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Abstract
In this thesis diﬀerent methods have been developed and tested to stabilize an optical
readout for a micro-electrical-mechanical-system (MEMS) electric ﬁeld sensor. The optical
readout is used because it does not interfere with the electric ﬁeld the system measures.
Due to its inherent high resolution of 10−10 m a Michelson interferometer is used.
For the stabilization an piezoelectric mirror is placed in the reference arm of the interferometer. With the piezoelectric actuator an oscillating signal is introduced with a known
frequency and modulation index. Via a feedback mechanism the signal is detected and
the instantaneous working point of the interferometer is calculated. A controller, that is
connected to the piezoelectric mirror, adjusts the mirror position.
We implemented two types of stabilization mechanisms with diﬀerent level of complexity
and functional ﬂexibility. They both showed similar performance and established a very
stable working point for the Michelson interferometer.
Three tests were executed. The ﬁrst one was done without a stabilization which delivered
only useless, noisy measurements. The second test was done on a piezoelectric buzzer, to
determine its transfer function. In the third test we used the electric ﬁeld transducer, to
determine the maximum sensitivity that could be achieve.
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Kurzfassung
In dieser Arbeit wurden verschiedene Methoden für ein optisches Readout eines Sensors für
die elektrische Feldstärke entwickelt und getestet. Der Sensor basiert auf mikro-elektromechanischen Strukturen (MEMS), die im elektrischen Feld geringfügig ausgelenkt werden.
Diese kleinen Auslenkungen einerseits und die leichte Störbarkeit des elektrischen Feldes
andererseits erfordern ein Readout, das nicht auf die Struktur zurückwirkt. Dies und
die hohe erforderliche Auﬂösung von 10−10 m erklärt die Wahl des optischen Prinzips
im Allgemeinen und des Michelson-Interferometers im Speziellen. Das Interferometer
kann allerdings leicht durch Vibrationen und thermische Ausdehnungen gestört werden.
Dem wird mit einer Stabilisierung begegnet, in den Referenzarm des Interferometers
wird ein piezoelektrisch verstellbarer Spiegel platziert. Mit dem Piezoaktuator wird ein
Schwingungssignal mit bekannter Frequenz und bekannten Modulationsindex erzeugt. Über
einen Rückkopplungsmechanismus wird das Signal erfasst und der aktuelle Arbeitspunkt
des Interferometers berechnet. Über eine Steuerung, die mit dem piezoelektrischen Spiegel
verbunden ist, wird die Spiegelposition eingestellt. Zwei unterschiedliche Arten von Stabilisierungsmechanismen mit unterschiedlicher Komplexität und funktionaler Flexibilität
wurden implementiert. Beide zeigten, ähnliche Funktionalität und es gelang mit ihnen, einen
hinreichend stabilen Arbeitspunkt des Interferometers zu erzeugen. Es wurden drei prinzipielle Messungen durchgeführt. Die erste, ohne Stabilisierung zeigte das Grundproblem und
lieferte die Vergleichsbasis. Die zweite Messung wurde an einem piezoelektrischen Buzzer
durchgeführt, um dessen Übertragungsfunktion zu bestimmen. Für die dritte Messung
haben wir den elektrischen Feld-Sensor verwendet, um die maximale Empﬁndlichkeit zu
bestimmen, die wir so erreichen konnten.
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Introduction
Measurement of electric ﬁelds provides still many diﬃculties, since the measurement
instrument itself can cause interference with the electric ﬁeld that is being measured.
Surface charges of dielectric bodies, conducting materials and connections to potentials all
cause distortions to the measurement [16, 17]. To avoid these eﬀects optical readouts, such
as an Michelson interferometer, can be used.
To use the Michelson interferometer the Electric ﬁeld needs to be transformed into a
mechanical displacement. Therefore, a MEMS (Microelectromechanical system) transducer
is used on the measuring arm of the interferometer. It transforms the electric ﬁeld into a
mechanical oscillation. This oscillation will cause an oscillating intensity on the photodiode
of the interferometer.
The challenge in such a system is that diﬀerent noise sources like thermal ﬂuctuations
and airﬂow can cause that the working point of the interferometer drifts.That makes the
measurement highly susceptible to errors.
The drifting of the working point caused the need for a stabilization of the working point
at a ﬁxed value.
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Chapter 1

Fundamentals

The detection of low-frequency and static electric ﬁelds was always challenging. In this
work a possible solution for the detection of the electric ﬁeld (E-Field) and method for the
stabilization of the measurement system will be presented.
For the detection of the electric ﬁeld, a transducer will be used which converts the electric
ﬁeld into a spatial displacement. With the help of a Michelson interferometer, the displacement can be converted into an electric signal which is extracted and evaluated by a readout
circuit [9, 10, 16].
A system built like this is not resistant to noise that causes a drift of the working point.
There are many noise sources like thermal noise, vibrations, air movement and other that
can aﬀect the measurement and lead to inaccurate results. To make the system more
resilient to noise, a stabilization mechanism is introduced. This is achieved by placing a
piezoelectric mirror on the reference arm of the interferometer. An AC voltage drives this
mirror. This oscillation is picked up by the photodetector of the interferometer. A signal
processing system then reads the phase of the signal . If the phase is shifted due to noise, a
feedback control mechanism will compensate this shift.
Figure 1.1 shows a graphical representation of the system.

3
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Chapter 1 Fundamentals

Figure 1.1: Principle setup of the measurement system with stabilization
In the following sections the individual components are described in detail.

1.1 Electric field transducer
To transform the electric ﬁeld into a spatial displacement, a transducer is used [16]. It is is
made of two parts (Figure 1.2): the ﬁrst part is stationary and the second one can move in
the z-direction. These two parts are made of a conductive material and are connected via
an insulating layer. Both parts are connected to an AC-voltage source supplying a voltage
U (t) = Û cos(ωt).

(1.1)

Q(t) = U (t)C = Û C cos(ωt).

(1.2)

F (t) = EQ(t) = EC Û cos(ωt),

(1.3)

Both conductors form a capacitor with the capacitance C. The corresponding charge on
the moving part of the transducer is:

If a transducer is placed into the electric ﬁeld E, a force

acts on the transducer, which will lead to a displacement of the moving part of. The
displacement can be described with the classic equation of a damped driven harmonic

4
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Figure 1.2: A picture of the electric ﬁeld transducer. The moving part is located in the
middle and is anchored to the stationary part over two bars

oscillator [1, 2]
mẍ(t) + cẋ(t) + kx(t) = F (t),

(1.4)

where c is the damping coeﬃcient, k is the elastic coeﬃcient of the springs, m the mass of
the moving part and x the displacement of the moving part (Figure 1.3).
Because the system is a linear time-invariant system, the mass oscillates with the same
frequency as the voltage, so we can write the voltage and displacement in complex form
U (t) = Û cos(ωt) = Re {U ejωt } , U = Û
x(t) = Xejωt .

(1.5)
(1.6)

If we transform the equation to the frequency domain, substitute F with Eq. (1.3) and
divide by m, we get
c
k
EC Û
− ω 2 X + jω X + X =
.
(1.7)
m
m
m
After solving for X yields
X=

EC Û
m
,
k
2
( m − ω ) + j mc ω0 ω

(1.8)

where X is the complex amplitude of the oscillation. The resonant frequency of the oscillator

5
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Chapter 1 Fundamentals

Figure 1.3: Model of a damped driven harmonic oscillator
is deﬁned by

and the damping coeﬃcient

ω0 =
D=

√

k
,
m

(1.9)

c
.
2ω0 m

(1.10)

For low damping coeﬃcients the largest magnitude of the amplitude is at the resonance
frequency (Figure 1.4). Consequently, for best sensitivity we want to drive the transducer
at the resonant frequency. For this system we can deﬁne the Q-factor. It is described as
the ratio of the peak energy stored in a system to the energy lost per radian cycle. It can
be calculated as
√
mk
.
(1.11)
Q=
D
High Q means less energy loss which results in larger amplitude of the oscillation.
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Figure 1.4: Frequency characteristic of a damped driven harmonic oscillator
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1.2 Michelson interferometer
The Michelson interferometer is an instrument that uses the superposition principle of two
ﬁelds [3]. The resulting ﬁeld is measured with an optical detector (usually a photodiode).
These detectors don’t measure the electric ﬁeld strength directly, but its intensity, which is
the square of the ﬁeld strength. Because of this nonlinearity, the intensity of the resulting
ﬁeld is not equal to the sum of the intensities of the two ﬁelds. This phenomen is called
interference. Two ﬁelds with same frequency and a complex ﬁeld amplitude U is introduced.
The intensity is calculated as

with

∗

I(x) = U (x) ⋅ U ∗ (x),

(1.12)

denoting the complex conjugate. The superposition of two ﬁelds U1 and U2 is
I(x) = (U 1 + U 2 ) ⋅ (U 1 + U 2 ) = I1 + I2 + 2Re [U 1 (x)U ∗2 (x)] .
∗

(1.13)

The ﬁrst two terms represent the individual intensities of the two waves. The third one is
the interference term that can be positive or negative depending on the relative phase of
the waves. Polarization can inﬂuence the interference when we assume that all waves have
the same polarization. Because we work in this thesis with monochromatic electromagnetic
waves, we assume that all waves have the same frequency. For a deﬁned spatial point the
two waves diﬀer only in amplitude and phase.
U1,2 = A1,2 ejϕ1,2 .

(1.14)

For the superposition of the two waves, the resulting intensity is
√
I(x) = I1 (x) + I2 (x) + 2 I1 (x)I2 (x) cos(ϕ2 − ϕ1 ).

