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This is a typical block diagram for a feedback loop made with a digital control system.
Note the symmetry of the diagram. The left is all analog components, the right
software. The top is the sensing path, the bottom the actuation path.

Many of the blocks are what we have seen before, the plant, sensor, actuator, and
controller. The compensation filters and matrix transformations are optional, and not
unique to digital control systems. These are simply used to put signals into some
desired units (e.g. meters) and coordinate system (e.g. x-y-z Cartesian coordinates).
The main new thing here are the ADC and DAC, which move signals into and out of
the computer; and the Anti-alias and Anti-image filters which smooth over the
transitions through the ADC and DAC.
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Sampling Hardware

 ADC — Analog to Digital Converter. Samples
the data and brings it into the computer.

* Anti-Alias filter — filters noise close to and
above the sampling frequency.

 DAC — Digital to Analog Converter. Outputs
the computer signals.

* Anti-Image filter — filters harmonics close to
and above the sampling frequency.

The Anti-alias filter removes signals close to and above the sampling frequency,
before the ADC brings the signals into the computer. The anti-image filter removes
harmonics of the computer output before sending those signals to the actuators.
We’'ll see examples of this in the upcoming slides.
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Optional Software Blocks

* Compensation blocks — Can also be called
‘calibration’ blocks. These are optional, and are
used to cancel out the analog frequency response
of sensors and actuators and/or put them into
meaningful units.

* Matrix transformations — Also optional. Are used
to put sensor and actuator signals into useful
coordinate systems. For example, 2 vertical
sensors next to each other can be combined to
give you a vertical (Z) and a rotation (roll) signal.

These blocks are optional, but make life easier.
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Software Blocks

* Control and user interface — Where the
control filters and control logic goes. Also, the
software that allows the user to interact with
the control lives here.
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Let’s take a look next at what the Anti-alias filter does for us.
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Aliasing —time domain

3.2 Hz signal sampled at 16 Hz
== Continuous time signal

Signal (volts)

) 0.1 0.2 0.3 0.4 0.5 0.6
Time (seconds)

Here is an example of a continuous sine wave, at 3.2 Hz.
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Aliasing —time domain

3.2 Hz signal sampled at 16 Hz

Signal (volts)

0 0.1 0.2 03 0.4 05
Time (seconds)

== Continuous time signal
# Sampled signal

We now sample this wave at 16 Hz with the ADC. The continuous wave passes cleanly

through each of the sampled points.
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Aliasing —time domain

; 3.2 Hz signal sampled at 16 Hz

! \ == Continuous time signal
0.8 # Sampled signal
. High frequency signal
0.6 \ \

AN

)y / /
o \ \

) \ \J

0 0.1 0.2 0.3 0.4 0.5 0.6
Time (seconds)

Signal (volts)

But, we could also draw a higher frequency sine wave through these points. This
yellow line is at 3.2+16=19.2 Hz. So, when we sample with the ADC, we don’t know
which one we have. Thus, we make the assumption that our sampled points are

passing through the lowest possible frequency sine wave.
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Aliasing — frequency domain

10 Amplitude Spectral Density of 3.2 Hz Signal with 16 Hz Sampling
== Continuous time 3.2 Hz signal

N 105
E 10
2
=
(0]
©
2
-10
< 10
‘Continuous’ time data
15
10
107! 10° 10! 102 108 104

Frequency (Hz)

Moving from the time domain to the frequency domain, here is an amplitude spectral
density (ASD) of the 3.2 Hz continuous wave.
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Aliasing — frequency domain

10 Amplitude Spectral Density of 3.2 Hz Signal with 16 Hz Sampling

== Continuous time 3.2 Hz signal
==Sampled 3.2 Hz frequency signal
= Nyquist Frequency = 8 Hz

N 10 i
= Sampled data '
2 1
) 1
N '
: : ]
-10
< 10 1
Nyquist frequency = : ‘Continuous’ time data
% sampling frequency
-t
1
-15 1
10
107 10° 10’ 10° 10° 10

Frequency (Hz)

Adding the ASD of the sampled data, we get the red curve (because we assume the
sampled points represent the lowest possible frequency). | have also added the
vertical dashed line at what is known as the Nyquist frequency. This is half the
sampling frequency. It turns out that you can only recover signals that are < half the
sampling frequency. Basically, the Nyquist sampling rule says that you need at least 2
samples per sine wave to recover that sine wave. This is why the red line stops at this

vertical Nyquist frequency line, we can’t recover anything beyond it.
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Aliasing — frequency domain

10 Amplitude Spectral Den.sny of 3.2 Hz Signal with 16 Hz Sampling

== Continuous time 3.2 Hz signal
==Sampled 3.2 Hz frequency signal

Continuous time 19.2 Hz signal
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= Sampled data .
=3 '
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-t
1
107° -1 0 ' 1 2 3 4
10 10 10 10 10 10

Frequency (Hz)

Now, let’s look at the ASD of the yellow line. It’s at 19.2 Hz.
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Aliasing — frequency domain

10 Amplitude Spectral Density of 3.2 Hz Signal with 16 Hz Sampling

== Continuous time 3.2 Hz signal

==Sampled 3.2 Hz frequency signal
Continuous time 19.2 Hz signal

= Sampled 19.2 Hz frequency signal
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If we were to sample that line, unsurprisingly our sampled ASD would look exactly
like our sampled ASD for the 3.2 Hz wave, because we assume the samples represent
the lowest possible frequency. This down-converting of signals from above the
Nyquist to below is called ‘Aliasing’. The aliased frequency is found by subtracting the
sampling frequency from the true frequency as many times as necessary until it is
less than the Nyquist (and taking the absolute value if necessary). Aliased frequency
= abs(true frequency — n*SamplingFrequency), where n is the integer required to
make the aliased frequency less than the Nyquist.

