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What is Digital Signal Prossesing?

DSP is different from other areas of computer science because it uses
signals. And we get these signals normally using a sensor that measures
data from real world, like vibrations, images, sound, etc. An analog-to-digital
converter is needed in the real world to take analog signals and convert them
into 0's and 1's for a digital format.

DSP is the mathematics, algorithms and the techniques used to manipulate
this signals.

While an analog system (filter as example) would use amplifiers, capacitors,
inductors, or resistors, and be affordable and easy to assemble, it would be
difficult to calibrate or modify the filter order.

However, the same things can be done with a DSP system, which is easier to
designh and modify (Software-based).
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ADC and DAC

Analog to Digital Converters (ADC) and Digital to Analog Converters (DAC)
are essential components for DSP. These two converting interfaces are
necessary to convert any analog signal and process it.

Analog Digital Digital Analog
Signal . Signal Signal ‘ :
——* Sampling DSP Reconstruction ->9%3,

The ADC converts the analog signal collected by an input into a digital
signal. And DAC will convert the already processed digital signal back into
the analog signal.

z(t) —— ADC DSP - DAC — y(t)

zp k] yp [k
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Analog-Digital diagram
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Different types of signals
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Discrete time and discrete amplitude.
Amplitude levels are not always evenly distributed.
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Deterministic and Stochastic signals

Deterministic signals: Can be specified completely for any moment of time by
functions or systems of equations.

Stochastic signals: They take random values and can only be characterized
statistically.

The signals in real operating conditions are stochastic.
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Analysis in frequency domain 1

There are two ways to perform the analysis in frequency, one is through the
FFT analyzer and another is through digital filtering. The principle of Fourier
analysis is that every periodic function can be represented by a series of sines
and cosines.

To obtain the vibration amplitudes of each frequency it is necessary perform
a frequency analysis. For this purpose a filter is used that only allows pass
those parts of the vibration that are contained in a narrow range of
frequencies. The bandwidth of the filter used moves continuously throughout
of the entire frequency range of interest to obtain the separate vibration
levels for each frequency band.

KAGRA Lecture 3 for students 16.08.201/8 o



Analysis in frequency domain 2

The narrower the width of the filter for the analysis, the more detailed the
information obtained but more time requires analysis.

In the ideal step-band filters it is only possible to pass the signals with the

frequency indicated by the filter, but this is not really the case. Actually,
signals outside this range also pass through the filter, although attenuated.

There are two types of bandpass filters:

* Filters with constant width for the entire frequency range. A linear scale
should be used and more are used to measurements of vibrations.

* There are other filters with relative width, where the central frequency
determines the lower and upper limit. What are they normally used for?
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Analysis in frequency domain 3

There is a very important relationship in the frequency analysis. Where
B represents the bandwidth of the filter (determines the resolution in
frequency) and T represents the time that is being measured. This
relationship it is sometimes called the Uncertainty Principle.

BT =1

7
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Discrete Fourier Transformation (DFT) 1

The Discrete Fourier Transform (DFT) is the equivalent of the continuous Fourier
Transform for signals known only at instants separated by sample times T (i.e. a
finite sequence of data).

The Fourier Transform of the original signal, f(t) , would be
m .
Fljw) = f F (et qt
— 00

We could regard each sample f[k] as an impulse having area f[}f} Then,
since the integrand exists only at the sample point:

F(jw)

(N—1)T _
f f(t)e @tdt

= fl0]e™0 + f[1]e™T + .+ flk]eT kT 4+ f(N —1)e i@ N=IT
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Discrete Fourier Transformation (DFT) 2

Since there are only a finite number of input data points, the DFT treats the data
as if it were periodic.
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(a) Sequence of N = 10 samples. (b) implicit periodicity in DFT.
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Discrete Fourier Transformation (DFT) 3

Since the operation treats the data as if it were periodic, we evaluate the DFT
equation for the fundamental frequencies and its harmonics.

