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ABSTRACT

A technique for online monitoring of disgpation fador in the range of
500-5000x10°, with a predsion better than 5x10° is investigated using numerical
simulation, alow voltage setup with loss angle simulator circuit, and a high voltage setup
with test objects operating at 1 kV. The tednique is based on synchronous detection
method o phase measurement. The disspation factor is obtained by processng the
simultaneously sampled signals corresponding to voltage and current, and involves
dividing the low passfiltered product of voltage and current signals by the RMS values
of the two signals. The measurement update rate depends on the response time of the low
passfilters. It is diown that the desired predsion can be obtained using asynchronous
sampling with (a) sampling rate much larger than the power line frequency, giving high
update rate, and (b) sampling rate lower than the power line frequency and processng the
aliased periodic waveforms retaining the original phase relationship. The second method
can be used for low cost instrumentation for condition monitoring applications with low

measurement update rate.
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Chapter 1
INTRODUCTION

1.1 Overview
A cgpacitor with alossy dieledric can be represented by a capacitor C, in parallel
with aresistor R, as hown in Fig. 1.1. For sinusoidal voltage v(t) of frequency f,

v(t) = V,, cos2nft (1.1)
Capadtive aurrent component ic(t) and resistive current component ig(t) are,

ic (t) = (2nf C,V,,)cod2nft + n/2) (1.2)

i(t) = (V../R, )cos2nf t (1.3)

The net current i(t) is given as,

i(t)=/f?C% + R2V, cos(2aft + /2 - 5) (1.4)
where,

tarns = (2nfC R, )™ (15)
The angle dis known asthe lossangle and tan dis known as the disspation fador.

The oorresponding RMS values are

V=V, /\2 (1.6)
lc = 2nfC,V (1.7)
I. =V/R, (1.8)

| =12 +12 (1.9)

Therefore, the disgpation fador D = tan dis given as,
tand = 15/l (1.10)



The net current | lags the cgadtive airrent component Ic by lossangle o, and leads the

resistive aurrent component by an anglen/2-9.

C_> I

[C¢ IR¢ ]C I
S § Re tan o= Ig / I¢
o V

I

Fig. 1.1 Equivalent paralel RC circuit for acgpadtor with lossy dieledric

The capacitor with the lossy dielectric may also be modeled as a capacitor Cs in
series with resistor Rsas $own in Fig.1.2. Here the net voltage V lags the voltage across
the caacitor V. by the lossangle 4, and leads the voltage across the resistor by angle

n/2 -0 . Thedisspation factor is given as,

tand = Vi /V, = 2xf CR, (1.12)
— V
O_
+
T Ve
4 +

Fig. 1.2 Equivalent series RC circuit for a cgpacitor with lossy dieledric

High voltage euipment generaly involves use of dielectric materials as
insulation between conductors, or between conducting parts and the ground. Monitoring
of the condition of theinsulation isimportant, because failures of insulation due to ageing
and deterioration dften involve lossof capital and risk of human injury. When adielectric

isused for insulation in high voltage gpli cations, the lossangle goes onincreasing as the



insulation condition deteriorates. Hence measurement of the loss angle or disgpation
fador can serve as one of the severa techniques for condition monitoring of insulation
[1-15]. Offline measurement involves removal of high voltage equipment from the
service. Further it is atedious and time consuming operation. With anline monitoring of
the disgpation factor, insulation deterioration can be monitored continuously under the
adual voltage and temperature @nditions, independent of the scheduled offline checks,

and this can help in timely detedion of insulation fail ure.

1.2 Project objedive

The objedive isto develop instrumentation for online measurement of disspation
fador. The work involved numerica simulation of the earlier proposed technique to
investigate the associated errors, to test it with a disgpation fadtor simulator circuit, and
finaly to develop a signa conditioning circuit to acquire signal from high voltage front
end and measure dissipation fador of transformer bushing. It is a @ntinuation of the
ealier work done at [T Bombay [15]. Initialy numerical ssmulation is done to find out
the erors contributed by ADC resolution, power line harmonics, and power line
frequency fluctuation. Further analysis is dore to investigate errors associated with
different sampling rates by sampling the signals at two dfferent sampling rates i.e. one
higher than the power line frequency and other lower than the power line frequency. A
low voltage signal condtioning set-up is made to measure the disspation factor of
transformer bushing rated for 1 kV wherein USB based data aquisition card is used to
aqquire the signals from the signal conditioning circuit. These acquired signals are
processed using MATLAB to compute the disgpation fador.

1.3 Dissertation outline

The second chapter gives literature review of some of the ealier reported
tedhniques. Chapter 3 explains the proposed technique for online disspation factor
measurement along with theoreticd error analysis. Chapter 4 explains the numerical
simulation used to validate the proposed technique. In Chapter 5, a loss angle simulator
circuit along with the results obtained is presented. Experimental hardware setup for

disgpation factor measurement of 1kV bushing and a standard air capacitor of



1000 pF/ 2 kV is presented along with the results and discusson in Chapter 6. The last

chapter gives the summary and scope for future work.



Chapter 2
DISSIPATION FACTOR MONITORING

In this chapter, a review of the methods of disgpation fador measurement is
presented. The techniques for monitoring of dissipation factor can be dassified as bridge
balancing techniques [3], tedhniques based on phase measurement [4][10], techniques
based on harmonic anaysis [5][ 7][ 8], techniques based on synchronous detedion [6][9],
tedhniques based on decomposition o current signal into orthogonal components
[13][16], and technique based on sum current method [11][12]. A number of techniques
[17][18][19][ 20] for phase measurement based on zero-crossng detection are reported in
the literature. However, the application of these techniques towards the measurement of
disgpation fador has not been reported. The bridge balancing techniques are mostly used
for offline measurement while the others techniques are more suitable for online

measurement.

2.1 Offline measurement using bridge balancing

A conventiona offline technique of monitoring the status of dielectric needs
remova of equipment from the service. Two different offline measurement techniques
arereported in the literature.

First technique of offline method involves disgpation factor measurement through
Schering bridge null detection [3]. This method of measurement isill ustrated in Fig. 2.1.
Sample dieledric or insulation whose disspation factor is to be measured is represented
by Z,, where R, is the resistance representing its dieledric loss component. Cs is a
standard air capacitor, while R, and C, are variable resistor and capacitor respectively,
used for balancing the bridge. Bridge is balanced by successve variation of R, and C,
until the detedor shows null indication.
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Fig. 2.1 Disgpation factor measurement using Schering bridge (Adapted from [3])

Let Z;, Z,, Z3 and Z, represent the impedance of four arms of the Schering bridge
shownin Fig. 2.1, where

Z1 = Ry| (UjaCp), OZ, = tan™ (wC R))

Z,=1/jaCs, 0Z, =n/2

Z3=R,,0Z3=0

Z,=R|(ljaC,), 0Z, =tan*(wC,R)
For bridge to balance

L1724=25275
i.e., product of magnitude of impedances Z; and Z, must be equal to product of Z, and Z3

[Z, [T Z400= [Zo[TZ3[] (2.1
and sum of phase angle of Z; and Z, must be equal to sum of phase angle of Z, and Z3

0Zy+ 0Zy =02+ 0Z3 (2.2)
Substituting the value of 0Z;, 0Z,, 0Zz and (0Z4in (2.2), we get

tan(oC,R,) + tan H(wC,R) = /2

which gives,

1

prRp

=wC,R (2.3)



Sincethe dissipation factor for unknown load Z, is given as
tand = wC R,

the dissipation fador, under the bridge balance @ndition is given by
tand = wC,R

Various instruments based on Schering bridge method are available. These
instruments either have automatic or manual bridge balancing. Table 2.1 lists ome of the

instruments along with the name of manufactures and spedficaion. All these instruments

have an internal standard capacitor.

(2.4)

(2.5)

Table 2.1 List of tan d measuring instruments based on Schering bridge method

Manufacturer | Model No. Specifications
tan o Test voltage | Accuracy | Resolution | Bridge
range (kV) balance
Doble[21] M4100 0to+2 25-12 +40x10° 10x10° Auto
Haefely [22] Type 470 Not Not Not Not Manual
available available available available
Tettex [22] Type2816 | 0-9.99 0-12 +1% rdg’ 10x10° Auto
+10x107
Megger [23] | Delta2000 |  0-0.09 0-10 +2% rdg 10x10° Auto
Sivananda MLS- 100%x10°-2 0-10 +1% rdg 10x10° Auto
Eledronics[24] | 11DA1 +50x10°
Tinsley [25] AFP3000 0-1 0-12 1% rdg 1x10° Auto
bridge +20x10°
Scope T&M[26] FT-12 10x10°-10 0-12 +1% rdg 10x10° Auto
Eltel [27] ACTS-12K Oto+ 0-12 +1% rdg 1x10° Auto
infinity +50x10°
Lemke LDV-5/E | 10x10°- 0-1000 +1% rdg 0.1x10° | Auto
Diagnostics [28] 100 +1x10°

" Realing




Tedhnique of offline measurement is based on the operation of cahode ray
oscilloscope [3]. It is based on the principle that if the X and Y pairs of plates are goplied
with an aternating potentia diff erence then the eledron beam will trace a ellipse whose
area will depend on the phase diff erence between the dternating voltages applied to the
pair of plates. In one method, a potentia diff erence proportional to the gplied voltage is
applied to one plate of the pair of plates with other plate grounded and another pair of
plate excited with a voltage proportional to the integral of current through the dieledric.
A record of the ellipse traced out in disspation factor measurements can be obtained
photographicadly. Another method under this technique is gown in Fig. 2.2, Z, is the
sample dielectric or insulation whose disspation fador isto be measured. By varying the
resistor R, and cgpacitor C,, area of €ellipse on CRO is reduced so as to make it a straight
vertical line. Values of component corresponding to straight-line on CRO give disspation
fador. This method is inaccurate unless the voltage on C, is much less than that on C,.
Otherwise an amplifier will be nealed between C, and the Y plates. Information on
instruments based on this technique culd not be obtained.