149



Aliasing — frequency domain

10 Amplitude Spectral Den.sny of 3.2 Hz Signal with 16 Hz Sampling

1 == Continuous time 3.2 Hz signal
==Sampled 3.2 Hz frequency signal
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To avoid aliasing, we apply a low pass filter that cuts off any signals above the
Nyquist. This way, when we assume our samples pass through signals below the
Nyquist, our assumption is not a bad one.

150



Digital Feedback Signal Flow

Compens- Input Matrix
ation Filter Transformation

R e e s
Measurement

Control

Software and User

I
1
I
: Interface
I
I

Actuation

e h Compens- Output Matrix

AEETE SOtienaes 2 ation Filter Transformation

Next, let’s look at the anti-image filter. It turns out, this is very similar to the aliasing
problem.
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Here is an example of a 0.8 Hz sine wave that the DAC puts out, with 16 Hz sampling.
Note all the discrete steps. This happens because the DAC holds its value between
samples (known as a zero-order-hold). The problem with these steps is that all those

little corners generate higher order harmonics. If we take the ASD of this curve, we
see..

Anti-Image filtering

Raw DAC output, before Al filtering

; DAC Output - Sample rate = 16 Hz ’ 0.8 Hz sampled sine wave

0.8
0.6
0.4
0.2
0
-0.2

Signal (volts)

-0.4
-0.6
-0.8

-1

0 0.5 1 1.5 2 2.5 3
Time (seconds)
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Anti-Image filtering

Raw DAC output, before Al filtering
Amplitude Spectral Density of raw 0.8 Hz DAC Output with 16 Hz Sampling

Raw DAC spectrum

DAC Output (V/VHz)

.

-

108 ; *
Nyquist Frequency “

1

. om om omom

102 10
Frequency (Hz)

10 0

...this. Note, we do get a nice peak the desired 0.8 Hz. However, we also get an
infinite series of peaks at all the harmonics.
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Anti-Image filtering

Raw DAC output, before Al filtering
Amplitude Spectral Density of raw 0.8 Hz DAC Output with 16 Hz Sampling
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Like in the aliasing case, we apply a low pass filter to remove all those harmonics.
This is called the anti-image filter.
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Anti-Image filtering

DAC output, after Al filtering
DAC Output - Sample rate = 16 Hz

1

-
==Before Anti-lmage\
== After Anti-lmage

0.8
0.6
0.4
0.2

0

-0.2

Signal (volts)

-0.4
-0.6
-0.8

-1

0 0.5 1 1.5 2 2.5 3
Time (seconds)

After applying the anti-image filter, we now have a smooth 0.8 Hz sine wave. Note,
there is a small phase delay, resulting from the phase loss of the anti-image filter.
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AA & Al filters from Stanford

Analog Al and AA filters 65536 Hz sampling

Frequency (Hz)

s 10 1
P
2 o
° 10
e}
=
€107
@ =Al: 54 k2, 27 nF -> zpk([],-2*pi*109,2*pi*109)
=, =AAI20kQ, 27 nF -> zpk(],-2"pi*295,2"pi*295)
107 o 1 2 3 4
10 10 10 10 10 1Q
§ Nyquist frequency !
o -—— ]
2 a
S-45 1
) 1 2
é? 1 B
& 90 :
10° 10’ 102 10° 10* 10

Here are example anti-alias and anti-image filters from Stanford. The sample rate is
about 65 kHz. Likely, there is no particular reason why the two filters aren’t the same.
They just as well could be. Probably it is because our system is a prototype system
and the components were installed at different times. These filters have just a single
pole, at 109 Hz or 295 Hz. With only a single pole, the pole frequency must be much
less than the sampling rate. See the backup slides describing how we improve on this

with oversampling and the use of additional digital AA and Al filters.
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Here is what some of these components look like at the sites, in their electronics

rack.

L.

- I Electronics

\\ Hardware

\

- AA and Al boards

\j Input/Output (1/0) Chassis
/ - Has the DACs and ADCs
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AA/Al boards

RC circuit: 1
pole frequency =
2nxRC

capacitor

/

resistors

If you look inside an AA or Al board, you’ll see some resistors and capacitors that give
you a single pole low pass filter.
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DAC and ADC cards

A

From T1000422

|/O Chassis

If you look inside the 10 chassis, you’ll see some ADC cards and DAC cards.
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Computers

Front-end computer
Runs the real-time control system
Receives signals from ADC
Sends signals to DAC

Workstation
Runs the user interface

160

For computing, there are two main types of computers. The front-end computer is
the one that runs the controller, and receives signals from the ADC, and sends signals
to the DAC. The workstation is the user interface, which has all the associated user

interface software and diagnostic tools.
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e 00 N\ S1ISI_CUST_CRYO_OVERVIEW.adl
MASTER SWITCH MEDM Screens
AC 2 TEWP
HS1 - PreFilters Coordipate HSL - OutFilters TEWP OutFilters DAC 1
H GO -1.643) renstorn NP -2.cooolR R -2.045oll IS SICRT R 501, 01550 I 554,775
e I e EER Y IEEEE R ffter CP2 | T2 [EXNEZ T |ERBEY
N o o R v MR | ssenn|T BN T EEE
HS bot T4 EEYE 19 EEREE
Test mass | T8 o
QITEMP InFilters
0SEN - Prefilters Coordinate —E::: . fictuators - OutFilters
(O 1171. 2o [T U304 ool Il Tonsform [UR2223. 7530fC R 00000
e TSR v ST (32150, 0750 )3 0.0000 mumnt
H3 m V3 m H3 AENIER v3 0,0000
[HOSEN Alignment. i .
OSEM Alignment
Coord:
Suspension 0SEMs - InFilters Trms‘fr:': Suspension 0SEMs - InFilters
L :  EEEEE 26U Vert, ctuator
R 3 3683 R 259
54213557 | -1.4359) QS Encoder |
Pressure (torr) Current (micro-finps)
Should be Reference GDS_TP screenshots at ETF log 2464
S [
QPressure Honitor | Qiewp Sensor Current | sasr-e| Stanford cryo overview MEDM screen

