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Preface

During the past twenty years there has been a tremendous growth in the
research and development of sensors and associated signal processing
systems. This book attempts to provide an insight into the generic operating
principles of these novel developments. It does not cover the more traditional
sensors such as metallic strain gauges, process industry thermocouples
and orifice plate flowmeters. There are a number of good texts available
that thoroughly cover such devices.

Some of the sensors described have not become commercially available
yet and may not. However, it was felt that the principles of engineering
physics involved warranted their mention. Often, commercial pressures
change making uneconomic devices suddenly more attractive. This can
also be precipitated by the development of new materials or manufacturing
technology.

A book of this nature is bound to be somewhat idiosyncratic, covering
the experience and interests of the author. It has been distilled from
undergraduate lectures given by the author to students having completed a
more traditional instrumentation module. Consequently, the book should
be of interest to undergraduates of physical science/engineering and those
practitioners in the field of instrumentation who wish to know the principles
of this new generation of sensors and what might become commonly
available in the near future.

Research papers are included among the references cited at the end of
cach chapter. These are not meant to show the latest developments in the
field, since any such attempt would become out of date before publication.
Rather, they are an indication of the historical context of the work.
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Chapter 1

The instrumentation system

1.1 Introduction

Whether mankind is simply another part of the animal world or is somehow
unique is a question that has occupied the minds of philosophers for genera-
tions. The human attributes of self-awareness, empathy, morality and what
constitutes consciousness and creativity have become part of the current
debate surrounding the development of machine intelligence. What is
beyond question is the insatiable thirst mankind has to discover more
about the individual self and the universe around. Observations for scientific
purpose have been made since the beginnings of history and instruments to
facilitate this have existed for millennia. However, during the latter half of
the 20th century the growth in instrumentation technology, and in con-
junction control theory, has been phenomenal.

For a nation’s instrumentation industry to remain at the fore in world
markets sensor development is essential. In addition to the general technolo-
gical development of traditional sensors, during the past twenty years a
number of specific fields have emerged centred on novel sensing techniques
and materials. The global market for all sensor types is estimated at €15-
30 billion per annum. The current growth in sales of traditional sensors is
around 4% per annum compared with that of 10% per annum for novel
sensors. (Source: UK Foresight Programme.)

Initially, the Japanese were the leaders at commercially exploiting
academic innovations. However, the established industrial countries of the
west are now firmly committed, both at governmental as well as company
level, to strategic programmes for sensor development. Key fields are
regularly identified by funding agencies in order to stimulate research and
to assist in commercial exploitation.

The benefits of improvements made in sensors will enhance the quality
and performance of industry and other fields. For example, it has been said
that advances in process automation are presently limited to the quality of
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the instrumentation and in particular the plant-instrument interface. In
medicine, novel developments occurring in diagnostic instrumentation will
reduce response time and costs, and increase throughput. Non-invasive
sensors and invasive microsensors can reduce patient trauma. In the field
of transportation, modern vehicles contain large numbers of sensors for
safety, engine efficiency and global location systems. Medical, environmental
and automotive applications have the largest potential market growth.

In any new device it is important that the specification or transfer char-
acteristic should be well defined and stable. This is often the most diﬂiCl}ll
problem to resolve when going from laboratory prototype to commc{mal
product. Many novel microsensor-prototypes have been reported mcaSU'“n.g’
for example, position, flow, humidity, acceleration, liquid level, ionic
concentration, temperature, pressure and dissolved oxygen. However, the
percentage of devices that has become commercially available is relauv'Cly
small. Nevertheless, many of those that have enjoy large volume production
Which is encouraging the general growth of the novel sensor industry.

It is important to realize that to be commercially successful a def"c_c
must be able to meet the cost constraints of the market for which it 15

Table 1.1. Acceptable sensor parameters in some common fields.

Domestic  Industrial  Medical Automotive Environmental

Acceptable | 500 Disposable 10, 5 Disposable 10,

cost (£) non-disposable non-disposable
250 250

Acceptable 10.0 0.1-5.0 0.1-2.0 1.0-5.0 1.0-10.0

error (%)

Mean ime 10’ during  10° during Disposable 150 1.5 x 10*  Disposable 150

between 10 years of 10 years of during 1 week during 10 during 1 week

failures intermittent continuous of continuous  years of of continuous

(hours) use. use. use, non- intermittent use, non-
disposable use. disposable 10°*
5 x 10° during 5 during 10 years
years of of intermittent
intermittent use.

use.

Temperature  —20t0 400 —200 to Disposable 10 —301t0 400 —30 to 100

range (°C) 1500 to 50, non-
disposable 0 to
250
Response | 0.1-10 1 107 100

time (secs)
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intended. Also, some ficlds of application require a higher specification than
do others. Table 1.1 indicates acceptable costs and other desired parameters
in some common fields.

Summarizing, it is important that for any newly developed sensor to
become commercially successful it must not only be effectively ‘ruggedized’,
when going from the laboratory prototype to marketed product, but also fit
within the constraints of the application field.

1.2 The philosophy of measurement

Lord Kelvin is reputed to have said,

‘When you can measure what you are speaking about and express it
in numbers, you know something about it; but when you cannot
measure it, when you cannot express it in numbers, your knowledge
is of a meagre and unsatisfactory kind.’

Experimental observations are the basis on which our understanding of the
universe around us develops. In science and engineering all hypotheses
and theories before they develop into rules and laws have to be rigorously
examined to discover their validity and its extent. Universal constants and
parameters relating to materials and structures and other artefacts all have
to be painstakingly examined to produce the most reliable data possible. A
good example is the measurement of the speed of light, which has taxed
some of the cleverest experimenters for centuries and for one man in particu-
lar, A A Michelson (1852-1931), took up a large proportion of his life
carning him the Nobel Prize in 1907.

The philosophy of measurement is that of striving to reach some
notional real or true value. The more effort made the greater the precision
of the measurement and the smaller the uncertainty.

1.2.1 Random errors

Whenever the measurement of a parameter or variable is made an error will
occur. The measured value or measurand will have an associated uncertainty
due to the natural fluctuation of real physical quantities. Gauss postulated
that such variations are as equally likely to be above the mean as below
it. This random error may not be noticed if the measurement system is
insensitive, and may not be of any concern in some applications.
However, at the microscopic scale nature is never still and highly sensitive
instruments will reveal such fluctuations. The instrumentation system is
part of the physical world and will itself introduce an observable randomness
to any measurements taken. All such random errors have to be treated
statistically.
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The best estimate of the true value X of some variable or parameter x is
the mean . In the usual way,
N

i=1 i (1.1)
N
from N observations. It is expected that for large N, X — X. Incidem.allly,
when calculating the mean it is argued that the numerical value .ob'lamed
from a large number of observations can be rounded to an extra significant
figure more than that of the precision of the equipment used. .
A measure of the spread or dispersion of the results around the mean is
very useful as an indication of the repeatability of the measuremen_L T ne
deviation of a single result from the mean is x; — X. Because the deviations
can be positive or negative the sum of the deviations is likely to be zero f:)jr
a large set of values. Consequently, the square of the deviations 1S USCC.
The mean of the squared deviations is called the variance. To obtain 2
measure of the dispersion in the same units as the original measurefﬂ?ﬂls
the square root of the variance must be taken. This is the standard deviation.
It is simply determined using

X=

(1.2)

The standard deviation is also known as the standard error. It is a measure of
the randomness or fluctuations in the results obtained. It is independent OI:N'
the number of observations made. As can be seen in equation (1.2) m.akmg
many, repeated observations does not reduce the value of s but simply
gives a greater confidence in its estimate.

Intuitively it is felt that taking more measurements ought to improve the
quality of the mean in some quantifiable way, ‘more must be better’. To
provide this extra quantifier imagine that instead of one set of N results
the measurement set was repeated p times under identical conditior_xs. each
set having N results. Each of the p sets of results could produce its own
mean ¥ and standard deviation as before. But now these p means could be
averaged to give thc mean of the means :

=_Z£’=|'k_"(iNx) 1.3
* " i N; ] (1.3)
This does not look anything of significance. After all, it is the same result as
would have been obtained having made pN observations initially:
N
Feis ;—l“i". (1.4)

T'hc most significant and useful result is obtained from the standard devia-
tion of the p means. This standard deviation Sm is @ measure of the spread
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of the means and indicates the precision of the value of the mean of the
means. In principle this could be determined using

= Z£=1 (X —i)2
S "——p ; (1.5)

In practice equation (1.5) is not used. It can be shown (see Squires 1968) that

SR e 51y 1)
eS| NN {9
Sm_,iwlﬁglg‘{—“*)z, (L.7)

As equation (1.7) indicates, the estimate of s, can be seen to improve by
increasing the number of observations made. ‘More is better’ is correct
here. However, this rule suffers from diminishing returns. Large values of
N may not be worth the effort. To appreciate the different meanings of s
and s, the following examples may be helpful.

So for large N,

Standard error of the measurements (s)

Consider the manufacture of 10k resistors on a production line. Each
day 100 samples could be taken from the production run and the value of
s determined. This denotes the spread of the results about the mean and
indicates to the production manager whether the batch is within the tolerance
limits specified on the packets, e.g. 10%. The probability of a single resistor
being outside of the +10% is related to 5. In section 6.3.2 this is described
further within the topic on probability distributions. For a value to be
more than three standard errors from the mean is statistically unlikely
at about 2.7 in 10°. So, if s is arranged to be about 3%, by using good
production technology, then most resistors produced will be within 10% of
the marketed value of 10kQ.

This ‘3’ concept can also be applied to identify an erroneous result. If a
reading from a set of identical measurements is more than three standard
errors from the mean of the set it can be considered dubious and be dis-
carded.

Standard error in the mean (sy,)

In experiments where some parameter is to be determined, such as the speed
of light, the value of s, is quoted. This provides an estimate of the precision
of the published value and incorporates the effort made in producing the
repeated sets of measurements. There have been occasions when researchers
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Table 1.2. Combination of standard errors.

The function f(X, ¥, Z) Combination of standard errors
0=X+Y+ZorQ=X+Y-Z sé:r}-r’y-i-sé
Xz oV [sx V. (sr) ié)z
Q:,\'YZorQ:7 (5):(7)+(7)+ Z
=X fole X
Q=X 0= "%
Sx
Q=1In(X) o=
K
0 =exp(X) E" =5y

. d error
have repeated experiments and obtained results outside of lh_e stantli':f
quoted originally. This has led to the discovery of systematic errors.

Combining standard deviations

Ifa parameter or variable Q is to be determined from measprcmcnts (:; [awr:i)
Or more parameters or variables X, ¥, Z each having their own dSlaiatiOn
deviations s X Sy, Sz, it will be necessary to determine the standard bC\;hOW“
of Q, 50, by combining these contributing standard errors. It can be

that if  is a function f(X, Y, Z) then

-GG o0

mmon
Table 1.2 shows how to combine the standard errors for some co
functions.

122 Systematic errors

Afurther error may occur duc to poor calibration or poor performance in lh;
instrumentation system. Because such errors are inherent in the system el
are transmitted through to the measured value they are lcm}ed systematic
errors. They cannot be overcome by the statistical analysis of ml_llllple
readings but are minimized by diligence in calibration and system design.

1.2.3  Environmental disturbances

The engineering environment within which the instrumentation system is
Integrated can affect the input-output relationship of the sensor or of the
Instrumentation system as a whole. The engineering environment includes
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output

measurand
Figure 1.1. The interfering effect.

variables such as the ambient temperature and humidity and power supply
behaviour. There are two common ways in which the environment can
affect the response and are described below for an idealized, linear sensor
or system.

Zero-shift or the interfering effect

This disturbance has the effect of changing the intercept value of the straight-
line graph, shown in figure 1.1. The interfering input is the change in or
deviation of some environmental parameter. This input couples into the
system via a sensitivity constant.

For example, if a drift in the ambient temperature of 5°C caused a
pressure measurement reading to change by 150 Pa then the system would
have an environmental sensitivity of 30 PaK ™.

Variation in sensitivity or the modifying effect

This environmental disturbance modifies the value of the system sensitivity,
the gradient of the graph (figure 1.2). An example of this effect could be of the
float-type liquid level gauge as commonly used in automobiles. A potenti-
ometer fastened to the float provides a variable resistance related to the
level of the liquid, which in turn alters the current through the milliammeter
petrol gauge. If the supply voltage alters then so does the reading. Typically,
when the alternator and regulator are operating, an automobile power
supply is held steady at 14 V. However, when the engine is stopped the
power supply system is reduced to that of the 12 V battery. An environmental
sensitivity constant could be determined in gallons mA~'/V.

A simple way to monitor whether there has been some environmental
disturbance is to repeat the first measurement taken after the completion
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output

measurand

Figure 1.2. The modifying effect.

ised. For
of a set of readings. More sophisticated methods can bc'dev;sfej_ mx
example, for a linear system denoted by y = mx + ¢ the p.lolll‘flging effect).
versus x should yield a fixed value if ¢ is constant (no inter c; m is fixed
Similarly, plotting (y — ¢)/x versus x should give a constant 1
(no modifying cffect).

1.2.4  System design and the contribution of errors

m

It was shown in section 1.2.1 how the standard errors qf a number s,f;a:g:n-
variables can be combined to give the standard error in some d<1:“nl e
lity 0. An appreciation of the way errors combine Bl te l{‘o see how
CXperiment or system is being designed. It can bg mstruch!Cermined and
€rTors in the component measurands of 1hcA quantity to be lccsult In this
any additional system element errors contribute to the final r ~b1;te most
Way more care can be taken over those components that contri
1o the global error. : &

As previously, suppose a quantity Q is to be determined from ObS:Z:.
tions of one or more variables. In addition, other elements A the lnsm‘:-rol's
tation system such as a filter or an amplifier may alipgntroducs casur:
Again, 0 is some function f(X, ¥, Z) where X and ¥ might be the mez e
andsand Z the gain of an amplifier. The values of X, Yand Z ha}’c gssocid
uncertainties §X, §Y, §Z which combine to produce an uncertainty 60 in Q]
The relationship between §Q and 6X, 6Y, 6Z can be found using the partia
differentjal equation

.8
6Q=%6X+‘%6Y+a—é—6z. (19)

Table 1.3 giyes examples of some common functions.
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Table 1.3. Simple combination of errors.

The function f(X, Y, Z) Combination of standard errors

0=X+Y+ZorQ=X+Y-Z 60 = 6X + 8Y +6Z

0= 1170012 so_sx v 6z

o=Xx" %2 = n%
= ox

0=In(X) 6o =%

0= exp(X) 2t

Addition[subtraction

Unless there is some a priori knowledge about the system behaviour, the
worst case is assumed and all the absolute errors are added. The error
estimates must all be in the same units and §Q will also have these units.

Multiplication/division

Here, again assuming the worst case, all the relative errors are added. They
have no units and can be described as fractional errors or multiplied by
100% to give percentage errors. The relative error is also used with the loga-
rithmic function.

Simple determination of the global error

The relationships in table 1.3 or others derived from equation (1.9) can also
be used to make a simple estimate of the error in a derived quantity, whether
determined from a number of measurands, or as the output from an instru-
mentation system. These contributory errors might arise from

a rough guess at the random errors,
estimated systematic errors,

calibration limits,

component tolerances,

estimated likely environmental disturbance,
the resolution limits,

hysteresis or ‘dead band’ effects,

estimated nonlinearities,

digitization errors.

In the paragraph preceding equation (1.9) the word uncertainty was used
when describing 6X, 6Y, 6Z. When dealing with the quantities listed above
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this is a preferred expression to error since it is all encompassing. Items such

as calibration limits and tolerances are then included which, strictly speaking,
are not errors.

WORKED EXAMPLE

The density of a material is to be determined from the mass and volume 0; &
wire sample and a simple method used to estimate the uncertainty in the
answer obtained. The density is derived from
L m
P=anyin
From equation (1.9) it can be seen that
&d | bh
@ = 6_m +2 +

p m d h

revealing that the fractional uncertainty in the diameter dis the most sc'nsu;:;:
termin the determination of p. Greater care must therefore be taken with t
measurement,

The mass of the specimen is found to be 1.25 x 10~ kg and th_e balam;e
used is calibrated to +1mg. The length is measured as 0.1845m using arulé
readable 1o the nearest 0.5mm. The thickness is measured ten times at
various points and orientations along the length using a mlCl’Ol?leter
capable of measuring to £10™°m and is found to be 0.984mm with 2
standard error in the mean of +0.024mm. The density is determined as

-3
P25 O R 101 (3 g m>:

-4\2
w(g‘s“_’;&) % 0.1845

The fractional uncertainty is determined,

p__10°° 0024 05
p 125x 1073 " ©0.984 " 184.5

=8x 107 +0.04878 +2.71 x 107>
= 0.05229.

The uncertainty in pis
6p=p x 005229 = 465.9kgm .

It is usual to express the result in the form

p=8.909 + 0.4659 x 10° kgm >,
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The question of the number of significant figures quoted neceds to be
considered. A common sense approach must be adopted. In the example
above, considering that the uncertainty is about 5% (mostly from the
diameter error), it would seem meaningless to quote the final value for p to
more than 2 significant figures

p=89+0.5x10°kgm™>.

The uncertainty or standard error is normally quoted to a single digit or to
two digits if the digit is 1 or 2.

Finally, it is important to realize that this simple method of combining errors
does not have the statistical rigour of that used for combining standard errors
achieved by equation (1.8). This is because the uncertainties here do not belong
to probability distributions but are bands of ‘vagueness’. However, on
occasion it may be possible to consider the uncertainty as inherently part of
a gaussian distribution. The uncertainty could then be interpreted as a stan-
dard error and equation (1.8) invoked to combine it with other standard
errors. The advantage of this is that the standard error produced gives a
precise, statistical weighting as to the reliability of the quantity. In section
6.3.2 the method of calculating such probabilities is illustrated.

1.3 The general instrumentation system

The instrumentation system can be divided conveniently into the following
general components. Not all systems contain all components.

input

Sensor: This is in good contact with the variable to be measured and
value n

some physical property of the sensor is modified by the variable. On
occasions the sensor may be composed of two elements termed
) primary and secondary.

Signal conditioning: The output of the sensor may not be in a
a convenient format. The signal conditioning circuit will most
commonly be used to provide an output of a few volts.
4 Signal processing: The few volts of analogue data may require
filtering, linearizing, converting to digital format or preparing for
a transmission if a telemetry link is required.

: Telemetry link: May be wire, pneumatic, microwave or optical fibre
1 and use AM, FM or pulse code.
|

s
Data display: This may be analogue or digital as appropriate for
measured

i the application. The ergonomics of data displays can be of significance.
vaiue

Table 1.4 lists some of the relative characteristics of each type.
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Table 1.4. Analogue versus digital displays.

Advantages Disadvantages
g ivisions.
Analogue Continuous scale. Faster Less casy to read small divisi
recognition by user Easier to misread
q i use.
Digital Cheaper. Faster response More stressful in continuous

Wrong value shown if a segment fails

To conclude this section it was felt that a comment on the [ermmo-:;ii'e':
current use concerning sensors would be appropriate. The word mmther A
strictly defined, is a device that converts energy from one form to ano ak'cr-
microphone could be described as a transducer but so could a loudsp:nsor.
A sensor might be a transducer but a transducer may not be 2 Sclion,
However, a recent advertisement for a pressure transducer, O msgcsignal
was found to be a diaphragm with strain gauge and associate ut on a
conditioning. A power supply was input on two wires and the outp
further two, This, clearly, is not a transducer in the strict sense. To\r eSS

A further example of misleading terminology is the use in the P}e is a
industries of the word transmitter. A pressure transmitter, fqr exampl'oyn on
device that measures the required pressure and outputs the mforrr:‘i 1 S
A Wire pair usually in the standard industrial range of A
fransmitters are sensor, signal conditioning and signal I s are

Itis of paramount importance in science and engineering that tcm]d by
clearly defined and upheld. History is littered with aocxdex'lts cause =
misunderstandings between engincers. The modern trend is to use['n
Word sensor for an input device and actuator for the output device ag(erppl; s%
0 cause some change to a system or plant. The word transducer is be
avoided. Sensors can be subdivided into active, when energy conversion
oceurs producing an electrical signal, and passive when a power supply is
Tequired to obtain an electrical output. For example, a thermocouple is a
active sensor whercas a resistance thermometer a passive sengor i
distinction can be significant when dealing with explosive environ Lents
Where the energy available within the hazardous area must be strictly
controlled,

14 The overall transfer function

The output of the instrumentation system is a product of the input variable
and the varjoys clements within the system. In analysing the overall system
Performance it can be useful to mathematically model each element. Finkel-
Stein and Wayys (1971) proposed this systems approach to instrumentation.
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The transfer function for each element is

output
input

For example, if the sensor were a resistance temperature element then

P o1

Gl e
input value

(1.10)
Individual elements may contain feedback loops but this is incorporated into
the value of G. The overall transfer function is the cascade of the individual
transfer functions

measured value

patvaie = 010265G4Gs. (1.11)

The overall transfer function is the sensitivity of the system. Clearly then
measured value = input value x G,G,G3G4Gs. (1.12)

However, this will not be the case if an element has a zero or an off-set value.
For example, the standard platinum resistance sensor has a resistance of
100.0Q at 0°C. To overcome this the signal-conditioning element is made
to output zero for an input of 100.0 Q. It is good practice generally to have
off-set or zero adjust facilities early in the system. Failure to do this could
result in large signals later in the system causing saturation of an amplifier
or inefficient use of the input span of an analogue to digital converter.

Similarly, the expression (1.12) above takes no account of inter-element
loading. Again it is good practice to construct elements with low output
impedance and high input impedance to minimize loading effects. The
availability of high performance operational amplifiers for use as buffers
makes this requirement easy to achieve. Inter-element loading is described
further in section 1.6.

1.5 Dynamic response of the sensor

The modelling of the sensor itself can be more involved than equation (1.10)
suggests. For example the warming or cooling of a temperature sensor can
be modelled by a first-order, linear, differential equation. This means
that because it is not an algebraic expression the transfer function cannot
be simply set down. Generally, elements that involve energy storage
and transfer are described by models involving time-dependent equations.
Consequently, if a variable is changing, the output measured value will
have a dynamic crror. To be able to use the cascade concept above for the
whole system it is convenient to Laplace transform the element equations.
This has the effect of turning an expression involving calculus into one
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involving algebra, The example below illustrates the dynamic response o
temperature sensor,

Transfer function of q temperature sensor

At the start of the measurement the sensor will have a different temperature
from that of the fluid in which it is immersed. There must be an encrey

transfer between fluid and sensor until they are both at the same temperature.
At the start

time t=0,  sensor temperature =,  fluid temperature = Or.

Duripg the heat transfer process the sensor temperature will be chang“(\’g
continuously and will have some value 6(). To cause the temperature
some material to rise a quantity of heat Q must be supplied,

0 = mc(8s — 6o)
where / is the mass of the material and c its specific heat capacity: AssumlrniésZ
that the fluid is hotter than the sensor, the rate of gain of heat by theseg

do _  d(6.—6) (1.14)
dr dt
The heat transfer can be by either convection, conduction or radiation- i

. . . it !
this situation the dominant process will be convection. The rate of hea
loss by the liquid is determined using the convection equation

(1.13)

mc

do (1.15)

—= = UA(0; — 0.

dt (gg=as)

where 4 is the surface area and U is a geometry factor. ro
When using Laplace transforms it is more convenicnt to have geb

starting conditions. This means that all variables in the equation should be

zero at the start. To arrange for this a substitution is made,

A = b5 — 0. (1.16)
Equation (1.14) now becomes
dg _ dAg 1.17)
a - |
and equation (1.15) becomes
%if:UA[ﬁ,-(Aueo)]. (1.18)

Equation (1.18) can be written more conveniently using the substitution

A= 0r— 8 (1.19)
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giving
9‘% = UA(A6; — AG). (1.20)
Now,

the heat gained by the sensor = the heat lost by the fluid.

So, combining equations (1.17) and (1.20) gives

mc%ﬁ: UA(AG; — AB) (1.21)
and re-arranging gives
me dAG
A Al = Ab;. (1.22)

Science and engineering equations must be homogenous in their units. The
coefficient in front of the differential term must therefore have the dimensions
of time. A time constant term 7 can be introduced where

mc
R 1.23
T=U4 (1.23)
Substituting 7 into equation (1.22) gives
-rw + A8 = Ab;. (1.24)
dr
This can now be conveniently transformed using Laplace tables to give
TsAG(s) + AG(s) = Ady(s) (1.25)
AG(s)(1s + 1) = Agy(s) (1.26)
- AGi(s)
== 1.27
A006) = (1.27)
So the Laplace transformed transfer function of the sensor is
LGN (1.28)
Abi(s) 1+s7

Control engineers commonly use the systems approach in design and, con-
ventionally, express transfer functions in Laplace transformed format.
Upper case symbols are used to signify Laplace format so equation (1.28)
would be given the symbol

Abs) 1
i (1.29)
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1.6 The measurement system as a series of networks

Finkelstein and Watts (1971) proposed that elements in an instrumentation
System could be described as two-port networks. Two-port network analys{S
18 & technique whereby an clectrical circuit, or part of a circuit, x'§ treated as4
generalized element having an input and an output port. The input/ outpudt
Variables are generally referred to as across (potential differsnc)i8n
through (current) (Kraus 1991).

h |
7 R

Figure 1.3, The two-port network.

Of the four variables two are chosen as indEPC"de.m gpd t'h c/;)_grl::
become the dependent. Depending on the choices made six canonica. g
€an be produced relating the input-output variables. A set of t:quat_loﬁon
derived, using a particular canon, which provides the gener ahz'ed descnge Si);
These equations may involve integral-differential relationships. Of tl o
canonical forms the impedance parameter equations are the most comm
used. For figure 1.3 these are 30)

Vy=zuly + 2k &
and
Vs =211y + 222k (2l

These can be conveniently expressed in matrix form as

i il [m i”l_‘] (1.32)
A A e
Where Z is termed the impedance parameter matrix. Having de:s giibedthe
e}cmems ina system as sets of two-port networks with associated linear equa-
tions, matrix algebra or software tools such as Matlab® can be conveniently
used lt_) determine the overall system response.
 Finkelstein and Watts suggested that the process to which the measured
variable belongs could be treated as a one-port network. The process must
have appropriately defined across (y) and through () variables.

flow variable X
process

to be | across variable y
|
measured !

Fij
BUre 14, The process as a one-port network.
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Table 1.5. Across and through variables for some common systems.

Variable  Electrical Thermal Fluid Translational Rotational
motion motion
Acrossy  Potential Temperature Pressure Force (N) Torque (Nm)
difference difference difference
(40 ({S)] (Pa)
Through x Current  Thermal Volurmie flow Velocity Angular velocity
(A) power (W) rate (m’s™") (ms™") (rads™)
x Charge (C) Heat energy  Volume (m?) Displacement Angular
@ (m) displacement
(rad)
o Rate of Acceleration  Angular
change of (m s'z) acceleration
current (rads™?)
(Aas™
Impedance Impedance Thermal Pressure/ Force/ Torque/angular
z ((9)] resistance volume flow  velocity velocity damping
ccw™) rate damping constant
constant (Nm srad‘l)
(Nsm™')

Bentley (1995) describes this approach in more detail. Some examples of
across and through variables are shown in table 1.5.

The comparison of the charging of a capacitor and the heating of an
object provides a simple example of the analogy that can be drawn
between physical systems. For a simple RC network the output voltage ¥
is developed from the fixed supply voltage V¢ (figure 1.5). The time dependent
differential equation is derived below.

For a capacitor,

CVi=gq. (1.33)
Differentiating equation (1.33),
avs _ .
= 1.34
el (1.34)

g

Figure 1.5. The analogy between a capacitor being charged and an object being heated.

e
S
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flow variable x I

process
to be across variable y sensor 173

Figure 1.6, Process and sensor represented as one- and two-port networks.

e V=V (1.35)
dr R
dv,
RCE=Vi~V, (1.36)
dv,
RCZE+V,= Vi (1.37)
By comparing with equation (1.22) above it can be seen that
me (1.38)
— =RC.
UA
So, imuitively
C=mc thermal capacity
= '1712 thermal resistance.

Concepts such as these are displayed in table 1.3.

Ifa process is being measured then a two-port network is added to repre-
sent the sensor (see figure 1.6). If, for example, the process is a hot tank whose
lemperature is to be measured by a resistance thermometer then the use of
network analysis enables loading to be accounted for. The loading can
occur in the usual way by the subsequent signal conditioning circuitry affect-
ng the sensor, However, it can also occur by the sensor affecting the process
1Lis measuring, In this example the former could be caused by the signal con-
dmon'lng circuit heating the sensor element and the latter by the thermal
Capam'y of the sensor element altering the temperature of the hot tank.
T;lc Principles of impedance matching can be applicd to the juxtaposition
:eq’:;:’“ss aqd sensor in order to get optimum response (figure 1.7). If the

ement is that maximum power is transferred from process to sensor

I

sensor
impedance
Z

Fi,
‘gure 1,7, Impedance matching of the process and sensor.
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then the usual condition applies that
z,=2z, (1.39)

If, as is most commonly the case, the across variable generated by the process
¥p should not be affected by the presence of the sensor then a different
condition applies. Assuming that the flow variable is conserved around the
system,

> 3 D4
the fl bl =P _ 1.40
ow variable, x Z+7Z (1.40)
the measured across variable, y, = xZ,. (1.41)

Eliminating x gives,
szs

= A 1.42
s Z,+2 (1.42)

So, for y; 2 y;, then Z; > Z,,.

If the flow variable X is the desired measurand then the requirement
would be that the sensor impedance should be as low as possible so that X
is not restricted. For the process not to be affected it can be seen from
equation (1.42) that the condition now is that Zp > Zs.

By the use of the impedance matrix technique it is possible to model the
whole instrumentation system as an interconnecting group of elements
driven by the process. In this way the dynamic response to a time-varying
measurand can be determined before construction, making the design of
complex systems more efficient.
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Exercises

1

~

i R of
- The following measurements are made of the resistance

: ink. Itis
A miniature camera has been developed with a radio lelemelrye];:g. 'i‘he
cylindrical, 8 mm in diameter, 10 mm long and is battery po‘«\; of 10m.
probe costs £300 and the receiver system £2000 with a rang

Suggest some applications.

; ngine room
- Suggest a suitable VDU system for the control panel in the eng!

of a submarine, .
a coil of
wire,

5624 5613
Resistance 5615 5622 5624 5618 5620 5633 5628
R(Q)

; ¢ standard
Determine the best estimate of the resistance. Calcuuzjtcvit:tion in the
deviation of the measurements (s) and the standard de

with R
mean (s,,). Which standard deviation value should be quoted
and why?

] jonal to the
- A flowmeter produces an output current which is proportio

i adings
Square of the flow velocity. Under steady flow Condmo.nsl.ﬂ:’cgfiy/ga,
of the output current are found to have a slande'lr(i deviatio
What is the standard deviation of the flow velocity?

- The time period of a simple pendulum is given by

T =2m\/l/g.
A number of experiments are performed and l:l is fo:md that l:e
standard error in the mean of the time period 7'is £0.7% and of the
length /s -£0.4%. Calculate the standard error in the mean of g.

If the errors given in question 5 were not standard errors but uncertainty
estimates from calibration limits or similar what would the estimate
of the overa]] uncertainty be then? Why is this estimate less uscful

Statistically than the standard error produced in the more formal way
of question 59
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Figure 2.2 presents another idea of the indirect measurement of the
current by applying the weight. In this case the movement « of the pointer
(caused by attracting of the arm by the force depending on the measured
current 1) is balanced by the force of gravity F of the weight G. The standard
of the current is not presented in the Fig. 2.2, but it does not mean that it does
not exist. It could be introduced to this method by the carlier scaling of the
measuring device. The scaling process could be realized by supplying the
coil with the standard values of the current and determination of the pointer
deflection. In this way we can determine the dependence @ = f{I,). For
scaling of the device we can used the source of standard values called the
calibrator.

In the example presented in Fig. 2.2 for scaling purposes standard of the
weight G could be used instead of the current source. Before we perform the
measurement, we could determine the dependence between the current 7, and
the weight G as G = K I.. This time we de facto measure the force (or rather
the mass G) and we determine the investigated current knowing the
constant K.

The indirect measurement methods are employed in almost all indicating
instruments. In these instruments the measured value is expressed by the
deflection of the pointer (in analogue instruments). This pointer indicates the
measured value at the point on the scale — thus we compare the measured
value and the deflection of the pointer. But also in such instrument the
standard of the measured quantity exists in the background, because the
points on the scale were marked by the scaling process earlier.

a)

Figure 2.3. The compensation method for measurement of the voltage U, — manual
balancing of the circuit (a) and the automatic method with electronic feedback (b)

The important method of comparison of the measured value and the
standard one is the compensation measurement method illustrated in Fig. 2.3.
In the compensation method we determine the difference between two values
(measured and standard) and we can precisely determine the state when this
difference is equal to zero. Thus the compensation state (the equilibrium
state) means that both values are the same and cancel each other. As the
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o
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results, in the state of equilibrium the signal at the output of the circuit is
Zero.
In the example presented in Fig. 2.3 the measured voltage U is}
compensated by the voltage drop U, on the resistor R,. The state of
equilibrium is indicated as the zero of the output signal by the null indicator
NI (for this purpose a very sensitive voltmeter called galvanometer can be
used),
The measuring procedure consists of two steps. In the first step, lhvc
standard value of the current /, is established (for example by comparmg it
with the standard value). In the second step, the resistance R, is being
changed unul the null indicator N7 indicates the state of cquilibnun'l» For
known value of the current I, the resistor R, can be scaled directly in the
voltage units, ? o
The compensation methods enable the measurements of vollagcuv\’llv
excellent accuracy, because we are capable of manufacturing lhAc rc5|?;:)r;
very precisely (with very small uncertainty). Therefore the ('!C\'ICCS calle
Potentiometers’ were one of the most accurate measuring Amsuumcms -
nowadays the potentiometers are substituted by accurate digital voltmeters
often using the idea of compensation. i
The compensation mclhﬁd exhibits very important advantage. In the ﬁlﬂls
of equilibrium the measuring device does not take the energy from the l«.sllu
source — the measurement is performed in truly non-invasive way with the
nfinite input resistance of the measuring instrument. , !
Figure 2.3p presents the realization of the compensation it:h:a pcrfol:mf‘{
automatically by applying the feedback technique. The amplifier wor *Ld/b
the null indicator amplifying the difference between the measured voltage. :
and the drop voltage Uj. This difference causes the output current Zous which
IS increased until the input voltage of the amplifier again returns to the zero.
Apart from the compensation method there is also used the L'ulll/)ur'lflll"lv’
Measurement method, The magnetic direct current comparator ( DCC) is
currently used for the most precise reconstruction of the resistance standard
(NIST 1458 — 2003). The term comparator is not always correctly
interpreted, because comparison is in the definition of the measurements and
Practically all measuring instruments compare the measured value with the
Standard one, The comparative method is defined in narrower sense — as the
compensation method uses the difference between two values the
Comparative method uses the ratio of two values”. An example of the
Comparator is presented in Fig. 2.4.

e

3 Potentiometer js the devices that realize the compensation of two voltages.

cn(!;:")';'m"‘l"m)‘ ln‘ electronics and lnfqmancs an clectronic tegrated circuit

it m:‘f fS used. This duvu:; amplifics the difference between two input sig
S compensation tech rather than the comy ve method
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Figure 2.4. The comparator of two resistances

In the circuit presented in Fig. 2.4 we can obtain the cquilibrium by the
compensation of the currents /, and /

I,—I,=0 (2.2)

This state of equilibrium can be realized by the change of the voltage U,
or U, . The condition of the equilibrium is

2

= )
R, U, 2,

Thus we can use this circuit for resistance measurement. The current
compensation circuit was used as the resistance comparator.

Figure 2.5. The bridge circuit

Figure 2.5 presents the bridge circuit, which is very often used for the
measurements of the resistance (or impedance). For the circuit presented in
Fig. 2.5 the voltage drops across the resistors R, R, R; and R, are
respectively

) R
e W R T T
R+ Ry = Ry + Ry . Ry + Ry Ry + Ry

U =U (2.4
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To obtain the equilibrium (when U,,, = 0) the conditions: U; = U and

Us = U, should be fulfilled. From the equations (2.4) we obtain following
condition of the equilibrium of the bridge circuit

RiRy = RyRs 23)

The condition (2.5) is a general condition of the balance of_ the brldgf;
circuit; the products of the resistances of opposite arms of the bridge cirett
Should be equal,

; s - . - measured resistance

By applying the condition (2.5) we can determine the measured resist.

R. = R; from the following equation:

R @6

Ry =R,
Ry

In practice there are two kinds of bridge circuits: null-type bridge ‘"‘(’;’:
(or balanced bridge circuit) and deflection-type bridge .L'll'.ﬁ'f'l” A
unbalanced bridge circuit). In the null-type bridge a null md”-‘;;o o
connected to the output and the bridge is balanced — for example , I)’ o
change of one of the resistors. Most often the resistor R is used for balance,
while change of the ratio Ry/Ry is used for the range selection. i

Currently, the null-type bridge is rather not often used as a measu e
device, while the deflection-type bridge circuit is commonly used as i
conditioning circuit enabling the conversion of the change of the rcsxsl’:}l:hc
(or generally impedance) of sensor into the voltage signal. This type O ;
hridgc circuit is first balanced and next the output voltage (voltage ?,
Unbalance) is used as the output signal of the U = f(R) (resistance ~ voltage
Il'mudu('er)_

Figure 2.6b presents the transfer characteristic U = f (ARVR) of .«fucl?
transducer. We can see that this characteristic is nonlinear, There are various
Methods of the linearization of the conversion — they are described in
Chapter 3. One of the methods of lincarization is presented in Fig. 2.6¢.

Figure 2.6¢ presents the bridge circuit with automatic balancing realized
by means of feedback circuit. We can see from Fig. 2.5 that the bridge circuit
1S balanced by changing one of the resistances and thus changing the voltage
drop across it, Therefore, the change of resistance causes the same cflect as
Change of (e voltage on one of arms. In the circuit presented in Fig. 2.6¢ the
OUtput signal of the bridge circuit after amplification causes that the output
current 7,,, creates additional voltage drop U, across the resistance R,,. This
:dd_llmnal voltage can drive balancing of the bridge circuit until it returns

841N to the balanced state.
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O

Figure 2.6. The bridge circuit as the resistance converter: a) the bridge circuit of the
deflection type bridge circuit, b) its transfer characteristics, ) the bridge circuit with
clectronic feedback

The output current is the measure of the investigated resistance R,.
Because the bridge circuit is automatically balanced its output signal is very
small — if the amplification is very large only very small signal (in range of
V) is required to generate the output current 7. Therefore only small,
linear part of the whole nonlinear transfer characteristic is used — thus the
whole characteristic of the transducer /7, = f{AR/R,) is linear.

Analyzing the equation (2.6) we see that the accuracy of the measurement
of value R, depends on the accuracy of all three other resistors. We can
improve the accuracy of measurement applying the substitution measurement
method. In that method the measuring procedure consist of two steps. In the
first step the bridge circuit is balanced. Next, we substitute the measured
resistor R, by the standard resistor R,. This time we do not balance the bridge
changing the resistances of the bridge circuit but we balance it by changing
the standard resistance. If the time period between these two operations is not
long (to avoid potential influence of the change of the temperature or other
factors) the accuracy of measurement does not depend on the accuracy of the
resistors in the bridge (it depends only on the accuracy of the standard
resistor), This way. the bridge circuit was used only as the device testing that
after substitution of the resistors nothing changed.
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Figure 2.7. The substitution method of the current measurement

Another example of the substitution method is presented in Fig. 2f7r .{;‘l’:
measurement of the value of the alternating current IS rather di ,.Igurc‘
especially if this current is not sinusoidal. In contrast we ar¢ able i TL‘: 2.7
the value of direct current very accurately. In the circuit eruscnlcd = lbﬁ;;:l
the measurement procedure consists of two steps. In the first step W({ To‘nu_“ y
o the circuit the measured alternating current /. This current causes Ir:fclcs
of the resistor (heater) Rz. A thermocouple (temperature BERECiECte es the
to this heater — in such sensor the change of the temperature Ca"’s,‘:dard
change of the output voltage Ur. Tn the second step, we connect thc‘sl‘lx Lt
direct current I, 1o the heater. We change this current until the temperd u k.
the heater is the same as in the first step. Because the effect ghhesuns w;:
the same in both cases the values of both currents are the same. Thuf'mf
substituted the measurement of the alternating current by the measuremen
the direct current,

2.2. UNCERTAINTY OF MEASUREMENTS
221 Errors, uncertainty, and reliability of signal processing

As it was discussed in Chapter 1 we arc unable to determinc the fruf‘
value of the measured quantity, because the measurement is always
performed with some uncertainty. Therefore, we can state that the
measurement without the estimation of this uncertainty is worthless. For
example, if we sy that we determined the value of measured current as /4
and we do not supplement this information with the estimation of the
uncertainty, then it means more or less that this current could take any value
(50 it is not determined). Thus, the analysis of uncertainty is always
acmmmn)"ng the measurement and it is crucially important. y
. “fvﬁunxatcly, the prevailing opinion is that the analysis of uncertainty 1s

et difficult and somewhat dull. Sometimes, people even say that the
measurements would pe interesting if not the theory of errors. On the other
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hand, if it is indispensable to use this theory better it is to grow fond of it.
Moreover, in many cases the analysis of accuracy of measurement can be
intellectually challenging and even can be more important and interesting
than routine measurement procedure.

The International Organization of Standardization (ISO) with
collaboration of many other prestigious organizations edited in 1993 a
“Guide to the expression of uncertainty in measurement”. This document
was a result of thousands discussions in metrological milieu and many years
of preparation. Today, we can say that before the Guide there was the theory
of errors and after the Guide there is the theory of uncertainty in
measurements. Unfortunately the Guide did not solve the problem of
understanding of measurement accuracy, because it is written with very
difficult style and it is clear only for very narrow circle of specialists. For
example an explanation: “Estimate — the value of an estimator obtained as a
result of an estimation™ — § C.2.26. No wonder that after the Guide the
frustration of people active in measurements deepened and the milieu divided
to the initiated peoples, who understand the Guide, and the rest, who don’t. A
lot of publications explaining the terms from the Guide have been published
(Dieck 2002, Lira 2002, Rabinowich 1999, Taylor 1996). The Guide is an
official document, as well as standard and law, therefore everyone is obliged
to try understand it and to comply with it.

Before the Guide the theory of errors was divided into two parts: theory
of systematic errors caused by the limited accuracy of the measuring devices
and imperfection of mathematical models, and the theory of random errors
utilizing the theory of probability. In Guide it has been assumed that such
division is not justified: therefore, other coherent theory of uncertainty in
measurement including these both cases of measurements has been proposed.
Such idea has been accepted with satisfaction, because it organizes the theory
of errors m one system. Indeed, measurements are practically always
suffering from the random errors, for example caused by the variation of the
measuring condition or external interferences. Thus we can only estimate the
measured value with possible to determine uncertainty. Even measurements
assumed as very precise are limited in accuracy by random errors. For
example, when we measure voltage using digital voltmeter of excellent
accuracy we never know the value between two least significant digits (if
four-digit voltmeter indicates value 5005, then all values between 5004.5 and
5005.5 are probable in the same way).

We rewrite the equation (2.1) X = X7 #4X in the form

X AXE<EXe < X HAX @7
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which can be read as follows: the result of measurement X is determined with
the dispersion £4X around the true value A7 (bearing in mind that Z4X is an
absolute error of measurement).

According to the concept presented in the Guide the dependence (2.7)
should be substituted by the dependence

Pr(Xy—u<X <X, +u)=1-a (2.8)

which should be interpreted as follows: the result of measurement Xais
determined with the uncertainty + u around the estimated value X, with the
level of confidence (I-@). Symbol Pr in the equation (2.8) denotes the
probability, !

We can see that the true value (which we never know) is n(‘)w substituted
by the estimated value. Similarly, the error is now substituted by the
uncertainty, because we also do not know the value of that error (because we
do not know the true value we can not determine the error using the equation
2
A question appears: what about the errors? Indeed, thcAlclrm éﬂ‘?f 1‘:
used in everyday speech so universally that any attempt to eliminate it Nicn
an absurd. That is why also in this book for sake of simplicity the term Lr[r}?r
will be sometimes used, but only in popularly understood cases (as the
difference betyween the measured value and the value assumed to be true).
The result of measurements should be always presented according to lh?
definition (2.8) and the term error cannot be used as a synonym of the
Unccnmmy.

In certain circumstances we determine the error relative to (h(.,-nknown
Value. For example, we determine the error of linearity as the dlllcranc
between the result obtained from the sensor of nonlinear (rallls!f:r
characteristic and the result obtained under assumption that the characteristic
15 linear, 1y would be somewhat strange to call this error as uncertainty of
lincarity,

The resultant uncertainty of measurement can comprise several
Components; corrections (a), random uncertainty ( b), uncertainty I‘(‘/lll(’l.l 10

the imperfect accuracy of measuring devices and methods (c), uncertainty
;‘LI[‘”L’[I 10 non perfect model of investigated phenomenon (d) and mistakes

c).

a) The correction is the uncertainty AXj which we are able to determine and

femove, For example the transfer characteristic of the thermoresistive sens

13 f’f“‘ﬂ described by the dependence Ry = Ry (1+al) — where Ry is the
Tesistance i temperature 0 C, Ry is the resistance in temperature 7, a is the
lemperatyre cocfficient. But more detailed analysis of the transfer
chilr:lcl(:rislic leads to a conclusion that the thermoresitor is better described
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by the dependence: R’y = Ry (I+aT+fT"). Thus, if we do not take into
account the nonlinearity of the sensor we make error of linearity:

) 2
ARpg = Ry = Ry = Ry T~ (2.9)
Because we know the value of this error of linearity we can remove it —

for example by setting it into computer memory and subtracting it every time
during measurement.

——
D (% .
Rﬂ SN

JL Secoicrpd

Figure 2.8. The example of the circuit used to the measurement of the current

We can also take into account the correction when our measuring method
exhibits error but we are able to determine it. For example, Fig. 2.8 presents
a circuit with a resistor R supplied by a source E with the internal resistance
R,,. The ammeter is used to determine the current /. This current should be
equal to

E

I= 2.10
R+R, { )

But the ammeter exhibits internal resistance R . Therefore the current is

g 2l iy @.11)
R+R +R,

Thus imperfect ammeter introduces error oI=(1"-1)/1

Ry

— (2.12)
R+R, +R,

ol =

We can remove this error and correct the result of measurement but only
if we know all the resistances.



30 PRINCIPLES OF ELECTRICAL MEASUREMENTS

2 e random uncertainty exists when we can diminish it by increasing the
number of measurements. If we perform several measurements and every
time we obtain a slightly different result (with dispersion exceeding assumed
value) we can conclude that the uncertainty is random. The uncertainty of
measurement caused by the random character depends inversely on the
number of measurements,
¢) There are uncertainties, which we are able to estimate but we cannot
remove. For example the ammeter used in current measurement exhibits
limited uncertainty described usually by the manufacturer (as the accuracy of
scaling). The repeating of the measurements many times would not changc_
this error, Generally this kind of uncertainty depends on the uncertainty of
used measuring devices and can be estimated based on the information
enclosed by the manufacturers of these instruments.
fh A"f’lhk‘f kind of uncertainties can result from the imperfect model of l!lc
Lﬂ\'csngmcd object or phenomenon. In the example described zzbovc‘(Flg.
'_'8) We removed the error introduced by the measuring method. But if the
Same cireuit is supplied by the alternating current the model of the measuring
€ireuit is much more complicated than that presented by equation (2. 12). In
Such case we should take into account the parasitic capacitances with respect
10 the ground, (he capacitances and inductances of resistors, influence of
frequency, e(c, The dependence (2.12) should be appropriately extended 1o
'"CI‘“‘]L‘ all these factors to the model.
: Sometimes the model of phenomenon can be so complex that 1Ls
‘c‘g’:’:"‘?:m’l could be difficult, especially in induslrlgl environment. In sst:]c]i!
) ofC.ull construct artificial model of the physical plncna_rncnfn{ ;:clcr'
“specific the group flgrccmcnl‘ For example, |Iu.: _mugncllc p;rl-l 2 0‘-.
mugncunﬂgwcr losses™ depends on a great num_bcr of factors —cond i I:)o Arhc
T Thmn It would not be reasonable to mc]udg qll of them m- e
chtri[:,cd crefore, the model of the losses hus been limited to the .pl]':“:(’:j,}]j
R gnc case - as lhls: case the testing apparatus cnl!cd the "[mdtin
B Talers lccn chosen. The .hps(cln frame has been very precise dCSC'rI ey b
g l.t m};\ul sl;!ndar(! (EN 60404 1998) — the rpc(h(:d u'f.prcp.'xr.luon’ t')‘
an Hlljxl:] 1; design of the apparatus, the measuring conditions, ctc. lm\.u~
uarantees :*;'Cd in details. The standardization of the measuring prnccdu'n.
m‘"l’ﬂmbic hat ﬂn‘lflvcsugalurs perform the same measurements and ubl:m-x
are calleq “I;C";‘:“f in every !'ﬂb'urntury. The rcsqlls of !{1csc lncasurcm%-:.n.?
in the Physicnlcg;:icm losses”; in many cases being far from the real losses
e }
c:r(ﬁ:d'llf;lsclssm not least, the \\"ursl kind or'uncur@imy - t.hc unrecognized
measure cufT":l’l’S are sometimes called the mistakes. For cx:unpl(_:. we
Presence of g ,"".l Uusing damaged ammeter. Or we use (!ns ..'unmcwr in the
lnﬂllenCCS(hc mbf'tllc field and we do not know that fhls ficld exists and
Casurement. We have no reason to question the manufacturer
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declaration of accuracy and greater number of the measurement will not help.
In such case only the validation of the measuring procedure (by means of the
standard device called calibrator) could be effective but it is not always
possible.

Thus the procedure of measurement should comprise the following steps:

- analysis and determination of the mathematical model of investigated
object;

- analysis and determination of the mathematical model of the measuring
system;

- analysis of source of errors and determination of the resultant uncertainty of
measurement,

Before the analysis of uncertainty it is reasonable to execute the cycle of
the measurements. If the dispersion of the results exceeds assumed value it
means that we should perform statistical analysis of these results. In such
case we use the procedure called by the Guide - type A evaluation of
uncertainty. This kind of evaluation requires certain number of
measurements — this number depends on the value of dispersion and the level
of confidence /-a.

But in certain circumstances it is not reasonable to repeat the same
measurements many times. For example, we have stable supply sources. the
conditions of environment are also stable (due to temperature conditioners,
clectromagnetic shield and grounding preventing the harmful interferences),
we have very precise measuring devices. It would be just waste of time and
money to repeat the measurements, especially 1n industrial environment. In
such case we use the procedure described in the Guide - type B evaluation of
uncertainty. In this type of cvaluation of uncertainty it is not necessary to
perform the statistical analysis.

total costs

costs

costs of incorrect decision

costs of measurement

= y
uncertainty

optimal
uncertainty

ire 2.9. The dependence between the uncertainty and costs of measurements
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<

It is reasonable to limit the assumed uncertainty of measurement to the
certain useful level. The increase of the accuracy means higher costs — we
should use more expensive measuring devices, the time necessary for
measurements is longer, the qualifications of the investigators should be
higher. The application of inappropriate, too precise instruments can be the
uncomfortable — for example when we use five-digit instrument for the
measurement of non-stable source, the last digits keep blinking and are
useless.

Figure 2.9 presents the graph illustrating the relation between the costs
and uncertainty. We can reduce costs of measuring procedure by decreasing
the uncertainty but it is the risk that the costs of incorrect decisions can be
larger, 1t can even cause dangerous situations. Taking this into consideration
we

an establish the optimal value of uncertainty. <
~ In some cases (health service, military industry, etc.) there 1S @ need for
increased accuracy. In this case the Guide proposes to substitute the standard
tncertainty u by the expanded uncertainty ku. The coverdge factor k is
related to the level of confidence and typically is in the range 2~ 3.

All elements are important — construction of the mathematical model of
the measuring system, analysis of the factors influencing the measure,
:d.lm]y‘“s of the possible uncertaintics. The authors of the Guide rccmnn1cn4:

,"”'h""gl’ this Guide provides a framework for assessing uncertainty, it
i_::;;'”’r“'"h"’”"ﬂ’,/or ('l‘lelL'llI thinking, intellectual honesty and profe: "/.’i‘;{

he evaluation of uncertainty is neither a routine task nor a pure )
Z:Z,l,h«e".'u"""l one; it depends on detailed knowledge of the nature of the

Surand and of the measurement....” (Guide 1SO — 1993).
pcre::Z:g["”"_‘-'cmﬂﬂly of measurcments is onc of |hc_ most m’lp\'l)vrllillrl-l
i"ﬂucncmfc;l()l.lhc measuring devices we should also consider UI!IC!’ :jlc Occ\
in labnr'nbn . ’{ eliability of measurements. If we use the measuring LVII' i
mPl’Oduc(lm,:y rmi .cxucl (!n:lcnmnul.mn of the vulgc of quantity 'l&:
measurement of standard is most important. But if we consider 'tru-
industry ﬂndg\\./l‘dcr - as the gathering of information in everyday li e,
Al Slgniﬁca\ cience other performances of the measuring equipment can be
Significant,
snuﬁgnzdf]:‘fzc‘msc_ when we analyze the sound. Usually as the s.cnsnr of
clectrical Si;'nal ‘_lnnlllcrophonc lr;:xlsdu.cnir processing the sound into the
frcqu,mcy s r;n ,'nL‘ fv;nd (Prc$surg of air waves) can be represented by the
that for correct P‘rll;cl de of alternating voltage. From Fig. 2.10 we can sec¢
should determine lthSsulg of: _[hc sound the sensors (and whole equipment)
oreover it is mqmrc[;rf;surc in frequency Imm/u'{z///z about ‘2(1 - 20000 Hz.
at the magnitude dynamics of the signal should be

Ofeven 12
110 B, 0 dB. Indced the dynamics of the symphonic orchestra is of about
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loudness, d8
140

120 c
100, [

=A. 0dB - hearing thresholc
~B: 50 dB - typical sound
~C: 120 dB - discomfort/pai

20 200 2000 20000
frequency. Hz

Figure 2.10. The physiological model of human hearing — the level of loudness as
felt by the human ear

For correct processing of the sound these both factors: dynamics and
frequency bandwidth could be more important than the accuracy of
frequency determination. Thus, the uncertainty of signal processing we can
widely interpret as the reliability of information and quality of reproduction
of the information.

In the vinyl long-play era the sound was recorded mechanically and
reproduced using clectromechanical device. This kind of signal processing
exhibited many drawbacks — the sound was noisy with crackles, therefore the
dynamics was poor, not better than 65 dB. Also the bandwidth was limited
and the signal was distorted. No wonder that all welcomed with enthusiasm
the new era of CD. This technique enabled the sound processing with
excellent quality — the dynamics was even /00 dB, and the frequency
bandwidth was 5 —20 000 Hz. To tell the truth, these parameters were much
better than would be appreciated by normal human ear.

But after several years the vinyl technique fans expressed doubt if the CD
technique is better — they maintained that the CD sound was reproduced less
natural than the vinyl one. It was slightly irrational against all technical tests.
But it is also probable that the model of human hearing represented only by
dynamics and frequency(as it is presented in Fig. 2.10) is not exact. The
technique of signal processing is today so effective that on the market SACD
and ADVD systems with /20 dB dynamics and up to 40 kHz bandwidth
appeared. They are almost two times better than the assumed human hearing
1s able to appreciate. Even such excellent performances did not stop the
discussion between the admirers of various sound processors what confirm
how important is model of the investigated phenomenon.
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This example demonstrates that the uncertainty we should interpret
widely. The measurement is most of all the technique bringing us the
information about surrounding world and we cannot see it only through the
accuracy of measuring nstruments and methods.

2.2.2 Basic statistical terms and concepts
3 . O ] Ve
Consider the case when we perform a series of measurements and e

obtain certain number of results in form of a table or a graph presented in
Fig.2.11.

15

1
10,5

1

211 An example of the presentation of the measuring results in

©

e form a graph
istogram. The
Analysis Tool
n of

. We can easily analyze such set of results constructing /2
h's“{gﬂlm can be calculated for instance with using simple
SXISting in popular MS Excel program. Fig. 2.12 presents the histogran
the data st presented in Fig.2.11.

wﬂmﬂﬂw

Figu
8ure 2,12, The histogram of the results of measurements presented in Fig. 2.11

o aNwaEae N

On the pry 1 = 5
result wlu-lg“PI‘ of histogram, the axis x describes the value of obtained

e the y axis presents value f; describing how often such result
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happened. Analyzing the histogram we can obtain the information which
value revealed most often — this value is probably the closest to the true
value.

Fig. 2.13 presents examples of two histograms. They represent magnetic
homogencity of the material determined by scanning the magnetic field
distribution of the selected arca on investigated magnetic material (Tumanski
1998). We see that one of them (Fig. 2.13a) is more uniform than the other
one (Fig. 2.13b), which is expressed by the slenderness of the histogram
shape.

a) b)
500 250 l
400 200
300 150
200 100
100 50

0 -5 e 1 0 -

8 13 18 23 28 33 38 BE13RN] 80328 3338

H [A/m] H [A/m]

Figure 2.13. Two cxamples of the histograms of the test results of magnetic material
homogeneity (Tumanski 1998)

It is also possible to calculate the histogram, in which the level of the bars
is equal to the /7 value representing the area fiAv (Fig. 2.14). On the basis of
such histogram we can evaluate in which Ax range the result of measurement
happened most often. Analyzing the shape of the histogram (for example its
width or slenderness) we can roughly estimate the uncertainty of
measurements.

Fi

Figure 2.14. The histogram f;Av of the results presented in Fig. 2.11

-
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14
08 4 I
06— —

(7l DR I l

i ]

: ;,,ﬁ..,;ul] I L
98

9 94 10,2 10,6

Figure 2.15. The cumulative histogram of the results presented in Fig. 2.11

2 . e S i lative
Another type of the histogram is presented in Fig. 2.15. This cuf'"‘"cn i
histogram informs us how often happened the result in the range betwe

and the x value,

04 3
() F(t)
03 gig
06
02
04
01
02
0
BRSSOl 20 30 0 05 1 150 20 26" 3

rFignre 2.16. The graph of the density of probability /(1) and cumulative distribution
or the normg| distribution £ (1) '

We can present the results of series of measurcments as the probability
distribution of the result instead of histogram. On the y axis we describe the
Probability density fiy) of the result of measurement (Fig. 2.16a). We can
also ca!culntc the cumulative distribution function #(x) as the arca under the
grlo?“b'“l)’ density function (Fig. 2.16b). The comparison Ql‘ figures 2.14,
b and 2.16 indicates that the probability density function is related to the

Stogram for infipje number of measurements (continuous function) while
© cumulative distribution function is related to cumulative histogram. Very

|
Figure < Ser sy
‘Scfﬁ;‘ i?g)lm:scms 50 called ized functions of probability where 1 = (x-p)/
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often the probability density function is represented by the normal
distribution also called Gaussian distribution. The example of Gaussian
distribution curves are presented in Fig. 2.16.

The distribution function (cumulative distribution) describes the
probability that the random variable be less or equal to x

F(x)=Pr(X <x) (2.13)

The probability density of function is the derivative of the distribution
function

el @.14)
dx
thus
F(x)=Pr(x < X <x+dvx)) (2.15)

Knowing the probability density function we can determine the
probability that the value X is in the range from x; to x;

e
Pr(x; < X <x3)= j'f(.\-mx (2.16)
x|
and of course is
Pr(-m < X <o)= If(.\-)=| @.17)

The normal distribution (Gaussian distribution) is described by the equation

A
) e W T 4R
/(\)~“Emp[ 2( = )} (2.18)

thus it is described by two parameters: standard deviation ¢ and the expected
value (expectation) g

The expected value is the value, around which all random variables are
extended. For a continuous random variable having the probability density
function f{x) the expected value g is
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u= j.\'/'t.\')(i\' (2.19)

-
For the normal distribution the expected value is the symmetry axis of the

function f{x) and for limited number » of observations x, is equal to the mean
value ¥

X e itive s e root of
We can determine the standard deviation o as the positive square ro
the variance’ V) =6 given by equation

@21

L : is equa the
For the normal distribution the probability that variable is equal to

§ : o the
expected value (in this case the mean value) with the dispersion equal to
standard deviation g is

2:22
Pr(¥-c<x<¥+0)=0.6826 (222)
¢ +o

Thus the probability that the result of observation is in the rang e
:

around the mean value (expected value) is 68.26%. Sinnl;lrly,‘ we ca '
caleulate that this probability for the dispersion £27is 95.44% and for £3 1S
99.73%, We can say that the result of measurement is very close to estimated
value if the uncertainty is 3. Therefore we sometimes say about 3o rule as
the rule of large pmhui)lhly:v g

The standard deviation of the mean value depends on the number of
observations

(2.23)

a(,?):ﬁ

1
The Variance V) describes the dispersion of the variable around the expected value
and . | 2 :
15 the second-order moment about the mean  /(x) = o = I(\ A (x)dx -

”

*F
ordothis probability is 99,9942,
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By increasing of the number of observations we diminish the range of
uncertainty of the mean value. But the component Jn increases slowly with
the increasing of n — to decrease the standard deviation by 10 it is necessary
to increase the 7 by 100. Such effort (or waste of time) is unprofitable and
therefore it is assumed that in typical cases the number of observations in the
range of 20 -30 is sufficient.

