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Abstract

The circuit quantum electrodynamics (QED) setup [1] was shown [2] to be an excellent system
for cavity quantum electrodynamics experiments in which the coherent interaction between an
atom and the light field in an optical cavity is investigated. This thesis summarizes our efforts
to adapt the measurement of electric field correlations to the circuit QED setup.

Correlation measurements are one of the most established methods in quantum optics to in-
vestigate light and its interaction with other systems. While very well understood theoretically
and experimentally in the context of optics, the application in the microwave domain is less
investigated and the subject of ongoing research [3] 4}, 5]. This is mainly a result of the
fundamentally different available detectors which are photon counters in the optical and linear
amplifiers in the microwave regime.

We discuss and present a system which allows to perform first and second-order correlation
measurements of microwave radiation. To demonstrate the working of this system we imple-
ment a source emitting a family of microwave single photon states similar as in Refs. [6] [7], [8].
We characterize the non-classical microwave radiation successfully by measuring different prop-
erties, such as the field quadratures, the photon number and the time-resolved first- and
second-order correlation functions.

In particular, we observe antibunching of the microwave photons in the second-order correla-
tion function which is an unambiguous sign for the quantum mechanical nature of our single
photon source. To our knowledge, this is the first documented observation of antibunching
of microwave photons.
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1. Introduction

With the advent of quantum mechanics about 100 years ago our physical understanding of the
world changed dramatically. The basic idea that energy in physical systems is quantized [9, [10]
resolved some of the most important inconsistencies in classical physics and evolved to the
most successful physical theory of today - quantum mechanics in its canonical formulation.
A huge variety of microscopic and macroscopic observations are explained on the basis of
quantum mechanical considerations with no accepted contradictions to theory until now.

For the first time energy quantization was observed in the photoelectric effect a result of
the interaction of light and matter. Today, the field of research in which the light-matter
interaction is studied is known as quantum optics (QQO) and is one of the most advanced
fields in quantum sciences. There are excellent theoretical and experimental tools available
which are very well understood and allow for the most detailed investigations [11]. Using
these tools important results were achieved which helped to develop a better understanding
of quantum mechanics in general.

As another topic in quantum science the processing of information in quantum systems recently
became of interest. The main motivation behind this idea was given by Feynman in 1982:
Realizing that a large quantum system can only be simulated using exponential amounts
of resources, he concluded [12] that quantum systems must have vast inherent information
processing capacities. This was confirmed by Shor in 1995 by his quantum algorithm [13] to
factorize large numbers, which is an intractable problem on classical computers. Ever since
there is an ongoing effort to implement the basic building blocks of a quantum system being
able to perform this kind of algorithms - a quantum computer.

Since QO systems are experimentally and theoretically well understood many attempts to
realize a quantum computer are fully or partly based on QO methods. Besides systems like
ion traps and linear optics, one of the most promising candidates is the circuit quantum
electrodynamics (circuit QED) setup, which is subject of investigation in our laboratory. In
circuit QED superconducting circuit elements are used to build microwave resonators and non-
linear quantum systems, which behave similar to atoms. It was shown that this is equivalent
to the cavity QED system [I] from QO where atoms inside an optical cavity are used to
study light-matter interaction. This equivalence is surprising since the physical realization
differs completely from optical systems, including the experimental setup which consists of
cryostats, microwave gear and superconducting circuits rather than lasers, optics and atoms
in free space.

Indeed the circuit QED system was able to demonstrate significant advantages over the com-
mon implementations of cavity QED systems. In particular the very strong coupling [2] be-
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tween atom and light which can be achieved in these systems together with reasonable co-
herence times [14] and excellent control [7] of the system allowed to observe many important
effects known from QO. The same virtues and the possibility to use fabrication methods from
microelectronics to engineer and scale up these systems qualifies it as an excellent candidate
for the implementation of a quantum computer. This was demonstrated recently by first
implementations of simple quantum algorithms [15] in a circuit QED system.

In this work we focused on the circuit QED system as a testbed for QO experiments instead of
its potential use for a quantum computer. This is interesting because the physical properties
can be engineered and one can enter parameter regimes which are not experimentally accessible
in other systems.

To investigate light fields and the interaction with matter one of most established tools are
measurements of the correlation functions of the electric field. In the measurement of correla-
tion functions one observes the ability of light to interfere with itself. This ability to interfere
is quantified in its degree of temporal coherence and is one of the key properties of light.
Beyond the characterization of light itself, its coherence properties can be used to study the
light emitting system. In many cases the temporal coherence properties are a finger print
of the internal dynamics of the emitter and reveal many details about the internal physical
processes.

While most of the physics in a circuit QED system is comparable to traditional QO systems [1]
they differ significantly in the detection methods. In experiments at optical frequencies the
best available detectors are photon counters and intensity detectors. Combined with beam
splitters they can be used to measure a variety of properties of light, such as the intensity,
the field-amplitude and different correlation functions of these quantities. In the microwave
regime of circuit QED however most experiments rely on a homodyne detection scheme using
microwave equipment such as linear amplifiers, mixers and oscilloscopes. In particular no
efficient microwave photon counters are available today which would allow to use the same
detection methods as in the optical domain.

Although the conventional measurement methods for correlation functions relied heavily on the
use of photon detectors it was shown recently [16] that they are also accessible in homodyne
detection schemes. In this thesis we work on the question how the such detection methods
can be adapted to the circuit QED system, without relying on photon counters but rather on
the existing homodyne detection method. In particular we focus on the measurement of the
first- and second-correlation functions of the electric field of a single photon source.
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In this chapter we will review the cavity quantum electrodynamics (cavity QED) setup and
discuss how this type of system can be implemented equivalently using superconducting mi-
crowave electronics known as circuit QED.

2.1. Cavity QED

The cavity QED setup consists of an optical cavity containing an atom and is frequently used
in quantum optics to investigate the interaction between light and matter. The cavity is made
by two highly reflective mirrors defining a quantized mode of the electric field. Due to the
high reflectivity of the mirrors, photons stay inside the cavity for a long time and can interact
with the atom several times. After a time 1/k characterized by the cavity decay rate k the
photons leave the cavity through the mirrors and can be detected on either end of the cavity.
The relevant characteristics of the cavity are given by its resonance frequency w,/2m and its
decay rate Kk or equivalently its quality factor Q = w,/k.

The atom inside the cavity interacts with the electromagnetic field of the cavity mode via
dipole interaction, which couples its electronic excitations to the cavity field. Although an
atom generally has arbitrarily many electronic levels, it is valid in many cases to describe the
atom as an effective two level system only considering a ground state |g) and one excited
state |e) with an energy difference of fiw,. This approximation is good as long as the atom
has an anharmonic energy spectrum, i.e. the higher-level transitions have frequencies different
from the first.

In the case where the cavity and atom are in resonance, they can efficiently exchange energy
quanta which happens at a rate g called the coupling constant. Normally the atom is coupled
by similar mechanisms to other uncontrolled degrees of freedom which results in an energy
loss at rate 7.

The Hamiltonian which describes this type of system is known as the Jaynes-Cummings Hamil-
tonian and is given by

a

h
;u o, +hg(alo™ +ota). (2.1)

1
HJC = hwr(aTa + 5) +
In the first term we have introduced the annihilation (creation) operator a (a') of the cavity
mode to describe the energy in the electric field. The second term represents the energy stored
in the atom where the Pauli z-operator is 0, = |g)Xg| — |e)e|. The atom-cavity interaction
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Figure 2.1.: Schematic of the cavity QED setup. Two mirrors define a quantized electric field mode. An atom
positioned inside the cavity interacts with the electric field via a dipole interaction and can decay into other
modes than the cavity mode indicated by the spontaneous decay rate -y.

is introduced by the third term where 0~ = |g){e| and o™ = |e)(g| are the lowering and
raising operators of the atomic transition. The rate of the interaction is given by the coupling
constant g.

The behavior of this system gets particularly interesting when the interaction between the
atom and the light field is strong such that g is larger than k and 7y, known as the strong
coupling regime. In this regime the dynamics described by the Jaynes-Cummings Hamiltonian
depend strongly on the detuning A = w, —w, between the atom and the cavity. To understand
the behavior of the system it is instructive to discuss the two limits of small and large detuning.

Dispersive limit

When the detuning is large so that |A| > g, no direct energy exchange between the electric
field and the atom takes place but only a dispersive interaction remains. Since the value of
g/A is small the Jaynes-Cummings Hamiltonian Eq. can be simplified using a second
order time dependent perturbation theory [17] by expansion in powers of g/A, leading to

2
g 1 hiw
Hgisp = 1 (wr + 5 az> (a*a + 2) + —2302. (2.2)

The first term describes the cavity as a harmonic oscillator with an effective resonance fre-
quency of w! = w, £ g?/A, depending on the state of the atom. This dispersive shift of
29°/A can be used to infer the atom state by measuring the cavity frequency [18]. Since the
Hamiltonian has no terms which would allow an exchange of energy this measurement is a
quantum non-demolition measurement (QND) of the atom state.

Rewriting the dispersive Hamiltonian

1 h 2g° g°
Haisp = Twy <3Ta—|- 2> +5 <wa + TaTa+ X ) o (2.3)

one can see that the dispersive interaction acts equally on the atom state. The second term
shows that the effective transition frequency of the atom is shifted by the photon number of
the cavity, known as the ac-Stark shift. We will see in the experiment chapter [5 that this
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allows to perform a QND measurement of the photon number in the cavity. The constant
term g2/A in the effective transition frequency is known as the Lamb shift and was measured
successfully amongst others in Ref. [19].

Vacuum Rabi Splitting

When the detuning between cavity and atom goes to zero for a system in the strong coupling
regime, cavity and atom cannot be regarded as individual systems anymore. Formally this
means that the atom and photon states are no longer eigenstates of the Hamiltonian. Instead,
the symmetric and and anti-symmetric superposition states

n, %) = (I9)In + 1) £ [e)|n))/ V2 (2.4)

are the new eigenstates of the system. For a given n, the energies of these states would
be degenerate in the uncoupled system and split up by 2v/nfig due to the coupling which is
known as the vacuum Rabi mode splitting. In this situation the atom and the cavity constantly
exchange excitations back and forth, which will be presented as time-resolved vacuum Rabi
oscillations in the experimental part of this thesis. A cavity QED system in this limit behaves
strongly non-linear due to the strong interaction leading to a wealth of interesting physical
effects as, e.g.the vacuum Rabi super-splitting [20] or the photon blockade [21].

2.2. Circuit QED

The circuit QED setup as proposed in Ref. [I] and demonstrated in Ref.[2] is a way to
implement a cavity QED system using superconducting electronic circuits. A schematic of the
setup used in our laboratory is found in Fig. . The cavity in this system is realized by a
finite length superconducting coplanar wave guide which is capacitively coupled to microwave
transmission lines. In this configuration the gaps in the center conductor act as mirrors and
define a single electromagnetic mode, typically in the lower GHz range. The coupling to
the transmission lines can be tuned by the design of these capacitances, where a smaller
capacitance leads to a smaller coupling or equivalently to a higher reflectivity of the mirrors.
By using high quality dielectrics and superconducting metals the internal loss in these type of
cavities can be minimized and quality factors of up to Q > 10.000 [22] 23] are achievable.

The atom in the cavity QED setup is replaced by an electronic device with anharmonic quan-
tized energy spectrum. Different devices were successfully implemented based on the insu-
lating tunnel barrier between two superconducting electrodes known as the Josephson tunnel
Junction, depicted in Fig. ). One possible implementation is the split Cooper pair box
(CPB) where two Josephson junctions are connected in a ring as in Fig. (2.2b). In the two
superconducting regions the electric charge carriers (Cooper pairs) have a macroscopic wave-
function which overlap in the insulator allowing them to tunnel coherently between the lower
superconducting region (reservoir) and the upper superconducting part (island). This device
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Figure 2.2.: a) Schematics of the circuit QED setup. The coplanar waveguide from a superconducting metal
(light blue) defines a microwave cavity by the two gap capacitors. The transmon qubit (dark blue) is placed
at an anti-node of the electric field. b) Circuit diagram of the split Cooper pair box. €) Schematic of the
Josephson Junction

can effectively be described as a single quantum system with the number of excess Cooper
pairs N on the island as a good quantum number. The corresponding eigenstates |N) form a
complete basis for the states of the box and allow us to write down the Hamiltonian for the
system [24] as

Heps = 4Ec Y (N — Ng)?[N)XN| — % D (N + 1|+ [NXN +1). (2.5)
N N

The first term describes the electrostatic energy of the excess Cooper pairs on the island.
The charging energy for one additional charge carrier on the island is E. = e?/2Cs, where
the capacity Csx is the overall capacity between island and reservoir. The gate charge Ny =
Cy4Vy/2e in this term is determined by the potential difference between island and reservoir
Vg and allows to tune the average number of excess carriers on the island. The second
term describes the coherent tunneling of the Cooper pairs at a rate E;/h determined by
the Josephson coupling energy E;j. This coupling energy is related to the critical current /.
through the junctions by E;(®) = I.(P)Do/27 and depends on the flux & through the loop
of the CPB. By adjusting an external magnetic field the Josephson energy can be tuned as
EJ = E_J,max| COS("T(D/(DON-

In the limit where Ec. > E; the CPB is referred to as a charge qubit because the charging
energy term dominates the Hamiltonian. Although CPBs in this regime were successfully used
as qubits they show a strong sensitivity to noise in the gate charge Ny. In our experiments
we use a modified version of the CPB with a large additional capacitance between island and
reservoir, which was proposed as the transmon qubit in Ref. [25]. This transmon is a charge
qubit in the limit E. < Ej which makes it insensitive to charge noise, because the contribution
of the electrostatic term in the Hamiltonian is less dominant. Although this also leads to a
strong reduction of the anharmonicity it was shown that it still remains sufficiently large.

The transmon qubit can be coupled via a dipole interaction to a microwave resonator by
placing it at an anti-node of the electric field mode. The Hamiltonian of the joint system can
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be written in terms of the eigenstates of the uncoupled transmon |/)
" 1 o\
H = th,|/></| + oy (aTa + 2) +> " hgijliYil(a + a). (2.6)
1

and is known as a generalized Jaynes-Cummings Hamiltonian [25]. This Hamiltonian can be
simplified by applying the rotating wave approximation and the reduction of the transmon to an
effective two level system [25]. The result is equivalent to the Jaynes-Cummings Hamiltonian
in Eq. which shows that the circuit QED system is an implementation of the cavity QED
setup.

Dispersive read-out of the qubit state

To read out the state of the qubit we can use the dispersive approximation of the Jaynes-
Cummings Hamiltonian presented in Eq. in the case where the qubit is strongly detuned
from the resonator |A| = |wge — wy| > g. Although for the transmon qubit higher level
transitions cannot be neglected, one can find an effective dispersive Hamiltonian [25]

1
Haisp,eff = Ehwgaz + (hw! + hxaz)aTa (2.7)

similar to Eq. 1) Here the qubit frequency w) = wge + gg2€/A and resonator frequency
W, = wy — ggf/QA are renormalized due to higher level transitions and the dispersive shift of
the resonator frequency is approximately given by

E./h
2 ¢
=—g— . 2.8
This shift is detected [18] by applying a continuous coherent microwave signal at a frequency
Wmeas to the resonator starting at the time t = 0. Including the measurement drive the
Hamiltonian in the frame rotating at the measurement frequency is
1
Hmeas = Ehwgo'z + (ﬁw? — NWmeas + hXUZ)aTa + ’7‘5(7-L)(3Jr + a), (2-9)
where €(t) is the time dependent amplitude of the measurement tone. Measuring the radiation
coming from the cavity by homodyne detection we can infer a complex valued signal

S(t) = v/ Zhwmeask (a(t)) , (2.10)

which gives us the time evolution of the expectation value of the annihilation operator, where
Z is the characteristic impedance of the system. This signal is different for the qubit in
the |g) or in the |e) state due to the dispersive shift of the resonator and can be predicted
theoretical by solving the cavity Bloch equations [26]. By comparing the measurement with
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the theoretical prediction the population of the excited state
Pe = ((07) +1)/2 (2.11)

can be extracted. The frequency of the measurement drive is chosen typically close or identical
to the resonator frequency, because the effect of the dispersive shift is most strong in this
frequency range. Although we only considered average values here, this type of measurement
also allows for single shot readout [27] and can even be extended to read out the populations
of higher transmon levels [28].

Qubit state control

Using coherent microwave signals one can not only read out but also coherently control the
qubit state. This can be achieved by applying a microwave tone close to the qubit transition
frequency w] when the qubit is strongly detuned from the resonator. Although most of the
radiation is reflected by the resonator, a sufficient part will enter and interact with the qubit.
The coherent driving field is considered a classical field with an amplitude €4(t) and a frequency
wq and can be included into the following effective Hamiltonian [17]

HO(t)

1 1
Herive = (Aw! — Awg)ata + E(hw; — hwg + 2hx(ata+ 5))02 + — 0%

(2.12)

where we introduced the Rabi frequency Q(t) = fjfdf(wtz This control parameter allows to
rotate the qubit state vector on the Bloch sphere around the x-axis, or, by adjusting the
phase of the drive signal also around the y-axis. The rate at which the state vector rotates
around the x-axis is given by the Rabi frequency and is controlled via the amplitude of the
driving signal. Neglecting rotations around the z-axes, the overall rotation around the x-axis
is characterized by the Rabi angle 6, = fQ(t)dt. By creating a pulse where the amplitude
and length are chosen such that for example 8, = 7 the qubit can be excited from the ground

to the excited state. For arbitrary Rabi angles the final qubit state reads

[%q) = cos (6:/2)[g) + sin (6:/2)]e). (2.13)



3. Measurement Setup

In this chapter we will describe the sample and the experimental setup used in the Quantum
Device Laboratory at ETH Zurich to perform the experiments presented in this thesis.