This is an example of the main user interface screens. These screens are custom
made by the user. In this case, it is for the cryogenics platform at Stanford. The
software is called MEDM. The signal flow follows the block diagram we saw earlier,
with the ADC on the left, the DAC on the right. In between, the sensor signals go
through some compensation filters and matrices. Depending on the sensor group,
those signals are then sent through some control filters, then through some more
matrices and compensation filters, before going to the DAC.
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- OutFilters

o)
v
.

“amsrae| Stanford cryo overview MEDM screen

Each of these boxes you can click on to get more detail. Let’s take a look inside the
OSEM prefilters (or compensation filters).
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8 O 0 \ S1ISI_CUST_CRYO_OSEMPREF_ALL.adl

- T R R S
e el re as e i as LN |

FH6 FH7 FH3 FH9 FH10

Ranp Time (sec):

ctom ]
| ro | _pe | ou | LT
N S O —

e § A § A @il As | Ao

Ramp Time (sec):

Ramp Time (sec):

ummsnm LOAD COEFFICIENTS
O TP
s oar f re fl frs f o |

Ramp Time (sec):

AR1000 c#‘r
]
 ON/TEE &

OSEM input filters screen
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Here you see a list of 6 filter modules, 1 for each of the 6 OSEMs.
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gain + saturation
test excitation limit

Filter input
Filter output

10 filter banks
Up to 20 poles & zeros each

Standard filter module

Let’s focus on just one. This is the standard LIGO filter module medm screen, which is
automatically generated for each realtime filter in the control system. Signals come in
on the left, go through a selection of 10 possible filters banks, and then output on the
right. You can also apply test excitations, offsets, gains, saturation limits, and flip
various switches on and off. Here, since this is a compensation (or calibration) filter,
the 2" filter bank is engaged which converts the raw OSEM signal from units of
counts to microns.
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“amsrae| Stanford cryo overview MEDM screen

Let’s now move along the signal path and look inside the OSEM sensor matrix
transformation.
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OSEM Sensor Input Matrix

O O O N S1ISI_CUST_CRYO_OSEM2CART.adI
H 3 V1 V2
H,22230 [ll-0,6555 . 43320 [0, 00000 [l ooooo [0, 00000

~0,6285 W0, 12170 g0, 50650 W0, 00000 W0, 00000 R0, 00000
0.64430 B0, 64430 WD 64430 W0, QOO0 W0, QOO0 RO, 0000

0,00000 W0, 00000 W0, 00000 W0, 33333 M0 ,33333 M0, 33333

0, 00000 WO, 00000 W0, 00000 M-0,4215 B, 27110 -0, 8396

0, 00000 W0, 00000 e, 00000 B, 21860 m-0, 2356

We see a 6 by 6 matrix, that converts the OSEM signals into an X, Y, Z coordinate
from around the platform’s center of mass, from the original locations of the OSEMs.
3 of the OSEMs measure the horizontal displacement of the 3 corners of the
platform; the other 3 measure the vertical motion of those 3 corners. For example, to
get Z, or vertical motion of the center of mass, we simply take the average of the 3
verticals: (V1+V2+V3)/3.
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foton — install filters

000 \ Foton
Elle Plot Window Help
Design | Graphics |

Module Selection Sectons Switching
Path & Root =l g Setect Single - d ;J Input Zero History v,
e Ouput  [mmediately  ~
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- oo et [
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Plotting

fStart ‘il fStop: '”“"ﬂ Number of Points 1001 §| Type: [Logarthmic  +] Ouration: [ ‘il

Bode Plot | Step Response| s-Plane Roots | Save ad Coefficient Exit |

To load filters into the filter banks of the filter module screen, we use an interface
called foton.
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foton — install filters

80 \| Zero-Pole-Gain
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Bode Plot__| Step Response| s-Plane Roots | Save efficient|

There are various options for entering filters. A simple one is the ZPK option, which
stands for zero, pole, and gain (the name zpk is consistent with matlab notation).
With this zpk option, you simply type in the values for all the zeros and poles for each
of the 10 possible filter banks. Each bank can hold up to 20 zeros and poles.
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Once you have created a filter, you can plot it to make sure it looks the way you
expect. This particular example, is rather complicated. However, this is the beauty of
digital controls, it is easy to make an arbitrary filter just by typing in the values.
Analog filter like this would require a very complicated circuit, and be very difficult to

modify.
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S11SI-CRYD_IS0_Z
CLEAR HISTORY LOAD COEFFICIENTS I
isoZ | isoZ2
FH2 FH3
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! s Rep Time (seu,:
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offset . .
gain + saturation

Filter input o
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Filter output

10 filter banks
Up to 20 poles & zeros each

Loading filter banks

After the filter is loaded into foton, just hit the load coefficients button on the filter’s
medm screen, and this updates the screen.
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Realtime code designed in Matlab

000 slisirpp *
File Edit View Display Diagram Simulation Analysis Code Tools Help
- 8 <« BHe-EB-e ¢ P ¥y~ 2000 Normal BRECR AR

slisi

© [alslisirpp »

EEHEe
¥|v(5|®

UG

Uniresolved
Link

ADC2

¥ B3 B ¥ BV 2285557 57 57 5|77

YA AW R A

=

All the medm screens are just user interfaces for the realtime code running on the
front-end computer. This front-end code is generated by simulink diagrams (through
matlab), which define everything about the control system’s signal flow. It is here
where you decide where the filters and matrices go. You can also setup any kind of
logic or install C code to do what is infeasible in simulink alone.