For waves with same intensity I1,2 = I0 it is

I(x) = 2I0 (x)[1 + cos(∆ϕ)],

(1.15)

(1.16)

with ∆ϕ = ϕ2 − ϕ1 . The resulting intensity, depending on the phase diﬀerence, will be
between 0 ≤ I ≤ 4I0 . The maximum intensity Imax = 4I0 occurs at ∆ϕ = 2mπ, where m
is an integer number. In the case of the Michelson interferometer in (Figure 1.5) a laser
beam is directed at a beam splitter where it is split into two beams. Those two beams
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Figure 1.5: Schematic representation of the Michelson interferometer

are reﬂected from two mirrors back to the beam splitter. In this process the beams travel
the paths L1 and L2 . After passing the beam splitter again, the beams interfere at the
detector. The phase diﬀerence of the waves depends on the path diﬀerence the waves have
travelled. Because the wave goes through the beam splitter two times, the intensity of a
single wave is I40 . If we say that the path diﬀerence of the two arms of the interferometer is
∆l = L2 − L1 , the phase diﬀerence of the two waves is ∆ϕ = 2k∆l. here, k = 2π
λ the wave
number of the wave, where lambda is the wave length.

k=

2π
,
λ

(1.17)

Depending on the path diﬀerence, the equation of the resulting wave on the detector is:

I=

I0
[1 + cos(∆ϕ))].
2

(1.18)

Figure 1.6 shows the intensity measured on the detector depending on the diﬀerence in
path lengths. If one of the mirrors is stationary (reference arm) and the other is moving
(measurement arm) we can measure the position of the moving mirror.

9
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Chapter 1 Fundamentals

Figure 1.6: Function of the intensity in regard to the path diﬀerence

1.3 Modulation of light
Now, the working principles of the transducer and Michelson interferometer are described,
we need to describe how they work together. The transducer used for this system will be
the measuring mirror. If an electric ﬁeld is applied to the transducer, it will start oscillating.
Consequently, the arm length of the interferometer will change, in this case, will oscillate.
If light reﬂects of a moving object its frequency will change. There are two ways to describe
this phenomena, as a modulation of the phase or modulation of the frequency, which are
tightly coupled [4, 8]. First we look at a phase modulated signal
sPM (t) = A sin(ω0 t + ψ + ψd M (t)).

(1.19)

Here, ω0 is the carrier frequency, A is the amplitude, ψ is a constant phaseshift, ψd
modulation strength and M (t) is the modulating function or modulator. We can write the
phase of the sine function as
p(t) = ω0 t + ψ + ψd M (t).

(1.20)

The phase modulation, mathematically, is straight forward.
A frequency modulation requires a changing frequency. That means that a changing

10

frequency term besides ω0 t is required. The instantaneous angular frequency is deﬁned as
the derivative of the phase
ω(t) =

d
p(t).
dt

(1.21)
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This is the relationship between phase modulation and frequency modulation. Again we
assume that we have an unmodulated phase

The time derivative is therefore

p(t) = ω0 t + ψ.
ω(t) =

d
(ω0 t + ψ) = ω0 .
dt

(1.22)

(1.23)

We can see that in the unmodulated case we have a constant frequency ω0 . Now, to get
a frequency modulated signal we need to add an additional changing frequency term. Our
instantaneous frequency then reads
ω(t) = (ω0 + ωd M (t)) t,

(1.24)

where ω0 is the constant frequency and ωd the frequency modulation strength. Now if we
want to calculate the phase, the angular frequency needs to be integrated

therefore:

p(t) = ∫ ω(t)dt,
p(t) = ∫ (ω0 + ωd M (t))dt = ω0 t + ψ + ωd ∫ M (t)dt.

(1.25)

(1.26)

We can write the frequency-modulated signal as

sFM (t) = ω0 t + ψ + ωd ∫ M (t)dt.

(1.27)

In our case the signal will be modulated with a sine function M (t) = sin(Ωt) with the
frequency Ω. Our frequency- and phase-modulated signal are
sFM (t) = sin(ω0 t + ψ −

ωd
cos(Ωt)), and
Ω
sPM (t) = sin(ω0 t + ψ + ψd sin(Ωt)).

(1.28)
(1.29)
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The phase-hub for the phase-modulation is ψd and for the frequency-modulation − ωΩd .
The instantaneous frequency for phase-modulation is ω0 +ψd Ω cos(Ωt) and for the frequencymodulation ω0 + ωd sin(Ωt). In our case the phase modulation is used, because the displacement of the mirror is directly changing the phase diﬀerence of the resulting wave on the
detector. An oscillating position of the mirror results in an oscillating phase diﬀerence
∆ϕ = k(∆l0 + xd sin(Ωt)),

(1.30)

where ∆l0 is the path length diﬀerence of the two beams in the resting position. Therefore,
we can write the intensity as
√
I = I1 + I2 + 2 I1 I2 cos(ψ + ψd sin(Ωt)),

(1.31)

where ψd is the modulation index of the signal, which is directly proportional to the
oscillation amplitude of the mirror, and ψ is the phase diﬀerence of the two mirrors caused
by ∆l0 . Figure 1.7 shows a phaser diagram of the phase modulated signal. The phase is
oscillating with an angular frequency Ω and amplitude ψd around a constant phase ψ.
The relation between I and ψ is not linear, so the phase modulation results in a number
of harmonic terms. These terms are described by Bessel functions [8, 10, 16, 18, 19]. The
Bessel-functions split the non-linear sinusoid function into an inﬁnite number of linear
sinusoids (side bands) (Figure 1.8). First we need to rewrite the intensity as
√
I = I1 + I2 + 2 I1 I2 [cos(ψ) cos(ψd sin(Ωt)) − sin(ψ) sin(ψd sin(Ωt))].

(1.32)

Now we have two terms with non-linear behaviour that can be transformed into Bessel
coeﬃcients:
cos(ψd sin(Ωt)) = J0 (ψd ) + 2J2 (ψd ) cos(2Ωt) + ...

sin(ψd sin(Ωt)) = 2J1 (ψd ) sin(Ωt) + 2J3 (ψd ) sin(Ωt) + ...

(1.33)
(1.34)

Because we are working with modulation indices ψd < 1 only terms with Ji<2 relevant.
By putting those terms back into the intensity equation we get:
√
√
I = I1 + I2 + 2 I1 I2 J0 (ψd ) cos(ψ) − 4 I1 I2 J1 (ψd ) sin(ψ) sin(Ωt)
√
+ 4 I1 I2 J2 (ψd ) cos(ψ) cos(2Ωt)
12

(1.35)
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Figure 1.7: Phaser diagram of the phase modulated signal. The phase is oscillating with an
angular frequency Ω and amplitude ψd around a constant phase ψ
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Figure 1.8: Amplitudes of the Bessel-functions for diﬀerent modulation indices
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The amplitudes of the side bands can be calculated as
π

Jn (ψd ) =

2
2
sin(ψd sin(Ω)) sin(nΩ)dΩ (n odd)
∫
π 0

Jn (ψd ) =

2
2
cos(ψd sin(Ω)) cos(nΩ)dΩ (n even)
∫
π 0

(1.36)

π

(1.37)

For better visualization and understanding of this phenomenon, we can simulate the
intensity function in the frequency domain. For simplicity we will assume that the constant
phase term ψ = π4 , so sin(ψ) = cos(ψ) = √12 . We also assume that I1 = I2 = I0 which delivers

We divide by 2I0 and get

π
I = 2I0 [1 + cos ( + ψd sin(Ωt))] .
4
π
I
= 1 + cos ( + ψd sin(Ωt)) .
2I0
4

(1.38)

(1.39)

As the simulation program LabView is chosen. Figure 1.9 shows the block diagram of
the simulation process used for the calculation of the spectrum of the function 1 + cos(ψ +
ψd sin(Ωt)). The "Simulate Signal" box generates a signal ψd sin(Ωt). A constant phase
ψ is added to the signal and now we have the phase ψ + ψd sin(Ωt). Because the "Cosine"
block, that returns the cosine of the input function, has the input deﬁned in radians, we
need to transform our phase into radians ﬁrst. Now we need to add 1 to the cosine function
to get the function from equation (1.39). To get a frequency domain power spectrum of
our signal we use the "Spectral measurement" block of LabView that transforms the time
domain signal into the frequency domain and calculates its power. The output is connected
to an oscilloscope block to visualize the results.
The Parseval-Theorem [4] brings the deﬁnition of the signal power from the time domain
in the frequency domain. The power deﬁnition of a time signal is brought into the frequency
domain by deﬁning a new parameter of the time signal, namely the mean (normalized)
power. That is the power, the signal s(t) would transform into heat in a resistance R.
We regard the signal s(t) as a voltage signal u(t). The mean power, per deﬁnition of the
eﬀective voltage, is deﬁned as the square of the eﬀective voltage. The mean normalized (to
1 Ohm) power is deﬁned as
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Figure 1.9: Block diagram of a simulation that calculates the spectrum of the function
f (t) = 1 + cos(ψ + ψd sin(Ωt))
Ps = R ⋅ [

T
T
T
1
1
s(t)
1
u(t) ⋅ i(t)dt] = R ⋅ [ ∫ s(t) ⋅
dt] = [ ∫ s2 (t)dt] .
∫
T 0
T 0
R
T 0

(1.40)

We are working with a periodic signal so that it can be represented as a Fourier-series
(single sided)
∞

s(t) = C0 + ∑ Cn ⋅ cos(Ωn t),

(1.41)

n=1

where C0 is the DC value and calculated as

T
1
s(t)dt.
∫
T 0
The power in the frequency domain is the sum of powers of all its components

C0 =

∞

∞

C2 C2
Cn2
= C02 + 1 + 2 + ...
2
2
n=1 2

Ps = C02 + ∑ Pn = C02 + ∑
n=1

Now we can start the simulation for diﬀerent ψd . As said, we set ψ =
up Eq. (1.9) into the Bessel coeﬃcients yields

16

(1.42)