When the number of observations is not large 1t is recommended to use
the Student's distribution (t-distribution) instead of the normal distribution.
The Students distribution is described by equation

plt,v)= (2.24)

where v = n-1 is the degrees of freedom and I is the Euler function.

The shape of the graph of the Student’s distribution is similar to the
normal distribution (bell shape), but it is more flat and the flatness depends
on the degrees of freedom (number of operations). Practically for the n > 30
the students distribution is very close to the normal distribution.

a) A () b) 1(x)

a- | It a+ a- | m a+

n-al3 w+aN3 n-aN6  p+aN6

Figure 2.17. The graph of the triangular (a) and rectangular (b) density of probability
function. There are indicated the range of variable corresponding with standard
deviation ¢ of normal distribution

There are also other probability density functions, for example
rectangular (uniform) distribution or triangular distribution presented in Fig.
2.17. We can assume that in the normal distribution the standard uncertainty
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s 1/3 of the range of variable equal to 35"'. Note that in the case of triangular
function the o dispersion of normal distribution corresponds to the l/s/J_ of
the range while in the case of rectangular function it is I/w/g.

Consider the case when the resultant value is composed ferm_ Vanous
values ¥ = ¢,Xj+¢,Xy+... determined with various probability distributions.
In such case the Central Limit Theorem is helpful. This theorem states lha't
the distribution of ¥ will be approximately normal with expected value equa

to

and variance

(2.26)

2..2.3. Methods of evaluation and correction of the uncertainty related to
limited accuracy of measuring devices

In the case of evaluation of uncertainty of type A the calculations are
relatively simple because we use well known tools of statistical analysis. Th?
case of evaluation of uncertainty of type B is more complicated, because we
should evaluate various sources of uncertainty — for this task experience,
k"n“"‘:dgc and even intuition is necessary.

Relatively casy is evaluation of the uncertainty of typical measuring
devices, because we have the information about the accuracy estimated by
the manufacturer. Usually the manufacturer encloses detailed documentation
Specifying all uncertaintics, In the case of precise and expensive devices
manufacturer can enclose the certificatc of accuracy prepared by accredited
Iahorulnry_

The analogue indicating instruments are very well described by the
Standards, ang they are s;;-CCiﬁcd by the class of accuracy. The digital

Instruments are ot standardized, but there is certain universally accepted
cu&mmlof dcscrihing of the accuracy of such mstruments. Usually the
uncertainty of digital instruments is described as:

H% rdg + % FS) or +(% rdg + Y range) (2.27)

P

W 2
£ Can assume (hy all measured value are in 3o range with sufficient large
thubmly,
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which we can explain as the sum of uncertainty of indicated value (rdg —
reading) and uncertainty of the range (FS — Full Scale). The absolute
uncertainty is usually described using the unit of the measured value. The
relative uncertainty is usually given as percentage value (%) with respect to
the range value. Modern measuring devices are so accurate that the percent
unit is to large for express the uncertainty. For example, presentation of the
uncertainty as (.00001% would be inconvenient; therefore, often the
description in ppm (ppm — parts per million — 10°°) is used. The formula
(2.27) is then presented as for example #(ppm reading + ppm range).

Consider case when four-digit voltmeter with the range 70V indicated
0.454 V and its uncertainty is described as # (0.05 + 0.01)% . The
uncertainty of the result is % (0.05%-454 + 0.01-10 000)mV = # 1.2 mV and
the relative uncertainty is #(.26%. This example demonstrates importance of
the use of all significant digits. If for example we change the range to /V (if
such range exists) and we obtain the result 454.5 mV’ the absolute uncertainty
is 7 (0.04%454.5 + 0.01%-1000 mV) = #0.33 mV which is related to the
uncertainty (.07%. Thus we improved the uncertainty more than three times
only by changing the range of instrument.

|ox|

(6FS+ér)
5FS

Figure 2.18. The relative ox uncertainty of the digital instrument

Table 2.2. Resolution of a digital measuring instrument as the dependence on
the number of digits used

number of digits number of counts resolution

3-digit instrument 1000 0.1%
4-digit instrument 10 000 0.01%
4%-digit instrument 20 000 0.005%
4%i-digit instrument 50 000 0.002%

In 4%s-digit instrument the first digit can be 0 or 1 and the rest 0,1,....9 while in the
4V4-digit instrument the first digit can be 0,1,2,3.4 and the rest 0.1,...9.
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We see that the resultant uncertainty is the sum of the uncertainty related
to the accuracy of measurement (% F£S) and the uncertainty related to the
resolution — depending on number of used digits (% rdg). Fig. 2.18 illustrates
the dependence of the uncertainty on the measured value. The best accuracy
is when we use all digits — the relative uncertainty quickly increases with the
decrease of the ratio measured value to measuring range. Table 2.2 presents
information about the resolution of various digital instruments.

The analysis of a data acquisition board (analogue to digital converter) 1S
similar to the analysis of the digital instrument. Usually, the manufacturers
describe the uncertainty of such devices in a form

(%of rdg + LSB) or % of FSR or + nbits (2.28)

Which is sum of the component related to resolution and to the accuracy (/—Sg
~Least Significant Bir, FSR - Full Scale Range). Table 2.3 presen
information about the resolution of various analogue to digital converters.
Table 2.3. Resolution of the analogue to digital converters as the dependence
on the number of bits used

number of bits number of counts resolution
8-bits 256 0.39%
12 bits 4096 0.024%
16-bits 65 536 0.0015%

Another system of the specification of uncertainty is in the case of
analogue indicating instruments. Such instruments are described by the
standards, for example EN 60051 (EN 60051 1989). All instruments are
divided in Class of Accuracy — for example 0.2, 0.5, 1, 2 etc This class
means that the absolute uncertainty of all enumerating graduations docs not
exceed the class number in % with relation to the range value'. Thus

AY xl 7
Accuracy Class I—u— (2.29)
"lllﬂ(

If'we use the voltmeter of the range /00 V and Class 0.5 the manufacturer
uarantees that all enumerated graduations have been scaled with the
absolute uncertainty not larger than #0.5%-100V" = 0.5 V. Thus the absolute
:l:ilcnr::ﬁmy is the same for all measured valucs, \\'h_ilcl the rclali.vc uncertainty
diélln} lUl at the end of the range (Fig. 2.19). Snmlu_rly as in the case ol

nstruments the relative uncertainty quickly increases, when the

'

Sometj : :
y mes. the manufacturer encloses the table of corrections to all enumerated
Lraduatiops,
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indicated value decreases. For example if our /00 ¥ voltmeter indicates 25 1
(% of the range) the relative uncertainty increases to 2% (in comparison with
0.5% for 100 V).

AX

x|

Xax Class

Class

I X

max

Figure 2.19. The relative § x and absolute Ax uncertainty of the analogue instrument

The values of uncertainties presented above are determined for the
nominal conditions. These conditions are described in standards (for example
temperature 23 °C, relative humidity 40 — 60%, frequency 50 Hz, etc.) Also,
the operating conditions are determined (for example variation of the
temperature A7 = /0 °C, inclinations from the horizontal level 5°, etc.),
when the uncertainty can increase by the Class value (additionally for all
factors).

Uncertainty of the measuring instruments depends not only on the
accuracy of scaling procedure. The uncertainty influences also other factors,
such as nonlinearity, hysteresis, zero drift, and resolution. If these
uncertainties are not specified, then we can assume that they are included in
the whole uncertainty declared by manufacturer. Often the manufacturers
inform about these errors as the additional errors.

Fig. 2.20 presents the graphical tllustration of typical errors of signal
processing. The sensitivity error is generally related to the change of
amplification, mostly due to the change of temperature, but also due to aging
of the elements. When the changes are caused by the aging process it is
necessary to perform re-scaling of the instrument (for example using the
calibrator device). When the changes are caused by the temperature influence

The manufacturers of measuring instruments often specify the temperature
influence as additional uncertainty, for example # 50 ppm/“C. The error of
sensitivity is relatively easy to correct by calibration of the instrument. The
useful method of stabilizing against the changes of sensitivity is the
introduction of appropriate feedback (this method is discussed later in
Chapter 4).
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Figurc 2.20. Typical errors of signal processing: a) error of sensitivity. b) error of
linarity, ¢) error of resolution, d) error of hysteresis

T of linearity (lack of linearity) results from approximation o_ti_;]ln
transfer characteristic b'y the straight line, when this line is nogzlmuzfr. 1;
crror is often defined as the largest difference between the straight line ﬂg
the real characteristic, related to the range value. This kind R
eliminated by introducing the correction (if the nonlinear characlcnslui is
known). There are various methods of lincarization of the transfer
characteristics. One of them is the feedback (discussed later in Chapter s 5

One of the most difficult to decrease are the errors of resolution. Thcrf
are many sources of these errors: noises, zero drifi, limited dynamics,
interferences. The resolution errors are often defined as the smallest chagEs
of the signal that is not detected by the measuring instrument. ;

The noises are the signuls' containing the components of varmu(.;
frcqucncics and magnitude varying randomly. For example the S()-Cﬂ”?l
wl!ltc noise contains signals of all frequencics. A resistor generates '\\'hllc
noise as thermal noises, according to the formula Ur = (4KkTRAY)" (K is e
Boltzman constant, 4f — the frequency bandwidth). The noises are also
generated by semiconductor devices or magnetic elements (Bmkhuuscvn
noise). We can reduce the influence of these noises taking into account their
random character — by applying the statistical theory. There are many various
methods of noises reduction — from the shielding through the applications of
artificia] intelligence. Modern methods of noise elimination enable recovery
"f!/u"stgnal,v in presence of the noises even /00 dB larger." One of the most
effective methods of noise reduction is the use of the lock-in amplifiers
(discussed in Chapter 4). The noises are usually defined as SNR factor (SNR
= S18nal 1o nojse ratio).

1
dBiis 2
Uy, ’i-” log (U/U,) ~ thus 100 dB means U, ~ 100000, while 120 dB means
o= 1000 00
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The electromagnetic interferences can be the source of deterioration of
the resolution. That is why the electromagnetic compatibility is so important.
The most popular methods of reduction of the electromagnetic interferences
are: shielding (magnetic or electrostatic), grounding and filtering. Mostly,
interferences are the signals of industrial frequency 50 Hz. Such signals are
very difficult to remove, especially when our measured signal is of the same
frequency.

The zero drift is also very difficult to remove. Often, such drifts are
caused by a change of temperature. This error is especially troublesome
when it is accompanying a DC signal, because we cannot separate them.
Therefore, zero drift reduction is facilitated by conversion of the DC signal
into the AC signal with modulated magnitude. Recently, one of the most
effective methods is the auto-zero function. This function is performed by
periodically switching the input signal off (for example by short-circuiting
the input), then determining of the offset, and then subtracting it from the
signal after opening the input (The auto-zero function is more detailed
discussed in Chapter 4).

The auto-zero method is possible to use only when the source of the
offset is internal. More difficult is the case, when the external source
influences the sensor. For example, when the resistive strain gauge sensor
(sensor of strain) is influenced by temperature (which causes also the change
of resistance) we cannot separate these influences (strain and temperature)
because we cannot “switch off” the external temperature. In such case very
useful is the differential principle.

In the differential method the difference of the signal of two sensors is
connected to the input of the measuring device. Only one sensor is
influenced by measuring quantity, but both sensors are influenced by
external temperature. Thus the signals caused by the external temperature are
compensated and only the signal caused by measured quantity remains.

It is possible to apply the differential method in the bridge circuit. In the
circuit presented in Fig. 2.21a the output voltage depends on the changes of
all four resistors

U

30)

out =

lA_le,_AR3+AR3_AR4]
AT S T T

Thus, if the temperature influences two identical resistors R; and R, while
the measured value influences the resistor R, then the output signal of the
bridge circuit is

(2.31)

= ‘l(/\lll(.\')+/\I(,('I')_/\R3(7')]_I_ARI(.\')
AT R R, 4 R
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5 = :arforences: a) the
Figure 221, The differential method of reduction of external interference

bridge circuit, b) the gradient sensor
d. In the

Fig. 222 illustrates several examples of the differential m?lr-onlucd s
case presented in Fig, 2.22a two identical strain gauge scnsor;d ‘;scslrcsscd
the surface of stressed sample. But only one of these sensors ( .I[)vmpcmlufc
while the other (R5) is placed perpendicularly to the slrc'ss. Th"'d'.jccnl ——
influences both sensors. If we connect these two sensors in the a 'Jdﬂucnc&
of the bridgc circuit we obtain the elimination of the temperature in

d)

a)

g . e naedily
Figure 2.2, The differential method: ab) two sensors, only one is .”m‘{;“::;uc y
measured value, cd) two differential sensors, both influenced by the measured va

Fig, 2221 presents the method of climination of the temperature ZC/IU
drift used iy, (he magnetic ficld sensors of Nonvolatile Electronics Inc. (NVE
2005). Two identical magnetoresistors arc influenced by external
temperature, fyyy the second sensor is isolated from the measured ficld /7 by
the shield,

!nslcnd of the pair of active/passive sensors it is better to use two or four
differentia) Sensors. Such sensors work differentially, which means that they
fulfil] he relation

o
L
9

AR = AR(x); ARy = ~AR(x); ARy = ~AR(x): ARy = AR(x) @
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Thus, taking into account the relation (2.30) we obtain

AR(x) U

U
R =

(2.33)

our <

We obtain elimination of the influence of temperature by the use of
differential sensors, and also at the same time we improve the sensitivity.
because the output signal is four times larger (in comparison with one-sensor
circuit). Fig. 2.22c presents the capacitive sensor of displacement. The
internal electrode is moveable. When the capacitance of the upper sensor
increases (smaller distance between electrodes), then at the same time the
capacitance of second sensor decreases (larger distance between electrodes).

sensors R; and R, are compressed, while at the same time the sensors R, and
R; are stretched. Therefore, all four sensors are the same but the two pairs act
mutually differential

Fig. 2.21b presents a method of elimination of the influence of external
magnetic field (for example Earth’s magnetic field) during the measurement
of magnetic field from the source S. Such problem is common in biomedical
measurements, when small magnetic field nceds to be investigated, for
example with magneto-cardiograph in presence of much larger Earth’s
magnetic field. Two sensors are connected differentially and are positioned
at some distance from each other. We assume that the source of Earth’s
magnetic field is large and it is at long distance from the sensors; therefore,
the external magnetic field /.., is the same 1n both sensors. The investigated
source of magnetic field is small and near the sensors thus sensor placed
closer to this source is influenced more than the other sensor positioned at
some distance from the source S. Such pair of sensors measures the gradient
of magnetic field ~ from the distant source this gradient is very small but
from the adjacent source this gradient can be significant.

The hysteresis error is often caused by the presence of magnetic parts. It
can also be caused by the mechanical friction in indicating analogue
instruments. With hysteresis we can obtain different results of measurements
carried out for increasing and decreasing signal.

Additional problems appear when we process time varying signals. One
of the important parameters in this case is the frequency bandwidth of the
measuring instrument. Most of measuring devices exhibit limited bandwidth
— sometimes it is limited for low frequency (the DC and slowly varying
components are not detected), but it is always limited for high frequency.
Fig. 2.23 presents the specification of the measurement uncertainty of the
popular multimeter 34401 of Agilent for various ranges of frequency of
measured signals.
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4+0.5
0.55+0.08
f
0.1+0.05
0.04+0.03
100 1k 10k 100k 300k Hz
uncertainties

Figure 2.23, The example of specificat f the measurement

) AN ple ol specilical won o
depending on the frequency of the measured AC signal — the multimeter 34401 of
Agilent (Agilent 2005)

The measurement of the signals at frequency other than acoust,c rzlng.C I-’0
.”: =20 kiz is in general less accurate. It is rather difficult to chmmatubllf
influence of parasitic capacities at the high frequency range. /\bUV‘-f a ;’”
I Mz the accuracy influences the transmission line effect and in t'll.?
bandwidh special n"tcasuring instruments are used. In the case of nnalyt;[?ul:-
Processors the bandwidth is usually defined as the frequency range i “, flco
the amplification factor K, (or generally sensitivity coefficient K) Cllilﬂgb:‘)l"
31“” than 3 dB from the defined value (often for example from the value

elermined for frequency / £Hz). :

In the case ofq digit};! proc)cssing the main limitations come fmml Eh:
Sampling frequency which according to the Shannon theory should be at 'c'dh‘
WO timeg larger lI;:m the greatest frequency in the signal. Recently, there ‘“:"
vailable analogue-to-digital converters with sampling frequency greater
than 7 G, g

~ Usually the uncertainty is specified for a pure sinusoidal signal. rhc.

distortion " from the sinusoidal signal is often defined as the presence of
harmonics i the signal. Often the THD coefficient (77D — Total Ilfll'lll().IlIL'
Distortion) is used. This coefficient is defined as the percentage ratio of all
harmonicg components above the fundamental frequency to the magnitude of
fundamenty] component:

v

>
252 100%
a)

THD = (2.34)
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The signal is characterized also by the CF factor (CF — Crest Factor) —
the ratio of the peak value to the rms’ value of the waveform. For example,
in the multimeter 34401 presented above the Crest Factor of / — 2 causes
additional error of (..05% of reading, while for CF 4 -5 this error is 0.4% of
reading.

Sometimes, the FF factor (FF — Form Factor) is also used, defined as the
ratio between the 7ms value and average rectified value. For pure sinusoidal
waveform the FF = 1.11.

The term “True rms™ is linked to distortion. Such symbol is often placed
on the front panel of measuring instruments. It means that the 7ms value of
the signal is measured according to definition (rms — Roor Mean Square)

(2.35)

The term “True rms” appeared as the reaction to the ‘“non-true”
measurements performed by the formerly universally used measuring
instruments with rectifiers. Such instruments measure de facto the rectified
average value, but they were scaled as rms devices under assumption that the
dependence between these two values is the Form Factor = 1.11. But this
condition is fulfilled only for pure sinusoidal waveforms, which is frequently
not the case in typical measurements. For example, if the waveform is
triangular the error resulting from the distortion is about 5.5%, while for
rectangular waveform this error is //%. And for pulse measurements this
error is as large as around 50% for the crest factor = 4. Recently the
measuring devices indicated as “True rms™ measure the distorted signal with
CF up to 4 without any additional errors.

It is important to know that most laboratory multimeters do not measure
the rms value of AC+DC signals. Usually the AC signals are separated from
the input by a capacitor. Thus to obtain the rms value of AC+DC signal it is
necessary to perform the measurement two times (as DC measurement and
AC measurement) and then the resultant 7ms value can be calculated as

rms(AC + DC) = AC? + DC? (2.36)

Currently many portable instruments are indicated as AC+DC. Tt means
that these instruments correctly measure the AC signal with DC component.

More complicated for analysis and corrections are the errors of

dynamics. These errors concern the cases when the processing signal changes

" rms value - Root Mean Square value discussed later in this Chapter.
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much faster than the time of measurement. For analysis of dynamic
performances very useful and relatively simple is testing the response of the
measuring system, when the input signal is in a form of a step of unit
amplitude (there are used also other input test signals — for cxamplcl unit
impulse). Figure 2.24 presents two typical output signals of the circuil
excited by the step unit signal.

ALy 2

] e— et

. a) the device with

Figure 2,24, Ty les of res to the step fi

: .
mertia, b) the device with oscillations

The nertia type circuit (Fig. 2.24a) can be characterized by lh_c Zliuf
constant T. For the first order incrtia this time constant can be determine as
the 0. 638y, or by drawing a tangent line to the response curve. In the casclol
the circuit with oscillations (Fig. 2.24b) important parameters arc llc
?“"‘I“L‘"'-'," of oscillations f; (or resonance angular frequency @y OF relative

Tequency p = ¢/, mping factor b.

© canl mtcr[:“c)t a?I:IcKIZyrianfi{s error as the difference b?“"“"?‘ i
fesponse of investigated device and the response of the ideal device w‘“'wl:;
nertia (zero order inertia) o0r oscillations. This error (difference) is indicate
in the Fig. 2.24b as the arca filled with lines.

The output signal of oscillating circuit can be described as

byl ,\-m[ VI Eh% @yl +arcg

while j A ol p
hile in the case of the first order inertia circuit this signal is

(2.38)

N Vb
)=y, |-“'_¢,""”n',v/,( VB> =lwyt + arth '/
o )

iR =il
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The error of dynamics can be described as the difference between the
output signal y(7) and the steady value y,,
Ay =y(1)=y, (2.39)
or as the mean square value

o, = ]]4,_\9(11[11 (2.40)

0

Sometimes it is convenient to analyze the error of dynamics not in the
time domain but in the frequency domain. It is justified because in the case
of linear circuit these both specifications are equivalent according to the
Parseval rule

J]j'(l)]zlll = -’l—’ -ﬂ[(j(u)lzrln) (2.41)
0 -

In the frequency domain the dynamic performances of oscillation type
device is represented by the transform

7 O MG < . 242)
X(s) 5% +2bwys + w;
The amplitude and phase characteristics are described by
K
[6(jo)=——er— (2.43a)
I-7
2b
olw)=arctg =1 (2.43b)
g =il
The device processes the dynamic signal without distortion if the
amplitude is constant with frequency:
|G(jw) = const (2.44a)

Important also is the phase condition in the form

4/:(1:))»: 0 orrx or kw (2.44b)
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Figure 2,25, The examples of the amplitude and phase characteristics of transducer

The examples of amplitude and phase characteristics are presented in hg.
2.25. From these characteristics we can formulate the following conclusions:
- the amplitude error is smallest in the largest bandwidth for the damping
b=0.707.
=forb = 0,707 the transducer can be used in the rang
@< 0.6 @y the amplitude error docs not exceed 5%),
- the phase characteristics are close to the linear for @ < @y

e m < my (for frequency

and b=0.7—-0.8.

The dynarm; A
he dynamiics errors can be also determined as

z

2 |

%

G(/’a}j—l\’IZIA(/‘m}[:d(u (245)

2.2.4. The estimation of uncertainty in measurements

""allf/al/l:c random errors are dominating then we use the nu:/h'ut/ A :‘f
Slﬂlistic:n u( uncertainty. In this case we apply II|'c tools of “,L.”.ry '
theory i;n]:erSCIll(;d in Section 2}2,2, It is onlyl small dl!T{:rgllcc bct\\ L(,l:lll :c
betwees flracqcus of evaluation of. uncertainty. The A(nudc dlffcucnu..m.s.
(”X[luri,,,u,;; Ivununcc o (an ZlelrﬂL’lch term) and estimate of m/“/umv (' \
c"f’cﬂmcmr.‘l’ Standard z{um_umn) rglatcd to measurements, , [ '1%
the stang 8 sland;u‘d deviation is determined from the same dependence as

rd deviation (see Eq.2.21)

: (| %
Sep)=——=) \xp =%) (2.46)
7 (x) "‘I‘Z,(“ V) h
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The uncertainty of measurement is
u(z)=s(%) (2.47)

Figure 2.26 presents the illustration of the uncertainty evaluation for the
method A.

mistake min

Figure 2.26. The tllustration of the estimation of the uncertainty by method A: a)
distribution function for the results of mcasurement without correction, b)
distribution function for the result of measurement, ¢) distribution function of the
mean value of series of measurements with correction

After n repeated measurements the corrected value is determined — the
results of mistakes are removed and the correction Ay, is subtracted. From
corrected results the estimate of measured value 1s determined as the mean
value ¥ (Eq. 2.20). Next, the experimental standard deviation s(¥) is
calculated (Eq. 2.46) and later the uncertainty u(¥) (Eq. 2.47).

The result of measurement can be presented as

x=X+u(x) (2.48)

The uncertainty of measurement can be also presented as the expanded
uncertainfy u

u = ku(z) (2.49)
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Not always is it clearly specified, then for the uncertainty u(x) the
coverage factor k is / which corresponds to the confidence level 68% (for
normal distribution). For expanded uncertainty the coverage factor should:)c
specified, usually it is K=/, 2 or 3 therefore the confidence levels are 68%,
95.5% or 99.7%, respectively.

In the case of uncertainty type B apart from the random errors 2 Ol!lﬂ
uncertainties should be estimated, including uncertainties of mcasurl;%’
devices. At present, the novelty is that we should take into account lAt
probability also in the case of other errors, i.c. not only the random crmrS; .
was discussed earlier, in the case of digital instruments the valuc.s bgl\‘gc[r:
the last bits are evenly probable — thus the rectangular (uniform) d{Slf}ll:U:i'gn
fs recommended. For the digital frequency meters the triz_mgular distri l:j =
is the most appropriate. Fig. 2.27 presents the uncertainty determine!
standard deviation for various distributions of probability.

[u(x)-RIVE ux)=RA'6 U(X)=R/V—3— j
o 2R, LRt o

Fi y § ; abilit
Figure 2,27, Comparison of uncertaintics for various distributions nfpmb.]lnh y

. Py ine resultant
After estimation of all the uncertaintics we can determine the resul

uncertainty y;, (x) as the root of squares sum of cach uncertainties g (X))

m

up(x)= Z”’:’{"" (2.50)

i=l

Similarly we can obtain the resultant uncertainty determined using both

methods
u(x) = 1 (¥) + uj (2 (2.51)

Whe;
N the determ: IR . e
he determineq value of y is function of several other quantitics x;

y=[(x,%5..x,) (2.52)
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w
b

we can determine the combined uncertainty. The estimation of combined
uncertainty is more complicated when component quantities x, x; are
mutually correlated (dependent). We can check this by testing the degree of
correlation

o Tt e 2.53)
i u(x;)u(x ;) 2

which varies from 0 to / (0 means that these quantities are uncorrelated,
while / means that they are completely correlated, ie. x,=k x)). In the
dependence (2.53) u(x;) ufx) are the estimates of variances, while u(x,x,) is
the estimate of covariance of both quantities. We can determine the
combined uncertainty using the law of propagation of uncertainty

u- (\.) Z(f‘ Ju (x, )+2Z Z :/ 5 ——u(x;,x ;) (2.54)

i=1 =141

The covariance of random variables can be determined experimentally as

In practice, when the component quantities are mutually weakly
dependent we can neglect the second part from the dependence (2.54) and
the combined uncertainty can be calculated as

INEAEN2
uzl_\):Z(%] "2(_‘_') (2.56)
st [,

1=l

Let us consider an example, when we determine the impedance Z on the
basis of measurements of resistance R with uncertainty u(R), inductance L
with uncertainty u(L) and frequency 1 with uncertainty u(f). The relationship
between these quantities is

Thus from (2.56) and (2.57) we obtain
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2 2 A A
s ) e 1f oy 20] s
+(wl)? R” +(wl)”

VRZ‘}‘(E,.)' R

Sometimes instead of the root of square sum we simply add the modulus of
uncertainty

N~
u(,r):Z ff Ulx, )l (2.59)
=l ox;

but such method of calculation of uncertainty can cause the overcsllmauonlof
the combined uncertainty. The sum of modulus is sometimes callcdlllc
maximal limiting uncertainty. Instead of summing of the absolutc
uncertainties we can also sum the relative uncertainties as:

o2l

=N
Figure 2.28 summarizes the main steps in evaluation of uncertainty.

2

) 5%(x) (2.60)

mathematical model of the
object and measuring system

analysis which component

exhibits random character

accuracy of
devices

other sources
of errors
correction

(%)

calculation of o
and mean value

uncertanty type A

expanded
uncertaint:

Uy(x)

uncertainty type B

) = Jus (7)< s (x)

combined uncertainty
u(x,,x,,.,.x")

Figure 2.28. Algorithyy, of evaluation of uncertainty
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When the result of a measurement is presented, then the form of this
presentation can inform us about the uncertainty as well. For example, if we
have measured the voltage as 4.565 V with uncertainty 0./% (thus it is
4.56540.005) then it is meaningless to present the result as for example
4.565297 V (such style of presentation is sometimes used, when the
rescarcher used the calculator or computer to calculate the results). Of
course, similarly incorrect is to present the result as 4.56 V. Generally, the
accepted rule is that: /ast significant digit of result of measurement should be
the same range as the last digit of the uncertainty.

2.3. STANDARDS OF ELECTRICAL QUANTITIES

2.3.1. Standards, etalons, calibration and validation

The measurement is always related to the standard unit. The standard is
the realization of a given quantity with stated value and measurement
uncertainty, used as a reference. Using the standard we can perform
calibration of the measuring instrument. The calibration is the operation
establishing the relationship between quantity values provided by
measurement standards and the corresponding indications of measuring
system, carried out under specified conditions and including evaluation of
measurement uncertainty (ISO VIM 2004).

The concept of preparation of the measuring standards is well known for
a few centuries. The first standard of meter unit was prepared in 1793 in
form of a brazen bar. In 1799 this bar was substituted by more accurate
platinum bar, and in 1889 the standard in form of the X-shaped bar from
iridium-platinum was prepared. This standard is preserved in the Bureau
International Poids at Mesures BIPM in Sévres (Paris).

Next. the standards of other quantities were prepared with better and
better accuracy. Many countries prepared the copies of such standards and
the hierarchy of standards was created: international standards — national
standards — primary standards — secondary standards — working
standards. The most accurate standards used only for calibration of other
standards are called efalons. Sometimes, the group of standards are used —
the resultant standard is then estimated as the average value.

Currently, the idea to substitute the material standards by the standards
referred to the physical phenomena dominates. For example, the material
standard of meter (iridium-platinum bar described above) is substituted by
the standard referred to the path of the light traveled n defined time interval.
Such kinds of standards are indestructible, even in the case of cataclysm.
Morcover, they can be even transferred to other civilizations.

Recently, in laboratory and industrial conditions the standards are
substituted by the instruments called calibrators. Such instruments are
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manufactured as accurate sources of quantities (voltage, current, powcr
resistance, frequency, etc.) enabling setting of these values with uncertainty
better than several ppm or fraction of ppm.

The calibration procedure is used to test the accuracy of measuring
instruments. Sometimes, the validation procedure is also performed. The
validation is confirmation through examination of a given item and provision
of objective evidence that it fulfils the requirement for a stated intended usl‘7
(1SO VIM 2004). Thus, we can apply the validation procedure to test the
reliability of the measuring method.

2.3.2. The standards of electrical quantities referred to the L
phenomena and laws

According to the definition of standard unit of ampere j! is the curn:*n(y
which in two parallel conductors produce force equal 2-10° NIJLl’I' mcll“/‘ I[‘;{
length, This slightly complicated definition is realized by the Ryleigh "'l(lll "cL:uI
weight (Fig. 2.29). Two parallel conductors are substituted by two ¢y Hin r!Iylc
coils connected in series — one stationary and the other one mOVAbiE:
connected to the arm of the balance.

F;

Fi
1R 229, The Ryleigh weight as the standard of current

funlb‘:,:lfn‘cmsv in both coils cause that these coils ;}!lnn'ctzczlc'll other. .Thf

B altraction depends on the cuncr‘u vzlluc. F=KI;" (K - cnn:slv.lln

R F,;H on the geometry of the coils). This force is balanced by the ,{m‘ll'y

aceelery Mg (m - the mass of weight on the second arm, g — Earth’s
ation factor). The value of the current is determined as

(2.61)
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Such standard enables the reconstruction of the current unit with
uncertainty below 6 ppm. The current unit can be reconstructed more
accurately from the Ohm’s law by using the standards of resistance and
voltage. Uncertainty of such indirect standard is below / ppm.

The quantum Josephson effect is utilized to reconstruct the standard unit
of voltage. This effect appears at very low temperature (typically liquid
helium 4.2 K), when certain materials (for example niobium) become
superconductors. The superconducting Josephson junction consists of two
thin superconductors separated by very thin insulator layer.

9,5946537 GHz U A pv

60
40

20
|

i

200 400 600 HA

Figure 2.30. The Josephson quantum effect as the standard of voltage, after (Ibuca et
al. 1983)

When Josephson junction device is irradiated by microwave energy in the
frequency range 9 - 700 GHz and it is biased by DC current then the voltage
changes stepwise with the change of the junction current (Fig. 2.30). We can
determine these steps on the volt-ampere curve very precisely. The level of
the n step is described by the dependence

L/(n):n/:—':l'\L (2.62)
2 J

Note that the voltage depends on the very well defined values: /1 —
Planck’s constant, ¢ — electron charge and /— microwave frequency that we
arc able to measure very accurately. The Josephson’s constant K; = (2¢/h) is
equal to 483 597.9 GH=/V.

The main drawback of the quantum standard of voltage is that the output
signal is relatively small and contains noise. For /00 GHz microwave the
single step of voltage is about 200 uV. This signal can be increased by
connecting many Josephson junctions in series — even up to several
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voltage depends on the magnetic field in a step

R, A k@

20

10 :
70 15 T

ce t steps are
4 esistance (firs
Figure 231, T quantum Hall effect as the standard of re
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in

Ky (2.63)

i

Ry (n)= zz—” o

5 (h and ¢) and it does

The resistance depends only on well dc_tﬁncd vuluc:s (/;]d{;‘(; : )|‘:”' e

ot depend opy the current I; or the magnetic flux ('!unsu)‘/ "u“um e

constant Ky vy determined as 25 8/2.807 £2. Using ll‘u. q’l,l':h Bt
Standard it j5 possible to reconstruct the resistance unit w

y I”:III)”L dard is the very large

' main drawback of the quantum resistance .SIIIH('ZII’:" : fey s larer
Magnetic fie|q fiecessary (o obtain the quantum phenomenc

sed forth Step this field is several 7 (T~ tesla).
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According to the definition of the time unit one second is the duration of
9 192 631 770 cycles of microwave light absorbed or emitted by the
hyperfine transition of cesium-133 atoms in their ground state undisturbed by
external fields. This idea is realized as the time/frequency standard. The
example of the cesium atomic standard is presented in Fig. 2.32.

f=9192 631 770 Hz 5 MHz

Frequency Quartz
Synthesizer

Oscillator

Amplifier

Cesium : :
o [T ] Detector
Microwave @
Interrogation
Cavity

Figure 2.32. Cesium beam atomic clock — the standard of the time/frequency

The Cesium-133 atoms are heated to the gaseous state in the oven. This
gas is traveling as high-velocity beam through the gate of the magnet into the
microwave cavity. The magnet gate is used to select only atoms of a
particular energy state. The atoms are exposed n the cavity to a microwave
frequency. If the microwave frequency matches the resonance frequency of
cesium the atoms change their energy state. Only atoms which changed their
energy pass through the second magnet gate. The detector of these atoms
tunes the quartz oscillator to the state, at which the greatest number of atoms
reaches the detector. It is when the frequency of microwave cavity is exactly
9192631 770 H=. As the standard frequency the frequency of 5 MH= of
quartz oscillator s used.

Recently the most accurate atomic clock is achieved by means of fountain
principle (Fig. 2.33). Such clock developed by NIST (National Institute of
Standards and Technology USA) allows to obtain an uncertainty less than
" (NIST TF - 2005). Tt is one of the most accurately determined value. Tts
uncertainty is better than (.1 ns/day. which corresponds to a change around
1s after 30 000 000 years.

Six infrared lasers orthogonally positioned (see Fig. 2.33) in the vacuum
chamber push the cesium atoms into a ball. In this process the lasers cool the
atoms to the temperature a few millionths of a degree above absolute zero
and reduce their thermal velocity to a few centimeters per second.
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L_)I laser

microwave
[ ] cavity

® detector

¢ K
\ o
~ lasers
e

— A
(e r_/‘ & )
| B

<

;:ﬁggﬁju Fountain cesium atomic clock — the standard of time/frequency (NIST
Vertical laser tosses the ball upward and then all the lasers arc turned off.
L«‘"dcr the ifluence of gravity the ball falls back through the microwave
fl‘:: lll)z;ilIl)“’”“g this lri;? the atoms interact wil_h ll{c microwave SIgbnz'ill xﬁ:z
7oL w]cavcs the cavity another laser beam is directed onto the "1 .r Th}s
PTUCL:;S 10;‘_ states were zll{crcd, emit fluorescence sensed by dClLle’ d h
e L is repeated many times for various microwave frequency and th
quency that causes the maximum of fluorescence is the cesium resonance:

The s
he standard frequency is distributed by radio and satellite systems.

Figure 234 1,

=AM par| calculable capacitor of Thompson-

he standard of capacitance —
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Apart from the standards based on the physical phenomena other
standards based on the physical laws have been developed. These standards
are sometimes called as calculable standards. The example of a calculable
standard is presented m Fig. 2.34 — it is a standard of capacitance.

The calculable standards are based on the idea that for some geometrical
designs it is possible to calculate their parameters very precisely. The
capacitor proposed by Thomy and Lampard consists of four metal
cylinder bars arranged in a square and surrounded by a cylinder movable
shield device. The capacitance of such capacitors can be estimated from the
following dependence

2
oAl (2.64)
4z

Thus, we can calculate the capacitance with very small uncertainty
because it depends only on the velocity of light ¢ (which we know very
precisely) and on the length /. And the length we are also able to measure
with very small uncertainty — using the interference methods. That is why we
are able to determine such capacitance with uncertainty less than 10~ ppm.
The main drawback of the air standard capacitance is its relatively small
capacitance — only /.95354904 pF/m.

2.3.3. Material standards of electrical quantities

As the standard of voltage the Weston cell was used from more than 100
years. Fig. 2.35a presents the design of such cell. The Weston cell exhibits
several advantages: simplicity, stability of standard voltage better than
2 ppm/year, uncertainty of standard from 0.07% to 0.0002%, low level of
noises. The output EMF is from 1.018540 V to 1.018730 V. Although the
output voltage is varying with temperature (about 40 uV/K) these changes are
well known and can be corrected. Anyway. the standard cells are usually
kept in thermostat.

The main drawbacks of the Weston cell are sensitivity to shocks and
limitation of current value — even current of / 4 deteriorated the
performance of the cell.

For that reason there is no wonder that the Weston cells are currently
substituted by electronic devices. In such devices usually specially selected
Zener diode is used as the voltage standard source. Electronic standards are
more useful in applications, since they are resistant to shocks and can be
moved without problems. They can be casily connected to a computer,
because they are usually equipped with appropriate interfaces.
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There are certain materials suitable for precise resistors manfxfaf“g;"
they should exhibjt large resistivity and very small chc';,(_l;';cz'“ il
{emperature. One of the most popular is manganin (fioy o -[['Zi ent o
M, 4% Ni) with resistivity p = 0.42 p02:m and temp Ity i ‘;,o:' 11-m;)cmlu
(0.5 = 2) 10°/K (for comparison pure Epocrg cxhibily e Z resisto
coefficient ¢ = 4:10°/K). Another material used for p;c"::'g Cu) Wi
Preparation is the Evanohm (75% Ni, 20% Cr, 2.5% . 2 J(: less tha
TESISiVity = /.2 4O and excellent temperature P"Offc,'f;? i ;L_g,,vu;bl
10°K). An important requirement for resistive materials is 2
lhcnnoc]cc[ric voltage in relation to copper. ; esIsto

The resistors arcc\vound bifilarly which enables useisito Ob;_?"” a2.1-33) 18
pmclically without the inductance. The biﬁ!ur winding _’(]lsirc in the
performed in gyep way that in adjacent wires the <:urr¢2“c Ioidlerm
OPposite directions 4nq therefore the magnetic ficlds compens scial design:
The Capacitance of sandard resistor is very small due to Sztcupzlcilan“
Although Standard resistors are with negligible indlfclﬂ_ﬂcc' a_” ccial kind of
Ustally they are coq for DC circuits. For AC “pp!lcat'o‘]? s(';widlh limited
TESISUOTS (indicapeq DC/AC resistor) can be used but in the ban
to aboy 7 k-,

Fi
Bire 238, 7y Principle of bifilar winding

. ~ertainty of

Standargs re exhibit typical uncertain

! dardg "esistors available on the market LXhlbl; l)n "md i

stabilj Ppm, long term stability of about 2 ppm/year

‘ lolll'y of g Ot 2 o/ 1 ——

resisy, _C\'c_ 4y applications sometimes more usable Ld"-"rcd s
10 decqgg, hox. In such resistor is it possible to sct dest

it 3 P Tavaiee
(‘Llf:z::r he decade sequence: xx/00082 +  xxI10052 ,' :”-/f’;'(jr:mgc
I'mo )/" (here e available resistors with adjustable l‘c,slsr.;fl‘f;ltc et
decade b 4 > The smallest step is / mg2 The uncertainty O

- ten such
unccnaim.mi S typically of 0.0/%, It should be noted that "“";Z; :\I-irh
dccrcasj,, g Mainable for (he total resistance of lh%' rc.smlm”:‘ Ristep
0001 ¢ ", 'he decage step it gradually increases (for example: /)

of TCSistorg ,D' 0.0 0. 2%, 0.1 2-0.4%, 1 2-0,1%, 10.02- 0. 04",;, the rc:.;
5 5 Y 3 P % ? ira SN
esistor dccu:il]{,':';(lhT Labs 2005). Fig. 2.39 presents the typical desigr
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Figure 2.39. An example of the resistor decade box

The Thompson-Lampard standard described in Section 2.3.2 enables
users to obtain rather small values of capacitance. For practical purposes the
simplest capacitor can be used with capacitance up to /00 nF and uncertainty
about 10~. The standard capacitors are usually placed in the shiclding and
the capacitance in respect to this shielding should be taken into account.
Usually, the shielding is connected to the third terminal (Fig.2.40a). In such
configuration the parasitic capacitances C’, C'' can be corrected. When the
terminals 0 and 1 are short-circuited than the capacitance between terminals
I and 2 is C;, = C; + C" and for short-circuiting the terminals 0 and 2 this
capacitance 1s Cp, = C, + C

a)

Figure 2.40. The three terminal capacitor (a) and the phasor diagram of currents in
the capacitor (b)
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Analyzing the capacitance we should take into account the loss resistan
resulting from the evidence of finite value of the insulation between U
clectrodes. The loss resistance &, (Fig. 2.40b) is usually represented by /os:
tangent (g8 (the angle Sis the angle between total current 7 and displacemer
current U wC). Thus

s 2.65)
wCR »
he loss-tangent

Also air capacitor is not without losses because for the air t
5 erted between

value is about 107 for / j1f=. A dielectric material is often ins pes
the electrodes in order to obtain larger value of capacitance. Such capacilon
arc smaller than the air capacitors but in this case the losses are nol
'}L‘E“‘siblu For example the mica dielectric exhibits losses (g6 ~5-10" for the
frequency 1 kHz, Also capacitors are available as the decade boxes.

Figure 2. . -
BUre 241, The dir-cored coil as the calculable standard of inductance

Similarly ¢ Y : evious
e 1]2}’ 8 0n the case of calculable capacitors (discussed in previous
o calculate Al!"’ inductance can be designed in such a way that iUIs POsSZ 7

1S inductance yigh satisfying accuracy. For example inductance

of air-cored ¢oj
€Ol Fig. 2 41) can be determined as

ossible

22919
i 470y 7

/

10

where n 15 Numby,

coil. eth of the

OFturns, 1 is the radius of the coil and / is the len
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The mutual inductance M can be represented by two coupled coils — for
example coil presented in Fig. 2.41, but wound with two wires. Due to finite
value of the resistance it is practically not possible to obtain the ideal
inductance standard. Also, it is not possible to eliminate the self-capacitance
of the coil. Therefore, the inductance of the standard is usually described for
defined value of frequency, most often for / kFz.

It is relative easy to obtain standard value of frequency (morcover, the
frequency is the quantity that we are able to measure with very small
uncertainty). As the standard of frequency we can use the quartz oscillator.
Appropriately prepared quartz crystal can exhibit the stability of resonance
frequency better than /0""/year. Unfortunately this frequency depends on the
temperature; therefore it is necessary to use the thermostat or special
temperature corrections. It is very convenient that the standard frequency can
be transmitted by the radio. The frequency standard, model 910R of Fluke
controlled by the satellite signal (cesium atomic standard in the GPS system)
enables users o obtain the frequency with the stability better than 107°/24
hours.

2.3.4. The reference multimeters and calibrators

There are available digital measuring instruments with extremely small
uncertainty. Thus, such instruments can be used as the working standards.
For example reference multimeter model 2002 of Fluke enables to measure
the DC voltage with uncertainty (0.5+0.2)ppm, direct current with
uncertainty (6+2)ppm, AC voltage with uncertainty (30+1)ppm, AC current
with uncertainty (200+100)ppm and the resistance with uncertainty
(1+0.25)ppm.

As the real working standards the measuring instruments called
calibrators can be used. Such instruments can deliver the standard signals or
values enabling to scale other measuring devices. As an example we can
consider the High Performance Multi-Product Calibrator model 5520 of
Fluke presented in Fig, 2.42.

The performances of Fluke calibrator are presented in Table 2.3. This
calibrator consists of two independent standard sources of DC and AC
voltages or currents with controlled frequency and phase between them (for
calibration of power meters and energy meters). Additionally calibrator can
work as the standard resistance, inductance, capacitance and temperature (for
modelling of thermoresistors or thermocouples). Thus this calibrator can
deliver the standard values formerly available only by the high quality
standards.
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Table 2.3. The performances of calibrator 5520 model of Fluke

Functions

DC voltage

AC voltage, 10 Hz = 500 kHz
DC current

AC current, 10 Hz + 30 kHz
Resistance

Capacitance

Phase between two AC signals
Frequency

DC power

AC power

Temperature (lhcnnncouplc )
Temperature lhcnnorcmslor)

Uncertainty
Gk (95% 1 year)
0+£1020 V 12 ppm
ImV = 1020 V 120 ppm
0+£20.5A 100 ppm
79Am.; — 205 A 600 ppm
(;+1100MQ Zti,;c';f"
0,19 nF = 110 mF 9;)—075
0-++179,99° 725- .
0,01 Hz = 2 MHz 2 0;137%
10,9uW = 20.5 kW 0‘08%
10,9uW= 20,5 kW 3-“0(;
°C = oC :

-250°C + 2316 e

-200°C + 630°C

Figure 242,

el issi [ Fluke
Comoraiony “BrGr model 5520 of Fiuke (Fluke 2005) (permission
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Classic Electrical Measurements

3.1. INDICATING MEASURING INSTRUMENTS
3.1.1 Electromechanical instruments versus digital measuring systems

There are many commonly used measuring instruments, which we could
call as traditional, classic or even old fashioned. The electromechanical
indicating mstruments, cheap manually balanced bridge instruments or
induction type watt-hour meters are still present everywhere.

There are several advantages of traditional electromechanical
instruments: simplicity, reliability, low price. The most important advantage
is that the majority of such instruments can work without any additional
power supply. Since people’s eyes are sensitive to movement also this
psycho-physiological aspect of analogue indicating instruments (with
moving pointer) is appreciated.

On the other hand, there are several drawbacks associated with
clectromechanical analogue indicating instruments. First of all, they do not
provide eclectrical output signal, thus there is a need for operator’s activity
during the measurement (at least for the reading of an indicated value).
Another drawback is that such instruments generally use moving mechanical
parts, which are sensitive to shocks, aging or wearing out. Relatively low
price of moving pointer instruments today is not as advantageous as carlier,
because on the market there arc available also very cheap digital measuring
devices with virtual pointer.

Regrettably, it can be stated that most of the electromechanical analogue
instruments are rather of poor quality. In most cases these instruments are not
able to measure with uncertainty better than 0.5%. The accuracy is also
affected by so-called parallax error, in which the reading result depends on

73
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the position of the user’s eye. The measurement is often invasive, be
such mechanisms may need relatively large power consumption to caus
movement. Thus, electromechanical voltmeters exhibit insufficiently |
resistance, while the resistance of electromechanical ammeters 15
sufficiently small.

There is no doubt that the future is for automatic, computer Suppor
measuring systems. But electromechanical instruments are still presentin
lives (for example the attempts to substitute such instruments in cars finist
with not a success). Morcover without understanding of the principles of
analogue measuring methods it can be difficult to understand usual'l}’ o
complicated digital instruments which often use traditional prillCJPILt.S'
operation. This chapter is called “Classic Electrical Measurements
analogy to the classical music — old classical music is stll appreciated an
present but it is rather closed era of the history of music. Similflrly, 0135_5"
measurements are still present in our life, and the progress IS O
mostly in more modern measuring techniques.

3.1.2 The moving coil meters
indicating

popular
resented i

The moving coil instrument is the most
electromechanical device, An example of such an instrument 1s P!
Fig.3.1.

)
ument (1= moving coil. 2
spring, 7 — correction of

Figure 3.1 The example ¢
chmn\:nl magnet, 3 ?ux;’.' 4 Ving coil indicating instr
P .4~ pointer, 5 — bearings. 6

A rectangular coj yo:
ot b aucll&llls:rlc::]],_.::h the pointer fixed to its axle is used as the ‘nm\'ll'n%'
bearings. The curreny .s‘(] ,-1"' conic ends of axles arce vplc.\scd :lg:llllhl‘ :'-
are also used as the e 1:l\'crcd to the coil by two springs — these -jpmfl_-.s
AMSms generating returning torque for the pointet
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a) b)

Figure 3.2. The moving coil mechanism: a) the symbol of such instrument, b) the
principle of operation

The moving coil is placed into the gap between the magnet poles and soft
iron core, shaped in such a way as to produce uniform magnetic field. The
movement of the coil is caused by the interaction between the magnetic field
of the magnet and the magnetic field generated by the coil. The rotation of
the coil (and the pointer attached to it) is due to the torque M, which depends
on the flux density B of the magnet, on dimensions d and / of the coil, on
number of turns z of the coil and of course on the measured current /:

M = Bzdl - T 3.1)

The position of the moving element (the angle of rotation, @) results from
the balance between the torque and the returning torque of the springs
M. =k a (k 1s the constant of the elasticity of the spring). Thus from the
condition M = M. we find that the amount of rotation is

Bzdl

I=c-1 (3.2)

The angle of rotation is proportional to the measured current 7, which is
advantageous, because it means that the scale is linear. The larger is the
constant ¢ in Equation (3.2) the more sensitive (thus better) is the measuring
device, because less current is required to cause the movement of the coil.
The best way to improve the sensitivity of the device is to use large magnetic
flux density B. The increasing of the number of turns or the dimensions of
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:";:l:’:‘:"‘:}O:h:"-:}'o”:ffull\L because at lhc same time the weight and
e “"t;m'rmsc‘ Currently, it is possible to manufacture
pes c:rrcm e 1 't he power consumption not larger than several

not larger than several uA) for the full deflection of the pointe

;niu:;tcjgurrl;:: movement of the pointer after connection of the device 10 the
influences the
ement is with
yithout &1
ches finil

a short

thr‘::éf;':‘;li]ﬂllz);(ﬂ){nl!f:c spring plays important (ulc !)?cqusc it
small oscillation (see ;.mm,vcmum. It is convenient if lhls' an
overshoot then lhc.nbsc 'g 2.24b). If it would be purely u'xcnml W
position. It is imponlann er \\'oulq not be sure when the pointer rea
period and with rcug(,t ifo obtain the oscillatory movement with '
oscillation period Shuu'mn;_b'? Ad“'"ping of oscillation. Ideally, only 0%

The parameters of the ¢ visible — the next onc should be damped. 5
part and on the d"s“""yt“I;)Y;Er:f,nlA,dc”cn{ls on the mass m of the movins

TN ﬁ g el (3.3)
24/mik

moving

where 71 the time 2

element, b is the dcgrct":-":lrd;“' r'{ 15 the period of oscillations of the
damping and 2 is the damping cocfficient.

Thus the character

W sy ()“,](:.rgll:c movement depends on the ratio between the

used in order to obtain ci,z.f"""‘ and the damping. Special air damper can it

moving coil device the almn‘CI damping of the movement. In the casc of 4

the eddy currents induce j, Il';,l."" frame of the coil can work as the damper =

magnet slowing down the Vclocf;\(;rﬂ?];iﬂlcrzxcl with the magnetic field of the

Ol the movements.
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Figure 3.4. The principle of the light indicator used in very sensitive measuring
devices

A microammeter is a typical moving coil device. There is also a special
type of moving coil device called a galvanometer. The galvanometers are
designed in such a way, as to obtain extremely large sensitivity. The moving
element is bearingless — the coil is suspended on ribbons. This ribbons act as
the current supplying wires and also as the springing parts. The coil is wound
without a frame (to reduce the moving mass), which causes that the element
can move with significant oscillations. The damping of the movement
depends on the current induced in the coil, hence on the resistance of the
external circuit. For that reason the manufacturers often give information
about recommended resistance of the external circuit — the critical
resistance, with which the movement of the pointer is optimal. To obtain
large sensitivity of the galvanometer the pointer is enlarged — it is often
substituted by the light indicator, the luminous beam reflecting from the
mirror fixed to the coil (Fig. 3.4).

Another special kind of galvanometer is a device with a large moment of
inertia — called ballistic galvanometer. Due to this feature the ballistic
galvanometer measures quantity of electrical charge rather than current and it
can be used for the measurement of the magnetic flux density. There is also
another special type of galvanometer — fluxmeter, in which the moving coil is
suspended without the returning torque. Due to such feature the
galvanometer acts as integrating device and was used for measurements of
magnetic flux !, Currently, both these types of galvanometers are substituted
by electronic integrating instruments.

The moving coil device can be used as the microammeter without any
additional elements (Fig. 3.5a). If in series with the moving coil device an
additional resistor Ry (series resistor) is connected, then we obtain the

" Integration is necessary because induced voltage 1s U = dB/dt
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millivollmclcr or voltmeter (Fig.3.5b) (because the current / in the deviee
directly proportional to the voltage U). When the millivoltmeter is connec
in parallel with another resistor Ry, called a shunt resistor we obtain t.
ammeter (Fig.3.5¢), because voltage U, is proportional to the measu!
current L (the resistance of millivoltmeter is much larger than resistanced
the shunt resistor R;, thus we can assume that Uy =1, Ry).

a) b)

Ry

[r '
I=1, I=U /(r+R.
/‘7 AR, 2;

U,
= 1=U/(r+R,) u,=R

Figure 3.5. The concept of microammeter (a), voltmeter (b) and ammeter (¢)
The temperature influences the flux density B of the permanent magnet
and the elasticity of the springs /. Fortunately, both of these influences restl
in opposite changes of the ¢ (sce Fq. 3.2). Therefore, their influences &€
negligible when the device is used 45 the microammeter (Fig. 3.5a).

The case of the millivoltmeter (Fig, 3.5b), and also indircctly of ammeter
(Fig. 3.5¢), 15 more complicated, The .ch':mgt:' of temperature causcs chares
or the resistance 7 of the coif (the changes of resistance of the other resistors
Ry and Ry are negligible, becayse they art.: prepared from anganin - special
temperature independent alloy) Ty (he current /. in the device changer
with the lcmpj.'mlurc for fixed valye (;l'lllu measured voltage U. according 1©
relation /= U7 {r + R, Thg change is significant, because copper b
the coil exhibits change of the regiopnn o l%'xboul 194/10°C. The temperaie
error of the millivoltmeter gy brcrlz‘;ll(:d‘lll Fig. :

3.5b we can describe

follows:
Uisharts uty,
r’r-’ilw~+m 4% (34
IR, 1+ Ui 1 U
? r

us the error cayse, .

Ri ;;h It is casy louz,l:cz'}/,‘:"'“ change in temperature depends on the rﬂ{"‘r’
measurements with ”""crm.,‘,lc that if the milln'nllm.cn:r is designed (-).
the resistors with values p Y better than 0.5% then it is necessary o Us¢
=77, This means deterioration of the sensitivity
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of the millivoltmeter. Let us consider a case of a moving coil device with
resistance /0 £2 and nominal current / mA. Theoretically, such device could
be used to design a millivoltmeter with a minimal range U,,,,=Ir = 10 mV.
But if we are planning to design a millivoltmeter of the class of accuracy
0.5% it is necessary to use additional resistance R, = 70 £2, which limits the
minimal range of such millivoltmeter to 80 mV. For the voltmeters, the
problem of temperature errors correction is usually easy to solve, because it
is necessary to use the series resistor. For example, in order to design a 10 V/
range voltmeter with a device described above 1t is necessary to connect a
resistor of about /0 k€2 much larger than is required for the temperature
error correction.

The ammeter instrument can be designed similarly to the millivoltmeter —
by measuring voltage drop on the shunt resistor R, (Fig. 3.5¢). For example,
if we use the moving coil device with the parameters described above and we
would like to design an ammeter with a range / A and the accuracy class
0.5% then it is necessary to use a shunt resistor which would result in voltage
drop larger than 80 mV (thus R, = 80 m£2). It is possible to design measuring
instruments of better performance with more sensitive devices. For example,
for non-invasive current measurements it is necessary to design the ammeter
with the resistance as small as possible. If the device exhibits the nominal
current ten times smaller (in our case /00 A instead of / mA) then the shunt
resistor (and approximately the resistance of the whole ammeter) can be also
ten times smaller — in our case § m£2).

Figure 3.6. The design of universal multi-range voltammeter

Fig. 3.6 presents the design of universal ammeter and voltmeter
(voltammeter) with selectable ranges. To obtain the multi-range ammeter the
special design of universal shunt resistor is very useful. The universal shunt
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resistor is designed to obtain the same current / for various input cur
Thus it should be

{(Iu-l)kn:l[(r+kd)+(Rl"'er)J (
Uy =),y =1l 4 Ry )+ (R = Ry )]

After simple calculations we obtain the condition of universal shunt rest
in form

e 6
[l Rn

The moving coils measuring instruments are usually manufactured as
1.5 or 2.5%) and as th

panel meters (with class of uncertainty typically I, 3
laboratory meters with class of uncertainty typically 0.5%. Fig. 3.7 presen
examples of analogue indicating meters.

Figure 3.7. The exampleg o, =
Erap analogue meters jn panel and laboratory desig!
of EraGost) (Eragost 2005, mcrmi:mn ‘,:;,;::(,;,:’g;m

lThl;C":’n"l;:l:-ilf;’ ‘\;amf.[_.c Of the moving coil meters is that they indicatc
'[:'r‘l’:s“rcmcnm °f/’(7]\c’ajlgnn'si In the past, these devices were also uscq r"f
measure the average Val‘l:c.s With the aid of rectifiers. Although such devices
that Xoms Xaw = 111, L '! IS possible to scale it in rms valucs, kum\:l"&‘
. .def"'"dcncc is valid only for pure sinusoidal

signals Thus the rectifying i
measurements of pogr ﬂmﬁ 5 measuring devices can be used only for the
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3.1.3 The moving iron meters
The main advantage of moving iron meter is that such instrument

measures the rms value of the signal. Therefore, it can be used for AC
measurements. The design of moving iron meter is presented in Fig. 3.8.

a) b)

Figure 3.8. The moving ron meter: a) the symbol of such instrument, be) the
principle of operation

The measured current is connected to the stationary coil and the magnetic
field generated by this coil interacts with the moving iron element. The iron
vane changes its location as to increase the magnetic flux flowing through it.
In the device presented in Fig. 3.8b the iron element is attracted into the coil.
In the device presented in Fig. 3.8c the movable iron element is repelled
from the additional stationary iron clement. The angular deflection «
depends on the measured current 7 and the change of the inductance dL
caused by this deflection:

1 dL, 5
a=——? (3.7)

2k da

Although the deflection is a nonlinear function of measured current it is
possible to design the device (the component dL/da) in such a way that the
expression (dL/da) I is close to lincar. Because the response of the device
depends on the squared value of the current it is possible to obtain the meter
of rms value. Due to the error caused by magnetic hysteresis (when DC
current 1s measured) these devices are used almost exclusively for AC
measurements

The moving iron meter exhibits several advantages: simplicity of the
design — no need to supply the moving clement, easy change of the range by
selecting the number of the turns in the coil. The drawbacks of moving iron
devices are relatively large power consumption (0./ — /VA) and small
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sensitivity (in comparison with moving coil device). The smallest o-bldmdb‘;
range of moving iron milliammeter is several mA. Also, the frequency
bandwidth is limited to about /50 Hz=.