Here we see the same basic signal flow again. The ADC is represented on the left, the
DAC on the right. There is a CRYO block in the middle that contains all the real-time
software for the stanford cryo platform.
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Realtime code designed in Matlab
Simulink
aFi: ;il View Display Diagram Simulation Analysis Code Tools Help —
- @8 « fe-E-eq0p 3~ 2000 Normal | Q| b
slisi -
; s
5
) Simulink diagram compiled to C code
- On real-time computer

Once you have the simulink diagram the way you like it, you compile it to C code,
which is what actually runs on the front-end computer.
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Realtime code designed in Matlab
Simulink
CRYO block

: : !1 -
= (i LEN o
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”é;g,H _ .
= 7 = -
st Het I8 L B

If you look inside the CRYO block, you see many more sub-blocks. Each block we saw
on the main MEDM screen has a corresponding block here.
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Simulink
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Realtime code designed in Matlab

CRYO/OSEMINF block

If you go into one of the sub-blocks, for example the OSEM sensor compensation
filters, you'll see a set of filter modules. Each of these filter modules has a
corresponding medm filter module medm screen, which we saw earlier.
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Making Measurements

Diagnostic Test Tools (DTT) - Measure TFs and ASDs, etc

Dataviewer — time data plots in real time

For making measurements, 2 of the most common (though not only) software tools
are DTT and Dataviewer.
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\ Diagnostics test tools - ZtoAll_SOmHzres_air_4Mar2016.xml

DTT — make measurements
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DTT is capable of both passive and active (send excitations) measurements. Here is an
example of a transfer function measured on the cryo platform by driving the

actuators and observing the sensor signals.
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800 \ Diagnostics test tools - ZtoAll_SOmHzres_air_4Mar2016.xml

File Edit Measurement Plot Windoy
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Help

Channel 0
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Channel 1
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Start | Pause | Resume Abo |

FRepeat Fourier tools

Excitations are sent by setting them up in the excitation tab. Here we are sending
white noise, filtered by a 100 Hz low pass filter (2 poles at 100 Hz), to the excitation
field of the CRYO_DAMP_Z filter module. This drives the actuators vertically up to

100 Hz.
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600 \ Diagnostics test tools - ZtoAll_SOmHzres_air_4Mar2016.xml
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Measurement Channels
@ Channels 010 15 ¢ Channels 1610 31 ¢ Channels 321047 ¢ Channels 4810 63  Channels 8410 73 C Channels 80 to 35

Help

0 7 [STIS-CRYO_ISO_X_INT 8 [ [S11SI-CRYO_HS10UTF_RZ_INT

1 P [STIS-CRYO_ISO_Y_INT 3 ¥ [STIS-CRYO_HS10UTF_Z_INT

2 ¥ [5115-CRYO_ISO_RZ_INT 10 [ ST1S-CRYO_HS1OUTF_RX_IN1

3 F[S11S-CRYO_ISO_Z_INT 11 [ S11S-CRYO_HS10UTF_RY_IN1

4 [ S115-CRYO_ISO_RX_INT 12 [ $1:5-CRYO_OSEMINF_H1_OUT

5 ¥ [5115-CRYO_ISO_RY_INT 13 [ S11S-CRYO_OSEMINF_Hz2_OUT

6 F[S1:1S-CRYO_HS10UTF_X_IN1 14 [ S115-CRYO_OSEMINF_H3_OUT

Lef L L Led L e e e

7 [ S1:1S-CRYO_HSTOUTF_Y_IN1 15 [ $1:5-CRYO_OSEMINF_V1_OUT

Fourier Tools
Start:[ 0 2{Hz Stop: 1000 2{Hz BW:[ 005 2]Hz Setting Time:[ 100 2%
Window: [Hanning ~] Overap:[ 5004{% [ Removemean  Number of A channels 03

Averages |o§ Average Type: @ Fixed  Exponential C Accumulative

Start Time

& Now € In the future. 0:00:00 3 hmm:ss
© 6ps: [ 1125956635 2sec | 0 2 nsec € Inthe past 0:00:00 2 hhumm:ss

Measurement Information

Measurement Time. |D4/03/2016 23:34:32 UTC Comment / Description:

¢ Dateime: [ 10372015 §| dammsyy [ 214659 ﬂhh mm:ss UTC = Tea) Siow down: [ 03] secavrg

i i edudid

Start Pause | Resume

Eager oo

You can choose many, many channels to observe. Here the data is being collected up

to 1000 Hz, with 0.05 Hz resolution (BW=frequency bin-width).
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Dataviewer — realtime data

File Frames

|\| Data Viewer

Help

Type Full

= I Hode Standard — I

Input ] Display ] Signal ] Realtime ] Playback ]

Trigger —

Ch 1 —| A0n

Resolution 128 —JI Refresh 1 —II

Above — | I:I).OO

Ch 1—l|

Trace Color

Delay

Red r | Sec

¥ Axis
0 _||

8—l|

S1:ISI-CRYO_ISO_X_IN1_D0
¥ Axis

Max |5.00 Scale  Lin —II

tin |F5.0  ( Unit I7 Auto

A Highlight I Filter .1 Global

) Stop I

C=J

F1
w2
2003
4
45
A6
A7
18

—Signal —

ol

110
11
412
413
114
A15
16

|L:

S1:ISI-CRYO_ISO_K_IN1_D0

2:
3:
4:
5:
B:
7
8:
9
102
11
12:
13:
142
15;

162

Connected to slisi

S1:ISI-CRYO_ISO_Y_IN1_DO
S1:1SI-CRYO_IS0_Z_IN1_D0Q
S1:ISI-CRYO_ISO_RX_IN1_DO
S1:ISI-CRYO_ISO_RY_IN1_DO
S1:ISI-CRYO_ISO_RZ_IN1_DQ
S51:ISI-CRYO_HS10UTF _¥_IN1_DQ
S1:ISI-CRYO_HS10UTF_Y_IN1_DQ
S1:ISI-CRYO_HS10UTF_Z_IN1_DQ
S1:1SI-CRYO_HS10UTF _RX_IN1_D
S1:I1SI-CRYO_HS10UTF_RY_IN1_D
S1:I1SI-CRYO_HS10UTF_RZ_IN1_D
S1:1SI-CRYO_PTORR_INL_DO
S1:FEC-7_ADC_OVERFLOW_0_2
S1:FEC-7_ADC_OVERFLOW_0_3
S1:FEC-7_ADC_OVERFLOW_0_4
Running,

18(

Dataviewer is sort of like an oscilloscope, and is useful for watching the realtime, time

domain signals.
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Dataviewer — realtime data

eno \ Grace: Untitled (modified)

DAQS Data Display 2 Channels at 16-04-08-19-57-41

Ch 2: SI:ISI-CRYO_ISO_Y_INI_DQ

Ch 1: S1:ISI-CRYO_ISO_X_INI_DQ

Here is an example of 2 signals being monitored in realtime with Dataviewer, with

the settings shown on the previous slide.
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File Frames

Dataviewer — past data

|\ Data Viewer

Help

Start |

Stop I

v Multi ¥mgr

7 Min I~ Max I~ Mean

Input] Displag] Signal ] Realtime ]

Playback Data Signal —
¥ MM DD HH MM SS GPS « Full Data F1 49
Iil‘E |I4 Ih2 Iﬁ‘B I22 IPO IH']'M520558 « Second Trend | I 2 110

= P = o »
it I 1 I_{ I; I; Il Minute Trend | 43 111
Use— Time v 10min Trend | 14 112
Time N

’/A UTC + GPS MI Stop | wHour Trend | 45 113
e — | fr‘aph Mode Show A6 114
Standard | ¥ ayis Time UTC — | 47 415

I” Auto Setting A (D
I ¥ Grid I Y Grid | <8 16

|L:

S1:ISI-CRYD_ISO_K_IN1_D0

2%
55
4
[
62
Iies
8:
9
102
112
i
132
14:
152
162

Connected to slisi

S1:ISI-CRYO_IS0_Y_IN1_DQ
S1:1SI-CRYO_IS0_Z_IN1_D0)
S1:IST-CRYO_ISO_RX_IN1_D0)
S1:ISI-CRYO_ISO_RY_IN1_D0
S1:ISI-CRYO_ISO_RZ_IN1_D0)
S1:ISI-CRYO_HS10UTF_¥_IN1_DQ)
S1:IST-CRYO_HS10UTF_Y_IN1_DQ)
S1:1SI-CRYO_HS10UTF _Z_IN1_DQ
S1:1SI-CRYO_HS10UTF_RX_INL_D
S1:IST-CRYO_HS10UTF_RY_IN1_D
S1:ISI-CRYO_HS10UTF_RZ_IN1_D
S1:IST-CRYO_PTORR_IN1_DQ)
S1:FEC-7_ADC_OVERFLOW_0_2
S1:FEC-7_ADC_OVERFLOW_0_3
S1:FEC-7_ADC_OVERFLOW_O_4
DataView

Dataviewer can also plot trends from past data.
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Dataviewer — past data

\ Grace: Untitled (modified)

Trend from 16-04-11-18-23-44 10 16-04-12-18-17-44

Ch 2: SI:ASI-CRYO_ISO_Y_INI_DQ

Here is the trend data plotted from the setting shown on the previous slide. It
includes 1 day of data, with 1 minute trends. For each minute there are 3 data points
displayed, the average in red, the max value in black, and the min value in green. You
can do trends with 1 second resolution, 1 minute, 10 minute, and 1 hour. You can
also look back at the raw data.
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Lecture 3

G1600726

This part of the lecture discusses digital control theory. All the control theory we
spoke of up to now is for continuous linear systems. Strictly speaking, sampled digital
systems are not linear, so the same control theory does not apply. In most cases, the
sample rates we use are fast enough that linear control theory is a very good
approximation, and may be used. Thus, in most cases you won’t need what is shown
here. You may need it if you’re pushing your control close to the Nyquist frequency.