3.1. Sample

Our experiments were performed in the circuit QED device depicted in Fig. ) implemented
on a 500 um thick sapphire (ALOs) substrate. The largest feature in Fig. (3.1p) is the
microwave cavity, fabricated as a coplanar waveguide in a photo-lithographic process using
niobium which is superconducting below T, np = 9.2 K. The internal loss of such a cavity can
be minimized which reflects in internal quality factors reaching [29] Qi > 10.000. In this
sample the loss of the of cavity is dominated by the external loss to the two output ports,
which can be engineered by adjusting the coupling capacitors at both ends of the cavity, see
Fig. ) In our sample the external quality factor is Qext = 2060 which corresponds to a
decay rate of k/2m = 3.12MHz. The resonance frequency v, = 6.433 GHz is determined by
the length of the resonator which is in our sample about 10 mm. To reduce the overall sample
size the cavity can be fabricated in a meandering form without changing its basic properties.

On the right hand side of the cavity on an anti-node of the cavity field, a transmon qubit was
placed, see Fig. ), using shadow evaporation as described in Ref. [30]. In this process
the Josephson junctions are created by depositing a first layer of aluminum which is oxidized
to amorphous AhLQOs3 on the surface, followed by a second layer of aluminum constituting the
second electrode of the junctions. The coupling constant g and the charging energy E. can
be designed by the capacitances of the island and the reservoir to the ground plane and the
center conductor and were measured to be g = 54 MHz and E./h = 475 MHz. To make the
Josephson energy tunable the transmon was implemented using a split CPB with a loop area of
3 x 4 um? with a maximal energy of Ej max/h = 16.2 GHz in our sample. This allows a static
tuning of the qubit frequency using a miniature coil positioned below the sample. Additionally,
a local flux control line as investigated by L. Steffen [31I] was placed in the vicinity of the
CPB loop. The transmission line is shorted right before the qubit, such that short current
pulses allow to change the flux through the CPB on short time scales and thereby change its
transition frequency. This can be used to control the effective qubit-resonator interaction by
tuning them in and out of resonance.
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Figure 3.1.: a) Circuit QED device with meandering microwave resonator coupled to two output ports (left and
right). b) Coupling capacitor at the left port. €) A transmon qubit is coupled capacitively to the resonator. The
magnetic flux through the CPB is controlled by a static field and dynamically by a current / induced through
the flux line (lower port).

3.2. Cryogenics and filtering

To be able to observe quantum effects in the microwave regime it has to be ensured that the
thermal occupation of all relevant degrees of freedom is well below one quantum of energy.
In our system this energy is given by a single microwave photon with an energy of about
huy = 4 x 1072% J. This limits the temperature as

ks T < huy. (3.1)

This condition can be satisfied by using a dilution refrigerator [32] which can reach temper-
atures of around 20 mK corresponding in thermal equilibrium to a thermal occupation below
107° energy quanta. The dilution refrigerator used in our experiments employs a pulse tube
cooler [33] with a helium working medium to precool the first two stages to 70K and 4 K.
From there the cooling to 20 mK on the lowest stage is achieved by extracting heat through
the evaporation of 3He in a 3He“He mixture. While the absolute temperatures are very low
the cooling power on the lowest stage is only on the order of several uW. This is why one of
the critical design goals in the setup is to minimize the heat load to the lowest temperature
stage.

The most part of the heat load stems from thermal conductivity of the cables and can be re-
duced by using stainless steel cables with a significantly lower conductivity (~ 0.1 W/(m - K))
than regular copper cables (~ 20W/(m - K)). Additionally all microwave input lines are
equipped with attenuators at different temperature stages to thermalize the outer and in-
ner conductor to the respective temperatures (Fig. (3.2))). At the same time the attenuators

10
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reduce thermal radiation emitted by the room temperature equipment, so that not only the
physical temperature (lattice vibrations) but also the electromagnetic field temperature (pho-
ton excitations) in the sample stays cold.

These techniques are not applicable for the flux line, which has to be able to supply a significant
current for the flux tuning of the qubit. Placing attenuators in this line would lead to electrical
dissipation beyond the cooling power of the cryostat. Therefore the only attenuation is placed
on the 4 K stage followed by two non-dissipative 400 MHz low pass filters. These filters protect
the qubit from high frequency flux noise while retaining enough bandwidth for fast tuning of
the qubit frequency. This configuration proved to be a successful compromise between heating
of the lowest temperature stage and noise injected to the qubit.

As a final measure to reduce the thermal radiation entering the sample two circulators were
installed between the sample and two amplifiers on the output lines. These circulators act as
a one way valve for the microwave radiation, which can only travel in one direction indicated
by the arrows in Fig. . In this way the noise emitted by the amplifiers towards the sample
is filtered out and is deposited in the 502 termination on the third port of the circulator.
Additionally we use one of the lower circulators to connect a microwave input line, such that
one port of the resonator can be used as an input and both ports as measurement outputs.

3.3. Signal generation

To carry out the experiments, a variety of electrical high and low frequency signals need to be
send to our sample. These signals are produced by room temperature equipment and can be
divided into the following groups:

e Synchronization and trigger signals

e Continuous microwave signals for sample characterization, qubit read-out and qubit
spectroscopy

e Pulsed coherent microwave signals for qubit state preparation

e Pulsed low frequency/d.c. signals for qubit frequency tuning through the flux line

Synchronization and triggering

To perform high precision preparation and measurement of the qubit state all devices need
to be commonly synchronized, as depicted in Fig. .) This is achieved by phase locking
each device to a common 10 MHz reference provided by a Rubidium clock (SRS FS745). This
clock is stabilized against drifts in the clock frequency and provides a reference signal with
ultra-low phase noise.

The sequence of steps are performed during one realization of an experiment is defined by
the Tektronix 5014 arbitrary waveform generator (AWG). For each experiment the AWG plays
back a set of signals which switch the microwave sources on and off and trigger the beginning

11
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Figure 3.2.: Left: Schematics of the experimental setup. At room temperature (top) signal generation and
signal acquisition systems are depicted. Inside of the cryostat five temperature stages are equipped with different
components to achieve lowest temperature and lowest noise levels at the sample. Right: Photo of the open
cryostat with indications of the relevant devices and temperature stages.
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Experiment Trigger

m_rn_n Xilinx Xtreme DSP
FPGA board
”| 25 MHz Acquiris AP240

MW Source: Spec

MW Source: RF

v

Figure 3.3.:  Synchronization of the measurement setup. Green: 10 MHz phase lock signal, Blue: trigger
signals.

of the measurement for the two data acquisition cards. Typically many repetitions of an
experiment are performed to acquire enough information. These repetitions are controlled by
a free running external trigger starting a new experiment every 20-100 us.

Continuous microwave signals

For sample characterization we use continuous microwave signals generated by Agilent E825X
microwave sources, see Fig. . One source (RF) is used to measure the transmission
through the microwave resonator on the sample and can be switched on and off by the
AWG for qubit state measurements. The other source (Spec) is used to excite the qubit in
spectroscopic measurements.

Pulsed microwave signals

For the controlled preparation of qubit states we use microwave pulses generated by modulating
a continuous microwave signal with an 1Q-mixer, see Fig. ). The 1Q-mixer is driven by a
high power continuous microwave signal with frequency w| o through its local oscillator (LO)
port. This LO signal get modulated by the | and the Q signal provided by the AWG which we
will write as a combined complex modulation signal syoq(t) = /(t) + iQ(t). Then, the signal
emitted from the RF port of the mixer can be written as

ESD (1) = Smoa(t)e ™0t = (I(t) + iQ(t))e ot (3.2)

On each channel | and Q the AWG can provide signals with a bandwidth of 500 MHz, limited
by its sampling rate of 1 GHz. Since these two channels represent the real and imaginary
part of the modulation signal s,,0q We can distinguish positive and negative frequencies in this
signal and thus can generate pulses within a band of up to 1 GHz centered at the LO frequency
(Fig. (3.4k)). One of the limiting imperfections of the mixer is the leakage of radiation from
the LO port to the RF port which can have significant influence on the experiment. To

13



3. Measurement Setup
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Figure 3.4.: a) Generation of microwave pulses by an IQ mixer where the LO signal (red) is modulated by a
signal smod(t). A pulse with a shape A(t) (b) can be generated by direct modulation (c) or sideband modulation
where the leakage at the LO frequency (red) does not lie in the band of the pulse (d).

mitigate the impact of this leaking radiation we apply so-called single sideband modulation of
our microwave pulses. In this case the modulation signal is not given by the shape A(t) of the
desired pulse but by smeq(t) = A(t)e™™Ft where we choose an intermediate frequency wir of
typically 100 MHz. The resulting pulse is then described by

ELD (1) = A(t)e(wotwirnt (3.3)

and centered around w; o + wir as shown in Fig. . The leakage is now at a different
frequency than the pulse where it typically does not influence the experiment. Note that the
intermediate frequency can be chosen positive or negative, also denominated as upper and
lower sideband modulation respectively.

Pulsed low frequency signals

For the control of the qubit frequency via the flux line [31] we prepare low frequency pulses with
a bandwidth from d.c. up to 500 MHz. These pulses are subject to several imperfections which
have to be corrected to achieve high fidelity operation. First we correct for the distortion of the
pulses introduced by the AWG and the transmission line including the filters by the method
described in App. [Al Furthermore we have to compensate for the non-zero voltage offset
which the AWG outputs when a digital zero is programmed. This offset is presumably due
to imperfections in the AWG electronics and stabilizes only after several hours of continuous
operation of the AWG to a magnitude of +1 — 10 mV. This effect becomes more pronounced
for asymmetric output ranges e.g. +1V to —3V where the offset can exceed 10mV. The
offset is compensated using a d.c. voltage source connected to the AWG's add input port such
that digital zero and a turned off channel have both the same voltage of exactly 0.000V.
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3.4. Signal acquisition

3.4. Signal acquisition

To detect the radiation coming out of the microwave resonator we installed two detection
chains at each output of the resonator as depicted in Fig. . The measurements which
take place at a single photon level are enabled by the use of cryogenic low noise amplifiers
(LNA) installed at the 4K stage of the cryostat. These amplifiers are implemented using high
electron mobility transistors (HEMT) and define the amount of noise in the detection system.
The noise level is quantified by the noise temperature which is the equivalent temperature of
a black body radiator in front of a noiseless amplifier producing the same amount of noise as
our system. Frii's law for the noise temperature shows that the system noise temperature is
dominated by the first device in the detection chain

Trest

Tos = Ty ,
sys LNA + Ginn

(3.4)

because the power gain of the first amplifier G ya ~ 33dB = 2000 > 1. The noise tempera-
ture of the LNAs is specified at 4.5 K which poses a lower boundary to the noise performance
of the total system. From measurements we can extract a much higher effective system noise
temperature relative to the resonator output of ~ 17 K. This is significantly (5.8dB) higher
than the LNA noise temperature due to cable and insertion losses in front of the amplifiers.

At room temperature, the signal is further amplified by ~ 60dB to a level where it becomes
detectable by digital electronics. The amplified high frequency signal is converted down to
an intermediate frequency (IF) of typically 10 MHz or 25 MHz. For the down conversion we
use a single sideband mixer driven by a local oscillator which is phase locked to the input
microwave signals. The resulting IF signal is digitized by an Acqiris Data Acquisition Board
(AP240) and a Xilinx Xtreme DSP board where data processing, averaging and recording of
the measurement outcome takes place. For the details of the data processing steps involved

refer to Sec. and App. Bl

From a technical perspective the two data acquisition boards are in use because they of-
fer different advantages. The AP240 features a sampling period of 1ns and automatically
averages the recorded data over up to 65536 repetitions of an experiment. On two input
channels it can average in total 16.7 MPoints. This device is well established and integrated
into the measurement software and was used for all calibration and qubit measurements in the
experiments.

The Xilinx Xtreme DSP board only features 10 ns sampling period on two channels but can be
programmed to perform arbitrary operations on the data prior to averaging. A significant part
of the technical work in this thesis was the implementation of a signal processing algorithm on
this board to perform statistical analyses on the incoming signals. This includes the measure-
ment of averages, powers, cross-powers and different correlation functions. The theoretical
descriptions of these measurements are given in Sec. whereas the technical details of the
implementation are presented in App. [B]
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4. Theory

In this chapter, we present the necessary theoretical aspects to understand the experimental
results presented in this thesis. Three topics will be discussed. First the correlation functions
of the electric field are introduced as a powerful tool to characterize light sources. In the
theory of detection we describe how these correlation functions and other observables of the
system can be measured using our setup. Finally the implementation of a microwave single
photon source is discussed theoretically.

4.1. Correlation functions of the electric field

Before we introduce the correlation functions of the electric field we need to establish some
definitions how to talk about correlation functions. In statistical terms the correlation between
any two complex variables A, B is given by

C = (A" B) (4.1)

where (-) denotes the expectation value which can be measured by ensemble averaging over
many realizations of the variables. C is also called the auto-correlation of A when A = B or
the cross-correlation between A and B for A # B. If the variables A, B are functions of time
one also considers the time-resolved correlation function

C(t t+7) = (A"(t) B(t+1)). (4.2)

In many experiments the detectors perform implicitly or explicitly an integration over the
time variable t so that we only have access to the time-integrated version of the correlation
function. For a given correlation function C(t, t 4+ 7) this is defined as

C(r) = /b/tt C(t.t+7)dt — i//tt (A1) - B(t+ 7)) dt. (4.3)

1 1

In this expression the values for N, t1, to depend on the context and are often chosen as
N=t—t; and t; =0, t, — .
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Figure 4.1.: a) Setup of the young double slit experiment. The incident light passes through two slits and
interferes on the detector plate. The temporal resolution 7 is achieved through spacial resolution using the
traveling time difference of the light. b) Hanbury Brown Twiss setup. The incident light passes a beam splitter
and is measured on both arms by photon detectors. The following electronics extracts the photon-photon
arrival time distribution which is a direct measurement of the second order correlation function.

4.1.1. First-order correlation function

One of the first experiments measuring an electric field correlation function were performed
by Thomas Young in 1802. In his famous double slit experiment depicted in Fig. )
one observes interference fringes in the intensity after an opaque wall with two slits. In the
double-slit experiment the observed intensity is given in terms of the electric field E(t) and
its intensity /(t) = E*(t)E(t) by

I=(E*(t)+ E*(t+71))(E(t)+ E(t+T)))

- </(t)+/(t+T)+E*(t)E(t+T)+E*(f+T)E(t)> (4.4)
G .
- </(t) St T) E2RIGD(E 4 ’T)}> .

The time shift 7 is the traveling time difference between the two possible paths and can
be resolved spatially on the detector plate. If the source is stationary such that (/(t)) =
(I(t + 7)) = lp this expression simplifies to

I =21, +2§R<G(1)(t, t+7’)>. (4.5)

The factor
GO (t, t+71)=(E*()E(t+ 7)), (4.6)

is the origin of the interference fringes and is known as the first-order correlation function of
the electric field, or also the temporal coherence function.

In a quantum mechanical treatment of the electric field we can use the relation

EH)(¢) = (i\/hw/QeV) a. et (4.7)

where a is the annihilation operator, w the frequency, V the volume of the the relevant field
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mode and € the dielectric constant. The first-order correlation function is then written as
G(t, t+7) = (al(t)a(t + 7)) = tr {pal (t)a(t + 7)}, (4.8)

where p is the density operator describing the state of the mode a. Constant prefactors were
dropped here to match the commonly used form. For a coherent field state |a) this correlation
function is constant for all times 7 and given by

GOt t+7)=la). (4.9)

The fact that the correlation stays constant for 7 — oo is known as coherence and is the
characteristic property of a coherent field. In contrast, a chaotic light source in a thermal
state p shows minimal temporal coherence and has

GO(t, t + 1) = nnd(7), (4.10)

where 0(7) is the Dirac delta distribution and ny, = tr{pn} the thermal population of the
source.

4.1.2. Second-order correlation function

The other correlation function of great interest is the field intensity auto-correlation
GOt t+7) = (()I(t+7)) (4.11)

also known as the the second-order correlation function. In the quantum-mechanical formu-
lation introduced by Glauber G@ s expressed in terms of the field operators as

GOt t+7)=(I(OI(t+T):)
= (:al(t)a(t)a' (t + T)a(t + 1) :) (4.12)
= (al(t)a'(t+)a(t)a(t + 7))

In this expression (: - :) denotes an average where all operators are normally ordered such that
all annihilation operators are placed right of all creation operators.

The first experiments to measure this function were performed by Hanbury Brown and Twiss
(HBT) in the context of stellar interferometry [34] in 1956. Their setup in Fig. (4.1p) splits
an incident beam in equal parts which are measured by photon detectors. When two photons
arrive at the detectors the arrival time difference 7 between the two is measured and its
probability distribution is extracted. This photon-photon arrival time distribution is then a
direct measurement of G2 (7).

There are two important effects which can be observed in the second-order correlation func-
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tion. In the case of classical light sources it can be shown that
G 0) > G (7). (4.13)

The interpretation is that the detection of two photons simultaneously is more probable than
one after another. In other words photons tend to arrive in bunches, which is why this effect
is known as photon bunching [35].

In contrast we find for a field in a Fock state |n) that
GP0)=n"-n and GA(1)=n? (4.14)

so that G (0) < G@(71). Here the opposite interpretation is true: the photons tend to
arrive after one another, called photon antibunching. For the Fock state |1) this effect can
be understood graphically in the HBT experiment setup. On arriving at the beam splitter the
photon being the smallest quantum of energy cannot split, but has to choose between left and
right. The probability to detect two photons at the same time in both arms is therefore zero
which is expressed by G(?)(0) = 0.

In contrast to photon bunching, photon antibunching is a purely quantum-mechanical effect
and cannot be treated by classical physics because it arises through the energy quantization
of the electric field. Measurements of the second-order correlation function therefore make
it possible to probe if the source under investigation emits classical or non-classical light. In
the microwave regime we are not aware of any direct observation of photon antibunching by
correlation measurements up to now.

4.2. Detection

Measuring correlation functions to characterize light sources is a well established method in the
field of modern quantum optics. Most experimental setups are variations of the HBT setup or
the Young's double slit and use beam splitters and photon detectors/counters. These methods
are well understood and theoretically documented.

However, in the microwave regime where our experiments take place no photon detectors are
available at present. Instead classical microwave components such as linear amplifiers and
mixers are used to detect radiation. These types of devices are uncommon in a quantum
optics context and are therefore less integrated in the methodology of quantum optics.