3.1.4. Electrodynamic meters — wattmeters

The electrodynamic meters were formerly the most accurate md:caun%
instrument. Today for accurate measurements these instruments :lra
substituted by the digital devices. The electrodynamic devices are still use
as wattmeters. Fig. 3.9 presents the design of electrodynamic device.

a) b)

Figure 39. The clectrodynamic meter: a) the symbol of such instrument, b) the

principle of operation

The electrodynamic deyice design is based on two coils: a stationary “_";1
amoving one. The currents flowing through these coils induce a foree, whic 1
causcs rotation of the movable coil. Thus the concept of an clcclr(ldyll.:!ll1lt
device is very close to the definition of ampere — it acts duc to I~hc Inrcc‘
between two wires (see Fig. 229). The torque M resulting {m.m the
interaction between twq coils depends on currents: /; in stationary coil, I>n
movable one and the phase shift ¢ between these currents:

M=chil, cosp (3.8)

Thus if one coil is connected 1o the current and the second to the voltage
we can directly measure the power, because P=Ulcosep . Fig. 3.10 presents
typical connection of electrodynamic meter as the wattmeter. The wattmeter
has two pairs of terminals — the current and the voltage terminals. In the
voltage circuit there is usually introduced a series resistor R, Thus the torque
can be calculated from the following cquation:

M =('lIUC()S{/I =k (3.9)
Ry
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Figure 3.10. The connection of the wattmeter for the measurement of electric power

The wattmeters are often used for measurements in three-phase systems.
Two examples of such connections for the system with and without neutral
wire are presented in Fig. 3.11. The three-phase power meters can be used as
three separate meters or one meter with three electrodynamic devices with a
common axle.

L2 W2 L2 [ 1 )

2 w2
L3 w3 L3 W3
N

Figure 3.11. The connection of wattmeters in three-phase system with neutral wire
() and without neutral wire (b)

Since each wattmeter measures the power of one of three phases the sum
of indications of three wattmeters is the total power of a three-phase system:

P=R+P+P (3.10)

If the load is symmetrical the value of three phase currents is the same. In
such case it sufficient to connect one wattmeter and the total power is
P3P, In a three-phase system without the neutral wire (three-wire system)
it is possible to use the measuring system consisting of two wattmeters (so-
called the Aron method). Fig. 3.12 presents the connection of wattmeters in
the Aron method.
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. A o . the circuit and
Figure 3.12. Power measurement in three-wire, three-phase system: the

comesponding phasor diagram for symmetrical load

by means

i A s rer is sured correctly
It can be simply proved that total power is mea ree-phase

of the Aron method. The total instantaneous value of power In tl
system is

P = uyiy +uyly + U313 (3.1
The sum of the current valucs in three-wire network is
f+ig+i3=0 (3.12)
thus
iy =iy +iy) (3.13)
By substituting i; value (Eq. 3.13) in the equation (3.11) we obtain
== )i, oty =y )iy = w41y + 10232 (3.14)
Thus the power indicated by the wattmeters is
(3.15)

1% 3
IJ:FI[J{[I =UpslycoslUpay )+ Ul cos(Unydy) )= B+ P2
0

indi 2 7 . al
The sum of powers indicated by two wattmeters is cqual to the tota

; or strical
power in the system. This dependence 15 universal and holds for .synnnulllul
ey . ot i
or non-symmetrical circuits. The only limitation is that the circuit shoulc
three-wire, i.c. without the neutral wire (condition 3.12).
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For the symmetrical load (balanced circuit) according to the phasor
diagram presented in Fig. 3.12 the wattmeters indicated values are

P, = Ul cos (30“ - (/))
(3.16)
P, = Ulcos(30° + )
where U is phase-to-phase voltage and 7/ 1s the phase current.

It is easy to prove that using the Aron circuit for balanced system we can
determine the reactive power Q and the phase angle ¢ because

_ A o >
Qw»JiETE- 0=-3(R-P) (3.17)

We can also measure the reactive power by appropriate connection of the
wattmeters into the three-phase circuit, as shown in Fig. 3.13.

Yy

Figure 3.13. Reactive power measurement in three-phase system: the circuit and
corresponding phasor diagram

For balanced systems the indication of the first wattmeter can be
calculated from the following dependence

B I,Uncus(‘)()‘ ——l,n): ﬁl.UlSlI\(/I :\/391 (3.18)

For three-phase three-wattmeter system the total reactive power can be
determined as

o RtPtR

“pEn

(3.19)
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For the reactive power measurement we can also use lhc l'wT ’\\ a:’r:l::;{
method (Aron method for reactive power). The /_\ron Clrcm:f;ﬁicm the
drawbacks, the primary one being that it requires the fulfi o
condition (3.12). Every short circuiting to ground or lcakflgc Cl-“T“', g,
the incorrect measurement. But in the power g by?l:ns The
Wattmeters measuring systems are often used for economical rcachs:;nf o
Wwattmeters are relatively cheap but the measuring lransfo}nncrs 1?c : s i\'c:.
isolate and reduce the currents and voltages are often relatively L\ll'::}“ e

The electrodynamic meters can be used also fqr CUrf‘”“]; Vi main
measurement (in such cases both coils are connected in series). 3u Geeperl
drawback of electrodynamic devices is large power consum;?lm:m»ncwrs.
VA). Therefore nowadays they are practically used only "r ‘;/‘1 power
especially for three phase power systems where several V4
consumption is negligible,

3.L5. Induction type watt-hour meters

: s ur

The nduction walt-hour meters (energy meters) s still prL::E;,;nn:N
houses, although they exhibit serious drawbacks. First of all lh_L ,I Llhcrc- is no
be taken by a person in order to account the energy used ("f: . meters are
output signal which could be read automatically). Morcover, lh_b»hh, Thus, in
clectromechanical with quite complex system of error <':orrcd[|0l L-]cumnu:
the future the mechanical energy meters will be 5ubslllul}iq »’y. essary (0
ones. This process is slow duc to the range of problems — it is neces:
replace millions of devices. , ratt-hour

Fig. 3.14 presents the principle of operation of the mlduc‘“‘,’"' ‘.\:_-lllllrrcnls
meter (Ferrari's system), Two independent cores are supplicd by l TL senerate
proportional o (he current and the voltage. These two cores ]z._.‘“\_c i
magnetic fluxes ¢ and ¢, , which flow through a rotating aluminum disc.
which eddy currents are induced. .ddy currents

The rotating torque M, is due to the interaction between the S )(hc cores
and the fluxes. The torque depends on the values of the currents 1n
and the phase angles between them

(3.20)
M, =coll,sin(1,,1,)

3 . : ' while the
The first current is proportional to the measured current /; = /.

arge inductivity
second current is proportional to the voltage 7 = kU. Duc to large inc Y

et i st 907 with
of the voltage core the current 15 is shifted in phase by almost Thus the
fespect to the supplied voltage and sinfl,1,) = cos(U,1) = cosg J
torque is dependent on the measured power

3.21
M, =cko-IU cosp (3.21)
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Figure 3.14. The principle of operation of the induction watt-hour meter

Additionally, the induction meter is equipped with the braking magnet.
Interaction between the magnetic field of the permanent magnet and the eddy
currents induced by this ficld causes a braking torque proportional to the
angular speed of the disk. Under the influence of both torques the watt-hour
meter acts as the asynchronous motor with the speed of the disk proportional
to the power supplied to the load. As a result, the number of revolutions » in
the time period 7 (angular speed) is the measure of power

LY KUI cosp (3.22)
f

The mechanical register counts the number of revolutions and hence
indicates the energy consumed by the load.

The principle of operation described above is significantly simplified. In
the real instruments the phase shift in voltage coil is not exactly 90° thus
additional phase correction winding is necessary. The braking torque is
caused not only by the magnet, but also by the two cores and additional
magnetic shunt is necessary for correction of this effect. Also additional
correction 1s necessary to compensate for the effect of friction in the
aluminum disc bearings. The total error of the induction meter is various for
various measured power and it is described by the error characteristic. All
corrections should be precisely set to ensure that the characteristic of errors
does not exceed required limits, The main weakness of the induction watt-
hour meters is that these corrections, hence generally the performance of the
meter, changes with the agmg process resulting in the risk that consumer or
energy distributor are deceived.
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3.2. RECORDING AND DISPLAYING MEASURING INSTRUMENTS

3.2.1. Fundamentals of oscilloscopes

The first oscilloscopes were introduced more than hundred years ag0 by
Ferdinand Braun' in 1897, And until now, these instruments are on¢ qflhf
most important tools in engincering and scientific research. Modern digita!
oscilloscopes allow not only displaying the signals, but also recording:
analyzing them (for example spectral analysis) and even performing
measurements of the signals (Kularatna 2003). On the market, there are still
available anslogue cathode ray tube CRT oscilloscopes (also called cul_/iffd"
ray oscilloscopes CRO) (Sherman 2004) as well as LCD analogue or digital
devices. The prices of analogue and digital types of oscilloscopes are at
present at the same level, thus most likely in the near future only more
versatile digital instruments will remain on the market.

ICA

>
sawtooth
generator

Figure 3,15, The
e Prnciple of displaying of the signal in the oscilloscope

Fig, i ¢
omucﬁmsc-‘l ?rhillulsllralcs the principle of displaying the signal |In 'i‘|'1|;
the it rgocvlfrc on the sereen is obtained in such a way that ¢ur iy
Proportionally (o lh\u,ncm of Tuminous point it is deflected ""'“L‘I- it
is obtained by the q\i value of the detected signal. The huriyunml"mm'uqnuni
the frequency of "‘m :cf’ f‘SC_INumr generating a sawtooth signal ( "'?'_'1' L))
eyesight it js not Po:lﬁll;;“l 18 larger than several Hz duc to the |.nur(|:|> (.)I “lm~
main function of lh‘cil Lj‘w see such a picture of the signal. Therefore t M:
sereen. If' the periq oscilloscope i to somehow stop the picture on ”kv
of oscillation of the sawtooth signal is the same (0f

'
Braun wag

awarded the Nobyl
telegraphy e Nobel Prize in Physics in 1009 with Marconi for wireless
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multiple) as the period of mvestigated signal the successive pictures appear
to be the same. This creates the illusion that the picture is standing still. We
say that the investigated signal is synchronized with the sweep signal.

sweep
generator

Figure 3.16. The block diagram of a classical oscilloscope

The block diagram of a typical CRT oscilloscope is presented in Fig.
3.16. The electron beam from the cathode is passing through the acceleration
anode and focusing arca. This beam strikes the phosphor coating on the
screen causing the light. Depending on the composition of the phosphor
coating it is possible to obtain various colors of the light (green, blue or
yellowish green) and time of the lighting. Typically the light decay occurs
after about 40us, but there are materials with prolonged time of lighting even
to several ms. Usually the system of deflection of the electron beam consists
of two pairs of plates: horizontal and vertical ones. The electrostatic force
depending on the voltage causes the deflection of the electron beam and the
amount of deflection is directly proportional to the voltage applied to the
plates.

Recently, the cathode ray tube is often substituted by the liguid crystal
display LCD (Sarma 2004), especially in hand held oscilloscopes. Liquid
crystal material consists of rod shaped molecules that can be ordered by
clectrostatic field. The display is divided in small areas called pixels, each of
which is driven by an individual electrode.

Fig. 3.17 presents the design of typical LCD, in which another method of
movement of lighted pixels is used than in the case of CRT. Pixels arc
organized in the matrix with scanning/row electrodes for horizontal
movement control and data/column electrodes for vertical movement control.
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In the simplest case these electrodes are driven in passive way, but to oblain
better parameters the Active Matrix Addressing AMLCD is used. In the actie
system each pixel is driven by thin film transistor 777 conncct_cd to two
capacitors for voltage storage. Ifa system of filter is added, then it1s P
10 obtain colored LCD monitor.

b)

_ electrodes

—

_ liqud
cristals

i

KK
L
B
KERRH
KRRYHS
KREH
i
i I\l b'l

glass

polanser
~ reflector

<ced in LCD
Figure 3,17, plangr (@) and cross-sectional view (b) of matrix addressed in L
(SarmaZON)

signFallg'TZ['{m presents the principle of synchronization of the .n\':-‘*“fl“:’::]

- Ihc.s © sawtooth voltage is initiated by the pulse from mggcrl.'ff: "’1),('“ he

= Simplest case of the automatic trigger mode this start can ."“lfr fined
0 value of signal — it is important to start every time in precisely define

S e AL e
Is)cr:c‘normg"al- because only in such case we can obtain still picture o1 L

investigated
signal

sweep
signal

trigger
J’\_R_ﬂ- Ml signal

Figure 3,1 8.
.18, T] v
he automatic mode of synchronization of investigated signal
Of course ; i
SC LIS possible
€Xample for defineg value o
can be obseryed directly

10 set manually the moment of triggering — for
" for rising or falling slope. This moment of start

on the screen as (he very initial point of the signal
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During the falling slope of the sawtooth signal the luminous spot is being
blanked and comes back to the initial point on the screen. Of course the user
can manually change the frequency of time base in order to observe one or

more periods of investigated signal.
b) J\’\_
|

| hold-off time
| -
|

/\«
/L

Figure 3.19. The triggering mode of synchronization of investigated signal

More complicated is the case when investigated signal is periodical but
with short pulse time in comparison with the period time of the whole signal
(Fig. 3.19a) or when it is a single pulse (Fig. 3.19b). In such case it is better
10 use the trigger mode of synchronization. In this mode the trigger circuit is
connected to the source of trigger signal — this can be ecither internal or
external source. The sweep generator controlled by trigger system starts
exactly in defined point, often in initial point of the investigated signal. It is
possible to set additionally the hold-off time when the trigger system does
not start again. The triggering mode can be periodical (for example in the
case presented in Fig. 3.19a) or a single sweep mode (for example in the case
presented in Fig, 3.19b).

In the single sweep model the sawtooth signal is composed from only one
tooth — this means that the luminous spot is traveling through the screen
horizontally only once. This mode is very convenient to observe non-
periodical signals, for example single pulses.

Modern oscilloscopes, also analogue ones, are not just tools designed for
observation the signals. The switching devices for setting time base and
vertical deflection are scaled in sec/div and volts/div, respectively. Because
on the screen these divisions are clearly indicated as the vertical and
horizontal scales (Fig. 3.20) it is relatively easy to determine the value of the
signal (for example the value of magnitude) or value of the time (for example
to determine the phase shift between two signals or frequency of the signal).
Thus the oscilloscope is a complete measuring device, especially valuable in
the high frequency range.
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Figure 3.20, The example of the screen of analogue oscilloscope

de.
it channel mod¢,
In typical oscilloscopes, it is possible to usc the dual

sl

. The displaying ©

although the display uses only a single beam "fdcct;:;pe,- mode as it 1S
W0 signals is realized by using the alternate or Is are displayed on

llustrated in Fig. 3,21, fn the alternate mode both ot and duc o the
the screen alternately — due to the inertia of pumat eyz siown at the same
persistence of lighting the illusion that both signals ar

time arises,

ALT ’/' "\\ CHOP
/ \
/ \ /
\ /
\ ’
- l'\
\
(i e\
U5
\ / W

Figure 32, The dual channel operations of single beam oscilloscope.

signals because
. The altemnate mode cannoq be used for the low f,-cqucnc),’ ‘.'li“l‘llll: lhunpt‘f
it can resul i blinking of the picture. For low frequency signd od — we see
mode should be ygeg, 1y such case both signals arc C hoppf higher than
alternatcly Small part of cach signal, If the chopping rate is mucll ﬁib mals as
the frequency of (e signals, then the observer sees both sig
continuous lines o the screen,
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Figure 3.22. The X-Y model of operation of oscilloscope: a) for determination of
diode characteristic, b) for determination of hysteresis loop of soft magnetic material

Usually the oscilloscope displays the time varying signals, thus the
horizontal axis is the time axis. But it is also possible to connect another
signal to the horizontal deflection system. In such mode of operation we can
display on the screen the function Y=/(X). Fig. 3.22 presents two examples of
X-Y operation. In the first example, the signal proportional to the current
(voltage drop on the resistor) is applied to the vertical plates while the signal
proportional to the voltage on the diode is connected to the horizontal plates.
Thus we obtain the characteristic /=f(U) of the diode on the screen of
oscilloscope.

The second example (Fig.3.22b) illustrates the possibility of investigating
the hysteresis loop (B-H loop). To the horizontal plates the signal
proportional to the magnetic field strength (that 1s proportional to the
magnetizing current) is connected while to the vertical pair of the plates the
signal proportional to the flux density (the voltage E induced in the winding
after integration, because £ = f{dB/dt)) is used. Thus we can observe the
B=f(H) loop on the screen,

3.2.2. Recorders and data storage devices

Today practically all digital oscilloscopes enable storage and recall the
investigated signal. Also most measuring instruments are equipped with the
communication interface, through which is possible to save the signals and
data in computer systems as well. For that reason electromechanical
recording devices very popular in the past are currently going out of use.
They are substituted by the devices saving data to transportable memory —
data loggers, digital recorders and also computer measuring systems. The set
of data saved for example on the hard disc of a computer can be casily
converted later on to the graphical form of signal and print using high quality
laser printer.
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Figure 3.24. The bridge circuit: a) supplied by the voltage source, b) supplied by the
current source

For the bridge circuits presented in Fig. 3.24 the dependence of the output
voltage U, on the circuit parameters are as follows:

Upu = /’/* Ly Thy (@75
[7,+7~,)(7;+74)+;'-—’—(7;+74)+f 4(z,+2,)
Zl)lll luul
b =T
Uour = ot 3.24
ol (l|+[~ (Za+l4)l ( )

(14 2y + 23+ 7,)+ 210 >

“out

When the load impedance is infinitely large (no-load state) we can write
the dependences (3.23) and (3.24) as

Uy, = M J (3.25)
(2 + 25)(25 + /4)
U A (3.26)

7 7R 7 D700
Thus the condition of the balance U,,, = 0 of the bridge circuit is

2\ Z4y=7,7y o ZZy—ZaZ3=0 (3.27)
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The conditi
on (3.27) is a uni
can be described as: 1;1 :Sh““llnl\'c;sa] condition for all bridge circuits, ard
Wt e S ridge circuit is in the balance :
The brid, opposite impedances are the same e ¥
ge ci LI 2
(rall ) Circuizc:l\;ng used in two main modes of operation:
(Warsza 2005b). The i 174/ YZU()S;,.) or as unbalanced (t/eﬂec/im; fype) circtt
or more mpe T ohlzfnc l[;"lc/ge circuit is balanced by the setting of one
of mpedance Z, = 7, i ¢ state U, = 0 and th as! alue
AT eyl :i,],L e en the measured value

as balanced

(3.28)

In the deflecti
lon t, : o
ype of bridge circuit we first balance the bridge circut

and then we ¢
an determi
ine the .
the change of resistance from the output signal a5

5 ez
Uy S—Z‘-‘—UU (3.29)

sducer of the

Thus the
5 the unbalanceq py
ed bridge circuit operates as the tran
fficient of the

change of imy
} pedance t
unbalanced bridge Cll’c\l?lj‘hc voltage (S is the sensitivity co¢

332,
3.2. Nul type DC bndge circuits
P ui:

The Wheat
slone
the DC bri ¢ bridge cireus
¢ DC bridge cireyy, Th,zL circuit presented in Fig. 3.25 is usually used 5
condition of the balance for such circuit is

R
&, :Ir,,R—‘ (3.30)

Usually, the ry i

= “" € 1atio of the resi

The ZIdmunlc;c..avmd in |hi5r$\flhlunccs Ri/R, i set in sequence: 0.001- 0.0
value of mcasu“s'““r s uiy the range of the bridge circuit is changed
(3.30). ed resistanee );d for balancing the bridge circy
' can be determined directly from cqu

4it and the
ation

The uncy
Caing
on the acey Y of the
rac determination of
(3.30) we obtain <t fhe compon ination of the measured value of £ depends
ent resistors, According to Eq. (2.60) from

&
4= (,m’)z Sk -
2)" 4 (05 )? + (0Ry )" (3.31)
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Figure 3.25. The Wheatstone bridge circuit

The quality of determination of the balance state (the same the
uncertainty of measurement) depends on the resolution 4r. The resolution Ar
is the smallest change of the adjusting resistor that causes noticeable change
of indication A of null indicator (it is assumed that human cye can detect
the change of the pointer equal to about 1/5 of the smallest graduation). Of
course the resistor R, should have a sufficient number of adjustable decades
in order to obtain sufficient resolution.

The resolution of bridge circuit depends on: sensitivity of the null
indicator S,, sensitivity of the bridge circuit S (U, =S 4R>), resistance of the
null indicator R, resistance of the bridge circuit R;, (resultant resistance at the
output terminals) and the supply voltage U,

ar=RotRy (3.32)
US,S

An obvious conclusion can be drawn from the equation (3.32) — the
resolution and sensitivity are better for more sensitive null-indicators (S, =
Aa/l,,). Similarly, the supply voltage should be as large as possible — the
limitation 1s the dissipation power of the used resistors. This limitation
depends on the bridge configuration — the condition of the balance is the
same for R3/R4 ~ 104210002 and R3/R4 — 10k 100k$2 but the permissi
supply voltage is for both configurations quite different', Also the sens
of the bridge circuit depends on the bridge configuration — this subject is
discussed in Section 3.3.5.

In the case of the measurements of very small (less than /£2) resistances
other sources of uncertainty have to be taken into account. For small

' Sometimes simple change of the diagonals (supply and output) can results in
significant change of the sensitivity
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measured resistances the uncertainty can be influenced by the contad
resistances, thermoelectric voltages and most of all the resistances 7 of the
wires connecting the resistance to be measured. The influence of the
thermoelectric voltages can be reduced by performing the measuremert
procedure in two steps — for positive and negative polarization of the supply
voltage, and then by calculation of the average value from these two
measurements.

)l
!

H ReR,
r

o I ires in the

En::r?:iy;“' The methods of reduction of the influcnce of the connecting wires m“Im.

m"": E measurements of small resistances: a) three-wire connection, b) four-V
clon in the Kelyin bridge circuit

» of the connecting

Itis possib]
[ ¢ lo ﬂ.'dUCL‘ the inﬂu ence of the rcsistancc
ence of the 6a. If all three

Wire, & .
wir:: :Zhu:"g the three-wire connection presented in Fig. 3.2
Ibit the same resistance (the same length) we can write that
3.33)
(R, + )Ry = Ry Ry + 1) (
and
4
RoRy=RyRy 4 1Ry - Ry ) @2
If additi
rcsmlanc:n::])" e condiion Ry = Ry is fulfilled then the influence of the
e comnecting yire negligible
o
S on of the

thalsmncryb;;m"v resistance, very useful is the modificati
The conditioy “rli: 0 the form presented in Fig. 3.26b (the Kelvin bridge)
¢ balance for ghis bridge is as follows

R, :Rzﬁw ”zl\’:;—l(;lg‘ (3.35)
4 RRy Ry 4 /l,,)
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First of all, the resistance of connection wire r should be small — therefore
such wire is prepared as a short and large diameter wire. The second term in
the equation (3.35) as negligible if the following condition is fulfilled

Ry Ry

RyRy = R3R or r=—
3y = K3l xR,

(3.36)

The condition (3.36) is relatively easy to achieve by mechanical coupling
of the resistors R; /R;’ and R/R;’. In such case, the condition for balance of
the Kelvin bridge (3.35) is the same as for the Wheatstone bridge (3.30).

The Kelvin bridge enables measurement of the resistances in the range
0.0001 2-10 22

3.3.3. The AC bridge circuits

Taking into account that the impedance Z is Z= | Z|¢, the condition of
balance of AC bridge circuit (3.28) can be written in a form

[2|Zs] =]z
P tPs=Pr TP

(3.37)

Thus to obtain the balance of AC bridge circuit two conditions should be
fulfilled: magnitude and phase (3.37). This means that in order to balance
such bridge circuit two independent adjusting elements are necessary. The
pro of balancing is therefore more complicated than in the DC bridge
circuit.

In the case of the AC bridge circuits another problem appears — it is
difficult to eliminate influence of the stray and to earth capacitances (Fig.
3.27). For that reason, it is ne ary to shield all the clements in the AC
bridge circuits (Fig. 3.27a). Shielding does not ecliminate the capacitive
coupling but Ln.lh‘kh investigators to cstablish their level during the
balancing. More effective is to use the Wagner earth (Wagner ground) with
additional elements Zs. Z;, connected as presented in Fig. 3.27b.

The bridge circuit with the Wagner elements consists de facto of two
bridges. First, the bridge Z,7;7574 1s balanced (the switch of null indicator in
position 1), and then the bridge Z,Z,Z;Z; (the switch of null indicator in
position 2). (Sometimes it can be necessary to balance both bridges many
times — approaching the equilibrium state in a stepwise manner.) In the state
of balance of both bridges the potentials of points a,b and e are the same and
equal to the potential of carth. Therefore the capacitances C,, and ;. do not
influence the distribution of currents. The capacitances Cyo and C. are
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: e the balar
connected to the Wagner elements and also do not influence the
condition of the main bridge circuit.

a) b)

5 . citic capacitances: 3
Figure 327, 1y, methods of reduction of the influence ofﬂ?"(‘-"‘“c )
shlcldmg of the elements b) the Wagner earth additional elements

% joned and

A huge mumber of various AC bridge circuits were d/cxs.,S‘EaI:/n', elc
developeg; Maxely, Wien, Srlr;'rmg, Hay, Owen, /!,,(Icns‘ﬂ:;- r;i)diﬁc;-muns
Moreover, 41 ese bridges exist in variuus mutations an it known are the
(Hague 197 Warszq 20755, Historically the oldest and mf)s‘l : :s
Wien bridge (Fig. 3.284) and Maxwell bridge (Fig. 3.28b) circults:

Figyr, i
A Wien bridge circyi (1) and Maxwell-Wicn bridge circuit (b)

Th P o ST 5
€ conditiop of the balance state of Wien bridge circuit arc as follows:
(e, S e, ;
k"l"(”z(:’zl{%). x =

(3.38)
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The condition of the balance are frequency dependent. Therefore the
Wien bridge is rather seldom used for capacitance measurement, but it is

frequently used as the frequency-dependent part of the oscillator, according
to the dependence:

> 1

0 =— (3.39)
RC Ry Cy

The conditions of the balance state of the Maxwel-Wien bridge (called
also often as the Maxwell bridge) are as follows:

Ly = RyRyCy . R =2 (3.40)

Figure 3.29. Two examples of the bridge circuits for capacitance measurements: de
Sauty-Wien bridge (a) and Schering bridge (b)

Fig. 3.29a presents the AC bridge circuit for capacitance measurements
(the de Sauty-Wien bridge). From the Eq. (3.28) the conditions of the balance
state can be described as

el s Mg ) (341)
2R, T
The tgé, = @C,R, can be calculated as
120, =wC,R, (3.42)

Fig. 3.29b presents special kind of the bridge cireuit — the Schering
bridge designed for high voltage and cable testing. The main part of supply
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high voltage is on the capacitances C, and C, and adjustable elements Ry, C;
are additionally grounded. The measured parameters can be determined from
the equations

C:J , g0, =wCyR, (3:43)

R
(‘,:qR—‘: R=R,—
2 3

L(R#) C*C' IR,

Figure 330, An example of the inductance bridge circuit and simplified diagram
llustrating the circuit process of balancing

Fig. 330a presents the inductance bridge circuit (modified Maxw;ll
bridge). Assuming that the impedances of the arms arc s rullu\\.?
Z=RAjoL,, Z=Rytjol,, Zi~Ry, Zi~R; and using the Eq. (3.28) afle
simple calculations we obtain the balance conditions in form

el (344)
Fi=) ks
Ry Hiee (3.45)
= — =R =7 RE
R (RIH,R, o R =R 2,

To obtain the balance of the bridge circuit presented in Fig. 3.30a the 0
factor (O=awl/R) of the inductances measured L, and standard onc L: ..shuuld
be the same. For that reason, an additional resistor 7 is used. This resistor 1s
connected to L, or L element (this connection is chosen experimentally
only in one position of the switch it is possible to balance the bridge)
Depending on the position of the switch one of the equations (3.45) can be
used to determine the value k..

The inductance bridge circuit presented in Fig. 3.30 is uscful for
measurements of inductance R, as well the O factor wl./R.. Tt is also
possible to measure the mutual inductance Af,. For determination of the A,
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value the measurements are performed two times — with the coils connected
in the same directions of the flux L’ and with the coils connected in opposite
directions L "

L'=L +L,+2M and L'=L +L,-2M (3.46)

Then, the mutual inductance can be calculated as

(3.47)

As it was mentioned above, one of the drawbacks of AC bridge circuits 1s
the complicated process of balancing. Let us consider the vector diagram
presented in Fig. 3.30b. The bridge is balanced by the so called successive
approximation. Assume that for balancing we use the clements » and R; and
that the unbalanced voltage is represented by the line C'D’. By changing the
R;we move from the point D’ to D", Note that it is not possible to obtain the
zero value of the C — D distance because in this step of balancing the C' —
D" distance is the local minimum of the output voltage. If we now change
the r value we will move from the point C"to C” (this time the distance C” —
D" is the local minimum of the output voltage). We can see that to obtain the
balance it is necessary to perform many steps of approximation.

By appropriate design of bridge circuit it is possible to improve the
balancing process — even down to two steps. It is also possible to use two
null indicating devices with a 90° phase shift between them, which enable
practically mutually independent balancing of both components. But
generally the time of measurement using the AC bridge circuit is limited due
to the complex problem of searching for the balanced state conditions.

The uncertainty of the AC bridge circuits can be analyzed similarly as
in the case of DC bridge circuits (see Section 3.3.2). For example the
uncertainties of determination of C, according to the conditions (3.43) is

O, = (05 + (6 + (o€, )° (3.48)

Of course this dependence is valid if other conditions are fulfilled, for
example the influence of parasitic capacitances is eliminated and the error of
resolution is significantly smaller than the uncertainty resulting from Eq.
(3.48).

The necessity of application of various bridge circuits for measurements
iff RLC parameters is rather inconvenient, Fig. 3.31 presents the examples of
the universal RLC bridge circuits that are composed from the same elements
(R:R;R,C).
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Ry .
gl =R,—;
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(3.51)
Ry
ircui R = R‘ —_—
cm:mlsdc) (&= (e k: . R.=R 3
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b)
R, I R,
)
R, I R,

Figure 3.32. The bridge circuits balanced by the change of the voltage

Similarly for the bridge circuit presented in Fig. 3.32b the condition of
the balance can be written in the form

(3.53)

The bridge can be balanced not only by the change of impedance or
voltage but also by the change of the number of turns n. This is very
convenient, because the number of turns can be precisely adjusted.
Especially in the case of the digital bridge circuits it is much casier to
connect the windings than to change the resistors or capacitors.

Figure 3.33. An example of the transformer bridge circuit

Fig. 3.33 presents the example of the transformer bridge circuit with two
transformers. The output transformer acts in this circuit as the current
comparator — the null indicator points to zero, when the resultant flux in the
transformer is also equal to zero. The condition of the balance of this circuit
is
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S0 D, 35
Z, nymy

f Fig. 3.35 presents the example of the transformer bridge circuit designe
Ormeasurement of the capacitance. The currents in this circuit are
L e

Sl )
/:=b1[—; A i =
+jaC, |; hLe=U—=jaC,; Tr=U
R, & ! n Fery £ ; n R,

The nullndictor points to zero if the following condition is fulfilled
(3.56)

nyly =nylac +nslag

e

Figure KXY : e
mcasurtlncn} o example of the transformer bridge circuit designed for capacitance
0 £ e
Clrcuilmyum cquations (3,55) and (3.56) the conditions of the balance of the

Prescated in Fig. 3,34 are as follows
(e e S L (3.57)
T S ¥ oy 2= ol C,

tages in
wlier, the

The |
co'"ﬂﬂris«rlan"s“r,?;“? bridge circuits exhibit several impum,nl ac
alancing jg pogs"':l'mda“cc bridge circuits, As was mentioned carlic
bridges the Pﬂrz;-' ¢ by the change of the number of turns. In lr:ulhl(':rmcr
do not inﬂucnczn;c Capacitances shunt the transformer turns and pmcnc:lll_\'
transformer. g ,l ¢ conditions of the balance. Also the sensitivity of the
ges s significantly better than in the case of impedance
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bridges. In order to make use of these advantages it is necessary to construct
the transformers very precisely, with minimal stray fields. Therefore the
transformer bridges are usually more expensive than classic circuits without
transformer coupling.

3.3.5. The unbalanced bridge circuits

The unbalanced bridge circuits are used as the transducers converting the
change of the resistance (and generally impedance) into the output voltage

Uy =SU, ’,:i -SU,e (3.58)

x0

where § is the sensitivity of the transducer and ¢ is the relative change of the
resistance

Ry =R, +AR, =R, (1£¢&) (3.59)

where R,,, is usually the resistance in the balance state.

Figure 3.35. Two kinds of symmetry of the unbalanced bridge circuit

Usually, various kinds of resistance sensors are used as the R,, clement,
for example the temperature sensor Ry=Ryy(1+aAT). It is very convenient to
use two differential sensors instead of just one sensor. In the differential
sensors the changes of the resistances are in the opposite direction:

jR\l =R, (1+¢)

3.60
Re2 = Ry (1-¢) i
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> The unbalanced bri(_lgc circuits are usually designed with symmelry |
;;};;cjl to the output diagonal (Fig. 3.35a) or to the supply diagonal (F1
i Substituting .lhc relation (3.59) into the equations (3.25) or (3.20) afi
Mhmplc caloulations we can derive the dependencies of the transf:
characteristics of unbalanced bridge circuits:

for the circuit a)

Tlif e / m X 6l
out 'Y B, 3.6
““"’)z+(l+m}c£’ Uou o =0 5 )+ &
for the circuit b)
6y ety n : 36
it 2n(2+,:)“ Urml”D"RmWL

near. The nonlineanty

We " ,
¢ can see that all analyzed circuits are nonli I !
ts m or n). Fig. 33

d
P:::c‘:\df on the value of (he resistances (coefficien
s the example of the dependences Uy =/(ARVRuo)-

30

U, U, [%)

Figur
€3.36, Th,

. The ;
example of the transfer characteristics of unbalanced bridge circuit

a drawback — 1

The nonlinegriy
t the

some cirgy, 3

"0nlinc:lnwmjlfa?'fc's this bridge nonlincarity can be

3.37. We use a u,c sensor. Let us consider the examp

(Fig.3.373) in org Crmistor sensor with very nonlincar characteristic R=(1)

Would be lineay. mcr 10 measure the temperature. If the bridge characteristic

would alsg e n‘nn]FH the resultant characteristic of the transducer Uy S0
Inear — curve | in Fig. 3.37b. By appropriate choicc of the

¥ of the bridge transducer is not always
used to corred

le presented in Fig
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bridge configuration (bridge nonlinearity), in our case by applying m=0.3 we
obtain almost linear processing of the temperature into the output voltage —
curve 3 in Fig. 3.37b.

a) b)
R [k0)) ek
100
80 08 ; ﬁ
0 06 e
40 0.4 3
20 02
°0 10 20 30 40 50 0o 10 20 3054 S
TICl

Figure 3.37. The transfer characteristic of the typical thermistor sensor (a) and the
resultant characteristics of the bridge circuit with thermistor sensor connected mnto
one of the arms (b) (1 — calculated under assumption that the bridge circuit is linear;
2 - calculated for m = 1; 3 — calculated for m = 0.3).

There are various methods of linearization of the unbalanced bridge

circuit. One of them is applying of the multiplier device (Fig.3.38) (Tran
1987).

R=R,(1+0)

Figure 3.38. The lincarization of the bridge circuit by applying the multiplier device

Assuming n=1, U, = 2E and & = 2X the equation (3.62) can be written in
the normalized form

Xiw: ’
out ﬁ . (3.63)

U

After connection of the multiplier circuit as it is presented in Fig. 3.38
(assuming that K = FE) the output voltage is
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We can see that the unbalanced bridge circuit with differential sensors are
linear (with exception of the circuit (a) supplied from the voltage source).

Figure 3.40. Two kinds of symmetry of the unbalanced bridge circuit with
differential sensor

Let us consider the sensitivity of the unbalanced bridge circuit.
Neglecting the nonlinearity (calculating the S factor in the balance state) and
assuming the load resistance is infinitively large from Eq. (3.61) or (3.65) we
obtain for the single sensor:

m
S= (3.67)
(1+m)?
and for two differential sensors:
5
S (3.68)
1+ m)‘

The bridge circuit with differential sensors 1s two times more sensitive
than the bridge with one sensor. If the bridge circuit is an AC bridge then the
sensitivity is a complex value, because

: M .- m‘_ﬂ_ug -01) = |m|1”u

m : (3.69)
e P
Thus the sensitivity S for the differential sensors is
2
2 (3.70)

5
14 2|m|cns(/ +m”
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Figure 3.42. The resistance/voltage converter with differential amplifier

The circuits presented in Fig. 3.42 cxhibit similar performances as the
bridge circuit — compensation of the offset voltage (zero output signal for AR
= 0), lincar conversion, compensation of interferences, as for example
changes of external temperature. A similar circuit was patented in 1994 by
NASA (Anderson 1994, Anderson 1998) and today is sometimes called the

Anderson Loop. Two examples of the Anderson loop are presented in Fig.
3.43.

Figure 3.43. The Anderson loop with one sensor and with four sensors

In Anderson loop presented in Fig. 3.43 for the case of one sensor the
output signal is

U =10 AZ (3.73)
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Figure 3.45. The transducer /,,, = /' (U,) utilizing the compensation of two voltages

The transducer presented in Fig. 3.45 exhibits many important advantages
of the compensation principle — very large input resistance (practically
infinitively large) and excellent accuracy. For correct design of the
transducer the uncertainty of the signal processing depends only on the
accuracy of the standard resistor R, (it does not depend on the amplification
value of the amplifier — more details in Section 4.6).

In the comparator devices a comparison of two values is performed. As a
tool for comparison the compensation principle can be utilized. For example
in the circuit presented in Fig. 3.46a we compare two resistances by the
compensation of two currents while in the circuit presented in Fig. 3.46b we
utilize the compensation of two voltages. The current comparator presented
n Fig. 3.46¢ utilizes the compensation of two magnetic fluxes.

Figure 3.46. The comparators of the resistances (a,b) or currents (c)

The direct current comparator DCC is currently used by the NIST as the
most precise method of the reconstruction of the resistance standard from the
Iall quantum resistance device (NIST1458 2003). An example of such a
comparator is presented in Fig. 3.47.
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second @
W

harmonic

v
constant
current
source

Figure 3.47, The direct current comparator used by NIST as the resistance standard
(NIST1458 2003)

In the current comparator presented in Fig. 3.47 two smulumco}us
balances are required — ampere-turn balance and voltage balan?c- T‘C
ampere-turn balance is performed automatically using the feedback circuit u?
control the slave current source (as the state of balance the second Im‘rr_nunl_c
induced in the transformer is used). Thus automatically the condition 15
fulfilled

76
nly=n,l, (£

The null-indicator detects the difference between the voltage drops on the
Tesistances: standard R, and measured R,

R, =R, (3.77)
The condition of the balance is therefore:
R ;”_[1 (3.78)
o

The state of balance can be achieved by adjustment of the number of
turns z, It enables the mvestigator to determine the measured resistance w ith
excellent accuracy because we can count the number of turns practically
Wwithout error. The presented circuit looks as not very complicated but to
correct its operation the transformer should exhibit excellent quality — 1tis
prepared from high permeability ring cores. with perfect symmetry,
shiclding, ete,
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Figure 3.48. The AC current comparator used as the testing device for the measuring
transformer

Fig. 3.48 presents the example of the AC current comparator used for the
testing of the current transformer. The primary current /; and the secondary
current /; are compared as the voltage drops on the standard resistors R, and
R2. In the case of the AC comparator it is necessary to balance the circuit in
two steps — by changing the amplitude (element R;) and by changing the
phase (element C). In the state of balance both current 7,” and /,” are the
same and null indicator is pointing to zero. The transformation ratio K and
the angle error 7gy of transformer can be determined as

K=y 1y = wR,C (3.79)

indicator

right lamp

Figure 3.49. The current comparator as the device for testing the bulbs in the
lighting
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Another example of the current comparator used as the car lighting
system tester is presented in Fig. 3.49. If both bulbs in the car lighting system
work, then both currents are the same and the resultant magnetic flux in the
yoke 15 equal to zero. The damage of one of the bulbs causes the unbalance
of fluxes, which is detected by the magnetic field sensor placed in the gap.

Figure 3,50, The light comparator in the devices to the measure the light absorption

Fig. 3.50 presents two examples of the light comparators. The Ilghl
passing through two absorption cells is measured by two photodetectors (Fig.
3.50a) or by one photodetector alternately. In one cell is the standard ll‘quld
while in the second is the measured liquid. The difference between WO Ilgllls
afier amplification controls the movement of the wedge. The position f)l the
Wwedge can be used as a measure of the absorption propertics of in_vcsngalcd

i1quid, for example for the testing of the concentration of such liquid.

Presented examples of old classic measuring principles such as hm_lg\:
cireuit, compensation, and comparator circuit in modern  measuring
instruments proved that these methods are still important for measurement
technique. The special area of application of such methods 15 the
measurement equipment of extremely high accuracy (as dcscnh.cd above
direct current comparator). As an example we can point the old prln_cll‘ll' of
S0 called Warshawski bridge. This bridge was first time described in 1 946
(Warshawski 1946). Tn 1990 this bridge was again discovered by NIST and
today it is one of the most accurate methods of resistance measurement
(NIST1458 2003).
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Processing of the Analogue
Measurement Signals

4.1. SIGNAL CONDITIONING
4.1. 1. Analogue measurement signals

The information obtained as the result of measurement is usually
processed as a measurement signal. As the measurement electric signal we
mean the time varying electric signal representing measured value. Various
signal parameters can be used as the representation of the measured value:
magnitude, frequency, phase, etc. Usually electric current (or voltage) with
sufficiently large magnitude is preferred. Ofien to obtain good quality of
clectric signal for further applications (control systems, digital processing,
computing etc.) it is necessary to perform additional processing of this
signal.

The signal processing is performed for various purposes:

a) Signal conditioning (Pallas Areny 1991) - the change of the signal from a
primary form to a convenient form (for example conversion of the change of
resistance of thermoresistive sensor into the change of voltage). 'Usun_lly
signal conditioning circuits cnable additional correction of linearity.
Sometimes term signal conditioning is understood more \Vidcl)(’ as '\hc
conversion of the sensor signal to the final form (including amplification,
conversion to the standard interface, etc.).

b) Signal acquisition (Park 2003, James 2000) - usually ‘(yplcal'data
acquisition board realize the following function: mixing input signal,

121
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converting into digital form and transmission to the computer acceplable
interface (for example PCI or USB).

¢) Signal conversion — change of one form of the signal to another,
example analogue to digital conversion or alternating current to direct current

for

conversion,
d) Signal recovery - recovery or improvement of the sign
example elimination of the influence of noises.
¢) Signal amplification — increase of signal value with prese
parameters, as frequency bandwidth, wave shape, etc.
) Signal separation - physical disconnection of the input
£) Signal filtering — transmit from the input to output on
signal harmonics, .
h) Signal harmonization - conversion of the signal from the arbitrary form lg
commonly or standard used form, for example conversion of the measure
signal into = 5V signal, acceptable by most digital circuits. . o
1) Signal modulation - for example conversion of the mcasurcd_SIL’"“l/ = .
high frequency signal with varying magnitude carrying the miogie
(magnitude modulation), ; A use
Some of these processes can be performed digitally, but 1t 15 betes ml ut
£ood quality analogue signal for further digital processing. ot
Signals of most of the sensors are analogue, i.c. the in]m‘mull'?!" 17
Tepresented by the magnitude of the electric signnl,' The analogue A\{.'J”“I
u?cmc"“"." can take an infinite number of valucs. In contrary ’/"’,‘-/{'w{”
Stgnal s tepresented by limited number of values — quanta. Due 10 d.licru;‘
technique of processing of these signals we usually consider these .buf;
Mhn’qycs separately as analogue measurement fechnigue (analoguc st gntll
Processing) (pallas Areny 1999) and digital measurement technigue (dight@
Sienal processing — DSp) (L 2004, Smith 2003). Additionally. W€ €71
:naIny: the analogue sipnals as DC signals (DC — direct current) and A(
$ 'g’_’r‘;ll (AC~ alternating current). : ;
advun‘g;:::’[}a(ll’is.on of both digital and analogue lcchn_iqu':-“' 'l'"“mwb ¥
- better "!;mu lL, former ane. These advantages arc as follow sl PP
usually suff f'.") l'u the interferences and disturbances (the d ”—“II'I ‘,'"ﬁ Jarge
dispersion cient large, the “0” and *1” states can be determined ¥ i
5100 of the signal value),
= !hc signals are ¢, §
- 1Lis easy to perd
= Signals are nay,

al quality, for
rvation other

and output circults.
ly selected part of

any

A5y to transmit and register,
form necessary caleulations;
rally accepted by the computers.

I
When
¢ measure the rotationg| speed by counting the pulses we also receive

analogye g ¢
o7 W‘L;",dslgnal - Sequence of pulses, Only if we use special kind of sensor e
feceive directly the digita] output signal.
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It does not mean that we can consider both techniques as excellent digital
and less excellent analogue ones. Both techniques are complementary and
special importance should be attributed to the analogue techniques in the
initial state of signal processing. The amplification techniques are still
analogues and play an important role in the signal processing.

The signals can be deterministic or stochastic. The deterministic signals
can be predicted with absolute certainty and are reproducible. In the case of
the stochastic signals we can only predict (estimate) them with some level of
probability. We use tools of theory of probability to describe and analyze the
stochastic signals.

The DC signal is described by one parameter — its value. The AC signal
can be described by various parameters: the magnitude U,, or peak value U,
mean value Uy, average (rectified) value Uyy. effective (rms) value U,
peak-to-peak value U,,, instantaneous value u(?). Morcover, we should know
the frequency f'(or w=27f or period 7=1/f) and the phase ¢.

If the voltage signal is described by the equation
ut)=U,, sin(w?+p) (4.1)

then its main parameters are as follows

Uy ,:lm i[:;(/)(l/ (4.2a)
T
1
U= L’“ ‘J’L;(/“:I/ (4.2b)
& [0

(4.2¢)

Itis easy to calculate that for sinusoidal signal these parameters are
Uy = 0; Uy = 0,637 U, U = 0,707 Uy Upp=2Upn

We can analyze the AC signals in the time domain or in the frequency
domain (both methods arc complementary). The conversion between signal
deseribed in time domain and frequency domain is possible using Fourier
transform
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x(t) :E Jz\’(m)c”’"d{u (4.3a)

(4.3b)

Xw)= J‘X(I)L‘_JMJI

-

The periodical non-sinusoidal signal can be described as the sum of ifs
harmonics (by Fourier series)

»
x()=ay + ZZ"’- cos(kayt) + by, sin(kext) (44
k=1
where:
I:l.r 4T | n+T
1 A 5 T
G Jx(mh. o= f.:mcos(km,,ndt , b= o I-\(I)Slﬂ(‘f%’)d'
n n 1n
or in exponential form
x ()= ZE,,(’ kot (45)

k=

T
where: ¢, =1 - kot
e Ops 7 x(1)e dr.

U}

When the function x(1) is even (in mathematical sense) then coefficients
by = 0 and when the function x(1) is odd then a; = 0. Table 4.1 presents the
Fourier representation of some typical signals.

As ameasure of the distortion of non-sinusoidal signals the cocfficient i
can be used — it describes the content of harmonics with respect to the
fundamental harmonic, and can be calculated as

(4.6)




& u
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In the case of non-periodic signal instead of Fourier series (4.5) we can
use Fourier integral in a form
x
x()= [x)e ™ ar @.7)

-

Table 4.1. Fourier representation of typical signals

0

()= u[sm(wol) + —;—sinﬂmoll B lgsin(&uum-. ]
b4

KU
(=7 1
b fn= _8_,:[5‘“(’”"” ~—sin(3wyl) + L,sm(Smbn + ]
— T z° < 55
7
f
Ry
10
A N L
fin= ﬁ -ﬁZcoslnmor
7
T Ao n-
«
24 1 cos 2nawgt

|
()
A G A A
(1) =—+—sinoyl——
/\ 1) T 2 . ;r"=‘4,,2_|
| T 7

TG

The distorted signal can be presented as a Fourier series also in a
graphical form. Usually the signals are presented in form a line spectrum
where the individual harmonics are represented by vertical lines (Fig. 4.1).

Un

JT]!I'M

Figure 4.1. An example of the spectral analysis of the sinusoidal signal (a)

Un

[Hz)

distorted signal (b)



126 PRINCIPLES OF ELECTRICAL MEASUREMENTS

The position of the line on the frequency axis describes the frch_ch)' "1
this harmonic while the magnitude of the line describes the magnitude of
aiven harmonic. Of course the undistorted signal is represented just by one
line (Fig. 4.1a).

4.1.2, Conditioning of resistance, capacitance and inductance

It 1s possible to measure many non-electric quantities using pummcmt
sensors, that is the sensors which convert the measured value to the chu"ﬁ'-.
of resistance, capacitance or inductance. As an example we can cunsxdcr‘l [
strain-gauge sensor processing of the stress or deformation to the change "f
resistance or the microphone acoustic sensor processing sound (prcssqu)‘"
the air wave) to the change of capacitance. Usually these parameters GFL""‘
first converted to the voltage signal, convenient for further proccs,sm{;_. Ui
example amplifying, filtering or transmission. Tt is assumed that useful As!gnal
is avoltage signal of the value from tens of m ¥ to several ¥ or current sign?

. : i« called signal
4~ 20 mA. This very first step of signal processing is called signd
conditioning,

b) c)
out
UUJ(()
ot B o
R;
Rlﬂ

Figure 4.2, The typical converters of the resistance into the voltage: voltage drop (2
voltage divider (b) and their transfer characteristic (c)

Figure 4.2 presents two methods of conversion of the resistance 0 I|l.t'
Voltage. The first one seems to be the most obvious — it utilizes the Ohms
law — the resistance is supplied by the stabilized current 7, and the voltage

drop U, is proportional to the sensed resistance

4.8
Upu = 1,R, (.8

Thus we have linear conversion of the resistance into voltage signal. Hn[
e deCnancc (4.8) is valid only if the resistance connected to the output of
transducer is infinitively large. Consider finite resistance of the output load
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Ry . In such case we obtain a nonlinear charactenstic U, = f(R,) and this
nonlinearity depends on the ratio R/Ry. The Ohm’s law is also used in the
converter presented in Fig. 4.2b. The measured resistance is connected in the
circuit of the voltage divider supplied by the voltage source U,.. The output
signal U, is described by the equation

R, 1

U s
TR H_R_‘

W

Do =Uss “9)

The conversion is nonlinear, which is not always a drawback, because in
certain cases it can be used for lincarization of a non-linear sensor. The main
disadvantage of the circuits presented in Fig. 4.2 is that the dependence U,
= f(R,) does not start from zero because the resistance of the sensor usually
also does not start from the zero value but from the certain R, value

’;R‘ ]: Ry, (1+¢) (4.10)

Yo

Ry =Ry, 2 AR, = R.w(li

Similarly the output signal of the converters presented on the Fig. 4.2
includes the constant component U, (Fig. 4.2¢), because

Uour = Uulllu(‘ i “:) (4.11)

This offset component is disadvantageous, because more convenient is
the case when the output signal of the transducer is zero for starting point of
the range of the sensor. If this condition is fulfilled then we can connect the
typical voltmeter as the measuring instrument. Moreover, large offset

component can cause the saturation of the amplifier (if any amplifier is
used).

Taking into consideration the offset problem, the circuits presented in
Fig. 4.3 arc more convenient as the resistance to voltage transducers. These
circuits enable the compensation of the offset component (Fig. 4.3¢). The
first one is the unbalanced bridge circuit described in Chapter 3 (deflection
type bridge). If this bridge circuit is in the balance state for the starting point
of the sensor resistance then the output signal is offset-free, because

U *S&:S-u

out =
)
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P) b) )
Vh 1, U
ReRY R, R #AR,
| I—D Ues
R, i U R, R-4R,
) | 5 R, R,

Figure 4.3, Converters of the resistance into the voltage with «l.-luninauundﬂflhl:‘:
offset component: unbalanced bridge (a), with differential amplifier (b) an

transfer charactenistic (c)

The deflection type bridge circuit exhibits several olh?",'mpo;;:]f
advantages. First of all such a circuit is immune to the variation '0“_ Ij
extemal interferences, for example changes of the ambient lcmp‘.jralun., ; a
resistors in the bridge circuit are the same and only one of them is the sensor

i ature 4 esistor
(&= dv), then with the change of the ambient temperature all n:sld. :
2 = & = oT while & = dc+oT. Thus according

change their resistances: & sl onent
10 Eq. (3.71) 4T components are eliminated and only useful o comp

remains at the output of the bridge

(o -
Upg ={6x+ T = 8T - T + T) = £ 6% e
3 4

Itis much better to use the differential type of the sensor (£, = tav. & he
deand R, - Ro(l+g), R; = R,, (1-2)) connected to the adjacent :I{‘I.Il\‘ ui'lh
bridge circuit. In this case we obtain climination of interference effects W i
o times larger output signal. And of course the best case 1s 10 use l‘uul
differentially connecteq sensors, because in such circuits we obtain four
times larger output signal, [

The  unbalanced bridge circuit usually exhibits nnll-'lllu;l-l' transfer
characteristic (for more degails see Chapter 3). In some cases this feature can
be profitable, becayse this way we can perform linearization of the sensor
performances (sce example presented in Fig. 3.37). ’

Similar performances g5 (he unbalanced bridge circuits (Fig. 431
exhibits the circuit wigh differential amplifier (Fig. 4.3b). The jffeiis
amplifier converts the difference of the input signals (U, — K Urt)
Thus if one of the input resistors s active (a measuring sensor) and (e
second one is the same passive resistor we obtain climination of the offsel
voltage and also climination of the interferences
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1t is advantageous to connect four sensors into bridge circuit because we
obtain the maximal value of the sensitivity. But how to balance the bridge
circuit with four active arms? Theoretically, we can connect parallel
balancing resistor to one of the arms. But in this case one of the resistors
exhibits different performances than the other three resistors, which can
cause incomplete elimination of the external influences.

FC OF

Figure 4.4. The balancing methods of the four-sensors bridge circuits: supplied by
DC signal (a) and by AC signal (b)

1

Fig. 4.4 presents two examples of balancing methods of the four-sensor
bridge circuit. The circuit presented in Fig. 4.4a enables balancing of the
bridge circuit supplied by the DC, and Fig. 4.4b by AC voltage. Circuit from
Fig. 4.4b is often used in the strain-gauge bridge systems. The output signal
u.l' the bridge circuit is compensated by the output signal of the second bridge
circuit supplied by the same voltage.

The methods of conversion of the resistance to the voltage signal
described above are also suitable for the conversion of the capacitance,
inductance or generally impedance. In such case the bridge circuit should be
supplied by the AC voltage. The Wheatstone bridge can be substituted by the
special AC bridge circuit (Maxwell, Wien or other — see Chapter 3). But in
this case we have to climinate parasitic capacitances and inductances. It is
also necessary to consider the influence of the cable’s capacitance. The AC
circuits require alancing of two components — magnitude and phase.

Even if we balance both components of the unbalanced AC bridge circuit
we do not solve all problems. The output signal contains two components —
one in phase with the supply voltage, and the other one shifted by 90
degrees. The shifted component can be effectively climinated by phase-
sensitive rectifier (more details will be given in Section 4.2.4). The phase-
sensitive rectifier realizes the following dependence

Uy = kU cosp (4.14)
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where 2 S y
v:]:“ t/lvls the ph'.'ssu s_hm of the output signal with respect to the reference
Chm.lgt - As this reference we can use the supply voltage and then we i

inate the 90 degrees shifted component of the output signal (because if

=90 then cosp = ().

sitive detector (PD)
he PD, U~ - the

gﬁ:zzl:f (31 ‘;mdmwc sensor of displ t with pha:
characterisic n‘ﬂ:{gmpu" (U, - the characteristic without 1
pplication of the PD)
dcl:.c'ﬂ”fo:‘ihl?fmﬂtﬁ !hc example of application o_f }hc phase sensitive
indiclive dig l: correction of the (r;fnsfcr cha_rucufnsllc of a dxffc_runllal
middle pcusi(iznc;:"cm, transducer. If the moving iron clement s 10 the
circuit js bﬂlanc‘cd cxflnduC_lanccs L, and L, qrc the same and .lhc bridge
increases and (he : ¢ ter displacement of the iron clf:lncnl onc II](I'UCIJIICC
Proportional to lhcnd‘ Cf’nnc decreases. The output sngpﬂ! of the circuit 15
nonlinear gnd conla-lsmdccman The }mnsfcr’churf!clcnsuc uf‘lhu sensor is
Sensitive detector wl?s. Some, O_ffScl (]Inc U,.' — Fig. 4,5),‘ \Y]ll\ ‘lhc phase
Offset (line 1/, - ;’Lan obtain a llnv.‘arlnulpul characteristic \\'vllh(llll the
Positive cffc;{L Mk.'é‘ 4.5). Moreover, with the detector we obtain another
detect (he el ll)'f‘%] ml]" 'ﬂccoum the polarization of the .'TIL_',IHI' we can
the AC oulput signa), isplacement (which was not possible in th
¢ can ¢
the ""P::il:a::;vf:l;h.c variation of the resistance, inductance and especially
Presents two such c,,l.L -ﬁ,cquc"“-v using a typical oscillator circuit. Fig. 4.6
the nonlinegr dcpcnguu's = Hartley and Colpitts oscillators. In these circuits,
inconvenient, b ence of the frequency on the measured paramcier 1
Ttalso is '0 C:’u.sc usually /=17 X , where X'is C or L.

presented ion?; :c;: “;‘_‘;]m the oscillator utilizing the operational amplificr
Tesistance R) ag rn"n'“ls' ¢ frequency depends on the capacitance € (or

¢ case of

/sgli 4.15
2RCIn(1 L2R,/Ry) (4.15)
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a) b)

Lo Out Out

T

Figure 4.6. The conversion of the capacitance C or inductance L to the AC signal

with frequency dependent on the measured parameter: a) Hartley oscillator, b)
Colpitts oscillator

Fig. 4.7b presents the hybrid oscillator circuit developed by Analog
Devices. The OSC1758 circuit converts the capacitance C (C=C;=C>) to the

frequency of the range 0 — 10 kH= according to the relation / = (1/C)10°
(where C in Farads, fin Hz).

R

a)

-15V +15V

Figure 4.7. Converters of capacitance to frequency: a) with operational amplifier, b)
hybrid power oscillator OSC1758 of Analog Devices'

4.1.3. AC/DC conversion

It is relatively casy to convert the value of AC signal to the DC signal
using diode rectifiers. A typical rectifying diode conducts the current f(?r .Dnly
one direction of applied voltage. An example of the transfer characteristic of
asilicon rectifying diode is presented in Fig. 4.8.

' 0SC1758 is not currently manufacture by AD.
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3)

. 1
|
|
|
Sk
] u
|
\ V't
Flgure 48, The tgngper istic i ectifying diode (a) and the prnci
ofthe AC/Cpy ¢ transfer characteristic of typical rectifying

conversion by means of such diode (b)

Atypica] transfer characteristic of the rectifying diode is prgscnlct’i I(I; F[A;‘
C;)n::iu!:‘hc conducting direction the characteristic is r'm,nh(nljalzdg”:"
Mommc:‘tc slans'fmm a certain non-zero (hrcsholf! \'Olhli{:cm—cﬁn‘du“ A
direction ‘; small inverse current will be conducted in the _".‘H can be ust
otlyiy o °If that reason, the simple rectifying diode C"ff‘:’u o oot

¢ diode p?}):.dcm“ - for measurement PLIPOSCE. I 'S nc’-"»‘» l? containing
an operg s murc sophisticated electronic circuit, for examp :
10nal amplifier.