In any case, it is good to be familiar with it because this represents what is actually
going on in the realtime computer.
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dt

y(k+1)=y(k) + ay(k) = x(k)
dt

y(k +1) = dt[ x(k) - ay(k)] + y(k)

Filters: Continuous to Digital

Conversion
)7 +ay=x Differential equation: continuous time
' k+1)=v(k Approximation of derivative,
~ y( ) y( ) where k is the current sample

Approximation of EOM

Difference equation: digital

Continuous time filters can be converted to digital time. This is done by taking a

continuous time differential equation and converting it to a digital difference

equation, the digital time analog for an equation of motion. To do this, you make a

sample based approximation for the derivative.
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Z-Transform

Analogous to the Laplace s-transform for continuous systems

d/dt -> s for continuous systems
k+1 -> z for digital systems

To generate the frequency domain filter, we use the digital time analog for the
Laplace transform, the z-transform. The Laplace transform does not apply because
the system is no longer linear. The Laplace transform gives you an s for every derivate

(1/s for integrals); the z-transform gives you a z for every future sample (z*-1 for past
samples).
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Z-Transform

Analogous to the Laplace s-transform for continuous systems

d/dt -> s for continuous systems
k+1 -> z for digital systems

Digital . Continuous
Difference equation Differential equation
y(k +1)=dt[x(k) - ay(k) ]+ y(k) jray=x

Here is a table comparing digital time to continuous time. In digital, we have
difference equations. In continuous, we have differential equations.
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Z-Transform

Analogous to the Laplace s-transform for continuous systems

d/dt -> s for continuous systems
k+1 -> z for digital systems

Digital , Continuous
Difference equation Differential equation
y(k+1)=a't[x(k)—ay(k)]+y(k) y+ay=x
z-transform | s transform
yz=dt(x—ay)+y ys+ay=x

Digital has the z-transform for the frequency domain, continuous has the Laplace
transform for the frequency domain.

188



Z-Transform

Analogous to the Laplace s-transform for continuous systems

d/dt -> s for continuous systems
k+1 -> z for digital systems

Digital , Continuous
Difference equation Differential equation
y(k+1)=a't[x(k)—ay(k)]+y(k) y+ay=x
z-transform s transform
yz=dt(x—ay)+y ys+ay=x
Transfer function ' Transfer function
3 dt N 1
z+dt*a-1 y=s+ax

Transfer functions have the z variable in the digital domain, and the s variable in the
continuous domain.
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Z-Transform

Digital Continuous
Difference equation Differential equation
y(k+1) =dt[ x(k) - ay(k)]+ y(k) y+ay=x
z-transform s transform
yz=dt(x—-ay)+y ys+ay = x
Transfer function ' Transfer function
B dt B 1
z+dt*a-1 y=s+ax

Frequency domain interpretation | Frequency domain interpretation

Adding another row, while in the continuous domain, s relates to frequency by
s=i*2*pi*frequency, in the digital domain, z = exp(i*2*pi*frequency/
SamplingFrequency).
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Z-Transform

Digital
Difference equation
y(k+1) = dt [ x(k) - ay (k)] + y(k)
z-transform
yz=dt(x—-ay)+y

Transfer function

dt
=X
z+dt*a-1
Frequency domain interpretation
21 .
i—=f 1 where

1

f f.>f

Continuous

Differential equation
y+ay=x

s transform

ys+ay=x

Transfer function

1

s+a

y= X

Frequency domain interpretation

s=i2xf

Note, that as the sampling frequency becomes very large, z starts to look more like s
(normalized by the sampling frequency). In general, as the sampling frequency
becomes large, the digital and continuous domains converge to the same solution

(modulo some scale factors).
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Digital

imaginary axis

T 05 0 0.5
real axis

y= dt B
z+dt*a-1

imaginary axis
o

a=0.5rad/s
dt=0.1s

Complex plane pole-zero map

Continuous

0
real axis

In the continuous domain, we have the complex plane, in the digital domain the
complex unit circle. This slides shows the same low pass filter in its digital and

continuous time equivalents.
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Complex plane pole-zero map

Digital Continuous
1 10 .
0.8 8 :
08 5 Stability:
) Poles must in left half plane (LHP)!
0.4 Stability: 4 :
2 02/ Poles must be inside unit circle! 2 o ;
© . ©
>
-g 10 SO USTTT SUPUURSSRE Henenenenenenan g 13 J P S
g-o.z g -2
T 04 T o4
-0.6 6
-0.8 -8
= -0.5 . "% -5 (:) 5 10
real axis real axis
dt 1
— X a=0.5rad/s y= X
y Z+dt*a 1 dt=0.1s S+a

For stable continuous systems, poles must be in the left half plane (LHP). For digital
systems, the poles must be inside the unit circle.
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Digital

imaginary axis

T 05 0
real axis

y= dt B
z+dt*a-1

0.5

imaginary axis
o

a=0.5rad/s
dt=0.01s

Complex plane pole-zero map

Continuous

0
real axis

If we increase the sample rate, we see the digital pole moves closer to the z = 1 point.
| have increased the sample rate a factor of 10 here.
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Complex plane pole-zero map

o~ * .
D|g|ta| Zp()[e ~1+dt Sp()le Continuous

10
8 :
For small dt, the region around
z=1 looks like the continuous time
4
v v complex plane
s X 2
©
> >
L 0 R S S %% R L P S
£ <
- -4
-6
-8
4 05 0 05 1 %0 5 0 5 10
real axis real axis
dt !
y= X a=0.5rad/s y= X
- . dt=0.01s Ss+a
z+dt*a-1

As the sample rate approaches infinite, it turns out that the region aroundz=1
approximates the continuous time complex plane (modulo some scale factors). This
visualizes why continuous control theory may be used when we have sufficiently high
sample rates. In general, a rule of thumb for a sufficiently high sample rate is one that
is 2 orders of magnitude higher than the frequency of your poles and zeros. Beyond
that you have to start taking into account the phase loss from the AA and Al filters, as
well as the phase loss from the sampling itself (there is a delay between each sample,
resulting in a frequency dependent phase loss, see this lecture’s backup slides).
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Matlab has various conversions from
Laplace to Z

