou) 71

2 el
ubux2ky 0yt y+ky Oy,

The first term in this result is what-we would expect the output to be if noise were not
present. ‘We shall .identify the second two terms as a rcasonable approximation to the

standard:deviation, that is.

\/4kullu‘7u MU:I' (572)
Because we have assume that the mean of U is zero, this can be simplitied to
0, = ”af, = kMe;zB. (573)

Expressing the output-as a voltage noise spectral density. and-including the noisc added

‘by the multiplier, we have the following expression for the cutput voltage noise spectral

density of a‘squaring device:




G. ANALOG DIVIDERS

1In general, a divider will provide some voltage spectral-noisc density-at-the output
in addition to that causcd by the operation ol division on the two -inputs. We shall
approximate.the standard deviation as follows.

The operation-we want to compute with-the divider is-

Z-k; (575)
where |
X = kE*¢1ay, (576). A
Y = k%o, (577 )

k = —;-\@khkzkukp, and (578)

k, = Bk ksk, . (579)

Recall that the delinitions ol k, and k, arose in the hody of the disscrtation in the

development of the symmetric demodulation algorithm. These constants depend on the

choice-of scaling constants at cach stage of the demodulator. v

We can write-the product, then, as roughly




{580)
_ ki’f!Ezf[lt 9x . 9 |
k2E2.'

= d’kz"EZ [ k’lEzg

In the last line, we have dropped the products of variances as they can be assumed to be

negligible. We therefore can approximate the standard deviation as

a,

) )
| ko a8 (581)
a2 Spps ¥ _
(LE) (kE)
Now we can-include the noise ol the divider itself. and-convert all the standard

deviations.into voltage noisc spectral densities:

i,
t (kdex

€y = \‘ szz

"

i Icrli-f'e"22 582
+[u YJ+en (582)

ér |

H. CALCULATING THE NOISE: RECEIVERS
To calculate the actual noise voltage spectral density output by the receivers, we
apply Equation (509). Since we-arc using Burr-Brown OPA-111s in the receivers, the

input noise voltage spectral density for the operational ampliticr is
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i40’ —nlfor =40 Hz; -
VHz
15 ¥ for /=100 Hz;
ol (583)
8 %for £=1 KHz; and
Hz
6 2¥_for f=10 kiz.

JHz

The noise current spectral-density-for this operational amplitier is given-as 500 aAV Hz.
Resistor R inthe equation is-resistor R,=R,=R;=64.9 kQin-the schematic drawing shown
in Figure 33-on page 133 and capacitor C:in the equation-is-capacitor C,=C,=C,=10pF
in the schematic. We shall-take the responsivity #=370-mA/W. and the. optical power
P=150-uW. The optical power used here is an average value around which the

instantaneous.power fluctuates. We find that

52 —n;for f=10 Hz;

vHz
36 1Y for f=100 Hz; .
SR B 7 (584)
REC nv .

34 ——for f=1 kHz; and

VHZ |
33 Y for f=10 kHz. ?
L \’Hz g

The capacitors have no appreciable effect on the noise at these low frequencies. We
ignored the fluctuations in power around the central value D=P. This proved reasonable,
for the noise was totally dominated by the contributions from the input noise voltage
spectral density of the operational amplifier and the thermal noise voltage spectral density

from-the feedback resistor. The shot noise and the-noise from the input noise current

spectral density of the opcerational amplifier were entircly negligible.




1.  CALCULATING THE NOISE: SUMMING AMPLIFIER U4A

To calculate the actual noise voltage spectral density output by integrated circuit
U4A in.the Symmetric Analog Demodulator. we-apply Equation (519). The feedback
resistor Ry in the equation is resistor R,=34.8 k2 in the schematic. The input resistors
whose magnitude is R in-the cquation are R,=R;=K,=102 kQ in the schematic. We 7
switched to using Analog- Devices AD712s for all the sub-circuits except the receivers.