w =10 il 27T><2 Qﬂx-n, 27T><(“~.5r 1)
Y=SNTNT T NT T NT TV

Or in general:

Zf e I (n=0:N—1)

F[n] if the Discrete Fourier Transform of the sequence f[k]. And we can also write
this equation in matrix form as:

FlO W) owh) owd - wo ] 1

‘ N— 1

I I T
FIN - 1] Wl wh w2 (NN JIN - 1]

2n/N

Where H{ﬁ-r = E_j‘ and [W]nj:_' = I:W]kﬂ y W = WT ’ W"‘El = W.:-'r.

12
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Fast Fourier Transformation (FFT) 1

Summary:

A Discrete Fourier Transform (DFT) is the name given to the transform of
Fourier when applied to a digital (discrete) signal instead of an analog one
(continuous).

A Fast Fourier Transform (FFT) is a faster version of the DFT that can be
applied when the number of samples of the signal is a power of 2.

The FFT functions are symmetrical, which means that their output includes
negative frequencies, that exist purely as mathematical properties of the
Fourier Transform.

The first half of the FFT output contains frequencies from 0 Hz to the Nyquist
frequency, and the second half is an image with negative frequencies.

13
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Fast Fourier Transformation (FFT) 2

The discrete version of the Fourier transform is as the following: (in which N
represents the number of samples taken from the analog signal).

201, 7T 201,77
Ly W b.sen( k

N
) d, :LZ.TR_ cos(

In this case, the coefficients to calculate are a_i and b _.i. If there are N samples,
the above system of equations can be written in matrix form by calling ‘X' to
the sampled vector, 'a’ to the vector of coefficients to be determined and 'C’ to

the matrix containing the harmonics.

X=Cua=>a=C'X

An FFT calculation takes approximately N - log2 (N) operations, while DFT
takes approximately N*2. .. What? Why is it faster? What is a butterfly

diagram? 14
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Sampling Theorem

Nyquist, Shannon, ... theorem: It defines the sampling frequency which allows
ideal reconstruction of the signal.

Iy 22,

1aX

The limit case or Nyquist limit is when Fs=2 fmax. This means 2 samples for the
period of fmax, which could coincide with zeros of the signal, so is safer to set
Fs>2 fmax.

15
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Aliasing

Distorsion the spectral composition of a signal produced because of an
inadequate sampling :

In order to detect a certain frequency f it is necessary to sample so that there are
at least two points per cycle, that is, the sampling frequency fs must be fs> 2f.
With fixed fs, the higher frequencies of fs / 2 (Nyquist frequency) will appear in
the sampled signal as frequencies less than fs / 2.

Se ife

G(f) G(f)
A

l/\ > f >f

0 fc 0 fC

Is always necessary to have an anti-aliasing filter (Low pass filter)! 16




Leakage Effect

Spectral leakage is a fundamental effect of the DFT. It limits the ability to detect
harmonic signals in signal mixtures

It is because the Discrete Fourier Transform assumes that the signal is periodic
in the sampling length. It can be avoided by using window functions, which
multiply the original signal or by increasing the resolution in frequency.
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It can produce a significant error when the response has very narrow
resonances compared to the resolution used. They appear in the analysis

wider and less pointed.
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Transfer functions 1

Transfer functions are a method of characterizing the behavior of linear systems.
They measure the relationship between the input and output of the system at a
variety of frequencies. Measuring the response over the full spectrum of
frequencies will capture all there is to know about the system's behavior.

With a precisely measured transfer function, is possible to reconstruct the
equations of motion of the system and predict exactly how it would respond to
any input.

flx+y)= f(x)+ f(y)

Note: Pendulums are nonlinear, but
for small motions, we can accurately
flaz) = af(z) pretend they are linear.

18
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Transfer functions 2

When a system first receives an input excitation there are usually some
temporary transient behaviors, related to motion at the resonance frequencies.
This transient response will decay due to the natural damping of the system
leaving behind only the forced response at the frequency of the input. The time
after the transient response decays is called the steady state.

