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Abstract

The main objective of theMagnetospheric MultiscaldMMS) mssionis to characterize finescale

A0 NH2OGdzNBa Ay GKS 9FNILIKQa YIFIySihz2adlrAft yR YIF3AySi
spacecraft formation at high speed and generate magnetic field signatures that crossrbitive

frequency bands of both searawil and fluxgate magnetometer An improved understanding of

these events isnly possible by combining data from both instrument types for magnetospheric event
analysis.

This combination is done usimgmodelbased sensor fusion approach thatergesdata from both
instrument types to a virtual instrument with flat gain curve, linear phase and known tipnapgrties

as well aghe highestsensitivity andowest noise floor The generation of the underlying instremt
models requirs precise knowledge dhe instrument frequency responsand timing. This knowledge

was obtained in a dedicated erid-end measurement campaign using a purpbsslt magnetic field
source tightly coupled to th®IMStime standard.

Sensoffusion is embedded in a carefully designed setup that minimizes processfigctsandwhich

is suitable for automated execution. This setup uses the instrument models for frequency response
compensation and merges the data using complementary filtaset on instrument sensitivity and
noise floor.

The precision of the resulting merged data bes beerdemonstrated by comparison of-ftight data.
This comparison showan unchanged DC and low frequency gain, an AC gain actheahéybetter
than 1%for higher frequencieand a phase delay uncertainty below 100 ps.

The models, filters and data processing algorithms developed in this thesis are applied in the
generation of the official fluxgatsearchcoil mergeddata productwhich is available foryblic use at
the MMS science data center.

With the work done in this thesis, MMS is the first space mission that is able to provide a high precision
merged magnetic field data product. It is an excellent tool to answer questions that are on the borders
of knowledge in current plasma science, e.g., the existence of reconnection in the turbulent
magnetosheath or the properties of dipolarization fronts with associated whistler mode wave
emissions.



KurZassung

Das Ziel der Magnetospheric Multiscale (MMS) Missst die Charakterisierungponfeinen Strukturen

in der Magnetopause undm Magnetschweif der Erde. Diese dynamischen Struktyrassieren die
Formation der MMS5atelliten mit hoher Geschwindigkeit und erzeugen magnetische Signaturen, die
jeweils nicht @nz in den empfindlichen Frequenzb&ndern von Se@&aih und Fluxgate
Magnetometern abgebildet werden kénnelBin verbessertes Verstandnis dieser Struktlt@nnnur

durch die Analyse eines kombinierten Datenproduktes aus beiden Instrumententypen erreicht
werden.

Diese Kombination wde mit einem modellbasierten Datenfusionsansatz durchgefihrt, der Daten von
beiden Instrumengéntypen zu einem virtuellen Instrument mit flachem Amplitudengang, linearer
Phase und definierten Zeiteigenschaften kombiniert undedabe hochste Empfindlichkegrreicht

und das niedrigste Rauschniveau verwendet. Digenerierung der dazu bendgtigten
Instrumentennodellekann nur mitexaktem Wissefiber den Frequenzgang und die Zeiteigenschaften
der Instrumentedurchgefiihrt werden. DiesEigenschaftewurden in einer Messkampagne mit einer
fur diesen Zweck entworfenen Stromquelle vermessgin auf derZeitstandard der MMSateliten
referenziert ist unddamit eine Endpunkzu-EndpunktVermessung ermdglicht.

Die Fusion der Sensordatern i einem sorgfaltig entworfenen Prozesigebettet, a&r mogliche
unerwinschteVerarbeitungsArtefakte minimiert undeine automatisierte Anwendung erméglicht
Dieser Prozessutzt die Instrumentenmoded zur Kompensatiowles Frequenzgangsd kombiniert
die Daten mit komplementéaren Filtern. Diese Filter wurtbesierend autler Empfindlichkeit und den
Rauschniveaus der Instrumemitypen entworfen.

Die Genauigkeit des kombinierten Datenproduktgde durch einen Vergleich von-fitu Messdaen
demonstriert. Dieser Vergleich zeigiia3 die Verstarkung fur konstanteind niederfrequente
Magnetfelder unverandert istjal3 der relative Verstarkungsfehler ftabherfrequenteWechselfelder
unter 1% liegt undial3 die Phasenlaufzeitdifferenzen wenigds 400 us betragen.

Die Modelle, Filter und Datenverarbeitungsalgorithmeiie in dieser Arbeit entwickelt wurden,
werden in der Produktion des offiziellen Fluxg&earchcoiDatenprodukts verwendet, das im MMS
Datenzentrum fir diédllgemeinheitzur Verfifjung gestellt wird.

Basierend auf dies@rbeit ist MMS die erste Weltraummission, die ein hochgenaues kombiniertes
MagnetfeldDatenprodukt zur Verfligung stellen kanieses Produkt ist ein hervorragendes
Werkzeug um Fragen an den Wissensgrenzen WéeltraumplasmaWissenschaft zu beantworten,
wie zum Beispieldie Existenz von Rekonnektion in der Magnetosheath oders exakt die
Eigenschaften von Dipolarisationsfronten mit dazugehoriger Whigdellenemissiorsind



Outline

The introductory section of this document(chapter 1) setsthe stagefor this thesis, which ishe
MagnetospheridMultiscale MissiofMMS) its mission goals, scientific questiaswellas examined
phenomenaand the magnetic field instrumentssed In addition, also previous work on sensor fusion
is briefly discussedboth generally and with respect to magnetic field measurements.
This background information summary resultaiooncise dsign goal definitiotfior the merged data
product at the end of the chapter.

Thesegoalswere then usedilonga development patlin chapter2 that starts with a bief introduction

of modeling and system identification methods, continues with the design of the measurement
environment and the conducted measurements and ends with a presentation of the generated models
and merging process elemeni®hemeasurement desgption includesthe design overview ba novel
synchronized current generator. Thata frommeasuremens was then used for the first generation

of precise magnetic field instrument models that specify frequency response and timing based on high
guality endto-end measurements.

After the launch of MMS, the instrument models and the merging process were dupliénflight
data and compared relative to one another as well as to ground measuremémsfindings of this
comparison and the successful application of modelsmndessare summarized iochapter3 andare

in line with the initially targetedgoals. With the developed models and methods, it is possible to
conclude(chapter4) that MMS is the first missiofeaturing a regular merged magnetic field data
product that combines fluxgate and searcbil data. Finally, chapter5 contains a few
recommendations that could be used for future work on this topic.

Many chapters of this thesis require some knowledge about digital filtering and samplergy of
information about this topicd available in Oppenheim et §&.998 or other booksabout digital signal
processing. A short introduction about digital filters is availabbpjpendixA.1and some basics about
resampling are explained in chapt2r The appendix also contairgs derivation of a sensor matrix
transferfunctionthat could be used in future applications.



Vi



Table of Contents

Y 013 1= Tod AP PP PP P PPRPPPPPO ii
KUPZEBSSUNG ..ottt e e e e e et e e e e e e e e e e e e e e e b b e e e e e e e e e e nnnneeeeeens iv
OULIINE. .ttt e et e e e et e e bbb e e e b e e e e b r e e e v
PIETAICE. .. e iX
ACKNOWIEAGMENT. ... e e e e e e e e e e b r e e e e e e eaaes iX
NOLES TOr tNEREAUE. .....cee it s e e e eeaeeeas X.
Y= LU 100§ A= Tod F=T = U1 o] o W Xi
O 11 (0T [0 Tox 1 o] o PP PP PP PUPPR 1
1.1. The Magn&ospheric Multiscale MISSION...........cccocciiiiiiiiiiiiirrreee e 1
1.1.1.  ScIentific OBJECHVES. ......oeiiiiiiiiie et e e 1
1.1.2.  Mission DesSign Of MIMS........oooi it e s 4
1.1.3.  FIELDS INStIUMENT SUILE.......oiiiiiiiiieiiiiiie et 38
1.2. Merged Magnetic Field Dalal.........ccoviviiiiiiiiiieee e 23
1.2.1. Definition and REIEVANCE............ooiiiiiiiiiiiiieee e 23
1.2.2.  Previous Work in Data Merging.........ccuuueeeeeeeiiiirieieeee s e s asineeee e e 25
1.3, TaSK DeFINMITION......eiiiiiiiiiiiiiie e e e e s s e e e e nnees 28
P22 Y o] o] o = T o 1A 30
2.1. System Model and Identification MethOdS..........cuvvviiviiiiiiiiiii e 30
2.1.1. Sine Based Transfer Function EStMation............ccuuvierieriiiiiiiiiiee e 31
2.1.2. Power Spectral Density Based Transfer Function Estimation...............ccccceee... 33
2.1.3. Parametric Approach to Transfer Function Estimatian.................ccccccccvvvvrvnnnnee. 37
2.2.  Setup for the System [defiGation.................oooiiiiiiiiiciii e e 39
2.2.0. OVEIVIEW. .ttt ettt e ekt e e ekt e e et e e e nn e e e e e e as 39
2.2.2.  CUIMENE GENEIALOL ... ..eeiiiieiiiiiiit e e et e e e e e eeeeees 40
2.23.  SenSOr CONfIQUIATION......c.iiuriiiiiee e ettt e e e e e e e e e s anereees 64
2.2.4.  TESESIGNAIS.......uiiiiiiiiiiiiiieeeee e 65
2.3, Measurement CamPAIGI..........uuueiieerieeiieiiieieieeieeeee e e e e e e e e e e et s as s e e s s s s e sesaaearearrarraereeaeees 67
2.3.1.  Verification of CUrrent GENEIAtQL............uueiiuiiieiiiieee e 67
2.3.2.  SIMPIIficatioNS Of SEIUR......uuviiiiiiiiiiiiii e 69
2.3.3. Conducted MEASUIEIMENIS.........uuueiiiieeiiiiiiieeee e e ettt e e e e e s re e e e e s sebee e e e e e s anes 71
A S \Y T To [T B B TSV =1 (o] o 1 1= o | SR 712
2.4.1.  Sine Based ESUMALION...........oiiiiiiiie e anes 72
2.4.2.  Spectrum Based ESUMALION.........couiiiiiiiiiiiee e 12
2.4.3.  Parametric ESUMALION.........cooiiiiiiiiiee it e e 77
2.5, CrOSSOVET FilBL......ueiiiiiie et e e e e e e e e e e 84

Vil



2.6. Elements of the Merging PrOCESS . ......cccuuuuiiiiiiiiiiieiieeeeeeeeee et a e e e e 90

P Tt B = L= 17 12 0] ] LT o P 90
2.6.2.  TIME SHITL...oiiiiiiie e 95

2.7, MEIQING PrOCESS....oiiiitieiie ettt e e e e e e s e e e e e s s b e e e e e e e e nnneeeeees 98
3. Verification and APPHCALION.............uriiiiie e 100
3.1, Time Stamp POSPrOCESSING.......ccccciiiiiiiiiiiiiiiert e e e e e e e aa e e e e e e e e e e e e e e e s e e s e aanans 100
311, Time Stamp Jitter 0N MMS.........iiiiiiireee e 100
3.1.2.  SMOOthING Of TIME..eeveeiiieiiieiieie e 100

3.2.  Verification of Merged Data..........cccoouiiiiiiiiieiiiiiiiie e 103
3.2. 1. GaIN COMPATISON....eeeiiieiiiiiiee e e e e et e e e e e e e e e e st r e e e e s s s nnn e e e e e e e s nnnrnees 103
T S T o 1Tt = | O] g g o T T =T 1 104
3.2.3.  Cross Calibration of SCM Alignment and Gain.............ccccccciinnviiiiniineeeeeeeeee. 106

G0 F w1 0 F= 12N o] o] [To%= 1 o HS P 108
N @ o (o] [ 11 o] o PP PP P PP TPTPPPRP 110
T © 11 1[0 To | PP P PP PPP PRI 112
y N AN ] 1= o )PP PRPRRRR 115
N A o 1 = 1 11 (= ] o TP 115
AL L. FIEr PrOPEITIES.....eeiiieiiiittieee ettt e e e e e e e e eeee s 116
N | B 11 1= PR 118
N T | 1 1 =T = PP 119
A.1.4.  Ideal Low Pass FIENNG . .....uveiiiiiiiiiieiieeeee e 120

A L5, MiniMum Phase FilterS.........ccuviiiiiiiiiiiiie e 122

A.2  Matrix Transfer FUNCLION DeriVation...........ccoouiiiiiiiiiiieiiiiiiiecee e 123
B. Open Source CONIDULIONS. .........uuviiiiieiiiiiiie et s s e e e ere e e e 125
C.  PUBICALION LISL....iuiiiiiiiiiiie ettt e et e e e e e e anneeeen 126
D o] g g F= W =T [0 1T =T 41T L C Ot 130
e Y o] 0] )V 1 L 131
B REIBIEINCES. ...t e e e e e e e e e 134

viii



Preface

Acknowledgment

Awarding adoctateQa RSIANB S (2 deeyrdt, idmyyoanios relldéhéldiiigfons and
work that stand behind the thesis and the doctoral candidaEvery thesis ibasedon numerous
conditions that cannot be taken for grantedidit is also dependent on the work and support of many
other peoplewho do not receivethe degree.The following pages are therefore dedicatedthe
expression of mygratitude.

| am grateful that | was born in a country with educational opportunities, that | was gifted with the
necessary talents to use them and that | was raised in a family that supported and encouraged me to
take these opportunitiesThanks Mom and Dad for raising my interest in engineering and space
sciencequite early Who would have thoughtwould get as close to space as | am today

During the workfor and writingof this thesis, the main support workload was placedthe shoulders

of my wife Uliwho hasencouraged and supported me the complete time. She took over a lot of work
that | normallyshouldhave done, both in bringing up our daughters anchanythings that | failed to

do due to the workload. Thanks fgour loveand support | loveyou.

My daughters Annika and Miriam had fiorgo a lot of time that | was not able to spend with them,
but was lookilg at a computer sreen instead. Thanks for your understanding that | was not always
available when there were wishes to discuss and problensslie.

My group leader Werneaccompanied me through the complete projexg well as most traveind
spent many hourgommentingon my thesisdespite his high workload during that time. This really
helped me to bringhe text of this thesis to a form thas more complete, concise and clear.

Christianaccompanied me through my studies andcafieague at theéSpace Researchdtitute. We
spent hours in debugging the current generator and he wrote the Labview Software to control it from
the PC side.

My other colleagues at IWRelped in may small things andefinitely received additional workload
RdzS (2 Y éfordviitiogih® yh&iS dhanks Aris, Irmi, Gerhard detdinand.

The hardware team ahe University of New Hampshi®lark Chutter, lvan Dorand Jerry Needell)
supported me during theFIELDSintegration and test measurements, conducted the later
measurements with remote support and were always available for discussions about éindrdata
formats. They also pointed out that looking at flowisgreens of hex numbers is not normab we
should definitely stop doing that

Olivier Le Contel and Laurent Mirioaupported my understanding of the searchil in many
discussions and teleconferenc@gether with Matthew Argall we also had a lod@éfcussions about
the merged data product and its implementatioFhanks for the greatollaboration

Matthew Argallimplemented the software foproductionof the merged data product in the science
data center andmproved it by contributing a mergingtér based on iflight measurementsThanks
for doing the hard work of complying with all the formal process requirements there.

Rebeccaillingerhad a look at thighesis froma native spe { SND&a LISNELISOGA GBS I yR

words that are not part bmy usual vocabulary.

Gernot Kubin, my supervisor at ti&raz University of Technolagyho read through this whole thesis
provided many comments angbinted outa few mathematical issues that reged a second glance



The dedication and expertise of tidagnetospheric Multiscale (MM$evelopment and operations

teams are greatly appreciated. Work dbhns Hopkins University Applied Physics Laboratory,
University of California Los Angeles, University of New Hampshire and Southwest Research Institute

was sipported by the National Aeronautics and Space Administration (NASA) contract number
NNGO4EB99C. The French involvement (seeo@hmagnetometerin MMS is supported by Centre
bFrdAz2ylf RQ; GdzRSAa { LI GAIFIEfSa 0/ b9{iqie(ENRB). / SYiNB bl

I acknowledge the use of burst L1A data from digital and analog fluxgate magnetometers and search
coil magnetometers. The data are stored at the MMS Science Data Center
https://lasp.colorado.edu/mms/sdc/ and are publicly available.

The Austrn part of the development, operation and calibration of thigital fluxgate magnetometer
as well as the work towards the merged data prodweis financially supported bgrolling grant of
the Austrian Academy of Sciences and the Austrian Space AppliE&iogramme with the contract
number FFG/ASAB44377.

Notes for the Reader
This thesis was published in a refereed article (Fischer et al., 2016) that covers most parts of this thesis,
with significantlyless detail.



Statutory Declaration

| declare that | have authored this thesis independently, that | have not used other than the declared
sources / resources, and that | have explicitly marked all material which has been quoted either literally
or by content from the used sources.

EIDESSWTLICHERKLARUNG

Ich erklare an Eides statt, @dch die vorliegende Arbeit selbststandig verfasst, andetds die
angegebenen Quellen/Hilfsmittel nicht benutzt, und die den benutzten Quellen wortlich und inhaltlich
entnommenen Stellen als solche kenctligemacht habe.

Graz,....cccceeevvveeeevvineeinnnne, XXXXXXXXXXXXXXXXOD

Xi



Xii



1. Introduction

1.1. TheMagnetospheric Multiscalglission

1.1.1. Scientific Objectives

The Magnetospheric MultiscaléMMS) mission isa four-satellite NASA mission with the target of
measuring plasma processes in the Earth's magnetosphere. The main mission goal is tlai@xplo
of magneticreconnection whichis a dynamic process in plasma environments that causes rapid
changes in field configuration and plasma patrticle properties.

Figurelql Artist's Concept of MMS in the PlasmaviEonment ofthe Earth
(© NASA)

This chapter gives lasic explanation of the plasma environment (Baumjohann et al., 1997) and a
summary of the scientific objectives of tMMSmission (Burch et al., 26}

Plasma processes in the Earth's magnetosphere are created by the interattlom solar wind with

the Earth's magnetic field. The solar wind is a constant stream of particles that is emitted (Suthe
with rates in the order of million tons per secanihese emitted particles are iplasma state andre
composedof ionizedhydrogen (protons and electrons), small amounts of Helium isotopes (a few
percent) and traces of other materialbbe particle stream expands outwards from ten inaradial
direction, with speeds of several hundred kilometpes secondThe positive ad negative chargeis

this streancarry a"frozen" magnetic fieldhat isstill connected to theun. This way the solar magnetic
field is expanded far dunto the solar system to theleliopause, which marks the border betwetire

solar influence and thaterstellar medium.

The interaction of the plasma with the Earth's magnetic faelhtes acomplex structure of areas with
different particle properties (density, energy) and associated magnetic and electric field conditions.
This structure is called thmagnetospheredeefigure 1¢2). The outermost area of influence is the bow
shock, where the plasma is compressed and slowed down to subsonic spééisompression is
ultimately caused by thdcarth's magnetic fieldwhich poses an obstacle to the particles of the solar
wind. The region downstrearfrom the bow shock is called magnetosheath. In this region, the solar
wind particles flow around the inner magnetosphere where the Earth's magnetic field is dominant.

The magnatpause is the boundary between the magnetosheath and the inner magnetosphere.
Charged particles cannot pass this boundiirgctly, but exert pressure on it. Because of this pressure,

1© NASAhttps://www.nasa.gov/feature/goddard/2016/nasammscelebratesa-yearin-space
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the EarthQ magnetic field is compressed on the dayside and elongatetth@might side. The area of
elongation is callethe magnetotail.

/ magnetopause

magnetotail

F—

q plasma sheet ; I
\\_/// --------- ",

A
o\

Figurelc2 Simplifiedillustration of the Eartis Magnetosphereand Regions ofReconnection
(© CC4.0,Hlited Labels Qriginalin Burchet al., 205 ?)

The only waysolar windparticles carenter the inner magnetosphers by means ofeconnection
which happens at the magnetopause and in the magnetotitijedboxes infigure 1¢2). In both
situations,the magnetic fieldhas anti-parallel components(figure 1¢3, 1) which point in opposite
directions in adjacenareas Thisanti-parallel configuration implies the presence operpendicular
current between theoppositefields (figure 1¢3, 2). This current is carried by moving plasma particles,
which are both limited in quantity (plasma density) and acceleration (inertia). If the magnetic field
configuraion changes, the plasma is in some cases unable to support the required ccingarge
which means that some current is "missihtn principle, this catve modeled using an antiurrent
(figure 1¢3, 3) that results ina new magnetic field configuratiofigure 1¢3, 4). The resulting field
configuration is highly bent and experiersaeagnetic tension that snaps the field back to a less bent
configuration The contained plasma particles are acceleraetie direction of the magnetic tension
force, towards the magnetotail.

The result of thigeconnection at the magnetopause is that the magnetic fidlBEarth andsunbecome
disconnected from their original magnetic domaingyre 1¢2 yellow and green field lines,
respectively) and are omnnectedto other domains(purple field lines) Particles can themove
towards the magnetotail along theeconnectedmagneticfield.

LT
© ©
© @ .1

() (2) (
™ MagneticFeld ™ currents M Particle Movement by Reconnection

Figurelc3 Simplified Model of Reconnectiwith resulting Field Configuration

2 Creative Commons 4.8ttp://creativecommons.org/licenses/by/4.0/
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The same mechanisof reconnectionoccurswithin the magnetotail wherehe field connected to the

solar windis stretched as the solar wind moves ored®nnectionin the magnetotail disconnects the
magnetic fieldof the Earth and Sun and accelerates particles both towards the Earth's plasma sheet
and away fronthe Earth Particles in the plasma sheean move freely along the magnetic fieldd

can therefore propagatéwards Earth Some of thenpenetratethe atmosphere and creatauroras

at the North andSouth poles.

Althoughconsiderableresearch has already beemwnductedon this subject, e.gusingin-situ data

from previoudy launchedmissions likeQLUSTEREscobet et al., 199y or THEMISAngelopoulos
2008), fundamental details of the reconnection process are not yet fully explained and require further
data andresearch(Burch et al., 208). Especially the explanation of the kinetic processes within
reconnectio requiresmore detailed measurements on the electron gygaale with a spatial and time
resolution that supportghe resolution of electron properties on length scales smaller than the local
electron gyreradius. With this resolution electrons can be treated as kinetic particles rather than
using the more global treatment as fluithis need for further measurements and research was
summarized in the main goal of the MMS mission:

To wnderstand the microphysics of magnetic reconnectigndetermining the kinetic processes
occurring in the electron diffusion region that are responsible for collisionless magnetic reconnection,
especially how reconnection is initiatéBurch et al., 208)



1.1.2. Mission Designof MMS

This mission goal can onlybe reached by deliveringneasurements of plasma propertiesith
unprecedented time and spatial resolutioRor this purposefour spinstabilizedspacecraft were
equipped with an identicatet of the most advanced plasma and electromagnetic field instrasnen
available for space application.

A high spatial resolutiois achieved by flying the
four spacecraftin a tight tetrahedron formation
with distances of around 10 km and a positional
accuracy of 100 m within the region of interest
(ROl the regionswhere reconnection occurs].he
spin rate of the spacecraift about 50 riiz.

The high time resolution was chieved by
improved instrument desigmwith high data rates
(e.g, 30 ms for 3D electron disibution
measurementy and by using a selective downlink
concept.Thisselectiveconcept was developed, as
effective time resolution is not only defined bye
insruments, but also by the available data raié
the downlink system Low rate Data is sent
completely but high rate data is stored ian
onboard mass memory and only sent if it is
relevant for scientific analysis (e.gccurrence of
reconnection). Thigelevance is determined either
based orthe automated onboard estimation doy
the assessmenby scientists in the loop (SITL) that
review both onboad estimation reslis and low

rate data. Figurelc4 MMS Spacecraft Stack
(© NASA/Chris Gufn

Measurements on MMS are done using electric and magneticifistcumentsand multiple particle
instruments for electron and ion velocity distributioms well asion composition analysis. The
electromagneticfields aremeasured by the FIELD&trument suite (Torbert et al., 208), which
contains theaxial double probe (ADP), th@nalogFluxgate magnetometer (AFG), thdigital Huxgate
magnetometer (DFG), thaectrondrift instrument (EDI)the searchcoil magnetometer (SCM)nd the
spin planedouble probe (SDR)The FIELDshite is described in more detail ahapter1.1.3

Particles are detected bynultiple instrument suitesTheHot Plasma Suite contains thet plasma
compositionanalyzer (HPCA, Young et al., @0and thefast plasmainvestigation (FPI, Hotk et al.,
2016), which is composed afual ion sensors (DIS)ral dual electron sensors (DES)he energetic
particle detector (EPD, Mauk et al., 28)1contains thefly's eye energeticparticle sensor (FEEPS) and
the energeticion spectrometer (EIS).

The particle measurements are supported by thetive spacecraftpotential control system (ASPOC,
Torkar et al., 208) which uses an ion gun to neutralize the elecpitential of thespacecraft relative
to the plasma so that the speed of charges is nfitenced when they approach the spacecr&igure
1¢5 shows a picture of the MMS instrument deck. Some of the instrument Suaites plot are shown
as separate daunits.