1
Continuous time TF HAM_ISI =

1900 s"2 +3092 s + 1.258e05
Digital_filter = CZd(HAM_ISI ,0.001,"Z0H") First order hold

2.63e-10 7 + 2.629e-10 0.001 = sample time (s)

z"2 -1.998 z + 0.9984

Digital filter = c2d(HAM ISI,0.001,’tustin’)
1.315e-10 z*2 + 2.629e-10 z + 1.315e-10

z/2-1.998 z + 0.9984
Digital filter = c2d(HAM ISI,0.001, 'matched’)

2.629e-10z + 2.629e-10

z"2 -1.998 z + 0.9984

| showed a very simple conversion from continuous time to digital time when |
introduced the difference equations (the simple derivative approximation). Matlab
has a number of better conversions (in fact the one | showed is so naive matlab
doesn’t even list it as an option). These conversions are done in Matlab with the c2d
command (continuous-to-digital). The command inputs are the continuous time
system, the sample time (in seconds), and the type of conversion. The third input is
optional, it defaults to ‘ZOH’ (zero-order-hold) if not included.
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Magnitude (abs)
e 3 3
o (]

o
o

14

' ' o
o »
o O o

Digital TF Bode Plots

HAM-ISI force to displacement

nyquist

—~_]

=== Continuous time
=== digital euler approximation
digital ZOH approximation

Phase (deg)
g 3

n
N
()

-270
0 1 01

Frequency (Hz)

-
O.
)

Here are some bode plots of those c2d conversions, plotted against the continuous
filter in blue. The red one is the naive basic derivative approximation one | introduced

with the difference equations (that matlab doesn’t even include).
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Magnitude (abs)
3
>

o
o

-14

o
o

Phase (deg)
3

Digital TF Bode Plots

HAM-ISI force to displacement

nyquist

~

w== Continuous time
=== digital 'tustin' approximation
digital 'matched' approximation

10° 10
Frequency (Hz)

Here are some more bode plots of those c2d conversions, plotted against the
continuous filter in blue.
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Lecture 3 Summary

ADCs and DACs are used to sample signals and
move them into and out of the computer.

Anti-alias and Anti-image filters smooth over the
transitions through the ADC and DAC to remove
unwanted high frequency content.

LIGO has various software tools for controlling
and interfacing with realtime systems.

The z-transform is the digital equivalent to the
Laplace s-transform (needed since sampling is
nonlinear).
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Lecture 3 — Backups

G1600726
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Oversampled Signal Flow

Digital Down- Compens-

sensor sampling J| ation Filter

Measurement
. Decrease sample rate
1
: Control
Analog |
: Interface
|
I Increase sample rate
Actuation

Up- Compens-

I

|

i |

sampling [ ation Filter L I
I

1
|
1
1
1
1
1
1
1
I
1
Software and User §
1
1
1
1
1
|
1
1
1
1
1
1
1

This is a more realistic representation of how the sampling actually occurs in LIGO
systems. Because analog AA and Al filters are very simple (typically a single pole),
there phase loss extends to very low frequencies. So what we do is we sample at a
much higher frequency then what we actually need, so we can push the poles of the
analog filters higher in frequency. This minimizes the phase loss at the frequencies
we care about. At the sites, all systems are sampled at 65536 Hz, while the control
systems run at 4096 Hz for the ISls and 16384 Hz for the suspensions. The control
systems need to run at the slower rate because they need sufficient time to do all the
necessary computation in each clock cycle. To bridge the gap between the fast
sampling of the ADC and slow sampling of the control system, we use digital AA and
Al filters. Since these are digital, it is easy to make these with many poles and zeros in
order to optimize their phase loss and filtering properties as much as possible. The
next slide shows the digital AA and Al filter used for the ISls.
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o

Oversampled Signal Flow

The ADC and DAC sample at 65536 Hz, the controller samples at 4096 Hz

LIGO 4096 Hz Digital AA and Al filter

= -
O_.‘O

102 10° 10

Nyquist frequency

on31-Mar-2016

-
-
-

‘Greated by AA_AT_Digital_Analog_filers

This is the digital AA and Al filter used for the ISIs (same filter for both). It bridges the
gap between the 65536 Hz sampling of the ADC and DAC and the 4096 Hz sampling
of the control system. This would require a relatively complex circuit design to realize

with analog components.
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Sampling Phase Loss

Phase delay from a 4096 Hz sample rate

-20

-40

-60

-80

-100

Phase (degrees)

-120

-140

-160

-180

1072

Nyquist Frequency /

10 10
Frequency (Hz)

TR L R e

Sampling causes a phase delay because you must wait for the next sample time
before the control system updates. This phase, in degrees, is —360*frequency/
(sample frequency); that is just the time between samples converted into phase for a
given frequency. Note, you will have additional phase loss from both the anti-alias

and anti-imaging filters.

203



ISO Block

'\ SLISI_CUST_CRYO_ISO_ALL.ad!