The simplest way to measure a transfer function is to inject a force into the
suspension in the form of a sine wave at some frequency and amplitude. After
some amount of time the suspension responds by moving at this same
frequency. From this response we can get the amplitude and phase (or ‘time-
delay'). Often, the suspension will not respond immediately to the input so the
response sine wave will be shifted out of phase with the input sine wave. This
time delay is typically measured in units of degrees.

19
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Transfer functions 3

This input-output relationship is shown graphically. In this figure, input and
output waveforms of 1 Hz are shown. The transfer function values in this
example would be a magnitude of 1/2 and phase of 180 degrees because the
output is half the input and shifted out of phase. If we record these two values

over a range of frequencies and plot the results we would have generated a
transfer function.

Example Input and Output 1 Hz Waveforms for a Linear System

agnitud

0 0.5 1 1.5 2 2.5 3 35 4
Time (sec)

Transfer functions can have units as well. If the input was in N and the
output in m, then the magnitude plot would have units of m/N.
20




Transfer functions 4

This method of measuring a transfer function is called a swept-sine or stepped-
sine because individual sine waves are tested in increments of frequency. It has
the advantage of being very precise, but slow.

A faster method is to inject an input that has a spectrum of frequencies. The
transfer function is then the spectrum of the output divided by the spectrum of
the input. Since each signal is spread over an entire space of frequencies the
measurement is less precise because each frequency has a weaker signal and
any noise present becomes more signicant.

One can limit the range of frequencies injected to a limited band to improve the
accuracy (As the bandwidth goes to zero reconstructs the swept-sine case).
Also, one can repeat this measurement a number of times and then average all
the results together to get a more accurate measurement. Then you only need to
take enough averages to get the precision you need.

Diaggui (DTT) can measure transfer functions using both of these methods.

21
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Diagnostics test tool (DTT) 1

DTT can perform stimulus-response tests. Like: (i) sine response tests, which
include multiple stimulus and multiple response, harmonic distortion and
twotone intermodulation, (ii) swept sine response which determines TFs, (iii)
FFT tools which perform power spectrum estimates and cross-correlation
measurements and can also determine TFs, (iv) time series measurements which
measure the response to a trigger signal, and (v) pseudo-random stimulus
response tests which utilize wide-bandwidth excitation signals.

DTT s opened either by clicking on the appropriate icon or typing the word
diaggui into a terminal.
=) /bin/bash
controls@ | ~> diaggui&

[1] 16256

controls@ | ~>

—-— Diagnostics test tools
File Edit Measurement Plot Window Help
Input IMeasurement' Excitation | Resut |
ata Source ion
< & Online system User NDS 0 NDSZ2 & LiDak " Reconnect Clear cache |
—MDS Selection
gerver.  [kinds1] ~| ot [ soss £
—LiDaX Data Source
Server: Isingle jIanaI file system j &dd... | Channels: | aelect... |
LDH: I j bdaore... | Keep: I—DSD:I hih:mm Staging... |
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Diaggui (DTT) 2

Transfer function tests are most extensively used to check the overall behavior
during alignment, and commissioning. These checks, known as diagnostic transfer
functions, generally involve comparing a recently measured transfer function to a
previously measured reference that was known to have a good response.

Input |Measurement| Excitation Result I
ﬂ Transfer function |
@
) 0000 OO O 0 5 W S O O U0 0 £ % U M S O U O U I U AU A
)
°
= O OO OO O T OO T oo UUo O 0 SO oo U M SO O VO VAo SOOI SOV T
= L B R . h . R e —
- :
.
S 100
-120 : ________________________________________________________________________________________________________________________________________________________________________________________
1 40 :_:-_ -K'l:Vls--SHf.i_lf;ﬂ_bA-MP_-L-_lﬂ‘l fK1:\.'.‘IS-SH.;J_IM-_TI-ES'I-'_I-._I-E!.{é
- - K1:VIS-SR3_IM_DAMP_L_IN1(REFO0) / K1:VIS-SR3_IM_TEST_L_EXC(REF0) IR
i =TT TTTT | T T T TTT1 | T T T TTT1 | | PoioiqiTl
10™ 1 10 10°
Frequency (Hz)
*T0=07/08/2018 02:16:19.007812 Avg=5 *BW=0.0468749

Reset | Zaam | active | ey |

Options... | Impaort... | Export...