U\—J
01 :
R||

I

v
=
¥

L T
Figur
“49. At s
o D¢ Converter with rectifying diodes and the npu;mun.:l amplifier
Igure 4 g Y .
2 .op"'f"'nna{"cscm.\ the typical AC/DC converter with rectifying diodes
Teclifieq cu “plifier. e amplifier operates as a current transducer
”"“s"ofd WS in the feedback circuit, For strong feedback the

2 Oltage & ot ' (K
piof the amplj ,c"r)d‘l:rcusc\ 1o negligible small value U, " = U/K, (K
Cer of -

liney,
Aar as stically
trangg,, T of 1 such case the converter behaves as a practicall
Pul voltage 4,

in

Ty ,"I;("' (4.16)
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Figure 4.10. Converter of average value of AC voltage to the DC voltage (Tran Tien
Lang 1978)

Figure 4.10 presents another converter of average value of AC voltage to

DC voltage. The amplifier A4/ works a half-wave rectifier according to the
following conditions

U|={_“ Jor u=0

4.17)
0 for u<0

The sccond amplifier (42) adds two voltages

Ugur ==l +20) (ElE)
thus, the full-wave rectification is achieved:

N >0
i u  for u2( (4.19)

¥ —u for u<0

The converters presented in Fig, 4.9 and 4.10 allows us to determine
averaged rectified value of AC signal. The conversion of the rms value pf the
AC signal to the DC voltage is more difficult (Kitchin 1986). According to
the Eq. (4.2¢c) we should perform the following operations: square, mean
value caleulation and root operation (root square). Theoret ally these
mathematical operations are possible to perform using two multipliers, as 1s
schematically shown in Fig. 4.11. . A

In the circuit presented in Fig. 4.11 the first multiplier 1§ squaring the
input voltage, then this voltage is averaged in the integrator cireuit a‘nd‘ next
rooting is performed. The root operation is achieved by second multiplier in
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the feedback circuit of operational amplifier. Converters with this design are
rather seldom used due to their poor dynamic performance.

root operation

squarer integrator

Figure 4.11. The true rms converter using two multiplicrs

Many manufacturers offer ready-to-use monolithic converters of true rms
value. As the examples consider two types of rms converters developed by
the Analog Devices: AD636 and AD637.

current
mirror

squarer
divider

converter

Figure 4.12. The principle of operation of the AD636 rms converter of Analog
Devices (Kitchin 1986)

In the AD636 rms converter (Fig. 4.12) the input voltage is x‘ccliliyd .’lll.d
converted to the current. In the squarer/divider block the function /i, /T is
realized. This block acts as the squarer and root calculator duc to the
feedback (the squarer/divider circuit utilizes the log/antilog device described
below). Next, the active low-pass filtcr allows us to obtamn the mean value of
the signal. The rectified /,,, signal is proportional to the rms value of the
input voltage. This transducer converts the input voltage with the uncertainty
not larger than ImV + (.59 rdg. The more detailed circuit illustrating the
principle of operation of the AD636 converter is presented in Fig, 4.13.
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current
mirror
; ket 27 s
absolute value CRREICE |
and e = out
U/l converter R,
et

Figure 4.13. The simplified circuit of the AD636 rms converter of Analog Devices
(Kitchin 1986)

Fig. 4.14 presents an example of the application of the yms converter — as
the frue rms voltmeter (proposed by the Analog Devices).

AD536 i

Figure 4.14. The design of the true rms voltmeter design - the proposal of Analog
Devices (Kitchin 1986)

Figure 4.15 presents the principle of operation of anol_h.cr true rms
converter of Analog Devices — model AD737. This device uullze_s the l(?g-
antilog circuit (logarithmic and exponential amplifier — described in Section
4.4.0).
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fullwave log
rectifier and squarer antilog

2 —=.
logu?, || log U

i
out U
(2logy,) (2logU, -logU_,) "__L—J

i filter
U2 '
logU,, U,

Figure 4.15. The principle of operation of the AD637 rms converter of Analog
Devices (Kitchin 1986)

The AD737 rms converter (Fig. 4.15) performs the following operations:

) 2logu, which corresponds with: logU2

; )
D 2ol - logU,,, which corresponds with: Iog([/,,, 1U )
Y anilogllogUZ 1U ) =U 1U

in

4) Ul%l /Umu
5) Upy =UE 1U,,

which is

Thus, as the result of these operations we obtain: Uy, =
exactly the definition of the rms value (see Eq. 4.2¢).

Instead of utilizing the formula (4.2¢), it is also possible to pcl‘hbn?]
AC/DC conversion by applying the physical definition of the effective v;lIu;l.
“the effective (rms) value of the AC current is equal to the DC current ‘."/’“'
which in the same resistance R in the time of one period causes emission of
the same value of the fiear”. Such idea is realized by the rms converter of
Lincar Technology (model LT1088)" presented in Fig. 4.16. ;

The voltage generated by the thermocouple is a measure of the heat
emission on the resistor and 15 compared with the voltage generated by the

second (hcnnocnuplc sensor heated by the AC current. Thus, we compare the
heat effects of both currents, Such a transducer enabled AC/DC conversion in
very large bandwidth (up to 300 MHz) with a large crest factor.

e

1 :
LT1088 is not currently manufactured by LT,
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Figure 4.16. Thermal-effect converter of the rms voltage (Linear Technology 2005)

Table 4.2 presents the comparison of the performances of various rms
converters.

Table 4.2. The paramelters of typical true rms converters

Model Manufacturer max error of bandwidth crest
conversion factor
|__AD636 [ Analog Devices | 5SmV+0,5%rdg 450kHz 7
u‘)(ﬂ" | Analog Devices | 1mV:0,5%rdg IMHz 10
AD737 | Analog Devices | 0.2mV+0.5%rdg 190kHz 5
{__LHO0091 | National Semic. | 0.5mV+0,05%rdg | __S00Kiiz 10
[_LT1088 | Lincar Techn, | 0.01FS 300MHz 50

Figure 4.17 presents the principle of the conversion of the peak value of
the AC signal. The rectified voltage is connected to the capacitor C. If the
time constants of the RC circuits (circuits of charge and discharge
respectively) are designed in such a way that process of charging is fast and
discharging is slow then the voltage across the capacitor is equal to the peak
value of the supplying voltage. Figure 4.18 presents two examples of peak
value converters.

[ — .\

u=U, sinmt T \R"
e — S—

Figure 4.17. The principle of operation of the peak-value converter

|
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In the circuit presented in Fig. 4.18a the capacitor C; is charged to the
maximal (peak) value. The feedback circuit (elements R; and D) protects the
amplifier from the saturation when U, < U,. Periodical connection of the
resistor R, enables the capacitor to discharge and repeat the conversion. In
the circuit presented in Fig. 4.18b there are two converters of the peak value
connected to the differential amplifier. Tn this way we obtain the converter of
the peak-to-peak U, value.

ot

Figure 4.18, The examples of peak value (a) and peak-to-peak value (b) converters
(Pallas-Areny 1999)
or phase-

ts and
8 — 1N

Th_" phase-sensitive rectifier (phase-sensitive demodulator
sensitive detector) plays a very important role in the measuremen
Instrumentation. It helps in the separation of two signal component
Phase and 90 degrees out of phase, as it was presented in the example earlicr
or F'g' 4.5). Morcover, this converter is the main element of the lock-in
mplifier - described 1n Section 4.54).

/\;, \/\
= 180°

u,U,,cosp \/

Fij 1
Bure 4.19. The principle of operation of the phase-sensitive rectifier
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The phase-sensitive rectifier converts the measured voltage U, with
respect to additional reference voltage U,.. Thus, it is equipped at least with
two inputs and one output. The reference voltage switches the rectifying
clements in such a way that the mean value of the output signal depends on
the phase shift between both input signals. This principle of operation is
illustrated in Fig. 4.19.

The phase-sensitive rectifier works according to the following equation

U,

out

= kU, cosp (4.20)
where cosg is the cosine of the phase shift between U, and U,
A typical diode polarized as conducting and non-conducting element can

be used as the switch in phase sensitive rectifier. An example of such a
rectifier is presented in Fig. 4.20.

a) b)

Figure 4.20. The simplest diode phase-sensitive rectifier

In the phase-sensitive rectifier circuit presented in Fig. 4.20 the voltage
signal U, 1s added to the reference voltage U, in the first half-period of this
signal and is subtracted from this voltage i the second half of the period.
?lccnrding 1o the phasor diagram presented in Fig. 4.20b the output signal

our 18

U, :JU,Z“, +2U, U \cosp+ {/f s Us :\/Ufl,/ —ZU,‘,[U_‘cosw*-Uf 4.21)

and

5

U =U =U, =2U, cnw{l— Lofs smlm]s 20U, cosp (4.22)

2
ref
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For correct operation of this rectifier it is required that U,.r > Us. The full-
wave version of diode phase-sensitive rectifiers is presented in Fig. 4.21a.

Figure 4.21. Two examples of the full-wave phase-sensitive rectifiers

Also, a transistor can be used as the phase sensitive switch (Fig. 4.31' tlJ))c
because 1o obtain the conduction both voltages Uge and Upc gheo n
appropriately polarized. The mean value of the collector current depends ©
the phase shift between Upr and Upc voltages.

out

Figure 422, The phase-sensitive rectifier with the operational amplificr
The advantage of diode and transistor phase sensitive rectifiers is that IIF I's
not Tecessary to use any additional supply voltage. However, @ pll:m..
Sensitve rectifier with the operational amplifier (Fig. 4.22) exhibits better
performance. In such a case one of the inputs of the circuit is connected to
the V¢ reference voltage, i
There are also available ready-to-use - monolithic phasc-sensit
rectifiers. As an example a functional block of the AD630 circuit developed
by the Analog Devices is presented in Fig. 4.23.
_ The monolithic phase-sensitive detector AD630 includes two precise
mput amplifiers and a third amplifier switched by the reference voltage
connected to the input 9 (sce Fig 4.23).

e
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Figure 4.23. The functional block diagram of phase-sensitive detector model AD630
of Analog Devices (Analog Devices 2005)

Figure 4.24 presents an example of the application of the phase sensitive
detector. This device can be used as the output circuit of the unbalanced type
AC bridge circuit. This application enables us to separate only the in-phase
component of the bridge output signal.

phase
shifter

;16 9 1 Ugy filer

217
715 ADG30 13
Ena 12 ar 50

“201 1014 8
-O—0—

o ‘E
instr. amp. -15v

Figure 4.24. The application of the phase-sensitive rectifier as the output circuit of
the unbalanced type AC bridge (Analog Devices 2005)

4.1.4. Voltage to frequency conversion

The time-varying signals, as frequency, period, phase shin,‘wmth of ghe
pulse prove to be advantageous in comparison with amp\[tudc-varymg
signals, Similarly as digital signals they are more immung to !nlerfere.n(':es.
Frequency is a value, which we can measure casily and with high precision.
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Thus in some applications it is convenient to convert information from
amplitude-varying signal into the frequency value.

Figure 4.25. The voltage to frequency converter (Tran Tien Lang 1987)

Figure 425 presents a typical design of a V/f converter wi(h' an integrator
circut charging a capacitor C at a rate proportional to the amplitude of input
voltage Uj,. Each time when the output voltage of integrator circuit n:m.thcs
certain value equal to the reference voltage U, the comparator 5‘\r11€I1cs 'm(?
a reset mode and discharges the capacitor. The pulse generator PG can be
used for this goal. The frequency of the output signal depends on iz
amplitude of input voltage

Ui (4.23)

L= RCU,s

ref

FAA

] ‘ out - 1()1{7/»0
IRERERLE
f”f R
HH v
Figure 4.26. An example of the temperature transducer utilizing AD537 voltage-to-
frequency converter of Analog Devices

Figure 4.26 presents the hybrid voltage to frequency converter of Analog
Devices — model AD-537,
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The voltage-to-frequency converter AD537 of Analog Devices enables us
the conversion of the input voltage to the frequency up to /00 kHz with
nonlinearity error less than 0.05%. The conversion factor K=Uj,/f can be set
by connecting appropriate external R and C elements to the device. Figure
4.26 presents the example of application of this transducer to the temperature

conversion with the conversion factor /0 Hz/°C (for chromel-constantan
thermocouple sensor).

4.2. AMPLIFICATION OF THE SIGNALS
4.2.1. The differential, operational and instrumentation amplifiers

The amplifiers are generally used for the amplification of the voltage
signal. However, the amplification process enables also improvement of the
signal quality — mostly the signal-to-noisc ratio. A good amplifier should
exhibit sufficiently large and steady amplification factor K, =U,/U,,. large
input resistance and small output resistance.

It is also required to perform the amplification without the distortion. The
amplifier can process the signal with frequency distortion (linear distortion)
caused by the unequal gain of all frequencies comprising the signal. To
obtain small lincar distortion the bandwidth of frequency should be
sufficient. Also the gain K, should be the same for all frequencies in the
bandwidth. There is also amplitude distortion (non-linear distortion) caused
by non-linear transfer characteristics and introduction to the signal additional
harmonics. The non-linear distortion appears when the input signal is large.
Therefore it is recommended to limit input signal of the amplifier by
applying the negative feedback.

Usually, it is assumed that the frequency bandwidth is the frequency
range for which the K, factor does not roll off more than 3dB. And another
important factor — the dynamics of the amplifier (ratio between the sn_m"':Sl
detectable signal and the largest — limited by the supply voltage signal).
Dynamics (the smallest signal) depends mostly on the level of noises and
zero drifts,

The real revolution in the amplification technique was the dcvclupmgn( of
the integrated operational amplificrs, and later the instrumentation n‘mphﬁcrs
(Coughlin 2000, Franco 2001, Jung 2004, Stanley 2001). The main part of
these devices is the differential amplifier (Fig. 4.27). The important
advantage of such an amplifier is the possibility of suppression qf the
parasitic signals. The input signal is processed as the difference of two inputs
signals

(424)

Uy = KUy = U3)
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The parasitic interference signals AU are the same on both inputs.
Therefore the output signal is

Vg = KU1 +80)-(U2 + AU)}= K, (U1 =U2) (425)

Thus it is possible to amplify the voltage difference with the large
common signal AU in the background.

Figure 4.27. The differential amplifier and its symbolic representation

The possibility of the rejection of the common parasitic cumpunm_\l is
described by the coefficient CMRR — Common Mode Rejection Ratio defined
as

K (4.26)

CMRR =

where K is the amplification of the voltage difference and K 1S the

amplification of the common signal. In usc is also the parameter CMR
Common Mode Rejection defined as

CMR =200z CMRR (4.27)
Taking into account this parameter the output voltage is

VR U1 i Pl AU (4.28)
CMRR (U, ~U) |




PROCESSING OF THE ANALOGUE MEASUREMENT SIGNALS 145

The second component in the square brackets of the equation (4.28)
describes the error caused by the presence of the common component.

The operational amplifier (OpAmp) is a special kind of the integrated
amplifier with the following performances: very large amplification factor —
larger than 10°, very large input resistance and small output resistance.
Additionally, small temperature errors coefficient, small level of noises,
small zero drifts and large CMRR factor are required.

5
e offset
Ul\
non-nverting
input

2 b |
.Um
inverting l Il
input
offset

Figure 4.28. The typical circuit of the operational amplifier

Fig. 4.28 presents the typical design of the operational amplifier, which is
in fact a developed version of the simple circuit presented in Fig. 4.27. The
operational amplifier practically does not work intrinsically - with such large
amplification it would be immediately saturated. Therefore the operational
amplifier works always with suitable feedback. We can say that the
operational amplifier is some kind of semi-finished product designed for the
construction of various electronic circuits. By connecting an appropriate
feedback circuit we can obtain the required device: multiplier, adder,
itegrator, generator, filter and of course voltage amplifier.

Figure 4.29 presents two typical circuits of the voltage amplifiers based

on the operational amplifier — with asymmetrical input and symmetrical
differential one.
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K=R/R,

Figure 4.29. Two main examples of voltage amplifiers based on the opcralloml
amplifier

The operational amplifier should exhibit large amplification factgr but it
is not absolutely indispensable to have steady and precise value of this factor
— which is abligatory for measurement purposes. This requircment is fulfilled
for special kind of the amplifier — the instrumentation amplifier-

U142 U U)

Figure 4.30, Typical circuit of the instrumentation amplificr

The instrumentation amplifier is also the integrated  circuit with
differential amplifier and its amplification factor should be stable. precise in
setting and immune (o interferences. Also other parameters should be of high
quality. The CMMR factor should be larger than /10 dB, temperaturc zero
drift smaller than 7 pp/C, input impedance larger than 107 €2, input In:f\.
current smaller than 10 nd (for bipolar transistors) or /0 pA (for TET
transistors), noises below /0 n¥/1Hz, nonlinear crror below  0.01%
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(attainable 0.0001%), frequency bandwidth not smaller than 100 kHz
(attainable larger than 100 MHz).

We can see that the instrumentation amplifier is a special kind of
amplifier suitable for measurement purposes. It consists of several
operational amplifiers — the typical circuit of the instrumentation amplifier is

shown in Fig. 4.30. The amplification factor is set by appropriate external
resistor Rp.

4.2.2. Isolation amplifiers

There are circumstances, when it is necessary to ensure the galvanic
separation of the input and output circuit. For example, when we measure
very small differential signal superimposed on large common signal. Such a
case is presented in Fig. 4.31 where the relatively low voltage (with the level
of tens mV) across the shunt resistor Ry is measured in the presence of
relatively high voltage (several hundred V), which is used for supplying the
load R,. Between the ground of the indicating instrument connected to the
amplifier and the ground of the supply source there could be a voltage
difference dangerous for the servicing personnel (and also the amplifier
could be damaged duc to this large potential difference).

=300V

Figure
and rece

31. The application of the isolation amplifier for separation supply source
er when the potential difference of grounding can be large

As another example we can consider the case when during detection of
fetal heartbeat signal 17, with level of about 50 u)” we cannot separate
accompanying much larger (about 7 mV) signal of maternal heart beat Vy
and additionally large signal of ground coupling, power line 50 Hz
mterference, ete. Especially dangerous is the situation when large difference
between ground potential of input circuit and output circuit exists. Therefore
in medical equipment it is indispensable to use the isolation amplifiers.
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Also dangerous is the situation when the input circuit is distant from the
rest of the circuit and even more when these both parts are supplied from
different sources. The difference between the ground potential of bf)lh
circuits can be as large as hundreds of volts. Without galvanic separation
such difference can cause destruction of the amplifier (and of course could be
dangerous to the servicing personnel).

In the isolation amplifier the connection between input terminals and
output terminals does not exist (and the same applies for input ground and
output ground). Sometimes, also the supply sources are physically separated.
The rejection of the 1solation voltage Uy, (voltage between common p;ms_ of
input and output circuits) is described by JMRR — Isolation Mode Rejection
Ratio

J J
" CMRR) IMRR

It is convenient to use a small transformer as the isolation device.
Hfoweyer, the transformer does not transform DC signals, which is

metimes necessary. For that reason it is nceded to use the modulator
| mal is transformed as the magnitude varying carrier AC signal) and the
| nodulator to recover again the DC signal. Such idea is realized in the AD
L.i model of isolation amplificr of Analog Devices (Fig.4.32). In the AD210
model additionally the supply circuits are separated.

AD215

buffer QUT

S| s e [T TT
%5 o J‘i"
’, N

e NSRS L 15V
B 1 |
-)’Ir': oscillator —— o -15V
DI 430kHz  |—— i

Figure. 4.32. The isolation amplifier with transformer galvanic separation — model
AD215 of Analog Devices

Another principle of galvanic separation is applied in the isolation
amplifier of Texas Instruments — model 1S0124 (Fig. 4.33). In this case a
capacitor with capacitance / pF is used as the isolation device. The input
signal is converted to AC signal using integrating analoguc to digital circuit
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Al. Next, this signal transmitted by the capacitance is again converted to the
DC signal using integrating amplifier A2. Additional sample-and-hold circuit
1s used to obtain the output signal without the carrier components.

) ok J 8 1SO12
" L
11
]

IN
A1 4,
5
% osc

Figure 4.33. The isolation amplifier with capacitive galvanic separation - model
180124 of Texas Instruments (Texas Instruments 2005)

It is also possible to use the light transmission as the separation device.
Such a principle is utilized in the isolation amplifier of Burr-Brown — model
3652 (Fig. 4.34). The LED diode D3 illuminates two identical photodiodes
D2 in the output circuit (converter current voltage) and DI in the mput
circuit (converter voltage/current). The diode DI is in feedback circuit,
which enables us to minimize the nonlinearity errors. Since both diodes are
illuminated identically therefore 7; = I = I

3652

UiV (RAR,)

Figure 4.34. The isolation amplifier with light galvanic separation — model 3652 of
Burr-Brown (Burr Brown 2005)

The 1solation amplifiers described above exhibit I.\IRK factor as large as
130~ 140 dB for permissible voltage difference between input and output as
large as 1500 — 3000 V.
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shield Nife

planar_\\

5 \/;/
/ | out

Figure 4.35. The 1solation amplifier with magnetic galvanic separation — model
developed by Nonvolatile Electronics Inc (Nonvolatile 2005)

Figure 435 presents the galvanic separation device developed by
Nonvolatile Electronics Inc. (Nonvolatile 2005). The current in the plil.ﬂﬂf
coil generates the magnetic field detected by the GMR (giant
magnetoresistance) sensor. The GMR sensor is in the feedback circuit — it
only detects the presence of magnetic field and thus its nonlincarity does ?01
influence the linearity of the device. This device can work in analogue (Fig.
4.36b) or in digital mode (with transmission speed even above / GB/s).

4.2.3. Amplifiers of very small DC signals

The main problem in the amplification of small DC signals is the
temperature zero dnft of the amplifier, because it is very difficult to separate
this zero drift signal and the useful DC signal. The temperature zero drift is
caused by non-ideal technology — even small differences in various parts of
the circut can be the source of DC offset signal. This effect is IIIillIll]l{C‘I 1"3'
lﬂscrlﬁmminglo the level of / — 50 uV/°C, but even such small offsct is still
limiting the amplification of small DC signals. ¥

Recently, there are two main techniques of decreasing the zero dnll'
influence. The first one is based on the conversion of the DC signal to l]w, :l(
signal. Then it is possible to separate DC zero drift and AC uscful signal. lh.c
AC signal can be amplified with ease and converted back to the DC onc. Tlml
technique is called a chopper amplifier, because the conversion (o the A(
signal is achicved by very fast connecting and disconnecting the signal to the
input.

The second technique employs the auto-zero principle. The amplifier is
periodically disconnected from the input. then the input is short-circuited to
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ground and the zero component is compensated. The auto-zero technique
enables us to eliminate the zero drift down to the level of 5nl7°C.

f\J nnn\uuv

Figure 4.36. The principle of the chopper amplifier

. The principle of operation of the chopper amplifier is illustrated in
Fig. 436. The signal is switched with frequency of up to tens of kHz. To the
amplifier are delivered pulses with amplitude modulated by the input signal.
After amplification this signal is demodulated by the synchronous switching
(or using the phase-sensitive detector).

’ If the input signal is 1,,(1) and the commutation frequency is @,, then the
signal at the mput of amplifier is

L2 2 2
a=u,l )L; +—cos@,l - Fya cos3a,l + 5;00.\ Sm‘,/‘.‘] (4.30)
2 7 s T

If we describe the zero component as U, and the zero drift as AU, and @c
-'"‘f“)’!s'l limited (o the first harmonics (we can eliminate higher harmonics
using the filter at the output) the output voltage of the amplifier is

(1) ‘ﬁ"m(’)( Trerd cos o, _:]»0 1 ’R_ U, + [H R’]AUJ (431)
R, k R, \

A sk
\2 7 Ry

The DC components are blocked by the capacitor C, thus the e; signal is

es(r) “11,,,(!)&—[£cusw‘,l] (4.32)
Ry

n

After the second commutation the signal is
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2 - gl
08 (0,1 ———C0S 30, 1. (4.33)
iz

Thus after the filtration we obtain the output signal
Ry, 4
(1) = ~t, ()2 —+ U2 (434)
R z*

The U, component is the zero drift of the last amplifier and it is
negligible because it is added to the large output signal.

The chopper amplifier exhibits several drawbacks. The main ones are: the
limitation of frequency bandwidth (it is limited from the top by the frequency
of the carrier signal), difficult realization of differential mode of
amplification, and necessity of the signal filtration. For that reason the
chopper technique is recently often substituted by auto-zero technique.

Um+ o— +
UD:B B Ulul
Ui =l 10 Uy
o8 | Uos e ¥ C,,
b) »—-o/o—j — + S @ l‘
A Rl a8 ot
A ﬂ-lk 1
w
———— CV.U
v

Figure 4.37. The operation principle of the auto-zero amplifier — model ADES51 of
Analog Devices (a) step A of the operation, (b) step B (Analog Devices 2005)
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The auto-zero amplifier presented in Fig. 4.37 consists of two amplifiers
commuted by the switches ®A and ®B. The operation of the circuit is
performed in two steps: A and B. During the first step of operation the
switches MDA are connected, in the second step — switches ®B. In the first
step (Fig. 4.37a) the amplifier B is connected to the input, while the input of
the amplifier A is short-circuited. The amplifier A amplifies only the offset
signal Upgy and this amplified signal is connected to the feedback circuit.
Thus the output signal is

Uy = KUoss = BUo4 (4.35a)
and
Ty = KuUosi (4.35)
AT

where K, is the amplification of the amplifiers (the same for both amplifiers)

and A is the amplification of the third mput — also the same for both
amplifiers.

_Thc U’y signal charges the capacitor Cyy; connected to the output. After
ﬁf\lshmg of the step A the switches ®B are connected (and switches ®A are
disconnected).

In the second step (Fig. 4.37b) at the output of the amplifier A there is a
voltage

Uba = KUy, + KU g = BU (4.36)

The third component of the equation (4.36) is the voltage Uy, across the
capacitor Cyy (the time constant of the capacitor circuit is relatively large
during the B step and the switching process is sufficiently fast that the
capacitor does not have time to discharge). From (4.35) and (4.36) we obtain

Ua = K Uiy + K, Upsy ‘/’—I\HU(M (37
5 1+
After simple caleulations of the equation (4.37)
Un - K l“ : Uosa (4.38)
04 u| Yin vy

In the sccond step the contribution of the zero drift component is
decreased by a factor of (/+ /). The output signal in the step B is
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U =KUsn + KuUpss + BU xg ()
Because voltage Uy;=U", thus
Upa =K,y K Uggs + /)'K.,(Um sl o.s‘AJ (4.40)
1+4
and
(4.41)

K, pUps, ”
U =Up (K, + K.,ﬂ)*—“li‘%- K,Uosy

The amplifier circuit is designed in such way that g >>1. Thus Kyf3>> K.
and the equation (4.41) can be simplified to
3 42
Uy =Ky U + K, (Upss + Uos) (G4)
We can sce that the input voltage is amplified by a factor of K./ “fh”c
the zero drifts are amplified by the factor /+times smaller. The resultant zero
drif component Uy is

v = Yosi+Voss (4.43)
os ~ /}

Because P15 large the resultant zero component is reduced to the e
level. Thus these two steps of the auto-zero operation signiﬁcunl}ly reduce the
2ero drift component without limitation of the frequency bandwidth and with
the possibility of the differential mode of amplification.

nV

42,4, Amplifiers of very small AC signals

~ While in the case of amplification of small DC signals the main limitation
15 the zero drifi, in (he case of small AC signal this limitation is caused by the
noise level. The noise consists of unlimited number of signals with various
frequencies (white noise) and sometimes the noise itself is larger than the
useful input signal., If we know the frequency of this input signal we can
Separate this signal from noises using a selective amplificr. The sclective
amplifiers (tuned to certain known frequency) are used in the measurements
rather seldom, because it is very difficult to ensure stable amplification.
Small deviation from the resonance frequency causes large variation of the
amplification. For that reason for the amplification of small AC" signals the
lock-in amplifiers are used more often (Scoficld 1994, SR 1000 2005).
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[
b

In the lock-in amplifiers a phase sensitive detector is used as the selective
clement. This detector selects from the mnput signal only these components
that have the same frequency as the reference voltage. Moreover it selects
also only these signals that are in phase with the reference signal. When the
ordinary selective amplifier exhibits the Q factor of about 50, the lock-in
amplifier can exhibit this factor as large as 100 000 (it is possible to select
the signals of 10 kHz in the frequency bandwidth 0.01 Hz). In this way it is
possible to select from the noises signals of the level below the nV.

bandpas lowpass
filter PSD filter
ABcosp [
U, == Vo
Uy o

phase shifter

Figure 4.38. The operation principle of the lock-in amplifier (SR 1000 2005)

lfig}lrc 4.38 presents the operation principle of the lock-in amplifier. After
preliminary amplification the input signal is connected to the phase sensitive
detector, where it is rectified with respect to the frequency and phase of the
reference signal. Next, this signal is filtered by low-pass filter.

In Fig. 439 there are presented typical applications of lock-in amplifier.
9||c of the most important is the application in the bridge circuit amplifier
for the strain-gauge sensors (Fig. 4.39a). Due to very small variations of the
resistance of this sensor the output signal of the bridge circuit is also very
small — only several ub. 1f we supply the bridge with AC voltage and we use
the same voltage as the reference signal of the phase-sensitive detector then
from the with noises we can separate only the signal of the frequency
the same as supply voltage.

Similar principle is used for measuring very small resistances (Fig. 4.39b)
(Gerstenhaber 1991). 1t is possible to measure very small voltage drop across
this resistance by supplying this circuit with the current of the same
l‘ruqucl\cy as the reference signal (from the same generator).

Using two phase sensitive detectors we can separate both components of
the veetor signal — in phase and shifted by 90°. In this way we can analyze
the impedance components Re(Z) and Im(Z), determine the phase shift,
perform speetral analysis, ete. (Fig. 4.39¢).
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a)

Figure 439, The cxamples of typical applications of the lock-in amplifier: 8)

of small variations of the resistance — strain-gauge bridge, b)
measurement of very small resistances — micro-ohm-meter) (Gerstenhaber 1991). ¢
measurement of both components of the vector signal

We can analyze the operation principle of the lock-in amplificr on the
example of a bridge circuit used for the strain-gauge sensors presented i

Fig 440,
i 'AWW M /M
L

El

Figure 440 The block diagram of the bridge circuit for strain-gauge scnsors
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If the measured strain & varies periodically with the frequency @ then the
variation of the resistance of the sensor with the constant X is

ATR‘- =0R, =Ke, =Kg,, sinwt (4.44)

x

The output voltage of the bridge circuit of the sensitivity factor S supplied
by the voltage signal Uy=U,,sinQ21 is

U, =86 R Uy = SKe,, U, sin ot sinQt (4.45)
After simple calculations we obtain
Uy = Uy, [cos(@- @) 1+ cos(Q + w) 1] (4.46)
where U}, =SK &, Uy,
From the equation (4.46) we can see that the bridge circuit supplied by
ll}c AC voltage works as a modulator device — the magnitude of the output
signal of the frequency the same as the supply voltage 1s modulated

according to the variation of resistance (and stress). The spectral
characteristics of these signals are presented in Fig. 4.41.

4 A U, AU,

| BT | K L

| BT = I —-\‘ filter

| I N ‘ \

| b N sl bt
o Q (’ L OQ-n Zlﬂn‘ i (. o 20-0 200

Figure 441 The spectral characteristics of the signals of the circuit presented in
figure 4.40

The transfer characteristic of phase sensitive detector is
U, = KUy feos 21 (4.47)

Or as a series

2 )
U, == l\’,,llltl =2 s i) +) (4.48)
Sl 3 15
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thus

.
U= ;K,,U[",[51n01+%sin(2!2— o)t +—;-sin(29 +o)t+ J (4.49)
T

The phase sensitive detector acts as a selective filter. Now it is only
necessary to connect the low-pass filter to correctly recover the measured
signal

(4.50)

5
Uy ==K, Uy, sinaxt
F 4

out ~

Figure 4.42 presents an example of the lock-in amplifier developed ‘b)’
Perkin Elemer Electronics (Signal Recovery) (SR 1002 2005). The device
contains two phase sensitive circuits — one for the component in phase, and
second for the shifted by 90° component. Internal or external source can be
used as the reference signal.

lowpass
filter

Figure 442 An example of the lock-in amplifier — model developed by Signal

Recovery (SR 1002 2005)

The analogue lock-in amplifier exhibits several drawbacks: it is necessary
to use a low-pass filter, the dynamics is rather poor, and the bandwidth is
limited (about 1/5 of the carrier frequency). Therefore, recently there are also
developed digital lock-in amplifiers (SR 1003 2005). In such a device both
signals (measured and reference) are converted to the digital signals and the
phase-sensitive detector is also a digital one.

As the measuring instrument the lock-in amplifier is usually a rather
expensive and sophisticated device. Therefore it is reasonable o construct
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such devices using a monolithic phase sensitive modulator/demodulator (sce
Fig. 423). Figure 4.43 presents an example of the application of such
monolithic circuit AD630 of Analog Devices as the lock-in amplifier used
for the signal recovery. Figure 4.43b presents the oscilloscope traces of the
signal before and after lock-in amplifier. It was possible to recover the signal

measured in presence of noises 100 dB larger, which corresponds to noise
greater from the useful signal by a factor of 10°.

Figure 4.43_ An example of the lock-in amplifier based on the AD630 device of
Analog Devices (a) and the picture of the signals before and after amplification (b)
(Analog Devices 2005)

45.5. The amplifiers of very large input resistance (electrometers)

The inslnm}cnl’.\lion amplifiers exhibit very large input resistance — even
as large as 10" € But in certain applications such resistance is insufficiently
l:ug"c. For example, clectrodes for measurements of pif exhibit internal
resistance of about hundreds of M2 and detection without current flow is
necessary. The typical instrumentation amplifier is in this case not
recommended. Similarly, stressed piczoelectric sensors generate clectric
charge, which can only be measured without the current flow.

Special Kinds of amplifiers called electrometers or charge amplifiers are
designed, which exhibit extremely large input resistance. For example,
Keithley Company (Keithley 2005) developed the clectrometers with the
input resistance larger than hundreds of teraohms (1 72 = 10" ) and the
input current lower than several femtoampers (1 f4 = 10 E)) Tl\cn:l?rc also
mstruments with the input resistance of 10 PQ (1 P2 (penta) = 10 Q) fl“d
mput current 400 aA (Za (atto) — 10°'™"). To put that into perspective consider
that the voltage of about /0 I causes in a typical msulator a current of
several pA.

We can obtain very large input resistance by special (cchnulegy (spt:‘.:lal
kind of insulation and connections) and also by using special electrical
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circuils. Because as the source of very large resistance we can use the current
source then we apply the current-voltage transducers for electrometers. For
the circuit presented in Fig, 4.44a we can write that

Ut ==IinR 4.51)

Figure 444, The typical circuits of the amplifiers with large input resistance

Thus the circuit presented in Fig. 4.44a operates as a currcnl-vull_agc
transducer with input resistance dependent on the resi ce R. The time
constant depends on RC and for large R it can be as large as scvuru[sccon@s.
Therefore this circuit exhibits low-pass filtering characteristics \Vl‘lh
clatively small cut-off frequency. The application of very large 7‘.()
esistance R can be inconvenient and therefore the modified amplifier circuit
resented in Fig. 4.44b can be recommended (Pallas-Areny 1999). For this
cireuit we can write the following dependence

Ry | R, 5
U :—-Im[l(1+R[HE'—JJ:—IMI((HLE—J (4.52)
Thus we obtain multiplication of the input resistance by the ratio Rv/R;.

t Y o |

logar
=

1R, C, 1R,C

sensor

Figure 4.45. An example of the charge amplifier
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For the circuit of the charge amplificr (Fig. 4.45) we can write that

0 9
Ui = ey
Cr+ (C +Cp ) u F

(4.53)

We obtain the transducer of the charge with negligible influence ““:C
cable capacitance C (when the gain of amplifier K, is sufficiently large). Tl e
uime constant of this transducer depends on the Ry Cr. For example f"" Re=
10 GRand Cr= 100 pF the low cut-off frequency is ()./6Hz. The high cut-

off frequency depends on R; C and for example for R, = 50 Qand C = 200
pFitis 1.6 MH-.

4.2.6. The function amplifiers

rart S ster
By appropriate application of the feedback we can create various m:l{sq
charactenistics of amplifier and in this way we can realize various

mathematical  functions  as: integration, differentiation, logarithm,
multiplication, division, addition, subtraction, ctc.

a)
C
R, l—"
o——

o actical cireutt,
Figure 4.46. The ntegrating amplifier: a) principle of operation, b) prac
©) frequency characteristic

- ;  integration of
Fig. 4.46 presents the cireuit of the amplifier realizing the integ

. 4.46a) we can write the
the input signal. For ideal integrator circuit (Fig. 4.46a) we ¢
following dependence

o ] (4.54)
11, (t) E‘;— Iu”,(l):h +U,
I N

i ¢ i = R,C
thus the circuit realizes integration with !Iu{ pcr}nd 01 "“‘C‘g“f‘:‘:‘?l“‘wzmmim
and Uy 1s the voltage across the capacitor € before sll.na :,- ote oAt
The presence of the zero voltage and as! 1C|'.lh:d‘ zc'mdt r:h-r.cf:‘urc aliy e
problem of the operation of integrator circuit and the
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frequency bandwidth is limited by inserting additional resistor R (Fig.
4.46b). We can set low and high cut-off frequencies by appropriate choice of
resistance R; and R;. Figure 4.46¢ presents the transfer characteristic without
(dashed line) and with correction resistors.

>
o

log

Figure 4.47. The differentiating amplifier: a) principle of operation, b) il
circuit. ¢) frequency characteristic

" Similarly we can design the differentiator circuit. For an ideal

ifferentiator circuit (Fig. 4.47a) there is
Lduy, (1)

soul)=-Ric ) i 7

WilhoL!l the limitation of frequency in the circuit of differentiator

| =sented in Fig. 447a there is a risk of high frequency resonance = ‘m.s oy

J¢ prevented by inserting additional resistors R; and Ry (Fig. 4.47b). |‘lg‘lr§

1she

?i.:h presents the transfer chnmclcrislic without correcting resistors (d:

) and with correction (solid line).

din F'uf;. 4.48 presents the circuit of the Iuguruluufu ar ! c lo
plifiers can be used for compression of the signals or lincarizatior

transfer characteristic (when the characteristic of the scnsor is exponential).

T:_“‘S amplifier is also used for rms conversion (sce Fig. 4.15). In the design

:01;’:::’ amplifier it is utilized the exponential dependence of the transistor

or current on the voltage Uy,

mplifier. The logarithmic
1 of the

I, =1, 0VBE/HT (4.56)

where £ is the 3 o
andL;L A is the Boltzman constant, ¢ is the ¢lectron charge, 7' is temperature,
ks i the reverse current of base-emitter junction.

Fi Sirei ot
or the circuit presented in Fig. 4.48a we can write the following dependence
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T, U
Uit =—I“—lln—m‘" (4.57)
a) b) R
R Uln
R, Uot
R

B R,
Uy & ﬂ g

Figure 4.48. The logarithmic amplifier: a) principle of operation, b) practical circuit
(Tran Tien Lang 1978)

The transfer characteristic U,, = J(Uy,) strongly depends on the
(cmpgra\urc (also current 7, depends on the temperature). Therefore, the
practical circuit of the logarithmic amplifier is more complicated, as it is

presented in Fig. 4.48b (Tran Tien Lang 1978). With correction the transfer
characteristic is described as

L (4.58)

Uy e Rt R kT U
Ry g U,

out

It is possible to correct the temperature characteristic of the whole

amplifier by appropriate choice of the temperature characteristic of the Ry
clement.

Figure 4.49. The exponential amplifier: a) principle of operation, b) practical circuit
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By transformation of the logarithmic amplifier (Fig. 4.48) it is possible to
obtain reverse charactenistic of the amplifier. In this way the exponential
(antilog) operation can be developed (Fig. 4.49). For the antilog circuil
presented in Fig. 4.49 the transfer characteristic is described as

U,y q Rp

Upu = R’T“P[—FT?;TREU"’] (4.59)

One of the most important devices in analogue signal processing is the
multiplier, with which we can perform various operations: multiplication,
division, square, root, trigonometric functions, rms calculation, electrical
power calculation, phase sensitive modulation/demodulation.

Recently, there are available various monolithic multipliers with a
multiplying error not larger than 0.1% and frequency bandwidth up to tens of
MHz. In such circuits two techniques of multiplying are applied: Gilbert
transconductance multiplier or log/antilog operation.

Figure 4.50. The cxample of transconductance Gilbert multiplier (Han 1998)

Designed by Gilbert in 1968 (Gilbert 1968, Gilbert 1972) the multiplier
circutt is still (with small modifications) used in analoguc semiconductor
devices. Its main advantage is that it is casy to implement such a device into
the integrated circuit (the same semiconductors as the rest of the circuit). For
the Gilbert multiplier the following dependence is valid

I=li-1,=KU,U, (4.60)

Itis possible (0 obtain better accuracy using the log/antilog principle
presented in Fig. 4.51, For this circuit we can write that
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U
U4=KllgL, Up=K,lg—2 (4.61)
’ U, ref
and assuming that K, =K,=K

UU
Ue=~U,+Up)=~Klg

(4.62)
Urcl'
and also

e UrU
“UplK3: 32Xy,
Ugut =U 010 SR

(4.63)
Uy

Figure 4.51. The log/antilog multiplier

The example of the typical multiplier (Analog Devices model AD334) is
presented in Fig. 4.52,

AD534
oS reference {
1 voltage o

Uz o————  andblas U

X1 o—— —_—

X2 o > = KIXANY) (1.2)
wranslinoar |\ e
nmmpm "

—N
. ) 40 out

Figure 4.52. The typical s of the 1 mul
Analog Devices

~ the AD534 model of
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The multiplier device enables calculation of the following equation

{0590 =(Xl__’\M+ (z1-7,) (4.64)
10/ =

By appropriate connection of the multiplier it is possiblg to realize
various operations. Several examples proposed by Analog Device (Analog
Devices 2005) are presented in Fig. 4.53.

— X1 -
| x2 (1-x2)(Y1-Y2) ovziz)
=g -X2,
10V (X1-X2)
— Yt 21—
Y2 22—
1 divider
AZB?
10V

\ovizi-z2) +x2

Square-rooter

X Ysinut

linear AM modulator

Figure 4.53 Various examples of the applications of a typical multiplicr device
(proposed by Analog Devices)

The multiplier based on the logarithmic function usually realizes the
following equation

U M
Uou =U, (,—,"—J (4.65)
7

x

F_l'glfrc 4.54 presents the operational diagram of a typical log/antilog
multiplier. The parameter M is set by connection of suitable resistors =
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M(InZ-InX)

Figure 4.54. The operational diagram of typical log/anitlog multiplier — model
AD538 of Analog Devices

Figure 4.55 presents the applications of such a multiplier for
multiplication/division operation.

P Devices
Figure 4.55. The example of application of the multiplier AD338 of Analog
as a multiplicv/divider

3 . i erations of
Obviously, the operational amplifier allows puformmg‘ thrcc s(::‘ e
addition or subtraction. Two examples of such devices are p
4.56.
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Figure 4.56. The operational amplifier used for addition of the signals

« o o

In the measurements often occurs the necessity of cympansop of tv
signals. The devices called comparators realize the following function
Upy=1  fore=U,-U_>0 (4.66)

U= 0N orc—U, —U. <0

where output signal are logical 0 or / corresponding with % Upiu-

Figure 457, The operating principle of the comparator

Fig"fc 4.57 illustrates the operating principle of the comparator device.
Theoretically, every operational amplifier without feedback acts as a
comparator. But in the typical operational amplifier’s time of switching 15
rcm,""dy large — several 5. Therefore, there are available specially designed
devices — comparators with switching time of several ns. If it is necessary (0
PCl'fO_rm the comparison immcdialcly, for example for detection ol zero
crossing by measurement of phase shift, then the comparator is very uscful.
FO". slow processes, for example monitoring of the level of the signal,
ordinary operational amplifier is sufficient. Comparators play a very
Important role in digital signal processing.
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4.3.NEGATIVE FEEDBACK IN THE MEASURING TECHNIQUE

As was demonstrated in the previous chapters the application of suitable
feedback enables us to design various performances of the amplifier. In the
case of measuring transducers the feedback helps in the improvement of the
accuracy of conversion and enables us to influence the input/output
resistances. Figure 4.58 presents examples of two main transducers: current-
l‘ﬂl’{lgc converter and vn/lag('-currenl converter.

a) b)
R R, lout
I R
= Uaul
Ulﬂ

Figure 4.58. The realization of the converters: current-voltage (a) and voltage
current (b)

In the current-to-voltage converter (Fig. 4.58a) the output signal U,
proportional to the mput current according to the following equation

Upu = =Rl (4.67)
while in the voltage-to-current converter (Fig. 4.58b) the output current is

U,
I (@68)

The conversion factor depends on the value of resistance R, which we can
set very precisely.

In the measurements, the transducers of the current output are very
important, because in the case of current output and the signal transmission
the error introduced by the variation of the resistance of connection (change
of voltage drop on the connection due to the variation of the ambient
temperature) does not influence the output signal. There are various
standards of current transducers — for example I, = 0~ 5 mA or [, =4~
20'mA. The latter is very convenient b it is possible to distinguish zero
level of the signal (4 mA) and the line defect (0 mA). An example of the
transducer with the current output is presented in Fig. 4.59.
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offset
generator
4mA

Figure 4.59. The transducer with the current output — AD694 transducer of Analog
Devices

The transducer presented in Fig. 4.59 enables us to convert the voltage
signal 02 Vor 0~ 10 V' to the current signal 0 — 20 mA or 4 — 20 mA with
the nonlinearity error smaller than (.002%. The load resistance is limited by
the supply voltage and is 200 — 2000 £2 for the supply voltage 5 — 36 V.

Generally, in the measuring  transducers  the feedback is very
advantageous and it should be applied always if it is possible. Let us
zompnrc the performances of open-loop and feedback transducers (Fig.

.60).

a) b)
R, — R,
Uy Ut Ry AUJ’K'/—C'_L,’
= {15
% T—{:i

Figure 4.60. The voltage transducer: without feedback (a) and with feedback (b)

If the transducer operates without feedback (Fig. 4.60a) its conversion
factor is

Krwdow g 1 (4.69)
U, ZiR

"
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Thus this factor directly depends on the gain factor of the amplifier.
Usually, it is rather difficult to ensure stable gain, which is varying with the
temperature, supply voltage or by the aging of the elements. If we apply the
current feedback (Fig. 4.60b) then the conversion factor is

Gk 1

1+GB 1
—+
G B

K= (4.70)

where G is the transmittance of the open circuit (gain of the amplifier) and £
15 the transmittance of the closed circuit (feedback).

After differentiation of (4.70) we obtain

(AR ) 546G SNIGARdf
K 1+GB G 1+Gf p

@71

Usually the feedback elements are stable and precise (in our example it is
the resistance R), thus we can assume d/# =0 . The equation (4.71) is

lIK l {IG 4.12)
T Gﬂ G
Taking into account (4.70) and (4.72) we obtain
dK / K =_I§'_ 4.73)
dG/G G

We can sce that the influence of the variation of the gain on the accuracy
of conversion is now significantly smaller ~ for sufficiently large Gfis
negligible. For example for K = SmA/10mV= 0.5 mA/mV, K,=20 000 viv
and R, = 2 k2 the conversion factor is G = /0. If the gain changes of about
20% the resultant conversion factor changes only around /%.

Generally when d//f3 is not negligibly small, then the dependence (4.72)
can be written in the form

dK (,,(, _" "/’1 @)
K G :

Thus after application of the feedback the aceuracy of the
increases significantly. It should be noted that the feedback decrs
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multiplicative errors, the additive errors (for example zero drift) do not
decrease with feedback.

The feedback improves also the linearity of the transducer. The input
signal of the amplifier i

Ax =X = BXou (4.75)
and because
Yo = GAX (4.76)

the input signal of the amplifier is decreased by (/+G/fj)

e ain (4.77)
1+Gp

One of the sources of the nonlinearity is large range of input voltage of
the amplifier (close to the saturation). If the input signal is small we use (m!y
linear part of the amplifier transfer characteristic. For the circuit presented in
Fig. 4.60 the equations (4.75 —4.77) are

e e 1 y
AUSUb=loRi.  Tou=8UK, 71— (GHL)
AU:__U'"— (4.78b)

. Ry

14K, —
Ry +R

0

The input signal of the amplifier AU is significantly smaller than the input
signal U,,. of the whole transducer (for example if we process an input signal
in the range of m¥ the input signal of the amplifier is in the range of 1/

Figure 4.61. The transducer of the resistance with feedback and current output
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)
<

g Fl'gurc 4.61 presents the transducers of the resistance utilizing the bridge
circuit (with thermoresitive temperature sensor R7). The output current in the
fccdbuck resistor R,, causes the auto-balance of the bridge. The bridge circuit
is In _1hc balance state with a very small deviation AU signal in lhc~input of
ﬂ]ﬂpllﬁcr (or very small unbalance 4R,). We described in Section 3.3.5 (see
!-lgurc 3.36) that the deflection type bridge is nonlincar and this nonlinearity
increases with increase of the range. Thus if we decrease the range of the
unbalance of the bridge we significantly decrease the nonlinearity error of
the whole transducer. v

Figure 4.62. The transducer of the resistance (magnetic field) with feedback and the
current output

Fig. 4.62 presents the transducer of magnetic field utilizing the
magnetoresistive sensor. The output current in the feedback coil generates
the feedback magnetic field By which balances the bridge circuit. The
magnetoresistive sensor operates as the zero magnetic field detector and even
if it is nonlinear the whole tr | is lincar (t we again use only a
small lincar part of the transfer characteristic).

It is rec lable if the transd exhibits large input mstslancg,
because the source of the signal is not loaded. Moreover, if the resistance of
the source R, is \'.uymg it does not influence the accuracy. The {‘m
cenables \I[.Illﬁ{,-ll\l increase of the input resistance. For the trans 3
presented in Fig, 4.60b we can write that

) U,-,,—l,,,,,R
in "~
R, + Ry + Ry

n

Taking into account the dependencies (4.78) we obtain
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s S SR (O (4.80)
R, +R,+R, 1+K,p

Without the feedback (Fig. 4.60a) we have

Uin (4.81)

Tino =
& Rl" e R\'

Neglecting the resistance R, as rather small we can state that afier
applying of the feedback the input current decreases by factor of (1+K.p)
and

Ry =(1+G)Ry @5
where R,,, is the input impedance without feedback.

Similarly, we can prove that the output impedance of the transducer with
current feedback is

Ry = Routo + R 1+ K, ) ()
while the output impedance of the transducer with voltage feedback 1s
R (4.84)

(RSN 0U0T
B 1EK. 1
By applying the current feedback we obtain the transducer with current
output (large resistance — current source). By applying of the voltage
feedback we obtain the transducer with voltage output (small resistance -
voltage source).
Feedback helps also in improvement of the dynamic performances of the
transducer. If the open circuit is inertial and is described by the following
transmittance

Gls)=—2

K, (4.85)
1457

then the transmittance of such circuit with fecdback is

K(s)= G 00 e (4.86)

UL pGG) 14 K, .,
1+ /K,
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Wc see that the time constant T decreases by a factor of (/+/Ku) (the
sensitivity also decreased by the (/+4/Ku) factor). Fig. 4.63 presents the
comparison of the response for the step function.

A oy

T t

Fi : A
d:)il‘lrc 4.63. The dynamic characteristic of the transducer inertial type in the time
ain, (A — without feedback, B — with feedback)

o Also in the case of the oscillation type of the transducer we obtain
- ?mvcmcm of the performance after applying the feedback. Without the
cedback the transmittance is

s
@)z ——h (4.87)
) +2bw,s +5°

where @, is the resonance frequency and b is the damping coefficient of the
oscillations.

K

Figure 4.64. The dy ic characteristic of the
frequency (A — without feedback, B — with feedback)



176 PRINCIPLES OF ELECTRICAL MEASUREMENTS

After applying of the feedback the transmittance is

-

Ky, (4.88)
(o F KBS + 2,17 K,,ﬂ{ﬁz}\ +s2

We see that with the feedback the resonance frequency
JIsK,p while damping decreases by a factor of 1+K,/3. The
comparison of the frequency characteristics for the circuits with and without
the feedback is presented in Fig. 4.64.

K(s)=

increases by

Figure 4.65 The transducer of the force with the feedback and the current output

Figure 4.65 presents the force transducer. Measured force I, causes the
deflection of the bar and moves the displacement sensor Py from the state of
balance. The output signal of this sensor after amplification is connected to
the coil of electromagnet P,. The force of repulsion of this coil moves the bar
back in order to obtain again the state of balance (and zero signal from the
sensor P;). Therefore this transducer is also called the current weight.

The output current creates the balancing repulsion force
Fe = Bedll = byl (8i5%)

where B is the induction of the electromagnet, d an [ are the dimensions of
the coil and = is a number of turns.

Thus the output current is proportional to the measured force

o = T, (350
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We see that the feedback improves almost all features of the transducer:
accuracy, linearity, input resistance, output resistance and dynamics.
However, we should also ask about drawbacks. The main downside of the
feedback application is that the feedback causes the risk of instability of the
whole transducer. Therefore, in some cases it is necessary to introduce
special corrections.

Figure 4.66 presents the results of experimental testing of the dynamics of
the force transducer presented in Fig. 4.65. The output signals were tested
after the step change of the measured force. We can see (case a) that the
transducer without correction tends to oscillate (high frequency, small
amplitude oscillations) and for an inappropriate choice of the correction it is
unstable (large oscillations — case c). Introduction of the correction removed
lhcvoscillmmns but the same time caused the increase of inertia (case b). But
as is demonstrated in Fig. 4.65d it is possible to design the correction in such
Way as to obtain excellent dynamics of the transducer.

)< wal |

out b) T out
|
|
|
|

c)

Figure 4.66. The experimental results of the force transducer for testing of the
dynamics for various correceting elements

In this chapter have been presented the advantages of negative fcc.db;wk
used in transducers. So far, the sducers of voltage (Fig. 4.60b), resistance
(Fig. 4.61) or force (Fig. 4.65) with the current output signal were P“’sc“\e‘_i'
Figure 4.67 presents another type of transducer with feedback. This

transducer converts the resistance, capacitance or inductance o the frequency
signal,
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There is a certain group of bridge circuits, in which the condition of
balance depends on the frequency of the supplying signal. For example, the
balance condition for the bridge circuit presented in Fig. 4.67a is

4.91)

I we use the oscillator circuits with voltage dependent on the frequency
then we obtain a transducer of resistance with feedback. For the circulls
presented in Fig. 4.67b and 4.67c the balance conditions are described by the
cquations

(4.92)

o, =

R5(C,C3-C4C)

Thus we can design the transducer of resistance, capacitance OF
o G
e with feedback and the frequency output.

Figure 4.67. The RLC to frequency transducer with the feedback circuit and the
frequency output signal: resistance transducer (a), bridge circuit for inductance
transducer (b) and for capacitance transducer (c)
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44. THE IMPROVEMENT OF THE QUALITY OF THE ANALOGUE
SIGNALS

4.4.1. The noises and interferences of the analogue signals

The measurement signals are usually accompanied by some noises and
interferences, sometimes of the level comparable to the level of the measured
signal. As the noises and interferences we assume all signals other then the
measured signal — the noises are the stochastic signals with indefinite
frequency and magnitude (the white noise is the signal with theoretically all
frequency components). The interferences are the signals coming from
various external sources; very often these signals are of the main frequency
50 Hz and harmonics of this frequency.

The typical interference signals are generated by the electric power lines,
clectrical machines, lighting equipment, commutating devices, radio
communication transmitters, atmospheric discharges or cosmic noises. There
are also internal sources of noises — resistors and semiconductor devices.

In the previous chapters various methods of rejection of noises or
interferences have been described:

- application of the differential input of amplifiers (common mode signals
rejection) or application of differential sensors (for example to eliminate the
external temperature influence);

- application of the galvanic separations of the circuits (isolation amplifiers);

- application of the phase sensitive detectors — in lock-in amplifiers to
rejection of the noises:

- elimination of the temperature zero drift by application of the auto-zero
function;

- correct grounding and shielding of various parts of the circuit, for example
application of the Wagner earth in the AC bridge circuits.

Modern signal recovering techniques enable us to climinate the noises
and interferences significantly larger than the measured signal. But we can
look at the problem of noises and interferences from a other point of view.
By using incorrect connections of the signal or by applymng the incorrect
grounding we can deteriorate the quality of the measuring signal.

One of the most difficult interferences to repair is the signal deteriorated
by the zero drifts. The zero drift can be caused by several sources: the
connections of two metals (thermoelectric voltage), instable contacts,
vibrations of various parts of the circuit, bad quality insulation, piezoclectric
effects, electrochemical effects, ete. The basis of the zero drift is very often
technological (quality of contacts, uniformity of materials) and it can be
amplified by the temperature differences of various parts of the circuit. For
that reason 1t is important not to accept the formation of the temperature
differences (for example non-uniform heating of various parts). Sometimes,
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conversion of the DC into the AC signals can be helpful (carrier amplifiers,
chopper amplifie Dk

One of the basic sources of the noises is the resistor R. The //wr_nml
Johnson noise U,z is generated due to the chaotic thermal movement of the
charges. This noise can be described by the Nvquist relation

U,r = \4kTRA/ (4.93)

where k is the Boltzman constant (k = 1.38 10°* Ws/K), T is the temperature,
and Afis the frequency bandwidth.

The thermal noises can be reduced by the decrease of the resistances
used, by the limitation of the bandwidth and of course by the control of the
temperature. ;

Another important source of noises is the semiconductor junction. Whtin
the current 1s on the potential barrier a number of charges ¢ are random )}
crossing this barrier and these random current fluctuations are the source 0
the shot noises 1,, described by the Schottky relation

[
I, =y2qIAf (4.94)
where ¢ is the electric charge (¢ = 1.6 107 C).

In the low frequency range there are 1/f type noises (sometimes called low
Jrequency noise, flicker noise or excess noise). There are many sources of
these noises, most of them unknown. Such noises are inversely nmmu‘lnmnl
0 the frequency, and the power spectral density S¢f) of this noisc is:

2
£y (4.95)

«

S(f)=

where £y is the rms voltage of noises and « coefficient is o = 0.8 — 1.3.

Because the noise level depends on the frequency these noises arc not the
white noises (noises containing every frequency of signals) and arc called
punk noise ~ random noise having the same amount of energy in cach octave

Due to the random character of the noises usually they are described not
by the voltage level U, but by the spectral density Stf)

5

st/)—:ﬁ (i’!'- ] (4.96)

o s
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The U, /\[Af value is called the spectral density of noises and it means

the rms value of the voltage signal in relation to the square root from the
frequency bandwidth. Often the noises are characterized by the SNR factor -
signal to noise ratio.

Figure 4.68. The interferences conneeted to the amplificr by the capacitive coupling
the access to the adjacent wire (a,b) and access to the amplifier input (c,d)

The external interferences can penetrate the measuring circuit by the
dpacitive, inductive or conductive coupling. Fig. 4.68 presents two
examples of the interferences connected to the measuring circuit by the
capacitive coupling. In the case presented in Fig. 4.68a the wire 2 infiltrates
the signal from the wire | by the inter-wire capacitance C;». The equivalent
cireuit is presented in Fig. 4.68b. For the large frequency (larger than @ =

I_/R; (C)>+C>) the capacitance voltage divider is created and the interference
signal in the wire 2 is

U, Sy (4.97)
T GGy

For lower frequencies the interference signal depends on the frequency f
and the resistance R, (Pallas -Areny 1999)

Uy = jaRyCiaU) (4.98)
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In the case presented in Fig. 4.68c the amplifier connected to the
- d signal U, is additionally connected to the signal U, by the coupling
capacitance C;2. The equivalent circuit is presented in Fig. 4.68d.

A typical example of capacitance coupling is the penetration of the
interferences by the inter-tumns capacitance of the separation transformer.
The researcher performing experiments would expect that the connection of
the galvanic separation (by use of the separation transformer) makes the
circuit free from the 50 Hz interferences. To effectively obtain such rejection
of interferences it is necessary to introduce between turns the copper
erounded clectrostatic shield (this way we eliminate the capacitive coupling
of signals).

3)

Figure 4.69. The interferences connected to the amplifier by the inductive (a) or
conductive (b) coupling

A typical example of the conductive coupling of interferences is the
current in the common wire: supplying or grounding. Especially in the case
of connection of two various grounding points the inter-ground difference of
potentials (voltage Uy in the Fig. 4.69b) can be dangerous.

Fig. 4.69a presents the inductive coupling when the current in adjacent
wires can cause an additional interference voltage to be induced

Uy = oMl (4.99)

A typical example of inductive coupling is the penctration of the
measuring circuit by the voltages induced by the external sources of
electromagnetic fields, from radio transmitters or mobile telephony
communication. Therefore, such interferences are often called as RFFT — radio
frequency interferences

There are several universal methods and tools of rejection or limitation of
the interference. The capacitive coupling can be reduced by the application
of the electrostatic shield. A conducting plate or foil grounded at one point
can be used as the clectrostatic shield (Fig. 4.70). After introduction of this
shield most of the currents coming from the interference source Uy are
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shpned to the ground by the shield and do not penetrate the measuring circuit
(Fig. 4.70b).

=t

R
AR
)
/,
4

1Y%

N\ 4

F'L'.llrc.-i.ﬂ. The reduction of the magnetic coupling by the introduction of the
magnetic shield

Figure 4.71 presents the method of reduction of magnetic coupling by the
application of a magnetic shield. The magnetic shield is prepared from high-
permeability magnetic material. The lines of magnetic field are closed in the
shield and do not penetrate the arca of the measuring circuit. To obtain
cffective shielding the material of the shield should be properly chosen - for
low magnetic fields it is necessary to use different material than for high
magnetic field since the magnetic permeability strongly depends on the level
of magnetic field. Also for DC magnetic field different magnetic materials
should be used than for the AC magnetic fields. Therefore, sometimes the
magnetic shield is composed of several shields prepared from various
materials.