(1.43)
π
4

so that splitting

1
I
= 1 + √ (J0 (ψd ) − 2J1 (ψd ) sin(Ωt) + 2J2 (ψd ) cos(2Ωt) + ....) ,
2I0
2

(1.44)

which means for the signal power:

J 2 (ψd ) J22 (ψd )
1
Ps
+
+ ....
= (1 + √ J0 (ψd )) + 1
P0
2
2
2
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2

(1.45)

This shows us that, as a result, we should get peaks at the zero frequency and at he
multiple of the modulation frequency Ω depending on the modulation index ψd . Figure 1.10
shows the results of the spectral analysis of the equation. We can see that for ψd = 0○ there
is only one peak at the zero point of the spectrum. With increasing modulation index ψd ,
the ﬁrst peak appears at f = 1000 Hz. With further increasing of ψd the second peak at
f = 2000 Hz appears. We can also see that the J0 value is decreasing. At around ψd = 100○ ,
J1 reaches its maximum. At around ψd = 150○ , J1 and J2 are equal. With higher ψd , peaks
at frequencies of integer multiples of 1000 Hz start appearing. Because we are working
with J1 and J2 we want to make them as high as possible. The target modulation index
would be around 150○ (2.62 rad) where J1 = J2 . However, this is not possible, because of
instrumental limitations so a diﬀerent value needs to be chosen.
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Figure 1.10: Results of the frequency domain simulation of the equation f (t) = 1 + cos(ψ +
ψd sin(Ωt)) for diﬀerent modulation strengths.
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The measurement system takes the signal from the photodiode and converts it into an
information about the amplitude of the electric ﬁeld to be measured. First the photodiode
converts the intensity of the light into current which is treansformed into a voltage via a
transimpedance ampliﬁer [9]. It is described as
U (t) = KI(t),

(1.46)

where K is a proportionality constant. As mentioned in the previous chapters the intensity
at the photodiode is described with the equation
√
I = I1 + I2 + 2 I1 I2 cos(∆ϕ).

(1.47)

√
√
√
Imax = I1 + I2 + 2 I1 I2 = ( I1 + I2 )2 ,

(1.48)

√
√
√
Imin = I1 + I2 + 2 I1 I2 = ( I1 − I2 )2 .

(1.49)

For ∆ϕ = 0 the maximum intensity at the detector is
and for ∆ϕ = π the minimum intensity

We now can rewrite Eq. (1.47) and yield

1
I = (Imax − Imin )[1 + cos(∆ϕ)] + Imin .
2
After the intensity is transformed into voltage by the photo diode we get:

(1.50)

∆U
[1 + cos(∆ϕ)] + Umin ,
(1.51)
2
where ∆U = Umax − Umin . If an electric ﬁeld is applied to the transducer it will start
oscillating which will result in a modulation of the phase as described in section 1.3. This
leads us to the ﬁnal equation for the voltage
U=

U (t) =

∆U
[1 + cos(ψ + ψd sin(Ωt))] + Umin .
(1.52)
2
Analysing this equation in time domain, as in Figure 1.7, that we get an oscillation signal
around a constant DC value which is called the working point. To achieve the best results
out of the measurement we want to set our working point to region of the highest sensitivity.
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Figure 1.11: Points on the intensity diagram with highest sensitivity

The interferometer will be most sensitive to changes in phase when
shown in Fig. 1.11. Since
∆U
dU
=−
sin(∆ϕ),
d∆ϕ
2

dU
d∆ϕ

is maximum, as

(1.53)

The best measuring sensitivity is reached for ∆ϕ = (n + 21 ) π where n = 1, 2, 3... . To express
the relation between change in voltage and change in mirror position we need to convert
the change in phase to change in position with
4π∆l
.
(1.54)
λ
For very small changes in δlwe can assume that sin(∆ϕ) ≈ ∆ϕ. Inserting this into Eq.
(1.53), the magnitude of the maximum is
∆ϕ = 2k∆l =

∣

2π∆U
dU
∣
=
.
d∆l max
λ

(1.55)

Rewriting this equation to express the dependence of voltage regarding the displacement
gives us
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dU =

2π∆U
d∆l.
(1.56)
λ
For λ in in the nanometer or micrometer region it will be possible to measure displacements
in these orders of magnitude and get reasonable changes in voltage.
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Chapter 2
Stabilization
As seen in Chapter 1, there are three variables describing the measurement system: mirror
position described by the phase ψ, the modulation index of the transducer ψd and the
modulation frequency Ω. For the measurement system to work properly we need to know the
position of the phase ψ and the frequency Ω. The only variable left is the modulation index
ψd which contains the information about the electric ﬁeld strength we want to measure. In
a perfect system without noise, we would need to measure the intensity of the interferometer
to move the mirrors to the desired positions so that we get the phase ψ. The relation
between the phase and the intensity (without the modulation) is related in the equation
√
I = I1 + I2 + 2 I1 I2 cos(ψ).

(2.1)

If we introduce noise from diﬀerent sources (temperature, vibrations, air movement and
etc.), the position of the mirrors can change. Now that a stochastic process determines
the position of the mirrors, the measurement loses its quality or the measurement is made
impossible depending on the power of the noise. Figure 2.1 shows a block diagram of
the system, where x(t) and n(t) are the input variables of the Michelson interferometer
and I(t) is the output parameter, in this case the intensity at the detector, which is then
converted with a photodiode into a voltage U (t), the input of the measuring system.

The ﬁrst input variable x(t) is the length diﬀerence between the 2 arms of the interferometer ∆l, or in other words the position of the measuring mirror relative to the reference
mirror
∆l = L2 − L1 = L + x(t) − L = x(t),

(2.2)

where L is the distance of the reference mirror to the beam splitter. The second variable
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Figure 2.1: Block diagram of the interferometer with the measurement system. Input
of the interferometer are the position of the mirror x(t) and the noise n(t).
MI-Michelson interferometer, PD-Photo diode, MS-Measurement system
n(t) is the random noise introduced to the system. It will cause changes in the position
of the mirrors. Consequently x(t) and n(t) have an additive relation. Therefore resulting
position of the mirror is
xr (t) = x(t) + n(t).

(2.3)

Since the relation between the displacement and phase is linear for small displacements
the resulting phase is
4πxr (t) 4πx(t) 4πn(t)
=
+
= ψ + ψn ,
(2.4)
λ
λ
λ
where ψ is the displacement caused by our movement of the mirror and ψn the phase caused
by random noise.
ψr =

2.1 Control theory
One way to overcome the problem with the noise generated phase drift is to measure the
drift and to subtract it from the input via a feedback loop [5, 10]. Hence, the resulting
input for the displacement of the mirror is
xr (t) = x(t) − n(t) + n(t) = x(t).

(2.5)

However, since after compensating the deviation, the system will measure no deviation
in the next iteration step and will drift back to the previous state. We can prove this
mathematically and with a simulation. Figure 2.2 depicts the simulation set up in Simulink
of a simpliﬁed and linearised version of our system where the transfer function of the
interferometer is set to GI = 1. We have u as the input of the system, n as the noise and y
as the output. The output and input are coupled with a feedback as described before that
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only measures the noise n so it subtracts the input value from the output. Putting this
system into equations we get for the output
y = e + n,

(2.6)

Die approbierte gedruckte Originalversion dieser Diplomarbeit ist an der TU Wien Bibliothek verfügbar.
The approved original version of this thesis is available in print at TU Wien Bibliothek.

where e is the output of the subtracter. We can calculate e as
e = u − y + u = 2u − y,

(2.7)

and insert it into the equation for y and yielding

y = 2u − y + n.

(2.8)

The ﬁnal equation for the output is therefore

n
y =u+ .
2

(2.9)

It is obvious that we compensated the error only by the half but did not eliminate it.
Figure 2.3 shows the simulation results for u = 3ε(t) and n = ε(t − 1), where ε represents the
step function. We can see that before introducing noise y = 3 and after noise introduction
y = 3.5 which validates our equations. This problem is called steady-state problem of the
proportional controller. It is characteristic of systems with just a proportional controller.
The proportional controller has a transfer function
G C = KP ,

(2.10)

where KP is the gain. For the the calculations we have done we can imagine that we had a
proportional controller with a transfer function GC = 1.

A solution for this problem would be to introduce a PI controller. The PI controller has a
proportional and integrating element in parallel. The transfer function of the PI controller
will be
1
G C = K P + KI ,
(2.11)
s
where KI is the gain of the integrating element and s the complex angular frequency. The
integrating element has the property to accumulate the error over time so the output of
the system system will stay at the same point after it equalizes with the input. For our
system to work we will need to make a slight change. Now with the integrating element the
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Figure 2.2: Simulink model of the feedback where the noise source is a step function and
the mirror position is a constant value.

Figure 2.3: Results of the Simulink simulation. It shows that a feedback alone will reduce
the noise but not cancel it all the way out. Yellow line represents the input,
orange the output and the blue line the noise
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output will settle to a steady state only when e = 0. Because for our previous conﬁguration
e = 2u − y + n, e will be zero for y = 2u. We will remove the subtraction of u in the feedback.
Now the system in our simulation in Simulink will look like in Fig. 2.4. The input of the
system u is the output of the controller and the output of the system is subtracted from
the a value which is called the set point r. It is the desired value or target value of an
essential variable, in this case the output of the system y. Note that for demonstration
purposes we have set the transfer function of the interferometer to GI = 1 for now, which
will be evaluated in the following chapter. In this chapter the focus is on the controller.
To validate our assumptions mathematically we will use a more sophisticated and general
method than before. We will use the ﬁnal value theorem of the Laplace transformation, [5],
that says
e∞ = lim e(t) = lim sE(s).
t→∞

s→0

(2.12)

Because we are working with an LTI (linear time invariant) system we can look at the
output of the system as a superposition of the two inputs. In the ﬁrst case we assume that
r(t) = 3ε(t) and n(t) = 0. Our measurement error in Laplace domain will be
and the output

E(s) = R(s) − Y (s),

Y (s) = E(s)GC (s)GI (s),

(2.13)

(2.14)

Solving this two equations for E(s) gives us
E(s) =

1
R(s).
1 + GC GI

(2.15)

Inserting it back to Eq. (2.12) will give us the ﬁnal value
e∞ = lim s
s→0

1+

1

1

3
1
s
s GI

= 0.