Reference... | Calibration... | Frint...




Diaggui (DTT) 3

Measurements are set in the 'Measurement' tab of diaggui. The type of
measurement is chosen in the ‘Measurement' box at the top of this screen.

File Edit Measurement Plot Window

Input ~ Measurement I Excitation Result

@ Fourier Tools ¢ Swept Sine Response Sine Response Triggered Time Respanse

|'rv1|aasurement

For diagnostic transfer functions there are two options:

Fourier Tools: quick choice white noise excitations. These excitations allow one to
measure all frequencies simultaneously.

Swept Sine: It will measure one frequency at a time, which is generally more
precise but takes longer. But, the swept sine option does not handle large
resonance peaks well.

Because the suspension will still be resonating when measuring nearby
frequencies. Ideally, one would want to damp these resonances between each
frequency measurement, but diaggui does not allow this.

24
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Diaggui (DTT) 4

The measured signals are listed in the ‘Measurement Channels' box. For diagnostic
measurements you can chose to check the coupling behavior and symmetry of the
responses. First figure is from medm screens (sitemap) and secod is from diaggui.

ADC -
HL) 'L FROM TH STAGE Pm— [ “ -
I IM TEST [
INF‘LIT FILTERS IH DAHP o
S CHCEMTERING
—Measurement
¢ Fourier Tools € Swept Sine Response ¢ Sine Response 0 Triggered Time Response
—Measurement Channels
¢ Channels 0to 15 € Channels 16t0 31 & Channels 32 to 47 ¢ Channels 45 t0 63 ¢ Channels 64 to 79
0 ¥ K1:I5-3R3_IM_DAMP_L_INT x| 8
1 ¥ [ K1:VI5-5R3_IM_DAMP_T_IN1 = s
2 ¥ [ K1:¥I5-SR3_IM_DAMP_Y_IN1 = 1|
3 ¥ | K1:¥I5-5R3_IM_DAMP_R_INT = 1|
4 [ | K1:¥15-5R3_IM_DaMP_P_INT x| e
5 ¥ | K1:VI5-SR3_IM_DAMP_Y_IN1 = 1
B | K1:VI5-SR3_BF_DAMP_GAS_IN1| = 14|
sl =l 150 25
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Diaggui (DTT) §

Fourier tools:

Diaggui will take the measurement in the frequency band from the 'Start’ field to
the 'Stop’ field at the resolution of the 'BW" field. The smaller the 'BW'’ field is, the
longer the measurement will take. If the 'Start’ field is above this value, it will
discards any data in between.

—Faourier Toals

Start | 0 & He stop: | 100 5{He BW:[ 003 Z{He Setting Time:[ 100 5{% Ramp Down:[ 1.0 £ sec
Windnw:lHanning j Dverlap:l af.0 il":ﬂa ¥ Remove mean  Mumber of & c:hannels:l Elil

.ﬁ.uerages:l Eil Average Type: @ Fixed  Exponential ¢ Accumulative

The 'Averages' field tells diaggui the number of times the measurement

is repeated and averaged. The higher this number the better the quality of the data
but the longer it takes.

A rough guess of how long the test will take is the number of averages divided by
the number in BW. So a test with a BW of 0.01 and 10 averages will take about
1000 seconds. It is actually a bit longer because diaggui does some DSP.