3© NASA/Chris Gunihttps://mms.gsfc.nasa.gov/mms_spacecraft/spacecraft 008.html
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Purge Man
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FEEPS

.* On S/C Deck

EDI-GDU

ciopP’  SDP R\
TP/HPDB JAL Safe/Arm
DIS DES Panel
ADP Axial Double Probe (FIELDS) EDI/GDU | ElectronDrift Instrument / Gun
Detector Unit (FIELDS)
AFG Analog Fluxgate Magnetometer EIS Energetic lon Spectrometer (EPD)
(mounted on boom, FIELDS)
ASPOC| Active Spacecrafiotential Control FEEPS Fly'sEye Energetic Particle Sensors
(EPD)
CEB Central Electronics Box (FIELDS) | HPCA Hot Plasma Composition Analyzer
CIDP Central Instrument Data Processor| IDPU Instrument Data Processing Unit
(FPI)
DES Dual Electron Spectrometer (FPI) | SCM SearchQoil Magnetometer
(mounted on boom, FIELDS)
DFG Digital Fluxgate Magnetometer SDP Spin Plane Double Probe (FIELDS
(mounted on boom, FIELDS)
DIS Dual lon Spectrometer (FPI) TP/HPDB | Test Panel Heater / Power
Distribution Box

Figurelg5 Layout ofMMS hstrumentDeck
AFG, DFG and S@dnsors are bunted onBoomsQutside of theDeck
(© CCA.0,Burch et al 2016 %)

Figure1¢6 shows a picture of one MMS satellite with folded magnetometer booms. Mbshe
instrumentsin the pictureare hidden belowed protective covers to avoid damagaedcontamination.

4 Creative Commons 4.8ttp://creativecommons.org/licenses/by/4.0/
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Figurelc6 MMS Satellite
(© NASA)

The orbit ofthe MMS spacecraftis highly eccentric andias designed to cross regions of frequent
reconnection during its apogee phase. As the speed at apogee is minimal, elsmehof residence

within these regions is maximized. The examined region of reconnection is defined by the science
phases. During phase 1 (09/260%/2017) the apogeewas around 12 Earth radii and reconnection

was examined at the magnetopause. Durpttiase 202/2017-03/2018) the apogeewasraised up to

25 Earth radii and reconnectiors examined in the magnetotail.

Figurel¢7 MMS Main Science Pasesand Example @bits

(© CC4.0,Burch et al 2016 9)

5© NASAno online sourceof imageavailable at time ofhesispublication, image received by personal communication within MMS team
6 Creative Commons 4.8ttp://creativecommons.org/licenses/by/4.0/
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The science phases and their goals are presented in more detail within the mission prpélte pa
(Fuselier et a) 2016§. The MMS satellites were launched on March 12, 2015 from Cape Canaveral.
Commissioning of the FIELDS magnetic field instrunstatted justa few days later. Since théme,

the instrumens have delivered valuable dafar the scientific community

Figurel¢8 MMS Launch
(© NASK)

7© NASAhttps://www.nasa.gov/content/launckbeginsmmsmissionin-spectaculaifashion
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1.1.3. FIELD®&strument Suite

1.1.3.1. FIELDS Design

The FIELDfastrument site is conducting irsitu electric and magnetic field measurements. It is a
combination ofmagnetic and electric field sensonsth supporting electronics for data processing,
time stamping and power supplyhis chapteincludes summarizedfoarmation from the FIELDS paper
(Torbert et al., 208). Figurelc9 shows a blok diagram with all majosubunits of FIELDS.

UNH KTH
CDPU LVPS
Central A A
Hectronics
Box Timing, Control, Calibration, Power
(=3)
% UdA ¢ IWF UNH ¢ APy
AFG DFG EDI DP
Hectronics | Hectronics Controller
f X | / A \
AFG DFG BEDI/ GDbU DP ADP M
Sensors UCQA IWHUQA UNH/ IWH UNH/ KTH/ LASP LPP
— ul IRAU/LASP )l
= L ;@ S50 BN o
S T

Figurelc9 Block Diagram of thEIELD$strument Suite
(© CC BY 1.0, modified to improve Image Qualitigii@lin Torbert et al., 206 8)

The DC and low frequency magnetic field is measured barthlegfluxgate (AFG) magnetometer and
the digital fluxgate (DFG) magnetometer with a maximum sampling frequency of 128 Hzeditud

coil magnetometer (SCM) measures the magnetic field at higher frequencies with a maxiomoimal
sampling frequency of 1884 Hz. The fuctional principle of these magnetometers is discussed in more
detailin chaptersl.1.3.3and1.1.3.4

The electric field is measured by thgin planedouble probe (SDP) and thaxialdouble probe (ADP).

The ADP (Ergun et al, B)ls a double antenna that is extended along the spacecraft axis by roughly
15 m on each side. The S@hdqvist et al, 208) uses 4 antennas in the spacecraft spin plane that are
extended to 60m each by centrifgal force. The maximumominal sampling frequency for both
instruments is16,384 Hz.

Theelectrondrift instrument (EDI, Torbert et al., 26lmeasures both the electric and magnetic field
by using a weak beam of electrons that is emitted to space andnetiw the spacecraft after one or
more gyrationsThe EDI has a maximumeasurement rateof either 125 or 1024 Hzdependingon
the selected mode.

The mounting of thé&-IELDSensors on the MMS spacecraft is showfignre 1¢10. The magnetic field
sensors of AFG, DFG and SCM are mounted olobgdeployable booms to decrease the magnitude
of magnetic stray fielslgeneratedby the spacecraft by increag the distance tgotential field
sources.

8 Creative Commons Attribution 1.0 Generic (CC BYHhitf3;//creativecommons.org/licenses/by/1.0/
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DFG
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Figurel¢10 FIELDSensors on a MMS Spacecraft
(© CC BY 1.Torbert et al., 206°)

Thecommonelectronics formost ofthe sensors is located in theentral electronicsbox (CEB). AFG,
DFG and EDI use their own electronics bo&sddigitization while SDPADP and SCM are sampled by
the digital signalprocessing unit (DSErain et al., 2015 which is available in redundant configuration
(DSPA and DSIB). The maximum sampling frequency of the DSP unit isT2BPHz if only onesensor
componentis sampled and 1,884 Hz iflata is sampled from atlonnected sensots

Data from all FIELB®8b-instruments is collected in theentral data processingnit (CDPUTorbert et

al., 205, seefigure 1¢11), which is responsible fonstrument synchronizationdatatime stamping,
packetizationcompression and instrument oananding. The CDPU is in turn connected to the MMS
central instrument data processing nit (CIDP) which collects data from all instrument suites and
distributes onboard timegeechapterl.1.3.2 and commandsThe last, but indispensable elemteof

the CEB is the redundaraw voltage power supply (LVPS), which provides the electric power for all
instruments and the CDPU.

9 Creative Commons Attribution 1.0 Generic (CC BYHLtp3;//creativecommons.org/licenses/by/1.0/



https://creativecommons.org/licenses/by/1.0/

AFG/DFG
EDI Controller

CDPU-B

CDPU-A
LVPS-A/LVPS-B
DSP-A

DSP-B

~.

Figurelgl1 Drawing of FIELDS CDPU with D&¢ation (reg*®

Although FIELDS can in principle deliver various data rates, only a few of them are used during normal
operation. Operation along the orbit is splittantwo different modes Slow survey mode iactive
outside the region of interest (ROI) and delivers data at low r&eth, fast survey and burshode
are active along the ROI, but only fast survey mddt aredownlinked completely. Burst datare
stored in the onboard masstorage and selected fatownload by scientists in the loopigurelcl2

showsa sketclof the distribution of modes along the orbit path. More detailed information is available
in Fuselier et al, 2L

Burst (50% of time,

1%-2% of which will be
downlinked; 74% of data)
\ A//

Slow Survey (50% of time;
‘ 1% of downlinked data)
Fast Survey (50% of time;
25% of downlinked data)

Figurel¢l2 Sketch of MMS Orbit with ROI (blue) &wtst Intervals (red)
(© CC4.0,Burchet al., 206 1Y

10|mage Credits: University of New Hampshire
11 Creative Commons 4.8ttp://creativecommons.org/licenses/by/4.0/
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The data rates of the instruments for the different operating modes are givéabie 1-1. Thedata
rate of EDI is not constant, since sampling depends on the flight time of electrons, which is dependent
on the external field conditions.

Instrument | Slow Survey Fast Survey| Burst
Samples/s
EDI ~16 ~16 ~125
AFG 8 16 128
DFG 8 16 128
EDP 8 32 8,192
ADP 8 32 8,192
SCM 8 32 8,192

Tablel-1 FIELDS Modes and Data Rates

Data rate reduction for AE®FG and Edone within the CDPUWvhile EDP, ADP and SCM data
is reduced in the DSP unit.

1.1.3.2. DataSampliig and Time Stampingithin FIELDS

The high time resolution of the multiple instruments in FIEisShallenge in terms of sampling and
time stampingData samples from multiple instruments can only be used together if the timing relation
of these sampleto one another is knowvell enoughEven if this relation is known, working with this
data can be complicatedMany standard methods used for data analysis can delyappliedto
synchronous data sets, which means that the available datest be brought to a common
synchronous time standard, e,dpy interpolation.For asynchronous instrument is then necessary

to interpolate data tothis synchronous standard by usimgn-integer interpolation ratioghat must

be adjusted dynamically to catch sampliraock drifts (e.g.by temperature).

The FIELDS team héerefore spent considerableefforts in instrument design and verification to
establishan isochronousampling cloclstandard formost of their instruments(see Torbert et al.,
2016). An isochronoaclockstandardmeans thatthe sampling of the instruments does not happen at
the same time, but with a common sampling grid FIELDS, this sampling grashsists of sampling
frequencies of PHz.The only exception is EDthich cannot be operated at a constant sampling rate
due to its operational principle.

Thisisochronoussampling grid is established by the CDREe figure 1¢13), which providesone
common logic clock andhultiple 1 Hz synchronization pulsde the instruments that define the
sampling phase. The 1 Hz pulses are individadijlystedso that each instrument provides data at the
rising edge of th&€DPU's owid Hz pulsdseefigure 1¢14).

With these mechanisms iplace, the instruments deliver isochronous data streams that can be
converted to one sampling frequency by resampling with a factooT@e small residual time shifts
can either be ignored (for low frequency calculations) or be resolved witH 8ma shifts(seechapter
2.6.2.
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Figurel¢l3 RealTime and Clock Distribution for FIELDS
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Figurel¢l4 Example of FIELD&ta Synchronization

Although isochronous sampling delivers a solid base for synchronization, even isochronous data
require time stamping to line up data from tivariousinstruments.The realtime clock reference for

MMS isderived from thetime distributed bythe global podioning system (GPS) satellites. Each
spacecraft uses military gradeGPS receivdseefigure 1¢13) that synchronizes the CIDP clock based

on the GPS sigih GPS time is based on thempsatomique international (TAI, international atomic

clock standard), but differs by a few leap seconds from this standdwel GPS time is propagated to

the CDPU using a "time at tone" mechanisvhjch meanghe time stamp is announced beforehand

and set valid with a separattone" pulse.This time pulseccursonce per second and is called the
onepulse per second (PPS) signal.

Between the PPBulsesthe CDPU redime clockrunsoniits internal clock freqency and therefore
slowlydriftsrelative to the GPS tim&®ata from AFG, DFG and EDI is then time stamped using the CDPU
reaktime clock. DSP has its own réiahe clock which is synchronized to the CPDU using a 1 Hz sync
pulse and the data interfaceir8e both the CDPU and the D&fethe same logic clock, their reime

clocks are perfectly synchronous amrelyneed synchronization to the PPS pulse.

With all these measures in placéet FIELD8esign and synchronization is good conditionand
provides a solid hardware base for exact timing. However,pifesented mechanisms are only the
ideal case and a few sources for delay and jitter remain. These sources are identifeidcarsdedn
chapter3.1.1
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1.1.3.3. Fluxgate Magnetometers

Fluxgate magnetometers measure the magnetic field at DC and riegqudncies typically below
100Hz. The principle of fluxgaiastrumentswas invented by HAschenbrenner an@. Goubauin
1936 and was modified by F. Férster in 1@8lasmann et al., 2010Y he first major application was,
asexpectd during thisperiod, one of a military natureFluxgaténstrumentswere andstill areused
for detectingsubmerged submarines, as th&arge ferromagnetic hulls causgeasurable disturbances
of the Erth's magnetic field.

In the civilian worldfluxgateinstrumentsare usedor geomagnetic measurements as wellias
applications thaemploythe disturbance of thézarth's magnetic fieldor detecting materials
Disturbance measurements are.g, usedfor prospecting, archeology, detection of metal deposits
(e.g.,World War2 remnants or old waste dumpsr finding building remnants.

In spaceaapplicationsfluxgateinstrumentscan be cosidered as the maiworkhorse forvectorial
magnetic fieldneasurementsThis is due to the fact that fluxgatestrumentsdeliver a combination
of good measurement performance, low power requirements, low weight, long lifetime and high
robustness that (upo now) has not been achievedith other types of magnetometers

Functional Principle
A basic fluxgate sensor setup consists of a core of soft magnetic materiapdothree coils that are
wound around this core.

Pickup Coil

e B+ Br,.
\\ b B¢ Excitation Coil

Bumb = BE\'C o

Figurelcl5 Single Axis Fluxgate Sensor
(Adapted fromAuster, 2008with the permission of the American Institute of Phy3ics

Theexcitationcoil system is used tgeneratea periodicexcitation field Hn the core.The nonlinear
dependency betweemd andmagnetic fieldB of the magnetization curvgseefigure 1¢16) causes a
saturation ofBfor higher excitation fieldsThe resultingmductionin the pickup coils still periodic, but
contains odd harmonics of the excitation frequergsgefigure 1¢17).

An additionalambientmagnetic fieldadds a biasin excitation, as this field and the excitation field are
superposed within the sensor. This means that the relation between excitationinalndtion is no
longer symmetricbecauseone field polarity reaches higher saturation than the other. This asymmetry
introducesadditional even harmoniaosf the excitation frequencyf:in the inductionBinside the core
(see even harmoniaepicted inredin spectrum plot ofigure1¢17). In addition, these even harmonics
also appear as asymmetry in the stray field caused by higher saturation in the core.

12 Adapted from Auster, H.U.: How to Measure Earth's Magnetic Field, Physics Today (2008), Vol. 61 Iss7Z, pufé 1
https://doi.org/10.1063/1.2883919with the permission of the American Institute of Physics

13


https://doi.org/10.1063/1.2883919

135 -1 05 0 0.5 1 15
H [A/m] « 10"

Figurel¢l6 Exemplary MgnetizationQurve of aFerromagnetic Mterial

15 T T T T T T 7000

6000

— without ambient field ‘—With ambient field

6000 b
b 5000 *

5000+ b
4000 *

o 0.1 0.2 0.3 0.4 0.5 0.6  4000r .
t [ms]
3000H J

FFT(B)
FFT(B)

3000+ B!

20007 *
4 2000 *

BI[T]

4 1000

1000 H -
‘||||||
L
10 2 0

_ . : : . : . ‘I‘|||||I|||||
o 0.1 0.2 0.3 0.4 0.5 0.6 0 0 0 10
t[ms] harmonic number harmonic number

20

Figurelgl7 Fluxgate Inductiomvith andwithout AmbientMagneticHeld

This mixture of harmonics can now be measured by an additjminklpcoil. The induced voltage is
proportional to the induction

Y 0 g/oo 0 O.'PC)% Equation1-1
Qo Qo

The amplitudeand phasef even harmonicsvithin the measured voltaggiveinformation aboutthe
strengthand polarityof the ambientmagneticfield. Thisinformationcan be extractedby synchronous
demodulation withthe respective multiples of the excitation frequency.
The connection betweethe harmonic amplitudes and thambientmagnetic field is nonlinear and
dependent on the magnetization curve of the core. dlaminate this nonlinear connection an
additionalfeedbackcoil is added fothe compensatn ofthe ambiert magnetic field This changes the
measurement from a direct nonlinear measurement to a -aellection control loop that is only
dependent on the feedbackihe magnetic field idetected by adjusting the feedback cume until
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even harmonics vanish. Thelwa of the feedback current that is needed to remove the even
harmonicss proportional to theambientmagnetic field A block diagram of the complete mechanism
is shown irfigure 1¢18.

Excitation + _ Held
External Feld 9 Pickup I%/rr:](g]drglr;?i%sn L« Measurement
T Feedback
<

Figurel¢18 Feedback Mechanism of Fluxgate Instruments

This approach can then be expanded to threlimensional core/coil systems that can measure the
inductionin three directions.Figure1¢19 shows a mechanical drawing of tBeaxisfluxgate sensor
that was usedn MMS for both AFG and DFG.

[48.9] [42.4]
1.92 . . 1.67

Figurelc¢19 Drawing of MMS Fluxgate Senkbr
(dimensions inch [mm)

The presented mechanisms are common to all fluxgagtruments but individuainstrument designs
doimplement them in quite different way$?ossible implementations cafor example userod cores
or multi-axis ring corescoilscan be sharede.g, common pickup and feedbak), pickup coils can
measue directfield on the coreor the surroundingstray fieldand feedback and demodulation can be
implemented ineither theanalogor the digital domain.In addition, many powersaving mechanisms
are used, e.gthe excitation field is typically not sinusoidal but more imptlike (Janosek, 20137

FrequencyProperties

All of the elements presented abovefluencethe frequency response dluxgateinstruments both
in amplitude and phasél’he most relevant part of this influencegeneratedby the elements within
the feedback loop and the need to regulate thispda a stable manner.

The induction principléseeEquationl-1) creaes a-90° phase shift as well as an increasing gain vs.
frequency response.his shift is also modified by the small influence of parasitic capacities and
resistances of the coil. Anath phase shift ifausedby the demodulation system, but this sghly
dependent orthe actual implementationFurthermore every synchronous demodulatdesignneeds
some kind of bandwidth limitation to restrict the result to the parts of the spectruat ttontairsthe

even harmonicef the excitation frequency

The feedback control system closes the control loop across all phase shifting elements. A stable
feedback regulation can only be designed taking into account all the phase shifts within thentbop a
ensuring that no positive feedback occurs. This cannot be guaranteed for all frequencie®fepgre

B Image Credits: UCLA
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to the current generator in 2.3.2.1and is therefore enforced using bandwidimitation in the
feedback. Typically, this is dométh a first ordedow-pass filteithat dominatesthe frequency behavior
of the control loopln addition,some designs choose a loop behavior that can also serve aaliasting
filter for later digitization.

Thegeneratedfeedback is then driven through the feedbackl &yi either using a control voltage or a
current source. In both casgan additional phase shift witiccur.

Figure1¢20 showsthe gain curve bCLUSTER FGM (Balogh et al., 1997), whichejgresentative
fluxgate instrument for space missions.
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Figurelc20 Freqieng/ Response dCLUSTHRGM Flugate Instrument
(© Kluwer Academic PublisheBalogh et al., 199%)

Apart fromthe frequencyresponseinfluences by the measurememtrinciple itself, data reduction
filters must alsdbe taken into account. THEIELDEDPUeducesdata rates using multiple decimation
steps thatchangethe data rate by a factor of two eacBefore eachdecimation,a 17-tap hamming
windowed sinc filter (seehapterA.1) is applied to the datéo avoid aliasing.

TheDigital Huxgate Magnetometer
Thedigital fluxgate magnetometer(DFGpn MMS is an implementation of the fluxig principle that
uses a sigmdelta loop across the sensor (Magnes et2003and 2008.

;O
=]
%)
[af

i O

| O
o

Figurel¢21 Electronics Board of MMS DFG

The principle of sigmdelta loops is to appliow-resolutiongquantization at high speed#. isin fact
quite similar to theprinciple of thefluxgae, as alsdere feedback and an integrator are usesgma
delta modulationusesfeedbackof the quantization value to push quantization noise towards higher
frequencies ando change its correlation to the input signdahe output is a single bit streawith an
average value thatorresponds to the input value. Tlageragevalue is typically extracted lwgmoving

14 Permission granted by Rightslink request May 30,2018
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the high frequency quantization noise with a low pass filter.example for a firsbrder sigmadelta
loop is shown iffigure 1¢22. More information about this topic can be foundSchreér et al.,2017.

The adantage of sigmalelta converters is that conversion effort is shifted from the amplitude domain
to the time domain. With thisnethod, linearity is no longer defined by multiple quantizati@veéls,

but by just two of them.
ADCIn T Aiter |_ADCOut
i 1 Bit DAC J

Figurelg22: FirstOrder SigmaDeltaAnalogto-Digital Converter

The DFG uses this principle and applies a-ihéeedback to the sensofsee figure 1¢23). This
feedback alternates between the positive and negative maximum values, with an average that tracks
the input value The sigmadelta loop is in this case closed using magnetic couplitignthe sensor.

More detailedinformation on the actual structure and used modulator type can be found in Magnes
et al., 2008.

Excitation+ | Sensor
External Feld Synchronous Sgma-Delta .| Decimation
Demodulation Components ” Filter | >
1 1Bit Feedback «
Sgma-Delta Loop

Figurelg23: Simplifed Block Diagram dhe DFGSigmaDelta Loop

The general advantage of sigrdalta modulators is that owhip integration is simplified, since all the
typical impgementation problems of regular analdgg-digital and digitato-analog convertersADC
and DACare avoided€.g. the nedl for laser trimming of resistors).

With the possibility of orchip implementatiorof fluxgate electronicsll the advantages of integrated
designs can be exploited. THesign of theDFG hasherefore high temperature stability, low noise
low sizeandusesless power than comparable magnetometers.

The price for this gain &n increasedonlinearity for high magnetic fields, as the feedb&oggles
across the nonlinear part of the magnetization \eir For higher fieldialues,this feedback toggling
resuts in asymmetries thatausesa nonlinear gaircurve In addition,the one-bit feedback generates
asmalldistortion field that can beneasured by other instruments.

The frequency response of the DiE@nainly defined by the sigrelta loop and the usednti-aliasing
filters for data decimationThe sigmadelta loop includes the fluxgate sensor componettig, sigma
delta corverter and a synchronous demodulator that is useddriractingthe even harmonics. The
influence of this loop on the final measunent is small, since it only affects frequencies in the kHz
range, while the output data rate is 128 Hz.

Anti-aliasing filters are used in data decimation from the raw data rate X8BHz to the output rate

of 128 Hz (a decimation factor of L=64)isktecimation is done using astage cascaded integrator
comb filter (CIC, Hogenauer et al., 1981) shawfigure 1¢24. More information about basic filter
structures isdiscussedn appendixA.1
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Figurelc24: Example of &awo Stage CIC Decimation Filter

ThisCICrilter can be operated in two modes. In DE@B@de, the CIC filter is used toedimate from

8,192 to 256 Hz and the findkcimation to 128 His done by decimation witfull aliasing. The effect

of this aliasing is ipred, since higher frequenciggpicallyhave very low amplitudeThis filter mode

was introduced to generate data with low output del&is data is used by the EDI instrument, which
requiresonboardknowledge about the magnetic field for steering thie@ron beam directionin
DEC64node,the CIC filter is used to get fromil82 to128Hz wih full antraliasing filtering. This also
results in a lower noise floor, as in DEC32 the instrument noise from 64 to 128 Hz is also aliased into
the 0 to 64 Hz had.

The DFG on MMS is able to measure the magnetic field in two measurement ranfyes,range
(x650nT) and high range (x10500 nT).
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The Analog Flgate Magnetometer

Theanalogfluxgate (AFG)nagnetometer on MMS uses a traditional design approachithatements
the fluxgate principle in analog domain (details in Russell et al§)2Bigure1¢25 shows the AFG
electronics board. The gap at the lower right is alided forthe DFG electronics.

Figurel¢25 AFG Electronid®oardfor MMS
(© CC BY 1.Russell et al., 2@1*°)

A block diagram of this design is showrfigjure 1¢26. An initial bandpas§lter extractsthe second
harmonic. The resulting signal passes a synchronous demodaatbis integrated to deliver the
feedback and measurement voltage. The measwetvalue is then amplified and sent to the analog

to digital converér (ADC). The feedback voltage is converted to a current that drives the feedback coil.

32 kHz gync. to ADC
BPFiter | >|  Demod. > > > > >

V/| Converter

Bxcitation+  sansor
External Feld

Pickup

A

Figurelq26: Simplifiel Bock Diagram of AFG.
For ull Diagram,see Russell et al, 261

TheADC samples the measurement sigaa?62144 Hz using a 1€hannel multiplexer. The resulting
16,384 Hzdatais decimated to D48 Hz using a 1point boxcar filter and furthedecimated b 128Hz
using two identical 14oint boxcar filtersFor redundancyurposesthe ADC was added to the circuit
twice. The two ADCs are identified as ADC A and B.

The frequency response of the AFG is mainly dominated by its analog componeitsaisd subject
to variations caused by the tolerances of the analog parte measurement range of the AFG is
+510nT inthe low range and +8200 nT ihe high range Range switching is done by changing the
output gainG,which has no influence on tHeequency response.

15 Creative Commons Attribution 1.0 Generic (CC BYHLtp3.//creativecommons.org/licenses/by/1.0/
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1.1.3.4. SearchCoil Magnetometes
TheMMSsearchcoil magnetometer (SCM, Le Contel et al., @0t a magnetometer that is based on
direct magnetic induction in a coil and is therefore only suitable for measuring AC magnetic fields.