These devices have a specitied noisce voltage spectral-density at their inputs of

45 ™Y for f=40 Hz;
- VHz
122 Y for =100 Hz;
t.]  WHz (585)
18 Y for f=1 kHz; and
JHz

116 Y for =10 KHz.
vHz

Their noise current spectral-density is specified-as 10 TAWHz at 1 kHz: no data is given
for other frequencics. so we shall apply this same specilication at cach of the four
frequencies we use in our calculations. Using the results already found [or the noise from

the receivers in Equation (584), we find’

56 Y for £-10 Hz;
=

22 Y for 2100 Hz;

e T VR (586)

€uss =
{18 ™Y for f=1 kHz; and
JHz

16 ™Y for £=10 kHz.
S

The noise from this circuit was cntirely dominated by the input noisc voltage
spectral density of the AD712 operational amplilicr: all-other sources were negligible by

comparison.




J.  CALCULATING THE NOISE: SUBTRACTORS US5A, U6A, UTA-

To calculate the actual noise voltage spectral density output by integrated circuits
U5A, U6A, and U7A in-the Symmetric Analog Demodulator, we apply Equation (518).
(Recail that the purpose of these four sub-circuits is to remove the offset D from the
interferometric outputs:) The teedback resistor R, in the equation is ¢qual-to resistors
R,-‘,=R,,iR,6='51.l kQ in the schematic diagram. The input-resistors R,, in the cquation
-are all the-same; in the schematic they are Ry, Ky, R,;, R;s, R;,, and R,s. with the value
13.7 k). We still are using the AD712 here, with values for input noise voltage and
current given above. The inputs come [rom-one of the receivers and from the summing:
amplifier U4A. The results-of the computations are

o
480 ™Y for £=10 Hz;
1

’w»v] 260 ¥ for f=100 Hz;

et =1 | (587)
. | 230 —=for f=1 KHz; and
) | VR

nV
210 —for f=10 kHz.

As'in the previous sub-circuits considered. most of the noise was contributed by the
operational amplifier’s-voltage noisc input. The next largest contributors were the noisc
from the previous stages and the thermal noise from the feedback resistors. The current

noise had a:negligible cffcct.

K. - CALCULATING THE NOISE: DIFFERENTIATORS USB, U6B, UTB
To-calculate the actual noise voltage spectral density output by integrated circuits
U5B, U6B, and U7B in thc Symmetric Analog Demodulator. we apply Equation (527).
The input resistor R, in the equation corresponds to resistors R,-, R,,, and R,, in the
schematic, all with the value 464 Q. The input capacitor C, in the cquation corresponds
to-capacitors C,, C,, and C; in the schematic, all with the value 470 pF. The fecdback

resistor R, in-the equation vorresponds to resistors Ry, R.. and R, in the schematic




diagram, and they all have the value 1.91 kQ. The-feedback capacitor C, in the equation
corresponds to capacitors C;, C, and C, in the schematic diagram. The operational
amplifier is an AD712 with the noise specifications given above. The results of the

computations are

(45 2V gor 210 Bz

VHz

t

eusm| |23 WY gor £2100 Hz;

o VHz (588)
UéB» nV

€um) | VHz

21 Y for £=10 KHz.
VHz

All noise sources cxcept the voltage noise spectral density ol the operational

amplifiers were completely negligible in these calculaticis, except for the thermal now

in the feedback resistors, which was still a factor of tour smaller than the noisc injected-

by the operational amplificr.

L. CALCULATING THE NOISE: CROSS-MULTIPLIERS Ul11, U12, U13

To calculatc the-actual noise voltage spectral-density output by integrated circuits
U11, Ul12, and U13 in the Symmetric Analog Demodulator. we apply Equation (569).
Because of -the operation of integrated circuits USA, U6A. and U7A in removing the
fixed otfset D trom thesignals, the means ol all the inputs in-the equation are zero when
thesignal of interest gencrates significantly-more than # rad of optical phase shift. (In
the case of the differcntiated signals, this is always true. It is not generally true for
smaller undifferentiated signals, however.). The gain constant of the AD534 multipliers
is K,,=0.1 V~'. Their own contribution to the output noise is specitied as between
1.1 uVANHz at 10 Hz and 800:-nVA Hz at 10 kHz.