1
Zy
R, TCp X Z,: Sample dielectric
Y | C,: Standard variable capacitor

@ [ I_ R,: Standard variable resistor

X: Horizontal plates of CRT

I | Y: Vertical plates of CRT
R, o T;: Transformer

Fig 22 CRO technique of disspation fador measurement (Adapted from [3])

2.2 Onlinetedniques based on phase measur ement
Different online techniques have been reported [4-10]. First caegory includes
instrumentation for online monitoring of disgpation factor based on phase measurement.

It is esentially acquiring voltage and current signal from the test objed and then



performing signal processing on these signals to measure phase difference, the lossangle,
or the disdpation fador [4]. Fig. 2.3 shows the general schematic of this arrangement for
measuring disgpation fador of high voltage equipment. The dieledric sample or
insulation is represented by Zy, and is connected to high voltage bus, and a voltage
divider is used to get the voltage signal. The current through the cgpadtor is converted
into voltage by 1/V conwverter. The two output signals are given to the phase measurement

circuit that gives disspation fador.

HV

Voltage

l ‘ divider Phase Loss angle

measuremen ———»
t

[/V

—
‘ Converter

Fig. 2.3 Disgpation factor measurement using phase measurement

A technique of loss angle measurement involves detection phese difference
between the zeo crossng of current and voltage signal. The reported [10] technique
removes the eror due to the offset and switching time delays of voltage and current
comparators. This is achieved by passng the voltage and current signal through
automatic gain amplifier (AGC). The schematic arrangement of this technique to measure
the disgpation fador is sown in Fig. 2.4. The airrent through the dielectric sample is
measured as the voltage across $andard capacitor conneded in series with deledric
sample. The voltage signal is obtained through the @pacitor divider connected with test
supply. These two signa's are then passed through an automatic gain controlled amplifier
(AGC). This helps in making the input of voltage of comparator at maximum. The
outputs of the current and voltage amplifiers are processed through a harmonic filter to
remove awy high frequency noise present in the signal. Filtered current and vdtage
signals are then converted into a square wave using two comparators. The exclusive-OR

gate is used to generate a pulse arresponding to the phase diff erence between the voltage



and current signal. The gate pulses obtained from the exclusive-OR gate is averaged
using the low passfilter. If the gate output switches between well defined logic levels O
volts and Vy volts, then the average output voltage

V=Vup/ (2.6)
where, @is the phase difference It also includes a digital precedence detedor fed from

the comparator output that indicaes the lead / lag in the phase diff erence measured.

Full wave

_>

1| c.=F rectifier
Zy s1 Harmonic | | Amplitude
l}; é filter :
R; :CI_D Phase ».| Micro-
. measureme comput
Harmonic | | nt — > er
filter Polarity

Cs T C2a== AGC Full wave

Amplifier rectifier

Fig. 2.4 Schematic for measuring dissipation factor based on zero-crossing detection
using AGC amplifier [10]

During power-on of instrument the wntrolli ng microcomputer calibrates itself by
testing the two channels by applying a test waveform to the input channels. All the gain
ranges are exercised and their gains are measured as well as gored. Identicd signals are
applied to both the channels and minor phase offset between them are stored. The output
voltage of low pass filter is measured, corrected and displayed according to the
cdibration result obtained during power-on self-test. The method aso incorporates
cgoacitance measurement. Here, the output voltage from two channels is redified,
smoothed, measured and adjusted to take into account the known gain of the AGC
amplifiers, obtained duing the cibration. The ratio of these two outputs is taken. These
outputs correspond to the specimen current and reference input current. The ratio
cdculated is displayed, giving the cgpadtanceratio. The instrument was designed for the
lossanglein the range of 100-1000x10° with an accuracy of +2% of reading + 1x107.

10



2.3  Onlinemonitoring using a bridge method

The main application o this technique in dagnosing the state of current-
transformer insulation in a substation is discussed in [4]. Fig.2.5 gives the basic
arrangement of this technique. Here the reference voltage is taken from standard gas
cgoacitor (called absolute disspation factor measurement) or taken from another unit in
service (called relative disgpation factor measurement). The two signals Ug and Uy are
monitored at a time and processed to get disspation fador. The computation method of
disgpation fador is not specified. The reported method was used to measure the
disgpation fador of the current transformer under no load condition with a 275 kV
voltage. This technique only recgnizes trends and patterns, such as cyclic characteristics,
in the results. The reported result shows the variation in the dissipation fador being
measured from 500-600x10™ over a period of 12 hours for both absolute and relative
disgpation fador measurements. However, the reported method does not give any

information about the range, accuracy and resolution of measurement.

HV t »
Zx %:I— Z.. Sample dielectric
BT Cs1 Cs1.3: Standard capacitor or
Pl P MS another sample dielectric
Un Ur Um: Measurement signal
c voltage
Cs3— 2 Ugr: Reference voltage

MS: Monitoring system
HV: Operating voltage

Fig 2.5 Bridge balancing based d ssipation factor measurement [4]

2.4  Techniquesbased on harmonic analysis

One such tedhnique is reported in [5], wherein harmonic anaysis using DFT is
performed on the aquired current and voltage signals. The measurements are performed
on a 230 kV current transformer unit. The analog voltage and current signals are scaled

down and pas=d through signal conditioning unit, which provides low passfiltering and

11



isolation of input analog signals. An 8-bit resolution digital storage oscill oscope was used
to implement the simultaneous sampling of the analog voltage and current signals. The
disgpation factor was obtained from the phase information of fundamental components
by using DFT. The authors have also reported the dfed of sampling rate, effect of line
frequency fluctuation and effea of line harmonics. First a laboratory setup was made to
measure the disspation fador of low losspolystyrene cgadtor and a metal film resistor
under low voltage condtion. Subsequently the technique was used to measure the
disgpation fador of 500pF / 40kV capacitor under high wltage. The predsion of
measurement reported is + 5x10° for didectric disspation factor ranging from 100-
2000%x10°, for signal sampling rate of 200 k Sa/s.

——p Amplifier 1 ——» ADC 1 [—»

CPU

8098 —=1 Display

—»| Amplifier 2 —»| ADC2 [|[—»

Fig. 2.6 Schematic for measuring disspation fador and cgpadtanceusing FFT [8]

Another technique based on phase measurement using signal processing is
reported in [7][8]. It is used for online disgpation fador monitoring of capacitive-type
insulation. The schematic arrangement of this measurement technique is gown in Fig.
2.6. The two signas corresponding to bushing current V; and applied voltage V, are
obtained from current and wvoltage sensors respectively. Two separate amplifiers amplify
these signals and limit the amplitudes, suitable to ADC. The two amplifiers are chosen to
have low settling time in order to decrease the phase drift caused by amplifiers. A 12-bit
ADC is used to sample the voltage and current signals smultaneously. Let V,(t) and V;(t)
represents the voltage and current signal respectively, where

V,(t) =Uy sin@e +¢,) + 5 Uy, Sin(nt +gy,) (2.7)
n=2

Vi) =Upg sin@r +¢;) + 5 Uy, sin(ont + gy,) (2.8)
n=2

12



The sampled voltage and current signals are processed using fast Fourier transform (FFT)

to obtained fundamental voltage and current signalsi.e. U,e' and Ue!” .

jov
U = T = Erose + I B, 29)
U;e"

We get lossangle as
5 = oy — @y = D (210)

which is used to obtain the disspation fador tan . The &ove technique is implemented

using a single cip micro-controller 8098. The micro-controller controls the sampling of
signals through ADC’ s and processes the sampled voltage and current data using FFT to
obtain the dissipation factor. Information about the accuracy and range of the instrument

developed, using this technique, has not been reported.