FunctionaPrinciple

The principle of magnetic inductiofseeequation1-1) was discovered by M. Faraday in 1831 and is in
fact the operating principle of electric poweayenerators.Besides tk use for power generation
induction in coilsitisalso used for power transmission (ergdio frequency identification drRFID, Qi
Charging) and datlansmission/receptiorike radio antennasOne common antenna type in these
applications is the loop antenr{aeefigure 1¢27), which just uses a coil witin application dependent
number ofwindings to receive radio signals.

Figurel¢27 Shortwave Loop Antenna
(© Trixt19)

This antenna can be improved by inserting a ferromagnetic core that is usezbasentrator forthe
magnetic flux. These antennas are typically used in compagtlitude modulation (AMYadio
receiversor DCF77 time standard receiveirsprinciple,the searchcoil magnetometer igjuite similar

to theseAM antennas, but differs by the number of windings @melfrequency sensitity. Due to this
similarity, the searchcoil sensors are sometimes also referred to as "antéhimefact early versions
were sometimeslevelopedby telecommunication companieSearchcoil magnetometers have been
used in space for quite a long time, both for military applications (detection of nuclear explosions via
their electromagnetisignature$andfor scientific applications similar to MMBhey provide excellent
sensitivity for fequenciesf up to hundreds of kHz arate typically built withthree axes to measure

the vector AC magnetic field.

16 https://commons.wikinedia.org/wiki/File:Loop _antenna.jpg
Creative Commons Shafdike 3.0 (CC BYA 3.0)https://creativecommons.org/licenses/bga/3.0/
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MMS Search Coil Magnetometer

Thesearchcoil magnetometer used on MM&eeFigurel¢28) is a coilwound overa ferromagnetic
core. Three of thse coil/core assemblies are then combined to form a sensor for 3D measurement.
The sensitivity of the coils is increased byciplg many windings on the core Wit wire length in the

km range.

Figurel¢283D SCM Sensor ftVIS
(© Springer Science+Business Media Dordréeh€ontel et al., 2@1")

The resulting large number of windingenerateslarge parasitic effectsuch ascapacity between
single windings, capacity between winding layers armunic resistance. Due to these parasitic
contributions, searchcoilsensors Wl showdistinctresonance effects which are compensatsdising

a feedbak coil systen{see coil LZrigurelc29).
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Figurelc29 Feedback Circuit for MMS Seafchil
(© Springer Science+Business Media Dordréeh€ontel et al., 2@1°)

In addition to theinherent properties of the sensor, also lamd high pass filters are used kit
measuremenbandwidthand remove DC offsgt

The resulting signal is then sahtrough a preamplifier and sampled by the digiagnalprocessing
unit (DSP, Ergun et al., 201&his sampling is done in an interleaved waganingthe same ADC is
used for all SCM axes using a multiplexer. The raw sampling frequencyli$44682 for 6 channels
which results in a maximum pehannel freguency 0f16,384Hz. The remaining channels of the
multiplexer are used for sampling the electric field sensors.

7 Permission granted by Creative Commdrtis://creativecommons.org/
18 Permission granted by Creative Commdrttps://creativecommons.org/
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Frequency Properties

The maincontributor to the searchcoil frequency responsis the sensor itself, witlcoil inductivity,
resistance and parasitic capgc Futher influence is generatetly the feedback circuit and by DC
removal filters Figurel¢30 shows an exemplary frequency response of the seamihfrom CUSTER
(CornilleasWehrlin et al., 1997)This responséncludes the sensor, the feedback circuit, the pre
ampifier and the DC removal filter which attenuates frequencies below 0.2 Hz.
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Figurel¢30 Frequeng Response of BJSTERearchCoil
(© Kluwer Academic Publishe@prnilleasWehrlin et al., 199%)

In addition there is also some influence by the analog -atiising filter before analog to digital
conversion and by decimation filters in the digital damthat are used for reducing the data rate to
the desired output rate. In thBSRFon MMS this decimation is done usingaultiple stage digital filter
and resampling process. Each stage usesvantap hamming windowed sinfilter (seechapterA.l),
athree-tap triangular filter and data decimation by a factor of two. The minimum output Sagnzite

is 4 Hz.

19 Permission granted by Rightslink Request May 30,2018
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1.2. Merged Magnetic Field Data

1.2.1. Definition and Revance

Theaforementionedmagnetic field instruments are well suited to measure the magnetic field in their
sensitivefrequencybandsand to fulfill the requirementsderived fromtheir respective scientific
objectives A possible measure to compare therfemance of the instruments is the noise equivalent
magnetic inductior(NEMI)

The NEMI combines all different noise sourcas;h assensor and electronics noise, to a virtual
magnetic noise source that is added to the external magnetic field. Theaddiise and the external
magnetic field are then measured byreeoreticaly noisefree instrument The NEMI isffected by the
instrument sensitivityas frequency bands with l@vsensitivityrequire higher virtual noise tachieve
the actual instrumennoise levelsThis higher virtual noise gesent e.g, in the low frequency range
of the SCM antbwards the Nyquist fregency for both fluxgates and SCM.

Figurelc31shows acomparison of the Nyquist frequencies and the N&fiboth DFG and SCMhe
NEMIcrossovelfrequency is at about 8 Hz.

10°

— NEMI DFG smoothed
N —— NEMI SCM smoothed
o It — DFG Nyquist Frequency
10 — SCM Nyquist Frequenc
; N
Rl ‘\\\
£ 10” e \NESRER I —
= T
z \\\ -
L |
10" ] e
6
10
10° 10" 10° 10" 107 10° 10* 10°

f[Hz]

Figurel¢31 Comparison of DFG and SGEMI

The NEMI performance of DFG is better below #mat from SCM is betteabove this crossover
frequency.This means thainanalysis of magnetic field events that inclutle frequency band around

8 Hz cannotely onthe best possiblesignalto-noiseratio, astraditional waveform analysis needs to
decide for one instrument type and its relat®dEMI level

Thisfact triggersan obvious question: Why is there no data product that covers the whole frequency
range?Hom the perspective of instrument desigie answer to this question is quite simpl® date,

there is no instrument type that is able to fulfill this requegth comparableperformance features
such asaccuracy, noise floor and robustnefss space applicatiom However, tlis requestcan be
fulfilled with appropriate data processingased onsufficient information about thedesign and
frequency characteristics of thmstruments and with which data from both instruments can be
mergedinto a common data produciThe combined data productan profit from the best available
noise floos of both instrument typesvhich enables single data seto coverthe entire frequency
range from DC to 4,096 Hz.

The advantage of a merged proddicm fluxgate and SCM datathe context of MMS is stated in the
FIELDS instrument suite paper (Torbert et al. 6201

¢Electron diffusion regions and thin current sheets pass over the MMS spacecratft in time intervals of
0.5 to 2 seconds because a typical region size of 5 to 20duas with a boundary speed of 10 to 100
km/sec.(X X PpThabdfrequency range of 0.5 to 20 Hz transitions from aftegquency boundary where

the SCM has little signal to a hifilequency one where the FG loses its ability to accurately track fields
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that vary this fast. Thus, on MMS, it is critical to have algorithms to combine these two measurements
in this overlapping frequency band into one accurate data séries.

With the availability of a merged data product, events like this can be analyzed withngstirgle
data set that takes into account the frequency propertiebath magnetometers.

This is also beneficial fire analysis of eventst higher frequeneswhich are normallypased on SCM
databut for whichalso the DC background fieldtypicallyrequired for data interpretationFor such
cases, fluxgate dataustbe loaded and checked in parallel. A combined prodiretady includeshis
background fieldnformation and naextraeffort for additional data loading or processiigneeded.

Besideghe advantagsin event analysislsopotentially hidden inaccuracies within single instrument
data sets can be avoided with a combined data prodbge to the high quality ofround and irflight
calibration, fluxgate data is quite often considered kasvfess and well calibrated, regardlesstlod
frequency bandAs opposedo the searchcoil, the gain curve od fluxgateinstrument with its low
pass characteristiqseefigure 1¢20) is, in most casesot compensatedor gain drops towards higher
frequencieswvhichcan causenisinterpretationof the magnetic field data in this frequency range

The gain curve of the flwages could be correcteith asimilarway as it is done fahe searchcoil, but
this would result in g@roblem that is in fact shared with theompensated searehoil. A frequency
dependent gain correction will not only amplify the measured magnetic figltl,also any noise
presentin frequency bands witheducedgain. Tle amplified noiséncludes not onlythe analog noise
of the instruments but alsthe quantization noise introduced in the multipktage digital filters used
for data rate reduction.

The NEMI presented ifigure 1¢31 is equivalent to the noise floor aftegain correction with the
instruments operated atheir maximum sampling frequergs andwithout further data rate reduction
filters. The actuabignalto-noiseratio isfinally dependent on the magnetic fielgtrength which is
typicallyin the subnT range for frequencies above 30 Hz.

Anothersource for misinterpretation can be causedanti-aliasing filtergseechapter2.6.1) used for

data rate reduction in moshstrumentimplementations. These filtersormallyhave limited tap length

with the consequenceahat the attenuation of aliasing frequencies is far from being perfect. Mirror
frequencies of signals above the Nyquist frequency can therefore appear with ampiitoisgparable

to real signaland could result in erroneous interpretatio@ca@sionally this artefactwas even used
asan"instrument feature" fordetecting whistler waves at Venus (Russell et al., 2007) which were only
visible due to the aliased spectrum.

Overall,it can be summarizethat usingSCM data below 1 Hz andingfluxgateas wellasSCM data
above half of their respective Nyquist frequencies could lead to potential misinterpretation and should
only be used with care.

A combined data produchelps avoiding suchproblems, as it includeproper gain and phase
correctiors and replaces the higher frequency fluxgate datahmt from SCM, thus avoiding aliasing
problems anda reducedsignatto-noiseratio. However also thisdata productis not totally faultless
towards its own Nyquist frequency, but at least finequency rage below half the Nyquist frequency
can be considered as close to being perfect
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1.2.2. Previous Work Data Merging

1.2.2.1. Sensor Fusioand System Identification

The combination of data from multiple sensors, aleterred to assensor fusion, has been used for
determining measurement quantities and system states in a wide field of applicaBensor fusion
usesvarious sensors, sensor types and even different measurement quantities withaiime of
obtaining information about me or more desired quantitiesThis additional information is then
combined usingw-priori knowledge likesystem models and estimeg of measurement erroThegoal

of this combinationsto obtain a morecomplete picture of this quantity, e.dy achievig higher time
resolution better spatial resolutionimproved signatto-noise ratio, removal of distortion, higher
bandwidth or estimatios of otherwise inaccessible quantities.

One common application is the estimation of position and movement basedrsoseeadings from
gyroscopes, inertial sensors, compass sensors, positional systems data and cameras. One of the most
prominent research areas fahesetypes of estimations is unmanned aerial vehictesdroneswhich
requireposition andattitude information to stabilize their flightda Silva et al., 201#ao et al., 200Y.

A secondexampleof sensor fusions virtual reality applicationsL@Valle, 208; Welch, 2009. Virtual
reality headsetaitttempt to estimate head position and movement to synchrorszeeen contents with
real movement. A mismatch between movent and screen can resultuirtual reality sickness, which
seriouslyimpairsthe customer experienceThisapplicationusesgyroscopes, compass sensors and
camerathat track markers or laserrigls.

Aquite simpleapproach for sensor fusion in tirievariant systems ighat of complementary filters
(Osder et al., 1973). These filters are designed with the assumption that different sensors have
different spectral probabilities, i.ethat some sasors provide better noise performancespecific
frequency bandshan other. This behavior is then reflected by designing complementary filters that
create a sum of the "best" data of the available sensmiaga frequencyweighted sum (seégure
1¢32). The filter§lransfer functions are designed such that their sum is either orsnoplya delay.
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Figurel¢32 Block Diagram of a Complementary Filter

Complementary filters are designed usingrari noise assumptions and are therefamet subject to

an initial convergence phase. The number of computations isdwo online estnhation for variance
states is required. In principle, the design of these filters is only dependent on the spectral properties
of the measurement noise.

Because of this-priori design approach,amplementary filters are used in many applicatioifiey

are considered a sensor fosi method that iag/ to program and requirglittle modeling effort(Jan,

2018; Leurent, 2018, OIliw, 2018, Alegiaco, 2018
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Thestandard approach for sensor fusion @ayesian estimatorsuch aghe Kalman filter (Kalman,
1960 or particle filters (Del Moral, 1997 Most of these estimators use system and/or noise models
(both possibly time varying) to estimate a measurement quantity or system #tase dynamical
system A disadvantage of these types of estimators is that spéproperties of the noise are not
taken into account and only noise power statistics are used for estimation ¢evgriance matrix)t|

is assumed that the observation noise of all used sensors is white (Simon, 2006, [m ¢8€2.of non
white noise within the modeled process, an adaptation of the system modedbjisired,that replaces

this noisewith a more complex modedkith white noise input. The frequency properties of the ron
white noise are in this case mapped into the system model.

In addtion, Kalman filters have aimpacton the spectrum of the measured signidat is dependent

on the system model and noiseodelassumptions (Costello, 1980; Benmouyal, 1992). This influence
must be taken into account in measurement applications that require a true representation of the
signal spectrum.

Both, nonwhite noise and thavish for atrue signal spectrum representation requird@hlycomplex
setup andresult in a high number of cal@iions for variance estimation.

For timeinvariant systems, aoplementary filters are therefor@ more adequateapproach and in

fact, they are not that different from Kalman filtersthis application casé&or timeinvariant systems,

the Kalman filter wi converge towards atim& y @+ NR I y i & 2 f dzi ASEngrs, 2006KpH. ¢ a G St
193f). This solution is equivalent to a regular filter with static coefficients. If the Kalman filter system
matrices and noise assumptiorsse designedin the right way,this solution is identical to the
complementary filte(Higgins et al., 1975}t is even possible to generate a complementary filter by
calculating the steadgtate solution of the Kalman filtCarreira et al., 2015).

Both, complementary and Kalman filtedo not care about the frequency response of the sensors (see
A.1.]), but assume thaespecially the magnitudeesponsa areflat and all frequency dependencies
are already represented in the setup &t Kalmarand complementary fter, respectively.

It is therefore necessary to identifgnd compensate(or equalize)this frequency response before
statistical mergings done Inprinciple, also this frequency response identification can be considered
as statistical estimatiarin thiscase,it is not aboutthe estimation ofquantities or system statedut
aboutthe estimation of systenmodelsbased on measurement data.

The idenification and compensation of a frequency respoisesed in many applications likentrol
systems, channel and sensor equalizatienwell adoudspeaker and microphone equalization. This
identification and compensation can be done in an adaptive wdny asing static models, both based
on a-priori knowledgeof the identified systemAlgorithms for this purpose are widely available in
literature (e.g, Keesman et al., 2011; Hars, 2003) ands@aine consilered astandardtechnique

The actuathallengss therefore in most cases not the design of an algorithm but the selection, tuning
and application to a given problem. This also involves the design of the environment conditions to
execute the algorithm, e.gproviding a suitable measurement environmedor measuring the data
required forthe modeling.
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1.2.2.2. Multi-Instrument Analysis of Magnetic Fi€ldta

Numerous studiesisedboth, searchcoil and fluxgate magnetometer datélowevey in most cases,
event analysis wasonductedusing separate datgroducts. Examples of this separateapproach
includeAlexandrova et al. (2013Fhaston et al. (2008), Bruno et al. (2017), Vo6ros et al. (2011), Roux
et al. (2011)pmong others

Inmanycases, the authorstated their awarenessf the limitations causethy the use of multiple data
productssuch aglifferent sensitivities and noise flooe.g, Alexandrova et al. (2013) and Bruno et al.
(2017) noted the increasing noise of the fluxgate instruments towards higher frequencies.

In addition toeventanalysisRobert et al. (2014) usedLUSTER fluxgate déBalogh et al., 199%p
crosscalibrate the gain of the searatoil (CornilleauWehrlin et al., 199¥. This was donesinglow
frequency data (up to 6 Hz) that is less influenced by the frequency respbtisefluxgate

A fusion of searchcoil and fluxgate datéo common spectra and wavefornier event analysisvas
onlyconductedn a few casesAlexandrova et al. (2004) used the wavelet transforrmarge CLUSTER
data by applyinga crossover function thas dependenton the wavelet scaling factorThis analysis
used gain and phase compensated searclth data, but uncompensated fluxgate datan almost
identical method was also used by Chen et2010) and Kiyani et al2013.

Torbert (2010) presented faision process fo€CLUSTERIxgateand searchcoil data to advertze the
potential of a merged product for the MMS missiorhis process was based orgain and phase
compensationin the frequency domainusing a combination ofjroundbased gain response
measurements and an 4fight estimation of frequency response and delayhis combination was
alsopresented by Argall et al2012) using data from CLUSTER and RBSP.

However, in all these casdbere was nadedicated groundased calibration of absolute time, gain
and phase response. Data combination was therefore baserited calibration data anéh-flight
estimatiors of these quantities, which can only deliver a relative calibration between the instruments
since itislimited to an order of roughly 10% in gain and several 100 us in phaseluethg available
signatto-noise ratio of natural signals (see chap®2.2.

Acompktelydifferent approach was suggested by Han et al. (204Bo proposed an analog fluxgate
searchcoil hybrid thatcombinesboth principles in onenstrument This design uses an analog
crossover filter to combine data from the two sensors. This typedesign still requires a full
characterization of the gain and phase respgnbat it automatically guarantees synchronous
sampling. The disadvantage of this hybrid instrument is a higher noise floor caused by design trade
offs and magnetic interaction be®en the instrumentsin Han et al. (2012), the fluxgate noise level is

y LXkKIT Fd wm | T-200Azapproxinidtely titdhe ndidéBMFAIDFG and about

an order of magnitude larger thahat of SCM.
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1.3. Task Definition
The task of this thesis was to generate a merged data proftaot fluxgate and searchoil data

measured aboarthe four MMS spacecraft with minimal influence on gain and phase within the target
bandwidth.

The task of merging can be considered as comgittietwo instrument types to a virtuahstrument,
whichshouldideallyhave flat gain response ardinear phaseThe virtual instrument shoulthus be
equivalent to a simple delay that can be fixed by adjusting the time stamps. The noise floor of this
virtual instrument is then defined by the lowest possible noise fthat can be obtained by merging
dataof the individual real instruments.

The design goals for this virtual instrument are driven by the requirements of the FIELDS instrument
suite, whichagain were flown down from th®IMS missiommequirements

The time stamping accuracy requirement of FIELDS ig2@8lative to the PPS signal. On top of this,
a goal of Jus relative time stamping accuracy between the fugiruments has been defined. &h
time stampingrequirementof 200 uscan be directly mapped to a phase delay requirement for the
merged data product, which means that the phase delay of every frequency should not excqesl 200
relative to the time stamps.

Table 1-2 gives an overview of the accuracy requireneif the FIELD®nagnetic field sub
instruments The measurement error requirement of the fluxgate instruments is only given for DC
fields, but infact, this requirement is also valid for low frequencies upl@0mHz.The gainerror
requiremens for the fluxgateinstruments AFG and DR&re computed fom the absolute error
requirementsand therelatedinstrument measurement ranges.

Instrument | Range Range AbsoluteError GainError

SCM 1-6000 Hz | - - <2%

AFG DC High Range| <1 nT <1.22 x 1¢
Low Range| <0.5nT <0.98 x 16

DFG DC High Range| <0.5 nT <0.48 x 1¢
Low Range| < 0.5 nT (goal 8.1 nT) | <0.76 x 16

Tablel-2 Accuracy Requirements for FISLIdagnetometetnstruments

The accuracy goals for the virtual instrument were derived from these requiremaritss contextit

must be considered thahe accuracy of gain and phase is subject to theoretical constraints, as it is not
possible to modify gain and phase arbitharclose to the Nyquist frequency. Furthermore, any
amplificationat frequencies close to Nyquisteansin fact amplifying data that was attenuated by the
anti-aliasing filter andvhichis subject to measurement and quantization noise. These frequencies will
therefore suffer from increased noise floors.

Based on thisestriction, it was defined that thenerged data producshallmeet the gain and time
requirements of the instruments up to 75% of the Nyquist frequency of the merged data product.

Thetarget sampling frequency of the merged data product weecifiedwith 1,024 Hz instead of the
theoreticallypossible 8192Hz. Thighoice wa a compromise between time rdstion and produced
data volumeat the MMS science data centeks the length of high fragency burst data intervalis
highly limited by data downlink restrictions, the designed algorithms and models shéill foe
processingf short data intervals.

In summary it was the task of thishesis to merge fluxgate and searchil data to a common data
product with a sampling frequency of 1,024 Hz, without introducing DC gain errors of more than
0.5x10* and AC gain errors of more than 2% up to 384 Hz, with a frequency independent time
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stamping error of less than 200 (ialso up to384 H2z and with the lowest possible noise floor across
the entire frequency rangé-urthermore, he merging process needto be designed to operate on
short time intervals withust several minutes of burst dat
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2. Approach

A merged data product can onlye realized in multiple stepsvhichlead from model and method
selection over measurements and model estimationthte realization of a complete merging process
with all necessary elements. The following chaptfadow this path and describe the necessary
elements.

Therequired steps on this patare as follows

1 Select a suitable model type feach of the two types afhstruments (chapteR.l)

1 Examine and select methods to identify the parameters of the selected mcioibters2.1.1
t02.1.3

Design the required measurement environment to support identification (chah®r
Conduct thddentificationmeasurements (chapte2.3)

Identify the parametes using the measurement data (chapg#4)

Verify the resulting models against previous tests and theoretical knowledge (ct2agier
Examine the instrument noise floor and design merging filters (ch&pggr

Design a process for alying the instrument models and the merging fikesn the data
without violating the design goa(shapters2.6to 2.7)

1 Verify themergingoutput of the process on iflight data (chapte3.2)

=A =4 =4 4 -8 A

2.1. SystemModel andidentificationMethods
The first step towards a merged data product is to classify the magnetomatera matching system
categoryfor modeling This categorizabn is based on the magnetometer system properties.

In general, both magnetometer typesustbe considered mixed signal systems, as they contain both
analog and digital elements. In both cases, data is #anited by internal low pass filters that either

are required by functionality or are used for aatiasing in analog to digital conversion.

The output of these mixed signal systems is provided as digital time stamped samples that are
referenced to the FIELDS internal time, which is in turn definethéyPPS signal. All further data
processing, including the preprocessing for a merged data product, is done in the digital domain. It is
therefore reasonable to also choose a digital domain model for the magnetometers.

Although both magnetometer types ctain nonlinearities, they either are designed to work in the
linear range (SCM) or afimearized using feedback (AFG d»EG). The remaining nonlinearities are
very smalle.g., for DFG a polynomial approximation yield&%a&ier term of 10/ for high range and

no measurable nonlinearity for low ranga)d the magnetometers can therefore be considered linear.

Both magnetometer types are slightly time variant, as their parameters chamgenith temperature

or by aging. Nevertheless, thesbanges are in general slow and covered bffight calibration. The
magnetometers can therefore bmodeledas time invariant.

The system properties listed above categorize the magnetometers as linear and time invariant systems
that can be modeled in theigital domain. Commonly used model types for this purpose are finite (FIR)
or infinite impulse response filters (IR, see chapiel). However, the initialexplnationsin this
chapter are done using continuous time systemghasprinciples are similar and the presentation in

the complete mixed signal viewowld introduce unnecessary complexity.

Identification ofa filter is typically done by exciting the systewith an input signal(x) and measuring
the output response (). In principle, this could already be solved by exciting the system with the Dirac
impulseinput x(t)= (t), which would result in an output that is in fact the impulse respor{ge h
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Figure2¢l Input and Output of a Linear Tinlevariant Filter System
wo MO z2wo QO 27 0O Qo0 Equation2-1

This approach isfor example used in acoustics for room impulse response measurements. The
impulse is in these cases generated by a clap or an explosive cOargg@isadvantage of the impulse
response method is that the complete excitation enengystbe applied in one singlmoment, which

is difficult to achieve in many systems. This also puts a limit on thelpesignaito-noiseratio of the
measurements.

G 0 wo EO QO 6 &0 Equation2-2
ok w000 0oz 6 QO Re Qo QO
YOS o Qo : 0 00 Equation2-3
"_Y é (‘) ,Q(‘) ol

For agivensystem Ift) with a given noise floora(t), the signalto-noiseratio ishighlydependent on
the scaling factor k of the input pulsehich is equivalent to the pulse enerd@he higher the energy
of the pulse, the better the signal to noise ratio.

A further disadvantage is that all realizable methods for impulse generation are baretliamt no
Dirac impulses can be generated practice The resulting convolution therefore contains then-
ideal (widenimpulsegiven by the function p.

wo QozZno Equation2-4

This result can stible usedwith only minor impactf the bandwidth of the system h(t) is much smaller
thanthat of the impulse p(t). In tiscase, the result of the convolution integialalmost identical to a
multiplication with a constant

@t Qont 0Qo 'Ot HoQo Equation2-5

Theallowedbandwidth of Ht) is therefore restricted by the achievable bandwidth irftp The target

for animproved system identification thereforeto increasehe signatto-noiseratio and toeliminate

the bandwidth limitation. One approach is t@gly test signals for a longer timand to extract the
impulse response mathematicallyThis increases the excitation energyd includes inherent
averaging.The disadvargge is that the impulse responss convolved with the input signal (see
equation2-1) andis therefore no longer available directlyout requires somesort of computation.
Potential test signals for this case are, e.g., chirp or noise signals. Noise signals apply all desired
frequencies at the same time, while chirps sweep through all the frequencies. Térede between
these signals idherefore mainly the distribution of the total energy per frequency band over time. This
distribution has to be adapted to the actual stion, e.g., to slew rates in the signal generator or
signatto-noise ratio in specific frequency bands.