For the bandwidth B in the equation, we used 1.3 MHz. This figure was-arrived
at by taking the gain (3.73) of the subtractor circuits USA, U6A, and U7A whose gain-
bandwidth product is 3 MHz. The ratio of these two gives a 3 dB bandwidth of 804 kHz.
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When multiplied by 7/2 to yield-the cquivalent noise bandwidth, the result was 1.3 Mhz.

The results of the calculations are

1‘ _
€yt

t L
i = )

t
€urs

[

v ]

1.1 y——for f=10- Hz;
yHz

900 ™Y_for £=100 Hz;
VHz
nv.

800 —-for f=1 kHz; and
JVHz

800 ™Y for f=10 KHz.
VHz

(589)

The output-noise is-cntirely dominated by the multiplier noise. One implication of

this -fact is-that there was no-need to use very-low-noise operational amplitiers in the

receivers. Since ‘these low-noisc amplificrs are éxpensive. this is.an area of potential

M. CALCULATING THE NOISE: SQUARING MULTIPLIERS U8, U9, U10-

To calculate the actual noise voltage spectral density output by integrated circuits
U8, U9, and U10 in the Symmetric Analog Demodulator. we apply-Equation (574). The

multipliers are the same ADS34s just described. The-results ol the computations arc

€us

1. -
€uo).

The noise from these circuits is exactly the samec as the noise [rom the cross-

multiplying circuits. The input noise contributions are totally negligible by comparison.

savings il quieter multiplicrs cannot be found.

1.1 —”—V—for /=10 Hz;

iz

7900 —ny—for /=100 Hz;

VHz

1800 ™Y _gor f-1 kHz; and

JHz

800 Y_for f=10 KHz.

VHz

(590)




N. CALCULATING THE NOISE: SCALING ADDER U14A

To-calculate the -actual noise voltage spectral-density output by integrated circuit
U14A in the Symmetric Analog Demodulator, we apply Equation (518). The teedback
resistor R, in the equation now corresponds Lo resistor Ry, -in the schematic and is
4.99 kQ. The input resistors R,=R in the equation correspond-to resistors R,;, R,s, and
R, in the schematic diagram and they all are equal to 14.0 k2. We again-are uéingtan
AD712 operational amplificr with noisc specitications-mentioned above.

The results of the calculations are

690 ™Y for £=10 Hz;
iz
560 n—Y-fot /=100 Hz; - .
I 72 (591)
UldA . nV
500 —for f=1 kHz; and :

| 500 ™Y for £=10 KHz.

The multiplier noisc from the previous sub-circuit still is dominant, although-its
magnitude has been reduced somewhat. The reason for this is that the gain of the adder

is*less than one.

0. CALCULATING THE NOISE: SCALING ADDER U4B

To calculate the actual noisc voltage spectral density output by integrated circuit
U4B in the Symmetric Analog Demodulator, we apply Equation (519)- again. The
feedback resistor R, of the equation corresponds to resistor R,;=14.0 kQ in the schematic
diagram. The feedback capacitor C of the equation corresponds to capacitor C;,=1.0 uF
in the schematic diagram. The input resistors R;=R in the equation correspond to
- resistors R, R;, and R, in the schematic diagram, cach ol which provides 10.5 kQ

resistance. Again we are using the AD712. The results of the calculations are




&

1.94Y for £=10 Hz;

\
|
‘ |
{ 240 2 for £100 Hz; |
RS Y ! (592) .|
vsB = aV |
28 ——for f=1 kHz; and
vz

116 ™Vofor £=10 KHz.
) | VHz

An interesting aspect ol these numbers is the way the noise drops off with
increasing frequcncy. The lecdback capacitor was used in-order to.achieve this effect.
The very large noise-at-low [requencies is due to the noise-of the three multipliers which

precede this sub-circuit. At the high frequencies, the noise of the operational amplifier

U4B-finally dominates -the multiplicr noise. which is attenuated at thesc frequencies by

5 the capacitor. . i

- P. -CALCULATING THE NOISE: THE DIVIDER U15 &

To calculate-the aciual noise voltage spectral density output by integrated circuit .