2.5 Techniquesbased on synchronous detedion

The technique is reported in [6], and the schematic of measurement setup is
shown in Fig. 2.7. It consists of an electro-optic field sensor that is used to sense the
voltage on the transmission line. A capacitor, cdled cap-tap capacitor, is used to sense
the insulation current. The @p-tap capadtor is conneded in series with the insulation
systems. The cg-tap capacitor is chosen to have avery low disspation fador of its own:
< 50x10” over the temperature range -40 to 8C°C. Capacitance value is chosen to bring
down the output voltage into the range of acceptable inputs to eledronic systems. The
voltage signal measured acrosscap-tap capacitor, representing the insulation current has a
phase diff erence of o with the voltage signal obtained from the dectro-optic field sensor.
Thus the voltage signa from the dedro-optic field sensor, representing the applied
voltage, is accurately phase shifted by quarter cycle. Then the dissipation fador is
computed [29] using

tand = tan%in"1 gv(t)l(t)dt% (2.11)

where, v(t) =V, sin(wr) represents the voltage signal obtained from voltage sensor and

i(t) =1, cosr —3) representsthe arrent signal through the ca-tap capacitor.
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Signal hold
conditionin —,_

(o]

Fig. 2.7 Schematic for measuring disgpation fador using eledro-optic sensor [6]

Signal processng unit here consists of ADC paired with a simultaneous sample
and hold urit. A computer processes the data and stores the cdculated values of the
disgpation factor. The two input signals are sampled at a sampling rate of 11.99 kHz.
Digitized signas are then low-pass filtered to remove noise and high pass filtered to
remove the dc component. The system is designed for power line frequency f, = 60 Hz.
The low-pass filter is a 7" order inverse Chebychev filter with cut-off frequency of
65 Hz, designed to have reached an attenuation of 60 dB by 120 Hz. The high passfilter
is a 39 order inverse Chebychev filter with a ait-off frequency of 55 Hz, designed to
have reated an attenuation of 60 dB by 5 Hz. From the filtered signal, the frequency is
computed, by counting zero-crossngs over a 200-cycle long interval. The number of
samples in the quarter cycle is determined using the frequency cdculated. Then the
voltage signal is ifted by quarter cyclei.e. 90°. Finally disgpation factor is computed as
per (2.11). The asolute values of dissipation factors obtained using the set-up is accurate
to within +500x10° based on the mmparisons with the measurements done using
conventional bridge technique.

Another measurement method for the phase measurement is reported in [9]. The
phase measurement between two distorted periodic signals is based on non-synchronous
multi-rate digita filtering. The reported method does not need synchronows sampling as
required in the DFT based phase measurement. Therefore it requires only a constant

sampling rate. The technique is insensitive to frequency variation in a wide frequency
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band around the nominal frequency. For a frequency band of 10% around the nominal
frequency, the method can resolve a phase difference of lessthan 0.5x10° rad with an
uncertainty less than + 2.5x10 rad. The low pass filter based phase measurement is
shownin Fig. 2.8.

The two input signals with known sinusoidal and non-sinusoidal test conditions
were derived from the programmable power cdibrator. It provides a phase resolution of
0.1x10° rad with an uncertainty of lessthan 1x10° rad. The input signal's were sampled
with an 18 bits ADC with sampling controlled through an external programmable pulse
trigger circuit. The two outputs of ADC are passed through digital low pass filters. The
outputs of two low passfilters were processed in the processng unit to get the phase
shift. For the signals with a phase shift of o between them, the phase shift is cdculated as

. kfﬂmM()

0= coslj

k+K2p—l k+K2p—l ,
S S )

where v;h,(n)and v,h,(n) represent samples at the output of the filters having impulse

(2.12)

Frrrirm

response @ h, (n) with their respectiveinputs as v, and v,. The relation gives phase shift
around 0 and 1t To get phase shift around 172, a discrete Hilbert transform [30], as a
quadrature phase shifter providing frequency insensitive operation, can be implemented
on the output signal from one of the low pass filters h,(n) and before the input to the
processng unit. Then, the phase angle can be obtained from an equation similar to (2.12)

using the function sin”(x) or tan™*(x).

V| Input 1 ) Apc |l LPF
conditioning |

Processing
unit

—» ADC —»| LPF J

Fig. 2.8 Disgpation factor measurement without multirate filtering (adapted from [9])

Oscillator

i Input
conditioning
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If alow passfilter isto be designed for minimum attenuation Rs in the stop band
and passband ripple R, to be lower than the 1/2 LSB of an L-bit ADC, then the order of
the filter becomes very large. For a 16 bits ADC, 1/2 LSB amounts to 0.76x107, this
corresponds to 6.6x10° dB for R, and 102.4 dB for Rs. Low passfilter designed with
these specification results in a filter of order 1700. Thus it needs an intensive
computation. The filter designed with a passband ripple of R, up to the maximum input
frequency of fmax and stop band attenuation of R for input frequency from 2fyin, will have
the frequency response shown in Fig. 2.9. Further to avoid the diasing, the sampling rate
has to be higher than the maximum signal frequency components present in the spectrum

due to harmonics of fundamental.

A A
A(D A(f)
! ! nln]
|
I
| hy[m]
A A |
Log(f)
0 > f 0 | — o
0 frin ﬁ-nax 2;:min 1 fpc1 = fpc1 fsco fsct fso fs
pe > fmax 2fmin f52/2 fs/R

Fig. 2.9 Filtering harmonics with low pass filter and multirate filtering with deamation
ratio of R[9]

To overcome aforementioned constraints of single low pass filter, a multi-rate
digital filtering is used. Low passfilter h,(n) used earlier is replacal by the cascade of
low passfilter h,(n), dedmation by afacor of R and another low passfilter h,(m). This
approach of processng is shown in Fig. 2.10. The samples of both the preconditioned
input signa's v; and v,, are sampled at sampling rate fs (cdl ed first sampling rate) are first
low passfiltered by h (n). This will limit their respedive spectra to the low passfilter
stop band corner frequency fy;. The crner frequency of hl(n) is ®leded as one half of

the second sampling rate fo. The value of fy is chosen so asto give an integer ratio of the
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first and second sampling rate, i.e., an integer dedmation ratio R. The decimation ratio is
chosen such that another filtering applied with low pass filter h,(m), at the sampling rate

R times lower than fs can filter out fundamental harmonics.

If alow pass filter is designed for a pass band corner frequency fpcr Of fmax
(66 Hz), stop band corner frequency fe1, with al other R, Rs and fs specification
remaining the same, the designed FIR filter will have an order of 97. Similarly the second
low passfilter designed for a pass band corner frequency fu aso of f (66 Hz), stop
band corner frequency fs of 2 frin (108 Hz), Ry, Rs as before, the resulting filter will have
an order of 210. Thus the two FIR filters designed for an order of 97 and 210, at sampling
rates fs and fy respedively, are lower than 1700, which is the filter order when only one
FIR filter at sampling rate fs is used. The frequency response of this multirate filter is
shownin Fig. 2.9.

Tnput
—| conditionin
o]

Y

ADC | hiin] (| yR || ham]

 J

Processin
g unit

A

Oscillator

Tnput
—{ conditionin
ol

ADC | nin | YR o hm]

\

Fig. 2.10 Disgpation factor measurement using multirate digital filtering [9]

The method is tested in the laboratory. The performance of this phase
measurement system under different test conditions is reported. These includes a phase
measurement of & and 1W2-J in the frequency range fmin (54 Hz) to fa (66 Hz), and the
effect of harmonics in the signal. The results indicaes that resolution o phase
measurement is lessthan 0.5x10° rad and the maximum phase measurement error as a
function of measured phase angle in the range of 0 to 2mtis lessthan 2.2 x10” rad. The
maximum phase error is less than 2x10” rad for a harmonic content of 10% in voltage

and not more than 50% in current.
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2.6 Techniquebased on decomposition of current signal
Another technique of dieledric loss angle measurement involves the
decomposition of readive and adive aurrents through the dielectric. One such technique

isreported in [13]. It isimplemented with analog circuit.

_ 1

Co

N

Rr Rec Ry
VR Ve Vh
v®

Fig. 2.11 Disgpation factor measurement using adaptive aurrent decomposition [13]

The basic principle of this technique is demonstrated in Fig. 2.11, where V,, V,
and V;, represent three aljustable voltage sources. The three voltage sources are adjusted
to get zero potential at node N. The three aljustable voltage sources are aljusted to
decompose the dielectric current of Z, into active current, reactive and harmonic aurrent.

When the node voltage N is zero, the tested deledric lossangle dis expressed as
tans =& = R Ve (2.13)

Thus measuring of dielectric lossangle involves measurement of Vg and Vc. The
circuit reaization of this method is dhown in Fig. 2.12, where the eledrical potentia of
detection node N is clamped up to zero. Under the unbalanced condition current iy will
flow through the resistor R,. Acosat and Asinat are multiplied with voltage acossR; in
multiplier to get output V. and V, respedively. These outputs are low pass filtered using

integrators. The output V. will have s d and cos 2ax, where the frequency component at
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second harmonic is removed by integrator (low pass filter) to get only cos 8. Similarly
from the output of second integrator we will get sind. These wsd and sind are
multiplied with the Asinat and Acosat to get adive and reactive aurrent respedively to
make the voltage & node N zero. With voltage & node N zero, theratio of outputs of two
low passfilter gives the disspation factor tan 4. The accuracy of the instrument based on

this method is upto 1% + 0.3x10°.