26
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Diaggui (DTT) 6

Swept Sine:

The 'BW' box is replaced with the '‘Points' box. This is the number of frequency
values to be sampled between the start and stop frequencies. The number of
cycles at each frequency set in the '‘Measurement Time' field.

Diaggui will measure each frequency with a sine wave of that number of cycles
as many times as there are averages.

— Swept Sine Response

Start | 0 & He stop: 100 £ He Points:[ 61 3] Setting Time: | 10,0 5{% Ramp Dowm: [ 1.0 3] sec
Measurement Time: IFI 1 i’cycles |7| 0.1 i’sec ﬁ.uerages:l 10 i’ Hartmonic Drder:l 1 i’

Windnw:lHanning j [ Power Spectrum — Number of & channels:l Di’

Sweep Direction: © Up @& Down  Sweep Type: © Linear & Logarithmic [ User  Format |Freq.fﬁmp|. j Edit.. |

A rough guess of how long each frequency will take is the number of cycles
multiplied by the number of averages divided by the frequency.

Diaggui can sweep up from the start frequency or down from the stop frequency.
Choosing to sweep down makes sense because the higher frequencies run
faster and mistakes will more quickly be caught.

27
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Diaggui (DTT) 7

The choices are 'Linear’ or 'Logarithmic’. The 'Linear' option spaces them evenly.
The ‘Logarithmic' option spaces them proportionally. Since transfer functions
are plotted in logarithmic space, it will actually appear on the graph that the
points are evenly spaced with the 'Logarithmic' option. If 'Linear’ is chosen it will
appear that the density of points increases with frequency.

—owept Sine Response

Start | 0 & Hz stop: 100 £ He Points:[ 61 5| Setting Time: | 10.0 5{% Ramp Dowm:[ 1.0 3] sec
Measurament Time: IFI 10 i’cycles IFI 0.1 i’sec ﬁ.uerages:l 10 i’ Harmanic Drder:l 1 i’

Winduw:lHanning j ™ Power Spectrum — Number of & c:hannels:l Di’

Sweep Direction: © Up & Down  Sweep Type: © Linear & Logarithmic [ User  Format: |Freqmmpl. j Edit... |

Finally, the 'Format’ option is next. 'Format’ is optional. It allows the user to

define the amplitude of the excitation wave at each frequency. It will interpolate
between the specied frequencies. This option is useful if you know there are tall
resonance peaks, where you might want to reduce the drive, and notches,

where you might want to increase it. If nothing is set in 'Format' then the default

is the amplitude specified under the 'Excitation’' Tab. The remaining parameters
can be left as the default values. 28
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Diaggui (DTT) 8

The excitation channel is set in the ‘Excitation’ tab. Is typically one of the
DOF TEST channels to avoid going through damping filters, however the DOF
channels can also be used if the filters are off and the gains set to 1.

For 'Fourier Tools' option then the 'Waveform' must be chosen. Either of the two
‘Noise’ options in this drop down menu will do.

Input | Measurement  Excitation I Result |

— Channel Selection
% Channels 0to 3 ¢ Channels4to 7 ¢ Channels §to 11 ¢ Channels 121015 & Channels 16 to 19

—Channel 0
¥ Active Excitation Channel: | k1:VI5-5R3_IM_TEST_L_EXC j

Readback Channel: & Default ¢ Mone Llserzl j

Waveform: |N|:|ise (Gauss) j Waveform File:| Choose...

_Choose.. |
Frequency: | 05 Hz ampituge:[ 7000 3] omet| 02 Phase:| 0 %deg Rato:[ 50 3%
Freg. Range: I 100 i’ Hz aAmpl. Hange:l 0 i’ Filter:l Foton... |

Also specific to 'Fourier Tools' is the 'Filter' option. This option is not required, but
getting a good measurement is dificult without it. Since the noise excitation
applies drive at all frequencies, you are likely to saturate the actuators before you
get any reasonable drive at any of them. Thus, it is necessary to define a bandpass
filter between the 'Start' and 'Stop' values set in the 'Measurement' tab. But more
about filters in another time... 29

KAGRA Lecture 3 for students 16.08.201/8 o




Diaggui (DTT) 9

The excitation channel is set in the 'Excitation’ tab. Is typically one of the
DOF TEST channels to avoid going through damping filters, however the DOF
channels can also be used if the filters are off and the gains set to 1.