U15B:in the Symmetric Analog:Demodulator, we apply Equation (582). The constants

>

implicizin-the-equation are k_,=:!0~V,AIcAl=3.73, k4,=7-2- k=133, k=031 " T 3V,
k,=901 ns, A=100-rad, and /=200 Hz. Recall that A is thc optical phase amplitude of
a simple sinusoidal test signal and_fis the Irequency of the test signal. The derivative £
will never exceed A27f, which is.the upper limit we use in the calculations. The divider
has its own contribution to- thc output noisc voltage spectral density. This is
e,=8.0 uVN'Hz, a number an order of magnitude large than that of the multipliers,

which up to this point have been the noisiest components in the demodulator. The

results of.the calculations are v
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87 BV for £ 10 Ha:
\/”Z
81 A for £2100 Wz,
. JHz (593)
Cone = uv
8.1 7 " for f-1 kHz; and
v'”’l,
8.1 #Y;for f=10 kHz.
VHz

~These reselts show very clearly that, to this point at least. the divider ereates the

fargest contribution to nose of any sub-circuit in the Symmetric Analog Demedulator.,

Q. CALCULATING THE NOISE: THE INTEGRATOR Ul14B

T caleulate the actual noise voltage specetral density output by integrated circuit
U14B i the Svmmetric Analog Demodulitor. we apply Equation (553), using the
detinitions ol H,ts) and /7,05 of Equations (528) and (529), The input resistor R, and
capaeitor € of the equations correspond to resistor Ry, =309 k) and ¢, =1.0 1F in the
schematic diagram. The teedback capacitor CLin the cquations corresponds to capacitor
C.-470 pF in the schematic. The three resistors R R and R, 1 the couations
correspond to resistors Ro.=76.8 k€. R, =768 ki), and Ry,=10.2 €} respectives in the
schcrﬁmg::“. The noise speetral densities ot the operational amplitier are those ol the
ADT712 piven carlier. The results of the caleulations are

157 “Y for f=10 Hz;

1.57 Y for £100 Hz;
S Y, : (594)
Vs nv
158 o ‘for f‘"’l k}{z; and
\,/ﬁz

158 -"V.for f=10 kHz.
VHz

By dividing these voltuge noise spectral densities by the seale tnetor 31 mVorad, we
can oifer the equivalent phase noise which would have to apper at the inpet to the

demadulator to produce this etieet. Doing so vields

RER



.- T i 510 L% for =10 Hz;
I . 51 #8960 100 Bz,
- L phase -] JHz . : (595)
noise 51 H#de £1 Kz and
- spectral \g S -
i ; 510 M60r £10 KHz.
density > = f:

The noiée«declinCS£b)' 20 dB per decade increase in frequency, just as-we would expect
from- the integration of white noise. However, a comparison with Table XXIII -on
page 198 reveals that the observed noise is an order ol magnitude -higher than the:
predicted noise. Although the reasons for this are-unclear. it-suggests that considerable
‘improvemen:.in th'(;,nnisc pertormance of the Symmetric Anaiog Demodulator should be
possible without a major redesign. The possibility of contamination {rom ricarby circuits,

ground.ioops, or other causes should be investigated.

R. SUMMARY -
In this appendix, we have-performed a detailed noise analysis of the Symmetric
Analogue Demodulator. This rather tedious cxercise -has revealed that the most
significant sources of noisc. in descending order of importance. are the analog divider and
the six-analog multipliers. If these could be replaced by quieter equivalents. then it might
become possible to-justify the use of expensive, low-noise operational-amplifiers in the
receivers of the circuit. However, as matters stand presently, these amplifiers deliver
much quieter signals than nccessary. In the absence ol a reduction in the noise from the
divider and multiplicrs, this is a necdless expensc.
 The equations derived in this appendix also make it feasible to compute a- new
prediction of the noise il different components are substituted into the circuit. In fact,

the equations make it possible to explore various strategics for lowering the noise floor--

with a.consequent increasc in dynamic range--witheut implementing them in a circuit.
Thus it should be -possiblc to finc-tune the performancé ol the Symmetric Analoguc

Demodulator by applyfng these:equations.
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