(2.16)

This proves that for a step function in the input, our output will reach a steady state
value that is equal to the input. In the second case, we set x(t) = 0 and n(t) = ε. Now we
have slightly diﬀerent equations, because the noise is added behind the controller. Our
measurement error in Laplace domain will be
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Figure 2.4: Simulink model of the feedback where the noise source is a step function and
the mirror position is a constant value with added PI controller. The transfer
function of the interferometer is for now set to GI = 1 and will be evaluated in
the following chapters (PI controller in simulink can be obtained by deﬁning
the diﬀerential coeﬃcient of a PID controller to zero.

and the output

E(s) = −Y (s),
Y (s) = E(s)GC (s)GI (s) + N (s)GI (s).

(2.17)

(2.18)

Solving this equations for E(s) and inserting them back to equation (2.12) will give us
e∞ = lim s
s→0

GI 1
= 0.
1 + 1s GI s

(2.19)

This means that for the input value equal to zero and added noise, the output will come
to a steady state also equal to zero. Figure 2.5 shows the simulation of the system that
veriﬁes our mathematical model. The noise is added at an oﬀset of T0 = 20 s for better
visualization. Now that we know that for our feedback system a controller is needed, a more
complete system block diagram can be drawn. For the system to work two new blocks need
to be introduced: An actuator that will convert a voltage signal of the output of the PID
to a movement of the mirror and a feedback measurement system that can measure the
phase ψ that needs to be stabilized. Figure 2.6 shows the system with the added blocks.
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Figure 2.5: Results of the simulink simulation with PI controller. It shows that the integrating element solves the steady state problem of the proportional element. Yellow
line represents the set point, orange the output and the blue line the noise
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Figure 2.6: Representation of the system with feedback and controller
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2.2 Actuator
An actuator is a component of a system to allow the controller to act on a system upon an
environment. In our case, it transforms the low-energy control signal from the controller
into via mechanical motion. To perform this operation the actuator needs to be connected
to an energy source, because the low-energy signal from the controller is not enough. The
actuator system used for our measurements consists of a high-voltage ampliﬁer and a
piezoelectric element [10] as shown in Fig. 2.7. The piezoelectric element is used for the
reference mirror of our system. By applying a voltage V (t) to the piezoelectric element,
the mirror moves by the distance x(t). We have determined empirically that the piezo is
linear in the voltage range we drive it. Therefore, the displacement of the mirror is
x(t) = KAC V (t),

(2.20)

where KAC = 16, 4 nm
V is the proportionality constant of the piezo actuator. It is important
to know that the piezoelectric element cannot tolerate negative voltages. If we want to
drive it with a sinusoid voltage we need to make sure that the DC oﬀset VDC is larger than
the amplitude of the driving voltage. The high-voltage ampliﬁer converts the low-power
control signal into a high-power signal that can drive the piezoelectric element. The three
signals (DC voltage, driving AC voltage and the feedback voltage) and have to be added
and feed the piezoelectric element.
The circuit required is an adder circuit [7]. Left part of Fig. 2.8 (ﬁrst op-amp circuit)
shows an inverting adder circuit. The output voltage of the adder is
Vout = − (Vin1

R4
R4
R4
+ Vin2
+ Vin3 ) .
R1
R2
R3

(2.21)

As we can see the result is a negative voltage. Since the voltage needs to be positive, an
additional inverting ampliﬁer is added, which is shown in the right part of Fig. 2.8. The
output voltage of the inverter will be
Vout = Vin
u

High Voltage Amp

v

R6
.
R5

Piezo-mirror

(2.22)

x

Figure 2.7: Block diagram representation of the actuator system
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Figure 2.8: A Multisim schematic of the inverting adder circuit
Simulating the circuit in Multisim we get the results from Fig. 2.9. It shows us that
the circuit has in the low frequency ranges linear behaviour with a negligible phase shift.
Consequently we can describe our actuator system fully with a transfer function. For the
input ui (t) and output x(t) the transfer function is
GAC,i (s) =

X(s)
R4 R6
,
= KAC
Ui (s)
Ri R5

(2.23)

or if we transform the displacement into phase
GAC,i (s) =

ψ(s)
4πR4 R6
.
= KAC
Ui (s)
λRi R5

(2.24)
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Figure 2.9: Magnitude and phase bode plots of the adder circuit showing a linear behaviour
in the low-voltage range. Phase shift caused by the circuit is negligible, at 1 kHz
we have a phase shift of −0.15○ and at 10 kHz a phase shift of −1.5○

2.3 Feedback
For being able to compensate the phase shift caused by the noise, we need to measure the
phase of the signal. As said in the beginning of the chapter, we have three variables we
are dealing with: the phase shift of the mirror ψ, modulation index ψd and modulation
frequency Ω. To be able to measure the phase ψ we need to have a signal in our system
with known modulation index and frequency. We can generate this signal artiﬁcially by
driving one of the inputs of the actuator system with a sinusoid signal. The actuator system
is an LTI system. With an input u(t) that can be described by a linear operation of est ,
the particular solution of the output can be described by the same linear operation applied
on G(s)est [6],
u(t) = L [est ] → yp (t) = L [G(s)est ] .

(2.25)

If we drive our actuator with a voltage

V = V̂ cos(Ωt + θ) = Re {V ejΩt } ,

(2.26)

the output described in phase will be

ψAC = Re {GAC (jΩ)V ejΩt } = ψd cos(Ωt + θ).
32

(2.27)

We now can calculate the modulation index as

Die approbierte gedruckte Originalversion dieser Diplomarbeit ist an der TU Wien Bibliothek verfügbar.
The approved original version of this thesis is available in print at TU Wien Bibliothek.

ψd = Re {GAC (jΩ)V } = V̂ KAC

4πR4 R6
,
λR1 R5

(2.28)

assuming the voltage is connected to the ﬁrst input of the adder. As discussed in the
previous chapter, the oscillation of the reference mirror will result in a phase modulation
of the signal. The signal at the detector is described by the Bessel functions Eq. (1.35).
The peaks we will use in our feedback system will be at Ω and 2Ω. Their intensities at the
detector will be
√
IΩ = 4J1 (ψd ) I1 I2 sin(ψ) sin(Ωt)

(2.29)

√
I2Ω = 4J2 (ψd ) I1 I2 cos(ψ) cos(2Ωt).

(2.30)

√
V1 = KO 4J1 (ψd ) I1 I2 sin(ψ) sin(Ωt) = V̂1 sin(ψ) sin(Ωt)

(2.31)

The optical element of the detector has a gain GO = KO , where KO is a constant
characteristic for the detector. We can deﬁne the voltages of the two signals coming out of
the detector as

√
V2 = KO 4J2 (ψd ) I1 I2 cos(ψ) cos(2Ωt) = V̂2 cos(ψ) cos(2Ωt).

(2.32)

These equations show us that now the information about the phase lies in amplitude of
our signals and not in the phase. Such signals can be generated by multiplying an amplitude
with a carrier signal
s(t) = A(t) cos(Ωt).

(2.33)

In order to reconstruct the amplitude on the receiver end, we need to multiply the signal
with a reference signal of the same frequency as the carrier [4, 8]
1
sr = s(t) ∗ cos(Ωt) = [A(t) + A(t) cos(2Ωt)].
(2.34)
2
The doubled frequency part of the signal is eliminated by a low-pass ﬁlter, so we get a
signal with the half amplitude
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1
sr = A(t).
2

(2.35)
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This principle is simple, but the down side of it is that it can not tolerate phase diﬀerences
between the carrier and the reference signal at the receiver. Considering such a phase
diﬀerence θ, we get a more general deﬁnition of our signal
s(t) = A(t) cos(Ωt + θ(t)).

(2.36)

Writing this signal as the real part of a rotating phaser and isolating the information
carrying parts we get
s(t) = A(t) cos(Ωt + θ(t)) = Re {A(t)ejΩt+jθ(t) } = Re {s̃ejΩt } ,

(2.37)

with the complex envelope of the signal

s̃ = A(t)ejθ(t) .

(2.38)

Figure 2.10 shows a visual representation of a signal with its complex envelope. Applying
Euler’s formula ejθ = cos(θ) + j sin(θ) we get
s̃ = A(t)ejθ = A(t) cos(θ(t)) + jA(t) sin(θ(t)) = sI (t) + jsQ (t).

(2.39)

This splits the signal into two orthogonal components which are called quadrature
components. The real part is called the in-phase component I and the imaginary form the
quadrature component Q. A phaser diagram using these components is often called an
I/Q-Diagram. Now we can express our signal in the I/Q-representation as

s(t) = Re {[sI (t) + jsQ (t)] ⋅ [cos(Ωt) + j sin(Ωt)]} = sI (t) cos(Ωt) − sQ (t) sin(Ωt).

(2.40)

This expression shows how a general Modulator/Demodulator structure for amplitude
and phase modulated signals looks like. Figure 2.11 shows us from the I/Q-representation
resulting modulator and demodulator which is also known as the quadrature modulator. The
quadrature demodulator splits the signal into its quadrature components. If the detection is
coherent (the carrier and the reference signals are in phase) sI = A and sQ = 0. Therefore, the
signal can be described with only the I-part of the modulator. For incoherent detection sI
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Figure 2.10: The complex envelope of a signal with a sinusoid amplitude A(t) = cos(2t)
and a carrier cos(20t).
represents the amplitude projection on the I-axis and sQ represents the amplitude projection
on the Q-axis. By squaring those signals and adding them together we get
(A cos(θ))2 + (A sin(θ))2 = A2 .