For 'Swept Sine' diaggui does not give you a choice other than ‘None' because the

waveform is already specified.

Irput Measurement  Excitation Result

— Channel Selection

@ Channels 0to 3 € Channels4to 7 Channels §to 11 € Channels 12t015  Channels 16 to 19

— Channel 0
¥ &ctive Excitation Channel: IK'I:"\-"IS—SHS_EIF_TEST_GP.S_E}{C j
Readback Channel: & Default ¢ Mane O Llserzl j
Waveform: |Nnne j Waveform File:l Choose.. |
Frequency:l—ﬂj Hz Amplitude: mﬂ Offset: I—D:I Phase: I—EI:I deq Ratio: I—ED:I%
Freq. Range: IW:I Hz &mpl. Range: I—IZI:I FiIter:l Faotan... |
30
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Diaggui (DTT) 10

The final parameter to set in this tab is the 'Amplitude’. This value determines the
strength of the excitation. Setting it is generally guess and check. Start with a
small value, take a measurement, and see how it looks. If it is too noisy and has
low coherence, increase the value. For example for the IM (Intermediate Mass),
this process should only occur while the OSEM sensor signals are being
monitored through either the Input Signals screen (medm) or Data Viewer to
make sure the suspension is notdriven too hard. The DAC channels at right side
of the overview screen also should be monitored to make sure the excitation is
not being clipped by the DAC limit. This limit is always set to an output signal of
32000 counts (the largest value any of the actuators can put out).

COIL
OUTFUT FILTER

]

31
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Diaggui (DTT) 11

Using the 'Swept Sine' option it is more obvious when the DAC will saturate
because the amplitude of the sine wave is the value entered in this box. One could
figure out the amplitude of the OSEM output simply by passing this value through
the output matrix (the output filters will change this somewhat depending on the

frequency).

—iZhannel 0

Waneform: |N|:|ne

Frequency:l 0 :I

¥ &ctive Excitation Channel: IK'I:UIS—SHS_EIF_TEST_G.&S_EHC

Feadback Channel: & Default ¢ Mone Llserzl

Note, while setting this amplitude with the guess and check method you can speed
up each measurement by increasing the value entered into the 'BW' box in the
'Measurement’ tab for noise excitations, or by reducing the number of 'Points’ with

swept sine excitations.

—Foaurier Tools

Start: | 0 4Hz stop:| 100 HHz(ew:[ 003 £H
| overap:[ 5002 %

.ﬂ.verageszl Sil Average Type: @ Fixed & Exponential 0 Accu

Wind o |Hanning

—awept sine Respanse

start [  0&[Hz stop:[ 100 HHz(Points:[ 61 £
Measurement Time: FWE’ cycles PW rages:lﬁi’
j [T Power Spectrum Mumber of & channels: I—EI:
Sweep Type: € Linear & Logarithmic [ LU

Windo: | Hanning

Sweep Direction: & Up &8 Down

) et
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Diaggui (DTT) 12

The test is engaged by pressing the ‘Start' button at the bottom. 'Abort’' will stop
the test. The 'Results’ tab is where all the measurement plots are given.

— atart Time

& MNow € Inthe future: | D:DD:DDé’hh:mm:ss
O GP3 | 1134633686 2 sec | 0 %] nsec O ointhepast | 0:00:00 £ hhimmess

" Datertime: I 21M 22015 EI dd/mmsyy I 2:21.08 EI hh:mm:ss UTC T s | Lookup. . | Silas dam I 0 é’ seciavry.

