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Programme for the PG Instrumentation Lectures

Monday 29t November 10:00 - 11:30
Principles of Instrumentation (Chris)

* Monday 29t November 14:00 - 15:30
Magnetic Field Instruments (Patrick)

* Wednesday 8t" December 10:00 - 12:00
Student presentations and Q&A Session (Juliet)
— For this you should prepare a 10-minute presentation about the
instrumentation you are either
a. Using for your project or
b. Which generated the data you are using



Your presentation should cover some or all of these questions, at
least in outline:

1. How is the measurement made? What is the physical principle?
2. What is the range, resolution and bandwidth of the measurement?

3. How is the data calibrated, and what steps are taken to control both systematic and

random errors?
4. What is the accuracy of the measurement?
5. What are the sources of noise? How is this minimised?

6. Will these instrumentation considerations impose limits on your work?

*  Your projects cover a wide range of disciplines and techniques, so not all of these questions are
appropriate

* Ifyou will be working with multiple data sets, you may like to concentrate on one measurement
which is central to your work

*  For guidance don’t hesitate to contact either Juliet or myself!



Some Principles of Instrumentation

This introductory lecture has four parts intended to help you
answer these questions

A Fourier understanding of Signals and Instrumentation
Instrument characteristics and calibration
Sampled and digitised signals

> w N e

Noise



Preliminary Comments

* The relationship between the time and frequency domain is a
central and recurring theme in instrumentation
 Therefore we will

— revise Fourier theory and
— Develop a Fourier understanding of signals and instruments



Part 1 of 4
Fourier Representation of Signals

e Assuming our signal f is a function of time
* We must always consider the spectral content of our signal

F(w) = foof(t)e_j“)tdt
1 [ |
f(t) = %f F(w)e/®tdt

— 00

— Note engineers use j to avoid confusion with current i



Pulse Function

1) = 2% f " Fw)e do Flw) = r F(t)e 7 di
1) 20} F@
a1 Jt|<a
/)= {0 otherwise

* Finite in time
* Infinite in frequency
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Theoretical (infinite) Signals

f@ F(w)
A
f=4 4"’4 F(w) = 214 §(w)
©
()
A Flw)
/\U/\ f\ {\ [\ £ = A cos w1 1 nA t F(w) = nA[d(w — we) + 8w + wo)]
t = 0
ViV, V 1
—’160—0!‘—
 Conclude:

— There is no such thing as a DC measurement
— Constant or Repetitive input has well defined spectrum

* Reality is or course more complex...



Finite Sinusoid

‘“n__/{\"f\“ ' = Acosw,t |t|<a : sin alw — we) | sin a(w + W)
—av U ’ U V /0 {0 otherwise { ! ’ \ Flo) = A[ @ — wg T or o ]
-

0 Wo w

* End-effects
* |Intime-domain, the sinusoid is multiplied with a pulse
* In frequency-domain, the spectra are convolved



The mathematical form of some real input
signals used to test instruments

S F(w)

A{ f(t) = A é(0) 4 Fo 4
w) =
t w
[Re[F ()]
nA . Flo) = A[n Sw) —j l]
1) T _ @
A t>0
A Jo = %’0 otherwise ¢ ] Im{F(cu
T _/

e

Discontinuityatt = 0

Impulse: When applied to an instrument, stimulates all frequencies

simultaneously
Step input: more physically realisable



Gaussian

Flw)= A )ﬁ e~ (@/2a)2
a

4170
/ ft) = Ae™®

t w

* Fourier Transform of a Gaussian is a Gaussian
* Infinite in time and frequency domains

* Question: how ‘wide’ are these shapes?