Example medm screen for an isolation block. Note the guardian states on the right.
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LIGO

General BackUps
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Advanced LIGO

A single output chamber is complicated!
HAMS :

Output Faraday }
Single Suspension
—

Signal Recycling
(Mirror) 3

Signal Recycling
Mirror
Small Triple Suspension

Lots of practical stuff removed for demonstration
» Vacuum chamber

» SUS sensors

v, May 17BQ Stops;-Loekers
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LIG
vuRGg

BSCs — core optics

N hydraulic external pre- active isolation
N‘ JJ 1 '4‘, b 1 isolator (HEPI) (one platform (2 stages
g " <1 stage of isolation) of isolation)
. \

quadruple pendulum (four
stages of isolation) with

monolithic silica final stage
24 Aug 2014 - Stanford - G1400964 207
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Hybrid Systems
Advanced LIGO - The Design

« 7 Stages of Isolation

« Hydraulic Preisolation
« Blade spring and wire flexures
« Monolithic Final Stage
+ 6 DOF sensing on stages 1 -4, 3DOFon5-6
* Inertial and displacement on stages 1-3
« Displacement only on stages 4 - 6

« 6 DOF DC - 1kHz actuation on Stages 1 — 4, 3 DOF on 5
-7

* (6+6+6+[3*6+4]) = 40 out of 42 Trans./Rot. resonant
modes sensed and controlled

* Many-control-loop system

« Sensor blending, Feed back, Feed forward, Sensor
Correction, Heirarchical control

« Versatile 800 kg payload

- Stage 1 - 3 “Performance limited by sensor noise,”
e 4 — 7 “Performance limited by direct

transmission of platform motion”
G1200556-v1 J. Kissel, GWADW, May 17 2012 208
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Sensor Noise
Inductive Displacement Sensors

allGO Pre-isolator

Current and Future Displacement Sensor Noise

aLlGO Stage
21SIs

J. Kissel, GWADW, May 17 2012

G1200556-v1 i

& (All curves based on measurements)
10 T T r
107}
—10° 1
N
T
£
E10°} :
Inductive g
VIRGO / GEO / KAGRA SAS £ 0 ——
g § 10 Linear i
2 Range 4
a 1o~"1}|—1.00mm Kaman 1]
—1.00mm MicroSense d
—0.25mm MicroSense i
_12||=—0.70mm BOSEM
~—0.70mm AOSEM ]
— ~10.0mm LVDT
Cﬁggcs'?"e . —3.00mm EUCLID
a age i i
Isls 107" 10° 10' 10
Frequency [Hz]

Shadow Sensor

7 aLlGO SUS Top Stages

AEI 10m SUS Top Stages

Shadow Sensor
alLlGO SUS Lower
Stages

Interferometeric,
U of Birmingham
Prototype (As yet
Non-UHV Comp.)
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Sensor Noise
Inertial Sensors

Current Inertial Sensor Sensor Noise
(Some Specs, Some Measurements)

allGO
Stage 1
&2 1Sls

——Sercel L4C (Spec)
——LIGO/GeoTech GS13 (Meas)
——Nanometrics T240 (Meas)
~—— Strekheisen STS-2 (Spec)
—Virgo ACC, LVDT R.O. (Meas) allco
~—AEI ACC, LVDT R.O. (Meas) Stage 1
—Nihkef AGC, IFO R.O. (Horz. Spec) ISls

allGO Pre-isolator Stage 10"
allGO Stage 0 & 1 ISIs
AEI-SAS Vert. Witness

E

Displacement [m/rtHz]
S

alIGO Pre-isolator Stage 10 ¢
1043»
_14
107
-15,
10 - i
107 10™ 10° 10' 1@ 5 ,5, e
8 Frequency [Hz] Ol
= aVIRGO MultisAs | || ' I et
AEI-SAS Horz. Witness Horz. Witness ?”’
(Watt Linkage) 120055601 J. Kissel, GWADW, May 17 2012 (Watt Linkage)

210



SEl Sensors and Their Noise

IPS “Low” Frequency CPS
Kaman’s Inductive Position DC MicroSense’s Capacitive
Sensors Displacement Sensors
Used On: HEPIs Used On: HAM-ISIs and BSC-ISIs
Used For: < 0.5 Hz Control, Static Used For: < 0.5 Hz Control, Static
' Alignment Alignment
| Used ‘cause: Reasonable Noise, Used ‘cause: Good Noise, UHV
Long Range compatible
g Hang 10@mHz P
STS2 T240
Strekheisen’s STS-2 Nanometric’s Trillium 240
Used On: HEPIs Used On: BSC-ISIs
Used For: 0.01 < f < 1Hz Control Used For: 0.01 < f < 1Hz Control
Used ‘cause: Best in the ‘Biz Used ‘cause: Like STS-2s, Triaxial,
below 1 Hz, Triaxial no locking mechasim -> podded
18Hz
GS13
L4C

GeoTech’s GS-13
Used On: HAM-ISIs and BSC-ISls
Used For: 2 0.5 Hz Control
Used ‘cause: awesome noise
above 1Hz,
no locking mechanism -> podded g0 Hz
“High! frequency

Sercel’s L4-C
Used On: All Systems
Used For: 2 0.5 Hz Control
Used ’cause: Good Noise, Cheap,
no locking mechanism -> podded
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(Courtesy of
Brian Lantz)

Sensor size and noise

10"

et |

— Seismometer

From G1400311

212
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LIG

4 Optical Sensor ElectroMagnet (OSEM)

Birmingham OSEM (BOSEM) Advanced LIGO OSEM (AOSEM)
- modified iLIGO OSEM

Fhex el Flag hiagnes LED Photodetector
— Magnet Types (M0900034)
: :‘ + BOSEM — 10 X 10 mm, NdFeB,
l SmCo
Fig 10 X 5 mm, NdFeB, SmCo
— * AOSEM -2 X3 mm, SmCo
2 X6 mm, SmCo

“onnect Photodetector .
Connector Coil Actuator

BOSEM Schematic 24 Aug 2014 - Stanford - 61400964

2 X 0.5 mm, SmCo 213
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HS1 Geophones

- >
http://Mom/hs-r ustri

214
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Geophone Schematic

Leads

Y™
+ -
Springs

")Inenkﬂ
mass
> Coil

Source: http://newsline.linearcollider.org/readmore_20070809_ftr1.html
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