In the following we discuss our detection scheme from two perspectives. First we discuss which
physical quantity we measure and how it is accessible using classical signal processing. Secondly
we relate these measurements to the quantum mechanical observables of the resonator field
and show how this can be used to extract different kinds of information about the field.
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Figure 4.2.: a) Equivalent measurement setup for a single detection chain consisting of an amplifier, an 1Q-
Mixer and a low-pass filter. b) Schematic of E-field spectrum at the output of the cavity under the assumption
of quasi-monochromatic light with bandwidth B. ¢) Schematic of the IQ-Mixer output spectrum. The following
low-pass filter is indicated in gray and filters out the high frequency sideband.

4.2.1. Classical detection

The full detection setup was introduced in Sec. 3] and is depicted in Fig. (3.2). While it
consist of a variety of devices including hardware and software components it can be simplified
for the theoretical treatment. The equivalemﬂ model has one amplifier, one IQ-mixer and
one low pass filter as shown in Fig. (4.2h). The input to the detection chain is given by the
electric field E(t) at the first amplifiers input which is assumed to be noiseless for now. Since
the electric field can only take real values we know from Fourier theory that its spectrum is
hermitian symmetric [36], i.e.

E(w) =E*"(—w) (4.15)

The field can then be decomposed in an incoming wave E£(~) and outgoing wave E() which
are the negative and positive frequency components of the spectrum as in Fig. (4.2b). Using
this decomposition and the hermitian symmetry we can write

E() = EO(t) + EX () = (E (1)) + ED (v, (4.16)

We assume further that the electric field is quasi-monochromatic with a center frequency wyg
and a limited bandwidth B < wp/27. In this case we can rewrite EM) in terms of a complex
valued function S(t) with center frequency 0 and a bandwidth limited to B

EC)(t) = S(t)e ot (4.17)

1This equivalence is true under the assumptions discussed later in this section
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This function S(t) is called the complex envelope of E(t) following Ref. [36]. Using the above
equations E(t) can be fully described by the complex envelope as

E(t) = S(t)" e + S(t)e 0", (4.18)

We show now that the measurement setup extracts precisely the complex envelope of the
electric field at the input. After the amplifier with an amplitude amplification factor of gamp
we find

F(t) = gampE(1). (4.19)

At the single sideband mixers output we have two signals which are the real and the imaginary
part of a complex signal G(t) as in Fig. (4.2c). The real(imaginary) part is generated by the
multiplication of the input signal with a local oscillator (LO) at the frequency wp and phase
0°(90°). We find for the output signal

G(t) = F(t)cos(wpt) +i F(t)sin(wot)
I(t) Q(t) (4.20)
= gampE(t)eiwot = gamp(s(t)*eziwot + S(t))-

The high frequency components oscillating at 2wg are removed by a low pass filter of bandwidth
Bl p > B and we finally measure the amplified complex envelope of the input signal

gamp(s(t)*e2iwot + S(t)) |OW_p>ass gamPS(t)_ (421)

4.2.2. Quantum detection

By performing complex envelope measurement as described above we want to investigate the
electric field in the resonator of our sample. To this end, both output ports of the resonator b
and ¢ are connected to a detector line and we record the two output signals Sp(t) and Sc(t).
The resonator is in our case dominated by its quantum mechanical behavior which makes the
signals we observe ultimately a quantum mechanical measurement. Such a measurement in
the formalism of quantum mechanics is described by an operator acting on the quantum state
of the measured system. The expectation value or average outcome of the measurement is
given by

(A) = tr{Ap} (4.22)

where A is the measurement operator and p is the density operator which describes the state
of the system. We deduce such operators for our measurements of Sp(t), Sc(t) in terms
the annihilation operator of the resonator field a. In this derivation we use the Heisenberg
picture, where time evolution of the system is described by time dependent operators. As a
simplification, our reference system will be the frame rotating at the resonator frequency wy
such that the terms of the frequency dependence et can be dropped.

As shown in Fig. (4.3p) the resonator mode a is coupled to two transmission lines with a
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Figure 4.3.: Operator description of the different parts of the detection chain. a) Input-output theory applied
to two-port circuit QED. The two modes b and ¢ of the transmission lines are decomposed into input ¢, bin
and output modes Cour, boyt. b) Schematic of a linear amplifier with an intrinsic noise mode h, and output
mode b),,;. €) Schematic of an IQ-mixer measurement of both incoming field quadratures. The vacuum mode
v is an internal mode of the IQ-mixer.

coupling quantified by the decay rates kp, kc. The behavior of this system is described by the
input-output formalism [37]. In this formalism each transmission line is described by an input
mode (bin, cin) and an output mode (boyt, Cout). These modes interact with the resonator
mode a obeying the following boundary conditions

bout =V Kpad — binv Cout = VKcd — Gn. (4-23)

These equations give us a complete description of the outputs if the dynamics of the operators
a, bin, cn are known. Note that if the total decay rate of the resonator is k (as obtained from
the linewidth), then in the symmetric case we have k. = K, = K/2.

The output modes are connected to linear amplifiers which are formally described by the

equations [38]
B = Gobout + /92 — Lh,  Chu = GeCour + /02 — 14} (4.24)

where g; is the amplitude gain of the amplifier / and h; the additional noise mode added by the
amplifier. These internal noise modes of the amplifiers are required by quantum mechanics
to preserve the commutation relations of the output modes. The output of each amplifier
is finally measured by a single sideband mixer which we model as in Fig. ). The main
functionality is given by an integrated 50/50 beam splitter with output modes given by b; =
(b4 v)/v/2 and by = (b — v)/+/2, with the input mode b and the mode of the vacuum port
v. On each arm of the beam splitter a mixing operation is performed corresponding to a
quadrature measurement in the rotating frame of the resonator. Since the IQ-mixer performs
these quadrature measurements with a 90° phase shift on the second arm we get the two
measurements 1 ]

X; = \ﬁ(b{ +b)  and P = 7;(192 —bh). (4.25)

from which we can construct a complex valued observable by the operator

S=X1+iP,=b+ i (4.26)
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Note that this observable effectively behaves like a complex number, because 5T = $* and
[§T, §] = 0 so that this measurement operator really behaves classically. To understand that
S describes a complex envelope measurement we write down the quantum mechanical and the
classical formulas for the electric field

Exa+al — E s+ s* (4.27)
and realize that there is a formal equivalence between the complex envelope and the annihila-

tion operator.

We now have all the equations to describe our measurement in terms of the relevant system
operators. Starting from Eq. (4.26]) we write down the measurement results of the two
detection lines as

Sp=bl+v,  Sc=c+vl (4.28)

By Eq. (4.24) we get
Sb = gbbout + 1/ 92 — 1} + v} = gb(bout + n}) (4.29)
~§C = GcCout t+ \/ gg - 1/72 + V;r = gC(COUt + nz): (4-30)

As a simplification we combine the two sources of noise h; and v; to a single effective noise
mode as

V9 o+ e _ Ve lhetve (4.31)

np = , Ne
9b Jc

Checking the commutation relation [np, nTb] = [ne, nl] = 1 shows that these effective modes
behave formally correct. Inserting Eq. (4.23)) we finally get the expressions

Sp=gb(v/Epa+nl —bin),  Sc=gc(vEea+ nt —cn). (4.32)

4.2.3. Noise and input modes

From Eq. we know now that the measurement on each channel is governed by three
sources of radiation. On both channels we measure the resonator field a, but also the noise
sources np, ne and the input fields by, ¢n. To investigate the resonator field we therefore have
to make assumptions on the other contributions or compensate for them. For all contributions
we assume that they are statistically independent, i.e.

(f(a)fa(np, nc)f3(bin)fa(cin)) = (f1(a)) (f2(nb, nc)) (F3(bin)) (fa(cin)) . (4.33)

where the noise between the two channels is allowed to be correlated.

For the input fields we assume that they are in the vacuum state at all times. This is cor-
rect if we do not insert any radiation at the resonator frequency and thermal excitations are
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negligibIeE]. This leads to the following expressions

(bn()) =0, (Bh(t)bn(t)) =0, {bu(t)b](82)) = (1), by ()| = 8(t2—t2),
(4.34)
and equivalently for mode ¢;p.

From Friis law Eq. (3.4)) we know that the noise contributions are dominated by the thermal
noise of the first amplifier which obey

{np(t)) =0, (ne(t)) =0. (4.35)

If we assume additionally a flat power spectrum of the noise [36] (white noise) we find the
first order correlations of the noise

Gp(t, t+7) :<nL(t)nb(t+T)> = Nod(T), (4.36)
Gelt, t+7) :<n1(t)nc(t+7)> — N.5(T), (4.37)
Gpe(t, t +T) :<n2(t)nc(t+'r)> — Nped(T), (4.38)

Ignoring the physical origin of the noise, we introduced effective noise photon numbers Ny,
Nc, Npe for the noise on each channel and for the correlated noise. It normally should be
assumed that the noise between the channels is uncorrelated so that Np. = 0, but due to
technical imperfections of the measurement setup a finite level of correlated noise is always
retained. For convenience we also define the anti-normally ordered noise correlations

Hy(t, t +7) =<nb(t)ng(t+T)> = (Np + 1)8(T) (4.39)

He(t,t +7) :<nc(t)n2(t+1)> — (N, + 1)5(7). (4.40)

4.3. Measuring different cavity observables

Using the full quantum mechanical description of our measurement process in Eq. and
the assumptions on the input and noise modes, we now describe how measurements of different
resonator observables can be realized. The general strategy is to describe a mathematical
transformation of the measurement data Sp(t) and Sc(t) before it is ensemble averaged over
many repetitions of the experiment. The outcome of such a measurement is then described
by using the relation (f(Sp, Sc)) = <f(§b,§c)>. Before focusing on correlation function
measurements, we show how the average quadratures and the average photon number of the
cavity field can be measured.

2 This assumption is only approximately correct in the experiment due to incomplete thermalization of the
inputs.
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4.3.1. Field quadratures and photon number

A time resolved measurement of the resonator field quadratures (a(t)) is straight forward by
averaging the complex envelope of either channel

(Sp(t)) = gn(v/Rp (a(t)) + (n}) — (bin)) = guv/Kp (a(1)) . (4.41)
N

To measure the average resonator photon number (n(t)) we take the absolute square of the
data from one channel corresponding to the instantaneous power and find by averaging

(Sh®)Sh()) = (3 (/Rwal + iy — B)(VRpa + 1l = b))
= gi(kp{a'a) + <nbnz> + <biTnbm>) (4.42)
= g3 (ks (n(£)) + (N + 1)3(0)),

where 0(0) is finally a finite factor given by the effective detection bandwidth. This average
photon number measurement is possible but has a constant offset given by the noise power
of the amplifier which is Ny > (n(t)).

This background noise power can be significantly reduced by using both channels and measuring
the instantaneous cross-power between both channels

(SHBSe(D)) = 959c(v/ReFe (n(1)) + Nc3(0)). (4.43)

where Ny is the power of the correlated noise defined in Eq. (4.38]). Since the noise on both
channels is mostly uncorrelated we expect Ny < Np and as such an improved measurement

of (n(t)).
4.3.2. First-order correlation function

For measurements of the first-order correlation function G (1) we present two alternative
methods using one or both channels.
One Channel
Using only the channel b we analyze the measurement given by

raA(r) = / <sg(t)sb(t+7)> dt (4.44)
where the boundaries of the integral can be defined later. We use the index (1A) to distinguish

this measurement from other possible measurements of the first-order correlation function.
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As in Eq. (4.43) the integrand of this expression is

r(lA)(t, t4+7) = <5£(t)5b(t + T)>

= gh(ko (al (Da(t + 7)) + (mo(e)nf(t +7))) (4.45)

= RZ(kpGV(t, t+T) + Hp(t, t +7)).

The cross terms between a and np vanished due to the assumptions on the noise modes.
Therefore we understand that this measurement gives the sum of the first-order correlation
functions of the cavity field and the noise

A7) = g (koG (7) + Ha(T)). (4.46)

To get rid of the noise correlations a reference measurement can be subtracted. When the
resonator is left in the steady state close to the ground state we have Gg) ~ 0 and F_gSlA) ~ Hp.

In other words,
raa(r) - 1)

ggK'b

= GW(7). (4.47)

Two Channel

Using both channels we can define a similar measurement by calculating the cross-correlation
of the measurement data.

rr) :/<sg(t)sc(t+ﬂ>dt. (4.48)
We find then
FO(1) = gbge(VRpkcGD (T) + Gpe(T)). (4.49)

where again all cross terms vanish. If we assume that the noise on b and c is uncorrelated so
that Gy = 0, this is already the first-order correlation function

r(l)(T)/ (IbgeVKbKe) = G(l)(T)- (4.50)

For Npc # 0 subtracting the correlation of the noise by a reference measurement is also
possible, so that
rr) —rid(r)
9Ib9c/Kbkc

= GW(7). (4.51)
4.3.3. Second-order correlation function

Similar to the construction of first-order correlation measurements we also derive how the
second-order correlation function can be measured using the record of Sp(t), Sc(t). From
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4. Theory

the variety of four point correlations of this data we present two which allow to extract the
second-order correlation function.

Cross-power auto-correlation
First we analyze a measurement of the auto-correlation of the cross-power SZSC
(e ¢+ 1) = (S{OSA(OS|(t+7)Sc(t+ 7)) (4.52)

Again an index (2Y) is introduced to distinguish this measurement from other second-order
measurements. By using Eq. this expression can be written as a fourth-order polynomial
in the system operators a, bjn, Gn, Nc, Np.  For simplicity of the calculation we assume that
correlated noise is sufficiently small and take Np. = 0. The correctness of this assumption
depends strongly on the experimental context and has to be verified. In this case we can apply
simplifications presented in Egs. - and find directly the second-order correlation
function of the resonator field

et t+7) = g2g2kpre (al(t)al (t + T)a(t)a(t + 7). (4.53)
From the integrated form
r@)(r) = / (¢ t + 7)dt (4.54)
we conclude
r&(1)/(g5g2kpRe) = G2 (7). (4.55)

Note in particular that no noise subtraction is necessary.

Power cross-correlation

A different possibility to construct a measurement of the second-order correlation function is
the cross-correlation of the powers on each channel

FCAG ¢4 1) = <sg(t)sb(t)51(t +7)Sc(t + T)> . (4.56)

By inserting Eq. (4.29) we find again a fourth-order polynomial in the system operators. The
order of the S operators was chosen such, that all the operators biTn, Cin are normally ordered
and vanish by the argument in App.[C.4] Then we can write
reAt t+7)=
9592((Vrpa' (t) + np(t))(VEea' (t+T) + ne(t + 7)) (4.57)
(VEpa(t) + nl(t))(vEea(t + 1) + ni(t +7))).
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4.3. Measuring different cavity observables

Expanding this multiplication and using the same assumptions on the noise as before we get

rCAt t+7)=
G2 (kpkelal (t)a (t + T)a(t)a(t + 7))
+h GO (t+ 7, t + T)Hp(t, t) (4.58)
+rsGU(t, YH(t+ T, t +T)
+Hp(t, t)H(t + T, t +T)).

Integrating over time gives
rCAr) = /dtr(2A>(t, t+7) = 922Kk G (T) + C, (4.59)
where the constant offset C is defined as

C= gggg/dt(KcG(l)(t—F T, t+ T)Hp(t, t)

+ kG (t, OH(t + T, t + 7)
+ Hp(t, t)HA(t + 7, t+7)). (4.60)

We find this integral constant with respect to 7 so that it is only a function in the resonator
photon number and the noise levels on the output channels. The simplified expression is given
by

C = 6302 (KcGD(0)H5(0) + koG ™M (0)HC(0) + Hy(0)H(0) ) (4.61)

Although it might not always be necessary to compensate for this constant offset we will show
how C can be measured. The last term on the r.h.s. can be measured by turning off the state
preparation because it contains only noise operators

9292 Hp(0)He(0) = FEM(0). (4.62)
From the results of the first-order correlation measurement on one channel Eq. (4.45]) we find

92HH(0) =TUM(0) and  g2Hc(0) = T2 (0) (4.63)

b,ss

and

92ksGD(0) = T8 0) = r(0) and g2k M (0) = T8 0) -l (0)  (4.64)

b,ss
The offset C can now be written in terms of measurements

C =r18"0) + (rf%0) - r2)rid oy

b,ss

+(r3(0) - 1D 0)rid o).

b,ss

(4.65)

This estimation of the offset C can be understood as a comprehensive characterization of
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the detection system. By switching on and off the source under consideration, one can
characterize only the detector or a combination of the source and the detector. By performing
all measurements indicated above it is then possible to separate the influences of the source
and the detectors.

4.3.4. Other correlations

Apart from first and second-order correlation functions it is also possible to measure any other
correlation function in terms of the field operator a as it is indicated in the App.[C Although in
the context of quantum optics alternative correlation measures are rarely used, proposition and
experiments exist allowing for relevant insights to the character of non-classical light sources.
In particular for a third-order type correlatiorE] violations of classical bounds by up to two
orders of magnitude were predicted [39] 40] and measured [41]. Although no measurements
of other correlations are presented here we want to point out that they are readily accessible
and suggest the experimental implementation and interpretation of these correlation functions
for future work.

4.4. Single photon source

To measure the different quantities derived in the last section we implemented a single photon
source which we describe theoretically here. The idea in the implementation was to use the
qubit as a tool to prepare non-classical states in the resonator similar to Refs. [6] [7], [8]. With
our preparation scheme it is possible to generate deterministically any resonator state out of
a family of single photon states

[¥) = |0) +0[1). (4.66)

4.4.1. State preparation

To prepare these states a two-step procedure is applied. First the qubit is excited from the
ground state to a superposition state by controlled Rabi rotations by an angle 6,

1g) 2B o) g) + Ble), (4.67)

where a = cos(6,/2) and B = sin(6,/2). In the second step the qubit interacts resonantly
with the resonator such that they coherently exchange excitations, known as vacuum Rabi
oscillations. If the interaction time is set to half a vacuum Rabi period we achieve the following
mapping [42]:

190) — |g0), |e0) — ilg1), (4.68)
|g1) — i|e0), le1) — cosv/2m|el) + isinv2m|g2). (4.69)

3which actually should be called 1.5-order correlation

30



4.4. Single photon source

From the first line we can see that this operation maps the qubit state to the resonator state
when the resonator was in its ground state |0). After the operation the qubit is then left in
|g). If there was a photon in the resonator at the beginning of the operation the situation is
different and the system will end up in an entangled state. This is because with N excitations
in the system the vacuum Rabi frequency increases as v/N. For now we want to assume, that
the resonator starts out in the ground state and our system is described by |g) ® |0) and we
get after the first step

[91) = (alg) +Ble)) @0). (4.70)

The second step maps the qubit state to the resonator state successfully, because there is no
two-excitation component in the system:

[¥2) = |9) @ («|0) +i61)) (4.71)

Tracing out the qubit, the final resonator state is
[¥r0) = a[0) +16[1). (4.72)

In the experiment the assumption that the resonator is in the ground state at the beginning
of the state preparation is only approximately correct. Due to coupling to the input lines and
ambient temperature, the resonator is always found in a thermal state with a small thermal
photon number ny,. This thermal field limits the fidelity of our state preparation as we discuss
here.