Zx CP
~> [H—l N R
iR RF
e
ic RR
— P
Rc
Ve Ve Ve -\
t ~
o x =0
Vs = AinvSin O t
wt )
Vi Vi V,
x_l %t —T—
£ Asinwt  _|_

Fig. 2.12 Circuit redlization of dissipation fador measurement using adaptive airrent
decomposition [13]

Another technique under this category is reported [16] to measure cgadtance and
disgpation factor of a capadtor at low voltage. Fig 2.13 shows the block diagram of this
measurement technique. This technique incorporates computation of real and imaginary
parts of admittance under sinusoidal excitation from voltage acrossthe capadtor and the
current through it. The technique of separation of real and imaginary parts of the
admittance is redized with a standard capacitor, three-phase sensitive detectors, a
constant 90° phase shifter and two digital voltmeters. The ratio of two currents i.e.
current in phase with the applied voltage axd component in quadrature is taken to
compute disgpation factor. First the airrent through the unknown capadtor Z, is
converted into a voltage signal by op-amp OAl as own in the Fig 213. Similarly

current through standard capadtor Cs is also converted to voltage by another op-amp
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OA2. The output of PSD1 and PSD2 consists of a dc component, wherein output V; is
proportional to the 1/ Rr and V; is proportiona to the wCp.

R
—J
S
| : v
OA2 % » Vin v
+ PSD3 Vs —p>
Vref Capacitance
L — > Ve DVMH1
90 ° Phase
Vref
shifter
J__ PSD2 V,
L — Vin
I_E'LL
Zy T
Frvy LN
® - V. )
v® Mg OA Nl —| Vi
+ in Loss angle
PSD1 Vi}——»
== = q Vref VR DVM2

Z, : Capacitor under test
Cs : Standard capacitor

Fig. 2.13 Schematic for measuring disdpation factor and cgpadtance of capadtor [16]

Finally the ratio of V; and V, is taken that gives the disspation fador. The error in the
measurement is due to PSDs, because of the non-idedlities of the PSD operation, not
having exact phase shift of 90°. The reported accuracy of measurement for disgpation

fador is + 2.5% and that for capacitanceis + 0.2%.

2.7 Technique based on sum current method

Another approach to determine online disgpation fador is reported in [11][12].
This approach of dissipation factor measurement is illustrated in Fig. 2.14. It is based on
the fact that in a three-phase system, if the system voltages are perfectly balanced then
vector sum of current vectors is zero, else there will be an imbaance in the arrent. In
this technique, three bushings are excited with threephase supply. The arrent through
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these bushings are measured as the voltage across a standard cgpacitor conneded in
series with the bushings. The capacitors are chosen to have avery low disgpation factor.

The voltage signals thus obtained are vectorially added in the voltage summer circuit.

Summer

YV Y

Fig. 2.14 Schematic of measuring disspation fador using sum current method [11]

If the bushings are identicd and system voltages are balanced then the current
through all the three bushings will be same. Thus the output of summer will be zero.
Pradicdly system voltages are never balanced nor are the bushings identical. When ore
of the bushings deteriorates, its capacitance and /or power fador will change and hence
sum current associated with the set will deviate from itsinitial value. The vector diagram
of current through three-phase bushing set is shown in Fig. 2.15.

During the initial period of installation, system establishes a benchmark sum
current Is. The voltage acoss the standard cgpadtor is current in series with bushing
proportional to the sum current and us used as the benchmark output. Later the
benchmark is used for comparison with subsequent measurement. Subtrading the
benchmark value from the latest measurement of sum current |51, gives a third phasor
Als, whichiscdled ‘change in sum current’, Fig. 2.15. The angle of this third vedor with
resped to the reference bushing is used to identify which bushing is causing a change.

Once the deteriorated bushing is known, the magnitude and phase of change in the sum
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current vector is used to caculate the dissipation factor. But this method has a
disadvantage that it cdculates the disspation fador of the bushing experiencing greatest
degree of degradation. The method reported does not give any information about the

accuracy, range and resolution of measurement.

/
/A D/ A1
I Ia
/
Is1 °
DI
Is S
Is
/C v

Fig. 2.15 Vector diagram with initial sum current non-zero and change in sum current

due to change in bushing current [11]

2.8 Technique based on zero-crossng detection

Another instrument for measurement of loss angle is reported in [19]. Fig.2.16
shows the general schematic of this technique. The voltage and current signals are first
converted into redangular waveforms by means of zero crossng detectors and then the
time difference between the pulse alges of the square waveforms are obtained using
exclusive OR gate. The time difference is measured using counter circuit with high fixed
frequency clock pulses derived from the line using a PLL. PLL is used to generate the
high frequency pulses from the line frequency in order to cater to the problem of line
frequency fluctuations. The high frequency output signal from PLL is ANDed with the
output of phase mmparator. ANDed output pulses are counted and directly displayed in
terms of degrees. Advantage of this technique is it does not require an accurate crystal
clock. The main source of error here is, the presence of harmonic distortions in input

wave. In the presence of harmonics, these techniques introduce erors or are unusable if
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signals have multiple zeo crossngs. Also the offsets and drifts in these zero crossng
detectors can introduce severe errors. This technique measures the disgpation factor in
the range of 100-9900x10°° with aresolution of 100x10°.

Voltage
signal | 7erg-crossing
detector Phase Control unit
comparator
C_urrent
signal | 7ero-crossing i
detector High C :
frequency ounter Display
pulses

Fig. 2.16 Schematic for measuring disdpation fador using zero-crosgng technique [19]

Different methods of phase measurement based on zero crossng are reported in
[17][18][20]. However, their application towards the disspation factor measurement is
not reported. These different techniques reported under this caegory vary in the way the

signals are processed, time for computation, and displayed.

2.9 Earlier work doneat I1'T Bombay

The digital processng technique to measure the disgpation factor is reported in
[14][15]). The technique is based on synchronous detedion method of phase
measurement. Here the disgpation factor is monitored by continuously aaquiring the
voltage v(t) applied across the cgadtor and the arrent i(t) passng through it and
cdculating the disspation fador by dividing the low-passfiltered product of voltage ad
current signas by the RMS values of the two signals, i.e. by dividing the adual power by
apparent power. The processing of signals does not require sampling in synchronism with
the power line. Error anaysis of this technique was reported for studying the effect of
number of quantizaion bits and cther processng parameters.

Solanki [15] carried out a numericd simulation to study the effed of different
filters. First LPF used was 10 k tap FIR rectangular window filter with cut-off frequency
of 5 Hz with sampling rate of 50 k Sa/s. LPF was redesigned as 4™ order 1l R Butterworth

filter to have monotonically increasing attenuation in the stop band. Next a low voltage
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setup was made wherein disspation factor of a cgadtor was measured. Signal
aqquisition was done using a two channel, 8 hit simultaneous DSO (Tektronix TDS-210).
The instrument maximum record length was limited to 2500 samples, thus only 2500
samples could be aquired at atime. The record was transferred using RS-232 interface
and "hyper terminal” to a PC. The data aajuired were processed to get dissipation fador.
Best-fit line relating the disdpation factor measured using the technique versus those
obtained from the drcuit component has a slope of 1.045 and offset of 66x107. Further
investigation with high vdtage setup was done wherein different disspation fador were
set by using different resistors in series with standard air capadtor. Finaly low-cost
micro-controll er based circuit was made to acquire the signals at sampling rate of 45 Sa/s.
The acquired signals were processed in MATLAB. The setup showed errors related to
noise in the hardware.

Further investigations are required using good signal aqquisition set-up to study
the effect of presence of power line harmonics on disgpation factor measurement. Also
the dfect of quantization needs to be understood in detail. Subsequently filters need to be
redesigned with lower cut-off frequency. Finally the disspation factor measurement
needs to be carried at high voltage setups including that of transformer bushing.
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Chapter 3
PROPOSED TECHNIQUE AND ERROR ANALYSIS

3.1 Basictechnique

The technique involves synchronous detedion method of phase measurement. It
is based on the principle of sampling the two input signals, proportional to the voltage
applied acrossthe capacitor and the aurrent passing through it, and carying out digital
processng o these signals for cdculating the disgpation factor, by taking the ratio of
adual power to apparent power. The block diagram of the techniqueis siownin Fig. 3.1.

s1(7) LPF (£) s7(1)
Sel? —> Se 59 :
LPF (£ Ny p- Sin &
55(1) LPF (£, s(1)

Fig. 3.1 Block diagram of technique used for diss pation fador measurement [14]

The two input signas s,(t) ands,(t), are proportional to voltage and current
respedively and may be given as

s,(t) = A cod2nf,t) (3.)

s,(t) = B cog2xf,t + 0.51 - ) (32)
where f, is the power line frequency and dis the lossangle. The product of these two

waveformsis,
s:(t) = s,(t) s, (t) = 0.5AB [cod4nf,t + 0.5n - 5) + sind] (3.3)
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The squares of the two input waveforms are,
s,(t) = [s.t)] 2= 0.5A? [1 + cod4nf,t)] (3.4)
s;(t) = [s,(t)] 2= 0.5B2 [1+ cos 2(2nf,t + 0.51 - )] (3.5)
These waveforms are low passfiltered with cut off frequency f.<< f, to retain only the dc

components, and we get

s, (t) = LPF{s,(t)} = 0.5AB sind (3.6)

s, (t)= LPF{s, ()} = 0.5A (37)

s,(t) = LPF{s, (t)} = 0.5B2 (3.8)
From these eguations, we obtain

S = 56/\/% =sino (3.9
And the disspation fador is given as,

tand = tanlsin' s, | (3.10)

Sincethe value of ¢ is generally very small, coso =~ 1, hencetan o = 0 = sin 0 = sg

3.2 Implementation using digital processng [14]

An anaog implementation of this technique will not give accurate and predse
measurement becaise of the arors in the analog multipliers. The scheme can be
implemented using digital signal processng after the two signals have been digitized. In
this case performance will be limited by quantization noise introduced in the digitization
of the waveform and also because of the finite sampling rate. Pandey [14] has carried out
atheoretical analysis of the arors.