Although the techniques of shielding seem to be relatively simple, for
correct application of shielding and grounding it is necessary to have
extensive knowledge, experience and even intuition. There are many
references, including books on this subject (Agilent 1441 2005, Morrison
1991, Morrison 1998, Ott 1988. Rich 2005, Voseghi 2000).
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4.4.2. The connection of the measuring signal to the amplifier

Many of the interferences penetrate the measuring circuits through the
connecting cables. Generally, the measuring signals should be connected
using shiclded wires. In transmission of the data very useful is the
application of the simple rwisted pair of wires (Fig. 4.72).

Figure 4.72. The twisted pair of wires and the principle of reduction of interferences
1n such connection

In the twisted pair the interferences are reduced because the voltages ¢
and ¢" induced in adjacent wires compensate cach other and potential
remaining of induced voltages Ade exhibits opposite direction n the
neighbouring loops of the twisted wires.

For transmission of the digital data more and more important are fiber-
optic cables. The optical system is immune to the electromagnelic
interferences. The transmission of the data is extremely fast, theoretically the
speed of frequency 7Hz is possible and in practice the transmission of
hundreds Mz is achieved.

fiber optic wire

Figure 4.73. The fiber-optic cable as the communication wire for transmission of the
measuring data
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The principle of data transmission using the fiber-optic connection is
presented in Fig. 4.73. The electrical signal is converted to the light by means
of the LED or laser diode, then the optical system OC — opfical coupler is
formed. The optical signal should be converted again to the electrical form
by means .of a photo-detector device, before it is fed to the receiver. The
effect of internal reflection of the light (the multimode transmission) is
utilized for transmission of the signal through the fiber-optic wire. The core
O.f 'he. ﬁbcr—t_)puc cable is surrounded by a special glass material called
"’“d‘l_'"g. This part of fiber-optic cable exhibits the reflection coefficient
censuring that the light does not leave the wire.
shi:‘cﬁ;‘;;‘f‘ec]frc;cms: the results of experimental investigation of the
. ] of various connecting cables (Ott 1988). These cables have

en inserted to the external 50 kHz magnetic ficld.

attenuation
A /\ {\ 0,3 A/50 kHz of interference

signal

5 iDE HE )
fec @_wo 0dB
B S e
foa ‘K@mn 1348

Mo 55dB

Figure 4.74. The attenuation of the magnetic interference signal depending on
method of the connection of the cables (Ot 1976)

The simple single wire in the coaxial shield grounded at the en
practically did not attenuate the interference (Fig. 4.74a). Similarly the
twisted wire grounded at both ends exhibited poor attenuation of
interferences (Fig. 4.74b). The same twisted pair cable but grounded at the
receiver end attenuated the interferences much better (Fig. 4.74c). Satisfying
attenuation of interferences exhibited double wire cable with a coaxial shield
grounded at the receiver end (Fig. 4.74 d).

There is no one simple receipt for the grounding, shiclding and cabling.
Practically, it is always recommended to perform a series of experiments to
find the best solution — sometimes a simple and cheap twisted pair of wires
can exhibit better performances than expensive shielded wire.
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Generally we should avoid the connection of the signal source and lhc.
receiver in such a way that the shield of the cable is a current-carrying part of
the circuit’ (Fig. 4.75) (Do not allow shield current to exist and do not allow
the shield to be at a voltage with respect to the reference potential) (Rich

2005).

Figure 4.75, Not recommendable connection of the signal source and the receiver
allowing the existence of the shicld current

Especially dangerous is the connection of the cable shield at both ends to
grounds (Fig. 4.75). When these grounds have various potentials G and G,
there 1s an cqualizing current /, in the shicld. This current gcnc{ﬂlc»\'
additional interference signal, which can penetrate the measuring circuit by
the inductive coupling. For that reason the shield should be grounded at only

one end.

Figure 4.76. Incorreet connection of the signal source to the amplificr

! However, there are exceptions to this rule, For example, in the experiment of Ot
(Ot 1988) presented above the best results of attenuation of magnetic interferences
exhibited the cable with both eads of the shicld connected to the source of s b

fo receiver respectively. The explanation of this result is that both current
shicld and in the wire) generated mutually compensating magnetic ficlds.

s (in the
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Similarly, it is not recommended to connect the signal source to th‘c
amplifier of different grounding potentials (Fig. 4.76). In such case l.hu
potential difference U, implies that in the R; resistance flows the equalizing

current /. This current generates the conductive interference as the voltage
U. at the terminals of the amplifier

U.=U, Ry (4.100)
i SR+ R,
a)
R, R
et
U, R
o———
< TS
o=

Figure 4.77. The connection of the signal to the amplifier with floating ground of the
signal source (a) and floating ground of the amplifier input (b)

Fig. 4.77a presents the connection of the signal source with isolated
gound (floating ground). The source is connected to the ground by large
(10* - 10" ¢

( 2) impedance of leakage Zye. In the input of amplifier the
interference signal is

U.=U R, U Ry (4.101)
% 8 R tR,+R. ER
Ry +Ry+ Ry,

58

The interference signal is significantly attenuated because the unpcd;mc‘ci
VAR large. 1f it is not possible to separate the signal source from \hcdgl:\““"‘m
we can use the amplifier with floating point (connected to the gmfl“ y ly
leakage impedance 7 Fig. 4.77b). Modem digital voltmeters E:‘:lnlf.r“nm
have the floating ground terminal - practically the ground terminal 15
mtroduced at the front pancl of the mstrument.

In modern amplifiers or voltmeters a special kind of shiclding ‘I&‘USS:)‘““:
double shield, The { st shield “ground shield” is connected to .lAIL ﬁncc\c&
but the second shicld “ouard shield” is with floating ground — .“ 2 %c,' nees Zs
to the ground and to the “minus™ terminal by large leakage impeda e

; R utside
and Z; (Fig. 4.78). The equalizing current /, is now in a closed loop of
the input signal connection,



188 PRINCIPLES OF ELECTRICAL MEASUREMENTS

shield

Figure 4.78. The connection of the grounded signal source to the amplifier with
additional shicld “guard”

Usually, in the measuring instruments the grounds of the digital part,
supply voltage and analogue part are separated. The first one (digital part and
supply voltage) is called power GND (power ground) while the sccund_ls
salled LL GND (low level ground). The input terminals are usually with
loating ground and are called HI (high) and LO (low). In high accuracy
mstruments the terminal GUARD is additionally introduced.

b) inpUT HI

SENSE HI

SENSELO G

INPUT LO

Figure 4.79. The connection of the measured low resistance to the four-terminal
multimeter (the terminal guard in the circuit presented in Fig. 4.79b is optional)

When small resistance R, is connected to the measuring device as the rule
the four-wire connection is used — with separate current and voltage
terminals (Fig. 4.79). The current terminals are usually larger and more
massive and the connections wires R, arc outside the measuring circuit.
Because the voltage drop measurement is practically performed without
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current (large input resistance of the amplifier) the resistances of connection
R, can be neglected. In digital multimeters the voltage terminals are
mdicated as “Sense Hi” and “Sense LO” while the current terminals are
indicated as “Input Hi” and “Input LO™.

Fig. 4.80 presents the application of the toroidal choke for attenuation of
the interferences. This method is used in computer connections and it is

realized in such a way, that the signal cable is wound on the toroidal ferrite
yoke.

Figure 4.80. A toroidal longitudinal choke used for attenuation of the interferences
(Northrtop 1997)

Fig. 4.80b presents the equivalent circuit of such a toroid connection. The

interferences are represented by the source U,. The ratio of the signals to the
mterference is

U,j..l ) ! (4.102)
Ug RywRy . ol
R, +Ry

The il\lgl‘('tl’cr\cc is attenuated and additionally a low-pass filter
l-;"(l_fﬂR_v) 15 formed. For higher frequencies (above | MHz) instead of
toroidal yoke sometimes the ferrite ring (ferrite bead) thread on the cable is
used.

More difficult to attenuate are the low frequency nterferences (industrial
frequency interferences). Usually, various kinds of filters are used in order to
suppress such interferences,

It can be important to mateh the noise to the amplifier. The noises i
amplifier are represented by the voltage ¢, and current 7, r)tllsus. The noise
factor /715 the ratio of the amplifier noises to the thermal noises

2 2p2
poChrisRE e =inRe (4.103)
2 4kTR,

<
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The optimal value of R, which makes  minimal can be calculated as

oF
7R,

0 (4.104)

From (4.103) and (4.104) the optimal source resistance is

lf"
R = (4.105)

n

Figure 4.81. The noise matching by transformer coupling

Usually the R, is relatively large, even up to several M£2, while the
typical voltage sources exhibit rather small resistance. Thercfore, matching
the resistance by using a transformer can result in reduction of the noi
the ratio of turns of the transformer is # the primary resistance R, is reflected
at the secondary winding as

R, =n’R, (4.106)

Thus the optimal transformer turns ratio is

T ;
Moy = {|—2- i (4.107)
R, Reals

The transformer inserted between the source and the amplifier matches
the resistances, but also plays the role of isolation device (and sometimes as
the symmetrization device — converting the single-ended source to the
differential input).
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4.4.3. The analogue filtering of the signals

The interferences can be rejected by the filter devices. By using lowpass
LP filters we can reject the high frequency interferences (for example radio
frequency interferences). And vice versa by using the highpass HP filter we
can climinate the industrial frequency interferences (if our signal is in the
bandwidth above these frequencies). Also, we can separate the useful signal

frqm the interference signals by using the bandpass BP filter. There also
exist bandreject filters.

UD\.I\
f
T

Figure 4.82. Typical filters and their frequency characteristics: LP — low-pass filter,
BP — band-pass filter, HP — high-pass filter

lam!

passband o
ripple ¥
| transition
|~ band

<= real

passband
I 5 characteristic

stopband
attenuation

.’ .
passband /Ty '~
cutoff frequency

. stopband
cutoff frequency

Figure 4.83, Amplitude response of real low-pass filter

The ideal filter should pass the signals in assumed frequency band\\"ldlh
and stop the signals of other frequencies (Fig. 4.83). The real analogue filter
does not exhibit flat frequency charactenstics in the passband and the
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transition between the passband and stopband is not vertical (there is a finite
transition frequency bandwidth).

The performance of the filter is described by the amplitude and phase
frequency characteristics (Fig. 4.84). The ideal amplitude characteristic
should be flat up to passband cut-off frequency (attenuation 0 dB). For real
characteristic we assume that the passband is for the attenuation 0 — 3dB. As
the stopband we assume the frequency band where the attenuation is larger
than the assumed value (for example 100 dB).

0,1 1,0 10 oo, 0,1 1,0
_§3d8

20dB/dec.

@) U, 0WU,/U,)

Figure 4.84. An example of the amplitude and phase frequency characteristics of the
lowpass filter

The slope of the characteristic in the transition band depends on th order
of the filter — for the first order filter it is 20 dB/decade (6 dB/octave'), for
the second order filter it is 40 dB/decade (12 dB/oc tave) clc.

The phase frequency characteristic is also important because incorrect
phase performances mean that the filter introduces signal distortions. To
obtain correct phase performances it is required that the phase varies lincarly
with the frequency. Usually the phase characteristic is not lincar in the whole
bandwidth (sce Fig. 4.84). Moreover it is very difficult to ensurc both
performances  simultancously: the filters with excellent amplitude
characteristic exhibit poor phase linearity and vice versa.

Fig. 4.85 presents the examples of realization of simple passive RC
filters. The low-pass RC filter presented in Fig. 4.85a is described by the
equation

: (4.108)

Gljo)s ———
I®) 1+ jaRC

1 : b R
Octave 1t is the ratio of frequency equal to 1:2, while the decade corresponds with
the ratio of frequency 1:10.
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or

Glo)= :

oLzl e (4.109)
\}l +(wrC)

b)
e R, R,
u, l rEL c|_1_ C,T Uas

Figure 4.85. The passive RC filters: a) low-pass filter, b) high-pass filter, ¢) second
order cascade low-pass filter

The cut-off frequency of such filter is @, = I/RC. Tf we connect two
fillers in the cas

cade (F

ig. 4.85¢) then the frequency characteristic is
described in the form

Gljw)= L

(4.110)
L+ joR\Cy + RyCy + RCy ) - > RC Ry Cs

Figure 4.86. The RC filte

cass filter: b)ibighs
ts supported by the amplifier: ) low-pass filter, b) higl
pass filter, ¢) band-pass filter

_ : {os we obtain an increase of th

By connecting several filters in series we obtain an l:(cu in the

of the filter and the same the steepness of the cha;.u.(fl".‘ e
band. But it is not reasonable to conneet many filters

. - : antly attenuates alsc
than three) because cach of the filters significantly atte
signal. Moreover, the ¢

ade type filter is not a simple slum of s

evious e, thus

because each following filters loads the DFL\I\).:I?(:):\)L &
frequency characteristic (the dependence (4,108

i istance is neghgibly
assumption that the source resistance 1s neghg
resistance is large).
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The effect of attenuation of the signal by the passive RC filters can be
decreased by supporting such filters with the amplifier circuit — as presented
in Fig. 4 86. But also filters with amplifiers do not ensure sufficient steepness
of the frequency characteristic in the transition state. It is possible to obtain
significant improvement of the analogue filter performances by application
of the special active filters presented in Fig. 4.87.

Figure 4.87. The active analogue RC filters: ab) Sallen-Key filters, cd) MEFB filters,
ac) low-pass filters, bd) high-pass filters

Figure 4.88. The active analogue RC band-pass filters: a) Sallen-Key filter, b) M B
filter

The active filters use the operational amplifiers and the RC clements
in the feedback circuit. Fig. 4.87 presents the typical active filters — Sallen-
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Key filters (called also filters with voltage controlled source - VCS) (Fig.
4.87ab) and MFB filters (multi- feedback filters) (Fig. 4.87cd). Note that the
low-pass filters and high-pass filters arc obtained simply by swapping around
the R and C elements. The band-pass filters are obtained by the combination
of low-pass and high-pass filters — Fig. 4.88.

For the Sallen-Key lowpass filter the transfer characteristic can be
described by the following s-operator function

1

A A g 2
R{R>C,C w5,
G(s)= 122 = . @.111)
2 1P - 1 ®

TN e LR T M):
RCy RiR,C\Cy @ =

w, = (L5 T 0- RCy
RiRyCyCy RyCy

For the special case when R; = R, = R the capacitances can be calculated
from the following conditions (Jamal 2003)

where

1
) G =20C; 5 =Cl2 112
2R, 1 =20 C,=CI20 4.112)

C=

Figure 4.89. The universal active second order filter that provides simultancous
lowpass 1P, highpass HP and bandpass BP outputs
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Figure 4.89 presents the example of the universal active filter enabling to
obtain simultaneous three types of filters: low-pass, high-pass and band-pass
filters.

I v,
1.0
0,1 Cauer _
(elliptic)
0,01 Chebyshev
Butterworth -
0,001 ity

0.1 1.0

Figure 4.90. The amplitude charactenistics of various filter designs

There is no one best design of filter. Figure 4.90 presents the amplitude
characteristics of various filters. The most popular is the Butterworth filter,
which has the most flat characteristic in the passband. The elliptic Cauer
filter (and also Chebyshev) ensure the steepest amplitude characteristic in the
transition band, but the flatness of the charactenistic in the passband is poor
(there are several ripples in this band). The Bessel filter exhibits the best
phase characteristic but the steepness of the amplitude characteristic is
inferior.

o

Butterworth

-
tme time

Figure 4.91. The response after step function of the mput signal of two filters
Butterworth and Bessel

The phase distortions are visible in the time domain response of the filter,
Fig. 4.91 presents the response after the step function of the input signal of
two filters. The Bessel filter exhibits excellent performances taking into
account the phase distortion.
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The design of the analogue filters requires quite complicated calculations
(Huelsman 1993, Thede 2004, Schaumann 2001, Winder 2002, Volkenburg
1995). Fortunately, on the market there are available various design
procedures enabling fast design of the filter with desired performances. For
example, the Matlab software offers various tools for the design of the filters

(Lutovac 2000). Also, in the LabVIEW platform there are ready to use design
procedures of the filters.

Us‘lally, the filter is described using s-operators. A simple RC filter
(equation 4.106) can be described in the form

1
Gls)= 4113
)=re (54

In the normalized form it is assumed that R = 1 2 C = I F, @, = I rad/s
and the dependence (4.113) can be rewritten as

Gl L (.114)
1+s
Similarly the fourth order filter is described by the equation
N 1
Gl e e @.115)

2 4
a+bs+es® +ds +s

________Table 4.3. Butterworth filter denominator polynomials
_Order

Polynomials
1 s+1
B B
2 5+ «/5,\- +1
3 3 2
§7 425 +2s5+1
4 4

s 42,615 +3.4145% +2.615+1

65> +3.2365+1

All most popular filters are described as the polynomials representing the
denominator i cquation  (4.113). ese polynmm:\ls cale
Butterworth, Chebyshew, Cauer or Bessel are completed as tables in various
publications. Table 4.3 presents the Butterworth denominator polynomials.

The active filters presented in Fig. 4.87 represent the second order ﬁ!\crs.
The simplest way to obtain higher order of the filter is to conneet the filters
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Thus it is possible to design the filters with the R clement substituted by
the switched capacitor. The important advantage of this solution is 4th‘
possibility of the tuning of filter by the change of the frequency of switching.
Fig. 4.94 presents the design of the switched capacitor filter.

Figure 4.94, The RC filter (a) and equivalent filter with switched capacitor (b)

Fig. 4.95 presents the state variable universal filter circuit d!.'sq:mcd -i'ﬂf
the programmable active filters with the switched capacitors. This ““cf .m:;
operate as the low-pass filier LP, high-pass filter HP, band-pass it mwl‘l: j
additionally band-reject filter BR. The cut-off frequency can be changed by
the change of the resistors Ry of two integrating circuits (or the Rt oe
capacitor C; simulating this resistor as it is presented in Fig. i)

1 1 (4.121)
o ==

r= Rr—c e TCiC

Figure 4.95. The state variable filter with the possibility of application of the
frequency tuning (switching capacitors instead of resistors Rr) (Jamal 2003)

Figure 4.96 presents the integrated filter circuit developed by the National
Semiconductor - model LMFI00. This circuit utilizes the operation principle
of the state variable filter presented in Fig. 4.95.
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LP

Figure 4.96. The functional circuit of the high performance dual switched capacitor
filter model LMF100 of National Semiconductor (LMF 100 1999)

The integrated circuit of the filter with switched capacitors enable to
design the second order filter (high-pass, low-pass or band-pass). The
external resistors can be used to the setting of the band-pass gain or low-pass
gan. The center frequency is tuned by the external clock frequency.
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Digital Processing of the
Measurement Signals

5.1. ANALOGUE-TO-DIGITAL CONVERTERS

5.1.1. Sampling, quantization and coding of signals

The technical world 1s becoming more and more digital because digital
signals are very convenient for information pro

physical phenomena are analogue and the s
quantities. For that reason, the digital signal proce:
the following sequence: conversion of the analogue .\‘»ignul to digital form =
digital signal processing = conversion of the digital signal back to the
analogue  one. The conversion is realized by the analogue-to-digital

converters ADC while the reverse process is realized by digital to analogue
converters DAC.

The analogue signals are of continuous time — the value of such s}gnul I\
determined in every instant of time. .An example of the z\ngk)guc signal is
resented in Fig, 5.1a. The conversion of l\hc analogue signal .\‘(!)A lo) l\‘\‘c,
Yligm\l form is realized in such a way that in assumed moment of mv:lu. \'\.
value of the signal x(n) is dc\cnmnc?\ a\\q rcprcscmcd'by a nu_mbcr.‘ (- c‘.\m
say that the digital signal is determined in discrete time. which means L u::l
the value of the signal is known only in selected moments. Usually the

ing. However, most
ors measure analogue
ing is often realized in
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discrete time is realized by collecting the samples of the analogue signal at
the constant interval called the period of sampling T, (Fig. 5.1b).

31.01’"’ b)w i *T‘L
CANTANE - i .

Figure 5.1. The analogue signal (a) and its conversion to the discrete one (b)

The process of collection of the samples is called the sampling process "dr
analogue signals. The frequency /.~ 1/7, is called the .vanl[//l"f.l{ [requency .mf
I is deseribed in Hz or SPS — samples per second. The DIORERE LS
determination of the digital value of the samples is called the quuull:ulmulﬂf
the signals. The sampling is the digitization of the time, while the
quantization is the digitization of the signal value. :

As the result of sampling the time on the axis x is suhsll!mcd by ;
number (index) n and every sample is described by its index 2.1 hc‘un:llu;._.'ut
signal described by the equation x(1) = X, sine is converted to ll’lk.‘ hl}!ll;l! \I!nf
=X, (where X,, is the magnitude of analogue signal while the X, value is the
value of the signal of the number (index) n).

The conversion from the index n to the time ¢ is evident because |m|l‘.\ 4
indicates the tme with the period 7 1//.. For example, if we are sampling
the signal of the frequency 50 Hz and we would like to uhu’nn the discrete
signal represented by 64 samples per the period of signal’ the sampling
[requency should be £, - 3200 H- (and period of sampling is 7, — 3/2.5 M)
Thus the 11 = 50 corresponds with the time 50 x 312.5 s = 15.625 ms. If we
would like to have /2§ samples per period of the measured signal then the
sampling frequency should be two-times larger (6400 Hz in our case).

TI.Ic analogue sinusoidal signal of the frequency /, is described by the
equation

the

X(t)=X,, sin27 f,t (5.1)

et 8 S S
B <

Itis advantageous to have 2 samples per period because Fast Fourier Transform
requires such number of samples — this subject 15 discussed later.
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and is.reprcscmcd by one spectral line of the frequency £, (Fig. 5.2a). After
sampling with the period 7, the same signal is described as

x(n) = X, sin 24 ,nT, (5.2)
Because the sinusoid is identical with the period 27 (sing = sin (¢ + 2kx)
the dependence (5.2) can be rewritten in the form

X(n) = X, sin24f,nT, = X,, sin(22f,nT, + 2kx) (5.3)
and introducing the value m = k/z we obtain

An) = X, sin 2‘1‘(_(“ + L _I:\.]nTA =X, sin2z(f, £mfy)nT,  (54)
n

3 Cﬂmp:\rmg the equations (5.3) and (5.4) we see that after sampling of the
signal of frequency £, appear the components £, #mf; (Fig.5.2b).

a) b)
o i:2
f f
~
0 8, 2, 1A, f,  ff, (420 431

Figure 5.2. The spectrum of the sinusoidal signal (a) and its replication ¢
sampling (b)

After sampling of the sinusoidal signal the spectrum is represented by the
infinite number of lines repeated with the multiple of # . The spectral lines
are repeated and instead of one signal of frequency f, we have a lot of signals
with frequencies f, #+mfs (Fig. 5.2b). : . \ b

Similarly, if nstead of one sinusoidal signal we have the signals within a
hunldwid\\\ w (Fig. 5.3a) after sampling we obtain the multiplication of this
bandwidths with the frequency f; (Fig. 5.3b). We obtain a lot of signals of the
frequencies W £ mf.
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a) b)

x| Ixm!
-w J w f+w

W, 2w Aw A 4w

Figure 5.3, The signal of the bandwidth w (a) and its replication afier sampling (b)

The signals presented in Fig. 5.3 were sampled with the (n:quul_lcy f>
2. Thus in the frequency bandwidth 0 < /< w the signals before (Fig. 5.3a)
and after sampling (5.3b) are the same — it is possible to remove the other
signals of the frequency / > w with a filter. But if the sampling lrcquc.tnc_\' is
smaller than 2w the duplicated signals interferes mutually and mv the
bandwidth around the frequency of sampling /. distorted signals appear. This
effect is called aliasing — Fig. 5.4.

I X(f) ! aliasing

2w A w w

Figure 5.4. The interference of the signals (aliasing) when the sampling frequency 15
100 small

To avoid this ambiguous aliasing effect the sampling frequency should be
at least two times larger then the highest frequency of the sample d signal
(two times larger than the bandwidth w). This rule is known as the Shannon
theorem." n other words the Shannon theorem is: the signal is properly
e~
' Before the Shannon the sampling theorem was origmated by  British
mathematicians Whittaker and Ferrar, Independently similar theorem was introduced
by a Russian scientist Kotel'nikow. Therefore the Shannon theorem is somctimes
also called as the WKS sampling theorem (WKS — Whittaker, Kotel'nikow,
Shannon).
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sampled only if it does not contain a frequency component above one-half of
the sampling rate.

Lel. us consider a case when an analogue acoustic signal with the
bandwidth 20 Hz — 20 kH:z is converted to a digital one. The sampling
frequency usually used in CD technology for such signals is f; = 44 kH=.
Accordi i : G
i "ll:rg \:;\ the Sha_nnm\ theorem the sampling frequency is sufficiently
s ¢ then two times lmjgcr than 20 kHz). However, if in the processed
nomm‘lf §lgnal.thcrc is a signal o'f th frequency 45 kHz this signal is
ok ‘m)_' malé\dxblc (beyond ll}c audl‘blh.ly of the human ear). But according
kqu* llolilsl -4) after sampling this signal appears as f, — f; = 45 kHz — 44

z 2 Thus: a!\cr sampling a new distorted audible signal / kHz
appears due to the aliasing, &
shc-\l;;]da‘émd' this aliasing cffccf before the analogue-to-digital converter there

¢ introduced a special anti-alias lowpass filter with the cut-off
frequency equal to the Nyquist fr ; ist fi
A )qum_ frequency. The Nyquist frequency /fy
b 2 lo the Shannon theorem is half of the sampling rate fy 2
¢ cul- freauency of the : SAREE T : g
o sign;lll' 0[1\(}14:1\(\&{1@ of the .u} »lms filter depends on the dynamics of
m—dér e - As was discussed in Section 4.7.3 the typical slope of the M LS
ol ;n.r IsSMx6 ‘tlli/arlqr('. If our sampled signal exhibits the dynamics
dB then 1o limit this signal to the bandwidth w it is necessary to use a
\K‘!I'l\h order filter, \\'hic.l\ is rather d_ifﬁcull in practical realization. We can see
that for lurg:c dynamics of the signal the filter should exhibit very large
steepness of the frequency characteristic in the transition band. Therefore as
the anti-alias filter often elliptical (Cauer) filters with large steepness of the
frequency charactenstic are used. But high-order filters with 1
mtroduce phase distortion, which 1 the case of acoustic
unacceptable
Fip. 5.5 presents the principle of application of the anti-alias filter.
According to the Shannon theorem the sampling frequency /; should be two
times larger than the bandwidth w. Such a choice of sampling frequency
creates risk that the signals of frequency f, > w can generate the signals fi-/
in the bandwidth afler s ampling. For that reason it1s safer to set the sampling
frequency fi WO times larger than the frequency when the anti-alias filter
wmdcm\y attenuates the signals (thus the Nyquist frequency /. /2 1s slightly
A"‘“ ger than the bandwidth w).

! Take into account that as the bandwidth of the amplifier we assume the frec
ange where the amplitude of {he signal does not drop more than 3dB. Thus
::\L;idc the bandwidth there are signals with quite large amplitude
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a) b)
s anti-alias ADC
u, filter filter
57
= f
w2 f,

Figure 5.5. The sampling of the signal with the anti-alias filter at the input

The anti-alias filter is analogue. The digital filters could exhibit much
better performances, but for application of such filters it is necessary to
convert first the signal into digital (which means the alias problem related to
the ling operation without appl of the anti-alias filter).

analogue lqﬂdl decimal
anti-alias anti-alias  |— filter s
fiter filter a

analogue filter

, digttal filter

.
. T

T2 KI/2 K,

Figure 5.6. The principle of the oversampling technique

Higher sampling frequency means less critical requirements of the filter
performances. Such conclusion results in the technique of sampling called
oversampling technique (Fig. 5.6). This method is currently applied in high
quality sound processing. For example in SACD system introduced by Sony
(SACD ~ Super Audio Compact Disc) the sampling frequency is 2.82 M1z
which means the oversampling factor K = 64. In DVD Audio system
introduced by Technics the sampling frequency is /92 klHz and the
oversampling factor 1s K = 4.
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By applying the oversampling we can use the analogue anti-alias filter of
lower order. After conversion to the digital signals we can use much better
digital anti-alias filter and then the decimal filter recovering the lower
sampling rate. The profit related to the application of the cheaper and less
complicated anti-alias filter is at the expense of the necessity of application
of the analogue-to-digital converter of higher sampling speed, thus the most
costly one.

.Sccmingly the profit of applying of the oversampling is not so obvious
(\\'Iﬂ'l the exception that we use a simpler anti-alias filter). By application of
an increase of a sampling frequency we enlarge the bandwidth and
significant part of this bandwidth is without the signal. But as will be proved
later, the noises are distributed in the whole bandwidth and by increase of the
hul}dwi@lh we diminish the noise in the useful bandwidth. And decrease of

noises in the useful bandwidth is crucial for analogue-to-digital conversion
because the dynamics and resolution of the AD conversion is much better.

Let us consider another case when we process the signal in the bandwidth
45 MHz — 55 MHz. Applying the sampling frequency 170 MHz (according
1o the Shannon theorem) seems to be extravagance. In such a case we can
modify the Shannon rule: the sampling frequency should be at least two
times larger than the bandwidth and not the largest frequency signal. In our
case of the signals in bandwidth 45 MHz — 55 MHz it is sufficient to use
sampling frequency 20 MHz instead of 770 MH=. This technique is called the
undersampling technique (or sometimes band-pass sampling). Of course, by
using the undersampling technique we apply a band-pass anti-alias filter
instead of a low-pass filter

Figure 5.7 The quantization of the continuous signal with 2-bit resolution (the error
of quantization 1s indicated with the dark color)
ization process to each sample there is a digital value

the quant :
e S Fig. 5.7 presents the quantization

assigned, most often in the binary code
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with 2-bit resolution. In 2-bit quantization the converted value can be
represented by four possible levels: 00, 01, 10 and /1. The value of the
continuous signal is rounded to the nearest possible level of quantization -
thus the maximal value of the quantization error is half of a quant. In our
case of 2-bit quantization this error is equal to 12.5% of full value. It 1s
obvious that the larger is the digital word representing the quantized value
(as more bits are represented this value) the better is the quality ?f
quantization (lower quantization error and larger quantization dynam_ncs) 1
Table 5.1 presents the performances depending on the number of bits of
various typical analogue-to-digital converters.

Table 5.1 The performances of the quantization process depending on the number of

bits N (determined under assumption, that the range of the conversion is 0— 2\"11
Number  Number of the Value ofa  resolution rms noises  dynamics
of bits quantization quantum Y%FS g1z dB
N levels q
2%
8 256 gmv 0.39 23mV 48
10 1024 2mv 0.098 580 pv 60
12 4096 0.5mV 0.024 144 pV 72
16 65 536 31 v 0.0015 89V 96
24 16777 216 1200V 0.000006 340V 144
gtal
191} word
110
101 |
100
o1
o0 |
001}
e 5 4 6q 7q Ba-Fs
Quartisation
oo,

Figure 5.8. The characteristic of quantization of the 3-bit ADC

.

I 4
But the larger 15 the number of bits the more expensive is the analogue-to-digital
converter
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Fig. 5.8 presents the example of the conversion with a 3-bit converter.
The LSB (LSB — least significant bir) is the abbreviation assigned to the
smallest quantity of converted value and for N-bit converter it is equal to the
resolution /2", On the other hand the smallest quantity of the measured
value is one quantum ¢ determined as the smallest part of the /S value (FS —

full scale)
N (5.5)

digital
1| word

10}
10 \
IDII]
011 |
ot
001 0
000

Q 29 3q 4q 5 Ga 7q Bq-FS
quantization

Figure 5.9. The characteristic of quantization shifted by /2 value

As the percentage value the resolution can be determined as 72" 7100%
and for the 8-bit converter the resolution is 100/2°= 100/256 = 0.39%. From
Fig. 5.8 we can see that the quantization error is varying between 0 and q
value. Usually the characteristic of the quantization is shifted by the ¢/2
value thus the error of quantization is varying between —¢/2 and +q/2
(Fig.5.9).

Pp(E)
1lq

|l
-ql2 +q2

Figure 5.10. The probability distribution of the error of quantization
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According to the characteristic presented in Fig. 5:9 ll'lc error olll
quantization £ is #g/2 and the probability distribution p(s) is uniform for a
values of errors between —g/2 and +¢/2 (Fig. 5.10).

The mean square value (rms value) of the error is

(5.6)

i i F quantization. The signal
The &, value is often described as the noise of quantization. The sigl
to noise ratio SNR is
oN_4

2 2

RMS SIGNAL ) - 2Y —log—=|  (5.7)

SNR =201 =20log - ZO(IUQ og 3
= RMS NOISE T T3 VYo

SNR=6.02N +1.76 dB (5.8)

The relation (5.8) is valid only if the noise is determined in h;lndv\\-'lfllh
aom DC to £/2. If the signal bandwidth w is less than /./2 then the expression
(5.8) should be corrected to the form

w

SNR = 6.02N +1.76+ Il)luu(zl‘ J (5.9)

The expression (5.9) reflects the effect of noise reduction duc to
oversampling — for given signal bandwidth doubling of sampling frequency
increases the SNR ratio by 3dB. B

The noises level is important for the dynamics_of conversion. ”ll\_
dynamics can be calculated as the ratio of the signal 2" to the resolution of
quantization ¢

N
:
dynamics = 20log=—2 = 6,02 (5.10)

q

The formula (5.10) is often expressed as “six dB per one /ri/ - I-:vr
example, in acoustic signal processing it is assumed that the bandwidth is 20
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kHz while dynamics is /00 dB. Thus the sampling frequency should be
kHz (in CD technique it 1s 44 kHz

and to obtain the dynamics /00 dB the

i ics of
number of bits should be: 100/6.02=16.6. Thus to obtain correct dynamics 0
the audio signals the converter should be a 16-bit one.

As the result of quantization the value of the sampled s'g"“::b;
represented by the binary code. There are various syfslcms (?f nui o
encoding — generally we use two formats of the number: fixed point mur' 4
(sometimes called integer number) and floating point number (called als
real number).

Table 5.2. Various formats of the fixed point numbers
Decimal

unsigned  offset sign and two's
integer binary gnitud complement
1 o1 1110 0111 0111
6 0110 1101 0110 0110
5 0101 1100 0101 0101
4 0100 1011 0100 0100
3 0011 1010 0011 0011
R 0010 1001 0010 0010
1 0001 1000 0001 0001
0 0000 0111 1000 or 0000 0000
-1 0110 1001 il
=2 0101 1010 110
-3 0100 1011 1101
4 0011 1100 1100
-5 0010 1101 1011
-6 0001 1110 1010
= BRI 0000 111 _ oot

In the fixed point format ey ery
largest one (MSB

rom the
bit is in fixed position, starting ll‘i.ll(‘[ﬂlf
Most significant bir) and ending by the smallest Of ery
least significant bit). In natural binary code called ur esented as bY
bit represents the digit 2V, Thus the digit of the range R is represe
the dependence

wsigned integer ©

(5.1
5 "

X R\u"l Va2 4 a2 )

For R = 1 the number 0107 is corresponding to the

3125
¥ = 005410254 0-0,125+1:0.0625=02
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The unsigned binary format cannot represent negative nu_mbcrs. Th!.f
problem can be solved by the offset binary format where the d?clm-’ll Yaluc 15'
shifted to obtain the negative number. The digit in this format is described by
the equation

5 2
x=Rlg;27 +a,27% +. +u,,2"'—0,3) (5.12)

In the case of the 4-bit format the decimal number is shifted by 7 as is
illustrated in Table 5.2,

Another format also enabling to represent the ncgi.“i"’c number is l::"
Jormat sign and magnitude. In this format the first left bit is reserved fnrl( .
sign (zero for positive number and one for negative one). Thcs'c two ﬁznnd‘ts
(binary offset and sign and magnitude) are difficult to 1111[”'-"“}"lt {"
operational unit. Moreover in sign and amplitude format there are two
representations of decimal zero. 3 i

The most popular is format two's complement that is easy to implement ":
the computer arithmetic unit. In this format the positive numl?cr.s 4.'llLl
represented similarly o the unsigned integer format :m}l ll!t:_ hlp'" x';"'
magnitude format. Also, similarly as in the sign and m:\gnnvudc [(\Tll‘f‘ll. ll.L
first bit is reserved for sign. For negative numbers the following ulgurllh"l Is

sed: the decimal number is taken as the absolute value =» next this number
convert o binary format = all bits are complemented: ones become zero,

1o becomes one =5 4 | is added to this number. For U"""?Nc 5 5

onverted in following way: -5 = 0101 = 1010 => 1011. The most
tmportant advantage of the format two’s complement is that the arithmetic
unit in the same way adds positive and negative numbers (by subtracting it
automatically counts in two's complement). :

Many limitations of the fixed point numbers (especially in the case of
!‘"’l{c numbers) can be avoided in floating point format. Floating point format
I similar to the scientific notation of numbers: mantissa M is multiplicd h):
2, where £ is exponen Additionally whole number is multiplicd by (-)
where S is the sign bit

.\:1—I)‘\»<AI»<ZI‘ (5.13)

The most popular is the ANSI/IEEE 754-1985 standard where in a 32-bit
representation of the number the first bit is a sign bit. next 8 bits arc assigned
to the exponent and Jast 23 bits are ﬂssxgncJ to the mantissa (Table 5.3)
according to the formula
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x=(1)5 x2E " xm (5.14)

Table 5.3. The representation of floating point number according to the ANSVIEEE
754-1985 standard

[bit  [31 [30 29 28 27 26 25 24 23 |
ls l2: 2(\ 2~ 24 21 21 2l 2\» | =
sign | MSB E LSB_ |

=1
Y MSB mantissaM _ LSB

The mantissa is represented by the following notation

= -2 -22 -23
M=1+myp27" +my 27 + A m 27 +m,2

For example the number: 1 00000101 01110000000000000000000
corresponds to (-1) x1.4375x2"% = 2. 70363 x107.

The floating point format enables representation of the numbers with
better dynamics but with worse resolution,

Of course it is possible in every moment to convert the binary numbers
into decimal, hexadecimal or other format. But if the signal is being further
processed digitally the binary format is the most convenient to use.

Although modern analogue-to-digital converters are very fast they need
certan time 1o perform sampling and quantization process. Therefore, the
AD converters are usually preceded by a special circuit holdln'g the
processed signal for the time necessary for the conversion. These circuits are
called I - sample-and-hold circuits.

aperture

t

< »
acquisition
time

Figure 5.11. The simple sample-hold circuit and its time charactersty

ter closing of

An example of the SH circuit is presented in Fig. 511 M‘IL:\:II?\L "b“““

the switch the capacitor C is charged to the voltage "“l“c, Li‘]‘l;“g (holds) the

voltage. After disconnection of the switch the capacitor (' b‘?f‘;ht cignal is
voltage. In the holding time the conversion (processing) ¢
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performed. The working cycle of the SH circuit consists of lh{uc parts:
sampling time, short transient time when the holding value is fixed and
holding time. e

The sampling time can be as short as possible, only to equalize |1;.1 inp i
voltage and the capacitor voltage. This time can be extended and the ¢ ‘angfl:s
of the voltage on the capacitor can follow-up the input voltage. Such circuits
are called track-and-hold circuits.

U,
e

i d

Figure 5.12. Two examples of the sample-and-hold circuits with feedback

2 4 v

The simple circuit presented in Fig. 5.11 is often subsnlulcd'l')?’ ?Ilgh':lli'l
more complicated circuits with feedback. Two examples nf}hc (:uc}nls \\ ;
feedback are presented in Fig. 5.12. The SH circuits with feedback .(T"‘L',Ali
slower than the simple circuits, but the accuracy of signal processing I
better, - 2g
The sample-and-hold circuits are indispensable parts of m:m’_\' d]lg::llL
PIOCCSSors, among  them analogue-to-digital - and digital-to-analog
converters. Tn the latter case they help in smoothing
climination of the pulsc interferences. On the market, there are “I'f‘,’ availa .
amplificrs with SH circuit — 774 - sample-and-hold amplificrs. The typrea
times of sampling gre of about / g5 and the aperture fime" is not larger than
several ps. There are gl very fast sample-and-hold circuits with sampling
time of about /0 g ang aperture time less than / ps.

of the signal and
lable

5.1.2; Analoguc-to-digital converters ADC

Many various AD converters have been designed and developed (€ llllil:\
l99l,IGocshclc 1994, JTespers 2001, Norsworthy 1996, van de Plasche )(mi,_
Schreier 2004), However, currently on the market there are only a few main
types of them: successive approximations register SAR, pipeline, delta-

e 1 R

; i A .
Aperture time is the time between hold command and disconnection of the signal
from the hold capacitor (Fig 5.11)
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sigma, flash and integrating converters. Fig 5.13 presents the comparison of
the main performances of these AD converters.

PIPELINE
T
(sampling rate)
10 100 1k 10k 100k 1M 10M 100M Hz
DELTA-SIGMA
PIPELINE
(I —
BT resolution
. —————————
16 24 bits.

Figure 5.13. The comparison of the performances of the main AD converters
Figure 5.13 presents the comparison of two important parameters of the
AD converters: the sampling frequency (speed) and number of bits
(resolution). We can see that there is no one universal AD converter — the
converters of high speed are of the poor resolution and vice versa — accurate
(large number of bits) converters are rather slow. The most commonly used
are the SAR (Successive Approximation Register) and Delta-Sigma
converters. SAR converters are very accurate, operate with rclull\'cly_]“l.lh
aceuracy (16-bit) and wide range of speed — up to | MSPS'. For higher
speed, up to 100 MSPS the pipeline converters are recommendable. For
converting of very fast signals the direet flash converters are used. %
The Delta-Sigma L'\\II\Vl:ﬂL‘I’S (16-bit and 24-bit) are used when »Ingll
aceuracy and resolution are required, Recently, these converters are still 1‘“
significant progress. They gradually substitute the integrating (“““l's{u""z
converters more often used in the past (Maxim 2102 2003). The mlcgr‘l:""l;
converters are mainly used for conversion of DC signals beos e “T,
conversion time s relatively long 10 — 150 ms (for comparison: {1

1 o
MSPS — mega samples per second.
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conversion time of the SAR converters is 3 — 30 us, while the flash
converters need only 10 ns).

.. Successive Approximation Register —-SAR converters

2. 5.14 presents the principle of operation of the SAR converter. The
SAR (Successive Approximation Register) is currently one of the most
commonly used AD converters. It is because their performances (resolution
16- or 18-bit, speed 0.5 — 5 MSPS, time of conversion 1 ps for 16-bit
converter) are acceptable for the most of applications.

aual(;:]ue dli;?‘usl
oy v
controlled _

U voltage  |e— ?:?gﬁl register 3

ref © source 8
u

U,=0.71875
el , 116 U, U, 1V
o 18U,
i time
{ 0T T o

Figure 5.14. The principle of operation of SAR converter

The principle of operation of the SAR device resembles the weighting on
the beam scale. Successively the standard voltages in sequence: U72, U/,
UZ8..U2" are connected to the comparator, These voltages are compared
with converted U,, voltage. If the connected standard voltage is smaller than
the converted voltage 1n the register this increment is accepted and the
register sends to the output / signal. If the connected standard vul_l:l.ﬂt‘
exceeds the converted voltage the increment is not accepted and register
sends to the output 0 signal,

Fig. 5.15 presents the example of the SAR converter — model AD7667 of
Analog Devices (AD 2005). The standard voltages are obtained using the
array of 16 binary weighted capacitors. During the acquisition phase all
switches are connected to analogue input U, and the capacitors are charged
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(they are used as the sampling capacitors). In the conversion phase the
capacitors are disconnected from the U, and connected to the reference
ground. This way the captured voltage is applied to the comparator input.
Next, the switches connect successively the capacitor array to the standard
voltage U, . Every connection changes the (U,,-U,.) voltage according to
binary weighted voltage steps Uy /2, Uy /4....U,/65536. This difference is
connected to the comparator input. The control logic unit toggles switches as

the comparator is balanced. As this process is completed the control logic
sends the code to the digital output.

LSB external
control

4

Figure 515, The principle of operation of the PulSAR converter of the Analog
Devices (model AD7667)

REF

o 0o oo

‘> REF \h {5l

w7 switched T
¢ capacitors DAG COMP_>7 | parallel
A interface

.v =
4
; \ dock | contrl \1 ; =

i

oext. control

Figure 5.16. Functional block diagram of the AD7667 PulSAR converter ofiAnte
Devices
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The main advantages of the presented converter are its simple design and
low consumption of power — only one comparator is used for the conversion.
Fig. 5.16 presents the functional diagram of this converter. The 16-bit device
enables conversion of the 0 — 2.5 V voltage to the digital output (serial or
parallel) with uncertainty 0.004%FS, dynamics 96 dB and sampling rate 800
KkSPS. The power dissipation is only /30 uI7.

5.1.2.b. Flash converters

In the flash converters instead of successively connecting weighted
binary voltages to one comparator (as in SAR devices) there are connected at
the same time binary weighted voltages to o comparators (cach representing
one bit). The example of flash converter is presented in Fig. 5.17.

decoder

|
Y T b

out

Figure 5.17. An example of the flash type AD converter

In the case of the 8-bit converter it is necessary to connect 255 resistors to
the 255 comparators (in the case of 16-bit converters it would be 65 535
comparators!). No wonder that the flash converters are designed as at most 8-
bit converters. The main advantage of the flash converters is that the
conversion is performed in one step. Therefore the time of conversion 15 very
small (less than /ns) and the sampling rate above / GSPS is possible. The
main drawback of the flash converter is its poor resolution (number of bits)
and large power dissipation (duc to great number of comparators)

As an example of flash converter we can consider the MAX/08 model of

Maxim (Maxim 2005). It is an 8-bit converter with a sampling rate up to
1.5 GSPS and conversion time 0.7 ns. The uncertainty of this converter is
0.25 LSB and the power consumption is 5 17",
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Itis possible to decrease the number of converters in the half-flash type
converter — presented in Fig. 5.18. In such a converter the sampling is
performed in two sub-ranges. The first 4-bit flash converter processes
roughly the first four bites. The converted voltage is subtracted from the
nput voltage (from the track-and-hold circuit) and this voltage difference is
canverted by the second fine 4-bit flash converter. Due to this solution the
r:\;l!\)her of converters in 8-bit device is diminished to 30 (from the original
255).

OUT, - 4 MSB

ouT,-4 LSB
Figure 5,18 An example of the half-flash type AD converter
" A} an example of the half-flash converter we can consider T(‘LS‘S‘“’
u.nn\cnntr of .lcx:\x Instruments (T1 2005). This converter cnables h-lnl-
conversion with the sampling rate 80 MSPS and conversion time 9 15 &
\ncertainty of this converter is 1LSB

S12c. Pipeline conve
Pipeline converte

. G operate similarly to the half-flash converter = ‘ll:
nput signal is processed in several .sl:lﬁc& (these converters ar¢ snmclu‘]\ S
a\»sn g;\\\ud as “subranging™). The main «ilfl -‘;‘\l\]'u
pipeline converters are as follows: in a half-flash converter theeg -“.“c'\ch
stages while pipeline converters there can be several 3 i[‘l;-r' ““5'“
stage there are inserted amplifiers for improving the resolution o (::d itis
stage; between the stages there are inserted track-and-hold »"_‘”“."Ig,‘lmc last
possible 1o process the signal by the first stage at the same l“{‘:‘i‘ through
stages process the previous .~.un;p\ing result (the signal is PIPEt
the converter).

1ces between half

e 5.19. The

An example of two-stage pipeline converter is presented 1/1:“;‘5 converter

mput signal after TH circuit is converted to digital signa! hy,.ncd 10 a digital

= 6 most significant bits. The remaining signal is again col\'\ La‘ This residual
one by DAC cireuit and it is subtracted from the input signal.
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analogue signal is amplified to obtain better resolution in the next stage. The
signal is converted again to a digital signal by ADC2 converter — 7 least
significant bits. The important is the error correction logic circuit. In a 12-bit
converter both converting stages, 6 bits and 7 bits, have common 1 bit. This
overlapped additional bit is used for the eventual error correction.

OUT,-7LSB

| OUT, -8 MsB

digital error correction and digital output circuit

OUT - 12 bils

Figure 5.19. The example of 12-bit pipeline converter

with

The multistage operation enables to perform  the conversion
PS. In

relatively high resolution 14— 18 bits and sampling rate up to 100 MS
comparison with flash converters a much smaller number of comparalors is
required — for example four-stage 16-bit converter requires only 60
comparators, Figure 5.20 presents the three-stage pipeline converter of
Analog Devices (model AD6645), It enables the conversion with 74-hit
esolution and sample rate 105 MSPS. The time of conversion is 10 ns,
power consumption /.5 ¥ and uncertainty /.5 L.SB.

B’ ﬂ TLM, l"“f" ﬂM W=

I i :
internal 5 1
E dighal error correction loglc

Tﬂiﬂzu,uu

s 14 bits e

Figure 5.20. The functional block diagram of AD6645 pipeline converter of Analog
Devices
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5.1.2.d. Delta-Sigma AD converters

The del’la-sigma AX converters called also I-bit converters or bitstream
converters” utilize the oversampling technique. Due to many advantages
(most of all the best resolution — even up to 24-bit) these converters are
currcn.lly very intensively developed (Candy 1991, Norsworthy 1996,
IS::::N;lt;r‘ 2004). The principle of operation of such converters is presented in

I out
D
|| 1BV K,
i
i
i
i
Figure 5.21. The block diagram of the delta-sigma converter
b)U,, >0 c)U, <0

a)U, =0

A AT /\/\/ \/\/\

P == I e o o 5 [y IS (S 8
Figure 522 The principle of oy of the delta-sigma converter: A — output

signal of the integrator. B - output signal of the comparator, C — output signal of the
lDI\C 1-bit converter in the feedback

conversion the delta modulation is used (hence the name

elta-sigma 0 ; : -
In delta-sig) delta modulation the width of the impulse is proportional

of this device). In

! or sigma-delta converters.
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to the value of converted signal. As the I-bit ADC quantizer UPUT‘Z;W.Sk”‘I\L,'
comparator and latch switched with the frequency Kj‘, forced by ‘&‘""l‘;i‘n ‘lo
is the oversampling factor). The output voltage is CO"VC'“C__ l‘}‘]” )
analogue form by I-bit DAC. The adder in the input compares the inp
value and the output signal.

analogue
input signal

digital 1-bit
output signal

- analogue input signal
Figure 5.23 The dependence of the digital output signal on the analogue inf
in a delta-sigma converter.

Due to feedback the average value of output signal slnnfl(l .h.c:ljlyzglclilr‘clllxll:
value of the input signal. If the input signal increases the _IHILLIT‘ S ro
need more time to obtain the zero value, the width of the l_m[‘m_-‘l«'t e
and the average value of the output signal increases — as 1t 1‘.'» ; ‘lilli'lllnulpul
Fig. 5.22 case b). Figure 5.23 presents the dependence of (hu. dig |in: i
signal on the analogue input signal and Fig. 5.24 presents 3
dependence for sine input signal.

Figure 5.24. The integrator and output signal of the delta-sigma converter as the
dependence of the nput signal value
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The important advantage of the delta-sigma converter is lhg noise
suppression. In the previous chapter (Eq. 5.10) it was shown that the increase
of the output signal of 1 bit results in increase of dynamics of 6 dB. This
conclusion can be inverted — an increase of the dynamics (SNR — signal to
noise ratio) of 6 dB would give the possibility of increasing the resolution by
one bit. Thus the SNR of about 140 dB cnables us to obtain a 24-bit
converter (see Table 5.1).

noises

Y(s)

Figure 5.25. The equivalent circuit of the delta-sigma converter

Figure 525 presents the equivalent circuit of the delta-sigma converter
with the source of noises. The input value is

¥(s) = [X()- ()L
5

(5.15)
For N(s) = 0 we can describe the transmittance of the converter as
Y(s) 1
- (5.16)
X(s) s+1

Expression (5.10) is the transmittance of the low-pass filter. If the X¢s) = 0
we can write that

Y(s)=-Y(s

(5.17)
s
and transmittance for the noise source is

Ys) __s

(5.18)
N(s) 1+s
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The circuit operates for the noises as a high-pass filter and reduces the
noises for low frequency (Fig. 5.26¢). This feature is called noise shaping.
Thus the delta-sigma converter suppresses the noises in two ways. Duc to
oversampling the noises are decreased. because the noises ecnergy 1s
distributed in the larger bandwidth (Fig. 5.26b). And additionally the noises
are attenuated, because the signal is filtered as low-pass while the noises are
filtered as high-pass (Fig. 5.26¢)

a)

signal b) signal c) signal

noises

noises

2 KI2 K2

Figure 5.26. The noise (a) ression due to oversampling (b) and noise shaping (¢)

PE

To obtain a noise suppression of about 40 dB it is necessary (0 apply a
oversampling factor equal to 64 (Fig. 5.27). Further noise suppression 18
possiblc by increasing the order of the modulator. From the graph plcsux!lml
in Fig. 527 we can see that to obtain a 24-bit converter (140 dB dynamics)
we should apply a third order modulator. Figure 5.28 presents the circuit of
the second order delta-sigma converter.

SNR @B

3rd order loop
21 dBloctave

2nd order loop
15 dBloctave

15t order loop
9 dBloctave

K
——————

ARRNESTENE 8oL N g0 128 256

oversampling

Figure 5-?7. The dependence of SNR on the order of delta-sigma modulator and the
oversampling factor
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Fi
1gure 5.28. The second order delta-sigma converter

dcmtplc'ndmg on the application various manufacturers propose various

. Elgm{l converter design. For example, Analog Devices developed a 24-
resolution AD7713 model of delta-

function,

200 1=

sigma converter with an auto-zero
_Such converter enables us to process the signals in bandwidth
with uncertainty better than 0.0015%.

Figure 5.29. The MASH type multistage delta-sigma converter

To obtain large dynamics Analog Devices developed the fourth of_dcr
delta-sigma converter with dynamics 120 dB in the | kHz bandwidth, If it1s
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necessary (o convert the signal of the large bandwidth the 16-bit converter
with 8-times oversampling and 20 MHz clock was developed (model
AD9260). This converter utilizes the decimation filter processing the 10
MHz/12-bit output signal to the 2.5 MHz/16-bit signal. -
Instead of applying the delta-sigma converter of high order it is possible
1o obtain similar performances (improvement of dynamics and_SNR)‘ by
cascade connecting several converters of first order. In such a circuit it is
necessary to apply the differentiating circuits in order to add the output
signals of the subsequent steps. The technique of multistage converting is
called MASH (Multistage Noise Shaping) and such converters are uscd in
high quality audio devices to obtain excellent dynamics (for cx.umplc such
technique introduced Technics). Fig. 5.29 presents the circuit of the MASH

type converter.
w1111/
-
f ‘}’ ‘“' | (
‘ ’ ‘[ ,
I I i
Figurevs_gn The sinusoidal signal processed by one-bit delta-sigma converter and
multi-bit converter (Wolfson Microelectronics 2000)

f
"IMM’JI‘

Apart from  one-bit sampling there are also multi-bit  delta-sigma
converters (Geerts 2002). In such converters instead of one-bit quantizator
the flash converter can be wsed. Figure 5.30 presents the output signal of a
four-bit delta-sigma converter. In the multi-bit converter it is possible to
'mprove the dynamics and decrease the noise level.

2 2 .
3.L2.e. The integrating AD converters
The integrating converters are often realized as the dual slope converters

The principle of operation of dual slope converter is presented in Fig. 5.31.
The Integrating circuit is connected to the comparator that detects the zcro-
level of the integrator signal. This comparator controls the logic gate
connecting the clock generator to the counter.

‘ The dual slope converter operates in two half-cycles. Tn the first one the
input voll;'xgc is connected to the imtegrating circuit for the fixed time 7. At
the same time the clock oscillator of frequency £ is connected to the counter.
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indi sumed value, for
i er indicates assumed va ¢, fo
-cycle is finished when the counter in : s
11\;:;: l}::f:yioﬂm. The voltage at the output of the integrating
increases with a fixed slope to the value

1 -
1 U 1 (5.19)
U =2 [Usdt = T
0

b)

UJRC u,/RC

iy N
_ M-

Figure 5,31, Principle of operation of the dual slope integration ADC

In the second half-cy

arization
15 connected to the ing

cle the reference voltage of the reverse Zz:niﬂll the
CErating circuit and the counter s(uﬂ:“ chrca-\’“d to
clock oscillator pulses. The Voltage at the integrator ““"‘“.lzlr‘ 1s when the
the moment when the comparator deteets zero. The zero stte
following condition is fulfilled

5.20)
e U (8

Ny =- N,
RC 1, RC fy
and the number of counted pulses is

(52!
N, = —N—'—U‘
[7]

cpend the N; value (this we
dcep: n
¥ counter depends 0 i

[ course on v
and of cours
5 age value Uyan
fix very precisely), on the reference voltage val
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converted voltage value U,. The value indicated by the counter docs not
depend on the RC value and the frequency of clock oscillator.

20 dB/decade

log f

J A2 AT

Figure 5.32. The noise rejection ration in the integrating AD converter

The important feature of the integrating converters is the rejection of /\(d
noises. Consider the case that the measured DC voltage U is accompanic
by the interference AC voltage U,,= U,sin(wt + ¢. Afier integration we

obtain
| t [
.
Ui == J[U_‘ £, sin(ot + )] di = U, ——/—’%[cm(m'/' + '/’)"“‘“’/’] (52
r i wl

We can see that if the integration period 7'is fixed in such a way that 7
."',’/lu then the second term (AC interferences) is equal to zero. The noise
rejection ratio RSNR 1s (Tran Tien Lang 1987)

RSNR=2LE 2(”01!A__‘l'_7., S (5.22)
error coslaT + )~ cosp

Figure 532 presents the dependence of the RSNR factor on the
frequency. The integration converter behaves like a selective filter rejecting
not m_tly the component of the frequency /= 1/7 but also the harmonics of
this signal. Usually, the value of 7 is fixed to be equal to 20 ms, which
enables rejcc_lion of the 50 /- signal and its harmonics. In practical circuits
the Tperiod is synchronized with the frequency of the supply AC voltage.



DIGITAL PROCESSING OF THE MEASUREMENT SIGNALS 233

The relatively long time of integration is a drawback of the dual slope

converter. This problem can be overcome by applying the multislope
converter (Fig. 5.33).

A .. ..,

|

S

Figure 5,33 Principle of operation of a three-fold-slope converter

There are three-fold-slope and quad-slope devices. In the three-fold-slope
device the second eycele (of dual slope device) is divided to the two slcps-"“
the second step the reference voltage is connected to the integrator “.'“lt
smaller R resistance (for example 100 times smaller). This way the s
necessary to decrease the output voltage of the integrator 1§ 100 t.uml.;
shorter. After the inteprator output voltage reaches a defined !l1TC:‘I“?

voltage 1t is again connected the R resistor for precise detection gl
state. Thus after these three phases the following relationship is realized

o 45y U, Upy 1 5.23)
—X__ N, e —Ll(\()l\’\l ' ——%——N\? (
RC [y RC [, RC [
and
U (5.24)
U, =—L (100N, + Ny2)
Ny

i sement of the
The multi-slope integrating technique  offers ||l‘|‘r“‘L'{:::‘L.l of more
conversion speed (or resolution in the same time) at the eXper
complexity and the need to apply two precise resistors. rers 1s @ zero drift.
Another problem appearing in the integrating mn‘utthn\vcncrs. s
The minimization of this effect is possible in q_u'd'-‘--\'.l:;pL c\: which enables
an additional cycle is performed for the short-circuited NPUS
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us to introduce the required correction. Another method is the application of
the auto-zero function. An example of such a converter is presented in Fig.
5.34. The conversion time is divided into four cycles — in the first one for the
short-circuited input and connected resistor, instead of the capacitor (switch
K4), the capacitor C, (connected by the switch K5) is charged to the offset
voltage. In the two next cycles (typical dual slope operation) this voltage
across the capacitor C, is subtracted automatically, introducing the zero
correction. In an additional fourth cycle the capacitor is short-circuited in
order to remove the charged voltage.

Figure 5.34. The integrating converter with the auto-zero correction (Tran Tien Lang
1987)

The integrating converters are typically used as the end part of DC digital
voltmeters, Therefore they are usually equipped with a digital display — as
xample the converters of Maxim or Intersil can be considered. Currently.

e tendency could be observed in substituting the integrating converters

ith cheaper del sigma converters, The main drawback of the integrating

onverter (apart from the long time of conversion) is the ne Ilv.\’ ol
application of the expensive, high quality capacitors. Although there is no
capacity C'in the equation 5.21, the accuracy of the converter depends on the
quality of this capacitor (the effect of memorizing the residual voltage).