As a first order approximation, we take the steady state of the resonator to be
Pss = (1 = nn)|0XO] 4 ren | 1YL (4.73)

where we dropped all the higher-order terms because niyp, < 1. We now calculate the result
of the state preparation when there is a photon in the cavity. Starting with a system state
lg) ® |1) we find the final joint state of the qubit and resonator to be

[¥s1) = iale0) + Bl clel) + Bls[g2) (4.74)

with the constants I's = isin /271 and . = cos+/2w. Combining this result with Eq. (4.72)
by using the linearity of quantum mechanics we can write the final resonator state pr when
starting out from pgs as

pr = trqusic {(1 — nen)[YroXWrol + nenlr e l}
=l )0l + (1 + men(ITel® = 1)) 1B [1X1] + nen 18P ITs  [242]
+ (1= mn(L+ Fo)(iBa’|1X0] — icf5*[O)L]). (4.75)

For ny, = 0 this state corresponds to the ideal state |¢s) where the qubit state is mapped
to a photon state. For finite thermal temperatures different effects result in a deviation of
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4. Theory

the final state from the ideal state. First one can observe that the final resonator state is a
mixed state between a zero and one photon superposition state and a two photon Fock state.
The two photon component is directly proportional to the thermal photon number and can
be interpreted as the cases where the state preparation effectively fails. At the same time
the off-diagonal elements which are a part of the zero and one photon superposition state
decrease for higher temperatures.

4.4.2. Observables

Based on the state pf prepared in our single photon source we can calculate the expectation
values of different observables. Generally the expectation value of a measurement with an
operator A is given by (A) = tr {Apr}. In the measurements which are used for correction the
resonator is left in its steady-state and the expectation value of the same observable is given
by (A)ss = tr {Apss}.

When measuring the average field quadratures we effectively measure the expectation value
of the annihilation operator as shown in Eq. (4.41]). This is found to be

(a(0)) = iBa* (1 — nen(1 — Te)) = (a'(0))” (4.76)

and the steady state

(a'(0)),, = (a(0))g = 0. (4.77)

The real part of (a(0)) is plotted in Fig. (4.4p) against the Rabi angle of the preparation for
different thermal background fields. The imaginary part not plotted, since it can be chosen to
be zero, by adjusting the phase of the reference frame. The value of this observable is related
to the phase of the superposition in the prepared state and decreases for stronger background
fields. This can be interpreted as a decoherence effect by the thermal field which randomizes
the phase of the prepared state.

For the second-order moments which appear in power and correlation measurements we find

(n(0)) = [BI (1 + e Tsl?) (4.78)
<n(0)>ss = Ihth (479)

and
(a(0)%) = (a'(0)?) = (a(0)?),, = (a'(0)?)_ = 0. (4.80)

The relevant observable from the second-order moments is the average photon number (n(0))
which is plotted against the Rabi angle for different thermal background fields in Fig. ).
The maximum value is achieved for the Fock state |1) (6, = m) because we only prepare
states with one excitation. For stronger thermal background fields the average photon number
increases in the preparation scheme for the |1) state. This is due to the increasing probability
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Figure 4.4.: Different observables of the single photon source at time t = 0 when the state preparation is
finished. All observables are plotted against the Rabi angle 6, which is used in the state preparation for different
thermal steady-state fields of the resonator ny, = {0, 0.07,0.15,0.3}.

of preparing a |2) state indicated in Eq. (4.75)).

For the fourth-order moment appearing in the second-order correlation function we find

(a'a'aa(0)) = 2m |61 [T (4.81)
(a'a'aa(0)), = oO. (4.82)

For the measurement of the first-order correlation function we also introduce the quantities

A= (a(0))(a'(0)) — (a'(0)) (a(0))s

= |aBf (1= nn(1+T))? (4.83)
N = (n(0)) — (n(0))

= 187 (X + nn ITs1) — e (4.84)

which are plotted in Fig. (4.4c). These two values which relate to the peak heights in the first-
order correlation function are essentially given by the expectation values of the annihilation
operator and the photon number and therefore share the behavior discussed before.

4.4.3. Time dependence of observables
Based on the observables for t = 0 we can now calculate the time evolution of these quantities.
The dynamics of the cavity is given by the equation of motion [35] for a which is

Ke+ K
a=—iw,a— %a + VKcGn + VEbbin. (4.85)

Although the qubit could be included in this equation we neglect it here for reasons of simplicity.
Note that this is an equation for the operator a, not its expectation value. Solving this equation
in a rotating frame we can derive the expectation value of the field operator a resulting in

(a(t)) = (a(0))e ™/2  t>o0. (4.86)

At t = 0 the cavity state is prepared by a pulse with dynamics which are taken to be infinitely
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fast (certainly much faster than any other time scales in the problem). Moreover, the state
preparation is repeated every t, > 1/k, so that to a good approximation the cavity state has
decayed to the steady state by the end of a repetition period. The fact that many photons
are prepared one after another is taken into account by writing (a(t)) as a train of pulses

(a(t)) = (a(0)) Y _N(t — kty, K/2) (4.87)
k

where we introduced a function for the peak of the exponential decay of each photon as
N(t, k) = O(t)O(t, — t)e ", (4.88)

with ©(t) is the Heaviside step function. The final form of the peak is effectively determined
by the low pass filtering in the detection chain which is discussed in Sec. [C.3] In Fig. (4.5p)
this filtered exponential decay is plotted for typical experimental parameters and differend filter
bandwidths. For very narrow band filtering one can see that the peak is strongly distorted and
cannot be neglected.

The higher-order multi-time correlations of the field operators can be calculated using the
quantum regression theorem as shown in App.[C.2] Here we consider two cases. When t and
t + T are in the same repetition period we assume that the operator values at these times are
correlated whereas for larger time differences they are taken to be independent.

t and t 4 7 in the same period

When t and t + 7 are both in the kth period we find the second-order moment of the field
operators which corresponds to the first-order correlation function using [43] as

(af(t)a(t + 7)) = (n(0))e r(t-kto+7/2), (4.89)

where k denotes the largest integer such that t — kt, > 0, and (n(0)) is the average number
of photons at the times of state preparation (t = kt,).

From all the higher moments we only evaluate the one corresponding to the second-order
correlation function

(af(t)al(t + T)a(t + 7)a(t)) = (afataa(0))e F(I—2kt+) (4.90)

as it is done in Eq. (C.13).
t and t 4 7 in the different periods

When t is in the kth period and t + 7 in the k + /th period the two different measurements
can be taken to be independent and thus factorize. For two measurement operators f(t) and
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Figure 4.5.: Theoretical peak functions I in a) and N in b) for k/2m = 4 MHz and different low pass filters.
Black: no filtering, then 10MHz, 4MHz, 2MHz, Yellow: 1MHz

g(t + 7) this means
(F(t)g(t+7)) = (F(1)) (9(t + 7)) (4.91)

The expectation values of above then become
(a'(D)a(t + 7)) = [(a(0))[Pe M-kt (T=I5)/2] (4.92)

where | # 0 is the number of periods separating t and t 4+ 7. From the higher moments we
only evaluate

(af(t)al (t + 7)a(t + T)a(t)) = (n(0))2e"(2t-2kt+T=It) (4.93)
We can re-write the above expressions by summing up the two distinct cases over all repetitions

of the photon preparation. Additionaly we replace the exponential terms by the peak function
MN(t, k) and find

(af(t)a(t+ 7)) =D N(t - ktp, £/2)x

k

N(t+ 7 — kty, k/2)(n(0))+

ZH(t—l—T—(k+/)tp,/€/2)|<a(0)>|2 . (4.94)
1£0
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For the higher order correlations we can similarly write
(a'(D)a'(t+ m)a(t + 7)a(t)) = > N(t — ktp, k)X
k

N(t 47 — kty, k){alalaa(0))+

D Nt +7 = (k+ Dy, k)(n(0))?| . (4.95)
1#0

4.4.4. First-order correlation function

From the relevant moments of the field operator a for the single photon source, we now
derive an analytical expression for the first-order correlation function in its time integrated
form. Based on Eq. (4.94]) we want to integrate

¢M(r) = /tc (al(t)a(t+ 7)) dt (4.96)
0

where we assume that the integration limit is given by an integer number of repetitions t. =
Nty and as before t, > 1/k. By swapping the sum in Eq. (4.94) with the integration in
Eq. (4.96) the relevant integration remaining is

e—KlTl/2

NW(r) = /tc dt N(t, k/2)N(t + 7, K/2) ~ (4.97)
0

K
This function gives us the peak shape which defines the first-order correlation function depicted
in Fig. ) for different low pass filters. Again the filtering blurs out the acute peak in the
correlation function and by that sets a lower limit for the detection bandwidth. From the
discussion in Sec. one can see that effect can be fully incorporated into the M) function
and therefore we can write the first-order correlation function in a closed form

G (1) = N{n(0))NM (1) + N[(a(0))[> > N (7 — Ity). (4.98)
170

Later it will be shown that experimentally it is easier to access the difference between G(%)
with cavity state preparation and G(1) without cavity state preparation (i.e. using only the
steady state of the cavity). For a thermal steady state we find

GWy(r) = N(n(0))N (7), (4.99)
1)

where the steady state can have a different dynamic behavior described by I'IgS (1). The
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Figure 4.6.: a) Theoretical G(l)('T) of the single photon source with subtracted steady state measurement for
0, = 0.2m, k/2m = 4MHz, t, = 0.5us and a thermal background field in the resonator for ny, = 0 (brown),
ng = 0.2 (orange), ny, = 0.4 (yellow). b) Theoretical G® () of the single photon source for the same thermal
background fields as in a.

difference between measurements becomes then

(GO(1) = 6Wy(1))/N = (n(0)ND(T) — (n(0))ssNE (1) + [(a(0))2 3" NV (7 — 1,).
I#£0
(4.100)

An example of this function is given in Fig. ) for 6, = 0.27 and three different thermal
background fields. In this plot we chose a repetition time of t, = 0.5us and neglected the
influence of low pass filtering. The first effect which can be observed is that the center
peak decreases for stronger background fields and even becomes negative for small 8,. The
height of this peak is essentially given by the photon number difference between the state
preparation and the steady state. In the case where the center peak becomes negative the
state preparation can be interpreted as cooling of the resonator field which is discussed in
Sec. 5.4} Furthermore, the height of the outer peaks reduces for stronger background fields
as a result of the decoherence in the state preparation as discussed in Sec. [4.4.2]

A second example for the measured G — G(l)SS function of the single photon source is given
in Fig. for different state preparation angles 6, and a fixed finite background field. For
the preparation with 6, = 0 (top left) a negative peak is expected which corresponds to the
cooling of the resonator field through the state preparation. For larger preparation angles
0 < 6, < m/2 the center and the outer peaks grow because states with more energy are
prepared. For m/2 < 6, the center peak continues to grow since it is proportional to the
average photon number whereas the outer peaks decrease again. Over the whole range of 8,
the center peak(outer peaks) follows closely the dependence which was derived for Ax(A1) in

Eq. (4.83)) and are plotted in Fig. (4.4k).
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Figure 4.7.: Theoretical GMof the single photon source for different Rabi angles. Top left 6, = 0 to bottom
right 6, = . Other parameters are k/2m = 4 MHz, t, = 0.5 us, nyy = 0.05.

4.4.5. Second-order correlation function

In the same way as before we also derive an analytical expression for the second-order corre-
lation function of the single photon source. Using the result of Eq. (4.95)) we integrate

G (1) = /tc(af(t +7)al(t)a(t + 7)a(t))dt. (4.101)
0

The relevant integration is found to be

e_K/lTl

(4.102)

te
ﬂ<2>(7):/ N(tmN(E+ 7, k) It~
0
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4.4. Single photon source

Finally we rewrite the sum from Eq. (4.95)) as

G@ (1) = N(a'a'aa(0))NP) (1) + N(n(0))* > "N (1 — It,). (4.103)
I#£0

In Fig. ) we see an exemplary plot of G2 for which a |1) state was prepared in the
resonator. If the cavity is initially in its ground state, we find that the middle peak is absent,
whereas for weak thermal fields a small peak exists. However any case where the middle peak
is smaller than the outer peaks can be interpreted as antibunching of the emitted radiation
and is a signature of the quantum nature of the prepared light.
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5. Experiments

This last chapter contains the experimental results which could be obtained during this thesis.
First we present the measurements and methods to characterize the microwave cavity and the
transmon qubit. Based on these measurements we were able to perform experiments in which
the qubit state and the interaction between qubit and cavity are controlled and detected.
These experiments serve as a calibration to implement the single photon source which is
discussed theoretically in Sec. [4.4] In the last set of experiments the single photon source is
characterized and we present measurements of the first and second-order correlation function
of the emitted radiation.

5.1. Sample characterization

The first step in the characterization of our sample is a transmission measurement of the
resonator. For this purpose we apply a continuous coherent tone to the input of the resonator
and measure the average quadratures of the transmitted signal T = |[(Sp(t)) dt|. By
sweeping the frequency in a small range around the resonance frequency of our cavity we
observe a characteristic Lorentzian line shape as in Fig. (5.1p) which allows us to extract
the relevant parameters of the resonator as v, = 6.433 GHz and kK = 3.12 MHz (equivalently
Q = 2060).

Performing this measurement for different static magnetic fields on our sample we can observe
how the qubit which has a flux tunable transition frequency influences the resonator. As a
signature of the strong coupling between qubit and resonator we can observe the vacuum Rabi
mode splitting at the point where qubit frequency and the resonator frequency coincide. The
splitting is visible as two peaks in the transmission spectrum in Fig. ) which are separated
by twice the coupling constant. This allows to extract the qubit-resonator coupling constant
g = 54 MHz for our sample.

In a second step we characterize the qubit by spectroscopic measurements. For a certain
magnetic field we first measure the resonator transmission spectrum and find the frequency of
the maximum transmission. Then we keep the measurement tone constant at this frequency
and apply a spectroscopy tone of variable frequency to excite transitions in the qubit. If the
frequency matches a qubit transition and the qubit is excited the effective resonator frequency
is changed by the dispersive shift x described in Sec. 2.1} This becomes visible as a reduced
transmission of the measurement tone and allows us to detect the qubit transition frequencies
as shown in Fig. (5.2p). The |g) — |e) transition is easily identified as the transition with the
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Figure 5.1.: a) Measurement of the transmission through the resonator at the working point for the qubit state
preparation used in the single photon source experiments. The qubit is strongly detuned in this case and the
relevant resonator parameters v, and K can be extracted from this measurement (dots: measurement, lines:
fit). b) Transmission spectrum of the resonator in the vacuum Rabi mode splitting. The splitting is visible as
two peaks in the measurement, which are separated by twice the coupling constant g. ¢) Transmission spectra
of the resonator for different static magnetic fields. The vacuum Rabi mode splitting is visible as avoided
crossings on the left and right.

strongest response, because the qubit is mostly in the ground state and all other transitions
in this frequency range are due to less probable multi-photon processes. The second peak in
Fig. (5.2p) is due to the ac-Stark shift [44] 45] of the qubit frequency by the finite photon
number of the measurement tone in the cavity. By increasing the power of the measurement
tone more peaks can be observed which correspond each to 0,1, ... photons in the cavity
and have the characteristic Poissonian distribution of the photon number of a coherent field
(Fig. (5.2b)). The spacing of these peaks is twice the dispersive shift x and can be used to
extract x.

Finally we perform this spectroscopy measurement for different static magnetic fields and
get a full characterization of the qubits transition frequencies and their flux dependence as
in Fig. (5.2k). In this measurement we can observe three lines which correspond to the
transitions |g0) — |e0), |g1l) — |el) and |g1l) — |f0). Based on this measurement we choose
a working point by adjusting the magnetic field such that the qubit |g0) — |e0) transition
has a certain transition frequency. For the experiments implementing a single photon source
we chose v, = 6.933 GHz so that the qubit is detuned around 500 MHz above the resonator
frequency. At this point we find the following parameters for the cavity and the qubit:

e v, =6433GHz, Kk =3.12MHz
e v, =06.933GHz, x =22.3MHz
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Figure 5.2.: a) Spectroscopic measurement of the qubit at the working point for the qubit state preparation used
in the single photon source experiments. The |g) — |e) transition is visible as the large dip in the measurement.
(dots: measurement, lines: fit). b) Similar spectroscopic measurement as in a) for three different powers of
the measurement tone. For higher powers (right) additional peaks become visible due to the broader photon
number distribution of the coherent measurement tone. ¢) Spectrum of the qubit for different magnetic fields.
Colored lines are theoretical predictions for three different transitions.

5.2. Coherent control and qubit read-out

In a second set of experiments we choose the working point described above and perform
controlled preparation and read-out of the qubit state. The excitation of the qubit from
the ground state to the excited state is achieved by a coherent microwave pulse at the qubit
frequency. For the pulse preparation we use single sideband modulation as described in Sec.[3.3]
The pulses have a gaussian envelope with a pulse length of 18 nsE] and variable amplitude A,

as depicted in Fig. (5.3p).

After the qubit excitation we extract the qubit state by the dispersive read-out scheme [18]
described in Sec. [2.2] This is done by switching on a coherent measurement tone and mea-
suring the time-resolved response of the cavity. By fitting this response to the theoretical
responses given by the solutions of the cavity Bloch equations we can then extract the popu-
lation P, = |('ch,|6)|2 of the qubit state |94). An exemplary measurement of the qubit in the
ground(excited) state with the respective fits are given in Fig. (5.3c(d)).