Width of an “Infinite” Pulse

x=0

x=-h x=h

* For signal power (or intensity)
Use Full-Width Half-Maximum definition

— E.g. Gaussian power-profile from a pulsed-laser
— Durationis 2.350



Bandwidth is width in the frequency domain

Peak

-3 dB

d////////< bandwidth >\\\\\\\\_
fa fe fa

Bandwidth is FWHM of the power spectrum

Equivalently, if F(w) represents amplitude spectrum, use -3dB

101020 2 = 20108, 22
0] —_— = o) S—
810 P, 810 A,

1 1
1010g105 = 2010g10\/—§ = —3dB
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Time-Bandwidth Relation

Consequently, for any pulse shape, there is a fixed
relationship between time-duration and bandwidth

For a Gaussian the time-bandwidth product
TAw = 0.44

To preserve a pulse shape as it passes through an instrument,
we must preserve the frequency content

Applies to any arbitrary input signal



Discussion question:
f(H) A

>t
0 1.5 3 4.5 6 7.5

* How much does it cost to build an instrument to generate this
waveform?



Answer

A mathematically perfect voltage output is not possible
Bandwidth roughly o« cost
We will always lose some frequencies and corrupt the signal

Engineering: “The Art of Compromise”
— Fidelity o< bandwidth but

— Noise < bandwidth and

— Bandwidth costs money

— Etc...

We must analyse all the trade-offs when designing the
instrument



Example Instrument: Spectrum Analyser
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70.18000008 MHz
Step 1003000000 MHz

WL 52
53 FC

Center 78.18 MHz
Res BH 168 kHz

Atten 268 dB

VEW 188 kHz

a Mkrl 66.80 MHz 4"
(]

Span 18 MHz
Sweep 5 oms

C:DEM0.STA file loaded |

e Calibrated measurement of signal power as a function of frequency

e Selectable bandwidth

— equivalent to frequency-resolution, here 100 kHz
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Key-Points

Mathematical representations of signals tend to have infinite
bandwidths (Aw — o)

Real signals tend to have very high Aw

Instruments tend to have rather limited Aw
— Either inherent or

— Deliberate for
* Noise reduction or
e Stability

Our signal is a physical measureable

It is important to understand how finite bandwidth modifies
the signal



Part 2 of 4
Instrument Characteristics and Calibration

We wish to make a measurement f(t)
True value is unknowable
Aim is to minimise our systematic and random errors

Even the best instrument is only as good as the calibration
standard or reference measurement



Random Errors

+ 3s uncertainty limits

1
J

+ 0.58 imprecision

|
I |
I |
| Bias |
u e |
l | (- 0.46) l
| l |
l ! |
| | I
} } 4 -
| | | Pressure,
420  4.32 4.78 536  «Pa

Reading Best estimate
of true value

(b)
e Mean is best estimate of True Value

e Control random errors by
— Design
— Averaging to reduce measurement noise



Systematic Error

1 mean Truth
:
S I
L : bias
: I | rn"strmt error)
: +—
- I
2 l
i .
I
I
|
I
0 / |

/ measured value

Precision {uncertainty)
also referrved to as radom error

e “Truth” = Reference Measurement
* “Bias” = Systematic Error
 “Precision” = Std Deviation of distribution
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Precision is not Accuracy

Womber of
N Oecwrences N
Reference
~ Measure- | s |
S ment
(@) (b)
" . . | g
> o T s
Measuremen L Measuremen {
High Precision Low Precision
Low Accuracy High Accuracy

(Poor calibration) (Bias well controlled)
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Cartoon Version

Accurate

Inaccurate
(systematic error)

Precise

Imprecise
(reproducibility error)
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Instrumental Effects

Calibration: Comparison
with reference
measurement

Quantify
— Linearity
— Dead-band

— Hysteresis
— Zero offset

@ Indicated pressure (scale reading), kPa

p,Te's"sf,,e Indicated pressure

A kPa |Increasing | Decreasing
0.000 | -1.12 -0.69
1.000 0.21 0.42
2.000 1.18 1.65
10 b— 3.000 2.09 2.48
4.000 3.33 3.62
5.000 4.50 4.71
91| 6000 | 5.26 5.87
7.000 6.59 6.89
8§ +———| 8.000 7.73 7.92
9.000 8.68 9.10
77— 10.000 9.80 10.20

o—~Increasing true pressure
a—Decreasing true pressure

A

]