2.1.1. SineBasedTransfer Function Estimation
A quite simple method for model estimation is to use sine signals at different frequencies as input
signals(see Keesman, 2011, pp. 24ffihe gain and phase shift of the respective output signals gives
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information about the frequency response of the system under test. This frequency response can then

be used to determine the impulse response of the syst&his ca be done by either constructing a
conjugate complex frequency domain kernel and using an inverse Fourier transform or by tuning an
impulse response until its frequency response has identical gain and pbahaeior Figure2¢2 shows

an example of aingle test signal that is used to measurethe Ay RA T F haBeslifS.qgt D | Y R

one frequency.
— Input Signal
/\ /\ DG — Output Signal
f it

Amplitude

est

Time

Figure2¢2 Phaseand Gain Estimation with Sine Signals

Oneproblemof this method is thathe phaseinformation is ambiguous.dy information about phase
could as well be shifted by multiples of 360° or, if no information about polarity is incleded, by
multiples of 1®°. This ambiguity is also presentfigure 2¢2, as thevalues othe estimated shift et
andthe real shift. it differ by 720°lt is therefore necessary to explaither information about the
system tonarrow davn the possibleinterpretations of the phase shift tathe correct180° window.

This carbe accomplished, for exampley usinga-priori system modelthat restrict the possible phase
values or by including an initiphasemeasurement, whicldentifiesthe start delayof the sire signal.

Only low precision is needed for this initial measurement, as it is just required to restrict the phase
value to the correct 180° window.

The estimation of gain and phase can be done by fitting a sine signal to both signals and measuring
gain andphase differenceéseefigure 2¢3). Thisis done byusing a least mean squarerer fit.

Amplitude

—— Noisy Input Measurement
— Noisy Output Measurement
— Sine Fit

Sine Fit

Time

Figure2¢3 Phase and Gain Estimation with Noisy Sine Signals

The advantage of #hsinefit method is that the limitation to one sine frequency is equivalent to a very
narrow bandwidthfilter which alsoreducesthe measurement noisé a very small frequency band.
The influence of all out of band noise is therefore reduded.the other handthis alsoresults in a
very high sensitivity to distortion ithis band e.g, it would not be aadvisableo use sine test signals
at multiples of the power grid frequencies (50 Hz in Eurape60 Hz in the US

The main disadvantage of this method is that every measuremeely offersone point of the
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frequency responseThis means that the desired frequency resolution defines the number of
measurements and the needed time for thempletemeasurement.

2.1.2. Power Spctral DensityBased Transfer Function Estimation

The power spectral density method does not rely on test signals with discrete frequencies, but on a
mixture of multiple frequencies that cover the complete frequency range of intefesterivation of

this standard method(see Keesman, 2011, p®4ff) is provided sincethe method actually used
deviatesfrom the standard to reduce computation powgsee chapter 2.4.2). In addition, the
derivation also givemformation about the proper choice of a test signal.

The output y(n) of a discretetime, linear andtime-invariant system is given by the convolutiortioé
input signal ¥n) with the system's impulse responsé

wE Q¢ zwe Equation2-6

The instrument impulse respongse then calculatedby deconvolution.Thiscan be done using the
discrete time Fourier transform (DTFlguation2-7) which transforms a discrete time signal to the
continuous frequency domain.

O 'Q wE Q Equation2-7

This transformatiorconverts the deconvolution operation the simpledivision

®w'Q

0Q —
W Q

Equation2-8

However, tle result can only be calculateidl the sum operation irequation 2-7 converges. This
convergence is achieved for absolutely summable signals (= energy signals) arfdw casedpr
non-summable signals (= power signals), e.g., sine signals.

In theory, this convergence can be achieved by selecting a proper input signal %(fr) &sin this
case absolutely summable forost systens of practical interest, i.efinite or stable infinite impulse
response filters

Unfortunately, allrealworld signals involved in this deconvolution operation are subject to noise. It is
therefore necessary to expand the convolution operatioguation2-6 with input (n) and output
noise (R).

wE weE € &€ zQE ¢ ¢ Equation2-9
As long as the noise variables are uncorrelated to each other, orgiroglycombine all additive noise

into one variable. Since the contribution of the input noiséssubject to convolution with h, the
autocorrelation of the combined noise i3 no longer &roneckeelta.

wEe wE 2Qe & ¢ Equation2-10

The measuremennoise is usually the result of a stat@ry random noise process and is therefore
considereda power signalvhich is only windowed by the duration of the observatibor this reason,

it isno longer possible to measure and calculatetitue spectrum, but only a speetestimate based

on a limited observation time. Bhspectrum is usually expressed using the power spectral density
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(PSDyhich is the DTFT of the autocorrelation sequence
Using PSD estimagethe deconvolution irequation 3-8 can be expressed using tR&Destimate Scx
and the cross power spectral densigtimate Syx (CPSD, Fourier transform of the crassrelation
function).

o Y Q

0oQ W Equation2-11
With included noise, this equation changes to

0 Q Yy o Y O 0Q Y O 8 Equation2-12
v O N 0 quation2-

The estimate of the frequency response is subject to two errors. The first error is causedrioysihe
term in the result ofequation2-12. The second erras the PSD estimation erram all used spectral
densities.

A first approach to improve the estimate quality is to reduce the influence of the noiseSef8xxby

modifyingthe input signal xvhichis the only ®lectable variabléen this equation The toice of the
input signal isarbitrary, as long as it contains all relevant frequencises i€Snonzero) and is
uncorrelated to the noiseThe error term is in fact equivalent to a transfer functibky that uses the
input signal x and delivers an outpsignal that is the noiswithin the currently observed window.

0 Q 0Q ‘Oo Q Equation2-13

One criterion for a good estimate of the original transfer function H is to have a comstative error
power across all frequencieshi goal can be expressed using

0Q
Do Q

OE E8i o Equation2-14

The squared gain of a transfer function can also be calculated using tiseoP®ie input and output
signal.

Y Q

O o Q W Equation2—15
0Q T
Y Q we et o Equation2-16
Y Q

This can then be translated to a desigalfor the chosen input signal
Y Q 00Q Y Q Equation2-17

In fact this is a quite intuitive solution, as simply statesthat the input sgnal should produce a
sufficiently large output signal in comparison to the output noise for all frequencies.

A possible signal choide to use white noise that is changéda O 2 f i iBréyéedcy properties
using a filter kbior.

Equation2-18
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With the design goal irquation2-17, this filter can be designeasing
(O] Q  x R i
00 Equation2-19

The next step for improving the estimate quality is to examine the estimation errors of the PSD. These
estimates are calculated using tdescrete Fourier transform (DFDppenheinet al., 1998pp. 541ff),

which usesa limited size analysis window, assumihgt the signal is periodic with the length of this
window. The DFT analysis equation for a window length N is given by

®Q WE W Equation2-20

whichis expressed using thbe "twiddle factor"
W 0 8 Equation2-21

The DFT is limited in frequency resolution by the window lengthihid.bandwidth of each DFT bin is
given by

"0
YQ 078 Equation2-22

The limitation to this window length is also equivalent to a muttation with a window function w(n)
in the time domain. In the absence of a user selected explicit window function, this window function
is the implicit rectangular window. The multiplication can be expressed with

w & we D E Equation2-23
This time domain multiplication is equivalent to a frequency domain convolution.

® Q &d0Qzm Q Equation2-24

The combination of convolution and frequency resolution defines the effective resolution of the
spectrum, as even with sufficient resolution small peaks or notches might be hidden by convolution. It
is therefore important to matcoFT length and window typto the actual application.

The CPSD and PSD estimates that are calculitedhis transform suffer from a window dependent
bias andestimation variance (Oppenheigt al., 1998 pp. 731ff). ThesimplestPSD estimate is the
periodogram, which is calculed using

o i p " i nz iy .
Y Q ra— Qun Q -
5 \?) Equation2-25

o g p ”n 7 nzZ .
Y Q 1’37\?0 Qw Q Equation2-26

In addition to convolution, the used windovedsocausea gain bias in CPSD aR8D estimates-or
single CPSD/PSD estimates thésn bias is handled adjusting the scaling factordich can be
calculated using

35



0 ¢ Equation2-27

The esimation variancdsin many cases as big as tguaredspectrum itself.
OQIY & e"Y ¢ Equation2-28

This variancean be reduced by averaging multiple CRS8EPSD estimates, by usiBartlett's method
(which uses nowverlapping data segments) and Welch's method (using overlapping data segments).

% o) UE YoQ Equation2-29

Both Bartlett's and Welch's metlis trade variance against spectral resolution, as data length is fixed

and so defines the possibilities for overlap, humber of averages and frequency resolulir (=
window length N). Furthermore, the amount of overlap cannot be chosen arbitrarily, as th
improvementin variance is a nemonotonic function (Barbet al., 2010).

The complete estimation of frequency response can then be done using these averaged CPSD/PSD
estimates.n this casethe scaling factor U is identical for both estimates and efnout.

‘00 Y Q _
Y 0 Equation2-30
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2.1.3. ParametricApproach tolransfer Function Estimation

The power spectral density approaphesented abovaises non-parametric PSD estimaits, as they
do not use any model assumptions other than the used DFT transform lengtdifferent approach

to transfer function estimation appligzarametric PSD estimato(s.g., see Stoica et al., 200#hich
assume that the giveoutput data yis the output of a linear system with white noise inpthe
estimatorthen triesto find the parameters of this linear system to matitte properties of theoutput
data. The advantage of this method is that prior knowledge about the identified system caseloe u
to improve the quality of theestimation as distortion that does not fit to the model is automatically
attenuated. The disadvantage ¢f coursethat the choice of the model is crucial for the quality of the
result.

2.1.3.1. Wiener Filter

A similar approachio parametric PSD estimatois the Wiener filte(Haykin, 200® that can be used
to estimate the parameters of a linear system given its output and input signals

The discrete Wiener filter is calculated using the Widdepf equations that are based ahe auto-
correlation of the input signakxand the crossorrelation of output and inputxv These segnces
are assembled to matricd® and pwith dimensions defined by the order N of the linear system

& & E & & 08 T Equation2-31
i 0 1 0 p E i T Q Uy 0w
YQ 0 Equation2-32

The linear system can then be calculated in a le@sdin square error sense by solving for h.
QY N Equation2-33

In fact this solution is not too far off from the power spectral density methoeguation2-30, as it
followsa similar approach in the time domaifhe Wiener Hopf method uses an implicit rectangular
window that is defined by the system order Rurthermore,the PSD method uses erraxveraging
rather than the mean square error principle, therefore error statisticswaity.

The Wiener Hopf method works quite wedk long as the linear system does not have angueacy
bands with low gain that includeslevant system features. Theglrlem in this casés that also the
noise and resulting model errein these bands are small comparison to the noise in bands with
higher gain This means that optimization tends to "fix" theisein frequency bands with high gain,
while those with lev gain are ignoredThis behaviois problematic for a system like the seatatil,
whichhas characteristifeaturesin a frequency band with very logutput gain(see frequencies below
1 Hz infigure 2¢51).
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2.1.3.2. Frequency Response Matching

An alternative approach fahis case is to use the output of PSD based deconvolutione@eation
2-30) and to optimize &electedinstrument model to producea similar gain and phasesponse The
advantage of this approach is a free choice in maoge (also IIR models can be usedsily and the
possibility to weigh different frequency bands with different importance weights.

An initial guess is eimplymatch the complex gaiH (seesquation2-30) by variation of thanstrument
model parameter® (e.qg., filter cutoff frequenciesusing a mean square difference as error criterion.

nNg AOCIi EKO Wy O Qs Equation2-34
8

Unfortunately,this approactstill shares the problem of the Wiener Hopf metha it is also sensitive

to measurement noiseAl frequency bands with high noised distortionlevel will have highempact

in the errorcriterion. Furthermore,the error criterion minimizes the absolute erraather than the
relative one asa gain error of 100% at a gain of 0.1 and a gain error of 10% at a gain of 1 are equally
important. This situation can be improved by adding frequedependent weights for the error:

Nsg AOCIi EKO ) ¢ 0 Qs Q Equation2-35
8

These weights are then designed using a traffebetween the frequency dependent noise and a
desired relative gain error.
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2.2. Setupfor the System Ideniifation

The presented methods for system identification in cha@drare based on comparison of input and
output sigrals and require aknown time relation between these signald-igure 2¢4 shows the
application of this principle on thEIELDS tesetup.

Solenoid Goil in h(t)
Time stamped
Output samples
(magnetic field)
n), Ty(n
Qurrent Generator RELDSCDPU + yo. o
magnetometers
A A
Time stamped
Input samples
(current)
x(n), T(n) PPS PPS

Figure2¢4 Simplified Block Diagram of System Identification with Current Generator

The input signais a current I(t) which generates a magnetic field B(t) within the solenoid coil. This
current is measured and time stamped within the current gener&t@n), T(n)). The magnetic field is
measured by the fluxgate and searchil magnetoneters and is provided as time stamped data (y(n),
Ty(n)) by the FIELDS CDPU. All time stamps are referenced to the PPSesigerizhpted.1.3.2.

Therelation between input and output signals can therefore only be established if the magnetic field
is also referenced to the PPS sigfale task of this thesis was therefore to design a current generator
which is able to drive a PPS referenced current through a swlecoil, thus generating a PPS
referenced magnetic field signalhe design oftis current generator is described in more detail in
chapter2.2.2

The solenoid @il system was placed in al&er prmetal shieldingcan which is suitable to shield both
the Earth's magnetic field angurroundingdisturbancege.g, anymagnetic stray fields from eurrent
consuming device)This gmetal can is constructed of a metalth high permeability which acts as a
path with low magnetic resistancélhe magnetic field follows this path of least resistance along the
circumference of the can and thiafluence of the externamagnetic field within the can ithus
significantlyreduced.

Since boththe current generator and coflystemare located between input x(n) and the output y(n)

of figure2¢4, any influence of coil and gengoa on the frequency responsaongthis pathwould also
change the identified system response h. It is therefore important to design this measurement setup
with minimalor at least knowrinfluence on the signals.

2.2.1. Overview

The initial concept for frequencyesponsemeasurements using the current generafseefigure 2¢4)

was embedded in the setup required for th@ELDS integration and test (FIT) campdtgure2¢5
shows an overview of the test setwsedfor the campaign.This setup was not onlysedto conduct

the frequency response measurements, lalso to supportthe delivery tests of the actual flight
versions of the FIELDS sabktruments, thér integration into the FIELDS central electronics box as well
astheir functional verification testing in fully integrated configuration.

In this setup, the FIELDS instrent suite is in flight configuration and the test is therefore fully
representative for the actual situation on the satellite. Unfortunatelys thight configuration did not
include any checkout connector§he access to the internal clocks and timeerefice signal was
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therefore limited to the PPS signalhichwasgenerated by a high precision frequency generator and
provided to FIELDS via a central instrument data processor (CIDP) simulatdmengeparate host
PCs were used for contrals well ason-realtime data provisionand retrieval for current generator
and CIDP

The setup presented figure 2¢5was modified during the process to simplify the required calculations
(see chapteR.3.2.

Host PC PPS Host PC
. .
T Data& Data& u-Metal Can with
Commands Commands ¢ Current Coil System
Sgnal

» Qurrent Generator

v v Q/

DP «— SOM Preamp >@

i % " )'\ ) V

aop FEDS [ ARG [ ‘AFG
Smulator CB | Hectronics s

_ Data R ~—
‘Commands DFG Wy

Bectronics ‘ '@

Figure2¢5 Initial Design ofFITCampaignSetup

2.2.2. Current Generator

The MMS current generatofsee figure 2¢6) used in the FIT campaiga a mixedsignal system
(digital/analog)that provides & analogcurrent, which is generated using a digital control signal that
issynchronized tahe FIELD8me standard(PPS, se&.1.3.2. This current is converted to a magnetic
field signal using the solenoid coil system.

L\WF Current Generator

( G

] CONTROL

S/N: IWF CG 10/10-01

Figure2¢6 Front View of MMS Current Generator

Generation of this current requires sevetrardware blocks ithe digital and analog domasn This
chapterexploresthe most relevant blocks and their functionality.
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Qurrent Generator
Digital Voltage
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GPS » Processingin
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Figure2¢7 Block Diagranof Current Generator

Figure2¢7 shows the basic blocks of the current generator. Test data and control signals are provided
viathe data and user interface3.he input data is provided agaveform files thatsimplycontain a

series of sampleg\ field programmable gate array (FPGA) contains a Leon 3 CPU with modules for the
interfaces and synchronization (PPS and GPS). Digital test data is converted to a voltage using a digital
to analog onverter (DAC). This voltage is in turn converted to a current. To overcomiealities

along thesignalpath, both generatedvoltage output and currentoutput are measured taetrieve
information about the real quantities rather than tlexpectedones.This measurement is provided at

a monitor output and is also sampled using an internal analog to digital converter (AD&)suUre
temperature changedo not influence the measurement, also temperatiseneasured and sampled.

Alow noise flooris achieed by using low noise power supply with galvanic isolation which allows
establishinga grounding concept that avadhoisebeing inducedy grounding loops.

2.2.2.1. Design Targets

The design target of the current generator is to generate a current withisdhenoid coil. This current
should have a known timing relation to the PPS sigmal the subsequent FIELDS time stamps
Knowledge about the exact amplitude of the current is not necessasythe frequency response
estimation only requires knowledge abadine relative changes over frequency. The connection to the
absolute calibration can be established using data points from the reference calibration campaigns
completedby the instrument teams.

The required accuracy is in principle given bydhsign goalin chapterl.3, but thesegoalsare valid
for the overall processing chain from measurement to modeling and application. The design target for
the current generabr wastherefore to useonly a part of the possible "error budgét

With this in mindthe current generator was designed with tepecifications outlined itable 2-1.

Merged data product goals

Currentgeneratorgoals

Amplitude accuracy

DC gin error<10*
AC g error <%

X M c digital iésolution
~90 dBsignalto-noiseratio

Time/Phase accuracy

Time stamping error200 ps,
with a goal of 1 us

1us

Bandwidth

512 Hz

%1,024 Hz

Table2-1 Top Level Requirements and Current Generator Design Goals
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The digital to analog converter (DAC) is used to drive the current source, which dritigsa current
through a large coil. The achievable noise floostich a systeris not only a matter of part selection,
but also of system size. The larger a system is, the larger the possibpittking up other signals.
The large coil used for producing the magnet&df in this casealso actsas pickup antenna for
external noise and distortion.

Although this distortion is uncorrelated to the test signal, it will sl a limit on the measurement
guality. Signato-noise ratio is therefore limited by the instrumgs measurement range on one side
and the noise and distortion floor on the other sidgeneratingest signals with matching magnitude
across the whole spectrum is therefore more important than the low quantization noise level of DACs
with high resolutia.

2.2.2.2. Analog Frontend

Voltage Controlled Current Source

The magnetic field is generated by driving a current | throtighsolenoid coil. For a simplified
geometry, neglecting boundary effects, the magnetic field along the center of a solenoid coil with N
windings and lengthdan be expressed asfunction of the currentd:

00
a

0 Equation2-36

The geometry and permeabilityf the used coil can be combined to the coil constant Kheresulting
field is

6 Q ° Equation2-37

The coil constant wasieasuredas
- £y _
Q P C lﬁ)qrd—a Equation2-38

The magnitude of the coil current is subject to the applied voltage U and the coil impedanadith
is in turnfrequencydependent.

. Y
(@) o Equation2-39

The coil impedance is dependent on tbeil inductivity L as well asas theohmic resistance of the
copper wire anda parasitic capacity between windings. This is moddigdhe equivalent circuit in
figure 2¢8.

Leoil
— i
Reoil

Figure2¢8 Equivalent Circuit of Solenoid Coil wirasitic Influence

The impedance of this circug given irequation2-40:
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@ — — Equation2-40

6 Q OQ———— Equation2-41

Thisgenerated fields frequencydependent. Precise knowledge of the magnetic field lbamchieved
either by controlling the current (rather than the voltage) or by measuringgbeeratedcurrent.

The current generatoemploysa mixed approach that uses a voltage controlled current source and
measures the real curremgeneratedby this source. The advantage of this dual approach is that the
current is almostfrequency independentwhile ary remaining norideal behavior of the current
source is covered by theurrent measurement. Such neidealitiesinclude problems like offset and
gain drifts, frequency response of the current source itself thiedimitation in current amplitude and
slopecausedby a limited supply voltage.

The used current sourde a standard norinverting operational amplifier with ungrounded loaské

figure 2¢9, design fromTietze et al., 2002pp. 795ff). This design has low output resistance and the
resistor Ry can also be used dke resistor for the currentneasurementin addition the number of

used electronic parts is very small andedonot require restsr matching like, e.g, the Howland
current pump. The disadvantage of this current source is that the load is not referenced to ground.
Fortunately the grounding topology of the current generator fact usedloating ground potentials

and the current ca therefore be referenced to an arbitrary potentidhe usedgrounding topology is
discussed later in this chapter

Uin

ICOil

Leoi

Ru

Figure2¢9: Basic Circuit of Currefiburce

The theoretical cuent output of the selected current source is defined by:

. Y
O ~ Equation2-42

Y
The resistor Rwas implemented as switchable resistmray, whichallows multiple current ranges.
The values that were actually usatep M M 5,1 nanda34n d c. With a maximum input voltage
of +2.048 Vthis results in a generated magnetic field £5,036 nT Kigh output range) £570 nT
(mediumoutput range)and £75 nT (low output range)

Theactual current through the coll is influenced by the parasitic capacity of the coil, thedeslities
of the operationalamplifierandthe availablesupply voltagewhich limits thecurrentslope

An approximate value for thelope limitationcaused by thdimited supply voltagecan becalculated
using
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Q0 Y oY Equation2-43
Qo 0

This relation introduces the requirement to limit changes in curreshiichin turn requiresa reduction
of the amplitude with increasing frequencgnd a limit to these changeswhile static currents are
present.If the changes are not limitedhe expectedandactualcurrent will not match. Although this
mismatch is logged using the curreantasurementthis still means that higher frequencies might be
attenuated and signaio-noise ratio at these frequencies mdggrade

Theinfluence of parasitic elements can Herivedby solving the equations for the complete circuit,
which is shown ifigure 2¢10.

Uin

Figure2¢10 Equivalent Circuit dhe Nonrideal CurrenSource

Thecurrent with this influence can then be expredsss

"Y
Y p Q6 Y 1 6 0

8 Equation2-44

A further topic to examinds the possile instability of an operational amplifier in closed loop
operation This instability occuysf the feedback of a sine sigrias enough phase delay to cause
positive instead of negative feedback.

Stability analysis is done by calculating the frequency response of tdedek signal and analyzing
gain and phase valuas open loop conditionA stable system needs to have loop gains smaller than
onefor phase conditions tht result in positive feedback, when the feedback signal is in phikehe
input signal (Tietzet al., 2002 pp. 518ff). The phase of the input signal is influenced by the feedback
circuit, the operational amplifieitself and the feedback signwhich causesnother 180°shift if
negative feedback is used. Since negative feedback is typically uspdrational amplifier circuits,
these 180° are already added to the stability conditién operational amplifier isherefore stable
when thefeedback is not in amphase meaningthe phase shift is not at180°.

The distance from unity gain and180° phase shift are called gain and phase margin and give
information about the stability and transient response of the feedback loop. Typiagllyase margin

of 45° or more is desirahlas lower phase margins will result in overshooting step resporat®s
called "ringind'
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For analysisf the gain and phase changesso relevant influences by nadeal parts within the circuit
need to be taken into account. The magmntributor to this nonidealitiesis the coil with its parasitic
influences.

RolF Ol 3FrAYy i Aa GKS NBfIFGA2Yy 06SisSSy 2d
Y Y
Y 'y Y Q0 Equation2-45

p Qo Y 1 6 0

Theopen bop¥ S

The influence of the operational amplifigself is given by the open loop gain/phasegiam in the
data sheet shown ifigure2¢11.

Gain/Phase vs Frequency

120 H| 60
100 H| 80
80 PN fi 100 2
) q \ PHASE Z
= 60 ™R 120
= TRGAIN =
o 40 NN \ 140
2 ~ 2
g 20 { 160 %
> N m
0F Vg==5V Ny 180 &
Ta=25°C ™
-20 [ C_ =100pF 200
RL = 1k
_40 11 L 1 220
100 1k 10k 100k 1M 10M
Figure2¢11: Open Loop Gain and Phaseve of LTC1050
(LTC105Mata Sheet?)

The phase curve in the data shesftowsthe phase valuavith a negative siganda delayed phase is
thereforerepresented by a positive phase vallnity gain of the operational amplifier is obtained at
roughly1l MHz with a phase shift agfround-130°.Until 100kHz,the phase shift imearlyconstant at
around-90°.

An LTSpiceircuit simulationof the feedback gain and the amplifisrsults inthe overall gain/phase
curves shown infigure 2¢12. These curves are given for the operational amplifier itself, the external
feedback circuit (E§Uou) and thesum of both. The black linssowthe borders of the stability limit,
wherethe gainmustbe below ondf the phase is close to 180°.