In Fig. (5.3b) we see the extracted qubit population of this preparation and read-out experi-
ment where the pulse amplitudes A, were chosen between 0% and 100 % of some maximal
amplitude. We can clearly observe Rabi oscillations in the qubit population (dots) which are
in excellent agreement with the theoretical prediction (red line). The qubit states which are

'The gaussian shape has a standard deviation of 0 = 3ns and is cropped after +30.
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Figure 5.3.: a) Pulse pattern for the Rabi experiment. On top the gaussian shaped (gray) microwave pulse at
the qubit frequency with variable amplitude A,. Below the measurement tone (black) at the resonator frequency.
b) Extracted qubit populations from the experiments for different amplitudes. ¢) Measurement trace of the
resonator response when the qubit is in the |g) state. Each of this type of traces allow the extraction of the
qubit population in this experiment, by comparison to the theoretical model. d) same as c) for the qubit in the
le) state.

prepared in this experiment are best parametrized by the Rabi angle 6,
[%q) = cos (6-/2)|g) +sin(6-/2)]e). (5.1)
The Rabi angle is proportional to the applied amplitude A, and is given by
0, = TA/Arr, (5.2)

where A, is the smallest amplitude necessary to prepare the |e) state which corresponds to
a Rabi angle of m. By extracting the value for A, = 17.5% from this measurement we
effectively have established a calibration to prepare any qubit state parametrized by Eq. (5.1)).

As the last calibration experiment we characterize the interaction between qubit and resonator.
For this experiment the qubit is prepared in the |e) state by a microwave pulse like in the pre-
vious experiment. Subsequently we tune the qubit frequency towards the resonator frequency
by applying a square pulse to the flux line with an amplitude Ay, and a length t,,. When
the qubit comes close to the resonator it exchanges its excitation coherently back and forth
with the resonator during the time t,,. By measuring the qubit population after the flux pulse
(Fig. (5.4k)) we observe this interaction as vacuum Rabi oscillations which are theoretically
treated in Ref. [42] and measured in Ref. [46]. The frequency of these oscillations takes a
minimum of g/m = 108 MHz at the point where the qubit frequency during the flux pulse
matches the resonator frequency. At this particular amplitude of the flux pulse which is de-
noted by Ay, o also the contrast of the oscillation reaches a maximum and the qubit population
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Figure 5.4.: a) Pulse pattern for the vacuum Rabi experiment. On top microwave pulse (gray) which corresponds
to a rotation 6, = w and prepares the qubit in the |e) state. Subsequently a pulse on the flux line (orange) to
tune the qubit frequency. Finally the measurement tone is turned on to measure the qubit state. b) Extracted
qubit populations for different lengths of the flux pulse with the height of —1.1V. c) Plot of the qubit population
(bright:1, dark:0) after the vacuum Rabi experiment with variable pulse lengths and amplitudes.

oscillates between 0 and 1 as shown in Fig. (5.4b).

In principle, oscillation pattern in Fig. (5.4f) should be symmetric about Ao because the form
of the vacuum Rabi oscillations only depends on the absolute value of the detuning between
qubit and resonator. In the experiment though, we observe a clear asymmetry between the
part where the qubit crosses the cavity (upper part of Fig. )) and the part where it does
not (lower part). This asymmetry can be reproduced in simulations and is attributed to the
imperfections of the square pulse such as the finite rise-time and overshoots. To minimize the
effect of these imperfections we investigated pulse correction schemes as they are described
in App. [Al This correction method also enabled us to improve the time resolution of the flux
pulse length to 0.1 ns.

The controlled interaction between qubit and resonator can finally be used to perform an
operation in which the qubit state is coherently mapped to the state of the resonator. If
the qubit was prepared in a state |¢4) = alg) + B|e) and the interaction time is chosen as
twr = tur.,0 = T/(2g) = 4.6 ns corresponding to half a vacuum Rabi oscillation the state of the
system after the interaction is then

[Wsys) = 19) © ([0) +iB|1)). (5.3)

In this sense the initial superposition state of the qubit is mapped to a superposition state of
zero and one resonator photon while the qubit ends up in the ground state. To achieve this
operation we first find the amplitude Ay, o where qubit and resonator frequencies match during
the flux pulse. For this amplitude we find the smallest pulse length leaving the qubit in the
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Figure 5.5.: a) Pattern for the generation of 40 photons. Top: microwave pulse (yellow). Middle: flux pulses
(orange). Bottom: trigger defining the measurement window (20.48 us) of the FPGA (black). b) Zoom in to
one preparation of a photon.

ground state. The fact that the qubit reaches the ground state (P, < 0.05) serves as a good
criterion to determine the point where the mapping is successful and the effective interaction
time is tyr0. This is because on the time scale of t, o the other dissipative effects, photon
decay and qubit decay, are negligible, so that we can assume that the only channel by which
the qubit gets de-excited is the energy transfer to the resonator.

The plot in Fig. ) is taken for the flux pulse amplitude Ay, o and shows that after a pulse
of nominal length of 2.2ns the qubit ends up in the ground state. The difference of 2.4ns
between the nominal pulse length and inferred interaction time can be explained by the finite
rise and fall times of the square pulse which are known to be on the order of 2ns.

5.3. Implementation and characterization of a single photon
source

Qubit state preparation and the mapping of the qubit state to the resonator state can now be
used to implement a deterministic single photon source. In the first step we prepare a qubit
superposition state parametrized by the Rabi angle 8,. This state is mapped to the resonator
by vacuum Rabi oscillations resulting in a single photon superposition state

[9) = cos (6,/2)[0) + sin (6-/2)[1). (5.4)

For the implementation of the single photon source we use the pulse sequence in Fig.
where we perform 40 photon preparations, one every t, = 512ns. Each photon preparation
consists of a qubit preparation pulse with amplitude A, 8,/ followed by a flux pulse with
amplitude Ay o and length t,, o as calibrated from the vacuum Rabi experiment (Fig. (5.5p)).

In the preparation of this pattern several timing constraints were taken into account which are
worth to be mentioned. As indicated in the pattern scheme in Fig. the measurement
of the FPGA takes a time of 20.48 us. This measurement window is fixed and is imposed
by the implementation of the discrete Fourier transform (DFT) used in the data processing
algorithm. The implicit assumption of the DFT that signals are periodic makes it desirable to
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prepare signals which are either periodic in the time window of 20.48 us or continuousE]. The
repetition period t, was therefore chosen as the smallest commensurable time bigger than the
typical cavity decay time.

Furthermore the phases of the preparation pulses were adjusted carefully to achieve identical
photon preparations. The reference frame used in our experiments to define the phases of
signals is fixed at the resonator frequency. In this reference frame the microwave signal used
in the qubit state preparation acquires a phase shift of (w; — w,)t, between two subsequent
photon preparations. This phase is compensated by the the pulse modulation signal so that all
prepared photons in one sequence have the same relative phase. To ensure additionally that
the phases between all repetitions of the sequence are the same we chose the repetition time
as 25 us and round the relevant frequencies w,, w, to be commensurable with (25 us)™! =
40 kHz.

The measurements presented in the following are all based on the preparation scheme discussed
above. The only free parameter which is varied in the experiments is the Rabi angle 6, to
prepare different initial photon states in the cavity.

5.3.1. Quadrature measurements

To characterize the single photon source we first measure the time-resolved average of the
complex envelope on one output channel. This gives us the time dependent expectation value
of the annihilation operator of the cavity for the state prepared in the cavity

(Su(t)) = gk (a(t)) . (5.5)

For each prepared state the experiment was repeated for about 8 x 10° times. The data of
the 40 photons in one sequence is collapsed to one response and the global phase was chosen
such that the relevant signal is in the real part of our complex measurement outcome.

When preparing a |[¥F) = (|0) + |1))/v/2 we observe the leaking out of the prepared photon
to the mode b as a characteristic peak with an exponential decay as shown in Fig. (5.6p). The
characteristic decay time is given by twice the cavity decay timeE] 2T, = 102ns. The rise of
this peak is significantly slower than would be expected from t,, = 4.6 ns due to the limited
detection bandwidth of 15 MHz. The rising edge is therefore determined by the last low pass
filter in our detection which is nicely reproduced theoretically by including a filter function in
Eq. . The detection bandwidth in these experiments is restricted intentionally to reject
as much noise as possible while keeping the signal distortion low.

For different initial cavity states with Rabi angles between 0 < 6, < 27 we measure the
data presented in Fig. (5.6p,c). The real part of this measurement shows a maximum signal
for the state |¢}), no signal for the Fock state |1) and a maximum negative signal for

2If these are not possible refer to App. |B|l where the zero padding option is presented to circumvent the
restriction on periodicity.

3This is because the cavity decay time refers to the energy decay. Considering the amplitude the exponential
decay is half as fast.
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Figure 5.6.: a) Real part of the time-resolved quadrature measurement of the single photon source for different
states prepared in the cavity (left and right axis). b) Single trace from a) for the preparation of the |0) + |1)
state. The temporal shape of this signal is fully explained by the cavity decay time (falling edge) and the limited
bandwidth of the detection (rising edge). c) Quadrature signal at time 0.1 us for different prepared states.
The characteristic oscillation fits excellently to the theoretical model of our single photon source.

|¥Z) = (|0) — |1))/v/2. This oscillation of (a) with the Rabi angle is characteristic for the
states we prepare and fits excellent to the theoretical form of Eq. (4.76]) as demonstrated in

Fig. (5.6).

The imaginary part of the measurement result is omitted since it shows hardly any signature
of the prepared photons. In fact small deviations are present in the imaginary part but were
not further investigated in this thesis. They are assumed to be due to the non-linearity of
the qubit/cavity system. This can induce a self-phase modulation which can lead to a small
intensity-dependent phase shift becoming visible in the imaginary part.

5.3.2. Power measurements

After investigating the average quadrature amplitudes we measured the time-resolved average
of the emitted power. For the preparation of the single photon Fock state |1) (6, = ) we first
measured the power emitted from the two ends of the cavity (S;(t)Sp(t)) and (SE(t)Sc(t))
as well as the cross-power between these channels (S5 (t)Sc(t)) which are shown in Fig. .

The peak which is clearly visible in these measurements is caused by the photon leaking
out from the cavity and allows us to determine the effective noise temperature of both our
detection chains. By a simple argument we can compare the area under the peak corresponding
to an energy of Aw, with the background power which is due to the amplifier noise and find for
both channels effective noise temperatures of ~ 17K. From an analytical model (solid lines)
based on Eq. including noise and filtering we can reproduce the data correctly and get

48



5.4. First-order correlation function measurements

_ — — 0.0025F N
5 10500 al g 1025 b s 0002t ¢
2 104.90 2 e S 00023}
g 104.80 § 1022, 5 0.0021 D
104.70 A 0210, 0.0020 ‘
00 01 02 03 04 05 00 01 02 03 04 05 00 01 02 03 04 05
t [us] t [us] t [us]

Figure 5.7.: Time-resolved power measurements with the characteristic peaks from the photon generated in
the cavity. a) Power on channel b. b) Power on channel c. ¢) Cross-power between channels b and c.

similar values for the noise temperature on both channels. In the case of the cross-power
measurement most of the amplifier noise is rejected, because the noise between both channels
is mostly uncorrelated. The residual correlated noise is a factor of 500 smaller than the noise
on each channel. It can have several technical origins such as insufficient isolation between
both lines, thermal noise in the resonator and imperfections in the circulators.

All three of these measurements give us in principle access to the same physical quantity of
our system which is the time-resolved expectation value of the cavity photon number (n(t)),
as it was shown in Sec. [4.3.1] In the further investigation of the cavity photon number we
will only use measurements of the cross-power because the noise is effectively rejected and
the residual detected noise is reduced to the single photon level.

The cross-power was measured for the cavity states characterized by 0 < 6, < 27 for 3.2 x 108
times for each state. The result in Fig. (5.8p) shows the maximum signal for the Fock state
|1) and a characteristic dependence on 6,. This dependence is analyzed in Fig. (5.8k) and
fits the expected photon number dependence (n) = sin?(6,/2) from Eq. . The time
dependence for the peak in the measurements is shown in Fig. ) and fits well with the
theoretical line where the limited bandwidth of the detection is accounted for. The deviations
in this time dependence are expected to be of technical rather then of physical origin and are
probably due to a known asymmetry in the filtering.

5.4. First-order correlation function measurements

In a next step the first-order correlation function of the single photon source was measured.
Based on the findings in Sec. we performed cross-correlation measurements between
both detection chains which are described by

rO(r) = [ (SKOSce+7)) dt = g (VG () + Goe(r)). (5:6)

To get the first-order correlation we removed the correlated background noise Gp. by sub-
tracting a reference measurement as described by Eq. (4.51]) which gives us the quantity

GO (1) = GV (1) = GV (7). (5.7)
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Figure 5.8.: a) Time-resolved cross-power measurement of the single photon source for the same family of
states as in the quadrature measurement. b) Single trace from a) for the preparation of a |1) state. The
temporal shape is explained by the cavity decay time and the limited bandwidth (red line). c¢) Cross-power at
time 0.1 us for the different prepared states. The characteristic oscillation fits well to the theoretical model of
the single photon source.

It is assumed that the steady state is close to the ground state and G(l)SS(T) ~ 0. This
measurement was implemented by alternating measurements with the preparation sequence
turned on and off. This has the advantage that Gy is removed efficiently and is robust to
drifts in amplifiers and other devices because the reference is measured only 25 us after the
actual measurement.

For the preparation of the equal superposition state |%") (6, = m/2) with 1.2x 108 repetitions
of the experiment we find the middle trace in Fig. (5.9p). Note that the data is offset for
visibility. The form of this correlation function is dominated by peaks at integer multiples
of the repetition time t, = 512ns of the photon generation. The shape of these peaks is
given by a combination of the cavity decay time T, = 51ns and the low pass filtering in
the detection. The middle peak at G()(0) shows the interference of each photon with itself
and is characterized in height by the average photon number (G()(0) x (n(0))). The other
peaks are results of interference between subsequent photons and are described in height by
GW(nty) o (at) (a).

In Fig. (5.9b) we analyzed the peak height for the center peak (red) and the side peaks (blue).
For the Fock state one observes the maximum for the center peak because it has the highest
photon number in the family of states we prepare. At the same time, the interference between
subsequent photons in the Fock state disappears due to the completely undefined phase of
this state (Fig. (5.9p) top). This interference is maximized by the equal superposition states
|*) because it is the state with the most well defined defined phase.

If we look at the theoretical dependence of the peak heights on the Rabi angle 6, in Fig. (5.9b)
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Figure 5.9.: a) First-order correlation measurements for different states of the single photon source. b) Analysis
of the middle peak height G (0) and the outer peak heights G¥(nt,). ¢) Zoom into the small dip observed
when preparing the |0) state.

we find excellent agreement with the model from Eq. (4.83) and Eq. (4.84)). In fact we
understand not only the peak heights but the full time dependence of the correlation function

as can be seen by the theoretical lines in Fig. (5.9p) by the model from Eq. (4.100]).

Cooling

Finally, we explain the small dip in the G (7) data when preparing the |0) state. Although
GW for this state should be 0 we observe the dip shown in Fig. ). During the state
preparation the qubit is prepared in a |0) state. In the interaction with the resonator the
qubit absorbs any existing thermal photon in the resonator and emits it later at a different
frequency. This is possible because the qubit thermal population is normally much lower than
the thermal population of the resonator, because external noise at the qubit frequency cannot
enter the resonator and reach the qubit. In this way the state preparation cools the resonator
field which can be measured as the dip in Fig. (5.9c) due to the subtraction of the steady
state signal as expressed by Eq. . In fact, the depth of this dip indicates the number of
photons by which we cool with a successful state preparation in this case ny, = 0.07. If we
assume that fidelity of our state preparation is high this corresponds to the thermal population
of the resonator in the steady state. The equivalent temperature of 115 mK agrees very well
with independent measurements [47] in which we extracted a field temperature of ~ 100 mK.
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Figure 5.10.: Second-order correlation measurement for the |1) state for a repetition time of 256 ns.
5.5. Second-order correlation function measurement

As a last measurement we present the second-order correlation function. For technical reasons
this data was taken in a different sample using an integrated on-chip beam splitter. As shown
in App. [C.5 this setup is equivalent to the one described above.

The source is the same single photon preparation scheme as before which we use to prepare
the |1) state in the cavity every 256 ns. The measurement we perform is

rCAr) — r§§A)(T) = ggggﬂbﬁcG(z)(T) +C’ (5.8)

as given by Eq. (4.56)) and shown in Fig. (5.10)). The center peak at 7 = 0 is significantly
smaller than the other peaks at integer multiples of the repetition time. This is the necessary

condition for the observation of photon-antibunching which therefore demonstrates the non-
classical nature of the radiation produced in our experiment. In fact, this type of measurement
outcome is the characteristic feature of a single photon source and was demonstrated in a
variety of optical systems [48, [49].

Two issues in these measurements are left open for future work. The residual peak at 7 =0
is non-zero and should be quantified. This residual bunching in the generated photons is most
probably due to the cases when the state preparation generates a |2) state as discussed in
Sec. [4.4.1] Furthermore we did not try to estimate the value of the background C’ which is
possible from other reference measurements as described in Sec. [4.3.3]

52



6. Conclusion and Prospects

The goal of this thesis was the realization of measurements of correlation functions of the
electric field to investigate non-classical microwave radiation. The necessary work to achieve
this goal was structured in three steps.

In the theory part of this thesis we discuss how the complex envelope of the electric field can be
measured using standard microwave equipment. It turns out that this type of measurement can
be conveniently described in terms of quantum mechanical measurement operators including
all relevant influences of the detection system. By measuring different statistical moments of
these operators it is shown to be possible to extract amongst other quantities the first and
second-order correlation function of field under consideration.

Based on the theoretical results, we developed a signal processing algorithm to extract the
desired information from the available measurement signals. The efficiency of the final solution
was the main design goal, since the high level of noise in our system required an extensive
amount of experimental repetitions. The algorithm was finally implemented in hardware using a
field programmable gate array (FPGA) which allows us to perform measurements with close to
optimal utilization of the measurement time. The system was optimized such that it achieves
a computational performance equivalent to over 10 GFlops on a data stream of 1 TByte/h.