/ .

o

wn

| Least-squares fitted line

A e

1.082% —0.847

F =N

w

/i

~N

Vibration

Acceleration = 0

level =0

Ambient temperature =20+1°C

q

O
N

Instrumentation PG Lecture

3 4

S 6

7 8 9 10

q; True pressure, kPa

24



Linearity & Zero Offset

Offset can be removed

Linearity more
pernicious

Causes harmonic
distortion for AC
measurements
— Minimise as highest
priority
— Limit operating range to
linear regime

— Use feedback

Output |
Qo

)

Linear
instrument

° |
l
l

!

T faY
Ago l sensitivity 2 -Z%-

l

729 \

Inpuf q;

Nonlinear -
instrument B




Uncontrolled External Input

Output ‘r

At off-design
temperature

Sensitivity
drift

At nominal design
temperature

Total error due to
temperature
Zero

4
drift —

Input

 Temperature-dependent sensitivity and offset
* Other environmental considerations

— Pressure, acceleration, vibration, illumination

— Drift, ageing (electronic systems)

— Wear (mechanical systems)



Calibration Principle

 Compare against reference
measurement with other
input factors controlled /
constant
— Cover parameter space

— Adjust external factors such as
temperature

— Multiple calibration curves
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Calibration Principle

* Helmholtz coils null Earth’s
field and apply test B

 Temperature-controlled Box
houses Device Under Test

* Reference magnetometer
mounted outside box
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Calibration Hierarchy

Primary Standard e.g. NPL
Accuracy ***** Cost ££££f

Secondary Standard e.g.
Specialist Calibration Lab
Accuracy *** Cost £££

J

Secondary
Standard

Secondary
Standard

Tertiary Standard e.g.
Industry in-house
Accuracy * Cost £

J

Tertiary
Standard

Tertiary
Standard

S S

Our Reference Magnetometers are calibrated routinely by Ultra Electronics who are ISO
9000 accredited. Their equipment calibration is traceable back to national standards.
Each comparison loses some accuracy but the error is bounded and known.
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Dynamic Calibration

* So far, we just considered Static Calibration
* Generally our measureable is a function of time

* For Dynamic Calibration measure
— Frequency Response
* Inputis a sinusoid, swept across the bandwidth
— Transient Response
* Inputis an impulse, step or ramp



LN
e

Frequency Response

3

\  Bode Plot

2 20wy rod/sec — Amplitude response

— Phase response

e The transfer function is

_ Output(w)
MA Gain(w) = Input (@)

v . .
W * Gainis
— Complex

/\ﬂ% — Frequency dependent



Practical Definition of

“Instrument Bandwidth”

The range of frequencies for which output is within +3dB of the nominal Gain

Magni tuze [g8])

+3dB
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Transient Response

* Impulse §(t) response
— Stimulates all frequencies simultaneously

— Can be used for direct experimental determination of the transfer
function

— Difficult (impossible!) to generate
« Step u(t) response

— More physically realisable



Step Response for a 2"d order MM[\
linear dynamic system |

Where the instrument response is | U U U U U

modelled as a 2" order differential

equation A
dy(t) d?y(t) [\
x(t) = ayy(t) + aq 7 + a, 172 | m /\Uﬂv
Input Response U U

24

Typical of many electrical, mechanical,
thermal etc measurement systems

Panels show instrument response as a
function of time for cases no damping
through to heavy damping

Critical damped case (panel 4) gives optimum
balance between delay and oscillation
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Consequences

* |nstrument transient response can be characterised by
— “Rise-time”
— “Over-shoot”
— “Settling-time”

* Too much damping kills-off frequency response

— Reduces instrument bandwidth



Key Points

The instrument is only as good as the reference measurement
to which it is compared