Error in the estimation of o will depend on the number of quantization bits L,
sampling rate fs, and filter parameters. The effect of quantization may be modeled as
additive random noise [31] [32]. Each quantized and sampled waveform x(n) is the sum

of the true signal waveform s(n) and quantization noise e(n). Thus we have,

x(n)=s,(n)+e(n) (3.11)

x,(n)=,(n) +e,(n) (3.12)
The signal waveform are given as,

s.(n) = A codw,n) (3.13)
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s,(n) = B codw,n + 0.51 - 9) (3.14)
where o, =271/ f, isthedigital angular frequency of the power line.

Theseresult in,

x;(n) =% (N)x,(n) =5, + s, + 5,6, +ep8, (3.15)
%)= ()]’ =7 +& +2s¢ (3.16)
%s(N) =[x, (N =5 +€ +2s,e, (3.17)

After low passfiltering these waveforms, we get
X;(n) = LPHx; ()} = LPHs;s,} + LPHse, + 5,8, +ee.}

=5 t+6 (3.18)
X, (n) = LPH{x, (n)} = LPAs}+ LPHel + 25,8 }

=5 +e, (3.19)
%, (n) = LPHx, (n)} = LPA{s2}+ LPHe? + 2s,e,}

=5, +e, (3.20)

where s;,s,,s; are the true values and the terms e;,e,,e, have resulted due to

guantization noise. We are asuming that the second ader harmonic terms have been
eliminated by low passfiltering, but a finite anournt of broadband quantization noise has
remained due to the finite bandwidth of the low passfilter.

Now from X, X, and X, we get,

X _ 0.5ABsind +¢,

\/(X7Xs) \/(0.5A2 +e7)\/(0.5|32 +e8)

ind +
_ sind + 2e,/ AB (321)

Ji+2e, /A2 )L+ 26,/8?)

Asaming the quantization noise magnitudes to be very small compared to the values of
A and B, we get

Xy = Esin6+&%—e—7%—iE
U A L

B A?[Q B?

~Bing+ - & - & F
O AB A®* B’[
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Further, ignoring the second arder error terms, we get

Xq ~sind + 2% _sins e72 +&;E
AB OA° B L
=sind +g, (3.22)

The aror term in the final result can be written as,
& = (2/AB)e, —sindle, /A +e,/B?)

=2LPH(gs, + &5 +ee,)/AB}-sinS LPH(¢} +2¢;5, )/ A + (€ + 26,5, )/B?}
Ignoring the seaond order errors, and combining together the error terms involving e; and

ey, We get
e, = 2LPHg,(s,/AB -5, 5ind/ A?)+e,(s,/AB -5, sin5/B? )}
= 2LPH(e,/A)(codw,n + 1/2 - 6) - sind codw,n))
+ (e,/B)(codw,n) - sind codw,n + m/2 - 6))}
= 2LPH(e, / A)(- coso sin(w,n)) + (e,/B)(coss codw,n - 6))}
= 2cosd[- (¥ A)LPHe, sin(w,n} + (1/B)LPHe, cogw,n - 5]

We aan write the éove as,

e, =2c0sd[-r,/A+r,/B] (3.23)
where

ri= LPF{g, sin(w,n)} (3.24)

r.= LPF{e, cow,n - o)} (3.25)

It is to be noted that r; and r, are random noises assciated with the process of
guantization of signals s; and s, respedively, and hence they are uncorrelated with each
other. Therefore, the mean squared value of the error ey is given as,

02 =4cos 3|0k /A2 +0? /B (3.26)
For sampling rate of f, and quantization step of A, the quantization error [31]

[32] can be modeled as random noise with uniform power spectrum density over
[-f42, f42] with acRM S value given as,
0. =4, /12 (3.27)
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In order to estimate the RMS vaue of the aror, we need to obtain estimate of
random white noise waveform modulated by a sinusoid and low pass filtered. Let us
consider a waveform p(n) generated by multiplying random white noise e(n) having ac

RMS value of ¢, with a sinusoidal waveform of frequency f, (<f42),

p(n) = e(n)cod2xf,n/ f, +0) (3.28)
Its autocorrelation is,

R, (n) = /2)R. (n) cos(2afn/ )
and therefore, the power spedrum density (p.s.d.) of p(n) is

So(f)=Wa)[s.(f - f.)+s,(f +1.)]
where S f) is the p.s.d. of e(n). Considering e(n) as noise with uniform p.s.d. S over
[-f42, f42] and RMS value of o, We have

Se :U:/fs
Sincefd2 > f,, we get the p.s.d. of p(n) as
S, (f)=s,/2, for |f|< f,/2- 1,
S./4,for f/2—f, <|[f|<f,/2+f,
0, for |f|> f,/2+ f,
Actualy because of aliasing about /2, we get
S,(f)=s,/2,for |f| < f,/2
Signa q(n) isthe output of the low passfilter H( ). Therefore, the p.s.d. of g(n) is
s,(f)=|H(f)’s,(f)
If thefilter has a at off frequency f, < f,/2- f_, and assuming
H(E) =1 [f]<f
0, otherwise
we get,
s,(f)=s,/2, for|f|< f,
0, for|[f|>f,

therefore the mean square value of q(n) is given by
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o; =(8./2)2f)=0l(f./ 1)

Therefore,

0,=0.f./f, (3.29)

Using this result, the mean squared value of error ey as given in (3.26) may be given as
02 =4cos 5(f,/f, o2 /A2 +02% /B?) (3.30)
For signal range of (-Vm, +Vm) and L-bit uniform quantization, the quantization step is,

A, =2V, /2" (3.32)
and therefore, the acroot mean squared values of the quantization errorsin the two inputs
are

O0q=0g,=0,= ;\\;"1“—2 (3.32)
Let the pek value of the two input signals be,

A=aV,

B=a,V,

1 1 1 1 f
Then, =(2c0sd —H = 3.33
en. 0 = ool %)

For the spedal case of a; = ax=1 (i.e., both the input signals occupy the full range of the
ADC’s), we get

o= |EeoslL Ak

For small values of ¢, coso = 1 and therefore

Oog = [121L : 2—:} (3.34)
If we define the normalized cutoff frequency of digital low passfilter as
y=fc/fs (3.35)
then the acRM S value of the aror can be written as
8y/3 (3.36)

The values of o as given by (3.36) are clculated and given in Table 3.1 for some

spedfic values of L and y = f./ fs. Table 3.2 gives the value of y for some specific values
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of L and oe. For condition monitoring of insulation in transformers, disgpation fador of
interest is generally in the range 500—5000x107. For 1% resolution at the low end of the
range, we should have g, < 5x10°. To adhieve this with L = 8 and 12, we require
» = 6.14 x10® and 15700x10° respedively. For f, = 50 Hz and fs = 900 Sa's, this will
require f.= 0.055 Hz and 14 Hz respedively.

Table3.1 Theoreticd estimates of RMS values of error, oe, caused by input

quantization. Number of quantization bits= L, normalized cut-off frequency y = f./ fs.

L ()

y=05 | y=01 »=0.01 »=10° | y=10* | y=10°
1| 058 0.26 0.82e-01 | 0.26e-01 | 0.82e-02 | 0.26e-02
41072001 | 032e01 | 0.1e-01 0.32e-02 | 0.1e-02 | 0.32e-03
0.45e-02 | 0.20e-02 | 0.64e-03 0.2e03 | 0.64e-04 | 0.2e-04
12| 0.28e-03 | 0.13e-03 | 0.40e04 | 0.13e:04 | 0.40e-05 | 0.13e-05
16| 0.18e-04 | 0.79e-05 | 0.25e05 | 0.79e-06 | 0.25e-06 | 0.79e-07

Table 3.2 Theoretical estimates of the low pass normalized cut-off frequency y (= fc/ fs),
for spedfic values of L and RMS values of error oeg.