To demonstrate the performance of our system in the quantum regime we implemented a
source emitting non-classical microwave radiation. This source was realized in a supercon-
ducting electronic circuit consisting of a microwave resonator and an artificial atom of the
transmon type which is known as circuit QED. We showed in this system that we can deter-
ministically prepare a family of single photon states by controlling the state of the atom and
its interaction with the light field. The working of the source was verified by a number of time-
resolved measurements which are in excellent agreement with our theoretical understanding
of this source.

In the end, we were able to demonstrate successful measurements of the first- and second-
order correlation function of the single photon source. In particular, we were able to observe
antibunching of microwave photons which was not reported before and is known to be a
strictly quantum mechanical effect. This shows that the methods we apply are not restricted
to classical states of light, but work correctly for non-classical radiation.

By developing these new measurement method we created a novel tool in the investigation of
the quantum mechanics of microwave light fields. It will allow us to observe more properties of
propagating microwave radiation than before, opening up a new realm of possible experiments.
In that sense our measurements can be seen as a starting point for the investigation of a variety
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of other phenomena, e.g. squeezing or photon blockade in circuit QED systems.

The main limitation to this measurement and to all the developed techniques is clearly the high
level of noise in the current detection system based on high electron mobility amplifiers. A
novel type of amplifier, as the currently investigated parametric amplifier, could greatly reduce
the noise and improve the detection efficiency. The current measurement times of hours and
days would then be reduced by one or more orders of magnitude and would allow for many
more exciting experiments, such as quantum state tomography of propagating microwaves or
tests of non-locality through violation of Bell-type inequalities.
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A. Pulse Correction

This chapter summarizes the efforts to generate high-quality pulses used in the local flux
control of our qubits. We start with a review of the theory of time-discrete signals and then
propose an algorithm to correct pulse shapes in the presence of imperfections in real-world
signal generation.

A.1. Shannon sampling theorem

To generate fast, high quality pulses to control qubits on a nano second time scale arbitrary
waveform generators (AWGs) are an indispensable tool. These devices are programmed with
an arbitrary time-discrete signal (or waveform) which they convert to a time-continuous voltage
signal. To have a meaningful description for the conversion between time-discrete and time-
continuous signals we introduce the Shannon Sampling Theorem.

Assume a continuous signal x(t) and its Fourier transform X(f) = F {x(t)} satisfy the

following relation
B
X(f)=0 forall |f|>§, (A1)
where B is a frequency limiting the bandwidth of x(t). If the sampling rate 1/Ts > B, it can

be shown [50] that x(t) is fully described by the sampled signal
x[n] = x(nTs). (A.2)

In other words no information is lost if a continuous signal is sampled, given that the sam-
pling frequency 1/Ts is bigger than the Nyquist-frequency B/2. In this case x(t) can be
reconstructed from x[n] by

o0

. t— nTS)
x(t) = x[n] sinc , A3
)= 3 (5 (A3)
where the normalized sinc function is
: sin(7x)
= _ A.4
sinc(x) X (A.4)

The reconstruction from Eq. ((A.3]) can be seen as a discrete convolution of x[n] with a kernel
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(or impulse function) h(t) = sinc(t/Ts) given by

x(t) = x[n] = h(t — nTy) (A.5)

A.2. Signal reconstruction

In any real system the ideal reconstruction as in Eq. (A.3]) is in principle impossible to imple-
ment since the sinc function extends up to t = +o00. Instead other kernels can be used to
approximate the ideal signal.

A.2.1. Zero-order hold

One common choice for such an approximation is the zero-order hold (ZOH) where a given
signal level is kept constant during one sampling period. The kernel for this type of Oth-order
interpolation is given by

1 0<t<T,

hzon(t) = { ° (A.6)

0 else
The higher frequency components in the reconstructed signal can afterwards be filtered by a
low-pass filter at half the sampling frequency

1 fl < 5
FolF) = <o (A7)
ekl else

In Fig. (A.1) the spectrum of the zero-order hold is compared to the ideal reconstruction and
shows a characteristic roll-off towards the Nyquist frequency due to the constant interpolation
in the time domain. The

1 a 8 o0 b
e £ -10f
~ o
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R g -20F
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0 Ts 0 1/(2Ts)1/Ts
time frequency

Figure A.1.: a) Theoretical impulse response of a zero-hold digital analog conversion (red) and a sinc for the
ideal signal reconstruction (blue) with a sampling time Ts. b) Spectra of a) with the characteristic roll off
towards the Nyquist frequency for the zero-order hold. Also the out-of-band high-frequency components are
clearly visible and a distortion compared to the ideal reconstruction (blue).
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A.2.2. General kernels

As a general model for the generation of signals, we want to describe a system consisting
of two parts. First an AWG transforms a given waveform x[n] to a voltage signal, which
is filtered by a linear system described by the transfer function G(f). The resulting time
continuous signal can be written in this case as

y(t) = g(t) * (x[n] * h(t — nT5)), (A.8)

where g(t) = F~1{G(f)} is the impulse response of the channel filter. By using the commu-
tation relations for the convolution we can simplify this expression and find

y(t) = x[n] * (g(t) * h(t — nTs))

= x[n] * ﬁ(t —nTs)), (A.9)

where now the complete description of the system is in the kernel /~7(t). In fact this kernel can
be measured by applying a test signal x[n] = d[n]:

y(t)‘ iy = Ol B(E = nT2) = R, (A.10)

Having a measurement of this impulse function we have a full characterization of the signal
generation chain and can predict with Eq. (A.9)) the exact form of the output signal for any
given waveform.

A.3. Signal correction

Being able to predict the resulting signal for any given waveform allows us to correct for the
distortions of the AWG and the channel. This can be done by finding the waveform which
results in a signal most similar to the desired signal. It is clearly impossible to achieve any
arbitrary desired signal at the output, since the available frequency and amplitude range are
always limited by the channel bandwidth as well as the AWG bandwidth and amplitude range.
We present instead a method to find a waveform which approximates a desired signal in a
least-square error sense using linear regression.

A.3.1. Signal prediction by linear mapping

To find an applicable algorithm we want to restrict all signals to finite length and assume for
the resulting signal y(t) the kernel h(t) and the waveform x|[n]

y(t) #0 only for 0<t<t,
h(t) #0 only for 0<t<ty (A.11)
x[n] #0 only for 0 < nTs < ty.
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Under these restrictions x[n] can be written as a vector x of length /, = [t,/Ts] and Eq. (A.9))
becomes a linear equation

y(t) = (h(t), h(t = Ts), ..., h(t = (I =1)Ts)) - x, (A.12)

where x is multiplied by a time dependent row vector constructed from h(t).

To treat this equation numerically we replace the time-continuous signals y(t), h(t) by quasi-
continuous signals which are sampled with a very high sampling rate (1/T.) with respect to
the relevant frequencies/time scales. To simplify the calculation T, will be assumed to be an
integer fraction of Ts, e.g. Ts = 107.. Then we write

yln] = y(nT¢)

n] = h(nTo), (A13)

also as vectors y of length /, = [t,/T.] and h of length I, = [t4/T.]. This reduces Eq. (A.12))
for the output signal y to a matrix equation

y=H-x, (A.14)

where H is a (/, x lx)-matrix whose elements are given by
. . o Ts
Hij=h(iTe = jTs) = hli —j="]. (A.15)

Note that we use an unusual convention and start counting rows(columns) from 0 to /, —
1(k —1).

A.3.2. Solving by linear regression

The description how a waveform is translated to a signal was reduced by Eq. to a simple
multiplication by the matrix H. Trying to solve this equation for a given y will always result in
a highly overdetermined system of equations, because t, ~ t, will lead to /, > /. It implies
that not all desired signals y are in the image space of H and therefore not reachable by any
waveform x. This fact is mearly a reflection of the physical restrictions imposed by the system
due to the finite sampling time and the channel distortions. The best thing which can be
done is to find an x which minimizes the error [ly — Hx|| for some given norm. For a quadratic
norm the problem reduces to a linear-regression. The solution to the linear regression can be
described analytically by the pseudo-inverse L of the mapping matrix H as

x=1~L-y, (A.16)
with the pseudo-inverse calculated from

-1

L=(HTH) "H". (A.17)
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A.3.3. Weighting the error

This linear regression technique will find a waveform which resembles a given output signal
best in a least square error sense. The error will be minimized over all points in time uniformly.
In some cases it is desirable though that the error in some parts of the signal are minimized
at the cost of more irrelevant parts. For our experiment e.g. the flattness during the plateau
of a square pulse was most important whereas overshoots and the form of the edges were less
important.

For these cases the linear regression technique can be extended by introducing weights for the
error at all points in time. These weights can be given as a vector w of equal length as y by
quantifying the importance of the corresponding point in y on a scale from 0 (unimportant)
to 1 (important). We write this vector as a diagonal matrix W = diag (w) and write down a
modified linear regression problem

y=H -x (A.18)

wherey =W -y and H' = W - H. By solving this equation we find a x such that the residual
error ||y — Hx|| is distributed in time according to w.

A.3.4. Algorithm

Summing up the above derivation the following algorithm allows to find an optimal waveform
for a given desired signal:

1. Define the sampling time of the AWG (e.g. Ts = 1ns) and the sampling time of the
quasi-continuous signals (e.g. T, = 10Ts = 0.1ns).

2. Measure the transfer function h(t) of the signal generating system by applying a wave-
form §[n]. The position at which the transfer function is measured determines which
parts of the signal chain are included in the correction.

3. Find/Define the length of the transfer function I, = t,/T., the maximal length of the
desired signal I, = t,/T. and the waveform Iy = t./Ts. It is beneficial to respect the
relation t, > t. + tp, which is /, > IX% + Ip, to avoid samples in the waveform which
are underdetermined.

4. Calculate the mapping matrix H from the measurement data of the transfer function by
Eq. (A.15)) and the correction matrix L from Eq. (A.17))

5. Define a desired signal y(t) and calculate its vector y.
6. Calculate the waveform by x = Ly.
7. Check if the achieved signal y = Hx fulfills your requirements.

Note that for a given system the steps 1-4 have to be done only once and the matrix L can be
stored. The modification for error weighting was not included here, because it can be easily
included as a modification to the last two steps in the algorithm.
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Figure A.2.: a) Measured impulse response of the AWG Tek5014 in the 4V amplitude setting. The shape
is clearly different from a sinc in the ideal reconstruction and features trailing oscillations for t > 5ns. b)
Spectrum of a with a characteristic roll off towards the Nyquist frequency. Frequency components above this
frequency are successfully suppressed by the AWG. ¢) Mapping matrix H constructed from measurement in a.
Note that normally /, > I in contrast to the graphical representation here.

A.4. Examples

As an example we show the results of this algorithm applied to an Tektronix 5014 AWG. The
sampling times are chosen as

Ts =1ns and T.=0.1ns (A.19)

The measured impulse response of the AWG is shown in Fig. (A.2p). This measurement
was done for the highest amplitude range of the device where clear distortions at the end
of the pulse are visible. In Fig. (A.2b) the spectrum of this measurement is shown. As for
the perfect reconstruction frequencies above the Nyquist frequency are effectively suppressed.
At the same time the spectrum roles off strongly towards higher frequency, which is a clear
deviation from the perfect reconstruction.

In the measurement the impulse response pulse vanishes after about 20ns and we restrict
ourselves to signals with less than 100ns. We choose for the algorithm

th=20ns — [, =200
ty =100ns — [, =100 (A.20)
t, =120ns — [, =1200

The mapping matrix H constructed by Eq. (A.15)) is shown in Fig. (A.2k). Using this matrix
we can predict the output signal for an uncorrected square pulse which is the blue line in
Fig. (A.3b). The distortions by the AWG are predicted to be a slow rising edge and a 10ns
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A. Pulse Correction

tail after the pulse. As a corrected square pulse we designed a pulse with a controlled rise time
and a small gaussian overshoot which is desirable for some of the vacuum Rabi experiments.
The algorithm finds a waveform which is predicted to approximate the desired pulse well as
can be seen in Fig. ). Interestingly the corrected pulse is prepared already 20ns before
the rising edge as can be seen in Fig. ) to produce a fast undisturbed edge. This behavior
is not added intentionally but rather a result of the optimization procedure.
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Figure A.3.: a) Waveforms of an uncorrected 5ns square pulse (blue) and a corrected square pulse (red). b)
Predicted output signals calculated from the waveforms in a using the mapping matrix H from Fig. ).
The predicted output for the corrected pulse (red) fits nicely to the desired pulse (orange) and reproduces the
small requested overshoot precisely (inset).

To verify the effectiveness of the correction we measured different uncorrected and corrected
pulses using a LeCroy 13 GHz oscilloscope. First an uncorrected 5ns square pulse was mea-
sured which features the expected defects as can be seen in Fig. ). Note that this
measurement was performed with a lower amplitude setting at the AWG than the previous
example and features smaller distortion. In fact, we could observe that the AWG features
three internal output configurations which are used in different amplitude ranges. For these
configurations the pulse quality decreased for the higher amplitude ranges.

In the second measurement we prepared a square pulse which maximizes the flatness and
minimizes the rise time of the pulse. By weighting the error before the plateau very small the
correction introduces preparational oscillations which are clearly visible in the output prediction
in Fig. ) (dashed). The measurement of this pulse fits excellently to the prediction and
shows that the correction method works correctly.

Finally the correction method was tested for very strong distortions. In this measurement
we used a broken filter which was known to introduce strong distortions and introduced an
impedance mismatch at the measurement port to create additional reflections. By measuring
an uncorrected 5ns pulse Fig. (A.4k) (blue) we were able to observe the strong distortion
of this system including the reflections of the mismatched output. Performing the correction
algorithm for this system we measured the red trace in Fig. ) which is close to an ideal
square pulse. In particular the trailing oscillations are completely suppressed demonstrating
the strength of our proposed pulse correction scheme.

62



A.4. Examples

- - : ‘ ‘ ‘ ‘ ™
2 > > j/“"\(
) ] o 2F 1
=] =) =]
2 =2 =
= = S 1r ! ]
IS S € | I
@ [ ® 0 _ X

0 10 20 30 40

t[ns] t[ns] t[ns]

Figure A.4.: Measurements of uncorrected and corrected pulses. a) Waveform of uncorrected 5 ns square pulse
(green) and measurement of the pulse which is produced by the AWG (blue). Note that the AWG is used in a
different voltage range here, so that the distortions are different than in Fig. ). b) Measured corrected
5ns pulse (red) and theoretical prediction (blue, dashed) where the flatness of the plateau was optimized. c)
Measurement of uncorrected 5ns pulse (blue) after a highly distortive filter with an impedance mismatch at
the measurement device. Correction produces an excellent square pulse (red) and completely compensates for
the AWG and the filter distortion.
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B. FPGA Design

In this appendix we present aspects of the implementation of a signal processing design to
measure correlation functions of microwave signals. The implementation is based on the Xilinx
Xtreme DSP board which is currently used in the Qudev Lab [51], 27 52].

To measure very small correlation signals (e.g. of single microwave photons) one has to per-
form extensive measurements where large amounts of data are acquired. The main design
goal was therefore maximally efficient processing and reduction of the data. The final imple-
mentation now can do continuously various mathematical operations on the incoming data
and average the results up to 4 x 109 times.

The design follows the pipeline structure depicted in Fig. , where the continuous flow of
data passes different programmable stages. These stages process the data simultaneously and
operate truly parallel due to their implementation in independent hardware parts. The data
flow is synchronous to the clock speed of the FPGA at 100 MHz and the sampling rate of the
analog-digital converters, so that one sample per clock cycle is processed in each stage.

B.1. Signal Processing in the FPGA

B.1.1. Binary representation of real and complex numbers

Before the signal processing chain is described in detail, we introduce a notation how real or
complex-valued data points are represented in binary hardware. While in principle there are
different possibilities for this representation we use the fixed-point formats provided by Xilinx.

To specify the binary format of a real number we write (U)Fix_N_M, where U specifies an
unsigned number, N the total number of bits to represent the number and M the position of
the binary point. For example the binary representation of the number 14.75 as a UFix_14_6

ADC1 H Mixer [ FIR —— Math [ Decimator [ Correlator H Averager — RAM

ADC2 H Mixer H FIR == Math H Decimator H

Figure B.1.: Schematic of signal processing pipeline implemented in our FPGA design. The data acquired by
two ADCs undergos several processing steps and is finally averaged into the memory of the FPGA. All stages
work in parallel allowing for a high data throughput.

65



B. FPGA Design

oo00001110Q. 110000 : (B.1)
— ——
integer part: 14 fractional part: 0.75

A more detailed description of fixed point representations can be found in [53]. It is important
to note that all formats have restrictions on the range and accuracy of the numbers they can
represent. For unsigned types the maximal and minimal numbers and the smallest possible
increment are given by

UFix_N_Mpmax = oN=M _ =M (B.2)
UFix_N_Mpmin = 0
UFix_N_Mp = M

whereas for signed types this is

Fix N Mpax = oN=M-1_ >=M (B.5)
Fix_N_Muyin = —pN-M-1 (B.6)
Fix_N_Mp = 2 M (B.7)

As an example in a UFix_14_6 number one can encode numbers from 0 to 255.984375 with a
resolution of 0.015625 . For complex numbers we will use CFix_M_N, where the real and the
imaginary part are encoded in a Fix_M_N real number each.

When implementing an algorithm based on fixed point data types special care has to be taken
to respect the limited range and accuracy. The mathematical operations performed usually
change the range and the accuracy, e.g. a multiplication of two Fix_14_6 numbers result in a
Fix_28_12 number. To avoid this bit growth effect rounding is used to reduce the number of
bits after such operations. Since rounding necessarily introduces errors in the algorithm a good
trade off between accuracy and resource utilization has to be found in the design procedure.

B.1.2. Sampling and Mixing

The analog data sources on the FPGA board are two analog-to-digital converters (ADC) each
sampling an incoming voltage signal between +1.1V every Ts = 10ns and digitizing it to a
Fix_14_13 number between +£1. Note that although the samples from the ADC come with
14 bit the effective number of bits (ENOB) is only ~ 10.2bit due to the intrinsic noise of
the ADC. The signal from each ADC is multiplied with a local oscillator (LO) as depicted in
Fig. ) The LO signal is generated nummerically in the FPGA and is given by e~ '“Ft,
where the LO frequency wig can be chosen for both channels individually. This multiplication
results in a complex-valued signal which is stored in a CFix_17_16 format.