Linearity is a prime consideration in instrument design
Systematic error is acceptable if quantifiable

Responsiveness in the time-domain must be traded-off
against bandwidth



Part 3of4
Digital Signals

Our measureable is a continuous function of (usually) time
Data is always sampled

The samples are always digitised

Each step we lose some information

— we can model this as adding noise to the underlying signal



Sampling and Digitisation

e * Measureable f(t) is a continuous function
2™ | ) of time

23_015M§w\ M

Lo | VI \/ 2 Stage process

g

iy Vo — Sampling quantises t

i
0 5 10 15 20 25 30 35 40 45 50

Time — Digitisation quantises f(t)

/

Amplitude (in volts)

analog : digital
mput J output
—> S/H > ADC
2
3.025 — . — v 3025 ;
‘b. Sampled analog signal l c. Digitized sig
3.020 - 3020 - -
o]
3015 Y. 7 2 3015 450 et
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- E 3010 . \
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[ = L“F | 2
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Frequency Content of Sampled Signals

 Sampled signal (time domain)

O = ) FOT)S(E - nTy)

n=-—oo

T, = sampling interval
 Sampled signal (frequency domain)

@ =r Y Fo+nw)

n=—o0o

2T
We = —
S TS

* Consequences: Sampled signal repeats in the frequency domain



Time Domain

Aliasing

— ]
1

Amplitude
(=3

Overlapping spectra

Higher frequency

|a. Original analog signal |

components of the

signal are incorrectly :
represented as lower

|c. Sampling at 3 times highest frequency |

original signal

/ impulse

frequencies

Amplitude
(=]

Nyquist criterion

T

=

(to avoid aliasing):

Sampling frequency

> 2 X highest .
frequency component

Amplitude
(=]

in f(t)

24 o

-3 T T T T
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Graphical Illustration of Aliasing

L] L]
* Solid line: 3 T
O I I n e . a. Analog frequency = 0.0 (i.e., DC) ‘ b. Analog frequency = 0.09 of sampling rate
2 2
f(t) 1 ,
[+ Q
o =
2 2
= 0+ = 04
* Dots: : :
Ots: N N
samples
3 -3
Time (or sample number) Time (or sample number)

* FFT will find

I Owe St T c. Analog frequency = 0.31 of sampling rate j_ _d. ;N‘\nnal(r)g frequency = 0.95 ofﬁlsamfling rateﬂ ﬂ
frequency | |
sinusoidal fitto
ek T
the dots | |
Time (or sample number) Time (or sample number)
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Avoid Aliasing!
High priority in instrument design

antialias filter reconstruction filter

3 Analog Digital Analog
ADC =2 Processing ——>| DAC

Analog Filtered Digitized Digitized S/H Analog
Input Analog Input Output Analog Output
Input Output

— Anti-alias filter
* Filters the analogue signal
 Removes frequencies higher than the Nyquist limit



Digitised Signals

Digitisation quantises f(t)
Results in quantisation

error

LSB = digital resolution

1
o~——LSB

V12

3.025

~ 3.020
%)

3.015

w
=]
=)

‘a. Original analog signal

VA A

VETIAWR Y

Amplitude (in volt

3.005

3.000

analog /

L\

\ y

0 5 10 15 20 25 30 35
Time

/
/

40 45 50

digital
mput v output
—> S/H > ADC
A 4
3025 i i i i i i 3025 H i i i H
‘ b. Sampled analog signal ‘ c. Digitized signal
?3,020 3020
S g
Z o5 ] " £ 3015 -f-#
= =
o = -
E 3.010 LL r ] n (s |I S 3010 | - # F
£ “u 1 i) # " - |
: IEAYER - =] LA
< 3.005 uy 3005 - -
Lr iy
3.000 3000
0 5 10 15 20 25 30 35 40 45 50 0 5 10 15 20 25 30 35 40 45 50
Time Sample number
- -
\\*J/-*\\/
[ — ]
\l_/
1.0
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d. Quantization error
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Quantizing

error

16
15
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12
11

—
o

Digital count output

O = N W b 00O N 00 VO
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+5
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2
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0100
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uncertainty
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Range and Resolution