20 TC1050ata sheet revision fb, last retrieved 2018/03/08tp://www.linear.com/product/LTC1050
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Figure2¢12 Open Loop Gain and Phase of Current Source (unstatsien)

Although the circuit is stable for high frequencies, instability is posdilnéeto the coil resonancat
100 kHz At around50 kHz,the gain iswvell above 1, whileghe phase shift is almost 180With these
conditions, the circuit will suffefrom heavy output ringing. Furthermore, any additional parasitic
capacity in cables, electronic parts or the circuit board could cause instability.

The 90° phase contribution of the operational amplifier cannotiim@roved as all frequency
compensated amlffiers have low pass characterigicand show similar phase behavior.
Uncompensated amplifiers have less phase influence ateeenancefrequency, but have a lower
gain dropoff and will thereforesimplymove the problem towardkigher frequencies.

The only possibility is therefore modify the phase response of the feedback circuit to avoid a 180°
shift at the coil resonance. A simple solution is to add another capacitor in parallel to the solenoid coil.

Uin

+ Uout

z I coi
Leoi

p— Ccoil p— Coomp

Reoil

Us
Ru

Figure2¢13 CurrentSourcewith additional Capacitor
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With this additional capacitoC.omp(10 nF)he open loop feedback gain is
, Y Y
Y vy _ Y Qu Equation2-46
p Q0o 0 Y 1 0 0 0

The resultingstabilizedgain/phase curvavith this capacitois shownin figure 2¢14. The phase margin

for high output ranges 40°, which results in somengingat high frequencies. For the low output
range a phase margin df5° is achieved, which redslinacceptableinging In both caseghisringing

is also present in the current throughRnd is therefore visibleoth in the magnetic field and in the
current measurement. The amplitude of this ringing depends on the size of changes in the control
signal. These chang&an be reduced by introducing a limitationamfiplitudefor higher frequencies.

This limitation was acceptédy since itis alsoneeded to handle the high sensitivity of the SCM (see
chapter2.2.4).
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Figure2¢14 StabilizedOpen Loop Gain and Phase vatiditional Capacitor

Both, the parasitic and the additionehpacitor will divert a part of the curregeneratedby the source
Theratio of the remaining caicurrent vs. the control voltageiltan be calculated using

0 0
Y Y p QY 6 6 10 6 6

Equation2-47

Thiscausesa frequency dependent gain error and phase shift between the cuireRy and the coil
current loi that generates the magnetic fieldhe error influencewas simulated in LTSpice and is
shown infigure 2¢15. The gain error iess than 1% acroslse complete frequency rangand zero at
DC The phase shift corsponds to an almost constant group delay & s between coil and current
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source currentBoth gain and phase error ar@imostindependentfrom the value of R for lower
frequenciesand only differ at high frequencies in the MHz range. For thesefreglnenciesalso the
non-idealities of the operational amplifiefe.g, input capacitieswould result in small differences.
Since the current generator only operates in the kHz range, thes&tions can be considered as
irrelevant.
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Figure2¢15LTSpice Simulation Gfain Phase and Group DelByror caused bgdditional Capacitor

A further small circuit was needed fothe protection of the current source, sincaccidental
disconnection of the coil, powenff of the current generator or electromagnetic induction in the coil
canresultin high voltage spikeat the coil terminalsThese spikes were suppressed by adding a set of
transient voltage suppressor (TVS) and Zener Diodes in parallel to the caittsoof the current
generator. This mukiliode approach was necessary because Zener diodes are too slow to catch the
faster spikes or onsets while TVS diodes are unsuitable to suppress higher energies due to their limited
thermal capacity. In additigrihe Zener diodes also limit the output voltage in case of failrerder

to provide protection for theother devices used in the measuremesgtup.

Current Measurement

The voltage acrosthe resistor R is buffered using an instrumentation amplifier and the resulting
signalis provided as external current measurement output and forwarded to an ADC for internal
current measurement (seigure 2¢16).
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Figure2¢16 Current Measuremenwithin the Current Generator

The measurement output of the current generator was protected using the saon#ination of
diodesused for the coil output.

Power Supplies and Grounding Concept

A precise frequency response measuremalsb requires high qualisupply voltages as well asvell-
consideredgrounding conceptBoth supplyoltageand groundinganbe a major sourceof noise and
distortion.

The amount of induced noise and distortimaused by groundings directly connected to the
grounding topology and theesultingloop area of any cable/connection mesh&de induced voltage
in a loop is proportinal to the enveloped area (semjuation1-1). It is therefore most beneficial to
implementa starlike topology that avoids loops and meshéssuch loopgannot be avoided, cables
need to be placed closely to the ground path of the involved pieces of equipseefigure 2¢17) to
reduce theloop area.

Device 1 Device 2
Central
Ground

Device 3 Device 4

™ sgarTopology ™ Mesh Topology

Figure2¢17 Star and Mesh Grounding Topologies

The grounding concept for the frequency response measurementtheesforedesigned using a star

like topologyand one central grouding pointwith low ohmic connectiorto the FIELDS central
electronics boxAll other equipment was only connected to this central grounding point using a single
ground connection. Data and signal connections were placed close to their respective ground
connections to minimize the size of induction loop$gure2¢18 shows the application of the star
grounding topology in the initial FIT block diagram already preseintédure 2¢5. The central point

in this star grounding topology is the FIELDS CEB.

The only problematic component in this diagram is the current generasit is connected to multiple
other devices. Grounding logpcan only be avoided if galvanic isolation between the different
connectionss maintained.
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Figure2¢18 Grounding Topology for FIT Measurements

This was already considered during the design phase of the current gen€liagodifferent domains

of the current generator were therefore isolated using DC/DC convertershiayiespeedmagnetic

data couples (seefigure 2¢19). With thesedomains, itwas possible to connetb the other devices
without creating additional grounding éps In addition,also conducted emsion between analog and
digital circuitry was reduced, as only a reduced number of digital components are in the same ground
domain as the analog components.
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+
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[ PPS < PPS
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Figure2¢19 Grounding Domains of Current Generator

The disadvantageof this method is the introduction of discrete frequency nogeneratedby the
DC/DC convertersvhich is caused by the switching frequency at 300. KHiis was mitigated by
selecting low noise DC/DBnverters and adding buffering capacitors as well as voltage regulators for
the analog supply voltagesvhich attenuate the effects in the measurement bandwidth below the
regular measurement noise.

2.2.2.3. Time Synchronization

The synchronization afamples taken by the current generator and the FIEbBBument suiteis
essential for determining the frequency response and delay. The available time references during
ground testingverethe GPS time and the PPS signal.

Although the GPS time could jminciple deliver a time signal with very high precision, its practical
usability for this project was limited by the artificial limitation in time precision that is implemented in
all commercial grade GPS receivers. High time precision can only be achjeusing military GPS
receivers, but their price range was definitely above the financial limits of this prjelthey arealso
subject to export regulatiog) leading to significant complication.

In addition a pure GPS time based approdohrease the complexity of comparing data, as data is
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not only sampled at different rates, but also timteamped on different time basg$IELDS PPS and
GPSbased timg. Interpolation of the data to one common equidistant time grid would therefore
require buildingan interpolation filter that compensates both the differences and drift of all involved
sampling rates and time base

The design osuch afilter is dependent on the ratio and time shift between the different clackd
time rates. This ratio cannot beansidered as fixed, butlowly driftsdue to temperature changes.
Although this drift is negligible for short measurement timemiitstbe taken into account for a longer
measurement campaign. If the drift is ignored, even a low drift may sum up to er larpr. For a
sampling frequency d£=2,048 Hz, a low clock drifec xof 1 ppm and a measurement duratiomgsof

5 minutes, the relative shift between sampling instants could be

Yo Q3Y O T @ mirpn TP HTda N & Qi Equation2-48

Clock rate changes in this order of magnitude could be easily caused by teonperariations of a

few degreeCentigrade It would therefore benecessaryto re-estimate therequired interpoétion
ratiosfor every measurement and to create a new interpolation filter for every data set duringlihe
campaignAlthough this approach would be possible, it is definitely not desirable and was therefore
dismissed.

Sampling Clock

A more convenient approach is to synchronize the sampling of the current generatioe ElELDS
time stampingusing the PPSignal(see1.1.3.2 and to use GPS tienonly asa coarse reatime
reference During groundesting, the PPSignalis generated by a high precision signal generator and
is availableat both the FIELDBistruments andhe currentgenerator with negligible time difference.
The sampling frequenaused for signal generation and measuremeotghe current generatocan
therefore be derived from tle PPSsignalusing an aitligital phase locked loop (ADRLWith this
sampling frequencythe sampling of the current generator is synchronous to tmeetibase of the
CDPU, but not to the sampling of the instruments.

In general, pase locked loops are useddgeneratea secondary clock with fixed phase relation to the
primary clock using a regulation circuit. The phase of the two clocks is measured and then used as input
for the regulator that accelerates atecelerates the secondary clock to match the primary clogk, e

to generatea clock signal with double frequencihis principle is used in the analog domain (e.g.
Tietze et al., 2002pp. 1155f) and has also been used in the digital domain with various approaches
(Al-Arajiet al., 2006

Thecurrent generatorADPLLusesan internal 2° Hz master clock-fx(roughly 32 MHz) which is used
both for operation and for uniformly sampling tiPS signaClock interpolation is done using a digital
counter that is accelerated or decelerated dependent on changes in thelsd PPSignal.

This method can be classifiedasniformly sampled version of a ledag (also called binary quantized)
ADPLL, but includes a few modified elements that make it fit for a high interpolation rate.

Figure2¢20 shows the ADPLL realization used in the current generator. It uses two counters, one for
the measurement of the clock frequency (counter 1) and the other for generating the interpolated
clock (counter 2).
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Figure2¢20: Block Diagram of ADPLL

The initial sampling of the 1 Hz P&&nalwith fcikadds an uncertainty of up to oneckcycle, as the
edge ofa PPS pulsaight arrive just after sampling.

The master cloc#rivestwo counters. The first counter is used to measure the number of master clock
cycles between tw&PJulses. Ideally, foa synchronoudPPSand £ «configuration the result would
be 25, Anydeviation from this numbegivesinformation about the diference between the two clocks.

The second counter is used asinterpolated phase counter that generates the necessary sampling
clocksfor the ADCs and DA®g using one of the counter bits @s clock source. The counting rhythm
of this counter is modied according tahe deviation result of the first counteand is also changeualy

the arrival of aPPSulse.

The deviation result of the first counter is averaged o¥&PP<ycles. This averaged value is then
rounded down and used to modify the second counter by extending or skipping counting cycles. This
is based on the assumption thtte clock rate deviation was estimated correctly and predicting that
clock rates wilchange very slowly or not at aNVe can e.g, assume that thdirst counter delivers a

value of 2°+2. For this deviation of 43/clespne counting cycle is extended & and 3-23(seefigure

2¢21 upper part). This way the deviation betwethe ideally interpolated PPSgnaland the counter

value is reduced ta half master clock period

I I
< 1 PPScycl P
| |
extend extend
h 4 h 4
0 1 2% 2541 322 32%41 251

0 1 X = >K 2242 2243 322 >K3-223+2 32843 %1
skip skip
—f [ [

Figure2¢21: Interpolateddock Counter forExtending(upper parj
and Zipping 2Gycles (lower part)

The presented mechanisquantizeshe PPS cychith a precision of 1fkcycle, using a rounrdown
mechanism. Any deviation belothis precision wilresult inan uncorrected error that is integrated

over time and wilkeventuallycause an additional cycle. With a clock rateenfy.,22°+0.5 this would
produce an alternating series of counter values switching betwéearl Z°+1. Tis could be used

for increasing clock sampling resolution, but this information cannot be used within the ADPLL, as no
half clock cycles can be modifiddeverthelessaveraging can be used to reduce the effect of clock
jitter. The averaged result,i$n turn, simplyrounded down so that the counter value typicalags
behind the real clock rate.
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To catch up with the remaining clock deviation and to track slow drifts, synchronization also needs to
be done on the fly. For thisurpose,the second countersipaused ithe PP$ulsedoes not arrive at

the expected time or accelerated (reset}hit PPS pulsarrives ahead of time (sdegure 2¢22). This
instantsynchronization mechanismof course causes larger error, as the distance between the DAC
clock andhe PPS pulsis integrated ovethe course obne second and only corrected at the end. To
minimize the need for this final instant synchronizationckimg and averaging of the first counter is
continuedin parallel

JL JL

< 1 PPScyc

\ 4

pause

0 1 252 251 0

0 1 X 5.4 253 252 X 0

e I

Figure2¢22: Current Generatonktant Clock $nchronization
for Late (uppermart) andEarly PPSArrival (lowerpart)

With thesemechanismsit is possible tareatea counter that delivers an interpolated versiontbé
PPSsignal The generatedclock has a fixed deviation fromme PPS signahat is defined by the
processing delay of the ADPLL, whickuigject tolimitations in digital design resources (e mumber
of available clock networksn the actuaimplementation,this delay was 4cfxcycles or 120 ns.

In additionto this delaythere are clock deviationsften referredto asjitter. The sampling dhe PPS
cycleresults inan uncertainty obnefcikcycle. The extension/skip mechanisoan causeanotherhalf
fckeycle. In additionthe mapping of a clock deviation to an extension/skip pattern can create a small
jitter, as inserting/skipping is only psible at discrete clock cycles. The possible error of this mapping
is the total number of deviation cycles divided 13, &vhich ishe amount ofPPSleviationnormalized

to onefckcycle.The overalivorst-casejitter is thereforebetween 1.5 and 2c.kcycles.

However, all of these jitter considerations are only valid for psestdtic clock relations. As soon as
clock rate changes are too large, clock synchronization mainly happens based on instant
synchronization, which causes much larger jitt€ortunately, these kindg of fast clock changes are
only possible during initial equipment warap phases and can be mitigated tmerely switching on
equipmentat a set time before testing

The generatedsynchronizationitter is not the same ashe usualrandomly varyingjitter, which is
typically a normal distribution around the ideal sampling time, causeagl by thermal noise within a
guartz clock.Synchronization jitter in accumulating time shifthat persists for a longer time and
parts of the signahre shifted by the currently accumulated valdiéhe resultingamplitude error is
definedby the maximum change of amplitude within the jitter time, but due to the longer persistence
of the error, the resultingerror energycan be larger than pulsegenerated by conventional jitter.

Thiskind ofjitter is pseudeperiodic, as a fixed ratio between master clock and PPS would result in a
periodic signal. In realityhis ratio is slowly driftinge.g, due to temperature variatiopand periodicity
mightnot appear at all or last onlpr a few periods.

The error caused by synchronization jitteould therefore not beconsidered as noise, bus a
synchronizatiordistortion signal.
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The impact of thisynchronizatiordistortion can be analyzed by calctifeg the possible amplitude
error. This maximum error igeneratedwith a sine with maximum signal frequency (342) and an
amplitude of 0.5 full scal@S) It appears around the zero crossiaf this signal. With a jitter time
of

0 PR X Equation2-49
the amplitude error is

Coa 0
0O ™ O ETl — o @p oY Equation2-50

Relative to thdull-scalevalueFSthis error can be expressedtime form of an effectivadistortionfree
bit-resolution of

[ p & @ QO Equation2-51

This distortion fredit-resolution was calculated for the worstisesanario. Inthe FlTapplication, the
amplitude of the signals was reduced for higher frequencies (see chdghfedand2.3.3 andsothe
distortion fromthe jitter andthe synchronizatiorwas well below the 1®it resolution.

In general,synchronizatiordistortion could bereduced by using a higher base clogl but this is in

turn limited by thetype of FPGA type anithe complexity of thd=PGA moduldesign High clock speeds

and multiple clock domains result in design restrictions that allow less flexibility for module placement
and result in lower possible lization of FPGA resources.

In addition to the effect of the jitter on conversion time, also conversion mechanisthe ADCs and
DACaeed to be able to cope wittheseclock variations that are much bigger than the usual jitter
guartz oscillators (sechapter2.2.2.9.

Time Synchronization
In addition to clock synchronization, the current generadtso providesn internal reatime 24-hour
clock for time stamping of samples as weltlzsoccurrence of synchronization signals.

Thisreaktime clock can also be synchronized to external clock sources using the same mechanism as
used for conversion clock synchronization. It is possible t@kele ofthree different synchronization
sources: GPS time, PPS time and internal tifnexternal synchronization is us€@PS or PPShe
expected time at the next sync impulse is calculated and set at the arrival of the sync pulse.

GPS

—>

PPS nc

_PPS | TmeSource | HNC f o ang) | qimes
Selection

Int. Ak

P — A

Time at Next Sync

Figure2¢23 RealTime Clock Synchronization of Current Generator

The internal reatime source uses the internal clock frequency and receives initial time synchronization
via Ethernet by a suppoRCor by GPS
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GPS timés acquired usingn 1T321 integrated modulewhich is delivering both a time message and

a one second time tick. The time tick is delivered at the full second with a precisiousfrefative to

the GPS time standaydvhile the tme message arrives within 108s after the tick and gives the full
GPSime at thistick. As this message is given in human readable format, a conversiocotaraon
binary format (e.g.Unix time or TT2000) would require knowledge about leap seconds or years. As
this would increase complexity in the software and would also require regular updates for leap
seconds, it was decided to reduce the clock range thd#s and use additional t&information
added by the support PC. This additional date informatiomigadded during data saving. pminciple,

also a network time server could be used for synchronization, butwhis not implemented irthe
software. If the absolute time is nprovided via GPS, initial time synchronization can also be provided
by the support PC.

2.2.2.4. Analog to Digital and Digital to Anat@mmversion

Thedesired current signal is provided agligital waveform via thénost PC.This waveform is then
converted to an aalog voltage that is fed into the current source. Hemeratedcurrent ismeasured
and converted to a voltagevhichisthen converted back to digital values that are in turn provided to
the hostPC.

The process of conversion from digital to analog danaaid backis influenced by clock jitter. The
effect of this jitter on timing and amplitude is dependent on the converter architectictaally used
and isdiscussed in the following paragraphs.

Digital to Analog Conversion
The main criteria for selectirthe digital to analog converfiAQ were a matchingignalto-noiseratio
(see2.2.]) and the ability to cope with the large jitter of the synchronized clock 2s22.3.

The DAC that was chosen for this purpose is the 16 bit DAC8831ICD fronn$axasentg?, which
is based on an-BR network. This architectudoes notusesub-clocks and is thereforenperviousto
clock jitter. Inaddition, this DAC achieves better than 15 bit accuracy for all common DAC quality
measures as well as low drifts over large temperature ranges. Although an accurachipfrby
appear low irthis day and agea more detailed examination reveals that most modern 24 bit DACs are
only better in some aspects and cannot achieve better quality across the full parameter range.

The low temperature drift of 0.1 ppm/°C allowembiningtwo DACs to a cgade, using a secondary

DAC with lower range as compensation (or even range extension) for the primary one. This requires a
high precision ADC for calibrating the DACs. Although this possibility was foreseen in theimigalgn,

tests showed that the atkd precision was not necessary for frequency respeonsasurementsand

it was therefore deactivated.

211T321 data sheetevision 1.2, retrieved 2009, no longer available in 2018 due to acquisition of fastradoy, u
SIRF NMEA Reference manual for IT321, revision 2.2, last retrieved 2018/03/08,
https://www.element14.com/community/docs/DOQ3410/I/sirf-nmeareferencemanual

22DAC8831 dta sheet revision SLAS449D, last retrieved 2018/0318://www.ti.com/product/DAC8831
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Figure2¢24: DAQCascadefor ImprovedResolution

DAC timing is mainly defideby the settling time which is specified with 1 ps for a full scale jump. As
this settling time is mainly used for loading parasitic capacities, the settling time for lower jamps (
lower frequencies) is within the few 100 ns range and therefore sufidier the desired timing
accuracy.

5V/div f— l oAic |

1v/div

Time (0.2us/div)
Figure2¢25: SettlingTime of DAC8831 uput
(DAC883Data Sheet, Revision SLAS449D)

The DAC is using a zero order hold output stage which keeps the outputceaisiantuntil the next
value is set. This stageitigperviousto jitter and the generated synchronization distortion is therefore
equal to the one given iaquation2-51.

Analog to Digital Conversion

Most current high precisioanalog to digital convertersADC¥with sampling frequencies in the kHz
range aresigmadelta ADCs. Typically used resolutions are 24 bit, although the overall measurement
precisionincluding temperature driftis usually more in the 146 bit range. Higher precision ADCs are
possible (see calibration ADC in this chapter), but are limited in sampling frequency.

Using tle sigmadelta conversion principle with the current generatosgnchronized clock requires
special consideration, since this type of ADC uses switched capacitor input. Sthgee stageare
built on charge balancing and are therefore more sensitive to jitter. Sincenjplementation of these
stagedsdifferent foreachADC type, the effect of jittanustbe assessed for the actuatiglectedADC

The selected ADC was the ADS#2Mdilt by Texas Instruments with an overall quality of roughly 16
bit, excludingthe expected temperature drift. The current generator optss this ADC at a
synchronized clock frequency of 2 MitHat results in asampling rate of$&=4,096Hz.

28 ADS1271 data sheet, revision SBAS306F, last retrieved 2018/68M8www.ti.com/product/ADS1271
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The switched capacitor at the input of this ADC is charged and discharged for an integration time that
depends on tis sampling frequencyrom datasheet).

C
QL pg

Equation2-52

The jitter caused byhe ADPLIcauses not only aynchronizationdistortion signalin the AD(see
2.2.2.3, but also a variatiom the integrationtime. In a firstapproximationthe charging process of a
switched capacitor can be considered as linear, dedfs not approaclexponential saturdon. With

this linearization the charging process can be replaced by voltage averaging over the charging time.

P A
Y ~ 000Qo Equation2-53

Theworst-caseerror is in this casgeneratedby a constant signal at +0.5 full scale (FS). In this case
the errorin the integrated voltagés:
, 0 0
@) ™— Td :
0 co

PR OY Equation2-54

This error is then reduced ldownsamplinghe oversampled data by a factor of 128
0O PR OY Equation2-55

Relative to full scalehis errorcaused by the ADPLL gittcan be expressed as a reductioreffiective
resolution to

.. 0 -
! % p & wQo Equation2-56

This errowill generateshort spikesn the sampled signandis added to the regulasynchronization
distortion from synchronizationThese spikes have an impulse length of one 4,096 Hz sample and are
therefore outside of the bandwidth of interesflso herethe calculation was done for the worst case

of a synchronization happening during the charging cycle wlnéleignal has full scale value.

For calibrationpurposes,an additional LTC2430ADCwas used. This low speed and high precision
ADCrunsasynchromusly and can therefore only be used for DC calibration of both ADC and DAC. It
achieves an analog precision of more tharbitn all parameters, including integral nonlinearity and
temperature drifts.

2.2.2.5. Temperature Measurement

The case temperature of the current generator ismonitored during operationusing a PT100
temperature dependent resistor in a Wheatstone bridged an LTC2410 ADChis was done to
identify phases with high temperature drifts, which would result in changes of the quartz clock
frequencies in the ppm rangeDuringthe measurement campaigrit turned out that only initial
warmup drifts are relevant and the changes during operation phases are not large enoogus®
relevant clock drifts. It was therefore decided to switch on the auirgenerator at least 30 minutes
before measurements to ensueestable operating temperature of around 35°C at a room temperature
of 20°C.

24.TC2410 data sheet, last retrieved 2018/03/0@p://www.linear.com/product/LTC2410
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2.2.2.6. Digital Part

The digital functionality of the current generator was implemented using aXGE8L500 field
programmale gate array (FPGAgvelopment board from Pender Electronics/Gai8lefhis board is
designed to supporthe development of modulamprocessorswithin FPGAs. It features a Xilinx
XC3%00 FPGA and peripheral components that support the development okddea systems.
Analog functionality was added using a piggyback board placed axtemal connectors (I/0O) of the
FPGA board.

VGA Dual UB RUS P2 Keyboard Serial |
& Mouse Interfaces
VideoDAC| | usspHy | | Eernet RE232
PHY N
I I I Drivers
SDRAM mi Q
— ill
ARASH Spartan-3 Oscillators
XC3S1500 FPGA
Memory | | User /O
Bxpansion
Voltage [ [ [
Regulati )
guiation ‘ Switches ‘ Reset ‘ B ‘ UserLEDs‘
Buttons
— Power JAG

Figure2¢26: Block Diagranof GRXC38L500Development Board

The current generator FPGA design is based on a softcore library by Gaisler ResEaistibrary
provides the Leon3 Sparc \@Bocessoras well as predefined modules for all the peripherals and
memories of the development board. Additial userdefined modules can either be directly
connected to these modules or attached to the -cnip bus (Advanced Microcontroller Bus
ArchitectureAMBA. The AMBA bus providéwo interfaces for additional components, the AMBA
host (AHB) and peripherbus (APB). The host bus is typically used for applications with high data rate,
as it provides busaster direct memory acced®MA) The userdefined modules of thecurrent
generator were attached to the AP&s data rate is limited and communication olvead was reduced
using buffering within the modules.