The effect of the mixing operation is a shift of the original signal spectrum such that the
frequency wir is down converted to d.c. as discussed in Sec. [4.2.1] The output signals of this

66



B.1. Signal Processing in the FPGA

T T T

g | Sl

TFselect CHL 25 MHz phase T‘
annel Select CHI1: ADC1for = ‘

nored since v05 F
ee signalMath)  phase CHL - 0

Figure B.2.: Schematics of the parametrization of the data acquisition on the FPGA board. Dashed lines
indicate possible alternative configurations.

stage are:

s1[n] = sapca[n] - e~ FATE" (B.8)

s2[n] = sapcaln] - e "WF2Tsn, (B.9)

The current implementation depicted in Fig. offers three choices for wig/2m € {0 MHz,
10 MHz, 25 MHz}. In the case of 25 MHz two different ways of how the LO signal is generated
are available. The 25 MHz fast option achieves higher quality of the LO signal but will not
allow to set the phase of the LO as for the 25 MHz phase option [27]. Furthermore in the case
of 0 MHz one can choose that the two input channels are interpreted as the two quadratures
of one signal and are combined to one complex signal. This option is useful if both outputs
of a single sideband mixer are sampled and results in a signal

si[n] = s2[n] = sapci[n] + isapca[n]. (B.10)

B.1.3. Filtering

Following the mixing stage we implemented a programmable filter to reject all undesired
frequency components of the incoming signals. Normally these filters are symmetric low
passes and define the detection bandwidth of the measurement. We will just describe the
implementation and refer to Ref. [54] for a general discussion of digital filters.

For the implementation we chose 13-tap real symmetric finite impulse response (FIR) filters
which are readily available in the Xilinx toolset and offer a good compromise between resource
requirements and flexibility. A FIR filter is defined by its impulse response h[k] which has only
a finite number of non-zero elements as show in Fig. . For a 13-tap real symmetric FIR
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Figure B.3.: Impulse response of a 13-tap symetric FIR filter. The response is given by 7 coefficients ¢;.

we have the following restrictions on this response

Symmetry: hlk] = h[—K]
Length: hlk] =0 for |k| > 6 (B.11)
Real: hlk] € R.

In this case the filter can be described by 7 coefficients cp 1,.. 6 which define its response as:

h[k] = {C'k' kl<6 (B.12)
0 else

Finally the output s’[k] of the filter is given by the convolution of the input signal s[k] with
the impulse response h[k]

6

SK1=> slk—Nhl= > aslk—1. (B.13)

/ |I=—6

To use these filters as tunable bandwidth filters we designed a set of 21 low pass filters of
which a selection is shown in Fig. (B.4]). These filters were designed by use of an truncated
ideal low pass combined with a Chebyshev window as described in Ref. [54] and result in
the coefficients of Fig. . This method is favorable because it gives a good compromise
between a high suppression of the unwanted components and a low distortion of the signal of
Interest.

Since the filtering involves multiplications and summations, one has to assure that the range of
the fixed point output is not exceeded. This bit growth effect is characterized by the quantity
Amax = D |C,|2 which is proportional to the worst case output of the filter. To avoid this
effect all filters are normalized such that A;.x = 1 so that even in the worst case the output
will stay inside the range of the input. The output width of the filter is Fix_18_17 where we
tried to keep a high precision to avoid numerical noise from multiple rounding.

In many cases one can assume that the amplitude of the filtered signal will stay well below the
worst case. In fact Aq,ax = 1 is a conservative choice in particular when the input is dominated
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Figure B.4.: Transfer characteristics of different low pass filters which were designed for our experiments.

by random noise. Then the option filterGain can be used to scale up the filter coefficients
in the software to increase the amplitude of the filtered signal. This helps to retain more
significant bits and increasing the numerical accuracy of the subsequent stages, at the cost of
a possible violation of the numeric range of the filter (clipping). A filterGain of 5 for the
filters with 5 < 0.25 has proven as a good choice.

B.1.4. Signal Maths

Following the filtering stage one has the option to apply a mathematical transformation on the
signals (schematic in Fig. (B.5]), implementation in Fig. (B.9)). This transformation allows to
multiply parts of the incoming signals and strip either the real or imaginary part for the further
processing. Note that this transformation goes sample by sample, i.e. no time shifts or other
more complicated transformations can be applied at this point. The two output signals of this
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Figure B.5.: Schematic of the parametrization and implementation of the mathematical transformations which
can be applied on the input signals.

stage sp, sg are formally described by

fa(aalk]balk])

fe(ap[k]bglk])
5 =

salk] = 5

and sglk] = (B.14)

where the expressions on the r.h.s. indexed by A, B are two sets of parameters which can be
chosen from

fA,fB G{IL,Re,Im} (B.15)
aa, ba, ag, bp 6{1,51,52,5?55}. (B.16)

This allows for example to obtain the instantaneous power of channel 1 choosing
fa=1,aa =51, ba=5] = sa[n] = si[n]si[n], (B.17)
or the cross-power between channel 1 and 2 as

fa=1aa=5s1,ba=s5s = sa[n] = s3[n]si[n]. (B.18)

B.1.5. Decimation, windowing and zeropadding

To facilitate the calculation of correlations we now apply three further transformations on the
signals sp, sg. First we can choose to decimate the signals by a factor given as dfactor,
where only every dfactor-th sample is kept and all samples in between are discarded. This is
useful to get rid of redundant information when the bandwidth of the signal was sufficiently
reduced by the filtering stage (implementation in Fig. (B.10b)).

From the decimated signal 2048 points are then put together to a window, which starts at
the rising edge of the measurement trigger. These windows will be written as complex vectors
sa, sg of length 2048. The duration captured by one window is dfactor - 2048 - 10 ns due to
the fixed number of points. The smallest window is 20.48us long for dfactor = 1.
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With the zeropadding option we can finally choose to set the second half of these vectors to
0 (implementation in Fig. (B.10k)). This option can be used in connection with the following
correlator stage to choose between cyclic and non-cyclic convolutions. The k-th element of
the output vectors is given by

(sa.8), = {SA,B[dfactor - k] (B.19)

0 i > 1024 and zeropadding enabled

B.1.6. Calculating correlations and averaging

In the last stage of the chain the cyclic correlation between the vectors s, and sg is calculated.
The regular correlation between two complex time-discrete signals a[n], b[n] is given by

o0

GreglT] = > alllb*[I + 7. (B.20)

|=—00

If we assume that these signals are periodic with a period of N and that samples with a time
distance larger than N — 1 are uncorrelated this is equivalent to the cyclic correlation given by

N—1
Geyelr] = > allb* [/ +7 mod N]. (B.21)
/=0

The condition is in fact unnecessary when applying zeropadding such that the second half of
the signal is set to 0. In this case the cyclic convolution is similar to the regular convolution
for a finite signal up to a normalization procedure.

It is useful to calculate the cyclic convolution in hardware because it can be implemented in an
algorithm based on the discrete Fourier transform (DFT). This transform is very efficient in
binary hardware through the fast Fourier transform (FFT) algorithm and is widely established
in signal processing applications. To see how the DFT can be used to calculate correlations
we note a correlation can be equivalently written as a convolution

Gl—7] = alb*[/ — 7]

/
B.
= > allb*[=(1 = )] = (alf] + b*[=M)[7]. (522
/

This is true for regular and cyclic correlation with the respective regular and cyclic convolution.
By the convolution theorem of the Fourier transform this operation can be expressed in terms
of the DFT and the inverse DFT (IDFT) as

N—-1

(all] #cye UNIT] = allblr — 1]

I=0
= IDFT(DFT(a[/]) - DFT(b[n])).

(B.23)
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Figure B.6.: Schematic of the parametrization and implementation of the mathematical transformations which
can be applied on the input signals.

To find the equivalent formula for the correlation one needs to conjugate and time reverse
the signal b. Most easily this is achieved in the frequency domain by conjugating the DFT of
b because .

DFT(b*[-1]) = DFT(b[I])*. (B.24)

The frequency domain algorithm by which we compute the cyclic correlation of s4, sg is then

2047

Gspss[=TI = ) (sa)i(sB)]sr
i /;) IR (B.25)

= IDFT(DFT(sa) - DFT(sg)*).

The schematics for this algorithm is shown in Fig. and its implementation in Fig. (B.11)).
The result the correlator state is finally summed up over a number of repetitions of exper-
iments specified by averageLengthExp. One can note that the inverse DFT is missing in
this implementation. Since both averaging and the inverse DFT are both linear operations it
is possible to swap them. The IDFT is performed after the experiment in the data analysis
software by which a significant amount of hardware resources on the FPGA device can be
saved.

The DFT is the most expensive operation which is currently performed in the hardware and
is implemented as a FFT. To achieve high numerical precision we chose as input data type
Fix_17_16 and a phase factor of 16 bit for the internal phase memory of the FFT implemen-
tation. During the FFT the required numerical range can increase significantly which leads to
an output data type of Fix_54_28.

Two options apart from the number of averages allow to change the behavior of this stage.
If the option AveragingMode is chosen, only the spectrum of sy is averaged. In this mode no
correlation is calculated and sg is discarded. When option DiffMode is turned on the averager
will sum up the differences between two subsequent measurement results. To achieve this,
the sign of the signal is toggled for each repetition. This allows e.g. to subtract a reference
measurement to get rid of unwanted background signals.
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The averaging step is not very resource intensive and can retain the full precision of the FFT
output (implementation in Fig. (B.10h)). During the summation of up to 232 ~ 4 x 10°
repetitions the range of the data grows by another 32 bit so that we used a CFix_96_31 data
type for the averaging. This data type is useful for our purposes by providing an enormous
dynamic rang{] of 108 capturing even tiny signals on large backgrounds without numerical
loss.

B.1.7. Read-out

When the specified number of averages was taken the result is written to the on-board memory
of the FPGA board. This is only done after all repetitions were performed, so no intermediate
result can be extracted in the current implementation. The measurement software Cleansweep
reads out the memory, applies a IDFT to the summed data and divides the result by the number
of averages taken. The data is available as channel 3 in the software and is saved together
with the data of the other acquisition card in a text file format.

B.2. Examples

To perform the experiments presented in Sec. [5| we use the following settings through out the
measurements

Sampling: ADC1, ADC2

Mixing: 25MHz phase adjust, phase=0
Filtering: low pass filter with £fs=0.2
Signal Maths: fa=fg=1

All other options off

Quadrature measurements
To perform average quadrature measurements, like (Sp(t)) we chose the following options

Signal maths: ag=si;,ba=1landag=1bg=1
Correlator: AveragingMode on and e.g. 1M averageLength

Power measurements
To perform average power measurements, like (S (t)Sp(t)) we chose the following options

Signal maths: ap=s{,ba=siandag=1bg=1
Correlator: AveragingMode on and e.g. 1M averagelLength

'here defined as largest possible number divided by smallest increment.
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For cross-power measurements ba = s, can be chosen where (S (t)Sc(t)) is measured.

First-order correlation function

To perform first-order auto-correlation measurements, like f<52§(t)5b(t+ T)> dt we chose
the following options

Signal maths: ap=s1,ba=1landag=s1,bg=1
Correlator: AveragingMode off, DiffMode on and e.g. 32M averageLength

Note in particular that ag is not complex conjugated as one might expect. This is due to the
algorithm which performs the complex conjugation internally. Again the cross-correlation can
be measured by choosing ag = s».

Note that to use DiffMode on, in every second repetition of the experiment the source/state
preparation has to be turned off!

Second-order correlation function

To perform a second-order auto-correlation measurements, like
reA(r) = [(Sy(0)Sa(0)S:(t + TSt + 1) e

we chose the following options

Signal maths:  as = s1,ba =57 and ag = s, bg = 55
Correlator: AveragingMode off, DiffMode on and e.g. 256M averageLength

Note that to use DiffMode on, in every second repetition of the experiment the source/state
preparation has to be turned off!

74



B.2. Examples

'si9}|l4 ssed MO JO Ajiluey B 10} SIUDIDI4R0D) 17/ g 24nbi-

L000000 T <2=(S)8ZIS>,=S1UB 1244300

('z=6)qgayd 'T=sjd|=aueNtal|d

.76GE€8900 "0~ €5692T0 0 Z¥SS8TO "0~ 229€920 "0 99222€0 0~ ¥60TLED "0 22W2ZEL 0 </=(S)8Z1S>, = SIU8 10 |}}900
('z=6) gayoge0=sjyd|=aueNial|ld

.76SG€8900 '0- ¥8¥9¥TO ‘0 229€920 "0~ T6E00Y0 0 ¥¥ELZS0 "0~ G290 0 SLE6G 0 <L=(S)8Z1S>, = S1UB 1D 1}}80D
('z=06)gayoe0=s4d|=aueNial|d

.ETES6T00 '0- €959/600 0 TvIvye0 0~ ¥868SY0 0 ¥65SE€890 '0- SLEBS80 0 29€92G 0 </=(S)8Z 18>, = SIU8 10 1}}900
('z=06)gdayogg'0=s4d|=aueNtal|ld

.G2906€£00 '0 0 GZ9STO '0- E€SV6EYO "0 T820080 '0- 8ZETTT 0 88TZ6YV ‘0 <L=(S)8Z1S>, = SIU8 10 1}}900
('z=06)gayogo=syd|=aueNial|ld

.76SE8900 '0 €959.600 '0- 0 99222€0 0 6096¥80 '0- 68LEET 0 L98EIY "0 <2=(S)8ZIS>, = SIUS 10 | 4300
('z=06)gayogs0=s4d|=aueNtal|ld

.G2906€00 '0 6TL9ETO 0~ GZ9STO ‘0 ¥8Y9YTO 0 L¥SOT80 "0- L6ZYST 0 LYSSEY 0 <L=(S)8Z1S>, = S1U81014J800
('z=6)gays,0=sjd|=aueNia}|Id

.€TES6T00 '0- £959/600 '0- 906£520 "0 S2ZT8L00 '0- T68ZTLO0 '0- SO8YLT "0 2669TH ‘0 <L=(S)8z1S>, = SIU8 19 1}}900
('z=6)gayog90=sjd|=aueNid}|Ild

.76SE8900 '0- 0 2.9£920 '0 £0ZEBZO "0~ ¥¥ELZSO "0~ €¥06T '0 ZOITEE "0 <2=(S)8ZIS>, = SIUS 10 | 44300
('z=6)gayog'0o=sjd|=aueNia}|ld

.8€658500 ‘0~ ZZ¥20TO0 0 9T099T0 "0 6TZ6¥¥0 '0- £0ZESZO ‘0~ SS090Z ‘0 £20¥LE 0 </=(S)8Z1S>,=S1U8101}J80D
('z=6)gayogg0=sjd|=aueNia}|ld

.0 T8/GLT0 0 0 90%¥99S0 '0- 0 SLEVEZ '0 £1828E 0 </=(S)8ZIS>, = S1U8 10 |}4300
('z=6)gayogo=syd|=aueNal|ld

.76G€8900 '0 88TLTTO 0 T8LGLTO ‘0~ 1828870 0~ ¥E.Z0E0 0 £0L02Z "0 G2T8ZE 0 </=(S)dZ1S>, = S1UB 1D 1}}00D
('z=6) gayosy0=sjyd|=aueNial|ld

.G2T8200 0 0 ¥€220€0 "0~ TEOZEEOD 0~ 69¥S090 "0 SG28TZ 0 TBLOOE "0 <2=(S)dZIS>, = SIUB 12 |}4800
('z=6)gayoy0=syd|=aueNial|ld

.69626200 '0 €5692T0 0~ GZTEO '0- £959/600 '0- 9068/80 0 26/9TZ 0 2€82Z 0 </=(S)dZ1S>,=S1Ud 13 1}}80D
('z=6) gayoge0=syd|=aueNial|ld

.18288%00 '0- Z¥SS8TO '0- 8.05020 '0- €£TES6TO 0 22¥.OT "0 8L0S0Z "0 L¥08YZ 0 <.=(S)8Z1S>, = S1U8 10 |}}800
('z=06)gayogo=syd|=aueNial|d

.£969/600 "0~ ¥879¥T0 '0- 0 S/89%0 0 20ZZT 0 9EEV6T ‘0 €€9€ZZ "0 <2=(S)dZIS>, = SIUB 10 |} 4800
('z=06)gdayogz'0=s4d|=aueNsal|ld

.8€6G8500 '0- 0 TPT¥¥2Z0 0 6SEE690 0 €5692T "0 T8LGLT 0 €TESET "0 <2=(S)8ZIS>, = SIUB 10 | 4800
('z=6)gayozo=syd|=aueNial|ld

.§2906€00 ‘0 T8.S.T0 0 €SV6EVO "0 LSOT80 '0 ¥60TZT "0 ¥¥EZST "0 €90¥9T "0 <L=(S)8Z1S>, = S1UB 1D 1}}80D
('z=06)gayoGgT'0=s4d|=aueNtal| !4

7879%T0 "0 GZTE0 "0 T995G50 '0 ¥¥86€80 "0 SOEZTIT "0 9EBTET 0 8Y9IBET "0 <2=(S)8ZIS>, = SIUS 10 | 44300
('z=06)gayot'0=s4d|=aueNsd}|Ild

.609%220 '0 T6E00¥0 "0 §290 '0 6096¥80 ‘0 S¥¥90T "0 ¥60TZT 0 LL6GZT "0 <2=(S)8Z1S>, = S1U3 10 |}4300
('z=6)gayogo0=sjd|=aueNid}|ld

.906£520 '0 8896270 0 TESYY90 ‘0 SLE6S80 0 Z6V¥OT "0 88TLTT '0 L0ZZT 0 </=(S)8Z1S>,=S1U3 10 |}4300
('z=6) gays 100 0=s4d|=aueNlida}|Id

12 =< (s) az1s

‘0z s191]1}
‘0¢sivl|l)
‘6T S181 1}
‘6T S491 |1}
‘8T s8]}
‘T SJI91 11}
FAR-PERRRNN
PAR-PERRRY
‘9T s181 |1}
‘9T sJi81 |1}
‘GTsi81 |1}
‘GTsJI81 |1}
‘YT s181 |1}
R A EERR RN
‘€T s8]}
‘€T s8]}
T s8]}
T s8]ty
‘TTSs481 11}
‘TTsi81 1}
‘0T s481 11}
‘0T s181 |1}
‘6S491]| 1}
‘6S491]1}
'‘gSI9}| 1}
‘8SI9l|l}
UE-PERRRN
WASPLER RN
‘9sJ91]1}
‘9sIal|l}
‘G894
EREFERERY
R ARCRERY
vsisl|l}
‘€s491]1}
‘€S9 14
2si91]1y
2S94
‘TSIl 1}
‘TSI 1}
‘0sJI91|1}
‘0s491]14
> 'SI9} |1}

[Arelq 17491 14]

75



B. FPGA Design

T E UFK 320 H

FIR control
E &
bit 1 positive ma.mmm
FIRpaams  Register  pay2g Fix_13_1
— coie 10MHz:
1) > ﬂ./_
o] ¢ . mam
G doubie Mux
H Multd
g ] .
Nh‘ﬂc— bt 26 24
»b
Fli_13.17
1DC: Muh2 i dout] 220
B
» P 1 25MHz: oo PR Blooe s
> . W d1 ridl>
= - f_we
Fix 12 11 = Fix 26 24 =X A
bit 3-15 phase  Fox_13_Fix_25_27 o . L fab) »
IFselect_| . .
DOS 1oMnz aeeor Pricoetdin wdy|
Multi
Bl g | PRI FIR Compiler 4.0
- {3
> o | P26 24 |
-, Souie Bl enefERLY ot o #p{din
6 NS g
e DOS Z5Mhz Mult3 by 17 16 i
zwischen -1+2ps und 1-spsilon o
ba2 plooet we
v LM_|_ 25MHz fast {Fasiect 0 . N
out|2RE L = by 10
plo0 FIR Compiler 4.0 1
Counter (2bit) »d1 Fix 15 13
x(A) [P »e
P{o
Continuous Fu1p *cos(25MHz)
B Integrating
Single-Step )
Simulation 0
» _xﬁnau“ Fik 15 13 > 41 Fic 15 13
counter schon friher resetten 1 »ldz
pioz
*-=in{25MHz)

Figure B.8.: Schematics of the digital down conversion implementation in the FPGA design including mixing and filtering stage. This stage is implemented once for
each channel.