Digital

1 Resolution

Dynamic Range

Range

DRdB = 2010g10(

An n-bit ADC allows 2" digital values

Resolution

DRgp = 201log10(2™)

16 16 16 16 16 16 16 16 16 16 16 16 16 16 16
Analog voltage input Fg—V

>
Input Range

5 6 7 8 9 10 11 12 13 14 15 FSV
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Key Points

Digital signals lose information which can never be recovered
Avoid aliasing at all costs: obey the Nyquist criterion
Know the quantisation error

Digital resolution should be consistent with other stochastic
processes such as noise or random error

— Contributions from these processes add in quadrature



Part 4 of 4
Noise

* Is usually the limiting factor in our measurement ability
* Comes from

— The sensor (physics of the measurement)
— The electronics

— Digitisation

— Interference



Sources of noise in experimental data

Total noise in measurement

Intrinsic Noise Extrinsic Noise

Sensor
electronics

Sensor
physics

E.g.
Barkhausen
noise from

magnetic
materials

Thermal noise Shot noise

Sensor
Pickup

Measurement
noise

Environmental
Interference
e.g. magnetic
sources

Quantisation Flicker or

- 1 c
noise ]:n0|se
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Interference

Radiative
pickup by
Magnetic field
(inductive) or
Electric Field
(capacitive)

Conductive
pickup
through
power/signal
wires




Noise comes from stochastic processes

* Can only be described statistically
 Amplitude probability function

— Normal (Gaussian) for shot, thermal, flicker
— Uniform (flat) for quantisation noise
* Power Spectrum
— Flat (white) for thermal, shot
1
— &« = (pink
7 (pink)

Perfect white noise

for flicker

v

Physically realizable “white’ noise

N

ey



Example: Thermal Noise
in sensors and electronics

* Arises from the random thermal movement of conduction
electrons

— Function of temperature

 The RMS noise voltage measured with an instrument
bandwidth B is

V,, = /4kgTRB

T/°K
R Resistance
e B Bandwidth

29/11/2010




Log Spectral Power Density

1

Flicker or? noise

1f

1f :;\\’\4/

A.Vacuum tube
(Johnson, 1925)

B. Semiconductor
(Caloyannides, 1974)

5 ms pre-stimulus

N1 peak
N
b5
— L
E. Brain MEG F.Brain EEG
(Novikov, et (McDonald, Ward,
al., 1897) 1988)

C. Human heart
(Musha, 1981)

D. Squid giant axon
{(Musha, 1981)

10s
1/f
15s \
03s \/
U VU W VSN

H. Human time
estimation (Gilden
et al, 1995)

1f

R SR, SN W——

G. Brandenberg
Concerto # 1 (Voss,
Clarke, 1975)

Log Frequency
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Composite Noise Power Spectrum

Noise

Power AM
Line VLF
: FM/TV
CRTs RADAR
Year Day -
| ] 1l

3 i I 4
1

1 R 1
10° 10° 10* 10% 1 10° 10* 10° 10 10

Figure 3 Simplified Noise Spectrum




Consequences and Mitigation

Noise is a function of physical parameters such as
temperature, resistance, current but always bandwidth

Reducing bandwidth reduces total noise measured
Filter signal to remove unwanted frequency components

96 (1) Gaussian qb{w]“
Perfect white noise

C e

¢ (w) A

Physically realizable ““white’’ noise

g

ey
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Key Points

Noise is inherent in ally physical processes and is a function of
bandwidth

Most noise reduction techniques work by limiting the
bandwidth of the measurement

We must balance this against the impact on signal fidelity
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