(2.41)

Applying this method to V1 Eq. 2.31 yields

A2 = (V̂1 sin(ψ))2 ,

(2.42)

from which the signal amplitude follows by taking the square root.
Building such a feed back and connecting it to the input of the controller would bring
some limitations with it. The output of the feedback is a nonlinear sinusoid function, and
we need to linearise it around a certain working point of our choice. The working point
will be the reference of the controller and will have the form sin(θ). The sensitivity of our
feedback is deﬁned as
dV1
= V̂1 cos(ψ).
dψ

(2.43)
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cos(Ωt)

2 cos(Ωt)

sI (t)

×

×

Low-pass

sQ (t)

×

×

Low-pass

− sin(Ωt)

+

sI

sQ

−2 sin(Ωt)

Figure 2.11: Block diagram representation of the Modulator/Demodulator system in quadrature representation

Thus, the maximum sensitivity of our feedback lies at ψ = 0 and the minimum at ψ = π2 .
Therefore, setting our working point to be at ψ = π2 would result in a strong reduction in
sensitivity and instability of the system due to the highly nonlinear behaviour of the sine
function. The solution of this problem would be to measure the error (deviation of the
working point) and not the phase so that the output of the feedback would be sin(ψ − θ).
This approach has the beneﬁt that the reference point of the controller is set to zero which
for the sine function is the point of highest sensitivity and linearity. We can linearise a
nonlinear function around a working point according to reference [5] with the expression
yR + ∆y = h(xR + ∆x, uR + ∆u),

(2.44)

where y is the output, x the inner states of the system and u the input. Index R indicates
the values of the variables in the working point. Expanding h into a Taylor series up to
ﬁrst order yields
yR + ∆y = h(xR , uR ) +

d
d
h(xR , uR )∆x + h(xR , uR )∆u.
dx
du

(2.45)

Since our system does not contain internal dynamic states, so we can set x = 0 and xR = 0.
Because yR = h(xR , uR ), we get the relation
∆y =

d
h(uR )∆u.
du

Applying this to our feedback we will get
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(2.46)

π
∆V1 = V̂1 cos ( ) ∆(ψ − θ),
2
this results in a transfer function of the feedback
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GF (s) =

(2.47)

∆Y (s)
= V̂1 .
∆U (s)

(2.48)

Now the feedback needs to be redesigned to obtain our desired function as output. In this
work two approaches will be covered. Both of them have their strengths and weaknesses
depending on the use cases.

2.3.1 Hybrid demodulation approach
In the ﬁrst approach, called hybrid demodulation approach.We demodulate the in-phase
component of V1 and the quadrature component of V2 . Figure 2.12 shows a block diagram
of the system.
−2 sin(Ωt − θ)
×

Low-pass

×

Low-pass

−

V̂1 sin(ψ − θ)

V̂1
V̂2

−2 sin(2Ωt − θ)
Figure 2.12: Block diagram representation of the hybrid demodulator system
Note that the ﬁrst signal has the form
π
V1 = −V̂1 sin(ψ) sin(Ωt) = −V̂1 sin(ψ) cos (Ωt − ) .
2

(2.49)

By demodulation of the quadrature component of V1 we will get at the output of the
low-pass ﬁlter the signal
π
VL1 = −V̂1 sin(ψ) sin (− + θ) = V̂1 sin(ψ) cos(θ).
2

(2.50)
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f (t)

Td

f (t − Td )

Figure 2.13: Block diagram of a time delay element with an input function f (t) and output
f (t − Td )
Demodulation of the quadrature component of V2 and then low pass ﬁltering and
amplifying it by V̂V̂1 will give us
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2

VL2 = V̂1 cos(ψ) sin(θ).

(2.51)

Subtracting VL2 from VL1 will give us the desired signal
Vout = V̂1 sin(ψ − θ),

(2.52)

where θ is the reference phase we want to achieve. The upsides of this approach are that
it is simple and that it can be implemented as an analogue circuit relatively easy. If it is
implemented digitally it needs low processing power because of the simplicity. The downside
is that the demodulation happens at two diﬀerent frequencies and we introduce the phase θ
via a phase delay. Thus, in order to have the same phase diﬀerence on both frequencies we
need the delays to be
TΩ = 2T2Ω .

(2.53)

Another limitation of this system is that the signal of the laser needs to be detected by
the photodiode and then travel trough the circuitry of the detector system and is then
measured by our feedback system. This process takes time and causes a delay of the signal.
Figure 2.13 shows the input and output relation of a time delay element. If we put two
sinusoid signals with diﬀerent frequencies at the input, we will get as outputs
s1 = cos(Ω(t − Td )) = cos(Ωt + ΩTd ) = cos(Ωt + ε1 )

s1 = cos(2Ω(t − Td )) = cos(2Ωt + 2ΩTd ) = cos(2Ωt + ε2 ).

(2.54)
(2.55)

The phase delay caused by the circuitry is not the same for diﬀerent frequencies. This
phenomenon can lead to inaccuracies in our measurements, if ε = ΩTd is suﬃciently large.
Hence, the error caused by the delay is proportional to the frequency and inverse proportional
to the delay. This means that for our system to work ε must be negligible.
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2.3.2 Double quadrature demodulation approach
For systems in which the hybrid demodulation approach reaches its limits, a more complex
method can be used. It is called it double quadrature demodulation approach, because the
quadrature demodulation method will be used on both frequencies Ω and 2Ω.
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2 cos(Ωt − θ)
×

Low-pass

×

Low-pass

()2
()2

(V̂1 sin(ψ))

2

+

−2 sin(Ωt − θ)
Figure 2.14: Block diagram representation of a quadrature modulator for incoherent amplitude detection for V1
Figure 2.14 shows a quadrature demodulator slightly diﬀerent from the one in ﬁgure 2.11.
At the exit of our low-pass ﬁlters we have the quadrature components of our signal
π
V1,I = −V̂1 sin(ψ) cos ( + θ) = V̂1 sin(ψ) sin(θ)
2

(2.56)

π
V1,Q = V̂1 sin(ψ) sin ( + θ) = V̂1 sin(ψ) cos(θ).
2

The signal has an initial phase shift of

π
2

(2.57)

because

π
sin(Ωt) = − cos (Ωt + ) .
2

(2.58)

By squaring V1,I and V1,Q then adding them together we will get
[V̂1 sin(ψ) sin(θ)] + [V̂1 sin(ψ) cos(θ)] = [V̂1 sin(ψ)] ,
2

2

2

(2.59)

which is the square of the amplitude of V1 . Is is not dependent on θ anymore, which makes
this method superior compared to the hybrid demodulation. This also means we do not
need the demodulator system to share the same signal generator reference with the actuator
system. We now have the possibility to introduce a local signal generator or a separate
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signal generator, because the phase diﬀerence between them does not matter anymore. The
only thing that matters is that the reference signal has the same frequency as the crier.
2
Applying the same process for the signal V2 yields its amplitude [V̂2 cos(ψ)] . Knowing
the phase of the quadrature components can be helpful, but it is lost during the squaring.
However, it can be reconstructed measuring the phase of the quadrature components before
squaring. The phase is calculated
θ = arctan (

V1,I
).
V1,Q

(2.60)

To get the desired function of our output signal V̂1 sin(ψ − θ) we need to introduce
new local variables sin(θ) and cos(θ) where θ is the desired phase we want to achieve.
Figure 2.15 shows the second stage of the demodulation process in which the variable θ is
introduced. First, we need to take take the square root of the square of the amplitude. For
the amplitude of the signal V2 we need an additional multiplication with V̂V̂1 . By multiplying
2
the ﬁrst signal with cos(θ) and the second with sin(θ) and subtracting them, we get the
desired signal at the output sin(ψ − θ). Although the double quadrature method solves the
limitations of the hybrid demodulation method, the drawback is much higher complexity.
It is relatively easy to realize digitally in a program like LabView but hard coding it would
be a much bigger challenge than the hybrid demodulation method. Building an analogue
circuit would be also more complex for this method.
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cos(θ)
[V̂1 sin(ψ)]

2

√
()

×
V̂1 sin(ψ − θ)

−
[V̂2 cos(ψ)]
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2
V̂1
V̂2

√
()

×
sin(θ)

Figure 2.15: Block diagram of the second stage of the double quadrature demodulation
method. Square rooting and multiplying with local variables gives us the
desired output

2.4 Synchronization
Receiver systems that use local oscillators need their phase to be synchronized with that
of the transmitter. There are multiple levels of synchronisation, but for our system the
physical level of synchronisation is important. This process is also called carrier recovery
(CR) [4, 8]. Figure 2.16 shows the block diagram with the CR system. It generates a local
copy of the carrier signal which is synchronous with the carrier signal is or it has a constant
phase shift.
The most intuitive realisation of this system would be to measure the the phase of the
quadrature components and to control the phase of the local oscillator via feedback. The
problem for this method is that our information lies in the amplitude of the signal. If the
amplitude is negative, it will be interpreted as a 180○ phase shift of the carrier signal and
s(t)

×

LP
r(t)

CR
Figure 2.16: Position of the carrier recovery system in the block diagram
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×

LPF

I-channel
A cos(θ)

A cos(Ωt)

VCO

H(f)
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π
2

×

×
A sin(θ)

LPF

Q-channel

Figure 2.17: Block diagram of Costas loop
not as a movement of the mirror in the negative direction. The solution for this problem
is a mechanism called Costas loop. It consists of two phase-locked loops that are forming
the quadrature demodulator with a feedback. Figure 2.17 shows the block diagram of the
conﬁguration. The I- and Q-channel carry the phase information in the form
sI = A cos(θ)

sQ = A sin(θ).