25 Gaisler/Pender GRC38.500 development board, last retried 2018/03/08 http://www.pender.ch/products _xc3s.shtml
261 eon3 Processor and GRLIB IP lidsgiraisler Research (currently Cobham Gajslersion 1.0.243848, this obsolete version was
removedfrom http://www.gaisler.com/index.php/downloads/leongrlib
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An overview of the functional blocks and relevant connections is givéigure 2¢27. Although this
diagramshowsmany blocks, only the ones marked in red were implemented during this work and are
explained briefly in the following paragraphs. All other modules can be found in the GRLIB IP reference
guide.
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Figure2¢27 Functional Blocks within the FPGA

General FPGA Considerations

FPGAs use special clock networks ("trees") for distributing clocks within the chip. These networks are
optimized for low latency, but theirumber is limited.The design of the current generatoequired
manydifferent clock signaléike the GPS time tick, the PPS signal and the various sampling clocks of
ADCs and DACdt was therefore necessary to switch from asynchronous clock networks to
synchrorized clocks using logstate signals, thus using a lower number of clock trees.

All incoming clock signadse sampled using the master clock and converted to synchronousdtaie
clocks Alllogic circuits that use additional clock signals €dines infigure 2¢27) areoperated using

the master clock, butolgic state updateare only permitted after a 0/1 transition of the respective
synchronoudogicstate clocks.

Using this method logic state changesre still dependent on the relevant clock, but happen
synchronouby to the master clock. This allowke useof multiple independent clocks without using

up all the clock treesThisintroduces a known delagnd a jitter, as both clock sampling as well as
detection of the 0/1 trasition requires some time. Thielay is roughly 3@s perFPGAlock cyclend

the jitter is up to 30 nsAs the initial time precision target is in the jasge, both jitter and delaglelay

are consideredacceptable

Sampling and Retime Clock

The functionality presented in chapt®r2.2.3is implemented within thesenodules. Iraddition,these

modules provide time tags for the PPS signal as well as the clock offset and drift values per PPS cycle.
These values are then used for averaging and slowly adapting the added/subtracted cycles to clock
drifts using softwareFurthermore,these values aréorwarded to thehostPC for storing.

This module also includes a trigger module that is used to control the start of the actual sampling
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operation. Sampling is started at the next PPS pulse after the trigger was armedviegreadt using
a hardware button.

ADC and DAC interfaces

These interfaces take care of the various types of serial communication used by the ADCssaihal DAC
addition, the sampling clock is reduced to the clocks needed for (over)sampling and communication.
This interface providemeasurement data at a rate of about 544 kbypes second.

Data Handling, Assembly and Reaé Data Buffering

This modulgorovidesdata to the DACs and takes care of assembly and time stamping of ADC and DAC
data samplesAlthough DAC output and ADC measurements hapgiemultaneously this data is not
available at the same time due to processing times. Taexhandlingmodule uses intermediate
buffering to collectthe associatedAC and ADC samples as well as their time stampsdadata
packet.The assembled sample packet is then buffeagdinand delivered to therocessolin groups

of 8 to 16 packets usirnigterrupt-basedcommunication.

SDCard and User Interface

In combination with the serial ASGlisplay,these modules provide the basis for staalhne
operation. The user interfaceecordsthe signals of the control wheel and passes them ornh®
software. The SD card interface is operated using the roylaéig serial peripheral (SPI)
communication modend provides a hardware basis for storing and retrieving data.

Although these interfaces are present in hardware, they were not used in the software version
employed for MMS tests, as VGAcreen keyboard and network interfaces provided sufficient
functionality to control the current generatoFigure2¢28 shows a screenshot taken during one of the
MMS tests.

GPS: * Offset 76 d 0 stable Ready
PPS: * Offset 314 d -2 stable e Ready
ADC: Synced
Trigger: None
System state CMD
Inbuffer 02097152
Data 00000128
Read 00000000 Loop mode

Local IP: 10,9,11.39 Port 99 Connection 193,170,90,138:62226
Host connected: [X] MSS: 0446

Buffer contents 00000012 of 33554432 Rexmit/sec 00000020

00005221

(Re)Initializing
Ready for Commands
RX Cmd ID 132 0
RX Cmd ID 132 0
RX Cmd ID 136 0
(Re)Initializing
Ready for Commands

Figure2¢28 VGA Output of MMS Current Generator
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2.2.2.7. Software

Thehigherlevelfunctions of the current generator are controlled using software running on the 8eon
processor This software was written in &d uses simple state machines. An operating system was
not considered due to the simplicity of the software and the fact that -teaé operation with
operating system usually requires higher effditie mairfunctionality blocks are shown in a simplified
block diagram irfigure 2¢29. This block diagram only shows the main data path from current input
and output samps, as an exact representation of all data paths would result in a quite confusing block
diagram.

@ Software Ve

32+2M
[ ] Herdware Byte

Data
Handling

A
— \ 4
Host PC Bhernet Network Data_ Buffering,
| Software Interface Communication Delivery and Data
—_— Retrieval Assembly
Buffering
Gommand Handling User Interface e and_ Sl
Handling

Figure2¢29 Current Generator Software Modules

Time and Clock Handling

The averagingf clock and time deviation lgandled in softwargasit only happens every second and
is therefae not time critical. Furthermore, handling this in hardware would vskiableresources
(e.g.,the number of adders within an FPGA is limitéd)addition, the control loop of the ADPLL can
be adapted in software which requiresnsiderablyess effort than adapting FPGA firmware.

The software routineslsotake careof the initial synchronization and providewarningmessagef
the clock drift increaseduring operationFurthermore the time at the next sync pulse is calculated
dependent on the selected time source (PPS or GPS tiftleg. internal time source is used, no time
update is providedinformation about the clock rate variation is provided in housekeeping data.

Data bufferingdelivery and retrieval

Theseroutinesmanage theretrievaland delivery of samples from and to the hardware buffers. This
data is composed of current measurement samples, the corresponding output waveform samples as
well as measurements of the temperature. The handling of these samplsthe done with reailtime
priority to avoid overflow or empty buffers. It is therefore done using interdo@éed communication

that triggers the software routines before such problems can occur. Buffer handling on the network
side is done using a normal rounobin scheme.

The allocated memory buffer size for measurement data is 32 Mbytes which is enough for about
oneminute of data. The buffer for waveform data uses 2 Mbytes of memory which is equivalent to
abouttwo minutes of output data. The output data beffcan be operated in loop configuratido
repeatthe output waveform.The fill status of the buffer is provided housekeeping dataa network

and user interface

Command Handlinglodule

Command handling interprets the commands received via user atwlone interface, triggers the
required reactions and provides feedback about the executed commaoddsth interfaces. Basic
commands argee.g, starting/stopping of signal generation, resynchronization and buffer clearing.
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User Interface

Theuserinterfacesoftware controls the text mode VGA display and a keyboard interflafmemation
aboutthe current operation statussuch asuffer fill status, network status or clock symonization
is provided on the VGA display.

Network Communication

During normaloperation,the current generator isontrolledusinga hostPC. Data communication to

this PC is handled using a TCP/IP connection. The current generator acsrasr that provides a

data stream to the connecting client R@d accepts commarsdas well as input waveforms. Input
waveforms can only be uploadediimoperationalmode beforethe start of ameasurement. During
measurementall data as well as status information is provided to the support PC in bufferetimeal
communication. Thismeans that measured data is provided to the support PC as fast as possible, but
data is buffered if communication is too slow.

TCP stack handling was done usingdhen source micréP stack (uR?) which is optimized for small
processors and memory foatipts. Although this choice was not optimal for speed reasons (see
below), the achievable data rate was high enough to support longer measurement times with
intermediate buffering of unsent data.

The TCP protocol handled by the uiP stack uses bidirectgmmainunication to acknowledge the
arrival of each packet at its destination. The ulP stack only permitsimemeswered packe'in-flight"
packet)and thereforewaitsfor an acknowledge message before sending another packet.

This behaviotimits the data rate, as packet sending is limited by the network lateradgq called
"ping"). This latency consists of the actual latency causelduevel network communication and

the processing time that is needed by each of the systems to hamdlenswethe inwlved packets.
Forlow-end architectures guch aghe current generator) this latency is typically in the order of 10
30ms. This results in a packet rate of less than 100 packets per second. Together with the maximum
segment size (MSS) of 1500 bytes petwork packet,this results in a maximum data rate of roughly
150Kbytegsecond.

In addition to this primary limitation, there are further issuessulting from another speed
optimization present in most TCP stacks which is the TCP dekgleowledgementechnique
(RFC1122%). The TCP delayed acknowledgement technimies to reduce the protocol overhead of
acknowledge messages bytlgaring them for 200 to 500 ms, dependent tire operating systemand
sendingall ofthem in one collective packet.

In combnation with the single iflight packetlimitation of the ulP stackhis means that packets are
only acknowledged after this time and data throughput would be limited even more. Fortunaitesy
modern operating systems alloweactivaing delayed acknovedgment per application or even
globally.

With immediate acknowledgement and a direct cabdsnection,it was possible to increase the data

rate to roughly 450 Kbytes/second which means that some data could not be transferred as fast as it
was generate@nd the internal buffers were slowly filled. This resulted in a limited measurement time
of about 5 minutes until buffers were fulFortunately,this time was more than enough for the
measurements required for MMS.

27ulP TCP/IP stack, version 1.0, last retrieved 2018/Q3/8://dunkels.com/adam/software.html
https://github.com/adamdunkels/uip
28RFC1122, last retrieved 2018/03/0ftps://www.rfc-editor.org/info/rfc1122
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Forfuture applicatiors, data transfercouldbe improved by using thigghtweightIP stack (Iw#) which
supports a higher number of4ftight packets. This stack was already tested during this thesis, but the
change was not applied since the curtgenerator was already in use.

Even withthis higher number of kilight packets another common speed optimization technique will
interact with communicationNagle's algorithmRFC 898). This algorithntries to reduce protocol
overhead by combining TCP packets until the maximum segment sizex{muma packet size on
network) is reached or until all4ftight packets have been acknowledged. Theduces the number of
sent packetsthe overhead by the packet headandthe effort for the handling of packet lists. Also
this algorithm is present in nsb modern operating systems.

Together with delayed acknowledgement and a limited number-@ifght packetsthis may again put
a limitation onthe data rate, as the allowed number of-fight packets might be reached before the
delayed acknowledgementzre releasedAs aresult, the application of delayed acknowledgement,
Nagle's algorithm as well as the number oflight packets neeslto be optimized for high throughput
without creating large memory requirements for buffering.

A possible alternativés the use of UDP instead of TCP, which does not use acknowledge packets for
data transfer at all.The disadvantage of UDP is that data completeness and packet order is not
guaranteed and has to be handled on application level, which would increase thgesdiy of the
software. The idea of using UDP was therefore dismissed.

HostPC Software

The software on the host PC was writterLabbVIEWY a colleagudsee chapteD). It is therefore not

part of this thess andwasonly added forthe sake oftompleteness. The software ligsponsible for
commanding, status information and data saving. The available measurement data of the current
generator is displayed to support preliminary analysis of the noise fldéigure 2¢30 shows a
screenshot of the software.
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Figure2¢30 Screenshot of Current Generator Host PC Software

2% lwip TCP/IRtack, version 1.4, last retrieved 2018/03/@8tp://dunkels.com/adam/software.html
http://savannah.nongnu.org/projects/Iwip/
30 RFC896, lasetrieved 2018/03/08 https://www.rfc-editor.org/info/rfc896
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2.2.3. Sensor Configuration

The sensaof all three instruments were mounted one above the other aroamagnetic rackfigure
2¢31). Thisrackwas then placed in a-layerp-metal can with an included solenoid cfiiure 2¢32).
Thesensomountingplatesof the rackwere tilted by about 45%0 that every sensor axis was able to
measure the magnetic field with almost identical amplitude. The remaining amplitufigatite by
orientationcan be neglectedas the target of the measurements is not the absolute gain but frequency
dependent changes of the gain.

Figure2¢31 MMS SensorTest Rackwith SCM (top)AFG(center)and DFGbottom)

Figure2¢32 p-Metal Can withSolenoid Codnd Sensor Test Rack

Since the generated magnetic field of a solenoid coil is most homogenous at the center of the coil, the
sensors closer tthe top and the bottom are exposed to a less homogenous field. However, since this
homogeneity condition is not dependent on frequency and only results in a different absolute
amplitude, also this effect can be neglected.
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2.2.4. Test Signals

The quality othe frequency response determination is dependent on fiignafto-noiseratio (SNR)
across the complete bandwidth. TIB&Rs in turn dependent on the instrument noise as well as the
instrument gain, which both vary over frequendienoise equivalent magnetinduction NEM) plot

in 1.2.1already includes the instrument gain and t8&IRcan therefore directly be found by relating
the NEMI to theamplitude of a magnetifield test signal.

Figure2¢33 shows the change in SMRSCMand DFGvhenusingsine test signals with constafield
amplitude For the SCMhe SNR changeaches 110 dB at 512 Hz when taking the reference point of
0 dBat 30 mHz. The SNR of DFG changes by less than 20 dB.
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Figure2¢33 Variation ofDFG and SCBINR with Constant Amplitude Singn@ls

While using a constant amplitude signal is acceptable for DFG, usisgrtiesignal would result in a
problemat the analog output of the SCM. The sensitivity of the SCM changes with the same curve as
the SNR andherefore the dynamic range of the output signal would also be 110T#B. dynamic
range is opposed by the dynammange of the 1éit ADC used in the DSP (Ergun et28116) which is
only 96 dBlt is therefore necessary to reducke dynamic range by scaling the test signal amplitude
with frequency.One possibility is tgcalethis amplitude with the inverse SNR curve frdigure 2¢33.
This would result in constant SCM analog amplitude as waltasstant SNR.

Unfortunately, thigmerelyshifts the problem of the high dynamic range to the current generator which
would then reauire a dynamic range of 110 di evenmore, if higher SNRvere desired Frequency
dependent test signal scaling should therefore depend on the dynamic rangeSBR of both
instruments and current generator.

The frequency dependent scaling of sine test sigreatseasily be establishesince sine testing is done
using one frequency at a timgee chapteR.3.3. It is therefore possible to change both the current
generator output range and the digital test signal amplitude. With this scaling, a total signal range of
approximately120 dB ca be covered by changing tlnpitude of thetest signal (~80 dB) and by
switching the hardware ranges (another 40 dBhis results in a worstase SNR df0 dB for the
frequency rangdrom 30 mHzo 512 Hz.

For spectrum based armhrametricestimation, all frequencies are applied at once &imel switching
of hardware ranges$s impossiblePink noise is a test signal that establishes an acceptable-totide
between SNR and dynamic range. This signg¢ngratedby filtering white noise with gink noise
filter approximation Emith, 2011 chpt. synthesis of 1/F NoiseThis filter decreases the power of the
noise inversely proportional to the frequenby scalinghe noise amplitude changes with 1K For
the frequency range of 0.05 to 5H%,the noise amplitué changes by about 40 dB, whitieans that
the remaining current generatdBNRis roughly another 40 dB. The overall SNRaftest withthis
signal is shown ifigure 2¢34.
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Figure2¢34 Variation of SCM SNR wink Noise &nal

A positive SNR can therefore only be guarantde@nto 0.5 Hz which is roughly the cutoff frequency
of the SCMDCremoval filter. The SNR for lower frequencies is negative mr@dsurements can only
be done with averaging, which reduces the noise floor.

In addition to pink noise filteringall noise signals were also filtered to the necessary bandwidth for

the test, i.e. to the Nyquist rate of the different data products at 4, 8, 16, 64 and 512 Hz as well as for

a special test with 024 Hz.This was done using 16,385tap sinc filter with the desired cutoff
frequency.

The test signals wergeneratedat the current g@nerator sampling frequency of@26 Hz and stored

in waveform files. Sine data was designed to be used in a loop by cutting at zero crossings. Also pink
noise data was used in a logpherefore, special handling of the beginning and end of the data was
requiredto avoid jumps This was done bijfitering three consecutive copies of the raw white noise
signalwith the pinknoise and band limitation filtehe center copy was then used as outputaf@rm

signal This approachvoids jumps when the waveform is played in a loop.
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2.3. MeasurementCampaign

2.3.1. Verificationof Current Generator

The properties of the current generator were measured ugliffiprent test signals and timing sources.
figure2¢35shows the spectrum of the current measurement output while the generator was operated
with a32 Hz sinavith 1.87V peak, which is a little less than h#ie output range oft4.096V.

X=32.5 H
Ya=377 .6§8mV2/Hx

Y=248.42pV2/Hz

SAvg @NOvip Hann

1]
Measurement Complete MOLD ¥V

Figure2¢35 Noise of Current Measurement Output for 32 Hz Sine Output
in theFrequency Band-DkHz

The signatto-noise ratio in the bandwidth below 1 kHz can be approximated gisim estimated
average noise floor given by the marker lindigure 2¢35.

0 '
CTaDP M 5P T O

YO 'Y

xpg& o Equation2-57

With a fulkscale sine output signal, this SNR would improve by another 6 dB to roughly 78 dB. This
corresponds to a noisfree resolution of 13 bifassuming no headroom and a crest factor gflhich
is a little more than the predicted jittefree resolution of 12.4 bit (see chaptr2.24).

The worstcaseratio between signal and distortion amplitude is 80 dB at tfiéen@8rmonic of the test
signal (at 256 Hz) and roughly @2 on averageWith this distance both sine and noise based
measurements can be conducted with sufficient quality.

The timing of the arrent generatorwas verified by comparing thBAC output and thecurrent
measurement to a PPS tick using oscilloscope measurerrfégtee2¢36 shows the PPS tickl(le,
channel 2), the DAC output (green, channel 4) and the current measurement (pink, channel 3). The
delay between the PPS tick and the output signals is approximatlyslor50 clock cycles of the
current generator. This delay is composed of the dlgielays in clock synchronization as well as the
DAC delay

The analog transient response is caused by theai@sing filter of the DAC. This respomkes not
influencethe measurements, as all later modeling processes are based on the real cueliertred

by the current measurement output.
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Figure2¢36 TimingAccuracyof Current Generator

Figure2¢37 showsatransfer function measurement of the current generatmtweenthe DAC output
data andthe current measurement data. This transfer function was calculated wesijugition 2-30

with Welch's method using 1834 FFT point$sain and phase were corrected for the influence of the
DACanti-aliasing filter, the zermrder hold characteristic of the DAC and the ADC ddlag.gain and
phase delay are flat within the required tolerances (sf@pter 1.3) and the ADC measurements
roughlyconfirm thel.5usdelay ofthe DAC output.

The increased variance in phase delay towards lower frequencies is a general property of phase delay
calculation, as an almost constant phase noise is scaled by the division with the frequency iasée ph
delay calculation (seequation A-7). Thus,the standard deviation for lower frequencies becomes
higher thanthat at high frequencies.

The presented result only givéise transfer function of the current measurement. The coil current
itself is in addition changed likie bypass capacit@asshown infigure 2¢15.
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Figure2¢37 Current Generator Gain and Phase Delay

With theseresults,the aurrent generator errors are far below thgpalspresented inchapterl.3. The
current generator can therefore be considered aa suitable tool for frequency response
measurements of the MMS FIELDS instruments.

2.3.2. Simplification®f Setup

During the preparatory measuremenis becameevident that the measurements of the current
generator are perfectigynchronouswith the PPS signabut different from thesampling clock of the
FIELD#struments which is in turn based on the master clock of the CDPU. It was themefgssary

to resamplehe current generator measurement data to the sampling grid of AFG, DFG and/&iCiv

meanshigh computational effort due to the larg@mounts ofrecorded data.

Fortunately,an approach with lower computational effort was possible by usiD&§B/oltagechannel

for current measurementsThe used channel is called ESéefigure 2¢39) and is normally used for
differential measurements of the electric field. The E5@rutelis sampled with a rate of 1884Hz

and is only subject to the antaliasing filters at the inputlt is therefore possible to sample the
measurementoutput of the current generatousingthese channelswithout relevant impact on the
frequencyresponse measurementsThe data is in this case sampled with a sampling grid that is
isochronous tahat of the FIELDS instruments.

Naturally, this channel can only be used if its timing and frequency response relative to the
measurement output of the current generator are well characteriZBuscharacterizatiorwas done

using a series of sine frequencies that was related to the current géoreinternal measurements.
These measuremesterifiedthat the frequency response of tHeSPvoltagechannelhas almost flat

gain and constant phase delayhe ctaof the voltage inputs can therefore be usedth onlya simple

time correction.

As timirg and frequency response could possibly change for different DSP models and/or software
updates, the sine frequency test was repeated during every single test of the FIT canijésgiest
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was only done in a feedforward configuration, just using the otgata of the current generator
instead of the current measurement data of the generafigure2¢38 shows a comparison of the E56
measurements and the expected gain and dekpyecified inthe DSRlesign documents.
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Figure2¢38 Comparison oDSP E56 Gain and Delsigh the Expected ®lues fromDesign documentation

With this simplification,the measurementlata was both generated with reference to the PPS sjgnal
by the current generator and samplegirchronously to all instrumentssing samplig via the E56
channel All further calculationsnly required time shifting anetither divisionsor multiplications of
the sampling frequency by powers of twkthe modified setupvith this simplification is shown iigure

2¢39.
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Figure2¢39 Modified Block Diagram for FIT Campaign vitiditional E56 Current &surement
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2.3.3. Conducted Mesurements

The measurements needed for the frequency response estimations were taken during the FIELDS
integration and test (FIT) campaign. This campaign took place in the ye&$022@13during the
delivery of the four flight models for MMS 1 to 4.

Thetest was started with an initial measurement of instrument background noise with the current
generator operating at constant zero output. This measurement was used to reveal problems in the
ground connection topology and cable placemaerttich typically reslted in an increase of noise and
distortion. When the noise floor of this measurement was below +0.1 nT peak, the other tests were
conducted.

Different colored noise and sine signalere used to test the instruments in their various operational
modesand sampling ratesThese tests are summarizedtable 2-2. In many casesnultiple outputs

of the CDPWlecimation chain were usea@ind data was availablat multiple sampling frequencies at
the same timeSCM and DFG were not operatgithultaneouslyas the low separation in themetal
canandthe sigmadelta feedback of the DFG would have causeidewithin the SCMlata.

Test Test Signal Curr. Fluxgate | AFG DFG SCM | Sampling Frequency
# Gen Range ADC filter mode
Range mode mode
Quiescent Noise AFG128Hz
1 Eloor MR LR ADCA | DEC32| DSP A DFG128 Hz
SCM 16 kHz
2a | Pink Noise 64 Hz LR ADCA | DEC32
2b Pink Noise 64 Hz LR ADCB | DEC64 )
2c | Pink Noise 64 Hz HR | ADCB| DEC64 all:128Hz
2d Pink Noise 64 Hz MR HR ADCA DEC32
3a Pink Noise 16 Hz LR ADCA | DEC32 all: 32Hz
3b Pink Noise 8 Hz LR ADCA | DEC32 all: 16 Hz
3c Pink Noise 4 Hz LR ADCA | DEC32 Off all: 8Hz
3d Sine 0.1 Hz MR LR
3e Sine 2 Hz LR
3f Sine 2 Hz HR HR all:
3g | Sine8Hz LR ADCA | DEC32 128/32/16/8 Hz
3h Sine 32 Hz MR LR
3i Square Wave 8 Hz LR
4a | Pink Noise D24 Hz DSP A 16k/8kHz
4b Pink Noise 512 Hz LR i off DSP A 16k/1kHz
4c | Pink Noise D24 Hz DSP B 16k/8kHz
4d Pink Noise 512 Hz DSP B 16k/1kHz
5a Pink Noise 16 Hz LR all: 32Hz
5b | Pink Noise 8 Hz AFG16Hz
MR LR off SCM32Hz
5¢c Pink Noise 4 Hz AFG8 Hz
SCM8 Hz
5d Sine 0.05 Hz MR ADCA DSP A
5e Sine 2 Hz LR LR AFG128/32Hz
5f Sine 8 Hz SCM 16k/8k/1k/
59 | Sine 32 Hz 32Hz
5h Sine 128 Hz

Table2-2 List of FIT Measurements and$eective Configurations
(LR/MR/HRcorresponds téow/medium/high range)
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2.4. ModelDevelopment

The measurement data generated during the testing campaign was usedhiogbdiately duringhe
course of the measurements and in pgsbcessinglmmediate processing was required to get a
preliminary gues®f the usabilityand credibilityof measurementata. It resulted inthe adjustment

of both the used analysis methods and the measuremente processes presented beldvave
therefore notbeendevelopedin one shot but are the result of a longer iteration process.

All generated models were noralized to a maximum gain of omehich is the DC gain for AFG and
DFG and the gain at 512 Hz for the SCM.

2.4.1. SineBased Estimation

The sine based frequency response estimations were only done with a limited numfregoéncies

to savemeasurementime. The resultare thereforenot useablégor the generation ofa system model
that is suitable for merging dat&leverthelessthe gained results were a valuable tool to confirm the
results of the other methods and to also ensure thechanged properties of the E56 channel based
measurements (se8.3.2. The result of the sine measurements are therefore not presented in this
paragraph, but aréncluded in the spectrum based estimation results in the next chapter.

2.4.2. SpectrumBased Estimation

Initial estimation of the instrument models wadreadyconductedduring the course of the testing
campaignSoftware development in this phase waereforedriven by the needor quick resultaising
the availabldimited calculation power

A boost in calculation power washievedoy usinghe graphic processor unit (GPthatis supported
via NVIDIA CUDwithin the MATLABenvironment. The GPWrovides the paossibility for massive
parallel calculation that care.g, be used for FFT calculations. The drawbaxkhese parallel
architectures are restrictions in algthm design and memory layouws,g., hot all operations available
on a regulatprocessorare alsoavailable on a GPU. Even if they are available, their execution times
might be much larger.