3 Typical integrating converters operate as 12-bit or 15-bit (3 V2 or 4 Vs digit
displays). The 18-bit integrating converter of Maxim (model MAX132)
exhibits an uncertainty of 0.006%

5.1.3. The main specifications of analogue-to-digital converters

As two most important parameters of the ADC usually the sampling
frequency and the number of bits are considered. Table 5.4 presents the
comparison of analogue-to-digital converters of various manufacturers.
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Table 5.4, The comparison of the market available analogue-to-digital converters
Part Type Sample Bits Manufacturer | Approx..
rate Price §

ADCIS0 | integration | 2048 ms | 26 | Thaler | 210
\ADS\ZSG \ delta-sigma | 300 kSPS | 24 | Texas 19
[ADT714__| deha-sigma | L kSPS | 24 | AD 19
[ADI556 | delta-sigma | 16 kSPS | 24 | AD |27
[MAX132 | integration | 63 ms 118 | Maxim B
[AD7678 | SAR | 100kSPS_ | 18 [AD 127
AD7674 | SAR | 800kSPS |18 | AD 30
[ AD10676 | pipeli | SOMSPS__ [ 16 | AD | 900
[ADS8412 | SAR | 2MSPS |16 | AD 23
[MAX1200 | pipeline | TMSPS__ | 15 | Maxim 2
[ ADS5500 | pipeline | 125 MSPS | 14 | AD 95
| AD9410__ | pipeline | 210MSPS_ | 10 | AD 200
[AD9480_ [ pipeline | 250MsPS | 3§ [AD j_’L‘
{HI276 | flash | 500 MSPS Tntersil
[ MAX105 | flash | 800 MSPS Maxim
[ MAX108 | flash | 1.5 GSPS Maxim

‘ The former parameter is important if the frequency of the processed
signal (frequency bandwidth) is taken into account, while the latter one

nforms us about the resolution. Tt does not mean that the number of bits
(length of digital word) automatically de.

sampling frequency does not autom:

ribes the accuracy. Similarly, the

ically mean that the investigated
frequency can be at least half of the sampling frequency. Only the knowledge
about other parameters as errors, level of noises, dynamic performances give

us full information  about the performance of an anulug\lc-lo-dll!““l
converter

It can be seen from the data presented in Table 54 that the most
expensive are the converters of the high resolution (16 bits) and large speed
100 MSPS. These performances are possible to obtain using the p|pF|lﬂf
converter. In the region of the best resolution (24 bits) the delta 5|g".13
converters domunate. The SAR converters are uppruciaucd due to l|I.Llr
accuracy and practically all data acquisition boards utilize these C_N!“'"C.r“'“‘

Similarly as in the case of analogue signal processing the d'g:‘.ml 5 ‘I(jn
processing can be influenced by the zero drift of the amplifier (Figoe
(especially the temperature zero drift) and the gain error (Fig. 5’}.5[’) caral

Figure 536 illustrates the main errors of lineanty: The mn'Ll on
nonlinearity INL is the deviation of the values of the actual lr‘“‘Sfﬂ\fl‘mi‘; ‘\hc
from a straight line (Fig. 5.35a). The differential nonlineartty D‘,‘ 'rquzml
incorrect quantization resulting in not equal quanta. If the siener
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is LSB the DNL is deviation from the ideal 1 LSB code (Fig.5.36b). The
special case of the large differential nonlinearity is the missing code error.
This error occurs when the quantization step is larger than 2 LSB. For
example due to large DNL the number 100 (in Fig. 5.36b) is not indicated
during the conversion. Because this error is dangerous for accuracy of
conversion many of manufactured converters are described as “no missing

missing code

Fl;{l{re 5.36. The transfer characteristic of the 3-bit converter with the integral
nonlinearity error (a) and the differential nonlincarity error (b)

The performances of the analogue-to-digital converters are described by
Mmany parameters (Maxim 644 2000) presented in data sheets. Let us present
the most important of these parameters,
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SNR is the described carlier signal to noise ratio (usually it is the ratio of
amplitude of the signal to the amplitude of the noises but also the ratio of rms
values is used). SNR of analogue-to-digital converters are described by the
relationships (5.8) and (5.9).
SINAD (signal to noise and distortion ratio) is defined as the ratio of rms
value of the sine wave to the rms value of noiscs plus all harmonics of the
signal.
THD (total harmonic distortion) is the ratio of 7ms sum of the harmonics to
the fundamental component.
IMD (intermodulation distortion) appears when the input signal contains two
signals of similar magnitude and frequencies f; and f5. After the sampling
process there can be generated components of the frequencies f; - /> /1 + /2 2
Ji = [> ete. IMD is defined as the ratio of the rms of intermodulation
components to the signal without distortion.
SFDR (spurious free dynamiic range) is defined as the ratio of rms value of
fundamental signal component to the rms value of the largest spurious
component (mainly spurious pulses).
Transient response is the response of the converter after the step unit change
of the input signal,
FPBW (full power bandwidth) is defined as the point of the frequency
characteristic where the amplitude of the digitized conversion result is
decreased by 3 dB.

aB SNR ENOB
62 10
8
50
'8 !
4
26 (
& ) 100 MHz

Figure 5.37. The example of the dependence of the SNR and ENOB factor on the
{requency of input signal (for the flash converter)
Speeial importance is related to the ENOB (q/_lgcliw number nif" In:u)
fact In an ideal analogue-to-digital converter there l‘S 2n\y the quanl\:g_munl
t::::r But in the real converters _w‘n.\\ the quency
noises and distortion can be quite significant.
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In Fig. 5.37 the ENOB dependence for the flash converter is presented.
Although the data sheet reveals that the number of bits is equal to /0 we can
see that for the frequency of /00 MHZ duc to the increase of SNR the
resolution is effectively decreased to 5. For the sinusoidal input signal the
ENOB can be determined from the relation

ENop < SINAD=1.76 (5.25)
6.02

5.2. DIGITAL-TO-ANALOGUE CONVERTERS
5.2.1. The reconstruction of the analogue signal

The digital-to-analogue converters DAC are mainly used fnr'IhL' gesoyy
of original analogue signals from the digital code. Hence, this process is
sometimes called the reconstruction of the analogue signal. Each digital
value of the code 15 related to the defined value of the le]illlll—'%w e
resulting from the partition of the full range to the number of quantity — as it
is illustrated in Fig. 5.38.

analogue
value

UBIOS0 0" 1 1 4
R0y 1 0o 0 1 1 digital
RSO 0. 1 0 1 code

Figure 5.38. The conversion of (he digital code to the analogue value (for LSB cqual
tolV)

] After conversion of the series of digital data we obtain a serics of pulses
with the amplitudes proportional do the digital values of the signal in the
moments of sampling (Fig. 5.39a).
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In the simplest case we can complete the lack of the sigpal bCl\VCCTl the
pulses by the holding the magnitude of the pulse until the delivery
(generation) of the next pulse. This process is called ZOH — zero order hold
- orstaircase reconstruction (Fig. 5.39b).

signal afeter signal after ZOH
converter (a) approximation (b) recovered singal c)

time

time time

Figure 539, The reconstruction of the analogue signal

For the reconstruction of the signal the best would be to
low-pass filter.
relationship

apply the ideal
If we use the zero order hold we realize following

[l for0<t=<T,

(1) = . 4 (5.26)
l(l for other moments
The function (5.26) in the frequency domain is described as
: : T /2
X(jm) J'.mu it gy = 7, g=JoTy 12 Sn(@T, /2) (5.27)
wl, /2

The function (5.27) is prcscnlcq in Fig. 5.40. From Fig. 5.40 we can see
that the ZON technique results in the dL:pcndL‘ncc of the signal on the
frequency — 1t decreases with the increase lrcq\_lcncy and disturbs the s 5gn;\l

uq\‘ ared to the flat horizontal characteristic of the ideal low-pass filter
N wl“?’;\ in Fig. 5.40). For that reason, at the output of the digital-to-
PI'CSC“K‘. -‘ wcrl;:; a correcting filter is sometimes inserted, which increases
“l““‘o'%\r‘\:\t\‘""\\uc with the frequency - as the inverse of the sinx/x relationship
the signal vi
(Fig. 5.41).
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ideal
low-pass filter

sinx/x
\
N
®
|
T

on T s
e S, iT;

T [ (e |

T

B

Figure 5.40. The transfer characteristic of the ZOH technique converting the serics

of the pulses into the staircase curve

L
corrr'ﬁglrion H» smoothingl o

filter
Figure 5.41. The reconstruction of the analogue signal from the series of pulses

staircase
reconstruction

cs can

I.n the case of reconstruction of the signal the number of the sampl
be important. In the example presented in Fig. 5.42a the :\i;!ll.‘ll»
conversion is represented by 10 pulses (samples) per period and the stat
curve is near the original. Theoretically the Shannon rulc is fulfilled and the
signal should be correctly reconstructed by the low-pass filtering of the non-
desirable harmonics, 3

The small number of the quantization levels can be inconvenient during
the sullnpling and signal reconstruction, To increase the levels of quantization
sometimes the signal is supplemented by the additional noisc signal of the
value not larger than | LSB. This technique (called dithering) results in
increasing of the noises (see right hand side of the Fig. 5.42) but it helps in
befler reconstruction of the signal. The additional noise (usually the white
noise) is possible to reject by applying the filter.
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; s
e

: i i i reconstruc a) and
Figure 542. The sinusoidal signal after staircase reconstruction (4)

supplemented by the signal (b) (on the right hand side the speetral characteristics ©
these signals are presented)

Figure 5.43 presents the typical structure of the circnil_dcmgncd |ur
conversion of the digital signal to the analogue one. At the input ‘h"‘.“ ‘;
inserted a register circuit (latch circuit), which is required to save the su%l_ll-\c
for the time necessary for conversion of the last digit (the settling time). Th
mput register plays

3 ¢ -to-digital
ys the same role as in the case of analogue to-dig
conversion the sample-and-hold circuit. An analogue sign

al is generated :u;
: : i jate levels 0
the sum of the component signals corresponding to appropriate llclﬁ” i
quantization. At the output the filter circuit and eventually the amp
inserted.

clock ‘1 U,

digital - .
nput = l
| w0 i
{ aw ™ pac |+ Filter o=
= B) - e g analogue
= l output

to the
" convs ital signal
Figure 5.43. The structure of typical circuit of conversion of dig

analogue one
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5.2.2 The digital-to-analogue converters - DAC

The simplest solution of the DA conversion would be the circuit with lbc
summation of the voltages corresponding to binary code presented in Fig.

5.44.

0 R
Zrld 2R
Ve 4R
J &R
. -
ST .

ref

Figure 544, The digital to analogue converter with weighted resistors

The converter presented in Fig. 544 is rather difficult to ‘mﬂ"UfﬂC
because it requires precise resistors with a very wide range of values.
example for 20-bit conversion it is necessary o use a precise resistor equ

ture
For
al to

500 M2 for the most significant bit, when the LSB is represented by / AQ
resistor, Technologically simpler is to use the same value of resistors,
although it means that the number of these resistors can be huge.

AD569
+
Ur:l

c
= 5
| g g
ES 2
3 @
g3 @
" o
0 8
2 © o
o w
%

-U,

16-bits latch

I
B-bits latch 8-bits latch

IN

Figure 5.45. The functional block diagram of the string digital-to-analogue converter
ADS56Y9 of Analog Devices
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The converter built from single-valued resistors requires 256 rcsistf)rs for
8-bit conversion and as much as 65 536 of them for 16-bit conversion. In
practical circuits the voltage divider can be composed of two dividers — one
for coarse conversion (the first 8 bits) and the second for fine conversion
(last 8-bits). In such design in order to achieve 16-bit conversion only 512
resistors are required. Although such a number of resistors seems to be great
these converters (called segmented converters or string converters) are
available on the market — as an example we can point to the AD converter
model ADS69 developed by Analog Devices (Fig. 5.45). The main
a_dvan!agc of the string converter is relatively large speed and very good
‘“‘““’“Y of conversion. The AD569 converter presented in Fig. 5.45 enables
16-bit conversion with nonlinearity less than 0.01% and settling time 3 ps.

lm %m :}[]gm -[l/\ Seen
e TR : e

R
: £
0 — T,

Figure 5.46. The R-2R digital to analogue converter with ladder network

Further simplification of the converter circuit is possible in the R-2R
converter presented in Fig, 5.46. In this case also the resistors of the same
value R are used (2R can be composed from two resistors). At each node the
current splits mto halves. The resulting output voltage is proportional to the
total current summed at the inverting input of the amplifier. Tt is
advantageous that the whole nc}\vm ks x:ml.».un\mg the same current from the
supply source indupcudcml)" of the positions of the switche:

in the R-2R converter it is not required to have pre
resistors - it 18 nn\}r

¢ value of the
necessary to have the resistors with precisely the same
lue of cach resistance. Instead of resistors it is possible to switch the
val 0 X
current sources (Fig. 5.47). ; . ; 43
The advantage of the converter with switched currents (called a current
_.‘L : .onverter) 1s relatively high speed (up to 500 MSPS). For cx:\.mplc.
”w’qmb}tn( converter model DACOS of Analog Devices converts data with an
‘hcd;;c rate up to 12 MSPS and settling time 85 ns.
update 14
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digital input

ouT

Figure 547 Digital-to-analogue converter with weighted currents

Very convenient for digital-to-analogue conversion and anulpguc signal
reconstruction is the oversampling technique and PWM technique (Pulse
Width Modulation) realized by delta-sigma ADC. If the signal is n:l?.rcscnlcd
by great number of samples per period. it is practically continuous (Fig. 5.48)
and can be reconstructed only by using the low-pass filter.

————— Tow-pass
o——| 1btADC | ° filter &
1-bit (digital o
oy analogue)
analogue digital analogue
input outpulinput output

Figure 548 The reconstruction of the analogue signal after oversampling after
PWM modulation

The conventional audic CD technique uses PCM  (Pulse Code
Modulation) with 44.1 kHz sampling frequency and 16 — 24 bit resolution
Therefore using oversampling technique it is necessary to use decimation
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o
o

4

filter to recover such digital signal from the 1-bit bitstream (as presented in
Fig. 5.49a).

1bitea1, 20bits ,
decimation PCM
"—\ib“ ADC H digital filter recorder
24001,

1bit6AT,

interpolation
digital filter

delta-sigma

ouT
modulator

low-pass
filter

b) 1biL64 1, 1bit64 1,
N ouTt
1bit ADC recorder >\ Iuvz;{)ass —o
liler

Figure 5.49 Conventional (a) and DSD (b) techniques of audio signal recording and
reproduction

In the new DSD (Direct Stream Digital) technique introduced by SONY
1 its SACD audio system the 1-bit stream of the ovi ersampling frequency
2.82 Mz is directly recorded on the DVD type dise profiting high density of
this disc and enhanced speed of data transmission.

Signal converted by .\ppl\m;_, \l\L oversampling technique often needs to
be converted agan to “ordinary” sampling form with s
decreased to £, and the same time the resolution iner

ampling frequency

ed to multi-bit form
(for example 20-bit resolution as it is presented in Fig. 5.49a). To perform

such operation special filters called decimation filters can be used

A '1,,.\' T\' m i

5,50 The ncrease of number of samples by insertion of intermediate samples
Figure 3
between existing ones
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Sometimes to improve the possibility of signal reconstruction the increase
of the number of samples in one period of signal is recommended. Such an
operation can be performed using various kinds of interpolation Silters. Fig.
5.50 presents the relatively simple technique of increasing of number of
samples by inserting additional samples. In first step the zero \'uh‘u:
additional samples are added and next after using the lowpass filter we obtain
the signal with more samples. ;

The delta-sigma oversampling DSD converters are mainly used vn'lugh
quality sound processing. As the example, let us consider the delta-sigma
converters DSD1700, PCM1710 or DAC1220 of Burr-Brown. The block
diagram of PCM1710 converter is presented in Fig. 5.51.

(53 H o ey e o

£A 5th level
DAC
converter

left

*J channel
)1 ——

lowpags  Amplifiers
ow-pas: I
o

shaper filtors. f ’l right
SRS R channel
ssthlevel 1T N\
2 r{7 } J-'" (; JI I/
1 & [Ir )1 =X,
- [
J‘J;TI,JF'H,HH,H]HJIlll

Figure 5,51.5" level delta sigma DA converter model PCM 1710 of Burr Brown

converter

i - cth
Presented in Fig. 551 the two-channel (sterco) converter consists of 5

level delta sigma converters and 4" order filter. At the input 8% interpolation
filter realizes the oversampling (and also other functions such as digntal
attenuation, double speed dubbing, de-emphasis, ctc). The converter enables
us to convert the 16-bis or 20-bit signal to analogue one with 98 dB dynamic
range, 110 dB SNR (in DSD1700 dynamic range 1s 110 dB, THD 1s 0.001%
ami fiequency response is 100 klz). The DAC120 20-bit converter utilizes
2% order delta sigma converter and converts the signal with lincarity crror
less than 0.0015%,
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o g
523. The main specifications of digital to analogue converter:

: o s of digital-to-analogue
In the data sheets describing the performances of dlg\‘ml"‘:_;n-dmg{ml
converters similar parameters are used as in the case of analogu S

. PR --or INL and
converters. Fig. 5.52 presents the integral nonlinearity error I
differential nonlinearity error.

U

N

Umr.
measured a
answer DN —
INL__

ideal code® ¥

measured
answer

digital code
ity error DNI
Figure 5.52, Integral nonlinearity error INL and differential nonlinearity error
of DA converters
The integral nonline
and an idealized str.

arity s the d;
between ideal step

<for function
rence between a real lrnn.\ltg 'r‘;:r"cncc
aight line. The differential nonlincanity is the di
cqual to 1 LSB code and the real step
lu

oun
\

monotonicity
\ error
| ideal -
| DAC

digital code
Figure 5.53. The error of monotonicity

'- v he differential nul}hl\t.lflhc
The error of monotonicity is corresponding to the fiffercalial B i
error. The DAC g monotonic if the analogue output Jll\\:;M perfort ‘]‘ u}.
input code incre 5. Because this error deteriorates (k-n\f'_ P
the manufacturers often mention “guaranteed monotonicit
the monotonicity error is presented in Fig. 5.53.

ity
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e
uﬁu Bl

Figure 5.54. Errors of glitches (a) and jitters (b)

As the converter performs the switching operations in the transition state
can appear short spikes called glitches. These pulses are dangerous because
they are not observable on the standard (poor quality) oscilloscopes. although
they can disturb the signal processing. Thercfore at the output of converter
often is inserted a special filter called a deglitcher. One of the lcchmqu_c.s to
climinate glitches is to use sample-and-hold circuits holding the signal
during the switch process. Another error related to the switch process is a
jitter (Fig. 5.54b). The jitter error means the unrepeatability of the pulse
slope, pulse duration or pulse phase.

anti l
~alias S&H ADC ¢ DSP latch DAC (e filter |—o
fitter J

Iy B f

control

Figure 5.55. A typical cycle of the digital signal processing DSP

The digital signal processing DSP offers many unique possibilitics not
available in the analogue signal processing (Antoniou 2005, Deziel 2000,
Khan 2005, Lai 2004, Lyons 2004, Mitra 2002, Oppenheim 1999, Proakis
1995, Rorabough 2005, Smith 2003, Stranncby 2001). The most popular
application of digital signal processing techniques is Fast Fourier Transform
FFT and Digital Filtering. Currently a large arca of digital signal processing
application is image processing. Afier digital signal is processed sometimes
1Lis necessary to come back to the original analoguc form. As example can
be presented an audio application where the last step is an analogue
loudspeaker. Therefore often the signal is converted into digital one: nextit
is processed and then again is converted into analogue signal as presented in
Fig. 5.55.
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53.METHODS AND TOOLS OF DIGITAL SIGNAL PROCESSING
53.1. The main terms of digital signal processing

Tflc digital signal processing DSP requires the knowledge of several new
s?emﬂc mathematical methods — most of the methods used in analogue
signal analysis correspond to special equivalents in digital signal analysis.
For example the Fourier Transform in the analogue technique is equivalent to
the D!st_:retc Fourier Transform DFT, analogue convolution is equivalent to
the digital one, Laplace s-operators are sometimes substituted by the z-

transform. In this chapter the main term of DSP technique are collected or
reminded.

2 a b) c)
\ 5(n-2) 5(n-2) x(2)

DEEZIS R 32O 2 S

Figure 5.56. The discrete function (a), shifted unit impulse (b) and the selected
mpulse x(k) (c)

One bit can be represented by one impulse. If this impulse exhibits a short
duration time it can be represented by the Dirac delta function denoted by
5(1). The delta function is a normalized impulse, that is the sample has a

value of one

1 n=0
pin)= (5.28)
aln) {o n#0

This impulse can be shified (Fig. 5.56b) and this operation is denoted as
an-k)

1 n=k
a‘(n—k):\“ ','l*k (529)
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Thus the impulse of the discrete function of the value x(k) can be
described as

(k)= x(n)o(n-k) (5.30)

To one discrete function we can add another discrete function x(n) = ,“('I'):
we can also multiply this function by the other one. We can il]h‘(? c.han[,tul‘;‘k,
order of operations. These operations are possible if the system ISI/III::IU ‘m:
invariant LTI. The system is linear if the additive r‘_:l“"“’ndcz’_ C‘b-?lsns
superposition principle is valid. The superposition principle is describe

31
[l +x2)= f(x)+ f(xz) (:31)
. it ¢;(n) and ya() is

Thus if y,(n) is the system response to the input signal x;(n) and y:()

the system response to the mput signal x>(n) and

[
L
o

Hn)=ayx;(n)+ azxy(n)

the output of a lincar system is
5.33)
yn)=ayy, (n)+ azy,(n) !

The superposition is very important in DSP. Let us assume that |‘hc mpu:
signal x(n) can be decomposed, which means that it can be br.ukcn into twe
or more additive components x,(n), x.(n).... We can determine the Ulllp?lll
signal component of each input signal y,(n), yo(n)... Next the l)l'l(l)lll signal
can be synthesized as the sum of each component. The \yn.l!lc.s‘l/ud output
signal is identical as caleulated directly y(n)=/f(x(n)). Thus if the system 1§
complicated we can analyze it as supcrpu.;nmn of simpler componcnts.

The sysiem is time invariant (stationary) if the delay (shift in the time
domain) of the input signal causes appropriate delay of the output signal.
Thus if x(n)=x,(n-n,) the response 15 y(n) =y (n-,).

For the analysis of the discrete signal it is required if the system is casual
In the casual system the output signal depends only on the previous or

present values of the input signals. Thus if input samples are x(n) forn <,
the output signal docs not depend on the samples n = n,,.

rete signal is composed of the series of impulses with the
magnitude proportional to the sampled signal /(1) and with the period 7}

(5.34)

T, )= f(nT, )5t = nT, )
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and

W)= 3 7@sle-nt,) (535)

n=—n0

If the input signal x() and the output signal (response) y(n) are related by

the function F[x(m)], thus y(n) = F[x(n)] we can write the relationship (5.35)
in the following form

.\'(n) = F[ i\(k) b'(n - I.)] = i.\'(k)l-‘[h'(n - L)] (5.36)
k=~ k=—x

or

)

)= 3" x(k)h(n— k) (5.37)

k=—x

The function h(n) is called impulse response and it is crucial for the
digital filters analysis’'. A linear time invariant digital filter is completely
characterized by its impulse response. Impulse response is the output signal
of the linear system when the input signal is a delta function. The equation
(5.37) we can write as

v(n)= Iz.\(l.)h(nwk) x(n)* h(n) (5.38)
k=—m
or

»n) Z’:‘(“—-l")h(k) h(n)* x(n) (5.39)
Kt

The term convolution denoted by the symbol * plays an important role in
iscrete systems, especially in the digital filters analysis. The convolution is
d\huu““}m-“mp between input signal and output signal of LTI systems and
- \:l( "\ us ‘\u determine the response signal if the impulse response /i(n) is
enables s
known.

i called the
! The impulse response 1§ called the
kernel.

kernel or simply the
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The operation of the convolution y() = X h(k)x(n-k) consists of the
following steps:
a) flipping left-for-right the second signal h(n)
b) shift this signal by n samples
¢) multiply this signal by the first signal: h(k)x(n-k)
d) sum all multiplied results.

A nice illustration of the convolution calculation is the “convolution
machine” proposed by Steven Smith (Smith 2003) and presented in Fig.
5.57.

h(n) s ' ;
il il -
saih |
2l

Figure 5.57. The “convolution machine™ as a tool for calculation of the convolution
(Smith 2003)

The algorithm of calculation of the convolution presented in Fig. 51
works as follows. Let us assume that we are determining the impulse y(6) of
the response. The impulses of the input function x(n) are multiplied by the
flipped impulse response /(n). The sum of these multiplications is the value
of the p(6) sample of the response. If we would like to determine the next




o
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impulse of response, i.¢. y(7), it is necessary to repeat these operations for an
impulse response shifted by one.

The convolution has the following propertics
¥()= x{m) o) = )= x(n)
[ln) )= )= o) ] )] (540
Delr) = x(m) )} = o) ()= )

The inverse operation to the convolution is deconvolution. The
deconvolution operation is the calculation of the x(n) signal from the
convoluted result y(n) knowing the h(n) function (see equation 5.38). The
deconvolution is much easier to perform in the frequency domain than in the
time domain — this problem is described in more detail later (Section 5.4.3)

Another important term is the correlation function, used for the

comparison of two signals x;(n) and x,(n). The correlation function is
deseribed by following relation

'

r\!“")"%‘2\1\11)\'1(11-0 k) (4

n=0

The correlation 1 a mathematical operation very similar (0 4
convolution (compare the equations 5.37 and 5.41). If we compare Ve
signals we determine the cross-correlation, and if we compare the signal
with tself we determine the autocorrelation.

sonds in the
Series for
DFS

As was mentioned ecarlier the Fourier Transform corresy
digital domain o Discrete Fourier Transform. Thus, the Fourier ¢ s
the analogue signal x(1) is cquivalent to the Discrete Fourier Series
determined for the discrete signals ()

N L jnw, (
x(t)= Y c, e/t is cquivalentto x(n) ot )= ;,m
"

T—

542)
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RS -j2zkn/N . ./
where ¢, =Wz.r(n)e RN, =2k /N .
=0

Similarly the Fourier Transform in the digital domain is .n:prcscnlcd by the
Discrete Fourier Transform — DFT described by the cquations

e N=t L .
Xljw)= J‘.\'(I)e’/""dl is equivalent to X(k)= Z'\'(")" # (543)

n=0
=

- erse Discrele
and the Inverse Fourier Transform is represented by the Inverse D
Fourier Transform - IDFT

® L o o (544

! .\ je ; ala d(n)=— > X(k)e (5.44)
.Y(I)z > J’X{](A))}’ ‘dt is equivalent to x(n) N )

In the Discrete Fourier Transform N samples collected with the sampling

frequency /.

KT, )= x(0), x(, ). x(2T; )......x(N=1)T,) (5.45)

. oG - frequency domain
e transformed to the N components discrete serics in the frequency

iy

The series X(uf, /N) is represented by the complex values — the Icfllul::::,l
imaginary part (or by magnitude and phase in polar notation). ”le W'L\,’C The
of the DFT is represented by the spectral lines with the period of £, /N.
DFT is sometimes described in the form

(5.40)

N-1 ;
X(k)= Z,\(u)"’.“" (547)

el

where coefficient Wy = exp(j2z/N).
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The Fourier transform allows the conversion of the signal from the time
domain to the frequency domain and vice versa. Below, are presented the
main properties of the discrete Fourier transform. .

If x;(n) is represented by the Fourier transform X;(k) and accordingly
X2(n) by Xs(k) then

x(n)= ax‘(n)+ bx,(n) e X(k)=aX, (k)+bX, (k) (5.48a)

The relation (5.48a) describes the linearity properties of the DFT.
The DFT is periodic with a period of N even if the x(n) is non-periodic.

N-1 No1
X(k)= Zx(n)y'”" kniN _ 21(,,)1.-11“""\',.‘ 122 NN _x(k + N)(5.48b)
n=g n=0

1T the input signal is real then the real part of the DFT is an even function

and lh'c imaginary part of DFT is an odd function. This kind of symmetry 15
sometimes called hermitian symmetry.

an)=x"(n)e> X (k)= X" (< k) (5.:48¢)
3 n ; f
5 T!\e relationship (5.48d) describes the symmetry propertics of ,DFTI"C'"
)‘{") 18 an even function then X(k) is also even. If x(i) is an ndt! funcmjfll ae
Xtk) is :\‘S(? odd. Furthermore, if x(n) is real and even than X(h) 15 et ¢
Even. Andiifx(n) is real and odd then X(k) is imaginary and odd.

M) = x(=n)es X (k)= X(- k) (L)

\ o cans that
The relationship (5.48¢) is very important in DSP, because it med

3 i o -omponents.
the convolution operation can be performed by DFT of both comp

o s i verse transform ©
then by mulliplication of the results, and finally, by the invers¢ lm‘ b iy
the time Py

cquence (circular convolution). And mversely we 9 t by on¢
deconvolution of X(n) by transforming it to X(k) and by dividing ¥
component X, (k).

L (5.48¢
)= xy ()% xy () < X (k)= X4 (k) X2 (k)

y e states that the
The relationship (5.48f) known as the Parceval theoren

in the
- + same as the energy !
energy of the signal in time domain is the same a8
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frequency domain. Thus the time domain rcprcscmutinq uflh‘_: slgna‘:;;ldf::‘lly
transformable to the frequency domain if the system is lincar time in 3

Sl = S|x (e 5.480)
Shtaff =L ¥ ]x6) (
n=0 N k=0
i is equivalent to the
The shift m in the time domain (time delay) is L?U}l;ﬁ(':!,\"). e
multiplication in the frequency domain by the c'om[_vfn.wm c:{d {)y B
the phase component of the complex representation is increas

(5.48g)
xln—m) e Wy x(k) 2
i S iplication of
The shift M in the frequency domain is cquwu!cnl‘ Ilu the multip!
the signal in time domain by the component exp(-j M).

(5.48h)
X(k=M)es W x(n)

' » analysis of the

In the analysis of the discrete signal (and cﬁl”ic'“”}"'fl'_h:h:::;:I'dc“.,|,,u|

digital filters) the =-Transform is very useful. The dls,k.r:l t-n.ixh; z-domain as
by the relation (5.30) i.c. xfn) = Xx(k)otn-k) can be rewritte &

3 (5.49)
X{:)wz.x(l‘): ¥
k=0

A of ipnal i > time domain
Thus the z-transform denotes the shift of th; signal mI :)h:“"c st
by k. For example, = is equivalent to the delay of the signal by

(5.50)
Z[\(:l~|)] - =7 x(z)
while 2" means the delay by m samples
(5.51)
Z{x(n - mj==z""x(z)

i relationship
For analysis of the filter response we use the convolution relatio I
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< 5.52
o)=Y 1) xtn— k) = i) x{n) o)

k=0

where the impulse response is

= 5.53)
,\'(n)=2):(1{)5("—1\'):'1\11) 222
k=0

The z-transform of the impulse response is

z ; 5.54)
II(:):th:'L {
k=0
d (5.59)
Y(2)=H(2)X(2)

he
: Aen + z-domain. T
The convolution can be realized as multiplication in the z-d
fransmittance H(z) (called

es the
also transfer function) explicitly deseribe
Properties of the casual system, ; jitions. If the
Especially Important i the analysis of the stability cond!
systemois described by the transmittance

9 atl 5.56)
s si0ge™ iR

0] -3
2 bz by b

H(z)

¢ numer
WE can analyze the =epoy (values of the = when the “ie cqual ¢
7er0) and poles (the Vvalues of z when the denominator is
Gan rewrite the relation (5.56) in a form

- al 1o
ator 1S cqual

0 7¢10)

sl
1(z) (z—p Yz=r2

ar
The zeros (=1 22, 250 ) and poles (p, p2. {}“;)\\'C can test
analyze the position of the poles in \I\lf y_pl-ﬂ‘olu are located
stability. The casual system is stable if the poies

cirecle £/=1 in the z-plane (Fig. 5.58).

the co! .
inside the unit
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a) Zn

s Y
|

Figure 558, The system is stable because poles are inside the unit circle (1) and the
system in unstable with the poles outside of the circle (b)

relationship of the DFT in a form
xa)= 3 <o) S

n=—xn

rewrilten in the s-domain (aficr applying of the Laplace transform) as

X(s)= Zt('ﬂl)t’ G e
P
v : g o7y
By subst!mtlon in equation (5.50) of the component &l by z i.e. z=¢
the DFT i the z-domain is
o
Xe)= Yo )= g

==
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The relationship between the z-domain and the @-domain is

o JOTs

(5.61)

53.2. The Discrete Fourier Transform DFT and Fast Fourier Transform
FFT

We can determine the discrete Fourier transform for selected N samples
of the signal. As the result of the discrete transform of the signal x(n) we
obtain two arrays of N/2+/ samples: a real part X;(k) and an imaginary part
Xiu(k). Often the result of the transform is presented as the absolute value
| X(k)| and the phase value Xy (k)

()| =YX 20+ X2, () ;

uu(k) (5.62)

relk)

Xg(k)= mug

il il h\l

0

\\ 4\“%'..... m

————
IRBRBRBRFSSR
6 8 10 12 14 96 18 20 2 2 % &

ignal
Figure 5.59. An example of the results of DFT analysts for 64 samples of 5
() and first 32 samples representing the analyzed signal (b)
les of
Figure 5.59 presents the example of the Fourier analysis of 64 s.\rr‘l‘\f“y 3
the signal. The result is periodical with period N/2. Due (© iymcmnmmg
obtained results only first ) — (V/2) samples are useful because e
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samples are ingless (also the ples of negative frequencies do not
introduce new information). Figure 5.59b presents the useful result of DFT
analysis.

a) b)
Y(m) Y{m)

”H]]“Th...."‘.

Figure 5.60. The result of the synchronous spectral analysis (a) and the result of the
analysts of the same signal when the sampling frequency does not correspond to the
frequency of the signal (asynchronous analysis)

Figure 5.60 presents the result of synchronous and asynchronous spectral
analysis. Synchronous analysis is when the frequency of spectral lines /; /N is
equal to the frequency of analyzed harmonics. From results of the spectral
alysis presented in Fig. 5.60 we can see that the samples of the Fourier

msform do not have to represent exactly the harmonics of the analyzed

mal. Fourier transform is represented by spectral lines resulting from the

vision of the sampling frequency /; to N samples. If the £, /N is the multiple

«analyzed signal (synchronous analysis) then this signal is represent by the
spectral line of exactly the same frequency (Fig. 5.60a). But if the analysis is
asynchronous then the analyzed signal is represented by several spectral lines
around the frequency nearcst to the frequency of the signal. This cffect of
specetral line broadening is called as leakage (Fig. 5.60b)

time wmdnw

ol

X(0) X(K-1)

Figure 5.61. The selection of the samples for Fourier analysis
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We choose selected series of the samples for the analysis — we anzllyzn:
only the samples contained in the time window (Fig. 5.61). It means that \‘\L
select samples by multiplying the signal by the window function. For

example the rectangular window function (presented in Fig. 5.61) is in the
form:

1 © ng<n<ny+K s
S .@’ Mg =n<ng (5.63)
0 Jor other samples

Where ny is the starting point of the window and K is the number of samples.

The n value can be the arbitrary chosen but often it is selected by trigger
function of spectrum analyz

er as the equal to zero value (starting point of lll\c
periodic function). Taking into account the properties of the most frcquu‘llll)'
used algorithm of the DFT analysis (FFT — Fast Fourier Transform) usually

C=

A x(0)
3228 24 2010 a3 g Tgnlmu TR
A X, (m)
e 0 m 16 o
"""?;:Jﬂ."“?;mfh«[ﬂ u"3"1T1\".’7m"$'?5'""‘ X
A X, (m) 2

28-24-20-16 12 8 4 0 4 & 12 16 20 24 28

41X

n-.-ﬂv-.vﬂth1;\““’(«1““““ -ﬂhhm!_.'m‘-‘";;";; i
2824201612 8 4 0 4 8 1216 20 24

3

A %, (m) i
wen L
\ e e 4L O Ly e : S
s tengea taccstsessa posase i
28242016 12 -8 4 0 4

] eseasd L

! lue
8 lses of the same Vai
B e Fouior analysis results of the series of impulses
n the rectangular time window (Lyons 004)
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The larger the number of samples the better the quality of the Fourier
analysis, but a large number of samples requires more computing power,
hence more time. Therefore, it is assumed that K = 1024 samples is sufficient
to obtain a satisfying result of the analysis. It would be better if the analysis
is synchronous but we can not guarantee such selection of /; (usually we do
not know the frequency components of the analyzed signal).

Figure 5.62 presents the Fourier analysis results of the series of impulses
of the same value in the rectangular time window. The spectrum of the series
of the absolute values shows the tails formed from side lobes, which are not
expected. The appearance of the side lobes results from the theory because
the Fourier transform of the rectangle signal is described by the equation

X(m)= sin([zmK / N) (5.64)
sin(zm/N)

where N is the number of samples, and K is the number of samples in the
time window

The equation (5.64) is called the Dirichlet kernel. For K=N and for .\!nu[i
values of /N (when sin x = x) this cquation can be presented in a
simplified form

X(m)= sinzm (5.65)

A x(n)

) HmmﬂTTTTITTTTTHTTTTTTHHTTTTHITTTTTTTTTTTTTTTTTTTTTITTT

<32 -28-24-20-16 12 -8 -4 0 4 8 12 16 20 24 28 3
A x(m)|

A A m
AU L »

32 -28-24-20-16 12 8 4 O 4 B 12 16 20 24 28 32

Figure 5.63. The Fourier analysis results of the serics of impulses of the same
values and N=K (Lyons 2004)
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The width of the side lobes is equal to N/K - therefore if N = K the
spectrum is represented just by a single spectral line. Such case is presented
inFig. 5.63 where the time window contains all samples, thus N = K.

The leakage of the spectral lines is well illustrated in Fig. 5.64 where the

signal x = cos(2z nk/N) is analyzed. In such a case the Fourier transform is
described as

s .\'in[rr(k = m)] (5.66)
2 sin|z(k - m]/ N]

If the analysis is synchronous then the m samples correspond cxacllY_ to
the zero values of side lobes and only one spectral line is prcscnlcd (Fig.
5.64b). For asynchronous analysis the positions of the m samples can occur
in various places of the side lobes and additional leakage lines can appear
(Fig. 5.64¢).

X(m)=

a) b) 1 x(m !
4 ()

\l

b b IO
byl -

“. ol "J'z’ l ‘kllzl. e

Figure 5.04

7% ” v B ¢ case of
The Fourier transform of the cosine function (a) in the
synchronous (b) and asynchronous (c) analysis

The side lobes appear due to the sharp border of the rcclm\g'lc W |2?0‘;:
We can reduce the amplitude of the side lobes using other Sh-l.PC.Sm‘d o
window, when the border is smoother Fig. 5.65 presents d‘,L ..",,)=0.5-
applying of the Hanning window described by the relation: ¥
0.5cos(2an/N). e side lobes

We can see that after application of the Iiul\xflllg.\\'ld0\v lhu_‘:l‘i:i:gg\“
have reduced amplitude but at the expense of widening the mz\ChCb g
There are various kinds of windows: Hanning, Hamming, b
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Keiser, etc. and by choosing a correct window it is possible to improve the
quality of the spectral analysis.

rectangular window Wim) 4 dB

*....”]]
-16 -12

Hanning window [
4 win)=w xin) 40|

T 6128 4 0 4 Hh?zhts_ 47 RN = BN

Figure 5.65. The effect of applying of the Hanning window

f wilnj=vi x(n) 0

TI..... .

8 4 0 4 8 12 16

Hanning window

recangular window

Figure 5.66 presents the example of the spectral analysis results obtained
without and with the Hamming window. After use of the Hamming window
the tails of the spectral line decrease in the case of asynchronous analysis, but
n the case of synchronous analysis the application of the Hamming window
increases the broadband of the spectral line, '

a) b)
Y(m) A Y(m)

S S
120 AS
a0
204
} l f I
o e |
O Cr B ST, ; y 3 ke

01 02 0.3 KHz

Figure 5.66. The example of the results of spectral analysts (synchronous 5 and
asynchronous AS) without (a) and with Hamming window (b) (Smith 2003)

The more samples of the Fourier analysis, the better resolution of the
result. This effect is illustrated in Fig. 5.67.
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Y(m)

4 Y(m)
60 N=128 ZADI N=512
[
20 80 :
Lot ) L
-
T ) RIS RS 0 10,203 0.9 KHz

Figure 5.67. The examples of the spectral analysis performed for two numbers of
samples (Smith 2003)

v
>
SOIHC(II‘HL‘S we have the number of Sﬂn\plcs in the window less than 2

for example 50. We can artificially increase of the number of samples by
supplementing these s

ated
amples by next samples equal to zero as demonsira(c
n Fig. 5.68
x(n) X(m)
IR .\ oy
{ 2\ \ ./,'\.\. ~ | \ ~ m
v l,« a\ \-q 12 Y4 | ) (O ) 0 O
i - L S 5N

(a)
: . o sinusoidal signd!
Figure 5.68. The results of Fourier analysis of the I(n-.s:ml]_ﬂt )Iml:v' 16 zero value
and the results of the analysis after supplementing this signat 0¥

samples (b) (Lyons 2004)

¢ that afier
From the results presented in Fig 568 we can 'lj“\':.cgui:pwvcd the
supplementing our samples by additional zero s:nllPl's biained 7 spectral
resolution of the analysis. For 16-samples analysis W¢ s mples + 16 2¢10
lines and the side lobes were not dc(cchblc. |""I I[{:,:: representing side
samples analysis we obtained 13 spectral lines with !
lobes.
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The computation of the N-point Fourier transform requires N ° complex
multiplication operations. Thus, the calculation of the Fourier transform is
not a trivial task even for fast processors, because the time of computations
practically excludes this analysis in the real time systems. The turning point
was the invention of Cooley and Tukey (Cooley 1965). They proposed a
special algorithm allowing faster Fourier transform calculation. This
algorithm with some modifications is used currently in the Fouricr analysis
and is called FFT ~ Fast Fourier Transform. By applying the FFT analysis it
is possible to decrease the number of multiplication from Mo 0.5 Nlog:N.
For example to realize the 1024-sample DFT it is necessary to perform
1 048 576 muluplication operations and / (47 552 addition operations, while
the FFT analysis requires in such a case only 5 /20 multiplications (around
200 times less than in the DFT) and 70 240 additions (around 100 times
less).

x(n) X)) Xl X f<koy) (k)
n — (1) -

: F e
7 AW,
:[J—Eai‘_’.{mog,‘} tend

\ Wy

x,(n) %,00) A Lyl ) Kyl <kl
AT ey “pont] " -
fr2]= - B
/“.wf

Ll[i)..{r_;]i{") N/AD?:IdniJ Xl f ¥

#,(n) x(Zn+1)
-

i("..{) rzji“(f’,f(z:) ”’("H " ] V(n"l’)(‘_,/

Figure 5.‘69A The principle of the decomposition of the DFT procedure into two
stages (Mitra 2002)

lTho': !’FT 15 a ffnmily of algorithms that profits from the symmetry and
pgnfu!lcr}y of Fourier transform to increase the computational efficiency by
diminishing the number of operations. The DFT equation is divided into two
parts, even and odd sequence
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N/2-1 N/2-1 -
X(ky= Y x@uF"™ wh S x@nr gt (5.67)
n=0 n=0

The factor W, I‘v"" , known as the nwiddle factor, appears in both parts of the
equation and it is sufficient to be computed just once. Moreover, there are
only four different values of this factor and there is no need to compute them
SO many times. The computation of N-point transform is a rather difficult
task, therefore the sequences described by Eq. (5.67) are decomposed into
several sub-sequences finishing on the two-point DFT (Fig. 5.69). The flow-
graph of this algorithm is presented in Fig. 5.70.

The calculation of two-point transform is relatively simple and for
example the first transform from Fig. 5.70 can be expressed as

1
Xog(k) =" w0 () 3™ = x(0) + W5 x(4) (5.68)

n=0

This two-point DFT consisting of one multiplication and two additions
can be expressed by the butterfly flow-graph presented in Fig. 5.70.

==, , X
X W N
X(4) o= 5 s X(1)
Wy p N X(2)
x(2) T — G
- e N
x(6) © *'VV:." 3X(3)
i " X
k() o= wh
" X(5)
(5) \:ﬁ
" X(®)
%(3) 4 2 Wb
Y " xm
b WS Wi

5.70. The flow-graph of the decimation-in-time 8-point FET algorithm (Mitra
Figure 5.70.

2003)
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x(0)

th/(-

(4)
w22 —_q

Figure 5.71 The butterfly operation of the two-point DFT

The decomposition of the data sequence can be performed in the time
domamn (decimation-in-time) or in the frequency domain (decimation-in
Jrequency). Figure 5.70 presents the example of the flow-graph of the
decimation-in-time FFT algorithm for N=8. By using such an algorithm it is
possible to determmne the 8-point DFT by applying 24 multiplication
operations.

The FFT algorithms are described in detail elsewhere (Bracewell 1999,
Brighan 1988, James 2002, Mitra 2002, Sneddon 1995). Most of those
algorithms are of the basic radix-2, therefore it is required to provide 2"
samples. If there is a smaller number of samples it is recommended to
complete them by suppl ing the samples by the appropriate number of
zero samples.

Currently, tools for computing the FFI (and /nverse Fast Fourier
Tansform — IFFT) are available in ready-to-use form m many computing
platforms (for example in MatLab or LabVIEW), many measuring
instruments are equipped with FFT (for example digital oscilloscopes). The
calculation of the FFT is possible using scientific calculators or spreadsheets
(for example MS Excel). It is important that the FF'T exhibits all features of
DFT, because it is just a very efficient algorithm and not another transform

5.3.3. Short-time Fourier Transform and Wavelet transform

Usually. we analyze the signals in the time domain x(7) or in the
frequency domain X(/). The conversion between both domains is possible
with the aid of the Fourier transform. In many cases. especially in the case of
short transition signals, such dualism (the time domain or the frequency
domain analysis) is a limitation of the signal analysis. It would be useful to
have the possibility of analyzing the signal simultancously as the time
varying signal and as the frequency spectrum. Figure 5.72 presents the
example of such time-frequency analysis of a human voice.
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e S
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. 4.
Z:m 5 ¢ >
P ™™ ) g
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Arve e
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Figure 572, The result of analysis of human voice performed with Short o
Founer Transform (Rak 2004)

The demand of simultancous observation of the signal 10

time and
frequency domain is realized for a long time in music notation:
vertical position of the note on the

where the

+hy and the

? ave denotes its frequency “““im :

honizontal position the instant of time at which the note appears
5.108).

(see FIE
; 18
There s another important limitation of the Fourier \l’.\l\.\'lt‘zﬂl‘cl:lb‘c
required that the transform be reversible, This means that We 5\.‘?ul cctrum =
1o reconstruet the primary time varying signal from the f“f‘l“cnc'\ l?:‘;fun“ 4
for example using the Inverse Fourier Transform. But ““_‘“‘cr-"‘limc or the
corect only for stationary signals — signals not varying it ‘hLv compon®
frequency. We only obtain the information on which frequency
X515 i the signal and not how it varies.

analysts 15 the

The solution 1o this short time, non-stationary S'L"““s‘ ::len\ Fuurlcf.

development of the Fourier Transform called the (|||\§jdLE“ m the Ume

wansform or Short-time Fourier Transform STFT In ll:‘i l,:m )rlcd Sig“"‘l %
window of the analyzed signal is shified n tim¢ = the

multiplied by shifted time window function (Me

d by
or reconstricte
MWM). Thus, the non-stationary signal can be further
results of STFT distributed in time.

269
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The short Fourier time is expressed by the equations

X, /)= jx(r);(r—l)u_’"”dr (5.69)

-0

for a continuous signal, and

N-1
Xnk)= Zu{m).r(n—m)v_l"“z'd' ) (5.70)

=0
for discrete signals,

The function wt) or w(m) is the function of the time window. The results
of the limx:/l'rcqucncy analysis should be presented as a 3D picture. Usually it
15 presented as the frequency/time F(y) 2D picture called a spectrogram
sometimes supplemented by the x(1) and X(F) dependence — as presented in
Fig. 5.72.

The main problem of the STFT results directly from the Heisenbe
thearem on uncertainty (uncertainty principle). This principle states that itis
not possible to know exactly the time-frequency representation of the 5|ynnll
=1t 1s not possible to know what spectral component exists at what instant of
time. We can only know the time interval A ¢ in which the certain band of
frequencies Awm exist

At-Aw = const (5.71)

It means that if we can more exactly determine the time A then the
fiequency bandwidth A s less exactly determined (the improvement of the
uncertainty of determination of A 1 is performed on the expense of the
ul}ccnaimy of determination of Aw and vice versa). In the STFT. if the time
window is narrow we obtain good time resolution, but poor frequency
resolution. And if the time window is wide we obtain poor time resolution
and good frequency resolution. Because the STFT uses the time window
fu_nclion of constant width, the problem is to choose the correct width of the
window and it is not possible to obtain the solution enabling the analysis of
low frequency and high frequency signals with the same uncertainty.

This dilemma is solved in a much better way in the wavelet transform.
where the width of the time window is scalable. as illustrated in Fig. 5.73
The dimensions of the window can be selected by an adaptive method to
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obtain the best fitting to the analyzed signal. Instead of frequency in FOUltiL‘I'
Transform the wavelet transform utilizes the scale, which describes scaling
of the signal in time — compression or dilatation of the signal.

STFT Wavelet Transform
.
e EEam
L e ;
tme time
Figure 5.73. The dimensions of the time and frequency windows i the STFT and
Wavelet transform

Another important difference between Fourier transform and the wavelet
tansform is that the signal is not composed from the sine and cosine
functions, but from a finite set of well defined, limited in time wavelels. The
wavelets are scaled in the frequency domain (compressed or dilated) and
shified in time. There are !

I various types of wavelets: Haar, Morlet,
Daubechies, Caiflet, Symlet, ete,

Morlet Re

Morlet Im

Daubechios 4

Daubechies 8

ed pictures)
Figure 5.74. The examples of typical wavelets (approximated pietures
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The continuous wavelet transform can be expressed by the following
relation

w(r,.f):_'_ jx(/)y/‘[i;—’Jm (5.72)

TS

where s is the scale factor, r- is the time shift, and y is the mother wavelet
function.

N A

x(1)=y(1) x(t)=w(2t) x(W)=y)_ |

| > \J”

L T R

Figure 575 The scaling and shifting of wavelet (Rak 2004)

w29

The discrete wavelet transform can be expressed by the following relation

Wlk,s)=22 3 stnl2"n— k) (5.73)

"

In a discrete wavelet transform the signal is sampled in selected points of
the #/s plane, where the scale is selected as 2 and the wavelet shift is
SCICCIcq as 2°'k. This kind of sampling is called dvadic sampling.

As in the case of the Fourier transform, &lia() for the discrete wavelet
lmn'sfnnn there have been developed numerical algorithms enabling us to
perform efficient and fast realization of the transform. One of them is
developed by Mallat (Mallat 1989, Mallat 1999) algorithm known as the
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Mallat pyramid, subband coding or sometimes as Fast Wavelet Transform
FWT.

aproximation

detail

f=m/4 -2
f=m2-7n

Level 2 DWT coefficients
Level 1 DWT coefficients

Figure 5,76 The principle of wavelet filter decomposition (Polikar 2002]

~The subband multiresolution coding decomposition of the signal is
divided into two parts: coarse approximation and detail information. Tn Fig.
376 the frequency expressed in radians f=0- xis divided into two parts 0=
o2 and 7/2 — z. This decomposition is realized by passing the signal through
two filters —low-pass for approximation and high-puss for detail

Vhigh (k) Z.\(n) 22k -n)

n

(5.74)
Viow (k) Z\(n) h(2k—n)

X

. 1 - kind
The impulse responses a(n) and h(n) of the filters correspond t0 the kin

g 3 officients for
of wavelets used for o alysis, for example the filter coefficients
Daubechies wavelet of 4-th order are as follows

[1443 3+43
h(n) =
|42 " a2
; ; qbsampling the
: The procedure of filtering is repeated many times '.vlﬁcl' sﬂbiﬂzt?‘:‘ifFig.
signal by 2 (decimation) and next the details are determined, 5 Si¢
5.76.
The wavelet transform should be reversible —

. “oresentation. To perform
recover the time varying signal from its wavelet representation. iy

= 3 ¢ reverse
such an operation it is necessary to reconstruct the signal i th
direction as demonstrated in Fig. 5.77.

it should be possible 10
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DECOMPOSITION RECONSTRUCTION

(o} -+@—~  —~D—~[an]

Figure. 5.77. The wavelet decomposition and reconstruction of signals

The reconstruction of the signal can be performed according to the
following equation (Polikar 2002)

3= 3 0-gn s 2] [ 0 -n 4 200] - (575)
k=—x

Fig. 5.78 presents the example of the results of wavelet analysis with one
approximation wavelet and three detail wavelets.

F,“"" 5.78. Th‘, example of the wavelet decomposition of the signal: time varying
signal (s), approximation wavelet (a;) and detail wavelets (d, ds, dy) (after Rak 2004)
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Although the wavelet transform was introduced some time ago (this term
was used for the first time by Haar in 1909) the development of this
transform is still in progress. Therefore, a large number Qf books and olhcr.
publications on this subject is currently available (Addison 2002, Burrus

1998, Goswami 1999 Keiser 1994, Mallat 1999, Polikar 2002, Quian 2002,
Valens 2004, Walker 1999, Walnut 2001 )s

53.4. Digital filters

3.34.. Digital filters — an introductior

In comparison to the analogue filters described earlier (built from the Rf
clements and the amplifiers) the digital filters exist mainly as wmpu‘_“,
programs (thus they are some kind of virtual instruments) — although, lh_uul
are digital filters available in the form of integrated circuits. The ‘_“’-‘_"Fﬂ,
filiers can be easily modified by the software, including also the [“‘_Ss'kf?h:‘)s
of the alteration of the parameters during the filter operation, n .\s|-|cc1al,kll1ml
of filters, called adaptive filters. The performance of the filter dousl.:““
depend on the quality of RC elements, but some hardware factors can ,l o
their implementation (organization of the memory, speed of the proces:
cle).

ayin

“mhmmf:

- cquivalent
analogue RC low-pass filter and its digital equi

Figure 5,79 The

atively flat
- o N exhibit relativety *
The digital filters (as the analogue ones) should L\ll“‘]l be as narmow a5
characteristics in the passband, the transition band 5‘_1(‘\3|;(L!nions). and the
possible, the filter should be linear (without the phase i

& t i
tionally. !
o 3 . rershoot. Addi
step response in time should be fast and without oversh o into account
demanded to deliv

er optimal design (relatively slﬂ‘l’l"t" \m‘;k(::fcc\l‘! designe
the necessary time and number of numerical upcr.n\uult x’-r {han its analogue
digital filter has a performance of filtering much bet

counterpart.
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In digital filters the function of RC elements is realized by the delayed
element of the transmittance = (Fig. 5.79). Examples of two typical forms of
digital filters are presented in Fig. 5.80.

a) b)
x(n) ) xn)

Figure 5.80. Two main structures of the digital filters: the FIR filter (a) and the TR
filter (b)

In the filter presented in Fig. 5.80a the response depends only on the input
signal — this filter is without the feedback. This filter is called the I~u!/h‘
Response Filter FIR or non-recursive filter. Tn the filter presented in Fig.
5.80b the response depends not only on the input signal, but also on l.hc
output signal duc to the feedback. Therefore, such filters are called recursive
filters, or running back filters. If the unit impulse is fed to the input of such
filter, then theoretically at the output an infinitively long sequence of
mpulses appears due to the feedback. Therefore, recursive filters arc also

alled Infinite Response Filters IR

The transmittance of a digital filter is described by the dependence

NI
alk)z*
H(z)- )T((*)) : _lZ" (5.75)

g o
1 »Zl}(l\'): A
k=1

1 “w "o . . r
The term “infinite response” is slightly misleading because in real 1R filter
structures the impulse response reduces to zero in a finite time.
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2
]
3

The samples with coefficients b(k) are the feedback samples, while the
samples with coefficients a(k) are the input samples. In the case of FIR filter
the coefficients b(k) = 0 and the transmittance is expressed by

N-1
H(z)= za(k]:_k =ap+aiz +apz 2+ (5.76a)
k=0
or
N-1
yin)= Z“(k)-\’("_ k)= 11“.\‘(11)4 ul,\'(n—l)hlzx(n— 2)+,. (5.76b)
k=0

The expression (5.76) is the same as the expression describing the
convolution. Therefore the digital filter can be described by

v(n)=hin)* x(n) (5.77)

and according to the Eq. (5.48¢)
Yik) = H(k)- x(k) (5.78)
The characteristic of the filter is explicitly described by its impulse

response h(n) called also the filter kernel. Therefore the sequence of
coefficients h(n) is also called the FIR filter coefficients.

4 Hik)

T

32 28 242016 12 -8 -4 0 4 8 12 16 20 242832

4 b, ()
1 o A
"““‘_g“:m-"m'xuﬁl o &M g

¥ - T impulses in
Figure 5.81 The inverse Fourier transform of the rectangular sequence of i
the frequency domain
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It was shown in Section 5.3.2 if the input signal x(7) is represented by the
rectangular time window, then the output signal (after DFT) is rcprcscmcq by
the relation X7k) = sinx/x. We can invert this relation and ask which time
window of the input impulses x(7) guarantees that lhg output 1mpulse
sequence is represented by the “rectangular window in the frcqucncy
domain”. If the output impulses are in the form of a rectangular window we
obtan the ideal rectangular transfer characteristic of the filter. To answer this
question it is necessary to perform an inverse Fourier t_ransform of the
sequence of impulses multiplied by the rectangle window in the frequency
domain, as shown in Fig. 5.81. ) .

As could be expected if the sequence of the impulsces in the time dom.’uvn
is described by the sinx/x function then the response in the frequency dn.mil!n
15 the same as the frequency response of the ideal filter. Thus we can scc ]f“
the window in time function is crucial for the performances of lhg digital
filter. Tt would be the best case if such a window was similar to the function
Sinx/x,

o i o 5 g 'h eS¢
Two examples of non-recursive filters are presented in Fig. 5); 5 I‘“Lhu
i i I ' g e 3 . rd e ¢
filters consist of N+ / multipliers and N adders, where NV is the order ¢
filter.

x(n) ) [ An2) [ A #(n-3) i ‘ *n-4)
51 RN FECY . 7
e il o il
h(o) \ ny nr/ m‘/ \ h(/
\ \ \

e
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(=t b= *-}H -

yin)
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)

Figure 5,82 Two examples of the FIR filters

The higher the order of the digital filter, the better the frcqucncy.
characteristic (close to the reclangular one). But even a large number of
coefficients of the impulsc response does not guarantee that the response 1s
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rectangular with the flat part in the pass-band. There are always oscillations
in passband and stopband called Gibbs phenomenon (Fig. 5.83).

3) b)
A hie)

Figure 5.83. The comparison of two filters of the 51 and 101 order the impulse
response (1) and the frequency characteristic (Lai 2004)

Figure 5.83 presents the comparison of the frequency characteristics of
the digital filers of 51- order and 101 - order. We can see that the increase of
the order of the filter improves the steepness of the frequency characteristic
i the transition band, but does not remove the Gibbs oscillations. The way 10
decrease the ripples is to apply the appropriate window function (Fig.5.84)-

) '
| without | |""")‘
vindow |
J N

n
-

wwmkmr‘ »W Y.ml.mv.um

with Blackmal

Blackman window 4 win) window
\
\ (1M
A h(njwin) |
. |
i | -
T, 1'“““1_ o 1 g | [
——, -‘ur T \

ackman window and the
Figure 5.84. The impulse response of the filter with the Blackman window an
transfer frequency characteristic of the 63-order filter (Lyons 2004)
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The application of the Blackman window decreases the ripples in the
frequency characteristic, but at the expense of the steepness of !hlS
characteristic. There are many types of windows. Very uscful are the Keiser
and Chebyshew, because such windows enable shaping of the window by
appropriate choice of the window coefficients.

x(n)

Figure 585 The FIR filter with decreased number of multiplicrs

Itis possible to decrease of the number of clements in the ﬁ»",cr Mr.-l.wm?:
taking into account the symmetry of coefficients k) = h(N-F). The example
of such a filter structure is presented in Fig. 5.85.
5.3.‘3:c.Thc recursive R digital filters ics of

Figure 5.86 presents the comparison of the frequency QUELRCESIEY L0

recursive and non-recursive digital filters

IR |

IHGo)|

Figure 5.86. The comparison of the 5t order FIR and TIR filters (Lyons 2004)

The non-recursive filters are simpler in design and since they are without
feedback there is no problem with the stability of the filter. The non-
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i i 3 ive filters.
recursive filters have much better phase linearity than the recursiv :h S
But recursive filters, due to the feedback, enable us to obtain mu

3 uenc
other performances, most of all the steepness of the filter frequency
characteristic in the transition band.