(2.61)
(2.62)

Multiplication of these signals results in

1
sI ⋅ sQ = A2 sin(θ) cos(θ) = A2 sin(2θ).
2

(2.63)

The multiplication has two beneﬁts. First, we now have the square of the amplitude
(which means we lost the information about the sign of the amplitude of the signal). Second,
we have an error signal 12 A2 sin(2θ), which gives us information about the phase diﬀerence
between the carrier and the reference.
The error signal then goes into a loop ﬁlter which ﬁlters the high frequency noise and
contributes to stability. It consists of a low-pass ﬁlter and an integrator. In the next step
the signal goes into a VCO (Voltage controlled oscillator). A VCO oscillates with a free
running frequency f0 as long as there is no voltage applied to the input. If we apply a
voltage on the input it changes its frequency to f0 ±fm . For our digital system we will use an
NCO (numerically controlled oscillator). It is the digital equivalent for the VCO and uses
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Figure 2.18: Realization of Costas loop in LabView
the frequency, phase and sampling rate as inputs to generate a discrete sine wave. Figure
2.18 shows our algorithm of the Costas loop. The signal enters our quadrature demodulator
block. The I- and Q-channel outputs are multiplied and fed into a PID. The reference
point of the PID is set to 0. The output of the PID is coupled back to the phase input
of the oscillator. Theoretically, we could set the reference point of the PID to any angle,
but if we set it to 0, we will get the amplitude directly out of one of the channels, without
further signal processing. Depending on whether the proportional element of the controller
is positive or negative we can lock our amplitude to come out of the I- or Q-channel.
Figure 2.19 shows the simulation results of the PID output for a θ = −45○ phase delay of
the carrier signal. We can observe that the PID output drops from its initial state to −45○ .
Because the PID is connected to the input that deﬁnes the phase of the reference signal, it
shifts it by −45○ . The conﬁguration shifts the phase of the reference signal until the phase
error is zero, so in the end we get a reference that has the same phase as the carrier.
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Figure 2.19: Simulation of Costas loop, for a θ = −45○ phase delay of the carrier signal
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Chapter 3
Implementation
Now that the working principles of the subsystems are covered, we can build them together and perform measurements. Here, I present analogue and digital solutions for the
implementation of the diﬀerent methods covered in the previous chapter.

3.1 Digital circuit
Before we discuss the algorithm itself, we ﬁrst need to introduce how the analogue signal
from the interferometer is digitalized.

3.1.1 Data acquisition
The program used for the implementation is LabView, but it can be realized with any
other programming language. Our LabView algorithm needs to acquire data from the
interferometer. We used a LabView compatible device called MyDaq. It has two analogue
inputs and outputs that can be used in this set up. The analogue input of the MyDaq
can handle up to 125 kS
s (kilo samples per second). It is connected to an analogue digital
converter that converts an analogue signal into a digital signal.
Figure 3.1 shows a block diagram of a standard analogue digital converter (ADC) [4, 8].
However, the ADC of the MyDaq does not have an anti aliasing ﬁlter. The aliasing eﬀect
appears when the Nyquist sampling criterium is violated. It states that a sine function
u

Anti aliasing Filter

Sampler

Quantizer

Coder

Code

Figure 3.1: Block diagram of a standard analogue digital converter

45

Chapter 3 Implementation

S(f )

Die approbierte gedruckte Originalversion dieser Diplomarbeit ist an der TU Wien Bibliothek verfügbar.
The approved original version of this thesis is available in print at TU Wien Bibliothek.

−fm

−fs

0
∗

S(f )

f

−fs

−fs − fm

f
fm

0

−fm

fs

S(f )

0

fm

fs

fs + fm

f

Figure 3.2: Process of getting the spectrum of a sampled signal where fs = 2fm

can be fully detected, if we sample it at the double of its frequency. If a signal has more
than one frequency then the sampling rate fs needs to be more than or equal to the largest
frequency in the signals spectrum
fs ≥ fm ,

(3.1)

where fm is the largest frequency in the spectrum. To understand this we can visualize
the sampling process. The sampling process can be described as multiplying a signal with a
series of Dirac impulses with a separation of f1s . If we switch from time domain, to frequency
domain the multiplication becomes a convolution and the series of Dirac impulses has a
separation of fs .
Figure 3.2 shows the process of sampling in the frequency domain for the case where
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fs = 2fm . The convolution of the spectrum of a function with a series of Dirac impulses
results in a series of copies the original function with the separation of fs . Figure 3.3 shows
the resulting spectrum if the Nyquist criterium is violated. We can observe an overlapping
of the signals. This means that higher frequencies will be interpreted as lower frequencies
which can cause noise in our signal and inaccuracies.
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Figure 3.3: Spectrum of a sampled signal where the Nyquist criteria is violated fs < 2fm
To avoid aliasing we need to implement a low-pass ﬁlter that ﬁlters all frequencies
higher than the half of the sampling rate. We will use our device at a sampling rate
of 80 kHz. A simple low-pass ﬁlter of ﬁrst order and cut-oﬀ frequency at 40 kHz will be
enough to suppress the higher frequencies. By experimenting with the MyDaq device
and the interferometer we observed that the interferometer output is altered when it is
connected directly to the MyDaq. This happens at the sampling frequency. To avoid this
behaviour we need to separate the two devices with a voltage follower (also called unity gain
ampliﬁer or buﬀer ampliﬁer). Because low-pass ﬁltering causes a phase shift and the hybrid
demodulation (as discussed in the last chapter) is sensitive to phase shifts of the signal
unlike the double quadrature demodulation, we will use the anti-aliasing ﬁlter only in dual
quadrature demodulation and in the hybrid demodulation only work with just the buﬀer.
Figure 3.4 shows the circuit of the anti aliasing ﬁlter with buﬀer. The ﬁlter response is also
frequency-dependant, which means that it changes the magnitude of diﬀerent frequencies
diﬀerently. This can be corrected in the algorithm by measuring or simulating the circuit
for the frequencies used. Figure 3.5 shows a simulation of the circuit with an linear y-axis.
By inverting the magnitude function in the software, we can recover the original magnitude
of the signal.
After the signal is sampled, it is quantized. This means that the continuous signal
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Figure 3.4: Circuit of an anti-aliasing ﬁlter with a 40 kHz cut oﬀ frequency and a buﬀer

Figure 3.5: Transfere function of an anti-aliasing ﬁlter with buﬀer simulated in Multisim
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amplitudes will be converted into a signal with discrete amplitude values. The quantizer
chooses the nearest quantized amplitude value for the continuous amplitude value. The
information loss of this process is called quantization error. In the next step, the quantized
amplitude is encoded which is sent via an USB to our PC.
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3.1.2 Hybrid demodulation
For the hybrid demodulation we will use the setup shown in Fig. 3.6. The reference signal
used for demodulation will be generated by the same source that modulates the signal. It
will be connected to one of the analogue inputs of the data acquisition device. On the
second of the two inputs the photodiode of the interferometer will be connected. The
analogue output of the data acquisition device will be connected to adder circuit where it
is combined with the modulation signal and a DC voltage.
MI

PD
PC

ACT

OSC

FB

ADD

PID

BIAS
Figure 3.6: Block diagram of our system for hybrid demodulation method.(MI-Michelson
interferometer,PD-photo diode, FB-feed back, OSC-Oscillator, PID-Controller,
ADD-Adder, BIAS-DC voltage for piezo, ACT-Actuator system
Figure 3.7 shows the LabView algorithm we designed for hybrid demodulation. The ﬁrst
block represents the analogue inputs of the data acquisition device. In this block, we can
set up the ADC speciﬁcations, such as the sampling rate, expected signal amplitude and
buﬀer size.
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Figure 3.7: LabView algorithm for hybrid demodulation
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The amplitude settings are important because they can adjust the quantizer to work on
a predeﬁned amplitude range which reduces the quantization error of the system. Before
the information is sent to our PC, it is ﬁlled into a buﬀer. For large buﬀers, the MyDaq is
capable to send many samples at once, but the tradeoﬀ is that the system is not working in
real time. That is the reason why we want our buﬀer to be as small as possible. After the
signal leaves the data acquisition block, it is split in to two signals, one for each input pin.
One signal comes from the interferometer photodiode, the other from the oscillator. The
signal coming from the oscillator goes into a normalization block, which normalizes the
amplitude of the signal to one. This is very important because of the next step. Since we
are demodulating for Ω and 2Ω and we only have one signal with the angular frequency Ω,
we need a frequency-doubler mechanism. It can be realized if we multiply it by the same
signal only π2 phase shifted and doubled magnitude
sin(ΩkT ) ⋅ 2 cos(ωkT ) = − sin(2ΩkT ).

(3.2)

Continuous time needs to be transformed into discrete time for our system
(3.3)

t → kT,

where k is the discrete time step and T is the time distance between two time steps. It is
proportional to the inverse of the sampling frequency
T=

1
.
fs

For Ω = 1kHz and a sampling rate fs = 80kHz a
kd =

(3.4)
π
2

phase shift corresponds to

1 80 kHz
= 20.
4 1 kHz

(3.5)

This means we need a time delay of 20 samples to have the signal π2 phase shifted. Now
that we have our signals Ω and 2Ω, we need to introduce a phase delay θ which is the phase
we want our system to be in. This is done by two delay blocks each on the two reference
signals. It is very important to always have twice as much delay on the Ω signal than on
the 2Ω signal. This can be seen by
sin(Ω(k − kd )T ) = sin(ΩkT − Ωkd T ) = sin(ΩkT − θ)

sin(2Ω(k − kd )T ) = sin(2ΩkT − 2Ωkd T ) = sin(ΩkT − 2θ),

(3.6)
(3.7)
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Figure 3.8: Diagram of a simple IIR ﬁlter
so the same delay causes the double phase shift on the doubled frequency. After we have set
up our references, we can now demodulate the signals by multiplying it with the references.
After the multiplication, the signals need to be low-pass ﬁltered and ampliﬁed. The ﬁlter
used is an elliptic IIR (Inﬁnite impulse response) ﬁlter, but an FIR (ﬁnite impulse response)
ﬁlter can also be used. The advantage of an FIR ﬁlter is that it is stable, but needs more
processing power. An IIR ﬁlter can be unstable, but needs far less processing power. The
used ﬁlter design tool of LabView performs the stability checks and makes the IIR ﬁlter
design reliable. Figure 3.8 shows a simple IIR ﬁlter of the second order [13]. By varying
the coeﬃcients ai and bi we get a change in the transfer function of the ﬁlter. After the
signals leave the ﬁlters and are ampliﬁed, we obtain the signals
V1 = V̂1 sin(ψ) cos(θ)

(3.8)

V2 = V̂1 cos(ψ) sin(θ).