Inaddition,the massive parallel computation also requifesdingthe GPU with enough input data to
actuallytake advantage of the parallelismhis requiregakingthe memory architecture of the GPU
into accountwhich providedarge memaries with low speed and slimaemories with higlspeed The
available GPUs at the time of the te®g} campaigmad several tens of kilobytes fafstfirst level cache
memorywhich wasapproximatelyenoughto store a single FFT data seith 16 bytesper complex
64 bit floating pointvariable. Transferring any of these data setetdrom the largerGPU memory or
even CPU memolipcreased the memory latency from a few to sevdnahdredclockcycles.

The target of algorithm design was thereforeuse the available optimized algorithms in MATLi&B
avoidrecalculation and to avoid datsavingoutside the cacheThis required a modification of the
spectrum based algorithm iquation2-30. Instead of dividing averaged PSD estimates, the algorithm
was changed to average single frequency response estimates based on periodograms.

6 0 & TNroQ 00w & D

O Q — — — Equation2-58
w Q wQzw Q oO0WE Q) € ‘

00 UE O Q Equation2-59

The advantage of this approach is that the need to either store or recalculé@tiséd in g@and S») is
removed.The disadvantage & change in the statistics of the frequency response estimate, as the
order of division and averaging interchangedn comparison to the PSD method
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In principle, with a Gaussian noise distribution for the periodogram estimates, the result of the division
would be a Gaussian ratio distributiorfsee Hinkley, 1969 This distribution is both biagl and
asynmetric and influenceshe frequency response estimate. The amount of bias increases with the
variance of dividend and divisor, therefore the FFT method suffers from an increased bias in
comparison to the PSD based method. In addition, the division réssltbject to a higher variance.

However, practical application shows that the resulting errors are acceptilgare2¢40 showsa
simulatedcomparison of the simplified method usitgly FFTsand the regularPSD based method.
This plot was done using a 129 point hammivigdowed sinc filter (fc= 16 Hz, fs:024 Hz) aghe
identified system and F&amples of white noise inpuBoth PSD and FFT were calculated with a length
of 16,384 points and an overlap of 87.5%he FFT method shows a higher ndiser whichis visible

at around 40Hz.

10°g

— FFT method
— PSD method
— frequency response

10 &

10° 5

Gain

10k

100 0 0

phase [°]

-50—

100 I I I I I I
f[Hz]

Figure2¢40 Comparison of the diseFloorof FFT and PS8 dRequencyResponsesstimation

In addition to this simulated example, also the comparison of sine based, spectrum based and
parametric modelsare in linewith each other which means that the generatestrors bybias and
variance changes aregligible in this case

The gain of the FFT method is a decrease in calculationyn3®%on modern computersTable2-3
compares the calculation times using GPU and CPU forthetASD and FFT methodthe used data
setfor this benchmarks a single measurement of SCM data with agprately 5 million PSD averages.
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CPU Corei7-3770K Core i72670QM Core 2 Quag Core 2 Duc
Q9550 SP9400
@3.5 GHz @2.2 GHz @2.83GHz @2.4GHz
GPU Nvidia Geforcg Nvidia Quadrg Nvidia Geforcg -
GTX 560 Ti 1000M GTX 560 Ti
Method Hardware | Time
FFT CPU 57 min 120 min 147 min ~250 min
MATLAB | CPU 120 min - 441 min -
PSD
tailored GPU 29 min 110 min 35 min
PSD
FFT 20 min 90 min 24 min

Table2-3 Required Calculation Time for Different FrequerespBnseEstimation Methods

The resulting calculation times are highly dependenttba hardware typeused Furthermore
tailoring the algorithm to the actual problem results in a large improvemestthe tailored PSD
algorithm is much faster than tfHd ATLABtandard algorithn{version 2012b)The calculations during

the initial measurements were done on even slower comput@&sre 2 Duojvhichresulted in even
higher calculation times compared to the other CPUs

With thisknowledgethe calculations during the actual test wettene in two steps. An initial estimate
with low averaging numbers was calculated using the available notel{@uke 2 Duo T4300)Vhen

this estimate was satisfactory, the detailed estimate was calculated by transferring data to remote
controlled desktoPCsgo usethe avalable higher calculation power

Figures2¢41to 2¢45 show the results oF-Tbased frequency response estimafesm AFG, DFG and
SCMAIsq these plots show the increase of phase delay noise towards lower frequencies discussed in
chapter2.3.1

In all presentedplots, the results of the sine fit matcthose from the spectrumbasedestimation

within the required limits (segoals inl.3). All gains have been normalized to a maxingaim of one

to get tocomparablegain scales.
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Figure2¢41 shows the gain and phase delay of the Dligfat model 4in DEC32 mode and low range,
sampled at 128 Hz. The individual axes are almost identical in gain and only show a small difference in
phase delay which is due to the individual tuning of the sengesdhese differences are small also

for all other operation modesThusonly a comparison of the-axis is showin figure2¢42for visibility

reasons Gain and delay are mainly dependent tire decimation mode (red/green) but independent

from therange (cyan/blue and red/green)he results from high range measurements have a slightly
increased phase delay noise ledek to the higher instrument noisevel in this range
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Figure2¢41 Gain and Phse Delay of DFG 128 Hz, DEC32, lamgdR
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Figure2¢43 shows the frequency response of AFG flight model 4 using the primary ADC in low range
with a sampling frequency df28 Hz Both gain and phse déay vary for the different axewhich is
caused by the tolerances of the analog parts and by the additional delay of the multiplexe&ADC.
four possible modes of operatiqfow/high range, ADC A/Bhow almost identical behavior (ségure

2¢44), asa range change is only a gain modification (see chapteB.3. The phase delagoise is in

this case less dependent d¢ime range, as the noise floor of the AFG in high range is lowerttiarof

the DFG.
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The frequency response of the S@Mth a sampling frequency & kHzs depictedin figure 2¢45. In
this casethe plot showsthe phase rather than the phase delay, as the high pass property results in
large changes of the delay over frequency thed less suitable for plotting.
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Figue 2¢45 FrequencyResponse of SCM FM4

2.4.3. ParametricEstimation

2.4.3.1. FluxgatdParametridViodel

The models for AFG and DFG were found using the Widleemethod introduced in chapte2.1.3.1
This method waimplementedin an inverse mannesincethe target of optimization was not to find
an instrument model that converts the current measurements (input data x) to¢hemted fluxgate
data (output data y), but a model that restores the current measureméhtst are equivalent to the
real magnetic fieldpased orthe fluxgate output data. Thimerelyrequiresswappingnput and output
variables anchddingsome delay irthe current generator data. This delay is needed to compensate
the delay of the fluxgate instruments, as any filter that coutitk withoutthis delay would be acausal,
asthe estimated current measurememtould bebased on future fluxgate dat

The advatage of this inverse approach is that the resulting modsl directly be used on the data
regardless ofthe minimum phase property that would be required for an inverse fi(ssechapter
A.1l5.

The data flow for the Wiener filter calculation is shoim figure 2¢46. All usedlow pasdilters in this
diagram are 1@85 tap hamming windowed sinc filters. The E56 samplesfiltered before
decimation to avoid aliasing. Both datasets are resampled to arammsampling frequency of024

Hz and then filtered with a cwdff frequency of 64 Hz to remove any data that is above the Nyquist
frequency of the fluxgate instruments.

The Wiener filter was then calculated using 8" 2rder FIRilter prototype and adelay of 60 to 81
samples, depending on instrument type and operation mode. This delay is composed of the delay of
the instruments themselves and the group delay of the filter prototype.
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The advantage of computing the Wierféter at 1,024 Hz instead adhe 128 Hzsampling rates that
delays can be chosen on a finer grid and that the relevant frequency bandhss casereduced to
1/8" of the Nyquist frequengymeaningthe transfer functionof the filter for frequencies above 64 Hz
is irrelevant. This gives some degrees of freedom for the optimization presessif models with low
order like the 128 orderfilter are used.

Figure2¢47 shows examples of the ti#r coefficiens for AFG and DFGhe calculated filters are not
symmetric andtherefore norinear phase, as the instrumentither have nodinear phase (AFG
analog transfer functionor includenon-integer delayshat require an asymmetric filtgfDFG).
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The gain and phase of the resulting models were then compared to the results sfebumbased
estimation.Figure2¢48 and 2¢49 show a gaimatio and phase delaylifference plot.
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Theseplots show that gairand phase delaynatchverywell with a few differences due to noise and
distortion (e.g, at 51 Hz)There is a small ddation towards 64 Hz which is due to the limited length
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of the filter model.In principle, his could be solved by increasing the model order, but at the cost of
more lost datan the final data productiue to filtersettling As the data close to 64 Hz are not used in
the final data product (seehapter2.5), this small difference can be considered as irrelevant.

Figure2¢50showsthe differencebetween theexpected lehaviorof the DF@nd the calculated model.
The most prominent features of this difference as&riations in gain and phase as well as a constant
delay. The variations are definitely due to the model, as the CIC filtezdmssant phase delay aral
monotonously decreasing gain within the passband.

The regular variations in gain atigerefore caused by the modelmprocess and could be reduced by
choosing a higher order model. The origin of the large difference in phase delay belova@ the
phase delay offsedre unknown. However, alemainingdifferences are within theccuracy goaif a

2% gain error and 200 us phase delay errand are therefore considered as acceptable.
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2.4.3.2. SearckhCoilParametridModel
Theanalog domairmodel of the searcitoil transfer functionis derivedin Le Contel et al., 2&L The
overalltransfer functionis composed of thesecondorder transfer functiorof the sensorandthree
first order filters within the preamplifiex The system can therefore be modeled using high and low
pass filters witHive different cutoff frequencies. The result tife spectrum based estimation figure
2¢45 shows that only two of theséve cutoff frequencieshavea relevant impact on gain and phase
within the bandwidth of interest for the merged daproduct.lt is therefore possible to neglect the
corner frequencies above 512zand reduce the model to secondorder highpass filterthat is given
asan analogransfer function inequation2-60.
, l l
Qi -0
1 L]

Equation2-60

Unfortunately, this transfer functionis not minimum phaseas the solutions of the numerator
polynomialare zero If this model is used for compensation by inverting trensfer function the
resulting compensation filter is therefore unstable. This is also visible ispbetrumbasedestimate
in figure 2¢45 that shows that the gain of the SCM approaches zero for DC inputs. The inverse gain
would therefore benfinite and unstableA simple solution for this problem is to increase the DC gain
of the transfer functionby addinga small positive constan k. The resulting compensation filter will
therefore also have limited DC gain.

o i Q i 1Q

Qi -3

1 L]

Equation2-61

The analog transfefunction can then be transformed to the digital domainings the bilinear
transformation(Oppenheim et al., 1998, pp. 45pfith a sampling time T Alsq here the inversdilter
is stable for anypositivek, asthe solutions of the numerator polynomiateinside the unit circle.

a YQ ¢ & YQ ¢

" , YQ ¢ 7 YQ ¢

Q a Y cOTY C Equation2-62
N Y Y ¢

Thecutoff frequencies ¢ in equation2-62 were then found byminimizing the model error which is
the difference between the complex frequency response of the modelsfiHand the reslt of the
spectrum based estimation £H). This was done in a minimum mean square error sense.

1 h A(?]Ci ETO @™ h 0 0 W0 Equation2-63

The weighting factor W iseeded to adjust the error criterion to the expectegdin curvesignalto-
noiseratio. A gain dependent weight is needed to ensure an equal contribution of the model error
regardless of gaimtherwise the parts of the model withigh absolute gain would have a much higher
influence on the error sum. An equal weight of all errors can be achieved by setting the weights
proportional to the inverse of the squared gain of SCM which is approximately the FFT result.

p P

AN 5 o O O Equation2-64

With this scaling, all parts of the frequency response woulcbb®e equally important.However, in
this approachthe quality of the estimation result was not taken into account. This qualitypendent
on the measurement noise. For the SCM this n@sgpproximately inverse to the gain respse (see
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Le Contel et al., 20)6therefore, the noise based weight faatas proportional b the squared gain
response.

w X ——— 0 10 Equation2-65

The gain and noise based weight factors are then multiplied to get the final weight factor:

A © [ 0 .

w Xw QIw Q G Equation2-66
The weight factor ispractically oneand could be removed fromequation 2-63. Neverthelessthis
simplificationcannot be onsidered as universally valid, &g, cutoff frequenciesn frequency bands
with very high noise floor could still result in very low errors and colsdefor, be ignoredduring
optimization. This situation actually happened durthg optimization of the model for SCM, as in

some cases an optimal cutoff frequency was found close to the Nyquist frequency rather than its real

value ataround0.6 Hz. This problemvassolved bymanual adjusiment ofthe weight function giving
lower frequencies a little more weight.

Figure2¢51 showsa comparison of the modeled transfer function, the results of thedsfimateand
the reference measurements taken by the SCM team Contel et al., 20)6The phase reference
measurements are corrected for the already knowdigital delays. Model, sp&tm estimate and
reference measurements show no visible difference in the logarithmic sthke.DC gain of the
generated model was limited t220 dB(using the constant factorikand k) in order to enforce the
minimum phase property.
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The calculatedlifferencesare presented infigure 2¢52 which shows the gain ratio anchpse delay
differencebetween themodel and theeference measurementd he variations are due to noise in the
reference measurements, as the model itdadissmooth gain and phase curvdaurthermore,there

isa large gain difference at 50 Hz due to the powertomee inthe reference measurements.

These differences caused by noise and distorterealan advantage of the parametric modédlhe
parametric modélimits the changes in frequency response to those that are actually possible within
the model. This restricts the influence of noise and distortion to a minimum in comparison to all higher
order nonparametric approachessuch as spectrunibased estimates or the SCM reference
measurements.
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Figure2¢52 Gain Ratio and Phase DeRifference between ®del(M) and Reference BasurementgR)

In addition, there is adecrease in gain and an increase in phaseyd@afrequencies below 0.2 Hz.

The origin of these changes is unknown and is actually hard to exglséd on theory alondt is not
caused by the DC gain reduction for stability reasons nor by any possible changefbfraquencies

in the model of he searckcoil.

Fortunately this change of gain and phase delay is located in a frequency range that has almost no
influence on the final data product (sebapter2.5) and the differencsin gainandphase delay above

1 Hz(with more influencepre clearly due to the noise in the seb-coil reference measurements.

Despite the small differencgwreviouslydiscussegdthe designed model matches both the s of

the reference measurements and the spectral estimates wiitph accuracy.These resuft can
therefore be considered as a successful independent verification of the SCM analog measuesments
well asthe expected digital processimglays of the FIEDS DSP.
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2.5. CrossoveFilter

Data from AFG, DFG and SCM is merged with a crossover filtevelggisdifferent spectral parts of

the instrument signals according to their properties. An optimum crossover filter set would weigh the
spectral components based on a comparison of instrument sensitivity, noise floor and possible
distortion. These weights canebconsidered as filter function with variations in the frequency
domain.

For initial testing of the merged data produetset of finite impulse response (FIR) low and high pass
filters was used which asbased on a hamming windowed sinc function. Thilsers used DFG/AFG
data up to8 Hz (crossing dhe noise floor infigure 1¢31) and SCM data above. The sinc function also
provides the advantage thdhe design of the respective complementary filter is a simple subtraction
from =1 This means the sum of the two filters is unity gain. Furthermore, comparison to unfiltered
signals is simple due to its constant group dgleyperty.

Unsurprisinglythis initial filter pair was only a first guess, as the optimum noise floor can be achieved
by having a filter that is based d@he actual noise floor and sensitivity. It is therefore interesting to
compare the used filter with this optimal filter and to desigm improved filter using the knowledge
from this comparison.

The principle of combining measurements with the purpose of getting a better data prodoestis
explained by using multiple measurements of one quantity. Each measurement is defined by a
measuement value and someassessmentof the measurement uncertainty or noisdf the
measurement noise is Gaussian, the distribution of the no&e be characterized using the mean

@ tdzS x yR.GUKS @FNRIFYyOS

Assuminghere areN noisy measurements of the same quantiipe can reduce the noise level by
averaging the individual valuesta get the mean valuej’

w P . .
o 5 W Equation2-67

If the noise on each measurementrislependent and identically distributed (i.i.d.) Gaussian noise, the
variance after averaging is reduced to
P
0

w [ . Equation2-68

Using this propertyone can see that in the best caseéth identical measurement variance¢he
resulting variance of the averaged measurement versus the best individual measurements is reduced
by a factor of\2.

This method can be employed famon-identical variancéy implementinga rough estimate ofhe

noise levels for giving the "better" measurements a higher weight w

. B OJvw .
of B 5 Equation2-69
The resulting variance will then be
p . :
O v, Equation2-70
B 0
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The optimal approach for this weighting is the maximum likelihood (ML) estinfseerKay, 1993, pp.
157ff)that uses the inverse variance as weight:
B (bn

ay B— Equation2-71

The resulting variance is

P
n [ B— Equation2-72

This method can now be expanded from the single sample probability perspectihe tpectral
perspective. We assume that the instruments deliver a sample series of a constant magnetic field value
x with additive i.i.d. Gaussian noise. One can then apply a filter bank to extract tiny frequency bands
by using a set of narrow band FIRefis. These filters do a convolution of the signal x and the filter
function h to get the output signal

we wa Qe & Equation2-73

This equation is in fact a scaled version of the weightedamye inequation2-69, but here the samples
are not from different instruments, but realizations from the same instrument at different times. The
variance othe output is then

" Qe , " Qe Equation2-74

which issimplya scaled version of the input variance, but this time the noise is limited in bandwidth.
Going one step furtherone can now apply the same filter bank on data from each instrument,
calculate arML average for every filtered sample based on the noise power in the respective band and
sum up the bands using a reconstruction filter bamkis principle can now be reéd by taking
infinitesimally small filter bands for determining the weights which is equivalent to using the power
spectral densitysxof the instrument noise floor.

Instead of using the filter bank and summing up, it is now possible to create d@Hdtatirectly applies
the weights on frequencies, thus creating a frequency dependent ML averaging filter. Its filter response
for instrument i of N differentnstrumentscan be calculated using
L Y Q
0 Q Equatbn 2-75
B Y Q

This filter is then applied to the individual input signals before summymg

O Q OQ J00Q Equation2-76

Given this formula, the design of an optimal merging filter seems quite easy, but of counsgthiss
havingexact knowledgeof the noise floor and its statistical propertieEhe optimal merging filter
based on this formula is equivalent to the complentary filter discussed in chapt&r2.2.1
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The total noise of the magnetic field instruments aboard MMS is generated by various sources: sensor
noise, m@netic stray field noise by the spacecratft, electronics noise and quantization noise. The noise
floor from ground measurements, which does not include spacecraft noise, is shdignres2¢53

and 2¢54. This noise floor was determined by placing the sensors in quiet field conditionsa(e.g.
shielding can) and measuring the instrument output. Tdilwing plots are limited to data from DFG

and SCM, as this data is used in the merged unatuct. The analysis for AFG candmae in the

same way.
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Figure2¢53 DFG Qualification Model Noise floorAXs,from Ground Masurements

The noise floor of DFGqure2¢530 A a 3IAGBSY Ay YIFIAYySGAO FASER dzyAld
that fluxgate data isypically used without frequency response compensation. The sensitivity function
is just a simple lowpass (sBgure 2¢41) that allows direct use of the ¢ibelow 10 Hz with only small

errors.

SCM has a more complex bandpass like sensitivity functionfi(ee 2¢45) and cannot be used
without frequency response compensation. The raw noise flo@iggre 2¢54) can therefore not be

interpreted asa magnetic field and is still given in raw measurement unigs f K | T @
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Figure2¢54 SCM Flight Model 1 Raw Noise Floe#x}$, fromGround Measurements
Data provided by O. Le Contel

The significance of the raw instrument noise floors is limited, as it is modified by the compensation of
the instrument frequency response. This compensatimt only amplifiesthe desired signal at
frequencies with low sensitivity, buatlso liftsthe noise floor by the same amount. It is therefore no
longer meaningful to talk of magnetic sensor noise, tather noise equivalent magnetic induction
(NEMILe Contel et al., 2@). The NEMI gives the noise level after frequency response compensation,
which isdirectly comparable to magnetic field amplitudes. Using these NEMI noise ,l¢hels
maximum likelihood (ML) filter frequency response can be calculatedi(pge 2¢55).

86



10

—— NEMI DFG smoothed
— NEMI SCM smoothed
— NEMI ML filtered avg

10

10

107

NEMI nT/CHz

10°

/|

107

10"
10” 10™ 10° 10" 10°

Figure2¢55NEMI of DFG ahSCM and Resulting NEMI of ML Filtereztdihg

Even the smoothed NEMI curves still contain ripples from PSD calculation and measurement distortion
(e.g, SCM NEMI at ~0.5 Hz). If this raw NEMI is used for estimating the ML filter, the ripples will also
appear in the frequency response of the filter (diggire 2¢56, e.g, between 15 and 20 Hz). One can

get rid of these ripples by using a parametric PSD approach or by fitting a filter to the result of ML
estimation. With this modeling approagalso further filter properties can be taken into account, like
filter tap length (and the associated removal of filter settling times) and phase delay properties.

Besides the topic of Mestimation,a further consideration is necessary for designing the optimal filter.
Fluxgate data requires upsampling and aliasing iiters (se€2.6.1). These filters have an increasing
influence on gainthe closer the signal frequenayets tothe Nyquist frequency (i.e64 Hz for
AFG/DFG). This influence can be reduced if the merging filters are designed with a crossover frequency
well below 64 Hz.

A compromise with good noise performance as well as high attenuation at 64 Hz is a windowed sinc
filter with cutoff at 8 HzThis filter is a symmetric FIR filter with constant phase deflaizh allows

easy comparison and analysis of data sets without disperBignre2¢56 shows a compasonof sinc

filters with 129 and 513 coefficients with the ML filters.
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Figure2¢57 shows the improvement in noise floor relative to the best noise floor if just a single
instrument is used. Th&29-tap filter delivers slightly more noise than the ML filter (eaworst-case
noise increase of 7% at 20)HEhelow tap number of 129 alstesults in a low data loss due to filter
settling (seefilter basics ina.1). The 513point filter delivers a better performance at the crossover
frequency, but has a higher noise floor around'his could, e.g., be further improved by using a Kaiser
windowed filter, which includes a scaling parameter for the window shape that allows a better
approximation o the ML filter function.
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An alternativesolution would be to approximate the ML filter }oy.g, least squares FIRtér design.

In addition,an optimal method would not only use ground measured noise fldous alsoattempt to
estimate noise floors in orbit and adapt to possible onboard diin sources, noise level change by
temperature variations and more. This estimation oflight noise was outside the scope of this thesis
and wagesearchedyy another member of the FIELDS team
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However, itshouldbe noted that the improvement of usinan optimal filter rather than a rough
approximation is quite small. The differences between 128-point sinc filter and the optimal filter
are 7% in the worst case (20 Hz) whicimisontrast tothe noiseimprovement of 30%te8 Hz granted

by both fiters. Furthermore,in both caseghe noise floor is increased by large numbers in comparison
to using urmerged data (e.gan improvement of 5@B at 30 mHz or 20 dB at 60 Hz, igere 2¢55).

With these numbers, the optimal design of a merging filter can be seen in a quite relaxed way, as the
gain of merging with a rougbstimateis much larger than the disadvantage of using a-aptimal

filter. It istherefore more important to consider the other relevant properties of the filter, ,itap

length and the resulting removal of samples during initial filter settlf. routine processing, it is
therefore more beneficial to use the shorter filter thao gjain ttoselast smallpercent ofsignaito-
noiseratio in a limited bandwidth window.

However, an optimal merging filter could still be applied in special situations when the signal feature
of interest is just above the noise floor in the frequency btrad can be improved by optimal merging.
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2.6. Elements of théVlerging Process

2.6.1. Resampling

Data products of AFG, DFG and SCMyareratedat different sampling frequencies, dependent on
the mode of operation. The standard sampling frequencies for MMS aré &)d 128 Hz for AFG/DFG
and 8, 32 and 892 Hz for SCM.The ombination of data requiredringing these different data
products to a common sampling frequency before merging.

Upsampling

Data from AFG and DFG require upsampling from 128 Haththe target frequency of the merged
burstdata productat 1,024Hz. The upper panel figure 2¢58 shows the power spectral density (PSD)
of in-orbit measured magnetic field (MMS1, DFG, 20150922 07:35:04 UTC), samptd@&tHz. The
presented spectrum can be divided into different sens that are due to different effects in sampling
and transformation.

The section from zero to the Nyquist frequency6® Hz) is equivalent to the frequencies that are
present in the analog measurement of the magnetic field. This section will be retergsd’Nyquist
spectruni' in the following paragraphs.

Sampling is equivalent to a multiplication of the analog sigri a Dirac impulse traifOppenheim

et al., 1998pp. 140f). This multiplication is in turn equivalent to a convolution in frequency domain.

As the Fourier transform of a Dirac impulse train is again a Dirac impulse train, spaced by the sampling
frequency, this convolution introducesperiodic spectrum The resulof the Fourier transform of a
sampled signal is therefore periodic and repeats at multiples of the sampling frequency.