L y

66=10° | 6=5%10" | 6e0=10" | 600=5x107 | 666=10° | 65=5%10° | 6eo=10°

1.50e-06 | 3.75e-07 | 1.50e-08 | 3.75e-09 | 1.50e-10 | 3.75e-11 | 1.50e-12
4 19.60e-05| 2.40e-05 | 9.60e-07 | 2.40e-07 | 9.60e-09 | 2.40e-10 | 9.60e-11
2.50e-02 | 6.14e-03 | 2.50e-04 | 6.14e-05 | 2.50e-06 | 6.14e-07 | 2.50e-08
12105 0.5 6.30e-02 | 1.57e-02 | 6.29e-04 | 1.57e-04 | 6.29e-06
16105 0.5 0.5 0.5 1.61e-01 | 4.03e-02 | 1.61e-03
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3.3 Effect of harmonicson disspation factor

The dissipation factor measurement also depends on the harmonic content of line
voltage. Let the two input signals be v(t) and i(t) , representing the voltage and the aurrent
respedively. Then we @an represent voltage and current signals, considering the presence

of harmonics as,

=Y A, cod2nnt,t+g,) (3.37)
=Y B, cod2anf t +¢,, +n/2-4,) (3.38)

Then,
v(t)i(t) Z Z A cod2zmf t + ¢, )B cod2xlf t +¢ +7/2-0)) (3.39)

During low pass filtering with f; < fo, al the products termsinvolving k # | are diminated

and hence we get,

LPHv(t)i(t)} = Z 0.5A B, codn/2-4,)) (3.40)
PRV (1) =  0.5A7 (3.41)
LPRi*(t)}= Y 0.582 (3.42)
And hencewe get the output as,
> AnBy, sinoy,

S = (3.43)
,g%;%

Asauming the C, and R, in the dielectric model of Fig 11 in Section 1.1 to be frequency
independent, we have

B :% and sind_ =tand,, = (1/m)tand
then the output can be written as,

If the entire THD of d is contributed by m™ harmonic component, then for the small value
of THD (md << 1), the aror in dsspation fador AD, will be bounded by

s, =sinod (3.44)

Tz
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AD m’-1
— <
D 2

For the typical magnitudes of the harmonic components in power line as given in

d? (3.45)

Table 3.3, the value of total harmonic distortion is 4.42% and the eror in dssipation
fador using (3.44) is 3.82%. By doing band pass filtering on the voltage axd current
signals, contribution of harmonic components can be di minated.

Table 3.3 Typical harmonic content in the power line

Harmonic | 1 3 5 7 9 11 13 15 17 THD
No.

Percentage| 100 | 150 [3.00 |250 |=0 100 [0.75 | 050 |[050 |4.42
of 50 Hz

3.4 Low passfilter
The low passfilter is designed to give good attenuation for second harmonic and

other higher frequencies. If we use FIR filter designed to have notches at the multiple of
power line frequency then harmonics can be attenuated significantly. But power line
frequency varies and can result in a large variation in the dtenuation of the second and
other higher harmonics. To address this isdale, it is decided to use Chebychev type IIR
filter. The low pass filter is designed for large attenuation for second harmonic. The
designed filter has ripple in the passband and monaonicdly increasing attenuation in the
stop band [31]. For reducing the eror due to product term at 2f,, we need to have gain at
this frequency of less than 10% i.e. an attenuation of 160 dB. The following
spedfications were chosen for thefilter:

e Passband ripple<0.02dB

e Passband cut-off frequency f. = 2 Hz for fs= 900 Sals

« Stop band attenuation of > 200 dB to second harmonic.
The filter designed with these spedfications has an order of six. The difference equation
isgiven as

6 6

y(n)=—zlaky(n—k)+gbkx(n—k) (3.46)
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where,

This filter's magnitude response for fs = 900 Hz over the frequency range 0-200 Hz is
Fig. 3.3.

shown in Fig. 3.2 and magnitude response for the frequency range 0-2 Hz is down in

50 f-----

Frequency in Hz

900 Sals.

Fig. 3.2 Magnitude response of 1IR Chebychev filter with order N
2Hz, f

fc



0.995

099

0.985

Magnitude

095

0.975

Frequency in Hz

Fig. 3.3 Magnitude resporse in the passband 0-2 Hz, of IIR Chebychev filter with order
N = 6, cutoff frequency f. = 2 Hz, f;= 900 Sa/s.

3.5 Signal processng with low sampling rate

The two waveforms being processed for online measurement of disgpation factor
are periodic and when sampled at a low rate will result in aliased periodic
sequences, which retain the same phase relationship as the origina waveform and thus
can be used for obtaining the tan d values. Let the sampled voltage and current signals
from the c@pacitor with delectric under test be given as

s(n) = Acodw,n) (3.47)

s,(n) = Bcodw,n + 0.5z - 9) (3.48)

where, o, = 2nf, / f,, f, = power line frequency, sampling rate fs > 2f,.

Let fs< f,with
f,=f, - f,and w, =21f / f, (3.49)
We get the diased waveforms as,
x,(n) = Acodw,n) (3.50)
x,(n) = Bcodw, +0.57 - ) (3.52)
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We see that the two waveforms x; and x, are periodic with frequency w, , and

retain the same phase relationship as s; and s,. The real advantage of the method is that
the low sampling rate means a low data rate and processng rate, hence entire hardware

can become inexpensive.
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Chapter 4
NUMERICAL SIMULATION

Numericd simulation is caried aut to serve threedifferent purposes. The first one
is the verification d the technique proposed with two dfferent sampling rates (i.e.
sampling rate higher than power line frequency and sampling rate lower than the power
line frequency). This is done to find out the arors in the measurement contributed by
quantization error i.e. the effed of number of ADC hits. Subsequently, to reduce the eror
due to quantization, band passfiltering of two input signalsis caried out and the dfed of
BPF is studied. The secondobjedive of the simulation is to study the effect of power line
frequency variation on the disgpation fador measurement and effea of BPF filtering of
input signal in this case. Finaly, ssimulation is dore to simulate the condition of presence
of harmonics on the power line and its effect on the measurement. The results obtained

are presented.

4.1 High sampling rate ssmulation

To cdculate the disspation fador of the dielectric, we need voltage applied
aaossthe cgadtor and current through it. Let the voltage and current signal from the
dielectric be

s,(n) = Acodw,n) (4.1)

s,(n) = Bcodw,n+0.57 - ) (4.2)

Numericd simulation is caried aut with A= B=1, f, = 50 Hz, and fs = 900 Sa/s,
for lossangle in the range of 100-5000x107 rad. First, the entire processngis done using
a floating-point representation of the waveform in the numericd simulation. Next the
effect of L-bit quantization is studied. To simulate the dfed of quantization, valuesin the
origina waveform in the range -1 to +1 are shifted to a range of 0 to +2 by adding an
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offset of 1. The values are then multiplied by 2= and rounded to the neaest integer to
get integer values over range 0: 2--1. Next, the values are shifted back to make them
bipolar and dvided by 2" to convert the values back to the origina range of -1 to

+1. The quantized sequencethus obtained can be written mathematicdly as

int[2- = L(s(n) + )] - EZL -1 O.SE
2L - 1
Numericd simulation of the processng is carried out for the voltage and current

(N 4.3)

waveforms synthesized with different values of loss angle é. The dfect of quantization

with quantization step 4, isbasicaly introduction of abroad band noise, with an overall

rms value of 4, /+12. Filtering the quantized waveform with a narrow BPF reduces the

effect of quantizaion noise. Processng, both the voltage and current waveforms by the
same filter, eliminates phase eror introduced by the filter in the final result. It is noted
that multiplicaion of two waveforms of the same frequency and low pass filtering
involves synchronous detedion, and hence removes the effect of any noise distributed
over a wide band. Hence reduction of quantization noise by narrowband filtering of the
waveform may not necessarily reduce error in the estimation of loss angle. Thus it is
decided to test the merits of using the band pass filter by carrying out the simulation in
two modes (a) without BPF and (b) with BPF.

4.1.1 Numerical smulation without BPF

Investigations are carried out for different quantization of the
waveform. Simulation is done for floating point, 16-bit, 11-bit, 10-bit, 8-bit, 4-bit, 2-bit,
and 1-bit with IR Chebychev low passfilter, as designed in section 34, having cut-off
frequency f.= 2 Hz. The computation is carried out for 9 k length of input samples and
the output of filter stabili zed after 2.5 k samples. The processed results after stabilization
of filter output are used for tabulation. Table 4.1 shows the simulation result for mean sy
and standard deviation for f, = 50 Hz, fs = 900 Sa/s where oy shown in the table is the
caculated value of standard deviation. Results $ow that standard deviation obtained

from the numericd simulation is less than the cdculated oy for lower values of o.
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Although the standard deviation obtained is higher for higher values of 9§, but by doing
different bit quantization it is observed that standard deviation beames lessdependent on
guantization as we go for lower bit resolution. It is observed from the result that standard
deviation remains nearly same for floating point computation, 16-bit, 11-bit, and 8-bit
quantization. However, the errors with resped to set value increase with deaeasing L.
Also with lower L, the resolution suffers. Simulation with L = 4, 2, 1 showed a very poor
performance in the sense that measured output is almost insensitive to input changes. The
stabilization of the @l culated value of lossangle d with sample index is iown in Fig 4.1
for lossangle of 50x10° with 900 Sa/s and L = 16 bit.