» vith
Figure 5.87. The typical structure of the recursive filter (a) and the structure W
decreased number of elements (b)
e filters
Better performances of the reeursive filters enable us to dc_Sl%’;l :':;:rglcuﬂ
with a lower number of the multiplier elements and therefore -‘“L:d memory
be faster and lesy dum;\nding for the processing power m, or that they
requirements. The main drawback of recursive filters is the d‘.l;.‘lb .Lcundiliuns
can be unstable. 1t is neees Sary to perform analysis of the stability
among other the position of the poles in the z-plane. or recursive m_wr
Figure 5.87 presents the typical structure of the 6th order nts taking int®
Also in this case it is Possible to decrease the number of eleme
account the symmetry conditions

53.4.d, Reali n of digital filters y 1I deseribed earlie? -In:‘:
We can realize digital equivalents of pr:muc:I!b’ a Chebyshev, €1¢ T|‘-dc
important analogue filters: Butterworh, Besse ._U“‘_';' ors (Parks 1987, The
are developed various methods of design of digital i l"’r‘ analogue riale
2004, Winder 2002). Because procedures of dCS‘g"‘ ‘dcsl};“ an approP!
very well developed, sometimes it is rc:{sullilblc .“Thcrc are
analogue filter and then to convert it into digital one:
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conversion between analogue and digital techniques, for example the bilinear
transformation from the s-plane to the z-plane

=
SEdM= (5.79)
T|14+27!

On the market there are available professional software for filter design as
well s free programs on the Internet. Also, programming platforms, like
LabVIEW, Agilent VEE Pro offer user-friendly tools for filter realization.
Developed tools for filter design are also available in MatLab (Jackson 1995,
Lutovac 2000).

Digital filters can be realized practically in all computers equipped with a
data acquisition board. The digital signal processors DSP in comparison
with usual microcontrollers are equipped with a special module MAC
(multipli lator) suitable for digital filter realization. The
manufacturers of DSP usually enclose suitable Application Notes enabling
design of the digital filter — an example is Application Note No. SPRA6GY
published by Texas Instruments for digital signal processor TMS320C54x
(SPRAG6Y 2000).

InA _ tGfiercelisA Blasecn ot i ,(j(). mjaOKA
¢ G ki gl %
4 wmin € J T Z
SERS i wim |5
e - f
A & )’(l 2 | ous
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data |2
=L i E L
s DAl
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filter coll

[
versow g | "

’ e —

data in p—{zt1241]- 4 data ot
rm'nnenul T =y |
Vo  $->fregisior o}
o-frogtor 1} by 14
readiurite b-wfrog Bit multiphier
S-w{ragistor 3]"
sum in ! BREN RIIRC it d - somioit

Figure 5.88. The funcuonal block diagram of GC2011A digital filter chip of Texas
Instruments

-y
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Figure 5.88 presents the digital filter form of the 3.3 V chip dC\'CIDPL'd_b)'
Texas Instruments. This device enables realization of FIR, 1IR and adaptive
filters with 32-bit internal precision and 106 MSPS input rate.

334 Special types of digital filters

Digital filters due to their versatility are one of the most often used tools
in digital signal processing. Every year brings new achievements in this area.
Indeed, digital filters enable the realization of the special filters practically
possible only in a digital version. For example currently many TV equipment
manufacturers promote their produets as the TV with digital comb filters.

luminance

| chrominance
(colour)

4 (IMHZ)

Figure 5,89, The speetral lines of the TV signal

The signals representing luminance (black and white) and chrominar®
(color) utilize the same frequency bandwidth and it is necessary © .\’L’anlllc
them correctly. Thus, it is required to design a filter with multiple pass-bul i
and multiple stop-bands. This function is realized by the digita! comb ﬁ”fs
un‘d application of such filter improves x\gnlﬁcnnll\; resolution and e
mixing of a colors, ;

Juminance
e - chrominance
A ,,.G_)_ ‘\ delay \ i

i )

equency
e 2 camples of freque
Figure 5.90. The principle of operation of the comb filter um{ examp!
responses of such filter used to separation of the signals In ™

]
n2 o1 on o G
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The comb filter is realized by application of the delay element =™ (or
series = elements). Fig. 5.90 presents the application of such a filter to
separation of the luminance and chrominance signals in TV sets. The SONY
company developed special chip digital comb filter model CXD2073s
enabling high precision separation of signals.

Since digital filters are typically the counterparts of analogue RC filters,
the special kind of digital filers called wave digital filters — WDF enables
realization of practically all electrical networks, including LC filters, The
principle of wave filters has been introduced in the late 1960s by Fettweis
(Fettwers 1986, Lawson 1991). The Fettweis theorem enabled to digitalize
clectrical circuits composed of resistors, capacitors, inductors, transformers,
gyrators, circulators and other elements of classic network theory. The wave
digital filters are based on the traveling wave formulation,

[ ! A
| A K A i
(o 4 ¢ e/ J
V) £ \" Ly 7"]
l ) ¥ A 2t / -
B B =
e v R=1/C T
o
B

Figure 5,91 Functional equivalent of the on-port linear filter elements
The lincar wave filter elements arc derived from the clectrical
transmission line theory where the wave is reflected depending on the wave

resistance R (Fig. 5.91)

A(s)=Vis)+ RI(s)
g (5.80)
B(s)=V(s)=RI(s)

By substituting V(s)=sL Ifs) and after bilincar transform we obtain
B=-z"14 (5.81)

in the case of an inductor and

B=:"'4
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In the case of a capacitor. Thus the capacitance can be simulated by a unit

delay while the inductor as the unit delay in cascade with an inverter, as
presented in Fig. 5.91.

Figure 5,92, Analogue 1.C filter and its equivalent as the digital wave filter

b ment
The cquivalent elements of wave filter are rcprcscmcd by dcln)"l Cllf s
and mvertors. These clements can be connected to the filter C;nu'.s.n{s an
called waye adaptors, serial or parallel respectively. Fig. SPLIES
xample of realization of a digital equivalent of a LC filter.

S & l .
Salud|

1L
L»(X) &

i y 1(P)
Figure 593 Twq examples of wave adaptors: serial (5) and paralle

Figure
several ports.

The wave adaptors serial S or parallel P can conﬂ:‘i:a;c adaptors.
5.93 presents the examples of realization of three-po!
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5.34 f Analogue versus digital filters

Figure 5.94 presents the comparison of analogue and digital filters.
Steven Smith (Smith 2003) has compared two low-pass filters: analogue six
pole Chebyshew filter with / kHz cut-off frequency and digital filter with
sampling frequency /0 kHz and 128 samples in the time window. The
analogue filter was constructed using 3 op-amps, 12 resistors and 6
capacitors.

ANALOGUE FILTER

2 4 (Mg 0 4 time [ms]

DIGITAL FILTER

4 1Mz 0 4 time  [ms)

Figure 5.94 The comparison of the analogue and digital filter characteristics (Smith
2003)

The comparison of both filters, presented in Fig. 5.94 without doubt
indicated that the digital filter is much better. Tts characteristic is flat in the
pass-band while for the analogue filter 6% ripples are detected. In digital
filter we can observe /00 dB attenuation of the signal in the transition band
between / kHz and 2 kHz while in analogue filter such effect is for about 4.5
kHz. Also, the time response of digital filter is more linear and with smaller
overshoot.

However, in this comparison Smith also pointed out several advantages of
the analogue filters, The first advantage is the speed — to obtain fast digital
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filler large sampling frequency is required while an analogue filter can
operate without problems up to about 7 MHz. X

Also the amplitude dynamics of the analogue filter can be better. In 12-bit
ADC the quantization noise is (.29 LSB for 4095 bits which results in
dynamics of about 14:10°. In comparison, the dynamics of a typical op-amp
is about 70:10°. The frequency range of an op-amp is between 0.0 Hz and
100 kHz which is about seven decades. To obtain the same frequency range

m a digital filter for the sampling frequency 200 kHz it is necessary {0
process 20 million samples.

54. THE EXAMPLES OF APPLICATION OF DIGITAL SIGNAL
PROCESSING IN MEASUREMENTS

54.1. The spectral analysis

The spectral analysis is a versatile tool because by using it we obtain
almost complete information about all components of the analyzed signal.
We know which harmonic components are present, which components Are
dominant, the frequency bandwidth, the proportion of magnitudes of these
components, ete. The speetral analysis is crucial for acoustic measurements;
testing of vibrations, in medicine and other technical areas.

e 7 analysis in the
frequency doman
analysis

- spectral analysis
in time domain

R + time domain and
Figure 5.95. The two points of view at the signal: analysis ;ns::.lm‘ﬂ)k
analysis in the frequency domain (spectral analysis) (Agilent 150200,
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As illustrated i Figure 5.95 the spectral analysis is the observation of the
signal from another point of view. We are accustomed to performing the time
domain analysis ~ for example by observation of the signal on the
oscilloscope screen. Knowing this signal we can determine its rms value,
frequency, magnitude. Both kinds of analysis (in time domain and in
frequency domain) are complementary and reversible (if the circuit is linear).
Thus having results of the frequency analysis we can perform the synthesis
of the signal — and vice versa.

The significant step in the progress in frequency analysis was the
development of FFT analysis. Currently, the spectral analysis is available in
most digital oscilloscopes. On the market there are available special
mstruments called spectrum analyzers — usually these instruments are
sophisticated and expensive, but also simple and portable instruments arc
offered. An example of portable spectrum analyzer is presented in Fig. 5.96.
There are also available the spectrum analyzers in form of computer plug-in
boards, or special software (professional and freeware in the Internet). And it
is not difficult to design such spectrum analyzers by using standard tools of
MatLab or LabVIEW.

F'l!“r," 5‘96‘ The portable spectrum analyzer model R&S FSH3 of Rohde Schwarz
(permission of Rohde Schwarz)

V_Vc can pcrl"onn the spectral analysis off-line, but currently it is also
pomb!c to obtain FET results on-line in the real-time systems. The off-line
analysis is usually available in digital oscilloscopes — first we save the signal
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:nd n:lxl we analyze it. In the past typical spectral analysis required several
ccond of time, lod_ay due to development of fast computer processors such
opc:?non requires time less than several ms.
man;g;;rc. 5.97 presents l}}c operation principle of the spectrum analyzer
by in Lht? FFT legllnlque. The analogue signal is converted into the
fo%-m ech];h'w“h s:amp\mg frequency f,. Next the series of 2" samples is
e 1s series of samples is additionally shaped by the window
on. As the result of analysis we obtain the

: e 2 o
fi/nand in the bandwidth f, /2. mectal linespmth pericd

; Af=f/n
b i
/J\ﬁ/_‘ Iy Tt samples |1
= ADC n=2N wind;w I I l
‘Um \1 | samples * /\‘} G > ” ’h'L 12
s | n2lines

Figure 5.97. The FFT used as a tool for frequency analysis

Figure 5.98 presents a typical example of the spectral analysis. In the best
case the harmonics are represented by single lines — this is possible if we
perform synchronous nalysts. :

Tt is necessary to diseuss the vertical and horizontal scales of the spectrum
graph. Tn the case of continuous “O\ITI.Cl' analysis this problem is simple — we
obtain speetral \ines exactly representing }hc frequency of harmonics and the
\enpth of the lines represents the magnitude of harmonics. Tn the case of

Aiserete Fourier transform we can consider this method as the m=N/2 parallel
connected band filters which represent the frequency fi,

Jm= mr;—' (5.83)
s

For example, if we analyze the signal with f, = 3200 Hz and N = 128
samples as a result of the analysis we obain 64 lines distanced by 23 Hz. 1t
there is a harmonic of multiple of 25 Hz in our signal then we obtain the
spectral lines exactly representing such harmonics. But for instance the
harmonics of 60 Hz cannot be represented by a single line but rather by

several adjacent lines.
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gure 5.98. The example of spectral representation of the distorted signal for
snchronous (a) and asynchronous (b) FFT analysis (Matlab simulation for /, = 2
kHz, N =320, Ay = 2V, A, = IV, A;= 0.5V, f, = 50 H= (case a), /, = 54 Hz (case b))

asing the

Of course we can improve the resolution of the analysis by inc
number of samples, In our example discussed above for 1024 samples the
distance between lines would be 3./25 H-=, but also in this case there would
be no line representing exactly 60 Hz. The increase of the number of samples
causes mcerease of time necessary to analyze and the on-line analysis 1s very
difficult to perform. Moreover, also the screen of typical spectrum analyzer
exhibit limitation of resolution and usually the maximum number of lines is
about 200 - 300.

Sometimes the horizontal line is scaled not in frequency units but in

radian/sec. n such case the lines are distanced by 27/, /N and the range of

analysis is 7 /. After assumption that the /; 1 we obtain so called
normalized spectral characteristic with the range equal to 7 and distance
between lines 2z/N.
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The length (or rather height) of the spectral line should correspond to the

magnitude of the harmonics 4, . In discrete Fourier transform the length B,,
of the line for the real input signal is

N
By, =T/‘m

(5.84)

The length  of the spectral line is related to the magnitude of the
harmonic, but only in the case when the analysis is synchronous. If the
analysis is asynchronous then the spectral line is composed of several lines
due to the leakage effect described earlier, and even the line nearest to the
analyzed frequency does not represent the magnitude of such components.
Fortunately in most cases we are not interested in precise determination of
the value of spectral component but rather in the relation between these

components. Usually the height (Iength) of the spectral line is described as a
logarithmic relation to the reference value U,

/2 U At
dB =10log— = 20log (5.85)
B, 0
Figure 5.99 presents the spectrum analyzers employing filters. In this
circuit each filter is tuned to one frequency. In order to obtain sufficient
resolution of analysis it would be fiecessary (o use a huge number of filters.
For that reason such an analyzer is PSC([I tf_)r Visualization of limited number
of selected harmonics— for example in HiFi sound cqualizers.

LVD
display

Figure 5.99. Multiple filter spectrum analyzer
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f=var /4

o—— lungdle detector
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sweep J Jul\e

oscillator I

Ak

Figure 5.100. The spectrum analyzer with tuned filter

A large number of filters can be substituted by one or several tuned
filters, as presented in Fig. 5.100. But such solution significantly increases
the tume of analysis. Instead of a filter it is more convenient (o use a tuned
oscillator as shown in Fig. 5.101.

first
e e detoctor
o [ e [ ]
! T e | ter_ o
F F l

2

quartz | [~ fi ; “second ramp | ( V
e ==

Figure 5.101. The superheterodyne spectrum analyzer

The spectrum analyzer presented in Fig. 5.101 utilizes the old’'
superheterodyne principle. In superheterodyne the mixing of two signals
results in the signals on the output: £F, F-f, F+f,.... Using the filter we can

The superheterodyne was ly used for radio frequency signals from lower
LF to intermediate frequency 1F in all radio receivers — recently this technique 1s
substituted by the PLL digital technique
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obtain the signal of frequency F-f. This coarse signal can be further
processed to obtain better resolution in next step of mixing.

o

S8

o

2 § anitalias

g g fiter decimation FET
s and S&H fiilter

=Rl

=

§¢

=5

cosine
(digital)

Figure 5.102. The digital spectral analyzer type PSA (Agilent 150 2004)

The main advantage of the superheterodyne analyzers is the possibility of
processing signals with very large bandwidth — even up to hundred of GHz
which is practica

y beyond the range of digital FFT technique. The
superheterodyne analyzer is an analogue device. Recently, there ar
the spectrum analyzers combining advantag

available

s of both techniques — the first
step is the heterodyne device lowering the 4 nalyzed bandwidth to the level

convenient for digital technique (for example 50 kHz). Next, the FFT part is
used to perform the spectrum analy

presented in Fig. 5.102

An example of such an analyzer is
Digital spectral .m;llyy‘cr presented in Fig. 5.102 is a part of Performance
Spectrum Analyzer - PSA developed by Agilent (Agilent 243 2000). To
avoid great number of expensive anti-alias filters for various frequency
2 y

bandwidths there is only one anti-alias »ﬁ\lcr connected at the input, and the
\;\hd'\wsim\ {0 the various ranges is realized by digital mixing and decimation

‘\'\\\cr (hat reduces the sampling rate at its output to the rate needed for the

frequency span.

Another model of all-digital spectrum analyzer of PSA series of Agilent
is presented in Fig. 5.103. In this instrument it is possible to perform the

analysis using two techniques. In the first one, \md'\\'\ong\ FFT \cc\_m‘\qu; Q’«::\
be used. In the second one, the 160 narrow step msu\'\mon band.w'\d\h.d\g\ !
swept filters can be used. Because both §echnl|qu_c§ exhibit d\ﬁ:m 4
advantages it is possible to select the best lcch\\\c!ug individually for ana‘)::l;m
case (also in automatic mode). T)\c FFT un.ul'\'ns is (f\slcr —Afor exm;\p ¢ A
analysis of pulsed RF signal with dynamic 94 dB it requires 0.1 Si.s o
swept analysis Yequires for such case 3.') s while the dynamic m‘\gt st
dB. The c.umpromisc between dynamic range and speed is apphica
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several FFT. This mode is called muliiple — FFT. For presented above
cxample the 5 FFTs/span requires 0.37 s for analysis with dynamic range 104
dB.

auloranging ADC 30 MSPS
prete system 14 bits

Figure 5.103. The all-digital spectrum analyzer PSA of Agilent (Agilent 150 2005)

In the spectrum analyzer presented in Fig. 5.103 the Hilbert transform is
used to decompose the signal into In-phase I and quadrature () components,
Next, these signals are converted into the signals representing real part 7 and
phase ¢

—— Re (n)

"

cos2xf,nTs T
sin2af nTs

Figure 5.104. The quadrature sampling of the vector sigmal

x(t)

Figure 5.104 presents another technique of vector signal analysis called
quadrature sampling (Agilent 150-15 2004), The analyzed signal is digitally
mixed with cosine and sine signals. As a result we obtain both components
of the vector signal. It is possible to obtain the same result by mixing the
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analogue signal with sine signal and cosine signal (for ex.amplt.z I?y shif‘ung
the sine signal of 90°) and next by converting both signals into digital ones.

1)

Figure 5.105, The example of synchronous spectral analysis (a), asynchronous one

without window (b) and asynchronous one with Hanning window (c) (Agilent 150
2005) (permission of Agilent)

In spectral analysis important can be an appropriate choice of the wmdo.}v_
function. Figure 5105 presents the comparison of the results of the analyslf
of the same signal. In the synchronous case the results are cxc5'llcnl. In (!\L
case of asynchronous analysis the first line due to leakage practically covers
the other harmonics. But after _:lppl_ic:l\ion of the Hanning window the results
of asynchronous analysis are significantly mproved.

TIME WINDOW

input signal

'\ \ |\ wignal after window

ime sign: icati the window
Fis 5.106. The distortion of the short time signal afier application of

ure 5.106. 5 thy

fu&c\iun (Agtlent 150 2004)

i i i disturb the
Tn the case of short transition signals the window func\lqr‘; ‘:\‘:h tuafions
|\1l of lhr; analysis as demonstrated in Fig. 5.106. To avol
resul
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Agilent included in the spectrum analyzers the function “auto-window”
which automatically detects the start and end points of a short signal and
fitting the window function accordingly.

= digital time J
FFT
w buffer
b) -
time record | timerecord | __timer ecord |
FFT FFT [ EET|

time record

time record FFT
EET

Figure 5.107. The time buffer for real time FFT analysis

Only parallel connecting filters (Fig.5.99) enable us to pcrl‘ofm ‘lhc
spectral analysis in real time. The digital FFT usually requircs certain time
for analysis of the packet of samples and during this time incoming samples
can be unavailable for analysis, To avoid losing the data between the ADC
and FFT devices a time buffer can be inserted (Fig. 5.107a). The time Bificy
should be dynamically fitted to the time of analysis, which depends on the
frequency span. Sometimes, for very short signals the time buffer can be
substituted by several overlapping buffers, as shown in Fig. 5.107b.

IS
time

Figure 5.108. The musical notation as the example of the time-frequency signal
analysis



DIGITAL PROCESSING OF THE MEASUREMENT SIGNALS 297

mn?f‘: nrnt;al li‘x;:e FFT analysis (or described earlier Short Time Fourier
cnables to demonstrate both components of the signal — frequency

spectral and time analysi : ,
demonstrated in Fign,as?’ls(l);‘. It resembles of popular musical notation as it is

b)

it it

it '””:‘

Figure 5.109. The examples of the spectrograms of various sound effects: flute ()

singing voice (b), song of bird (¢) S flut
Richard Home) ©) and flying jet (d) (Horne 2005) (permission of

The time-frequency presentation of the signal is called a spectrogram
Four cxamples of spectrograms representing various sound effects are
presented in Fig. 5.109.

5.4.2. Digital signal synthesis

Digital signal processing used for analysis of the signals can be also used
for the synthesis of the signal. The most important development of this
technique is visible in high quality sound processing. Most of the audio
components are cquipped with  digital sound processor DSP enabling
sophisticated processing of the sound (for example supplementing the sounc
with artificial reverberation). On the market there are available various s0

synthetizers. Most personal computers are equipped with a sound board o
chip enabling the software processing and creating of the sound.
There are also available integrated circuits designed for signal synthest

and numerically controlled signal generation. Recently, the most popular are
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three systems: PLL — phase locked loop, DDS — direct digital synthesis and
AWG — arbitrary wave generators.

The PLL system is used for very exact control of frequency of the
generated signal. It is used in radio communication systems (including radio
broadcasting) as very precise tuned generator (substituting older
superheterodyne systems).

reference
quartz
oscillator
h fb“l
phase
AR filter vco

divide by N
counter

Figure 5.110. The principle of PLL frequency synthesis

The principle of the PLL synthesis is presented in Fig. 5.110. The output
signal £, 1s compared with precise frequency of the quartz oscillator /.. As
the comparing device the phase frequency detector PFD is used to convert
the difference of frequencies to the voltage. This voltage is used to control
the voltage controlled oscillator VCO. The value of the output frequency is
set by the change of parameters of the frequency divider. The precise setting
of the output frequency is guaranteed by the feedback.

a) b)
— XOR -

L
WA T q_{ B
TLILTLNT g g

L.

Figure S.111. The example of the PFD device (a) and the voltage controlled
oscillator (b)
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As the simplest phase-frequency detector a XOR type gate can be used -
m such a gate the output signal is equal to zero when both inputs are the
same (Fig. 5.111a). In PLL systems also more sophisticated PFD circuits are
used, so called PFD type 1T modules, in which the output signal is
proportional to the phase shift between slopes of two impulses. Usually, an
oscillator with the varicap type diode is used as the voltage controlled

oscillator (Fig. 111b). A varicap diode (indicated as DC in Fig. 5.111b)) isa
diode of the capacity depending on the voltage.

Figure 5,112, The example of 1C PLL device — model CD4046 of Fairchild

There are available integrated circuits of VCO devices as well & lhi
whole PLL systems. As an example in Fig, 5112 1s prcscnlcd the PLL cuculs
ype CDA046 of Fairchild, This device can work as the PLL oscillator Bt
avoltage controlled oscillator, ¢ 10

The PLL synthesis is performed i the frequency ‘I“,'"ﬂ‘“'.!)::csls
development of fast Processors it is possible to perform the signal syn 2
m the time domain (n real time) which is realized by the DDS Symml;flh:
direct digital synthesis enables us 1o generate the signal with synvmcsﬁ
frequency as well of the wave shape. The principle of operation ©
system is presented in Fig, 5,113, depending

The DDS system generates the sine wave with the [mqucnclllc input. To
on the clock frequency and binary number — funing word Mt “dclcm'lined
generate a fixed frequency sine wave phase increment, \\vhlchI ISk e
by tuning word, is added {o the phase accumulator with cach clock €3
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IR e = 1
phase
IN| delta I to ampli
O] phase converter
tuning register |
word M :
clock T DAC
IPHASE ACCUMULATORI
_________ Z ouT
filter
04f,
d fo=Mf /2"

Figure 5.113. The principle of operation of the DDS synthesis

The phase accumulator acts as a phase wheel presented in Fig. 5.114. The
sine-wave oscillation can be considered as the vector rotation around the
phase circle and each point of the circle corresponds to equivalent point of
the wave, One revolution of the vector around the phase wheel means the full
sine wave cycle. In the n-bit accumulator the wheel can be divided into 2"
points. Thus for 32-bit register we obtain the resolution of phase equal to
4294 967 296 points around the wheel.

M

clock

Figure 5.114. The phasc circle of the DDS system

In the phase accumulator with every pulse of the clock generator the
pointer in the wheel 1s moved by the binary coded input word A7. The output
frequency 15 determined by the M word
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M % fetock
Z"

M 'Ml ROM%RAM j H I__o:ﬂ'
mﬂﬁ]ﬂm rlll”lhm””" ﬂﬂﬂﬂhw /b

Figure 5,115 The signal synthesis in the DDS system

The amplitude of the output signal is formed by the phase to amplitude
converter related to the data registered in the RAM memory (usually this can
be the sine wave amplitude/sine converter algorithm).

Sou =

(5.86)

¢ o -2

phase 1 phase 2 AM modulation

programming registers \
= i

3 O‘;\_(ﬁ,a Ry \
e

Figure 5.116. Functional block diagram of the 300 MSPS Quadrature DDS cireuit ~
model ADY854 of Analog Devices

i SP
.~

Figure 5.116 presents the example of the DDS system — model P:D9.854
of Ar%alng Devices. The 12-bit 300 MHz enables the sy of




302 PRINCIPLES OF ELECTRICAL MEASUREMENTS

the output signal with frequency resolution / gH=. At the output there are
two 12-bit digital-to-analogue converters — one of them is controlled by the
signal shifted by 90° which enables us to obtain two components of the
output signal. The DDS can be used as a programmable generator. The phase
and frequency of a signal can be adjusted digitally by stored data or the real
time systems.

M, ::"

waveform
counter
memory fil Iter

clock H Cl‘:)'é'i':' IN (GPIB/RS)

Figure 5.117. The principle of operation of the arbitrary wave generator

The arbitrary wave generator AWG can be used as the source of signals
of precise adjusted frequency, phase and amplitude waveform. This
instrument is currently one of the most frequently used signal generators. The
principle of operation of AWG is presented in Fig. 5.117. The user stores the
waveform data in the memory and according to the clock signal desired

"x‘;nal is then reconstructed sample by sample and transferred to the DAC

phase accumulator

Mn

;Mnihud:;' g o filte “‘UT
| register [ DA('/ i)

]

3 phase Va [’pﬁse

register

} ~“ IN (GPIB/RS)

Figure 5.118. The DDS system used as the arbitrary wave generator

As mentioned carlier the DDS system can also operate as the waveform
generator. An example of the arbitrary wave generator utilizing the dircct
digutal synthesis DDS is presented in Fig. 5.118.
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. can be realized from
The arbitrary wave signal is programmable and can be r&-flhhsunablc
device memory as well as from an external device or computer via a

e b casuring
interface. In such way this instrument can work in computer m
system as the signal source.

543. Improvement of the signal quality and the signal recovery

Analogue methods described carlier as well as digtal ones nrc.lus(:;l;ﬁ
improve the quality of the signal. This improvement means firs e
rejection of the noises and interferences, Modem techniques are C‘“Z ol
feconstructing the signal covered by much larger noises. This s cnllum-céll i
recovery.  Signal recovery methods are very useful in bl‘u. signal
measurements where the signal (for example the cnccphulngmpxl) -largu‘f
used 1o monitor the brain activity) is accompanicd by ‘muc 1I (Iigim’
interference signals. Especially, digital methods are very efficient i

"ll(l.ljl’ IYI'U( e,

al many
The obvious method of signal improvement is to record the 5‘%n.dl:c)d in
umes and to caleulate the average value. This method is frcun“lu)lrcd from
digital oscilloscopes. Fig. 5,119 presents the single waveform mf: from 128
the oscilloscope sereen and the same waveform after averaging
records (Fig, 5.119h),

=8 b)

¢ Same
and the $

sope screen (3)
Figure 5.119. The noisy signal registered on the oscilloscope

crmission ©
et 150 2004) (P
signal after averaping from 128 records (b) (Agilent 150
Apilent)

ized
» synchroniZ
’ ctures should be YT e
To perform the averaging all registered I‘“-“"c:::ng( ¢ 7m0 value :gna\
mtime - for example they all should start with Cf‘v”’li averaging: The §
This type of averaging is called linear or cohere

the
hould start
stem shou

should be larger than the noises and the trigger S
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sampling for the same phase. It is also possible to use the external trigger
source to start the averaging in a precisely determined moment.

Because the standard deviation o of the average value depends on the
number of observations n (see Eq. 2.23) the improvement of the SNR for
coherent averaging is

SVRy _ A/Cme _ [-
g0 (5.87)
SNR Alo

“"‘“ SNRus 1 1) = 2010V )= 1010g N (5.88)

It is possible also to average the measuring results in the frequency
domain. Fig. 5.120 presents the averaging of the spectrum analysis. In such
cases 1t 1s possible to perform vector averaging, where additionally real and
imagmary components are averaged and then the modulus is calculated.

dB 4
0+t
-10 ¢
<20
f f
- . . . . . -
Hz 20 40 60 Hz

J,Llre 5.120. An example of the averaging in the frequency domain (Lyons 2004)

If it is not possible to perform coherent averaging we can usc rms
averaging (or non-coherent averaging). Tn this case we calculate average
value of several rms values of the signal. In this case the profit of averaging
is not as large as in the case of coherent averaging but we obtain the
improvement of the SNR ratio according to the relationship

SNR
L= 10/og i (5.89)

It is also possible to perform exponential averaging, in which to the
current sample is added the previous sample with selected weight «



305
DIGITAL PROCESSING OF THE MEASUREMENT SIGNALS

¥(n)= cx{n) + (1 = e )y(n -1) (5.90)

s e samples
100 200 (time)
| 1-a
Figure 5,121 The exponential averaging method
officient
9 " lower the coefficie
The weight factor ¢ can be set in the range ) -1, the lower

. stant
4 e i rease of the time cons
athe better is the filtering, but at expense of the increase "f‘,h averaging (¢
(as 1t g demonstrated iy Fig. 5.121). For exponentia
mprovement of the SNR depends on ¢

91)
SNR,.,, o I
——==10 log
SNR 0
nal after
the same $9°% © o,
the same signal after moving va,gi':sg
onginal signal moving averaging from 51 sam|
11 samples
l
Smith
e filter (
o ving averdE’
Figure 5,122, The reiection of noises by application of moving
2003)

ng

ol flter s the MY M
One of the most frequently used averaging dllg‘ll?r'oﬂ‘ the sﬂmpl‘;:adme

average filter. This filter caleulates the average ! UL(hc window arc

neighboring samples — it averages the samplc: n

sample. Thus it realizes the following operation
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M-1
1
(i)=— ) x(i+ 5.92
i) “,Z,,m J) (5.92)

The value M can be selected that M previous samples or M next samples
are used, but the best results are for the samples around the processed sample
(M/2 previous samples and M/2 next samples). Figure 5.122 presents the
examples of moving averaging results.

The averaging filters are very useful for the improvement of the images
affected by noises. The moving average filter calculates the average value of
the pixel and neighboring pixels., for example from the 3 x 3 arca as
demonstrated in Fig, 5.123a. The area used for averaging can be of various
values and shapes (not necessary the square one).

a) | | e I
[105 100 {120 105 100|120
4 | { { {
1100105 120 1001103 wui
,103’100 120 | 103 100|120
| ! | |
1

105+1004120+1004103+120+103+1004420  100.100.100,103,103,105,120,120,120

9

Figure 5.123. The central value of the 3 » 3 area calculated as the average value (a)
and median value (b)

Sometimes better results can be obtained with the median filter. The
median value is a value calculated in such a way, that 50% of samples are
larger than processed sample and 50% of samples are smaller. Practically,
the median value is caleulated as follows: the samples arc ordered from
smallest one to the largest, and next the central value is selected (Fig.
5.123b).

The median value is more efficient in noise rejection because extreme
values of the samples are rejected (in the case of average filter this samples
influence the processed value). Morcover, the median filters in better way
improve the sharp edges in the picture, while the average filters smooth the
edges. Figure 5.124 presents two examples of the picture improvement after
application of the appropriate filter.
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'CJ,,

% |
Figure 5.124. The im;

y ¢ (a) by
provement of the image quality of the noisy P'f:“m’;:,on of
“pplying of the Wiener filter! () and median filter (c) (Young 1998) (pe
lanT. Young)

To average the signal two me
signal averager or Boxcar ay
numerically the ay
coherent averaging

- digital
asuring instruments can be USCiI:JIE:IIcs
crager. Digital signal averager les and
alue from (he several recorded Sﬂ?:rll)
® Buaranteed an by appropriate triggering SYste™

crage v,

buffer 1 interface

memory 1
| e N\ — — .
1 m*(-;)———»\ ADC memory pc”:"“ili
% s gl 2 comy
i == 1 T _board | [
( DAC ‘11

sampling :
clock o
ey »\ gger " & WP ‘
| Lcontro
rager of Sigh 1
Figure 5,125, System block diagram of Eclipse Digital Signal AV 2
Recovery (Sipnal Recovery 2005)

e Dl S,
Figure 5.125 presents (he block diagram of the I:cllI;‘;‘“ 500 “{5}2‘
Averaper, At the NPUL is used 2 GSPS ADC circut (fu“fl o very s
DAC device at the nput enables precise control ﬂf"nl;sc“"c where B
operation 1t is possible 1o transfer the data to l!lv: hm.‘\v,;ml_lf curdS‘cd A
Processing is performed practically in real tume .(;10“ can be reped
streamed to hard disk g 4 MB/s). The data acquisit

! Described later — Section 5.5

B0
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every new record is added to the previous records and average value can be
computed. To perform coherent averaging a precise trigger circuit is used. It
is also possible to use the output trigger signal to start the experiment.

processed
signal

1 averaging
L I A =l results

gate

tri —_ —
dglg:;' gole trigger delay + trigger delay +
= vjdth 4 x delay increment 1 x delay increment

Figure 5.126. Boxcar average operation — waveform recovery mode (Signal
Recovery TN 1005 2005)

The boxcar averager (called also as boxcar integrator or gated
integrator) calculates the average value of the signal during the time of the
sampling gate (Signal Recovery TN 1005 2005). When the sampling gate is
open the input signal is connected to the integrating amplifier. As an example
we can consider the Boxcar Averager model 4100 of Signal Recovery. This
device can operate in two modes: the static gate mode and the waveform
recovery mode. In the static gate mode the device determines the averag
value of the signal during the pate time, which is fixed. This way it 15
possible to determine the average value of the small part of the signal — for
example peak value, In waveform recovery mode (Fig. 5.126) the gate is
swept with constant increment and this way it is possible to determine the
waveform of the processed signal (similarly to sample/hold operation of
osciloscopes)

Application of the correlation and convolution function can be efficient
for the signal recovery. Remember that correlation and convolution are
calculated in similar way, but with inverse direction of & sample:

correlation na(k Z (n)h(n+ k) (5.93)
N s
convolution x(n)# hn) = Z (ke )il — k) (5.94)

k=
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 signal if we look
The algorithm of correlation can be used to recover }hL fﬁ‘:lll l;;‘ ol
for the similar signal (correlated) lo‘lhc other known :i;cs (Fig 5127,
application is searching for the rafiar signal covered by n ( 1nsmiltccd il
Because the reflected (received) signal is correlated to lhu. ra ol il
itis possible to find it even if the noises are larger than the use

N

signal ransmited
=
- s

- 2. s

signal received

M

n
signal of conelat

Figure 5127, The example

fihe
radar signal

ccovery 0
> ed for the rec0
of the correlation algorithm used for

Also  very useful for signal processing can be l“’l";l[_!“u
deconvolution algorithm. As we discussed earlier the uum“.qpuﬂs"
filter yn) can be determined if we know the impulse 1S
coefficients) in)

olution and

0
(filter

(5.95)
vin) = x(n)* hin)

jmpul
o with !
Jirtual filter m
We can invert the problem assuming that a virtud xanmf
fesponse hy,. (1) is

For X
raronceS:

; 2 interferences we €
> Fesponsible for the noises and interiere scording

I we analyze the noisy

determine such filter p

ause between musica o the v
arameters, l‘\luxt we can try (0 :\‘l:‘;“:, js the 0P
the musical record performing the deconvolution “"Isc;cswnst e
signal x(n) if we know the output signal y(n) :md. "“P(‘I'_'w"\,o utio! a(hc filter
An interesting example of the application of the l:c espOnse &{f et
15 presented in Fig. 5128 [ the first step, th |mP;l‘; 4 n“b-ic‘-\l s
representing the original signal was dclc""‘““fl. :cspoﬂs‘: Wi qalt pure
(from the Baroque time). Next, this nmnul’f 4 record. As & 1€
reconstruction of the old, disturbed and damage
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sound was obtained (without noises and distortion): moreover, this
reconstruction was not only technical one, but it also recovered the musical

character of the Barogue period.

recorded sound signal

the signal after reconstruction

Figure 5.128. The sound signal reconstructed afier application of the deconvolution

algonthm (Czyzewski 1998)

The deconvolution function is widely used for improvement or
reconstruction of images. There were developed various filter impulse
responses, called mask or kernel. Such masks can improve various features
of a picture: the edges (smoothing or enhancement), contrast, color, ctc.

The calculation of the convolution in the time domain is rather difficult
and time consuming. Even more difficult 15 the calculation of the
deconvolution in the time domain. Both operations are much casier to
serform in the frequency domain taking into account the relationship

vmy=x(n)ehln)  Y(f)= X)) (5.96)

To perform the convolution operation in the frequency domain it is
necessary:
- to calculate the Fourier transform of input signal and impulse response X7/),

Hi)
- to multiply both transform (both components real and imaginary),
= return to the time domain by using the inverse Fourier transform.
Figure 5.129 illustrates the realization of the convolution operation in
time and frequency domain. The multiplication of the transform can be

performed according to the relationships
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(/)= H(r)xx(r) 97)
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The deconvolution algorithm is very useful for image processing, for
example when the picture is blurred. Usually, to perform the deconvolution
the impulse response is used (called in the case of image processing point
spread function PSF). When the PSF is unknown or poorly determined then
special iterative techniques called blind deconvolution can be used for the

picture reconstruction.
5.5. DIGITAL MEASURING INSTRUMENTS

5.5.1. Digital multimeters and frequency meters

As the digital measuring instrument we do not mean the instruments
where the pointer is substituted by the digital display but the instrument
where most of the operations of signal processing are performed digitally
(Rathore 2004). In some arcas digital measuring instruments have practically
replaced analogue ones. For example portable, universal measuring
instruments (Fig. 5.130) are available everywhere with prices comparable to
ormances much better. Similarly precise

analogue ones but with perfc
| / s (multimeters) have practically supplanted

the analogue instruments.

Figure 5.130. Two examples of portable digital measuring devices
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~ Fig. 5.131 presents the block diagram of a typical digital instrument. The
Input circuits contain the conditioning circuits: voltage dividers or amplifiers

for measuring the voltage in various ranges, shunt resistors for current
measurement, sup

ply source for resistance measurement, DC/AC converters.
P,‘e g"la;“llle of a typical input circuit of a digital multimeter is presented in
12.5.132,

circuils

o OuT
(GPIBIRS)

logic
control

Figure 5.131. The functional block diagram of typical digital measuring instrument

Usually in the case of DC measurements the input circuit is separated by
the capacitor. Therefore AC and DC measurements are performed separately
and the resultant value is determined according to the formula (2.36). On
certain instruments it is indicated (usually as “AC+DC") that it is possn_hlc to
measure both components of the signal. To measure the AC values in the

input cireuit s inserted AC/DC converter. If this converter calculates fllf rms
value of the AC input signal ofien such instrument is indicated as “True
rms’.

eter
Figure 5.132. The input circuit of the typical multimete
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The logic circuit controls all functions of the instrument: automatic
change of the input ranges (in certain instruments), triggering of the
measuring cycle, control of ADC, saving the data into memory, etc.
Sometimes the instrument saves a certain number of last measurement results
and these data can be transmitted through available interface. More
expensive measuring instruments are equipped with GPIB interface, cheaper
ones with serial interface R$232 or USB interface. The interface enables us
not only to transmit the data to other external devices (including computer)
but also allows controlling the instrument by the external computer system
(for example change of the ranges or functions).

a) u

et

& -
AN o

Figure 5.133. The input circuits for capacity measurements

Typically digital multimeters enable the measurements of voltage,
current, resistance, often also frequency. Sometimes the measurement of
capacity is possible as well. Fig. 5.133 presents two cxamples of the input
circuits designed for capacity measurement. In both circuits the measuring
process is divided into two cycles: in the first one (switch in position 1) the
measured capacitor 1s charged from the voltage source {/,,, connected by the
resistance R. In the second cycle (switch in position 2) the capacitor 1s
discharged.

In the first circuit (Fig. 5.133a) measured capacity is proportional (o the
charge O and

7
Jull
O & (5.99)

Wers Urer

Thus m the output of the integrating circuit the signal is proportional to
the measured capacity.



DIGITAL PROCESSING OF THE MEASUREMENT SIGNALS 313

In the second circuit (Fig. 5.133b) the measured voltage across the
capacitor increases exponentially

U, =U, li-e"'%¢) (5.100)

After a time equal to the time constant = RC this voltage reaches value
0632 U,.. If the voltage U, is connected to the one input of the comparator
and to the second input is connected to voltage 0,632 Uy then the
comparator closes the gate after the time equal to the time constant. Thus we
abtain conversion of the measured capacity into the time period. Ifto the gate
is connected to a reference oscillator the digital counter directly mdicates the
measured capacity.

The integrating device is most often used as the :mnloguc-m-digllﬂl
converter. Sometimes it is substituted by the delta-sigma converter, scldor.n
by the SAR converter. The advantage of the integrating converter is that 11_"5
chicc 15 insensitive to the interference of frequency corresponding wih

imtegrating time (most often it is 50 Hz interference).

- S b

Fluke 2003)
Figure 5.134. The examples of the ScopeMeter instuments of Fluke (

(permission of the Fluke Corporation)
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On the market there are also available extended measuring devices
combmning in one instrument functions of a digital multimeter and an
oscilloscope. The example of such devices (called sometimes ScopeMeters)
are presented in Fig. 5.134

Currently, there are available various types of digital multimeters and the
portable multimeters sometimes exhibit performances comparable to the
parameters of laboratory ones. Table 5.5 presents a comparison of typical
performances of digital multimeters,

Table 5.5. Performances of typical digital multimeters
P!

type portable lab instrument precise

model 110 34401A 2002

manufacturer Fluke Agilent Keithley

Number of digits 3%(6000) 6% digits 7% or 8Y4 digits

measure UL R, C, £ U, LR, ULR,f,T

DC uncertainty 0.7% 0.0035+0.0005% 0.0006+0,00008%

R, in DC voltage 10MQ ~10 GO ~10 G

200mV measurement

AC uncertainty 1% 0.06+0.03% 0.02+0.01%

bandwidth 50500 Hz 10 Hz- 300 kHz | Hz—2 MHz

Speed of readings 40/5 1000/s DC, 50/5 AC— 2000/s 4% digits

memory = 512 readings 30 000 readings

interface - RS232C , HPiB GPIB o M
W Fd s s dsddssdussans ES

a1 o o o

h‘l_ B o 1=

— e

ren

H —— W W W W

Figure 5.135. The laboratory multimeter type HP 34401 of Agilent (Agilent 2005)
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Figure 5.135 presents one of the most popular digital multimeters, ITP
34001 of Agilent. This instrument cnables measurements of volmgus%
currents (both DC and AC), resistances and frequencies with uncertainty u.
about 0.004% DC and 0.1% AC. In the case of measurements of AC \':IIUL}
the instrument operates as a DC voltmeter with AC rms/ DC c9nvcner. Itis
also possible to determine a maximal (peak) value of the input signal. ;

An another operating principle is used in the umc/frmucﬂc}
measurements (electronic counters). Fig. 5.136 presents the block diagrams
of the frequency meters (Fig. 5.136a) and period meters (Fig. 5.136b). In ‘h;
case of frequency meter the triggering input circuit converts the mcasurc)
signal to the rectangle waveform and starts counting. The signal of the

standard quartz oscillator afier frequency division opens the gate ff{f‘f
precisely set period of time. The number of pulses counted m this time
period is a direct the measure of frequency.

a)

b)
W o gt
‘ % counter

counter I N A
o ol o)l 1 o)
o \\ el =
‘ &
oz \ o

BT

Figure 5.13¢ Digital measurement of the frequency (a) and perod (b)

P g ime

For the low {requency signal the gate shuulq be open ft“' ';‘—lo:sms"
Pertod (o obtain sufficient resolution (sufficient 11}1n1bk‘flllc frequency
Therefore, for low (i equency signals it is hcllcr. (1) -\'“l_)‘“mllELuf {he gate are
Measurement by the period measurement. The ipth :“g“::d or multiple 0
reversed. The measured signal opens the gate for ll‘u pcrmc measure of the
periods. The pulses of standard oscillator are coul\&k_l :: width of the pulse,
period. Typical frequency meters enable also to measu ;
phase shift and time. histicated and expenstve

On the market there are available rather h"‘P f‘.’“‘;wm' Using an A
digital impedance meters (or capacity or mducmn;:m CA:;“W using fhree-
voltmeter it is possible to determine the value of unp
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voltmeter method (Fig. 5.137). According to the phasor diagram presented in
Fi1g.5.137 we can write following relations
2 0 i

s Hi=ly =0 (5.101)

CosQ = 30,0,
(5.102)

(5.103)
(5.104)

Instead of three voltmeters it is sufficient to use one voltmeter connected

to the three signal sources U, U and U..

R
=

L))
@ | .

Figure 5.137. The impedance measurement by three-voltmeter method

5.5.2. Digital oscilloscopes

Figure 5.138 presents the block diagram of a typical digital oscilloscope
We can notice in this diagram similar functions as are present in the analogue

mstruments: triggering circuit and horizontal/vertical position logic
mificant differences of the operation principle of digital
loscope, the manufactures take into account certain

Although ther
and analogue os
tradition and equip the digital instrument with very similar functions as are in
the analogue instruments.

The main differences between the digital and analogue oscilloscope are as
follows: after conversion of the input signal to digital onc all operations

(signal processing) are performed digitally, in digital oscilloscopes usually

there is storage function enabling simple recording and reproduction of

signals, due to the digital processing oscilloscopes are equipped with various

additional functions, such as FFT analysis, averaging function, integration of
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the signal, measurement of the value and frequency of the signal, etc (Banks

1997, Hickman 1997, Kularatna 2003).
horizontal
osition

91N
I

input TR
circuit |

)
f requency
Synthesis
oscillator

Figure 5,138 Block diagram of o typical digital oscilloscope
ed

h} the analogue nstruments the picture on the screen was S,I:Tl:hc

ntificially — by appropriate fitting of the synchronization {fequency i

wsted signal frequency. Tn the case of k‘lgi{;;l conversion the rcl‘f}’dﬂ":r ignal

i e rePTesenting signal seems to be much simpler. After NEs

the mnput v E

- o and as resul
& I‘\hd[l\.' 1S sampled according to the clock impulses m‘ling is calle
obtam series of samples (Fig, 5.139). This kind of samp nd the
Sequential sampling s

g al

; S memory
Teprod We can save this sampling result 1
eProduce the sipng) “sample by sample” on the screen-

d
recorded/reproduce

i jgnal
input signal sig

Al ‘l
.
=

R4 sampling
Figure 5.139. The signal before and after sequential S377
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It is important to fit the time axis to the clock impulses. Of course it is
possible to reproduce the picture on the screen directly, bypassing the
memory circuit. In the case of digital processing it is possible to reproduce
pictures of many signals at the same time — the multi-channel operation is
much simpler than in the case of analogue instruments.

In the input circuit apart from conventional attenuators there should be
inserted a sample-and-hold circuit and an anti-alias filter. This filter is very
important, because if the frequency of sampling is too small due to the
aliasing effect the processor can fit to the sample an incorrect signal (as
illustrated in Fig. 5.140). The observer will see the signal of lower frequency
(continuous line) instead of correct signal (dashed line).

Figure 5.140 The aliasing effect in digital oscilloscopes
¢ but at

The digital technique solves many problems of the analogue
the same time some new troubles emerge. One of them is that analoguc
operation is true real time (small time delay 1s negligible). In the case of
digital operation the sampling, saving and reproduction needs time, which is
not always negligible. The solution is to use fast analoguc-to-digital
converters, with sampling frequency / G/1= or better.

Another problem is the frequency limitation of typical analoguc-to-digital
converters. Even if we use / GI/z converter the bandwidth is limited to about

500 MIH= (which 1s easy attainable by analogue instruments). One of the
methods of increasing the number of samples is multiple-point random
sampling i which the same signal is sampled several times with randomly
shifted samples (Fig. 5.141a). In such tcchnique very important is to
reference the sampled wave to the trigger point.

In sample-and-hold technique (Fig. 5.141b) cach sample is shifted by a
small time increment. In this way each time other point of the signal is
sampled. Knowing the time interval it is possible to reconstruct the signal,
although we sampled it only with too small sample number per period (in our

case one sample per period).
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can obtamn various results — for the pulse a we approximate the slope by the 4
line, while for the pulse b by the B line.

Placement of pulse b (exactly in the same time as the sampling pulse)
results in the interpretation of the rise time as the /.6 7,. This is the most
disadvantageous case. Thus the shortest detectable rise time is

.6
(= o et (5.105)

5

We can say that the larger the sampling frequency the easier it is to
reconstruct the signal because we have more samples. It is assumed that the
useful storage bandwidth USB depends on the sampling frequency

US‘IZ:'/—‘ (5.106)

where C = 2.5 — 25 is the coefficient depending on the method of wave
interpolation. When we do not interpolate the wave (the shape is
reconstructed from the sampled points) the coefficient €' = 25. When the
points are conneeted by Iine (lincar interpolation) it is assumed that ¢~ 10
guarantee correct reconstruction. When we interpolate the sampling results
by the sine wave, C' = 2.5 is sufficient. But we can use the sine interpolation
only when we are sure that the investigated signal is a sine wave (for the
rectangle pulses the error of sine wave interpolation can be significant).

oIk

M Trig'd M Pos: 18005 MEASURE
LAAE 24

i B
=

1.000kHz

o

516V

Cy%s
254V
-y Period
= 1.000ms
5t CHI 7 om0y

Figure 5.143 The example of the screen of digital oscilloscope — model TDS 220 of

Tektronix (Tektronix 2005)
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Modem - digital oscilloscopes can be used as the inslmmcnl. fodr
senvations of the signals. But duc o the enhanced storage capabilty an

@l processing possibility this instrument can be used as a recorder orls0
s measuring and anal

yzing device (for example for FFT analysis) Fig\:;
3143 presents the example of the screen of digital oscilloscope. 1Uis pos! i
wobiain also a multicolor picture of investigated signals. Fig 3! i

2 of the most popular digital (xsci\lnscupcs — oscilloscope of Tektronix

R 099,

Figure 5,144 1,

N
(Tektronix 2005)
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U, =1(U) &

multiplier

integrator

U, =1(1,)

Figure 5.145. The power to voltage converter using the multiplier device

Another frequently used power-to-voltage converters utilize the Time
Division Multiplier TDM principle. The example of such a converter is
presented in Fig. 5.146. The sum of the first voltage U, and the reference
voltage U, is connected to the input of the integrator. The integrator output
voltage increases linearly by the time period 7; to the moment when it is
equal to the value of the ramp voltage U, connected to the second input of
comparator. In this moment the switches are changed over and at the input of
integrator the difference of voltages €/, and U, is connected. The output
voltage of integrator decreases by the time period 75 and

(U, +U, )1 =-(v, -U, )T, (5.108)
The width of impulse depends on the U, voltage

TpT,-v—’—j-'- (5.109)
R

Time 7, is the period of the ramp U, voltage. The output signal of the

comparator switch also connects to the second integrator voltage (7. or -/,
respectively. Thus
7l T1+T2 .
o,
Uow = J’uzu)‘//- qu(r)(/: =Uy(fi-T;)= TRLL’ (5.110)
0 71 !

! The output voltage is the waveform of impulses with the width of the
impulse proportional to the first voltage U, and the amplitude proportional to
the sccond voltage Us. According to the relationship (5.110) the output
voltage is proportional to the result of multiplication of both voltages U;-Us.
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Figure 5.146. The TDM multiplier

: l‘lg-' 5.147 presents the IC all-digital power and energy converter. Two
input su.gnuls after analog-to-digital conversion (delta-sigma 16-bit 430 kHz)
are digitally multiplied and at the output there is signal proportional to the
power. The frequency output is adapted for electromechanical counters and
2-phase stepper motors. The uncertainty of conversion is (,% for power and
0.1 for phase.

control logic

Figure 5.147. Energy metering IC — model ADE7757A of Analog Deviees (A““l"l
Devices 2005)

Fig. 5.148 demonstrates the enhanced version of 1C energy and pOWer
converter. This circuit is supplemented by two rms converters and an
additional multiplier. Due to this add-on elements it is possible to determine
also apparent power and energy (V4 power), as well as s values of current
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and voltage. It is also possible to determine the period (frequency) of the
voltage signal. The circuit 1s equipped with two outputs — the frequency one
for energy counters and a serial one for communication with computer

measuring systems.

digital to
frequency [—©

=\ conv.

|offset

multiplier

multiplier

Figure 5.148. The active and apparent energy metering 1C — model AD7763 of
Analog Devices (Analog Devices 2005)

An interesting extra clement is the integrator in one of the channels. This
integrator enables the converter to cooperate with inductive sensor of current
(for example Rogowski coil) where the output signal is proportional to di/dt.

NTELLIGENT DATA ANALYSIS
5.5.1. The artificial intelligence in measurements

The methods, algorithms and instruments described in previous chapters
psuully operated in precisely determined conditions. But often the measuring
nstruments work in varying conditions where parameters of the measuring
df:vwg:s should be changed according to the unexpected deviation of the
situation. In such cases we should use adaptive measuring methods.

Thl.‘ adaptive methods are used when the analyzed phenomenon 15
funblg_uuusly described or we do not have sufficient information about the
m‘vcsllgulcd object, when the conditions are varying in an unexpected way
(for example external interferences and noises), when we do not know
exactly which algorithm of operation is the best. Thus the adaptive methods
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8 . e best solution. For
Tequire non-routine operations and selective choice of }ht bL'SllS(:[lc"lgchc)
e T . se intelligent methods (or artificial 1
such operations we have to use inte lig 3
(Berthold 2003, Widrow 1985, Zaknich 2005). ith the development of
The term artificial intelligence appeared T‘“ B
computer technology. Even the phrase cmnpmal:mml»lAnlLc mgvny et
The main question is: can the computers learn? This :lmmcnls sppoced
reserved only for the human brain. However, modem l‘n e data, but they
by the informatics are able not only to analyze the HTLU":CdaS“umm“s
can also predict the result of an action or adapt to unczpt‘fl“c methods which
The adaptive methods often imitate the natural a ap! ® st of all by
are used with success from thousands of years by nnl}\let-‘”."_ﬁ”_“l i)
biology. By imitation of the human brain‘ucll\'ll)’ ! IL human way of
networks ANN were developed. By the imitation of ,“;;cnauon of the
thinking the fuzzy logic methods were developed. Bzi o
evolution process the genetic algorithms were developed.

55.2. The adaptive filters

o eastly modified 11
Digital filters are programmable and therefore they are :;‘l‘]' Change therr
on-line mode. The filters, which are able to lc-a?;lch‘ﬁ""“ are calle!
parameters under the influence of varying conditions. S Boroujeny n
adaptive filters (Bellanger 2001, Diniz 2002, Forha e g\‘ndll’“‘"f“
Haykin 2001, Sayed 2003). The most frequently “;\.CLllmthf Jeaming F"‘c“; 5
" Square LMS method (Haykin ZU"-’? g signal u(n) and lw
the output signal yn) is subtracted from the rcfcm!'u“-‘_ the weight I g
difference e(m) (eror) is used to adapt the s\:“"'“\\I\'L‘rmr:|slh°5“":l“s
cocfficients . We caleulate the estimated value £ :ll:“ {hc minimum of
the squares of these differences and next we loo
sum (derivative cqual to zero)

15 the least mea

3 : ) A1)
I‘\Xh\(“‘\ lf\Z[l:lﬂ)—J‘(!t}]')

-0 =0

(S,Hlb)
a2, :
oh s minmal.
1 (he error 1 s
sients until the € the nois
The alporithm modifies the filter c"cfﬁ.L.IL(’:‘li:r we can conS::c‘;hc output
As an example of application of the ‘.\dﬂP"_‘_L is subtracted
rejection method. The signal of the nm:jl(_;' {he paramete
signal and this difference can be used to
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The classic application of such filter is the recovery of the signal from the
noisy background - the so called cocktail party problem, when we try to
select the voice of the interlocutor from the background (other conversations,
sound of orchestra, glass clinks, etc). Consider the similar situation when we
attempt to select the voice from the noise of a car engine (Fig. 5.149). From
the detected by microphone signal (voice and noise) we subtract the signal of
noise (detected by other microphone — distanced from the voice source and
close to the car engine). The signal of error ¢, influences the filter
cocfficients / until the interferences caused by the engine are rejected.

signal + noise

signal
1 e,

) S\ signal + noise ’(\
59 »{/—f-- 5
|4 ] For out

recovered signal

-

Figure 5,149, The adaptive filter used for noise rejection

The conditions for efficient performance of the adaptive filtration of the
noises in the example described above are as follows: the noise in signal and
reference noise should be correlated and signal and reference noise should be

on-correlated.

One of the most frequently used adaptive filters is the Wiener filter. The
ypical structure of the Wiener filter is presented in Fig, 5.150. The output
signal of the investigated system y(n) is sent to the input of the filter of the
M-order and at the output of the filter is

M-l

m)= Y hyyln—k) (5.112)
k=0
The error signal is
e(n) = x(n) = ¥(n) = x(n) ~hy (5.113)

where x(n) is desired non-disturbed signal, h is a matrix of filter coefficients
and y is a matrix input signals of the filter y [ym)yn-1),...y(n-M-1)]
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Figure 5.150
he example of the Wiener filter (Vaseght 2000)

of the sum of

The condit
e
of optimization of the filter 1§ minimal value
s of the

square of the ¢
4 o .
optimal Wicner ?\‘: ¥ ¥ 191 cquation (3.111) we obtain ¢ ondition
er (Wiener-opf conditions) (\’ascghi 2000
A, 514)
gu\:\\ and Txy 18
al y(1)-

ships

where R

: w 18 the ¢

correlation mmri\\\ autocorrelation matrix of the y(n) §

¥ X between the input signal x(1) and the inpt s

For the opti

i mzat ;

n the \’rc(\uc‘nc\?“" ation of the filter it is convenient 0 use the relation
¥ domain, The expression (5.114) can o rewritten o

M-\
115)
Zhu‘ =Ryt =Y B E
n k-0 Y ) z’“(")‘
"
After ¥ ; ;
ourter transform the filter coefficients are
: sAN
e L :
Py

where P,, is the ¢ - >
:;:cdm of ’A\"(I‘}]L cross-power spectra of ¥() and X() 4 Pyl {
Je o e ; ‘ :
‘\\" J.m also obtain the expression (5.116) 85 e i of the s o
e dependence F()=X()-HHY(D.
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If to the signal x(n) is added the noise signal s(n) the expression (5.114) is

h=(R,, +Ry)'ry (5.117)

where R,, is the matrix of autocorrelation of noise signal.
Respectively in the frequency domain (for Y(f)=X(f)+S(f)) the expression

(5.16) is

Pal/) (5.118)

e et
L P () +Py(f)

where P, and P, are the power spectra of signals X¢/) and S¢f).

Dividing the numerator and denominator by power spectra P, (f) and
substituting SNR(f) = P..(/)/P..(f) the relationship (5.118) is often presented
as
g il A]S (5.119)
SNR(/)+1

To determine the filter coefficients it is necessary to know the power
speetra of both signals (or SNR ratio). This is not always possible and
thercfore it is assumed a character of the noise, such as the white noisc.
Sometimes (he power spectra of noise can be determined experimentally, for
example in the silent fragment of the restored musical noisy record.

We can use the adaptive Kalman filter to determine the estimated value of
the distorted signal (Grewal 2001, Haykin 2001, Ristic 2004, Zarchan 2000).
The Kalman filter is the optimal recursive data processing algorithm utilizing
prior knowledge about the investigated system to produce the estimate of
variable in such a way that the error is minimized statistically. And it is very
important, taking into account the subject of our book, that the Kalman
algorithm includes also the measurement uncertainty.