The Fourier transform used in PSD estimation also introduces the concept of negative frequencies, as
the solution of the Fourier transtm integral is done by splitting up sine signals using Euler's identity.
The resulting Fourier spectrum has exponentials with positive and negative frequemch, arethe

Nyquist spectrum and its negative counterpart. Dugégiodicity,this negative pectrum is also visible
asamirror spectrumbetween the Nyquist and sampling frequency (64 to H28.

The process of upsampling is done ihgertingzero samples between the existing ones until the
desired sampling frequency is reached. This dipply increasethe field of view on the same
spectrum. For an upsampling factor of 8 (framl8 Hz to D24 Hz) both the old mirror spectrum and

3 additional periods of the spectrum become part of the Nyquist spectrum (see middle panel panel of
figure 2¢58).

The added frequencies are called aliasing frequencies, as they are interpretations of the ambiguity of
the original spectrum. If a signal is sampled at H28 it cannot be known if a sample sequence was
caused by a sine of 16 Hz or its aliases at 112 Hz, 144 Hz or 240 Hz (and so on), as the sequence is
identical in all cases. The restriction to a unique interpretation (thg.band from 0 to 64 Hz) is iadt

based on previous knowledge, e.the input bandwidth restriction in analog to digital conversion.
Upsamplingesults inmore room for interpretation, as the increased bandwidth (0 to 512 Hz) allows
presence of frequencies of up to 512 Hz without aguility. The process of adding zerdeterprets

this ambiguity by assuming that all possible alias frequencies were indeed present in the original signal
with equal amplitude. The process of aatiasingthen restrictsthe ambiguity by selecting a single
frequency band with the original bandwidth of 64 Hz. Since fluxgate data was restricted between 0
and 64 Hz, the ideal artiliasing filtemremovesall data outside this band.

The ideal antaliasing filter is a rectangular filter in frequency domain (seeel panel ofigure 2¢58)

and is discussed inhapter a.1.4 As this filter removes a part of the spectral energy (the alias
frequencies), overall signal power can only remain constant if a scaling factor is introduced, which is
equal to the upsampling rati@(factor of8 in the plotted example).
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Periodic Spectrum before Upsampling
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Figure2¢58 Upsampling in Frequency Domain

In time domainthis filter is defined by the sinc function. For an upsampling fadioisifilteris defined
as

.y NS
Q& 0d Qs—,L()va o} Equation2-77

It is clear that this infinitely long filter cannot be realized and the ideal filter can only remain a
mathematical concept.

The real antaliasing filter needs to be designed having in mind both data properties and the
application within the merged data product processing. Since no ideal filter is realizable, there will
always be some influence on gain for frequencies close to the old Nyquist frequency. With the
knowledge that these frequencies might be removed by thassover filterregardlesgseechapter

2.5), this gives some degrees of freedom in aaltasing filter design. The usually desired unity gain
and lineamphase in the passband are less relevant in frequency bands with low crossover filter gain.

Although the theoretical target is to remove all aliasing frequencies, in redlisonly necessary to
attenuate these frequencies below the noise floorof tie® 6 KA OK A& Hun TFekKI T
(seefigure 1¢31). Due to the low amplitude of the natural magnetic field at higher frequencies (see
figure 2¢58, upper panel)the requirements for attenuation can be relaxed for the frequency band
between roughly 24 and 104 Hz, as amplitudes are alrea@ydBaelow the maximum level.
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) Criteria for Anti-Aliasing Filter Selection
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Figure2¢59 Selection Créria for AntiAliasing Filter, 8sed onSignal Anplitude and @ssoverFlter Gain

Figure2¢59 shows the frequency response of th29tap crossover filter, the signal spectrum and the
resulting bands with different importance for gain, phase and attenuation. The band from 0 to roughly
20 Hz has significaninfluence in the final data product and therefore unity gain and linear phase
important. From roughly 20 to 110 Hz both influence in the data product and signal amplitude are low,
so gain and phase requirements can be relaxed. Above 11l€hélimirrored spectrum amplitude
increases again, so high stop band attenuation is required.

Although these frequency response criteri@ould be sufficient forthe production of a merged
product, alsoin-flight verification of the merging procesand the instrument modelsneed to be
consideredThis erification is done by comparing data from all instruments in the fremyeange of

1 to60Hz (seehapter3.2). For this reasagrthe unity gainandlinear phase dterion is desirable up to

60 Hz.

The requirement for unity gain and linear phase and the desire to reduce data loss due to filter settling
(see filter basics ia.1) rules out lIR filters and only FIR filters are applicable. For FIRliasing filters

the desired properties of unity padémnd gain, steepness of transition region and stop band
attenuation are dependent on the number of taps andethelected filter type (e.gSchafer et al.,
1973). For a given tap numbea tradeoff is required, because not all properties can be improved at
the same time. This is visiblefigures2¢60 and2¢61 which evaluate differently windowed sinc filters.

To improve stop band attenuation at 64 Hz, the cormegéiency was shifted to 48 Hz for these plots.
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Sinc filters with different windows and tap lengths for fcut= 48 Hz, fs= 1024 Hz
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Figure2¢60 Comparison obifferently WindowedSinc mterpolationFilters with 257 aps

Sinc filters with different windows and tap lengths for fcut= 48 Hz, fs= 1024 Hz

— Hamming 2049
1.2 — Hann 2049
— Chebyshev 2049, a=5

5 40 45 50 55 60
f [Hz]
5
1.005 10
10°
= =
< <
© ©
(O] (V]
10° | ! ‘
‘ |
1
0.995 10%° " "
9% 10 20 30 40 50 60 0 20 40 60 80 100 120
f[Hz] f [H]

Figure2¢61 Comparisa of Differently WindowedsSinc mterpolationFilters with2049 taps

The Clbyshev window with 257 taps providasvery flat pass band and high stop band attenuation,
but the transition from pass to stop bandgsiite slow. The257-tap Hamming window deliuws the
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steepest initial slope, but has a moderate increase of stopband attenuation in comparison to the Hann
window. If tap length is increased to 2049, all properties are improved, but the basic properties of the
different window types remain the same.

The filter usedfor interpolation was selected depending tive application case. The preferred filter is

the 2049 tap Chebyshev windowed sinc, which is most suitable for regular MMS operation with short
burst periods. For the initial mission phases with longer bpesiods,a 16385 tapHamming window

was used, aghe verificationby comparison of instruments was more important during these initial
phasesand unity gain was desired up to a frequency of 6@sde chaptef3.2).

Downsampling

SCM data at 892 Hz requires decimation before it is usable in ti@24 Hz merged data product.
When doing just decimation, all frequencies above the target Nyquist frequency of 512 Hz are folded
into the remaining frequency bandinsilar to drawing the spectrum on a piece of transparent paper
and folding it multiple times to achieve a desired width.

To eliminate of this effect, the frequencies above the new Nyquist frequency need to be removed
before decimation. The requirementsrfthis filter are similato that for dowrnrsampling, but with one
exception: A drop in gain towards the Nyquist frequency is part of all data products of this world (even
the raw SCM data) and is therefore less critical than a gain drop by upsamplingaehiichend up in

the mid frequencies of the merged product. The main topic is therefore not to have constant gain until
the Nyquist frequency, but rather to document what the gain is.

The chosen filter in this case wad&385tap sinc filter withHamming window, as the raw data still
have high sensitivity at 512 Hz and can be used until close to this frequédmrghoice of this window

is a tradeoff between transition band ripple, transition bandwidth and stop band attenudiioa.to

the high samplindrequency only 2 seconds of data need to be removed due to filter settling (see
a.l.].

16385 tap hamming windowed sinc filter fc:512Hz, fs:8192Hz
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Figure2¢62 HammingWindowedSnc Flter for Downsampling
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2.6.2. Time Shift

Although the sampling of SCM and AFG/DFG is synchronized, the time relation is in fact only
isochronous. This means the sampling grid is identical, but there islecemstant time shift between

the individual sampling times. This time shift can be calculated using the difference between data time
stamps. Thavorst-casetime shift for burst data is ¥2 sample of SCM92 Hz data, which is roughly

122 ps. Beforemergimg, it is therefore necessary to +align data to the same time stamps by
interpolation.

Time shifting is in fact similar to interpolation, as data is "interpolated" to intermediate time steps. The
only difference is that no upsampling step happens beforehand data is kept at its original sampling
frequency. This means that the phase delay of the interpolation filter is no longer an integer multiple
of samples, but is an arbitrary fraction of a sample. It is therefore no longer possible to create filters
with constant phase delay, as the required symmetry to achievepittiperty cannot be achieved
(Oppenheimet al., 1998 pp. 298ff).

One commonly used method for time shifting is the Lagrange filter whichpubBshed bothby
Waring and Lagnge Waring, 1779, Lagrange, 1797 The Lagrange filter uses a polynomial
interpolation scheme. If the order of this polynomial scheme is increased to infinity, the resulting
interpolation function is again the sinc function. Its ffa@ents can be calculate&(nith,2018 chpt.
Lagrange Interpolationusing

y Q
0 Equation2-78

m-

¢CKS @FftdzS p Aa GKS RSAANBR aKAFTG Ay al YL Saxz AyC
filter. Theminimum deviation from unity gain and linear phase is achieved, when the distance from

the center of the filter is minimized (e,dor a filter with 17 tapsthe delay should be between 8.5 and

9.5 samples). All further integer shifts can be realized using simple shifting without filtering.

The frequency response of this filter and its deviation from the ideal linear phase is dependent on the
@l tf dzS 2 & number of/cBeffidieiits. Since the shift itself is defined by the application, only the
number of coefficients can be selected freely. A plot of the influence of different tap numbers on gain
and phase delay is shownfigure 2¢63.
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Lagrange Filter for fs=1kHz, D= 0.1 ms
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Figure2¢63 Effects ofTap Nimber in Lagrange Filters

The plot shows that the deviation from ideal behavior is small for lowueacieseven for low tap
numbers. Thealeviationisless than 18 from unity gain and less than 10 ps from constant group delay
below 200 HzThisalready defineghe way this filter should be used: As fluxgate data is only used at
low frequencies, the noideal behavior of the Lagrange filter at higher frequencies is irrelevant. It is
therefore beneficial to synchronize the AFG/DFG data to SCM time stamps avidenersa

Figure2c64a K2 ga GKS AyTFtdzSyOS 2F GKS &aKATOG n z2ay 3JlLAY
bigger shift results in a higher gain change and the deviation from constant phase delay starts a little
earlier.
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129 tap Lagrange Filter for fs=1kHz
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The required shift is given by the time stamp distance between SCM and flwagatardd cannot be
selected, butit is possible to reduce the shift during downsampling frop98Hzto 1,024Hz The
sampling phase (the first remaining sample in the decimated product) needs to be chosen in a way to
minimize the time distance to the first sample of fluxgate data.

The cheen filter for merging was a #ap Lagrangdilter, as its influence on gai(<10°) and phase
(<10 ps) is acceptable and therefore the decision was mainly driven by the low tap number that
requires less data removabdng filter settling (seehaptera.l).
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2.7. Merging Process

The data flow from raw instrument data to the final merged data produnds only includeshe
processing steps discussed in the previous chapters, butratpdar inflight calibration. IAflight
calibrationadjusts the DC gain, the sensor alignment and the orthogonalization of the sefbers.
order of processing stepacluding this calibratiotnas some degrees of freedom, but the outcome
both onthe data product quality and othe verification possibilitie needs to be taken into account.
An optimizedflow chart of the merged burst data process is presentefiinre 2¢65.

<>

Fra rnD::1?aIion o Resample _ | Compensation o Timestamp Calibration
9 . 7| 128>1024Hz o Flter o Update @1024Hz
Handling
Integer
Sync of Data
o Qossover Hlter | Qoordinate
Lagrange Delay <& Lowpass Transform
d Final Coord t al
Merge n ordinate Fraction.
Product Transforms - at Sync of Data
=
Qossover Hliter | Qoordinate
Highpass Transform
Data . . .
Fragmentation _ | Compensation | Timestamp o Resample . Calibration
gm ding > Filter > Update P g102>1024Hz [ 7| @1024Hz

<>

Figure2¢65 How (hart for MergingBurst Data

Data fragmentation handlingis used to combine contiguous burst data fileto one large data
stream. This is necessary since burst data is not downlinked in one large block, but separated in small
chunks with different download priorities. As the merging process includes filhéssneansthat data

at the beginning and end of each chum&uld need to be removed teliminatethe influence of filter
settling. With fragmentation handlinglata from contiguous neighboring files can be used to preload
filters, so no data removal is nessary. This stapust be completedbefore all other processing steps.

Resamplingof datamust be done in a way to ensure th#he application of compensation filters
happens at the data frequency thesddils were designed for. For AFG dDBG the compensation
filters are applied at a sampling frequencylgd24 Hz for the SCMB,192 Hz. The antiliasing filters
for SCM need to be applied before resamplihgseof AFG/DFG can be done at any position between
resampling and merging, as all operations in between do not change their effect.

Model application and time stamp updatingcompensateshe frequency response and removes
known fixed time shifts that were padf modeling.

The target ofinteger synchronizatioris to reduce the amount of fractional sample time shifts in the
Lagrange delay (seshapter2.6.2). Fora 1,024 Hz merged product, this shift is limited to +£0.125
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samples by selecting the phase of decimation such that the remaining are the closest neighbors to
AFG/DFG samples.

Calibration appliesa gain factor andotates the sensor axes to a spaxis aliged orthogonal
coordinate system This rotation is needed to remove the influence of unavoidable mechanical
imprecision as well as the changes of the spin axis relative to the body frame of the spacecraft. The
rotation causes a mixture of data from differeaxes, which would also mix up frequency responses.
The correct way is therefore to apply models before this rotation. However, since both, the required
rotations and the difference between frequency responses are small, it is worth consideglegtirg

and mowng both resampling and model application to a position after calibration. The advantage of
this move is that this allowthe use ofthe regular calibration process that is already used for-non
merged datasee chapteB.3).

Before merging, &oordinate transformto a common coordinate system could becessary Since

this transform could involve rotation by larger angles, the mixture of frequeespanses cannot be
neglected. Fortunately, the MMS orthogonal mounted boom (OMB) coordinate system is considered
as identical for all instruments and noardinate transform is required

The position otrossover filtersin the processing chain depends thre type of selected filters. If a
common filter is used for all axes, this filter can be applied at any position between data fragmentation
handling and merging. If the filters are based on separate noise estimates for different axes, the filters
need tobe applied in the coordinate systeimwhich the estimation was done

The Lagrange delayaligns AFG/DFG samples those from SCM. The required fractional delay is
calculated from the time stamps of the instruments.

Merging becomes a simple addition of the resulting time series, using truncation to a common time
frame. After addition, data that is influenced by filter settling times needs touiat the beginning
and end of data.

Thefinal coordinate transformis then provides the data in the norspinning coordinate systems
Geocentric Solar Ecliptic (GSE) and Geocentric Solar Magnetospheric (GSM). This process applies the
standard rotation routines used also for all MMS magnetometer data prodReisgell et al., 2016
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3. Verificationand Application

3.1. TimeStamp PosProcessing

3.1.1. TimeStamp Jitter on MMS

Although the onboard time of MM&ndthe FIELDS CDPU is very accurate, there is still some remaining
jitter on the time stamp. The sources of this jitter are the inaccuracyhefGPS timethe jitter
introduced by onboard communication as well as jitter caused by clock differences.

The onboard GPS time standard is provided by a GPS receiver. Although the accuracy of military GPS
receivers iguite high &40 ns with fixed loc@&n receivery, this accuracy is limited by the fact that the

MMS satellites have high orbits (7,000km to 1,500,000 km) and move quite fast in comparison to
ground based objects. This introduces an error in position estimationttzréfore also an erroin

time. Unfortunately, the resulting error is only specified as a maximum error of 325 us (Tooley et al.,
2016) relative to TAI, but no information about the jitter is given. An estimate of jitter can be obtained
using the accuracy of positiaetermination, which is specified with 100 m. With tpeopagation

speed of GPS radio wavEpeed of ligh), this accuracy translates to a tinjiter of 333 ns, which is

much less than the specified overall accuracy of 325 ps.

The GPS time is distributetiboard using the PPS signal (4ek3.2, which is used to set the onboard
time sources to the correct time at the PPS signal edge. This distribstidone using shared
communication lines, which are subject to communication collisiansed byther messagedn case

of collision, @ ongoing transmission on these lines cannot be interrupted and the sending of the PPS
pulse is delayedntil the line & free again. The other messages on the shared communication line can
cause a delay of 3%s every 20 seconds and a delay ofu8Ghat could in principle occur at evadPpS
signal However, a coincidence of the PPS and the other messages for a longerstimghly
improbable.

The lastsource ofjitter is the handling of the time within the CDPU. The CDPU sets its time to the
specified valuetfe full second) at the arrival of the PPS signal. Betweensipslsthe CDPU clock
drifts relative to the PPSandarddependent on the quartz clock frequendhis frequencystypically
accurate to a feyppmandcanchangewith temperature(a few ppm/Kanddue toaging.The resulting

jitter appears periodically, but has a constant jitter amplitude below 10 ps

The most prominent mechanism that is visible in the data is the 35 ps jitter caused by PPS distribution.

3.1.2.  Smoothing of Time

Time stamp posprocessing on ground @éneto minimize the effect ofime stampjitter by generating
interpolated timelines using packetized data. Each data pag&eeratedby the FIELDS CDPU only
contains a single timstampfrom the first contained sample. The time stamp of all further samples is
calculateceither using the nominal sampling rate (Eiendalone packets) or by interpolatitige time
across sections of contiguous packets.

One approach for interpolation is walculate the sampling time @ising thedifference betweerfirst
and last time stamp of an intervahd dividng it by the numberof sampling intervals between these
time stamps.

. 0 0 :
0 5 Equation3-1
The timeline can then be calculated using
0oe 0 0 Equation3-2
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This approaclgeneratesa smooth timeline without jittewith an error that is dependent on the jitter

of the first and last timestamp used for interpolationFigure3¢1 shows the effect of jitter on a
simulated time sequence. To increase the visibility of effects, a sampling frequency of 16,384 Hz was
used.The upper panel shows the ideal interpolation using unjittered first and laststaraps. Ife.g,

the firsttime stamp is jittered, this error is expanded across the completeline (see center panel)
andthe time stamp of all following samples is falsified by a decreasing amount.
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Figure3¢l Simulatedeffect of Jitteon Time Stamp Interpolation.

A different approach is to interpolate the timeline using a linear least mean square error fit (see
equation3-3 andfigure 3¢1 lower pane).

‘M AOCIi ETo Q00 Q Equation3-3

The time is then calculated using
0 @ 0Q Equation3-4

This approach is less sensitive to lieglejitter values at the start andrel of the interval, buts more
sensitive to a biagverage delay) dhe jitter. This biaxan becaused bypoth collision jitterand clock

drift. Collision jitter causes a positive bias (the average collision delay of the complete data set), while
the clock drift bias can have tiosigns.

A third approachincludesjitter categorization. The jitter caused by clock disfpperiodic andthanges
quite slowly, while the communication jitter varies in appearance aatlie It is therefore possible to
categorize time stamps as potentiainore or less jitteredThe previously presented methods of linear
interpolation and least mean square error ¢&nthen be appliedusingthe less jitteredsamples only
and theresidual error irsmoothing is reduced.
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For MMS FIELDS data processing, it was decidagdply the first approach using first and last time
stamps, as it is computationally less expensive.

Any of the presented time smoothing methodsneratesa small residual error that is distributed
acrossthe complete data setUnfortunately, this residual errazan be differenfor datathat is time
stamped inthe CDPU (AFG and DFG) and the DSP (SQiMjlifference is either caused by data sets
with different length (whictcould mean amdditionalPP&ynchronizatiowithin the data) otbya PPS
synchronizatiorthat occursright between CDPU and DSP time stamping.

In both cases, the difference in residual error appearsrasreoneoustime shift between AFG/DFG
and SCM data. Bhworstcase value of tlsitime shift is dependent on theesidualvalue of collision
jitter, as clock drift jitter changes slowly and is therefore almost identical in AFG/DFG and SCM data.

The time shift caused by the residual error difference reduces the phase delay precigiemwrged
data product to the worstase jitter amplitude of the collision jittewhich is 35 psThis error was
considered as acceptable.
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3.2. Verification oMerged Data

Thedevelopednstrument models as well as the complete merging procemgwerified using inflight
data from MMS. For this purpose, data from September to November 2015 was prepared for merging
using a modified version of the procesdigure2¢65. This process skips the crossover filters and stops
just prior to merging. With this approachhe preprocessedlata is fully compensatedime aligned
and rotated to a common coordinate systebut is still available with its originbhndwidth.

This bandwidth is then restricted to a frequency band betwdeand 60 Hz using fourth order
Butterworth filters. This common frequency band is availabkhéndata set of bothinstrumenttypes
with acceptable noise floor.

The following paragphs give an overview of the verification approa€br simplicity, the plots only
show the comparison of DFG and SCM on MMS 1.

3.2.1. Gain Comparison

Figure3¢2 shows a smihintervalof preprocessed DFG and SCM data (see above) as well as data from
the MMS SCM L1b data product, which is an MMS standard data product prepared by the SCM
instrument team. The main findings of this plot are that DFG and SCM gain are obviffesdyidand

that the differences betweenhe two SCM data setse minimal.

MMS1, 20150919 07:42:00

—DFG
—SCM
----- SCM L1b

4 AN
2 f\ A
|
3 \ N A A/\/W\,/\.\ N,
2 | \+
'4 v
N 1437 143.8 143.9 144 144.1 144.2 144.3 144.4 1445

DT [sec]

Figure3¢2 Comparison of Band Limited DFG and $ai

Further comparison of multiple data sets showed that the gain of 8i@bts by about 13%rom the

DFG and the ARG all data setsThis gain difference was also verified for frequencies down to 0.1 Hz,
as it is visible even with the logignatto-noiseratio of the SCM at these frequencidsis difference

is thereforeunaffected by the frequencresponse of AFG and DFG aralnsal difference in gain. The
AFG and DFG gain € and low frequency waerified by inflight calibration to an accuracy of 10
andis not affected by instrument models, upsampling or merdihegrs. The difference is therefore
caused by a change in the SCM gailre SCM team calculated a similar reanid the gaircalibration
factor was adjusted accordingly for 8ICMinstruments.This adjustment was dorngy comparing the
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SCM team resultsvith the estimates of the gainthat were calculatedduring orthogonality and
alignment calibration (see chapt8&r2.3.

3.2.2. Spectral Comparison
The approach atady applied in frequency response estimation (se€21.2 was also used for
computing a "cross frequency response” between SCM and the flukgsitements. The data from
SCM was considered as output data Y and the data from DFG was used as input data X.

i~y Y Q .

0oQ ~Y @ Equation3-5
The result of this frequency response estimation is tireual filter that is needed to make the SCM
dataidenticalto that from DFG. If the complete modeling and merging process was done correctly, no
further change should be required. The ideal frequenesponse result shouldave unity gain and
zero phase, which corresponds to a time domain transfer function of 1.

The frequency response estimation was done using the piagarocessinglescribed in chapteB.2.1

on data segments with a length approximately 10 minutes. The achievable quality & éstimaie

depends on the amplitude of the magnetic field in relatito the instrument noise floor. It was

therefore necessary to restrict the used data to intervals with sufficiently high BiilRe3¢3 shows

a comparison ofhe signal level in the selected intervals with the instrument noise floor. The selection

criterion was an average signal level of morethap@x K1 I Ay GKS FNBIjdzSyOe ol \
This preselection reduced the useable intervals to about 10 % obtiigenal data.Each blue dot

represents one PSD bin of one of th@minute intervals.
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Figure3¢3 Power Spectral Density of Used Intervals fos§FequencyResponsesstimate

Figure3c¢4 shows the resulting cross frequency response estimates. The error bars of these estimates
were calculated usingn expected SNR, which is given by the average signal poviguiia 3¢3 in

relation to the instrument noise flogiseefigure 1¢31).

The gain errobaris directly dependent on the SNR, as the estimation treats the higher signal power
of the noise as "higher" gain of the instrument. The phase error is based astusption that the
worst-case noise signal with an amplitude given by the SNR is phase shifted by 90° relative to the
natural signal. This results in a potential phase ghnifbr of

Yo 0®OEY0O'Y Equation3-6
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Figure3c4 Cross Frequency Response from SCM to DFG

For comparison purposes, the same computation was repeated tl#n§CM L1data from the SCM
team (figure 3¢5). This comparison shows a small increase in phase telay 5 Hzwhich is similar
to that which wasidentified between FIT an8CM reference measurements (segure 2¢52). The
correctness of the FIT based model is therefore verified Hlight measurements and can even
provide an improvement to the SCM calibration.

Figure3¢5 Cross RaseDelay using Bta from the SCMeam

Converslythe influence of this deviation on theerged data product is so smdflat both the FIT
based and SCM referencalibrationcan beusedwithout problems as long as the gain correction of
13% is applied (se22.1).

However, given the large error bars offlight estimation, the results are only represatite in the
frequency band from 5 to roughly 30 Hz, @sthis casethe mean values of gain and phase delay are
within the specified goals for the merged data product (see chah®r In the other frequency bands,
the verification is not possible due to insufficient magnetic figldgnitude in the available data.
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