76



B.2. Examples

=86

(_E i

&

h A

&

[ 3

[ 3

i 8l ad

L)

"abe]s J01e[2.4400 2y 01 [eubis Indul JuJajiIp OM] Spinod 03 9DIM) pajuswaldwi si abels siy |

eAs12a

"abels yilew |eubis ay3 Jo SdIjEWLYDS '6'g 24nbi4

u=bBig

oo |

4

FXD o WY
#t

wa

)

e z
O %€ |3n ai
[+1]
Lxniy
|=1e8nluso -l
-+ wigs
i ) “ X0 01 wis (8 )
S (Zucs z - 31 Tag E sHanep 3
i - w -
- = - s
& ol i) L dd=an
- o
cna.wh=s
-+
q % =in
LN
Zen sieBnluce -
{2z . 12w Z
o lall ol
3 - 1 ko i S
(ZZ.iZmy 17 -4 - wla—{i
- oL §1
=+ aBuss aney 3w 1eY) i = Lt '
[V ™)
T Aq uoisimp
} Byuodsa
2 e
lae] | FEEED B

cws....:_n. |

7



B. FPGA Design

Continuous > addr
=] Fix[98 31 + [ | Fie g8 31
Single-Stap o] >
Simulation > a
[ o Fe s 21
g
>
&
Dusl Port RAM1 38 bit in st out | LI
Foc_58_31 Ny ) [ PR S6bit result
32bit increment b~ - et
nerement o fF UFe 11 h
‘ - gt B a3dtin UFe T
uFe fii_0 = ot adae | U X .
5 o] isFisiShot _l.addl\n aaarout P
29 soutie e ] plenin dhbie
= P - m—EI
Fil - -
isFirstShot z L | Lplenin o - o
84 bit adder 2.2 E e 4 "
C:aqume ramAddrOut {1
P running farhid bk
3, t
- wetOutl = {2
<D ]
= ‘ &5
sign runningOut B p{ 4
runningOut

readout control

oy toue N N runningin
il runningin i

runni ol
o e[|

Inside Scope avg

Cns oo come )
e — s xreout
%

g e milsss
[ >
ximin E‘ 0 ximout

s g .
e
o =

Besce

——
=
.
Inside Scope sync

—
LRI s P e
=
e b
-
[ L e g X0 2 'rﬂlrn L ()
b= S EI’ iy e
i
o o P +
v P
1 "'4 ol 5.
-
[ D)
vimoa
e
=5
=
b
Inside Scope sync.

Figure B.10.: a) Schematics of the averaging stage. This stage is implemented individually for the real and
the imaginary part of the measurement signal. b) Schematics of the decimation stage. ¢) Schematics of the
zeropadding stage.

78



B.2. Examples

indino woo adoas Spesy)

SIy3 4o Indino sy -pardinw Usy} pue pawJojsues]} JaLno4 aJe sieubis yioq

abels buibesane oyl 01 seob abels

Buippedossz pue UOIBWIDSP Jol)y ‘96elS J01e[9440D DY} JO SOIeWLYdS 'TT'g 24nbi

(=]
]
i

-

=)
] = :
TRl LwmsueD @
ETRT
wes | _ 3
B &
fzg L 0'Q WIOHSUE]] SSuUncd 1SE4 . H nm 5
o | Jepooag Jeysibay sC 32 =
- 30 Aoy o z_3sg3382
<) Bucps 2oSm s o 50
= 2 = =2 Sm T
A @ o W. Mv M. m. mm m
I il - o X
wo | 'F AT g S2A%RA=22
B 1 A
enzads Aduinu bt i EESCSSEST
paea o . = e T
ﬂw ¢ BOrEE R L ———— WEpU voqezuanpuls pue AT A
e R AL Wi uonEsEdad Indus
¥ o - g.—lrﬂ % Bl
CETET7] hia ™ = — focizzs g
wi Tl 1 e ok g el sl warog | %
¢ ” gt Py 20 " a S b
\E EE H2 B [ T e NG
& [ulfg 1w [ Bupcegosaz [
(e i ——{ah 2 = e uCaEWIZep
I BE B 00 WIDJSUEI| FBunod sS4
kil == 1386 e iCuEs P
{ {A3Huog fxjy=foey 7o Ferw Lk
UCHDUN; LONERUSD A AT O Y e
Asng moak
o1 ol 2
i s f———————— ™
i = L T ol
be ST g -
dl i & Ty 2 =
_ Yeepuux - e NOwR
o wha |20 T
A ) = EY -
& n@ ol I 3w e PR _
._..u.ﬁa.._m.d gt W x e | MO

79






C. Further Calculations

In this appendix we present additional calculations which are useful to understand the mathe-
matical background of the theoretical part.

C.1. Useful simplifications

For the derivation of equations for the measurement of the first- and second-order correlation
functions we show how general expressions of correlations in the measurement data can be
simplified. For two detection channels the most general correlation we can measure is given

by

=((8)" (D) (36) (59)7) (C1)
The ordering of the operators in this expression is arbitrary because all operators commute.
The above ordering will be useful though to derive measurements of correlations of normally
ordered cavity operators. Our first simplification comes from the fact that in this ordering all
input mode operators by, ¢, are normally ordered and therefore as shown in Eq. have
vanishing expectation values, therefore

F gl grte)
( pal + )" (Veal +nc)" (C.2)
(fa%—nb) (VEea+ni)"y.

Furthermore if any of m, n,/, p = 0 a similar argument is applicable for the noise operators.
Assume / = 0 then all appearances of the operator ny, are vanishing, since this mode is assumed
uncorrelated with all other modes and no nL appears. This means all occurrences of np can

be replaced by 0. For m=0or /| =0:

M= g™ gl (VRwa)" (VRcal + nc)"

| b (C.3)
(VFsa)' (Vica+ni)).
Forn=0or p=0:
r:gl()m-&-l) n+P)<(raT+nb) (\/Kl—ca]u)n
(C.4)

(VRwa+ b)) (VRca)?).
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C.2. Computing correlation functions of a(t)
The usual statement of the quantum regression theorem is that, given
d
a(B(t» = mi(Bi(t)), (C.5)
i
for some set of operators B;(t) and coefficients m;, it follows that [43]

diT<A(t)B(t +71)C(t)) = Z mi(A(t)B;(t + 1)C(t)). (C.6)

In order to compute correlation functions, it is necessary to compute the derivatives of the
correlation functions (a(t)a(t)), (af(t)a(t)), (a(t)a’(t)) and (af(t)af(t)), as these can be
used to compute the four operator correlations which appear in expressions related to G®@),

Using the equation of motion for a(t), and the chain rule, these can be evaluated directly. In
particular, by taking the input modes to be in the vacuum state, we find

%<a(t)a(t)> = —rla(t)a(1)), (C.7)
%@T(t)a(t» = —k(al(t)a(t)), (C.8)
%(a(f)aT(tD = —k(a(t)a' (1)), (C.9)
%(aT(t)aT(t» = —k(a(t)a'(1)). (C.10)

It then follows that, for example,

di/T<aT(t)aT(t +71)a(t +7)a(t)) = —k(a(t)al (t + T)a(t + 7)a(t)) (C.11)
and thus
(a'(t)al(t+T)a(t + 1)a(t)) = e *"(a'a’aa(t)). (C.12)

Using the equations of motion once again to compute the derivative of the right-hand side,
after integration we finally obtain

(at(t)a'(t + 7)a(t + 7)a(t)) = e *CHT)(aF aTaa(0)). (C.13)

C.3. Filtered signals

To see the effect of filtering on the measured signals we will introduce a general framework
which describes what happens to multi-time multi-channel correlations when filters are applied.
Assume a system with n channels where each channel is filtered individually. One can write
the filtered outcome of each channel §; in terms of the input signal s; and the filter function
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C.3. Filtered signals

f; using the relation for linear time-invariant systems
Si(ti) = fi(ti) * si(ti)
00 (C.14)
:/ fi(7i)si(ti — 7).

—0o0

Note that we introduce a time t; for each channel individualy to capture the case of multi-time
correlations. This also clearifies with respect to which variable the convolution is done. The
goal is now to express the filtered correlation function

G(tr, ... tn) =51(t1) - 5(t2) - 5a(tn) (C.15)

G(tl ..... tn) :Sl(tl) 'Sg(tg)"'sn(tn). (C.16)

This can be done straight forward by substituting Eq. (C.14) into Eq. (C.15]).

G(t, ..., ta) = [ [ (i) * si(t)) (C.17)

i=1

Realizing that all convolutions are related to different time variables one can rearrange this
expression as

G(t, ..., th) = fi(t1) * (f2(t2) * (- - - (Fa(tn) * G(t1, . . ., ta)) ). (C.18)

Gt . tn):/--~/f1(t1—’r1)~--f,,(tn—T,,)G(7'1 ..... )T dre (C.19)

This expression can be seen as a generalized convolution with respect to more then one time
dimension. Introducing a global filter function

F(ty, ..., tn) = fi(t1) - 2a(t2) -~ fa(th), (C.20)

one can write
G(fl ..... tn) = F(tl ..... l‘n) * G(tl ..... tn). (C.21)

In the Fourier domain the same fact can be expressed by using the multi-dimensional Fourier
transform instead of the one-dimensional one. We can simply write now

Glwi, ..., wn) = G(wy, ..., wn)F (w1, ..., Wn). (C.22)
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First-order correlation function

Using the spectral representation of some first order correlation function G(t1, t2) and the
global filter function F(t1, 1), we can write G(T) as

é(T) = /// dtdwldwg e’(‘*’1+‘*’2)t+i‘*’27F(w1,wz)G(wl,wg), (C.23)
1 .
= 27r/dwe"‘”F(—w,w)G(—w,w). (C.24)

If we consider the time representation of this expression, it is clear that the correlation function
will be distorted by a convolution with fo(7) = F{F(—w,w)/27}. In other words,

FO (1) = GO (1) + Gpe(T) (C.25)
= Prfur(T) * GI(T) + £ (T) * Gpe (7). (C.26)

Note that since we are assuming a linear time independent filter, the relative heights of the
peaks remain unchanged — only their shape gets distorted. This distortion is illustrated in

Fig. 4.9

Second-order correlation functions

If we consider second-order correlations with filtered signals, we obtain
G(T) = / dtdw*e/(Witwetwstw)t oWt wa)T By 10 wa, wa)G(wy, wo, ws, ws).  (C.27)
R5

The different types of second-order correlations discussed simply determine the labeling of the
variables. Applying the change of variables

W1+ wr+ w3+ ws =k, w1 —wo+ w3z — ws = ko, (C.28)

W1+ Wy — w3 —ws = k3, W) —Wr — W3+ W = kg, (C.29)

and integrating over time, one obtains

- 1 oo . o0 o0
- = k —IkQT/2/ / k=d k
G(T) o7 _Ood o€ . _ood 3dka
= ko +ks+ ks —ko+ks— ks ko —hks— ks —hko — ks — ks
4 4 ’ A 4
Ko+ ks+ ks —ko+ ks — ke ko — ks — ks —ky — ks + kg
G ( 4 ' 4 ' 4 ' 4 > ' (C'3O)
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C.4. Commutation relation of cavity output modes

and after another change of variables, one obtains

G(1) = 1 dke_’kT/z/ / dxdy

o641 J_o
/__(k—i—x —k+y k—x —k—y>
4 4 4 4
G<k+x —k+y k—x —k—y

4 ' 4 ' 4 " 4 > (C.31)

The main difficulty in this calculation is that it appears to be necessary to know what
(af(t1)af (t2)a(tz)a(ts)) is, while so far we have only calculated (af(t)af(t +7)a(t +7)a(t)).

C.4. Commutation relation of cavity output modes

We want to check whether the operators of the two output modes bgyt and cout commute,
so that their quadratures may be measured simultaneously. For this, we use the boundary

conditions Eq. ([4.23):
[bout (), cue ()] = [VRpa(t) — bin(t), vVRea' (t') — ¢ (¢)]
= Vkekpla(t), af (t)] — [VKpa(t), ¢l ()] (C.32)
— [bin(t), VEeal (¢)],

where we have used the fact that [bj,(t), C;L(l'/)] = 0. To determine the remaining commuta-
tors, we use Eq. (7.37) of the second edition of Ref. [35], which here reads

bin(£) = \/;Ta(t)f \/%/OO dwb(w, 1)

an(t) = \/;73(1‘) - \/%/_oo dwc(w, t),

(C.33)

with b(w, t) and c(w, t) the field operators for modes of the transmission lines connected to
the resonator. Using constraints coming from causality and the boundary condition Eq. (4.23]),
we have

[a(t), bin ()] =0 for t' >t

, , (C.34)
[a(t), bout(t')] = 0 for t' < t,
and similar expressions for ¢j,. The two previous expressions yield
[VEba(t), ch(t)] = VEekpu(t — t')[a(t), a' (t)] (C.35)

[bin(t), VEea (1)) = Rerpu(t' — t)[a(t), a' ()]
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A

«-MW?M—» K fll>

dout —

w

Figure C.1.: One-sided cavity with beamsplitter.

with
1 t >0,
u(t)=<51/2 t=0 (C.36)
0 t < 0.

Putting everything together, we finally find that the modes commute

[bout (1), ¢l (t)] = 0. (C.37)

As a last note we want to mention what can be learned from these calculation for the expec-
tation values in the form

{(a'bi), <ciTna>. (C.38)

The general assumption is that the input modes are in the vacuum state. Still one has to be
careful about the operator ordering, since these operators do not commute at all times (not
to be confused with boyt, Cout Which were shown to commute). We will generally use the fact
that

(a'hy) =0 (C.39)

whereas
(bina') = [bina'] # 0. (C.40)

C.5. One-sided cavity with beamsplitter

In some cases it might be undesired to measure on the two sides of a cavity, therefore we
will show how the same kind of measurements can be achieved with a one-sided cavity and a
beam splitter.

Assume a system as in Fig. (C.1]), where the output of a one-sided cavity (doyt)is connected
to a 50-50 beam splitter. The output modes e and f of the beam splitter are amplified as it
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C.6. Complex envelope measurement in a quasi-classical picture

is described in Sec. [4.2.21 Then the outputs of the beam splitter are given by

e = (dout +w) /V2

F = (dout — W) /2, (41

where w is the mode of the beam splitters vacuum port. The output of the cavity is given as

in Eq. (4.23), by

dout = VKa — dip. (C.42)
Therefore
o — \/Ea din - W
=[5~
V2 (C.43)
P Ea B din + w
2 V2

Comparing this to Eq. (4.23), we can see an equivalence of the output modes e, f in this
setup to bout, Cout IN our discussion above, by these replacements:

dn — w din + w
, bin — )
V2 " V2

We conclude that for the investigation of the cavity field the two sided symmetric setup and
the asymmetric setup with a beam splitter are equivalent.

K
Ke, Kp — =, Cn —

: (C.44)

C.6. Complex envelope measurement in a quasi-classical picture

A different way to obtain the results of Sec. is from a quasi-classical perspective. This
is justified, since the signals after the amplifier should behave mainly classical. Therefore lets
interpret our mode b as a classical field, where we can measure both quadratures (x + ip) at
the same time, by using classical signal processing methods. The result of this measurement
can be described in terms of a classical probability distribution Q(a) = Q(x + ip). We can
then write the expectation values for this measurment signal in terms of the distribution Q(«)
as

(S) = (x + ip) = / 2Q(a)d?a (C.45)

(5" (S)") = / ()™ ()" Q) dex (C.46)

If one assumes now that this probability distribution is effectively given by the Q-function as
it is commonly defined as

{afpler)

Qla) = (C.47)
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C. Further Calculations

one obtains as in Eq.(4.50) of Ref. [35]
()75 = [ @)@ Qeda (C.48)
= (m (6)") (C.49)

where b and b' are the field operators, which are anti-normaly ordered. In fact the assumption
of a classical signal is not necessary in this derivation and therefore it is generally valid under

assumption Eq. (C.47]).
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