(3.9)

By subtracting V2 from V1 we get our ﬁnal signal

V = V̂1 sin(ψ − θ),

(3.10)

which represents the error signal that is fed into our PID controller.
The parameters of the PID controller could be calculated but it is easier and more
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Figure 3.9: Spectrum of the signal when both transducer and piezo are oscillating
accurate to simulate it, because we are dealing with a non-linear system and by simulating
the results we can see how the PID behaves. Figure 3.10 shows the simulation algorithm in
LabView. The ﬁrst two blocks represent the oscillations of the piezoelectric element and
the transducer. The piezo is oscillating at 1 kHz and the transducer at 100 Hz frequency.
They are added together with the phase deﬁned by the position of the mirror.
By putting them trough a cosine block, we get the function cos[ψ+ψd sin(Ωt)+ψm sin(ωt)]
where ψm is the modulation index of the transducer and ω its frequency. Figure 3.9 shows
the spectrum of the signal with both transducer and piezo oscillating. We can see from
the spectrum that the result is a modulation of the Bessel coeﬃcients with a modulation
index ψm and frequency ω. Now the signal at the ﬁrst Bessel frequency of the stabilisation
modulation is

s1 (t) = J1 (ψd ) sin(ψ) sin(Ωt)[J0 (ψm ) + J1 (ψm ) sin(ωt) + J2 (ψm ) cos(ωt)].

(3.11)

By looking at our signal we have two concerns we should consider. The ﬁrst is the
amplitude of the signal at frequency Ω, it will be multiplied with J0 (ψm ). For modulation
indexes where J0 (ψm ) → 0 our measurement will be inaccurate. Therefore we want J0 (ψm )
to be at not too small. This can be obtained by lowering or rising the transducer voltage
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Figure 3.10: LabView algorithm for simulation of the hybrid demodulation set up with PID
controller and oscillating transducer
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Figure 3.11: Spectrum of the signal at the output of the multiplier of the demodulator at
Ω frequency
such that J0 (ψm ) increases. The second concern are the low pass ﬁlters of the demodulators.
Without the transducer, we could have the cut-oﬀ frequency at Ω. Looking at the spectrum
coming out of the multipliers of the demodulator shown in Fig. 3.11, we can see peaks at
multiples of ω. This means that now the cut-oﬀ frequency of the ﬁlters needs to be at ω.
Because of better visualization the hybrid demodulation system is put into one block
with four inputs: signal, reference, delay (for θ) and ampliﬁcation (for JJ12 ). The output of
the demodulator is connected to a PID, which is coupled back to the phase and multiplied
○
by the transfer function of the actuator system, in this case 18.03 V . Depending on the
interferometer and the modulation strength of the signal, the parameters of the PID are set.
For this particular setup, the parameters KP = 3 and KI = 0.001 give good results. Figure
3.12 shows the simulation results of the setup. We used as input variables ψd = ψm = θ = 45○
and we increased the phase ψ from 0○ to 90○ . By looking at the output of the PID at
the beginning it jumps to around 2.5 V which is equal to −(ψ − θ) = 45○ . By increasing ψ
the output of the PID is decreasing. For ψ = θ the output of the PID is zero. By further
increasing of ψ, the output of the PID has negative values because ψ > θ. We can observe
that because of the low cut-oﬀ of the ﬁlter, there is no interference between the measurement
and stabilization signal.

55

Die approbierte gedruckte Originalversion dieser Diplomarbeit ist an der TU Wien Bibliothek verfügbar.
The approved original version of this thesis is available in print at TU Wien Bibliothek.

Chapter 3 Implementation

Figure 3.12: Simulation results for θ = 45○ and increasing ψ from 0○ to 90○ by a step of 10○

3.2 Double quadrature demodulation

For the quadrature demodulation, we will use the setup shown in Fig. 3.13. The reference
for the piezo is generated with a signal generator, and the reference for the detector with an
intern software-generated oscillator. This means that for this detection method, we will use
only one analogue input port. The rest of the setup is the same as for hybrid demodulation.
Figure 3.14 shows the LabView algorithm used for double quadrature demodulation. The
signal from the interferometer goes into an input pin of the data acquisition device. The
device is represented by the DAQ block on the left side. The signal is split and goes into
the two quadrature demodulators. The inside of the quadrature demodulator is shown in
Fig. 3.15. It is based on the examples of the oﬃcial LabView website. The inputs of the
block are the reference and the signal. They are fed into the data transformation blocks.
The data is transformed from wave to array. Phase shifting of the reference is done by a
Hilbert transform block. It causes a − π2 phase shift to the reference signal
π
cos (Ωt − ) = sin(Ωt).
2

(3.12)

In the next step, the two signals are multiplied with the carrier. Low-pass ﬁltering is then
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Figure 3.13: Block diagram of our system for double quadrature demodulation method.(MIMichelson interferometer,PD-photodiode, FB-feedback, OSC-Oscillator, PIDController, ADD-Adder, BIAS-DC voltage for piezo, ACT-Actuator system
done by a block that splits the AC from the DC signal component. In the end the I- and
Q-component are multiplied by the constants. Now we have I- and Q-components at the
output of the quadrature demodulation block. They are split into two paths. One is leading
to the PID of Costas loop and then to the signal generator for carrier recovery. The second
is used for the regulation of the phase. We use the Q-channel of the ﬁrst demodulator and
the I-channel of the second which contain the full amplitude information of the signal. The
ﬁrst signal is multiplied by cos(θ) and the second by sin(θ) and JJ21 yielding
s1 = V1 sin(ψ) cos(θ)

s2 = V1 cos(ψ) sin(θ).

(3.13)
(3.14)

By subtracting those two signals, we get our error signal V1 sin(ψ −θ) which is the input of
the PID. The PID has also an enable mechanism. We can enable it after the synchronization
is ﬁnished. The PID is fed back, multiplied by the transfer function of the actuator system
and added to the phase.
Figure 3.16 shows the simulation results of the setup. We used the same simulation
variables and methodology as in the hybrid demodulation, except we introduced a phase
delay of the incoming signal. The phase delay was 5 samples which is equivalent to a phase
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Figure 3.14: Spectrum of the signal at the output of the multiplier of the demodulator at
frequency Ω

Figure 3.15: LabView implementation of the quadrature demodulator
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Figure 3.16: Simulation results of the double quadrature demodulator with Costas loop
carrier recovery and PID feedback control
shift of π8 at Ω and π4 at 2Ω. By looking at the results we have the same curve, which means
we have the same results as in the hybrid demodulation and have overcome a huge phase
shift diﬀerence in the two diﬀerent frequencies.

3.3 Analogue circuit
Building an analogue circuit for our system has it adwantages and disadvantages at the same
time. The advantages are that it is cheaper and more simple because no programming and
introduction of a microcontroller is needed. The disadvantages are that it is less accurate
and it is harder to implement changes. By looking at the block diagram for the hybrid
demodulator in Fig. 3.17, we can see that we need seven elements for our analogue circuit:
two multipliers, two-low pass ﬁlters, two ampliﬁers and one adder.
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s(t)

×

LPF2

V1 sin(ψ − θ)

2 VV21 sin(θ)

cos(2Ωt)
Figure 3.17: Block diagram of the analogue demodulation system
The demodulator is slightly diﬀerent from the one we used in digital demodulation.
Assuming there is no delay between the carrier and reference, the signal coming out of the
ﬁrst low-pass ﬁlter will be
1
s1 = −V1 sin(ψ).
2

(3.15)

The signal coming out of the second low-pass ﬁlter will be
1
s2 = V2 cos(ψ).
2

(3.16)

In this circuit we do not introduce the desired angle θ through a delay, but by multiplying
the signals s1 and s2 with cos(θ) and sin(θ). Adding the signals together with an inverting
adder circuit will result in
sout = V1 sin(ψ − θ)

(3.17)

For the signal multiplication, we will use an AD33AN IC. For inputs x and y it gives an
output of w = x⋅y
10 . Figure 3.18 shows a schematic of the circuit with the simulation results.
For a 1 V and 1 kHz input and reference we got an output with a DC value of 55 mV, which
is a 10 % error rate.
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Figure 3.18: AD633AN multiplier schematic with simulation in Multisim
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Figure 3.19: Schematic of a third order low-pass ﬁlter
The low-pass ﬁltering will be done with a third-order low-pass ﬁlter. We will use a
Sellen-Key second-order low-pass and a ﬁrst order low pass connected in series which will
result in a third order ﬁlter [11, 12]. The values for the resistors and capacitors have been
chosen for a cutt-oﬀ frequency fc = 24 Hz.
Simulating the circuit in Multisim, we get the transfer function shown in Fig. 3.20. We
can see that the signal at 100 Hz is attenuated below 1% of its amplitude.