The Kalman theory is based on the state-space approach in which the
slate equations are used to predict the signal or state parameters based on the
observation of previous samples. Thus it is a real learning system because it
works according (o the recursive adaptation formula (Voseghi 2000):

next parameter estimate = previous parameter estimate + update
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e(m) @ x(m) y(m)

Fi
RUre 5,151, The model of signal in the Kalman filter

For Sxample the stag

¢ equati i isy si - written in the
form (Voseghi 2000) € equations of the noisy signals can be written in the

x(m) = D(m,m—1) x(m-1)+e(m) (5.1200

Y(m) = H(m)x(m)+n(m) (5.121)

Where X(m)

. 1S a P-dimensional si er, y(m) is M-
d"'“CI)siu“ censional signal or state parameter, J'(

Noise nructl f“‘iSL‘ and dislon'L'd observation vector, n(m) is‘M»dim.L:fio:;lﬂ:

States of 1 \‘ .?(’") 15 PxP dimensional state transition matrix rcla.h. c;’mcd

fipat * P"OLLSh at mucs.m-l and m, u(yz{) 1s P-dlmctnsmnal lll;u"}'mntl

diS\nnin: "““." veetor of the state equation, H(m) is the MxP ch
matrix,

o The Kalman algorithm requires statistical description of noises ‘fll‘l::
- m‘flcdgc about the uncertainty of the measurement. Due to i 5

Sophisticated theory it is practically impossible to describe it n the limite
ACa of this book. Therefore ers are requested to benefit from the lﬂfE;
mber of publications on this subject (Haykin 2001, Grewal 2001, Maybec
1979, Voseghi 2000)

5.5.3. Artificial neural networks

Artificial newral networks initiated new possibilities in digital ?'gf’ualn
processing. These networks imitate the human brain — pum|l9l »lmnsmlsSf
of data by very large number of junctions, learning by traiming, learming
through exposure to external stimuli, storing the knowledge by the change 0
the weight of connection between , resi to disturt

Biological neurons are organized in networks. The incoming neural fiber

(the dendrite) receives clectrical signals from other neurons through synapses
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(via biochemical process). If incoming signal reaches the threshold then the
action potential is transmitted to other neurons through outgoing fiber (the
axon). Presented in Fig. 5.152 is the mathematical model imitating activity of
neuron introduced by McCulloch and Pitts (McCulloch 1943). The input
circuits xy,..., x, operate in this model like the dendrites . The output circuit y;
works like the axon. The threshold is imitated by the input w,. As the nucleus
operate two clements: an adder that sums the input signals, each with
appropriate weight w;;, and activation function ffu,).

synapse

dendrite a%on

neuron
cell

axon

dendrites

Figure 5.152 The biological neuron and its mathematical model

The output signal of the neuron model is
N
= )1 S | (5.122)
i1

In the McCulloch-Pitts model the activation function is binary
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jl i u>0

TSy R

(5.123)

The real biological neurons are not binary — they work rather as Jnn[?l‘i}:
devices because the output signal depends on the value of excitati x
Therefore more universal is the activation function in fom} of the stglln::‘
function f() = tanh(B u) (Fig.5.153). If the cocfiicient #is cqual to [ the

D i 3 . er than 10 the
activation function is nearly linear. If the coefficient £ is larger tha
activation function is nearly binary,

=1

% 0

Figure 5.153. Various forms of the activation function /(i

ok called
Picture 5.154 presents the elementary model of a neuron "ﬂ“?rki;zly 15
perceptron, which g able to learn. T|'IC method of lcmﬂl“,g Srv:‘“prc\:lolﬁ
somewhat similar to (he adaptation model of filters (described '_"_3 (training)
chapter). The output signals y; are compared with the rcfcrun;:dhuck-
signal d,. The difference (error) & modifies the weights w; as the

> reaches
; renc A ction E 1¢d
The process of training is continued until the error fun
mnimum, where £ is

) ) 5.124)
e 150 -atf ‘

~ kel

utation — the
The single pereeptron exhibits rather small power “‘t,crug}nncnmns. The
strength of neuron network results from the great num..Lging when in such
neural network can be a very efficient tool ul‘siglml Pm;;:cd that the human
network huge a number of neurons cooperate (it 15 a5S ison contemporary
brain consists of about 70" synapses — for compar
computer use only about /0 of transistors).
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|
: learning algorithm
% (n) | w(n+1)=w(n)-na(n)x(n)
5 I

Figure 5.154 The model of a perceptron

Fig. 5.155 presents the most frequently used non-recursive network — the
multilayer perceptron.

input hidden output
values layer layer

Figure 5.155. The multilayer perceptron
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Figure 5,156, The recursive Hopfield net

Fig. 5.156 presents the Hopfield net — recursive network with feedback.
The non-recursive networks are used for classification and optical character
recognition. The recursive networks are used for optimization and prognosis.

It is necessary to minimize of the error function by “teaching” the
network — by using the traming procedure. The error function can be
represented by the error plane with several local minima. At these local
minima the process of learing could be stopped. Thus, it is necessary to
organize the learning in a way, which allows reaching 'lhe b ‘. i "

The learming cfficiency depends on the speed of lcnmlug. l_f this sp'ccq 15 too
large we can obtain a final result faster, but there is a risk of missing the
absolute minimum. There were developed various algorithms of lcamml';.

The problem of learning is rather complc}( in the case of the multilayer
network, Tt is the problem of the error estimation in the hidden \'aycr, b?ca“se
we only know the crrors at the output layer (due to eompansf)n with the
training values). We do not know the reference values for the intermediate
Jayers. Therefore for learning of multilayer network the back propagation
algorithm (Fig. 5.157) is used.

In the back propagation method we determine the values of errors in the
output layer and next the direct.ion of data (ransm'\Assion is reversed. From the
output layer the signal proportional to the errors is sent back and taking into
account the activation function we can determine the errors of this layer. This
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way by the subsequent back error propagation towards the input terminals we
determine errors of all layers and update the weights, thus achieving the
“learning” of the neural network.

Figure 5.157. Forward propagation of the input values and back propagation of
errors to update the weight values

Consider the optimization gradient descent algorithm, when the change of
the weights is computed using the delta rule. According to this rule the
weight change 15
ez (5.125)

Awy = =11=
OWyg

there 77 is the learning rate parameter (describing the speed of leaming).

Taking into account equations (5.122) and (5.124) we can write

1&
oY (y-d;)
(7 Z‘ZI g

o, (e
s e (5.126)
n
]
=(v,—d,) k=l (v =d, )1 (1, Jxg = 0x4

where the delta error is
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8=y =)/ w) (20
and the increment of the weight of the output layer is

AWy =-n0;x; (5.128)

For the hidden (before the last layer) the delta error is

M+ 1

& = f'(",m) Zﬁ[m'luﬂ“l (5.129)
I=1

thus we can compute the weight increment in the m layer knowing the error
Of the next m+/ layer. For computation of the weight increments in the
hidden layer by back propagation it is necessary to calculate the derivative of
the activation function Jffu) / du.

The algorithm of the back propagation consists of the following steps
(Silipo 2003):

a) initializing the weighty, values as the random values;
b) applying the training values &, to the mput layer;
¢) propagati

on v, values forward to the output layer (Eq. 5.122);
d) calculation of the error £ of the output layer (Eq. 5.124);

¢ caleulation of the delta of the output layer (Eq. 5.125-5.127);
f) back propagation of the delta to the previous layer and computation of the
delta of current layer (Eq. 5.129)
¢) calculation of the wcig\}\ inerements
1) modification of the weighty .
1) repetition of the same process for other training values.

Fig. 5.158 presents the example of appli mhm\mmm,'“‘l
optical character recognition. The letters can be represented by a set of pixels
(or generally the pictures). The neural network is first lmincd_\o ln.\k vnl'\'?\lsf
sets of pixels with certain letters and then depending on the “intelligence’ :k:
the network the system is able to recognize more and less b\m}'ed or lnegw
letters (for example by writing the text by hand). Using this m:xhod
other clements can be analyzed — sounds for the speech recoguition, defects =
in material evaluation, ete (Bishop 1995).
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@»111010601’1006.," ke
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Ko #1110100011000.... —» network
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‘!e 0111110011001 ...
sanning cngv::rs!on lu’:‘l'\: b.mhalr/ conversion of the pixels printing
of the text EOCPRAESOENT WM. series into the letter

and black pixels

Figure 5.158. Application of the neural network to the optical character recognition
~ OCR (Neuro Solution 2005)
Described neural networks require  assistance of trainer  (teacher,
supervisor) who delivers input pattern and reference output signal (answer).
‘uch method of learning is easily understandable. But it is surprising that
are are neural networks that can learn themselves without the teacher.
ese networks are called self-organizing or unsupervised networks. As the
sis of such networks the ZHebb's theory (Hebb 1949) is utilized — 1t has
een observed that the faster or more frequently stimulated neurons are
privileged.

If the neural network is excited by the input patterns of some kind of
organizations (for example the same letter but written with various font
types) and we repeat the learning many times the neurons which meet the
black pixels become privileged. There arc various approaches of
unsupervised learning ~ the most important are competitive learning and
Hebbian learning. One of the competitive strategies is the winner-take-all. 1t
means that the neuron that is fitting to the input pattern mn the best way
changes its weight. In the Hebbian strategy the most frequently excited
neuron gives the strongest corresponding answer.

Fig. 5.159 presents the example of the most widely used self-organizing
network called the Kohonen network (called also self organizing feature
maps — SOFM) (Kohonen 1991, Kohonen 2000). In Kohonen map neurons
are organized as a lattice (for example 2D lattice) where all inputs arc
connected to all neurons with appropriate weights. The self-organizing
Kohonen algorithm consists of following steps: initially all weights have
random values, next, to the inputs the learning pattern is sent, the winner
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neuron is found, which is most similar to the input pattern (the smallest
c"O{), the weight of the winning neuron (or eventually its neighbours) is
modified, the process is repeated with new input pattern.

inputs

Figure 5.159. The example of the Kohonen network

Fig. 5160 presents the example of a self-organizing network used in
blind signaly separation. Blind separation is able to separate mixed signals,
although the network did not learn the mixed signals or the rule of mixing.
The required condition is that the signals are statistically independent. One of
the methods of separation is independent component analysis 1CA

(0

Wy,
-]
[ wy, Dy Y0 b)

{
{
%00 | I ’% v ? ,}m

Figure 5.160. The example of the neural networks used for signals separation (a),
mixed EKG signals of mother and fetus (b) and these signals after separation (c)
(Cichocki 2002)
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Fig. 5.160 demonstrates the separation of two signals of an
electrocardiogram — EKG of mother and EKG of the fetus. Usually the signal
coming from the mother covers the fetus signal as shown in Fig. 1.160b — the
signals detected in various parts of the mother’s body. Fig. 5.160c
demonstrates both signals after separation (Cichocki 2002).

5.5.4. Fuzzy Logic

The term fuzzy logic was introduced in 1965 by Lofti Zadeh (Zadch 1965)

who stated that people describe various phenomena more notionally than
digitally (we say that the people prefer to determine values as linguistic
variables). For example we usually say that it is cold, frosty, warm, hot,
mild, very cold and seldom that it is 22 2 degrees. Similarly, we say that the
person is nice, agreeable, friendly. disagreeable and not that the person is
agreeable in 70%. Thus, in popular talking we use inexact, fuzzy values.

Boolean logic fuzzy logic

Figure 5.161. The same value described in Boolean logic and fuzzy logic

We should distinguish voluntary fuzzy logic from the described carlier
uncertainty resulting from not precise measuring instruments. As the basis of
fuzzy logic we assume that often it is not necessary to know exactly analyzed
value or this value is very difficult to assess precisely. It does not mean that
the value described using fuzzy logic is coarse in comparison with digital
one. Just the opposite — as illustrated in Fig. 5.161 fuzzy logic cnables us to
determine the analyzed value in another, more subtle way.

An important date in fuzzy logic development was 1985 when the Hitashi
Company simulations demonstrated the superiority of fuzzy logic systems
for the railway control. Two years later such a system was introduced in
Sendai with great success. The new control system of subway in Sendai
appeared as very flexible, soft and without disturbances Today fuzzy control
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is widely applied in Japan‘, also in popular appliances, as in washing
machines or rice cookers,

n(x)
‘ﬁ AN Aéﬂ
0 10 20 30 40jtompereiye

Figure 5162 The example of description of temperature using fuzzy logic
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0 = 14y ()= min (e s () (5.133)

We can also perform concentration (,u{x)}: or dilation (/I(Xl)l 6

Figure 5.163. The logical operations on the fuzzy numbers

In the Boolean logic we use the expression: /F x=A THEN y=B. The
fuzzy logic is expressed by the deduction logical rules Modus Ponens in the
form

IF..AND...THEN

or
R: IFx; IS Ay AND...AND x, IS A, THEN yIS B

For example we can form the following fuzzy rule set:

RI:1F age IS young AND car power IS high THEN risk IS high
R2:1F age IS middle AND car power IS medium THEN risk 1S low

RN:IF age IS old AND car power IS high THEN risk 1S high

The fuzzy rule set can be used for the fuzzy logic inference. Consider the
following example: we intend to control car speed (or better to control of
“foot on accelerator pedal”) as the dependence of the speed and distance
from the car before us. We can construct the following fuzzy rule set:

RI:1F distance 1S small AND speed 1S medium THEN accelerator is not changed
22 IF distance 1S medium AND speed 1S medium THEN accelerator can be pressed
R3:1F distance IS medium AND speed IS high THEN accelerator should be slow

Of course we can deduce much more rules.
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I 0

measurements
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Figure 5.165 The application of fuzzy logic to the classification of shorting in the
multi-criterion protection of a transformer (Rosolowski 2002)

Fuzzy logic and its engincering applications are described widely in many
publications (Marris 2002, Kartepoulos 1995. Patyra 1996, Ross 2004,
Tanaka 2003)
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Computer Measuring Systems

6.1, INTRODUCTION
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¢) in more exact investigations — ensuring the excitation conditions, as in
controlling the waveform of flux density to be sinusoidal,

d) processing obtained data — for example integrating the coil signal to
determine the flux density B because £ = -nA dB/dt (n — number of turns, A -
cross section area of the yoke), computing parameters as specific power loss
or permeability, performing spectral analysis of the obtained data,

¢) determining the characteristics of the investigated yoke, as hysteresis,
magnetizing curve, dependence of the losses on flux density,

f) saving the obtained data and eventually sending these data through
local net or Internet.

We can analyze the obtained results the next day (off-line) or control the
whole process of measurement by Internet (on-line).

The measuring system can be composed of measuring devices connected
through interfaces to a computer or almost all operations can be performed
by the data acquisition board in the computer. Also, we can use a simple
microcontroller instead of a computer. By computer measuring system we
usually mean the set of tools, methods and operations (software and
hardware) designed for realization of operations necessary to perform
measurements: seiting of excitations, collecting measured data, processing
lata, saving or transmitting data. The word computer in such a system is
ather important. An example of a typical measuring system is presented in
dig. 6.1. Apart from the computer (which is the “brain” of the system)
connections and interfaces operating as the nervous net of the system are also
important.
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Figure 6.1. An example of the computer measuring system
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The computer system can be designed and realized by a professional
company — such systems are often used in the manufacturing process in
factories. The user of such a system should accept, understand, know and use
the documentation. However, nowadays the potential user (sometimes non-
spcciali_sl in measurements) is also able to design and construct the
Measuring system. Most components of the system are prepared as Smndﬂrfl-
devices, with well defined interfaces and software often in “plug and play
\r.chnoln.gy. The user should connect together all elements and CiED :m
22%3%3\& program/software. Also in this arca there is “user friendly

are enabling 1o design an appropriate program.
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Figure 6.3 presents the basic components of a typical measuring system.
The sensors usually operate as the primary clements. Signals from the
sensors are processed by the input elements of the system: conditioners (to
match the signals to the system), data loggers and transmitters (for collecting
the input signals), measuring instruments. Especially important is the data
acquisition board DAQ because often its performance determines the system
accuracy and quality. The conditioned and acquisitioned signals are
transmitted within the system by appropriate interfaces. As presented in Fig.
6.3 there is rather large number of various interface systems.
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B ) interface
dala
- Ioggers-_J Interfaces
e RS 232C - RS 485 .
v GPIB
» transmitters 2-20 mA - HART ]
B f— USB, FireWire Z data
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— T —_— -
*’[ integrated systems: CAMAC, VX1, PXI } u__]

Figure 6.3. The main components of the measuring system

The computer operates as the central unit. Apart from the computer for
the management of the system a microcontroller or specially designed for
data processing type of microcontroller (digital signal processor DSP) can
be used. By applying the DSP device it is possible to design a complete
miniature measuring instrument or measuring system (cven the measuring
system in single chip — measuring microsystem).

The real-time systems form a special class of measuring system (Burns
2001, Cooling 2002, Liu 2000). A typical user of an ordinary computer
system can believe that such a system is very fast. But for certain
applications, for example for control of fast processes. a typical computer
system can be (oo slow, because it is required to process the signals
practically immediatcly afier measurement to make the decision with

minimal delay, called latency.
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("
&

posls?billpi‘:sullsrc g:‘t;:ll&g system as MS Windows the user has limited
O s of o ¢ timing in dulu(ﬂuw. Tl“lc real time systems use
B oo « :r:ems ( hardwarg) with very fast processors and special
oot st %n )’SULm. The (.)pcr'zllmg systems such as MS Windows with
ot spu‘ill (l))llnpul circuits, memory managing system or signal
e A da e for rcu! time systems. Therefore, special operating
o ala' pro.ccssmg. as QNX or IRMX were developed.
B ncs o 1;1(:”{]!:‘5),5/“"15 designed for research work there are also
technological proccsqﬂsu?]g'comml systems used mainly for control of
B o sud{ ci ucﬁ syslcrfls are Fallcd Fieldbus svstems, and the
system used in Europe is the ProfiBus system.

6. ~ >
2. INPUT CIRCUITS OF THE MEASURING SYSTEMS
6.2.1. Circuits for data conditioning and acquisition
Many sensors convert the measured value into the change of resistance

(or impedance). The first step in
Into an clectrical s

nal conditioning is to convert this change
voltage or current, convenient for further
amplification and transmitting. The second important aim of signal
conditioning circuits is to correct potential nonlinearity or temperature errors.

Since there are a lot of various sensors, ofien with various output signals, ]

!

;

!l f\ necessary to inln}ducc certain systems of signal conditioning. Sometimes
s mwugh to amplify the signal to the level acceptable by lll()ﬁlbnfnnnloguc.
to-digital converters, for example + SV or & 10V. But often the current
output signal is preferred.
One of the most popular standards of the output signal is the DC current
in a range of 4 — 20 mA. The advantage of such a signal is that it 15
independent of the changes of the of ions (for exam:
caused by the change of the temperature). Ofien, it 1s assumed that
change of output resistance in a range of 0 — 2k2should not cause addive
errors larger than the total error of the transducer, Under such assumption
data transmission at distances up to 2 km is possible.

More advanced sensors are equipped with a standard digital interface, for
cxample serial interface RS232C (or lately USB). Sometimes, wireless
connections can be used as interface connections: infrared, mobile phone
signal or Bluetooth. 4

The development of microtechnology enables us to introduce electronic
circuits to the sensor. Such sensors are often called smart sensors «
intelligent  sensors. Such sensors can include conditioning

lincarization system, error correction system, serial interface or even
interface. To attain such performances sometimes the microcontroller
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is included in the sensor. The term intelligent or smart is often abused for
marketing purposes. Currently the IEEE 1451 standard describes the smart

type transducers.
Another concept of signal conditioning 1s based on the assumption that

the sensors cannot be expensive and it is simple and better to design versatile
input circuits adapted to cooperate with various sensors. These circuits are
called the transmitters — two-wire transmitters with current DC output or

digital transmitters.

sensors

g i
P
s“““z
‘I / . et wﬂ“ws
—
L .

the Ethemet interface (for distances
practically not imited)

Figure 6.4. The methods of communication of the input conditioning device and the

-asan ple of data-logger DI-710 of Dataq Instruments (Datag 2005)

Another strategy of cooperation with sensors is to register the data from
the sensors, for example into solid state transferable memory clements or
internal memory. Such devices called data loggers can be connected to the
computer for transferring the data from time to time or can operate without a
computer (stand-alone data loggers). Figure 6.4 presents various modes of
data transferring from the data logger input circuit.

6.2.2. The sensors with built-in interface — intelligent sensors

In the intelligent sensors more and more often the communication
interface is cmbedded, for example the serial interface. Figure 6.5 presents
the intelligent type temperature sensor with a built-in [-wire interface.
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Figure 6.6 presents another intelligent type sensor — the magnetoresistiv
MR thin film magnetic ficld sensor — a compass developed by the Honeywell
Company. Integrated with three MR sensors (for three axes) microcontroller
circuit controls the measurement operation, cnables us to correct the
temperature errors and additionally performs basic numerical calculations,
such as components of magnetic field, direction of measured field,
dechnation and inclination angle with resolution .02 °.

6.2.3 Analogue and digital transmitters

The data transmitters operate as intermediate circuits between sensors
and computer (or data acquisition circuit). These circuits use various form of
the data transmission — most often serial interface connection RS232C or
USB, Ethernet connection or current loop 4 — 20 mA. This last case is called
two-wire transmitter. In the case of serial interface it is casy to extend the
output possibility to the modem or wireless connection.

range l'_ o :ump‘ni: =T O]
zer0 | . _circuits 215
Chopper O

amplifier -t " range
L©

T L [ l @<

jalvat e, (
mcullz.“’i 5 pnrnlnﬂ { Mhien ’ ¢ ;///| J )
s < J‘ ¢

ranging
card J l( f
ol Ho

Figure 6.7. Functional block diagram of typical two-wire transmitter (Park 2003b)

Fig. 6.7 presents the typical transmitter/conditioner “two-wire™ type.
Because this circuit is designed for operate with thermocouple sensor it is
equipped with additional temperature sensor for cold junction compensation.
The sensor signal is amplified, isolated, filtered and converted to the 4 — 20
mA output for data transmission. For co-operation with data acquisition
board the voltage output 0 ~ /0 V" can be used. As an example of such
transmitter we can point AD693  Loop-powered 4 20 mA  Sensor
Transmitter of Analog Devices (AD 2005).

Data transmitters are important part of measuring systems used for
investigations of weather conditions. Fig. 6.8 presents the example of
Multisensor Weather Transmitter developed by Vaisala Group (Vaisala
2005).
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cers, 2 -

Figure 6.8. The Vaisala Weather Transmitter WXTS10 (1 - wind t?;ﬁ“;‘l]; S
Precipitations sensor, 3 - pressure sensor, 4 — humudity and temp
(Vaisala 2005) (permission of Vaisala Group) g

ements of Wi

Weather transmitter presented in Fig. 6.8 cnables m,,ns\l::;: duration),
speed, wind direction, rainfall (including rain intensity ‘“‘" us of originally
barometric Pressure, air temperature and hlll\)ldl()' by _r‘.]L;|¢(;nn=cliu|1 (RS-
developed sensors, The output signal is transmitted by SEIE. sion of weather
232, RS-485, RS-422 or SDI-12 standards). Interesting Q:'::;ing System). It
transmitter function is cooperation with GPS ((ilﬁhﬂl Po‘slﬁ‘o“ of transmitters
cenables us not only precise determination of time and _l(:““\-cc“ several G >
but also by measuring the delays in the GPS signals e mate precipitable
satellites and several GPS met sites it is possible to est
Wwater vapor in the atmosphere (GPS meteorology).

6.2.4 Data logpers

Data loggers can oper;
real-time data-logp

ors and
» data l0gge”s
¢ in two modes - as stand-alone xldfgcwcc.
Cntwa Al Data Logger

ig. 6.9 presents a typ

jon of
s) (permuss
ta Taker 200!
Figure 6.9 Data-logger DT800 of DataTaker (Date
DataTaker)
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In stand-alone mode the logger supplied by intenal battery system
collects the data into memory circuits and later transmits the data through
typical interface. Often, the data are registered in memory and can be
transmitted via memory card reader/writer. The functional diagram of a
typical data logger is presented in Fig. 6.10.

In the real-time mode the data-logger operates like the data transmitter.
The data logger presented in Fig. 6.10 uses the UART - universal
asynchronous receiver/transmitter for connection between microcontroller
and serial interface. The expansion connector enables us to connect several
data-loggers in serics. The input slots are four-terminal one — two terminals
for input voltage, two terminals for supply of the resistive sensors.

memaory battery
circuits energy control unit

I I

expansion
connector

amplifier -
input/output
multiplexer circuits
[

analogue inputs digital inputs/outputs

Figure 6.10 The functional block diagram of a typical data logger (Park 2003b)
| ]

Figure 6.11. Data-logger of DataTaker with extension module for recetving/sensing
data by GSM interface in SMS format (DataTaker 2005) (permission of DataTaker)



COMPUTER MEASURING SYSTEMS 359

Figures 6.9 and 6.11 present the data-loggers of DataTaker. These loggers
can communicate with external unit via serial interface RS-232C, RS-485,
USI? or Etheltnct. In the lack-of-network and even lack-of-electrical-power
fl'llVlronmcnl it is possible to communicate with the data logger by GSM

elephony connection as SMS format (text messages).

6.2.5 IEEE P1451 standard — smart sensors

auslpj;:::: :)?'gis‘[::grk, i standard IEEE-PI451 was started under the
R s nstrumentation and Measurement Society TC-9 and
to Slﬂndardiz;‘ﬁL of technology ler(“‘.]?ﬁ 1451 2005). The main aim was
form of IEE ;l;gll’fl:mmml@-’s al.I.d requirements of smart type sensors in
B o sl.m'durd titled A4 smart transducer illll‘{'/{l('t’_/{)l' sensors
special mim;‘ C:llw important companies as r\ljulng Devices (design of
LabVIEW) "i““l‘f"‘ ’Ll). N:\!IOII:H lllslru'u1cnl§ (design of s_pccml modules
e ey well, Agilent, and Signetics took part in this work, thus
an expect introduction of world-wide standardization.
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|EEE 1451.4
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/I wireless |\
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\[ ]/

Figure 6.12. The main parts of TEEE 1451P standard (TXder ~ transducer of sei

or actuator)
Currently, the P1451 standard consists of four parts and it i§ p\al\l_lcd 10

extend it by next part P14551 5 describing wircless communication with the
sensors. In 2004, the work started on P14551.6 part of the standard




360 PRINCIPLES OF ELECTRICAL MEASUREMENTS

concerning the communication between P1415 standard and CAN interface.
Additionally, there is an I[EEE 1588 standard for precise clock
synchronization protocol for networked measurement and control systems.

Part 1451.1 describes the NCAP — Network Capable Application
Processor. In this part there are defined hardware and communication
protocols enabling the communication of the sensor with various types of
computer networks. Part 1451.2 describes the “plug and play” standard of the
sensor (incorporation to each sensor the TEDS — Transducer Electronic Data
Sheet module) and module of STIM type. The STIM — Smart Transducer
Interface Module is designed for communication between sensor and the
NCAP module.

The 1451.3 standard is developed for a distributed multidrop transducer
bus or network (in this case it is used TBIM — transducer bus interface
module. The 1451.4 standard defines an interface specification for analogue
transducers (including 4 — 20 mA interface). Fig. 6.12 presents the basic
components of the IEEE P1415 standard.

Tl interface

b DIN
5 ‘ ‘ NCAP BoUT STIM 1451.2
ol 1451.1 interface module
[ ] DCLK <-——[l]
l‘ s [ NIOE conditioning and
£
Bler _§ g o |.NTRIG ADC 4 <——[I:|
§ s Ve g_ 9 JE NACK TEDS é
£ @ 2| NINT || transducer data | - m
l Z o || B o |_NSDET sheet E -
} Q g 5€nsors
el 3 @ 5V addres logic ‘] or
/ common —— actuators

Figure 6.13. Network connection of the transducers according to the standard TEET
P1415.2

Fig. 6.13 presents the communication between sensors and external
network according to the IEEE P1415.2 standard. The sensors connected to
the SIM module are interfaced to the NCAD module by a 10-wire 77/
transducer independent interface. This interface utilizes the following lines:

DIN (Data In) — address and data from NCAP to STIM,

DOUT (Data Out) - data from STIM to the NCAP,

DCLK (Data Clock) — clock line for synchronization DIN and DOUT,

NIOE (Output Enable) — signals that the NCAP is driving the data line,
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NTRIG (Trigger) — for triggering the STIM (the signal of read or write
request),

NACK (Acknowledge) — STIM acknowledge the trigger or data request,

NINT (Interrupt) — STIM send a request to the NCAP,

NSDET (STIM Detect) - used by NCAP to detect an attached STIM,
COMMON - signal ground.

The NCAP module performs network communication. It can be used as a
node controller in a multiple-node network and can communicate with other
NCAP nodes via the client/server protocol or publish/subscribe protocol. It
contains a controller and the interface to the broader network that can support
D“}CI‘ nodes. For a DeviceNet control network can be used an 8-bit
microprocessor, for Ethernet based network a 32-bit microprocessor. From
TEDS the NCAP “knows” the data format and number of channels.

Basic Manufacturer Sensotec
TEDS Model number At
Seral number 462092
@ ® — Verson atis [ 53
Standard |_Calbration dats 122 2002
~ and 2000
) a extended 0005
@ @7 Teos 958 MUV
' Chip 50 Ohms
[1%
3 right dyno
\pri 212003
pecial calbration | 12.3+0.175
Viring code 15

Figure 6.14. The sensor of Sensotec Honeywell with TEDS chip and an example of
the TEDS data sheet (Armson 2003)

The STIM module realizes the following functions: receiving the data
across the interface, learning from the TEDS the data structure assemlzliﬂg
the data, conversion of the unit according to specification of the TEDS,
application programming interface provides aceess (o the TEDS module,
sensor readings, actuator control, triggering and interrupt request.

Plug and play standard means that the user can plug the sensor int© the
signal conditioning circuit and the system is automatically configured mS
ready to take the measurements. Therefore, important role plays the TED
module which contains the most important information about the senser
This module can be inserted as the EPROM directly in the sensors l“d'
cable part or virtually — delivered from the Internet. The smndaﬂi n:
contains the main parameters, but in extended form the TEDS can Cof
more information, for example information about the lincanization
sensor.
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Several manufacturers designed special STIM modules (for example TMI
1451.2-SA of TMI CogniSense), as well as network NCAP modules (for
example TMI 1451.2-Na). With such modules it is possible to design wide
area distributed networks with sensors or actuators connected via Internet,
which can be controlled by master computer using typical Java Applet, as
demonstrated in Fig. 6.15.

Sensors actuators

i I s
l 'EESET.‘JS‘} I'EES?.SLJ

IEEE 1451 IEEE 1451
NCAF’ NCAP

WEB BROWSER

Display Java Applet

A [
1 b AL |

G ey VINTERNET

Figure 6.15. Wide arca distributed network composed by application of [EEE P1451

components

The wide area computer system similar to presented in Fig. 6.14 was
tested by NIST as the DMC distributed measurement and control system

(Schneeman 1999).

6.3. DATA ACQUISITION CIRCUITS - DAQ

6.3.1. Plug-in data acquisition boards

The data acquisition devices are often available in a form of the plug-in
ac board ¢ 1 to a cc by PCI mterface or PCMCIA

interface.

Usually, the resolution (number of bits) and the speed (frequency of
sampling) are considered and compared as the main DAQ performances. The
most frequently used data acquisition boards exhibit the resolution 12-bit or
16-bit and sampling frequency 700 — 250 kSPS. Such parameters are
sufficient for many applications.

The prices of the DAQ increase significantly with the improvement of the
considered parameters. For example, a typical high-quality DAQ of 16 bits
and 200 kSPS would cost about several hundred dollars while the sample-
and-hold DAQ 16 bits and 800 kSPS costs ten times more. The hardware is
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as important as software — it is important to have the drivers for typical
program platforms, such as LabVIEW. Unfortunately, usually the DAQ

operate without problems mainly with the software developed by the DAQ
manufacturer.,

I N
. <Ul4 | Y\ |

|

20 , £
18 'y f
|

16

14

12 = \

resolution - number of bits

1 10 100 1k 10k 100k 1M 1oM 100M

Figure 6.16. The progress in manufacturing of the DAQ (National Instruments
Catalogue)

Fig. 6.16 presents the progress in development of the acquisition boards.
More expensive cards offer better parameters and the most expensive are lh_c
DAQ with large sampling frequency and high resolution (for example 18 E"
with [ MSPS). As can be scen from Fig. 6.15 the high resolution DAQ (24
bit and more) are usually used for DC and small frequency signals, while for
high frequency 12/14 - bit DAQ are the best. ) el

Fig, 6,17 ¢ the f | diggram of @ typical plogein de
acquisition hoard (the photo of such device is presented in Fig. “ﬂ»m.-
Depending on the price, the DAQ can offer more or less cnh:fncv:_d oFor nhll
More expensive boards have additional sample-and-hold cm‘:uuzn o
mputs, programmable change of gain (in cheaper buz.uds \hf: gﬂl.“"ful) ki
by micro-switches). Typically there are 8 symmetrical (“hm""f‘:1 up 10
unsymmetrical (single ended) mputs, but there are bua'rds even w:: e dnl
mputs. Better boards are equipped with digital-t gue conv!
larger amount of memory to save the sampled data. syor210Vis

Usually, an unipolar or bipolar voltage signal in a mng.c z mgmmm“bl
used as the input signal. Often, mn the board there is a ‘::an be set U
amplifier PGA with the gains 10, 100, 500 V/V. The gan count that th
different values for various channels. It should be taken ‘f"(: achucﬂcy (for
increase of the gain can result in decrease of sampling
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example in popular KPCI-3108 DAQ of Keithley the throughput is 100 kSPS
for gain / — 10 V/V but it decreases to 20 kSPS for the gain 500 V/V).
Similarly, if we use more input signals the sampling frequency is divided
between these inputs. Therefore most enhanced DAQs nstead of multiplexer
use analogue to digital converters for each channel what does not deteriorate
the speed with the increase in the number of channels.

=

multiplexer

channel/gain
memory

¥
% interrupt
®|_eirouitry

A —ﬁilllﬂlllllﬂlﬂlf o

Figure 6.17. The functional diagram of a typical DAQ board

If we use several input signals cach signal is sampled after some time
necessary to sample the previous signal. Thus between first and the last
signal there could be a time shift even of a few gs. This time delay can cause
significant phase error, for example when we multiply the first and the last
signal to determine the power /Ucosg . To eliminate this crror it 1s necessary
to use a sample-and-hold device, which is rather expensive and sometimes it
is betler (0 use two ADC operating at the same time, as 1t 1s for example
realized in power/energy converters (see Fig. 5.148).

In default data conversion of multiple channels the paced mode of
sampling is used, where the rate at which the single channel is sampled
results from the pacer clock rate divided by number of channels. Instead of
paced mode also the hurst mode can be used (also termed as pseudo sample-
and-hold mode). Tn the burst mode the signal is sampled with the maximum
possible sampling of the board. Therefore the time delay between the
samples is minimized.
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pacer clock _l I I L
paced mode
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clock

Figure 6.18. Paced mode and burst mode of sampling

The burst mode requires fast transfer of the data to the computer. As in
paced default mode the data transfer can be performed in the interrupt mode.
While in the burst sampling the DMA data transfer is required.

6.3.2. External data acquisition board

Recently, instead of plug-in DAQ external boards are also being
developed. Such boards can be connected to the computer via USB or
FireWire interface, which can be valuable in the case of laptops. Figures 6.19
and 6.20 present such an external board of Data Translation.
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Figure 6.19. Extermal DAQ bourd model DT9840 of Data Tenstit?

Translation 2005)
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The data acquisition system presented in Fig. 6.19 and 6.20 is expanded
with enhanced memory elements and digital signal processor TMS320C of
Texas Instrument. Thus such DAQ can operate practically in real time mode
without a computer — the data can be saved in internal FLASH memory and

next transferred to the computer via USB interface.

f (6&pinin analog | (68-pin Out analog
i E
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CPLD AN Data 20r@ ADC
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D/A Data )
INT £l INTS DIA Ready | 16M x 32 SORAM
Reset | 8 D D/A Data = 7 Lo
4Control | 2 § 8 [INT6 AD Done x oM
e 8 S+ 28 = - albo
Nl RAIWrL (3 38 Reset = 11 % 16 FLASH RAM
g5 2 82 %2 e
2| 16bithpr |3 == | 4inie Control
S £ Address/Dat: S #‘—" o FmJ W -
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Address/Data ENE
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SRAM e s i JTAG
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out digital 6-Bi1 Bus ( 16-81t Bus
Dlo O fJ __Pod J

Figure 6.20 The functional block diagram of DT9840 data acquisition system

The prcscnlcd DAQ system is manufactured with 24-bit delta-sigma ADC
or 16-bit SAR ADC. Although both converters can operate with maximal
sa‘mphng rate (00 kiiz for fast signals the SAR converter is recommended
wtll? a dclz_ly time crror not larger than /0 us. The delta-sigma converter
exhibits a time delay of about 400 5.

The embedded digital signal processor TMS320C671x — 150 Mz can be
used not o{lly for controlling the data acquisition process, but also for the
data analysis, for example for spectral analysis,
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g URING
64. DATA COMMUNICATION IN COMPUTER MEAS
SYSTEMS

6.4.1. Interfaces, buses and connectors

of the

It is necessary to organize the communication b_C“\'CC: s]‘:::ﬁg:s (Park

computer measuring system, often communication in F)otf‘m“g of the pure

2003a). By the communication we mean not only the "‘?"5(‘1 nchronization

data, but also sending messages, commands, inslruc\mn.\' ﬂf‘1 [?nd:lf dized and
signals. Fortunately, most of communication systems are s

: = 9. Axelson 2003,
such standardized systems are called interface (Axelson 1999, AX¢
Caristi 1989, Gook 2004).

By interface s
programs designed

" : ent and
fem we usually mean the standardized kqu::?;‘ul dent
for communication between two (m.mou}\:us sockets)
computer devices. The interface consists of hardware (wires. :] TiIC‘ [’ru!m‘(l’
and software (languages and codes) called sometimes protocol.
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old-fashioned system and currently 1s often sul 1:‘ ransmission more

Among parallel interfaces for measurement data
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6.4.2. Serial interfaces: RS-232C and RS-485

The RS-232C interface 1s still most commonly used interface although it
was designed in 1962 as RS-232 interface (RS — Recommended Standard).
This interface was slightly modified in 1969 and is known as RS-232C. The
RS-232C is USA standard and also is described in international standards (as
V24 and V28) (Axelson 1999).

Because it has been designed a long time ago its performance is rather
poor — speed of transmission not faster than 20 kbps (bps — bits per second),
connection not longer than /5 m, poor immunity to interferences. But it is
still in use because it is traditional equipment of computers — as so-called
COM serial port. Moreover, its relatively poor performances are sufficient in
many applications. In comparison with the GPIB parallel interface it is useful
that the connection cable is simpler and it is not necessary to install special
card and drivers to the computer.

terminal modem modem terminal
telephone network

DTE
REFEoN| CCH R e e on | DCE R Rsa3zc | I -
link
DTE RS 232C DTE

Figure 6.21. Connection of two data terminals using RS-232C interface

DTE (1) DCE DTE (1) DTE (2)

l 1 PG
2TxD

= 3 RiD
4RTS

5 CTS

» 6 DSR
' 7 SG
» 8 DCD
20 DTR
~—122 RI

Figure f’-22~ The standard RS-232C connection (a) and the example of null-modem
connection (b)
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_ Fig. 6.21 presents the typical structure of data transfer via RS-232C
interface. Because the RS-232C was d

for telec ication
purposes typically two data terminals DTE (DTE - Data Terminal
Equipment) are connected through modems DCE (DCE - Data
C ication Equipment). 1t is also possible to connect directly both DTE
data terminals — for example the measuring instrument and the computer. In
such cases it is necessary to slightly modify the cable in order to obtain a so
called null-modem cable (Fig. 6.22)

The RS-232C bus uses 20 lines in the full version: 4 lines of data, 11 lines
for control, 3 lines for synchronization and 2 lines for ground. Not all lines
are \fscd — normally only 6-7 lines are used and in the simplest case it is
possible to use only two lines for data and one for ground (Fig. 6.23).

PG 1
™D 2
RxD 3
RTS 4
CTS 5
DSR 6
SG 7

DCD 8

DTE (1)

DTR 20 -

Figure 6.23. The simplified 3-wire connection via RS-232C mterface

‘Table 6.1, The main lines in RS-232C bus interface
PmNo  PinNo Code

Description
DB-Y DB-25
- 1 PG Protective Ground
5 1 SG Signal Ground
3 2 D Transmitted Data
2 3 RxD Reeeived Data
1l 4 RTS Request to Send
8 5 CT8 Clear to Send
0 0 DSR Data Sct Ready
4 20 DTR Data Terminal Ready
1 8 DCD Data Carrier Detected
9 22 RI Ring Indicator
15 DB Transmitter signal timing
17 DD Recerver signal iming

24 DA Transmitter signal imiog
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The RS-232C interface uses D-9 or D-25 pin connectors. The conversion
between 9-pin connector and 25-pin connector can be easy realized using
special adapter. The description of the main lines of RS-232C interface is
presented in Table 6.1.

The amplitude of the signals can be varied in a wide range - low level
corresponds with the voltage -/5 — - 31 and high level corresponds with the
voltage 3 — /5 V. In the data transmission high level is related to the
logical /1, low level is related to 0. In the control lines this relation is
inversed. Fig. 6.24 presents the typical word of RS-232C interface.

DATA

+12v I

START BTk s TART

Figure 6.24. The serial data unit in asynchronous transmission

There are two types of serial communication synchronous  and
asynchronous. In the asynchronous system the message is send in a form of
well defined series of impulses called SDU — serial data unit, where first bit
means the start of the transmission, next 7 or 8 bits are the data bits, next bit
is used to detect the error of transmission (parity bit) and last bit (or two bits)
means the end of transmission. An asynchronous frame format is presented
in Fig. 6.24.

The parity bit (that may be even or odd) informs about total number of
data bits ~ logic / of parity bit means that the total number must be an cven
number. Statistically such a method of error detection has only a 50% chance
of detecting an error. That is why more sophisticated error detection systems
(for example CRC — eyelic redundancy check with 99.99% of chance of error
detection) substitute the parity method,

The common data transmission rates used by RS-232C are: 110, 300,
600, 1200, 2400, 4800, 9600 and 19200 bps. Data rate is usually measured in
bps (bits per second). The term baud rate is also used and means how many
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times the physical signal changes per second. The cable length depends on‘
the baud rate and for 19 200 it is limited to 50 m (for baud rate 4800 the
maximum cable length is 700 m, and for 300 is 800 m). o

Usually, before asynchronous connection both transmitter and receiver

should be adjusted in the following format: BAUD=(for cxaml’l_‘f %00)7'
PARITY= (e~ even, 0 — odd, n- none), DATA= (7 or 8 bits), STOP= (1 or 2
bits).

In the synchronous mode the receiver and the transmitter S)’“d}mnw
initially clock pulses, which enables the receiver to maintain ;“;{CJ
synchronization throughout large message, typically 4500 bytes (36 is
bits). Usually there is no special clock signal line and the synthmmznlmllj 2
derived  from  the data signal. The data bits and ﬂccompnn)‘:l"'-
‘;ommuniculinn bits are sent in the form of a continuous siream U
rame,

CONTROL

e . : ¢ prtoce!)
Figure 6.25, T example of the synchronous system frame fomat (HDLEE
% lhu‘-n: are several various transmission protocols. 9nc (":ﬁ The fram
: DIC high level datq link control, is presented in Fig. ('-'-I- field. After
starts with flag bigs, nextare two fields: address field and contr J Sequence
data transmiss;

hem, called

. | PSRRI
< on there is a field reserved for FCS — Frame €
used for the erroy detection,

DTE (1)

a)

COTn®noOOa
o aw N -

ia RS
¢ = ection V13
Figure 6.26. Two examples of device connectl
asynchronous (a) and synchronous (b)
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Although synchronous system is more efficient and enables to send more
information at high data rate it is mainly used in telecommunication. For data
transmission most often a much simpler asynchronous system is used. Figure
6.26 presents two examples of device connections via RS-232C interface.

The data transmission can be realized as a simplex one (sending messages
in one direction only), fill-duplex (data sending in both directions
simultancously) or half-duplex (data sensing in both directions but only in
one direction at a time). The half-duplex mode i1s most often used for data

transmission.
current loop 20 mA

TxD

2l

Figure 6.27. The application of current loop in RS-232C interface

One of the drawbacks of RS-232C interface is relatively short distance
about /5 m". The current loop method can be used in order to increase that
distance. The current loop (application of the voltage/current converter)
enables us to transmit the signal at a distance of about 2 000 m. Fig. 6.27
presents the circuit with the current loop 20 mA. In this loop the optical
galvanic separation is used.

The main drawbacks of the RS-232C interface (short distance of
transmission  data, connection only two devices, and influence by
interferences) is partially overcome in the RS-485 interface introduced n
1983. The significant difference between RS-232C and RS-485 is that the
transmission is achieved with the differential lines, which increases the
distance of transmission to about 7200 m with a data rate to about 10 Mbps.

Another important enhancement of the RS-485 interface 1s that due to the
three-state operation it is possible to connect to the system 32 drivers and 32
receivers (in RS-232C only two devices can be connected). The three-state 1s
realized in such a way that apart from logic 0 and logic / there is also a state
of “high-impedance” when the line 1s disabled. This disabled state is initiated
by a control pin on the line driver integrated circuit. Although it is possible to

! Although at the transmission rate /9 800 bauds it is possible to send the signal to
about 50 m, the standard RS-232C limits this distance to /5 m as guaranteed length.
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cable is limited to 5 m (although on the market there are devices enabling
increase of the cable length to 25 m with a special amplifier').

The USB is a master/slave, half-duplex interface designed to connect
peripheral devices and extension hubs to the computer. It 1s organized in a
pyramid shape topology (Fig. 6.29) where a host hub controls all USB ports.
The host hub is usually inserted in the motherboard of computer. The USB
network can be expanded by connecting successive hubs — this way it is
possible to connect up to 127 devices.

(device ) ./;;1 ]
/\ AR )
o 1

O e
dnwco) (_device.

(/I:ub‘3‘/¢ ‘(1]l:yl(a(i)

A7
f:luvu,n}

Figure 6.29 The topology of the USB interface

Every device after connection in “plug and play” mode obtains a
description with information about required speed rate, data transfer mode,
size of data packet, priority and address. The whole communication is
organized and controlled by host hub that initializes and configures device
port, enables or disables the port, recogmizes if the device 1s connected,
creates data packets and frames, sends the information to the bus, waits and
recognizes response, (ests the error.

In regular time intervals the host hub controller sends token packets.
There are four types of token packets: start of frame, in packets, out packets
and setup packet. The start packet informs the device that it 1s the beginning
of 7 ms of frame. The packet in transfers the data from the device to the
computer whilst the packer out transfers the data from the computer to the

device.

1
Standard does not recommend such solution because 5 7 limit is due to timing and

not level of the signal
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SYNC PID DATA CRC EOP
synchronisation | identification end of packet
8bits 2x4 bits 0..1023 bits 16 bits 4bits

Figure 6.30. Example of the data packet in USB system

The data packet is formed as / ms frame — more than one device can Scf‘ld
a packet inside one frame. An example of the USB packet is presented in Fig.
6.30. Tt consists of a synchronization sequence, packet identification, data,
CRC error test and EOP - end of packet.

The data transmission can be realized in four modes: interrupt transfer,
isochronous transfer, control transfer and bulk transfer. The interrupt
{ransfer is used for the device that does not need continuous and {r_,;qgcnl
data sending (for example a keyboard). Because it is not possible 0 initiate
the data transfer by the device the host hub initiates poll of a device 'rsu‘:h
device needs periodic attention. This requirement of polling 1s csmbl'Sth
during setup of the device. For example keyboard is polled every 100
frame.

The bulk transfer is used for the devices that are not time dependent
need to transfer large packets of data (for example a printer). Tl.'u
isochronous transfer is time dependent (for example the data from an audio
€D). The data are sent in 1023 bit packets in synchronous or asynchronots
mode, but with synchronization of transmitter and receiver. There is n0 limit
of data packets. The control fransfer is used for configuration and the
requested deviee must respond back.

but

vce
|
da\a\ ¢ | ground

o
N
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"A" plugs "B" plugs
device host

data -

Figure 6.31. The USB conncctors
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The cable of a USB interface consists of two wires for data
communication and two wires for power transmission. It is possible to
supply the external device via the USB cable. There are two kind of
connectors, type A and type B (Fig. 6.31). The power pins are slightly longer
(7.41 mm) in comparison to the signal pins (6.4 mm), which means that the
sequence of connection is established (supply voltage is connected first).

The FireWire Interface (known also as IEEE-1394 standard) was
introduced by Apple as FireWire 400 (IEEE-1394a) in 1990 (FireWire 2005,
Anderson 1998). It enabled data transmission with rate 400 Mbps by the 6-
wire cable with 4.5 m length. It is possible to extend the total length to about
72 m as daisy chain. In 2003 the enhanced version FireWire 800 (IEEE-
1394b) was introduced with transmission speed §00 Mbps through the 9-wire
cable of total length to 100 m. The next version IEEE-1394c is planned as a
3.2 Gbps interface with application of the optical connection,

A FireWire interface can connect up to 63 external devices in network
structure. Like the USB, the FireWire supports “plug and play™ technology
and “hot-plug” mode (possibility of connection of the external device
without restart of the computer). It enables users to supply external devices,
with power consumption to 45 W. Six-wire cable utilizes two pairs of wires
for data transport and two wires for power (although in camcorder
applications the connection is 4-wire without power supply) (Fig. 6.32).

oNo_Teme 1A :
=0
o

T T TPR-TPR TPATPAS

Figure 6.32. The [EEE-1394 six-pin and four-pin sockct

Although there are many similarities between USB and FireWire systems
several features make FireWire interface more mteresting for measuring
applications. FireWire accepts multiple hosts per bus (in USB system whole
communication is controlled by host hub), which makes it possible that the
data transfer can be mitiated by the connected device. Also  the
communication between devices and without the computer (peer-to-peer
connection) is permitted,

Currently, the FireWire interface enables serial data transmission with the
highest speed and supports isochronous data transport (practically in real-
time mode). This means that it is commonly used for very fast external
devices, as for example with external hard disks. Starting in 1995 practically
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it 3 iLink interface
all digital camcorders use this interface — it is known also as iLin
(name used by Sony).

100 of Ontrak

Figure 6,33 Ay example of the data acquisition interface model ADY.

(Ontrak 2005) (permission of Ontrak Control System Inc.) iy
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Figure 6.34. The connector of GPIB interface

An important advantage of GPIB is that almost all higher class measuring
instruments are equipped with this interface. The GPIB cnables us to connect
up to 15 measuring devices (including controller). With a well defined
transmission protocol and list of commands it is relatively casy to design the
computer measuring systems operating with this interface. The speed of data
transfer is limited to / MBps (in special realization called High-Speed GPIB
to 8 MBps). The speed of data transfer depends on the cable length and
although the length 20 m is allowed, a 2 m length is recommended.

The GPIB interface uses a special connector (Fig. 6.34) with stackable
back-side slots that enables connection to other devices. The devices can be
connected in star type network or chain (linear) type net (Fig. 6.35).

a) b)
instrument 3
instrument 1 inslrument‘ﬂ instrument 2J

controller

Figure 6.35. Conncction of instruments in star net (a) and chain net (b)

There are several drawbacks of the GPIB interface. It is necessary to use
relatively expensive and short 24-wire cable, it is necessary to install
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additional GPIB driver card in the computer. Morcover, it is slightly old
fashioned and its performance in comparison with the modcm serial
FireWire interface is not as attractive as 30 years ago when it was designed.

controller “t:tl:s:r listener
computer] suppl
() (voltmeter) (supply)
Tx/Rx Data Tx/Rx Dala Rx Data
<>
REN +—H +
SRQ T
ATN 17
IFC controll bus
NDAC 1T
NRFD 13
DAV synchronisation
DIO1 bus
data bus
Dios J

Figure. 6.36. The example of GPIB bus structure

Table 6.2. The mam lines of GPIB miterface
pin name

description

1-4 DIOI- Data

13-16 DIOS

5 EOI End Or Idenufy
6 DAV Data Valid

7 NRFD Not Ready For Data
8 NDAC  Not Data Acepted
9 ¢ InterFace Clear
10 SRQ Service ReQuest
11 ATN ATteNton

12 Shield

17 REN Remote ENable
18-23 Grounds

Figure 6.37. The pin assignment in GPIB connector
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The GPIB bus consists of three lines of synchronization bus (handshaking
lines), five lines of control bus (general interface management) and cight
lines of data bus (plus several ground lines). The data bits are transferred as
words of 7 — & bits. Four types of devices can be connected to the GPIB bus:
controller (computer, microcontroller), talker (for example a counter),
listener (for example a printer) and talking/listening device. The control bus
consists of five lines: [FC, ATN, REN, SRQ, EOI and synchronization bus
utilizes three lines: DV, NRFD, NDAC. The description of these lines is
presented in Table 6.2 and the connector in Fig. 6.37.

DATA j X

-
]
=
ready end of transfer L
DAV
data valid
NRFD _’ ’ J @
c
byte accepted %
z

NDAG =

ire 6.38. The GPIB handshaking sequence

Figure 6.38 presents the data transfer sequence of handshake signals, The
talker waits until the listener changes the NRFD line to “high™ which means
that it is ready to receive the message. Then the talker sends byte of the data
to DIO lines and next changes the level of NAV indicating that the vahd data
is available on the bus. After this signal the listener reads the data and
changes the NRFD line indicating that no further data should be sent. When
all listeners have read the data the NDAC is set to “high™ which means that
the last listener accepted data. Afier this, talker changes the DAV line and
removes the data from the bus. The interface is ready to send next data after
change of NDAC, which is synonymous with the end of data transfer. After
another change of NRFD the listener is ready to receive new data.

The full description of commands, messages and communication protocol
is beyond the scope of this book and is described in detail elsewhere (Caristi
1989).

In 1987 an enhancement of the TEEE-488 standard was introduced. This
standard slightly improved the interface called now IEEE-488.1, as mainly
hardware-oriented was supplemented by TEEE-488.2 standard. The IEEE-
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488.2 standard is concerned with a more precise description of commands,
data structure and transaction timeouts. Further extension of GPIB IEEE-
488.2 was introduced in 1990 with the specific instrument command set
called SCPI - Standard C Is for Progr ble Instruments. SCPI is
more programming language than interface and is described in the Section
6.4.13.

The extension of GPIB standard did not solve many problems such as
relatively low speed of data transfer 7 MBps, limited length of the cable and
limited number of connccted devices. Tn 1993 the National Instruments
introduced improved protocol of synchronization HS488 — High Speed
Handshake Protocol which enabled users to increase the transfer speed to
about § MBps (for the cable length 2 m).

GPIB

fiber-optic cable
2km

Figure 6.39. The increase of the transmission length by application of GPIB-140A
extenders of National Instraments: (National Instruments 2005)

The increase of the length is possible after :lpphculmn“of
special extenders as GPIB-140A extenders of National Instruments !hg.
6.39). Extenders enable users to transmit the data serially through the 1l}’f‘"
optic 2 km cable with rate up to about / MBps. Thus, the whole system
operates as a serial-parallel hybrid interface. el

Another extension of the performance of GPIB interface can be r l;or
using GPIB expanders, which increase the number of connected dc"“":ﬂ 29
example GPIB-120A expander of National Instruments cnuh_!cs to conn 3
devices to the GPIB interface (as compared to 15 n the original Wrsm“[l:'EE-

In most of the computers a parallel interface called Centromcs Orr ﬂ;\d is
1284 is still present. This interface can be used to conneet the P"‘“"f inter
indicated as LPT — Line Printer Terminal (currently this mode 'O‘Efacc)'
connection is often substituted by the connection lhrgugh USP "iln:crfﬂcc'
Theoretically, Centronics could be used as a measuring system
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This interface after small hardware and software modifications can allow
transmitting the data with speed up to 2MBps (as Enhanced Parallel Port
mode EPP). But an important advantage of GPIB interface in comparison
with the IEEE-1284 standard is its well defined command set. In the case of
IEEE-1284 it would be necessary to write practically a whole new program
adopting this standard to measuring system requirements. Moreover, it is
very probable that in the near future computers will be manufactured without
the LPT parallel port.

6.4.5. Wireless interfaces: IrDA, Bluetooth and WUSB

The wireless connection of devices resulis not only in elimination of the
chaos of cables, but also often it is the real need of the measuring system. For
example, when we need to transmit the data from a movable clement.

The infrared light system known commonly as the remote control device
for TV set can be used as the wireless interface. In 1994 IBM, HP and Sharp
organized the group Infrared Data Association or IrDA. This group
developed an interface standard known by the same name — IrDA (Irda 2005,
Rob 1999).

RS-232C/IrDA
converter

IrbA-USB
converier

Figure 6.40 Data transmission using infrared interface

To complete a measuring system with an infrared connection it is possible
1o use converters, for example RS232C/IrDA converter and next IrDA/USB
converter as it is illustrated in Fig. 6.39. Many laptop computers have as
equipment the IrDa port,

The IrDA interface utilizes infrared radiation of the wavelength 875 nm.
The infrared LED can be used as the source of radiation. A typical length of
infrared connection is up to one meter in presence of daylight and deflection
(off-alignment) # /5% Transmission speed of IrDA 1.0 ranges from 2 400 to
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115 200 kbps, IrDA 1.1 extends this speed to 4 Mbps. The pulses of LED
light are modulated to the 3//6 of the width of the original duration of a bit
which corresponds to 7.6 5. For high speed system IrDA this pulse width is
enlarged to % of original one bit pulse (Fig. 6.41) and for speed larger than
1.15 Mbps system of modulation is more complex.

! The IrDA interface is described by several protocols, for example IRPHY
— infrared physical layer specification, IrLAP - infrared link access protocol,

IrCOMM - infrared communication protocol, IrLAN ~ infrared local area
network.

T UART pulses

l :I &“G u IR pulses

DATA

CRC

START
START
ADDRESS
STOP

Figure 6.41. Modulation of the IR pulse:

and typical packet of IrDA interface

Recently, the infrared light data transfer is often substtuted by Bluetooth
fadio interface (Held 2000, Morrow 2002, Muller 2000). Bluetooth
connection overcomes one of the most inconvenient drawbacks of IrDa— the
neeessity of line-of-sight between  connected  devices. Bluetooth was
introduced in 1998 by the Swedish company Ericsson'. In l‘)“)‘) the
Bluctooth Group was established: Sony, Ericsson, [BM, Intel, Toshiba and
Nokia (Bluetooth 2005). Bluctooth interface enables to create the l""“‘””"l.
arca network. In this network it is possible to transfer data with speed of

[Mbps (Bluctooth 2.0 increases this speed to 2./ Mbps) at the distance of
about /0 m

Up 1o eight devices can be mutually connected in the network = called a
piconet (Fig.6.42). The device that initiates the piconet is the master, the
other devi operate as slaves. At any time data can be transferred hcleL:n
the master and one slave. The master switches rapidly from slave © slu\’:: uI:
a round-robin fashion. The piconets can be connected into larger "c“ ‘(:lr .
called scatternet (Fig. 6.41). One of devices acts as a bridge betweEn
piconets playing a master role in one of them and slave in another.

! Harald Bluetooth was king of Denmark i the late 900s.
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scatternet

B ,,_,/ s

Figure 6.42. The network composed within the Bluetooth interface

Bluetooth utilizes the frequency range 2.400 — 2.4835 GII: The Is.[’.ctfnl!
technique called frequency hopping spread-spectrum FHSS cnuh.lc.s L:.
operating many devices without additional interference. In this ('u. Hl"llL
cach of 79 devices use individual frequency, which is changed ,“""!Uf;_'l)j
1,600 times every second. Thus each channel obtains a time slot 625 5. The
master transmits in even time slots, slaves in odd time slots.

ACCESS CODE HEADER PAYLOAD

0 - 2745 bits.

72 bits 54 bits i)
synchronization AMA o
I word AC address |VPe| flow| ARGI SEGN HEC
Sebey S S I S S .

Figure 6.43. The example of the data packet in Bluetooth interface

DATA

Fig. 6.43 presents the example of the data packet. The information about
spread-spectrum  frequency s included in synchronization word. Each
member of the network obtains individual 32-bit address BDA — Bluctooth
Device Address. There are two types of data transf ‘0 — synchronous
connection oriented and ACL - asynchronous connectionless. The signal 15
relatively weak — about / mI¥ (for comparison — the mobile phone transmits
asignal 3 1) and therefore the distance is limited — to about 70 m. This helps
in avoiding the interferences between many networks and devices.

In 2005 an enhancement of USB interface was introduced — the Wireless
Universal Serial Bus WUSB. This system combines the performance of USB
2.0 with wireless ultra band technology operating in the range 3./ — 10.6
Gz Fig. 6.4 presents the topology of a WUSB network.