0.052

Loss angle d (rad)

500 1000 1500 2000 2500 3000 3500
Sample index

Fig. 4.1 Loss angle d found from numericd simulation corresponding to 0.05 rad with
L = 16 bit and sampling rate of 900 Sa/s
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Table 4.1 Results of numerica simulation, without using BPF for y = 1/450,
fs =900 Sa/s, and f. = 2 Hz, for different number of quantizaion hits.

Set value Numerical simulation result, § (x10° rad)
& (x10° [ Floating point 16-bit integer 11-bit integer 8-bit integer
rad) [0 =0.12x107] | [0g=3.76%x107] | [0g = 30.07x10]

Value sd Value sd Value sd Value sd

100 100 0.02 100 0.02 118 0.03 87 0.02
200 200 0.05 200 0.05 209 0.05 87 0.02
300 300 0.07 300 0.07 304 0.08 253 0.06
400 400 0.10 400 0.10 416 0.10 253 0.06
500 500 0.13 500 0.13 523 0.13 475 0.12
600 600 0.15 599 0.15 610 0.15 774 0.19
700 700 0.18 700 0.18 701 0.18 774 0.19
800 800 0.20 800 0.20 796 0.20 949 0.24
900 900 0.23 900 0.23 904 0.23 949 0.24

1000 1000 0.25 1000 0.25 1015 0.25 978 0.24

2000 2000 0.50 2000 0.50 2017 0.50 2007 0.50

3001 3001 0.75 3002 0.75 3008 0.75 2956 0.74

4002 4003 1.00 4003 1.00 4001 1.00 4187 1.05

5004 5005 1.25 5005 1.25 4988 1.25 5056 1.27

4.1.2 Numerical smulation with BPF

Band pass filtering of the two waveforms are carried out before the caculation o
S with the assaumption that band pass filter will reduce erors due to quantization
error. The band passfilter designed is Il R Chebychev filter having ripple in the passband
and monotonically increasing attenuation in stop band. The band passfilter is designed as
afifth order filter to have pass band as 47-53 Hz. Magnitude response of this band pass
filter is down in Fig 4.2. The mmputations are carried ou for 9 k length of input
samples. The output of BPF stabilized after 5 k input samples whereas LPF output
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stabilized after 2.5 k samples. Thus the results are computed after 7.5 k input samples.
The results of these investigations are tabulated in the Table 4.2. The synthesized sine
wave with floating point representation over +1 is down in Fig. 4.3(a). This waveform
guantized for datalength of 1, 2, and 11 hit along with corresponding output of band pass
filter is $own in Fig 4.3.It shows that band pess filter effectively removes the
guantization noise. In spite of the reduction in quantization error obtained from band pass
filter, it is observed from Table 4.2 that error does not deaease. In fact, there is a small
increase in the standard deviation. Thus it may be concluded that BPF does not help in
reducing the quantization noise. However, it will still be needed because of the presence

of harmonics.

10 T T T T T T T T

1 1 1 1
1 1 1 1
_1|:| __________________________
1 1 1 1
1 1 1 1
1 1 1 1
. ) P N N SN N
1 1 1 1
1 1 1 1 1 1 1 1
1 1 1 1 1 1 1 1
T T T R TS S SFSPR S S . SRS, SRR . Ny PRSP PSSP P T T rr=
1 1 1 1 1 1 1 1
1 1 1 1 1 1 1 1
1 1 1 1 1 1 1 1
AT | e e o e T e e e e e e e e L e e e L e e e e e e e e e e
1 1 1 1 1 1 1 1

S0 F----- -

Magnitude in dB
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_?D______L_____n____ T T T
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Rl R I = R R R R L =R R L e e e e e L e e e
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100 i i i 1 1
10 20 30 40 4l B0 70 a0 =1 100
Frequency in Hz

Fig. 4.2 Frequency resporse of IR Chebychev BPFwith a pass band of 47-53 Hz.
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Table 4.2 Results of numericd simulation with BPF for y= 1/450 and fs = 900 Hz.
LPF: 1IR Chebychev filter, f, = 2 Hz, order = 6, 210 dB attenuation at 100 Hz. BPF: IIR
Chebychev filter, passband 47-53 Hz, order = 5, for different number of quantization hits

Set value Numerical simulation result, § (x10° rad)
6 (x10° [ Floating point 16-bit integer 11-bit integer 8-bit integer
rad) [0 =0.12x107] | [0g=3.76x107] | [0x = 30.07x107]

Value sd Value sd Value sd Value sd

100 100 0.07 100 0.07 119 0.08 88 0.06
200 200 0.13 200 0.13 210 0.14 88 0.58
300 300 0.02 300 0.20 304 0.20 253 0.17
400 400 0.27 400 0.27 416 0.28 253 0.17
500 500 0.33 501 0.33 524 0.35 475 0.32
600 600 0.40 599 0.40 611 041 774 0.52
700 700 0.47 701 0.47 701 0.47 774 0.52
800 800 0.53 800 0.53 797 0.53 949 0.63
900 901 0.60 900 0.60 904 0.60 949 0.63

1000 1001 0.67 1001 0.67 1016 0.68 978 0.65

2000 2001 1.33 2001 1.33 2017 1.34 2007 1.34

3001 3003 2.00 3004 2.00 3009 2.01 2957 1.97

4002 4005 2.67 4005 2.67 4003 2.67 4188 2.79

5004 5007 3.33 5007 3.34 4990 3.32 5058 3.37
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a) Synthesized sine
wave with floating
point, represented over
+1

b) The waveform of
(& quantized for
L = bit

¢) The quantized wave
-form of (b) after BPF

d) The waveform of
(& quantized for
L = 2 bit

€) The quantized wave
-form of (d) after BPF

f) The waveform of (@)
quantized for
L =11 bit

g) The quantized wave
-form of (f) after BPF

1

1]
i
| |
b

| ‘ ‘ ‘
|
s !

Sample index

Fig. 4.3 Effea of L bit quantizaion and BPF on the sinusoidal waveform
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4.2 Low sampling rate smulation

For simulation, we have taken A = B = 1, signa frequency f,

= 50 Hz, and
sampling rate fs = 45 Sals. This results in aliased sinusoidal signals with frequency of

5Hz. In digital sequence representation, this results in w, = 2x/9rad/sa. The simulation

tedhnique is the same as that in high sampling rate. The numericd simulation are caried

using IR Chebychev low pass filter with a cut-off frequency f. = 0.1 Hz i.e

y = 1/450. The magnitude response is the same & the one used for high sampling rate but

cut-off frequency is ifted to 0.1 Hz. Processing is done for sequence length of 9 k for

quantization from 16 hit down to 1-bit.

Table 4.3 Results of numericd simulation without using BPF for y= 1/450, fs = 45 Hz

Set value Numerical simulation result, § (x10™ rad)
& (x10° [ Floating point 16-bit integer 11-bit integer 8-bit integer
rad) [0 =0.12x107] | [0w=3.76x107] | [0x =30.07x107]
Value sd Value sd Value sd Value sd
100 100 0.02 100 0.02 118 0.03 87 0.02
200 200 0.05 200 0.05 209 0.05 87 0.02
300 300 0.07 300 0.07 304 0.08 253 0.06
400 400 0.10 400 0.10 416 0.10 253 0.06
500 500 0.13 501 0.13 523 0.13 475 0.12
600 600 0.15 599 0.15 610 0.15 774 0.19
700 700 0.18 701 0.18 701 0.18 774 0.19
800 800 0.20 800 0.20 796 0.20 949 0.24
900 900 0.23 900 0.23 904 0.23 949 0.24
1000 1000 0.25 1000 0.25 1015 0.26 978 0.25
2000 2000 0.50 2000 0.50 2016 0.51 2007 0.50
3001 3001 0.75 3002 0.75 3008 0.75 2956 0.74
4002 4003 1.00 4003 101 4001 101 4187 1.05
5004 5005 1.25 5005 3.34 4988 3.32 5056 3.37




The output of filter stabilized after 5 k input samples, and then mean and standard

deviation are computed. These results are tabulated in the Table 4.3. On comparing these
results with high sampling rate results tabulated in Table 4.1, it is observed that standard

deviation obtained for both the sampling rates are nealy equal. Also the errors and

resolution are simil ar.

Like high sampling rate, smulation of processng included band passfiltering of
input signals, with a 5" order IIR Chebychev BPF with passband from 4.7-5.3 Hz. The
output of BPF shows a significant reduction in quantization noise but this does not give

improvement in the standard deviation, as observed from Table 4.4, as in case of high

sampling rate.

Table 4.4 Results of numericd simulation with BPF for y= 1/450 and fs = 45 Hz.