The two ampliﬁers and the adder can be realized in one circuit. Figure 3.21 shows the
schematic of the inverting adder circuit. The output voltage of the circuit will be
Vout = − (Vin1

R3
R3
+ Vin2 ) .
R1
R2

(3.18)

In order to introduce θ into the signals correctly, we need to make sure that we choose
the resistances according to the relations
R3
= 2 cos(θ)
R1

V1
R3
= 2 sin(θ).
R2
V2

(3.19)
(3.20)

We can deﬁne θ and choose a ﬁxed value for R3 and then calculate the other two
resistances R1 and R2 .
As we can see, we can only have θ between 0 and π2 with this set up. we can ﬁx this
with an easy workaround by inserting one inverting ampliﬁer and a mechanical switch on
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Figure 3.20: Transfer function of the low pass ﬁlter

Figure 3.21: Inverting adder circuit

63

Chapter 3 Implementation

1 S
LPF

G
2
-1
3

Die approbierte gedruckte Originalversion dieser Diplomarbeit ist an der TU Wien Bibliothek verfügbar.
The approved original version of this thesis is available in print at TU Wien Bibliothek.

Figure 3.22: Block diagram of the position of the mechanical switch
each signal between the adder and the low-pass ﬁlter shown in Fig. 3.22. There are three
states the switch can take on. In position 1, we have positive values of sin(θ) or cos(θ).
In position 2, we can have negative values of sin(θ) or cos(θ). If we switch to position 3,
which is disconnected, sin(θ) or cos(θ)will be set to zero.
Now that we have our error signal we can add an analogue PI controller. It consists of
three parts, an inverting ampliﬁer, an integrator and an adder. The circuit diagram of the
PI controller is shown in ﬁgure 3.23.
The transfer function of the PI controller will be the sum of the transfer functions of the
integrator and proportional element. The transfer function of the proportional element is
GP = −

R4
.
R5

(3.21)

To calculate the transfer function of the integrator we need to calculate its output
ua (t) = uc = −

1
1
ie (t)dt = −
ue (t)dt.
∫
C1
R1 C1 ∫

(3.22)

The Laplace transformation of this equation and dividing with the input, yields the
transfer function
GI = −

1
.
R1 C1 s

(3.23)

The transfer function of the whole PI circuit will be
GPI =
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Figure 3.23: Schematic of the analogue PI controller
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3.4 Measurement results
To characterize the diﬀerent stabilization principles the measurement setup depicted in Fig.
3.24 is used. The alignment laser has a wavelength in the visible spectrum and is used for
the alignment of the two mirrors. The laser driver generates a laser with a wave length of
1300 µm that is used for the measurement. Via an optical waveguide it is connected to the
Michelson interferometer. It splits the laser beam in two and leads them over two optical
waveguides to the two lenses. One of them focuses one laser arm at the probe, the second
focuses the other at the reference piezoelectric mirror. The characterization of the setup
was performed in a three stage manner:
1. Transfer-function of the piezo buzzer without stabilization: A piezo buzzer with
a known transfer-function is placed instead of the electric ﬁeld transducer at the
measurement arm of the interferometer. A frequency sweep is performed on the
driving voltage of the piezo buzzer for diﬀerent oscillation amplitudes. Fig. 3.25
shows the measurement results. It turned out, that the noise induced drift impedes a
stable working point which causes spikes in the transfer-functions.
2. Transfer-function of the piezo buzzer with stabilization: Similar setup is used as before.
The only diﬀerence is that the stabilization is performed trough the piezoelectric
mirror on the reference arm of the interferometer. By looking at the results shown in
Fig. 3.26 we can see that the transfer-function is smooth with the stabilization turned
on. At very low amplitudes, of the piezo buzzers driving signal, the SNR (Signal to
noise ratio) is very low and a huge amount of noise is measured. In the laboratory
where these experiments were performed there are strong noise sources below 150 Hz
and at 1 kHz, that cause the spikes at those frequencies. The stabilization mechanism
is driven at 1125 Hz which leads to spike at that frequency. For larger amplitudes
the SNR raises and less distorted transfer functions could be obtained. By looking at
the phase of the signals multiple stable phase points can be observed. Those are the
working points on diﬀerent fringes of the interference pattern discussed in Sec. 1.4..
Large noise can cause the working point to jump from one to another stable point.
3. Amplitude measurement of the electric ﬁled transducer with stabilization: For this
measurement a slightly diﬀerent setup is used. The piezo buzzer is replaced by the
electric ﬁeld transducer and placed between two plates. To generate the electric ﬁeld
the plates are connected to a 200 V power supply. Due to the transducers low resonant
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Figure 3.24: Measurement setup: (1)-alignment laser, (2)-laser driver, (3) Thorlabs Michelson interferometer, (4)-measurement probe, (5)-reference piezoelectric mirror,
(6)-capacitor plates, (7)-lens of the measurement arm, (8)- lens of the reference
arm
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frequency of 170 Hz an frequency sweep is not performed. Instead an amplitude sweep
is performed at the resonant frequency and the amplitude and phase were measured
with the stabilization turned on. From the results shown in Fig. 3.27 we can observe
that we have a stable amplitude and phase for driving voltages larger than 5 V. Below
1 V the error rate is very high, due to high ﬂuctuations in phase and amplitude.
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Figure 3.25: Measured transfer function of a piezo buzzer without stabilization, at diﬀerent
driving voltages (Blue - 1 V, Green - 2 V, Red - 5 V)
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Figure 3.26: Measured transfer function of a piezo buzzer with stabilization, at diﬀerent
driving voltages (Blue - 0.02 V, Green - 0.05 V, Red - 0.1 V, Cyan - 0.2 V,
Purple - 0.5 V, Yellow - 1 V, Black - 2 V)
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Figure 3.27: Amplitude sweep of the transducer at the resonant frequency
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Conclusion and Outlook
3.5 Outlook, generation of a FM signal
The interferometer stabilization allows to maintain a constant working point, but the trade
oﬀ is that it brings with it complications in form of stability issues. Due to the sensitivity
of the Michelson interferometer a recalibration needs to be done before measurements or
when the transducer is changed. If it is not done there could be stability issues in the
measurement. A measurement without stabilization requires a signal that is independent
of the working point. A possible solution is to introduce a carrier into the interference
equation which yields
I
= 1 + cos (ωt + ψ + ψd sin(Ωt)) ,
2I0

(3.25)

where ω is the carrier frequency. The interference function now is a FM signal with the
carrier frequency ω that is modulated with a signal ψd sin(Ωt). The phase function caused
by ωt is plotted in the ﬁrst plot of Fig. 3.28. In the second plot the wrapped phase function
is shown. This leads to the conclusion that by inducing the right sawtooth phase-shift into
the system we can get an FM signal that is independent of the working point ψ. A change
in ψ introduces a change in the phase of the carrier wave and not in the baseband signal.
Options for implementation are to do it mechanically by driving the piezoelectric reference
mirror with a sawtooth voltage or to do it optically by driving the sawtooth voltage into a
pockels cell. Because the speed of the pockels cell is far more superior the use of the second
method is recommended. Fig. 3.29 shows a block diagram of the setup (similar to [15]).
By applying an electric ﬁeld to the pockels cell its refractive index changes, which results
in a change of speed of the light propagating it, and therefore, its phase at the detector.
The detection of this signal can be performed by various FM detectors [8]. The detector
used here consists of two parts: a diﬀerentiator and an envelope detector Fig. 3.30.
To verify the concept a LabView simulation is performed. The LabView code is represented
in Fig. 3.31. Results of the simulation are shown in Fig. 3.32. The ﬁrst is the FM modulated
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Figure 3.28: Unwraped and wrapped phase induced by the function ωt
Reference mirror

Beam Splitter
Source

λ
4

Polarizer

Plate

Pockels
Measurement mirror

Detector
Figure 3.29: Schematic representation of the modiﬁed Michelson interferometer
s1 (t)

d
dt

envelope detector

ψd sin(Ωt)

Figure 3.30: Block diagram of the FM demodulator
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signal. The second is the signal after the diﬀerentiation process. We already can see the
modulation signal ψd sin(Ωt) in the envelope. By changing the phase ψ the carrier signal is
phase-shifted, but the enveloping signal stays constant. In the third picture the signal after
it leaves the envelope detector is shown. It is the signal that carries the information about
the position of the measurement mirror.
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Figure 3.31: Simulation of the system in LabView. On the left side Eq. 3.25 is simulated.
On the right side is the FM detector
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Figure 3.32: Signals with their respective spectrum at three diﬀerent demodulation stages
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3.6 Conclusion
Measurements taken with the Michelson interferometer without stabilization revealed
insuﬃcient results. It was mainly by the noise induced drift of the mirrors that resulted
in a change of the path lengths of the two interferometer arms and therefore a drift in
the working point of the interferometer. Since the working point was not known changes
of the signal of interest could not be revealed. With the introduction of the stabilization
mechanism good results could be obtained. Two methods have been applied: hybrid and
double quadrature demodulation methods. Both methods use a similar concept. They both
need a piezoelectric mirror to be driven at a certain frequency that gave the information
about the instantaneous working point of the system. They showed similar performance
when the feedback is connected directly to the interferometer. If there is circuitry connected
between the feedback and the interferometer, the double quadrature method is better due
to its phase-lock mechanism. We also implemented the double quadrature demodulation
method and the signal generator on a micro-controller, which made things more practical
so there was no need for additional instruments. The results were very good and the
working point showed to be very stable. The transducer exhibits a low resonant frequency
that is in the domain of the relevant noise. An improvement could be achieved by using
a transducer with a higher resonant frequency. The method presented in the outlook
looks like a promising alternative that is superior to the current measurement method
with stabilization, because it does not need a stabilization and it does not require a ﬁxed
working point. The simulation showed promising results, but the problems of a real-world
implementation also needs to be solved.
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