— heasurement Information

Measurement Time: |25£D?£2IJ1B 22:26:44.095721 UTC Comment / Description:

——_ _—

Start | ) Pause Resume | Abort |

// | Repeat Wms |

33
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Diaggui (DTT) 13

Make sure to choose the appropriate signals in the 'Traces’ tab. The excitation
should go in 'Channel A' while the response goes in '‘Channel B'. The graph field
should be set to 'Transfer Function' or ‘Coherence’. In the 'Units' tab of the transfer
function plot, the 'Y’ '‘Display’' should be either 'Magnitude' or ‘dB Magnitude’. The
‘Range’ tab should then be log-spaced for the x-axis. The y-axis should be log-
spaced if the 'Magnitude' units were chosen and linear-spaced if ‘dB Magnitude’
was chosen. For the coherence plot the x-axis should be log-spaced while the y-
axis linear-spaced.

Input |Measurement| Excitation Result I
I Transfer function I
;I u e T | T | | T O T e | | | | O I O O e | .............. |. ......... | ....... J ...... LJJJ.{
Plot(0)
-20 : e :
Style | H-axis | W-axis | Legend : : : : :
= 40| Traces I Range | units | cursar i
=)
Py “6Ef Graph: |Transfer function
3
E /50 b e s s s s 17 |
E -100| W Active
-120 —Channels
."3'.:IK'I:"v"IS—SHS_IM_TEST_L_E}{C : : : PoboE
-140 B: [K1 VIS SR3_IM_DAMP_L_INT =] ||BIM_TEST L _EXC i
10
— Style Ly (Hz)
To=07/08/201] | ¥ Line =] [olic J| :I
N e ™ Symhbol .chircle =
N ] ar =] [ 5o ~l]o
0.9
| Ok | Update | Cancel
0.8 34
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Diaggui (DTT) 14

Input |Measurement| Excitati‘n Result I >
2 |

Transfer function

Magnitude (dB)

:
_|ﬂ.+.|.+.‘..|.|..|T.|.+.4..’.|..|..|.1..|.4..|..r ..}.|..‘.4..|.+.

K1:VIS-SR3_IM_DAMP_L_IN1/K1:VIS-SR3_IM_TEST L_EXC

107 1 10
Frequency (Hz)

T0=07/08/2018 02:16:19.007812 Avg=5

=
10°

BW=0.0468749

Coherence
1

0.9

0.8

1T
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Diaggui (DTT) 15

If we think this is a healthy TF of one DoF, we could add this result as a
reference. The reference can be added with the 'Reference’' button at the bottom

of the screen.
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Tasks

(1) Why is it faster the FFT? What is butterfly diagram of FFT?
(2) What does the coherence mean in a TF measurement?

(3) Take TF using fourier tools for the BF, SF and FO of the BS.
Include the amplitude, phase and coherence. Do not use any
template and estimate the amplitude necessary of the excitation
for that DoF using Data Viewer. As we discussed before, this is
generally guess and check. Start with a small value, take a
measurement, and see how it looks. If it is too noisy and has
low coherence, increase the value.
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h Eurxss 4
KACGRA Next Lectures NACS
Plan for next weeks: Suggestions for next weeks?
* GAS Filters details. O  Explanation of Medm

screens in general for VIS.
FFTs, windowing, aliasing,

leakage, ... O * Explanation about OSEMs.

« RTM implementation
Use of diaggui. O (Simulink).

Transfer Functions (TF).O

OSEMs details by Enzo and
Oplev details by Terrence.

Payload modelling by Kozu.

Inverted pendulum modelling. 18
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KACRA Bibliography NAC

Observatory of Japan

*DFT/FFT Transforms and Applications.
» Diagnostics Test Software by D. Sigg and P. Fritschel.

 Electronics Setup and testing LIGO by B. Shapiro.

You can get these and more documents from the KAGRA wiki page:

http://gwwiki.icrr.u-tokyo.ac.jp/JGWwiki/KAGRA/Subgroups/VIS/Introduction
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