Set value Numerical smulation result, § (x10™ rad)
6 (x10° [ Floating point 16-bit integer 11-bit integer 8-bit integer
rad) [0 =0.12x107] | [0g=3.76x107] | [0x = 30.07x107]
Value sd Value sd Value sd Value sd
100 100 0.07 101 0.07 119 0.08 88 0.06
200 200 0.13 200 0.13 209 0.14 88 0.06
300 300 0.20 300 0.20 304 0.20 253 0.17
400 400 0.27 400 0.27 416 0.28 253 0.17
500 500 0.33 501 0.33 523 0.35 475 0.32
600 600 0.40 599 0.40 611 0.41 774 0.52
700 700 0.47 701 0.47 701 0.47 774 0.52
800 800 0.53 800 0.53 797 0.53 949 0.63
900 900 0.60 900 0.60 904 0.60 949 0.63
1000 1001 0.67 1001 0.67 1016 0.68 978 0.65
2000 2001 1.33 2001 1.33 2017 1.35 2007 134
3001 3002 2.00 3003 2.00 3009 2.01 2958 1.97
4002 4004 2.67 4005 2.67 4003 2.67 4190 2.79
5004 5007 3.33 5007 3.33 4990 3.32 5058 3.37
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4.3 Numerical smulation of line frequency variation

Numericd simulation is carried out to study the dfect of power line frequency
variation on dsdpation factor measurement with 11 bit signal representation by using IIR
Chebychev filter. Here the frequency variation range is chosen to be from 48 Hz to
52 Hz. The mean and standard deviation are computed as ealier after the filter
stabilization for sampling rate of 900 Sals and 45 Sals. These results are tabulated in the
Table 4.5 and 4.6 for two sampling rates. The results $ow that, dissipation fador has a
close match to the @ culated values and standard deviation is aso comparable to the
cdculated values. Further the results show that for under-sampling with 11 bits, we get
standard deviation which is very much less than the calculated deviation. For higher
sampling rate the standard deviation is found to be mmparable with calculated
value. Also it is observed that BPF does not give any significant improvement in the

standard deviation for different line frequencies.

Table 4.5 Results of numerica simulation for line frequency variation: fs = 900 Sa/s,
L = 11 bits, cdculated s.d. = 3.76x10°,

Frequency | Set value Numerical simulation result, #(x10° rad)
(H2) #(x10° Without BPF With BPF
rad) Value sd Value sd
48.3 100 103.4 34 103.4 31
500 517.7 3.1 517.8 2.8
1000 1034.9 19 1034.9 21
50.0 100 118.0 0.03 119.0 0.08
500 523.0 0.08 524.0 0.35
1000 1015.0 0.25 1016.0 0.68
51.7 100 97.2 4.3 97.2 4.1
500 483.4 5.0 483.4 4.7
1000 966.4 34 966.4 3.2
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Table4.6 Results of
fs= 45 Sals, L = 11 hits, cdculated s.d. = 3.76x10°

numerical simulation for line frequency variation:

Frequency | Set value Numerical simulation result, 8'(x10™ rad)
(H2) 4(x10° Without BPF With BPF

rad) Value sd Value sd

48.3 100 101.0 0.016 101.6 0.016
500 510.6 0.08 508.4 0.08
1000 1032.4 0.16 1030.9 0.16

50.0 100 118.0 0.03 119.0 0.08
500 523.0 0.13 523.0 0.35
1000 1015.0 0.2 1016.0 0.68

517 100 95.9 0.05 95.7 0.05
500 487.3 0.10 487.4 0.1
1000 969.5 0.16 969.4 0.18

Table 4.7 Numericd simulation results for power line harmonics. f, =50 Hz, L = 11 hits

Frequency Set Numerical simulation result, 8 (x10” rad)
(Sa/s) value Without BPF With BPF
#(x10° | [Calculated. sd. = 3.76x10% | [Calculated s.d. = 3.76x107]
rad) Value sd Value sd

900 100 106.7 0.03 105.7 0.07

500 5184 0.13 517.7 0.34

1000 994.6 0.25 995.1 0.66

5000 4963.6 1.25 4972.9 3.32

45 100 106.7 0.03 105.7 0.07

500 518.4 0.13 517.8 0.34

1000 994.6 0.25 995.1 0.66

5000 4963.6 1.25 4973.0 3.32
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4.4 Numerical smulation for power line harmonics

Numericd simulation is done to know the dfed of harmonics on disgpation
fador measurement. Simulation involved adding harmonic components up to 17" order
with THD of 4.42% to power line. The mean and standard deviation are computed as per
Egn 344 for set disspation fador with &, A, and By, calculated at different frequency as
described in section 3.3. The simulation is carried out for two different sampling rates
with and without using BPF. Processing is done dter filter output stabili zation with both
BPF and LPF as done earlier. Results for lower and higher sampling rates are given in
Table 4.7. Result show that errors in estimation d loss angle reduce with band pass

filtering in both the cases.

4.5 Discusson

Numericd simulation is done to study errors in disspation factor measurement
caused by signal quantization, line frequency variations, and presence of harmonics in
input supply voltage. Numerical simulation shows excdlent match in the results obtained
compared to the values obtained by theoreticd anaysis. Also, it is found that athough
pre-processng the waveform does not reduce errors due to quantization nase, it is

helpful in reducing the arors due to power line harmonics.
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Chapter 5
TESTING WITH A LOSSANGLE
SIMULATOR CIRCUIT

As a first step towards experimenta validation of the technique, the proposed
tedhnique is tested using a lossangle simulator circuit. This is done to understand some
of the pradical problems of implementation. Signa acquisition is carried out using a
multi-function data aquisition unit, and processing is carried on PC. In this chapter, the

experimental setup with simulator circuit is described and results obtained are presented.

5.1 Experimental setup

The block diagram of the implementation of the technique is down in
Fig. 5.1. The signal si(t) corresponding to the gplied voltage is obtained from the signal
generator. This voltage signal is phase shifted to dbtain the signal s,(t) corresponding to
the current, by using a phase shifter circuit to produce the phase shift corresponding to
the required loss angle to be measured. Signal acquisition unit simultaneously samples
the two signdls. It is a USB based multi-functions data aquisition unit (specification
given in Appendix B). The sampling of the two signals is controlled through the
graphical user interface software written in Visual Basic. The two signals are sampled at
900 Sa/s with 11 bit predsion using signal aaquisition unit, utilizing full range of ADC.
The aquired data crresponding to voltage and current signals are processed as per the
technique [14] described in Chapter 3, with computations carried out using a program in
MATLAB.
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Voltage

signal, s4(f)
Signal Simulator Signal
generator circuit acqltjunsil(tlon hUST)PC
Current
signal, sy(f)

Fig. 5.1. Block diagram of the experimental setup for disgpation fador simulation.

5.2 Lossanglesimulator circuit

e}
Voltage

_&_‘ Rf signal, sq ()

T+12v Current
2 \ 4 signal, s; (f)
C N6
U1/ O
10V, ) +/ !
PP, -12V
50 Hz @ R -

R =10KQ, R, = 10kQ, C =1.1mF, R = Variable, U1 =
LF356

Fig. 5.2. Circuit diagram of phase shifter used as alossangle simulator.

The loss angle simulator circuit consists of first order all-pass filter to give
variable phase shift. The desired phase shift in the signal s,(t) corresponding to current
with respect to the signal si(t) corresponding the applied wvoltage is introduced by
changing the value of R in the all-passfilter shown in Fig. 5.2. The circuit acts as first
order all-passfilter, with R; equal to Ry, the output phase shift is

¢ = m—2tan™ (2nfRC) (5.1)
To generate phase shift
T
===-0 5.2
v= (5.2)

between input and output, the value of R can be found from
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L o™ s
R= e tan{(2 +0)/2} (5.3)

WithC=1.1pFandf=50Hz for p =n/2, =0, we get R= 2893 Q. Therefore

desired value of J of either polarity can be adieved by varying R about this value.

5.3 Reaults

The experiments are carried out for the disgpation fador D = tary in the range of
-100x10 to 8000x10°. The variation is simulated by varying the value of R in the
simulator circuit at power line frequency of 50 Hz. Signds are digitized with 11 bit
resolution, at two sampling rates of 900 Sa/s and 45 Sa/s. These sampled signals are
processd as per the agorithm described in sedion 3.1, using IR Chebychev low pass
filter as described in Section 3.4. The low passfilter used in processing had normali zed
cut-off frequency of y = /450, i.e. f. = 2 Hz for f; = 900 Sa/s and f; = 0.2 Hz for
fs =45 Sals. The outputs are observed after filter stabilization and the mean, standard
deviation and error from the set value are tabulated in Table 5.1. The standard deviation
in the measured value is found to be lessthan 14x107 for fs = 900 Sa/s and 37x10™ for
fs = 45 Sals. For the low passfilter here, with y= 1/450 and quantization with L = 11 bit,
theoreticd estimate of the error due to quantization is 4x10°. The slightly higher error
with lower sampling rate may be due to the fact that the dtenuation provided by the low
passfilter for the harmonic component in the result islower. For fs= 900 Sals, the second
harmonic of 100 Hz occur a a normalized frequency ratio y= 1/9, where & for 45 Sa/s,
the second harmonic occur at y = 2/9. The measured values of D are plotted against the
set values in Fig. 5.3 (1) and Fig. 5.3 (II). We see that the resolution of the measurement
is definitely better than the spadng between the set values. In both the cases, there is a
good linea relationship between the measured and set values. The best-fit line relating
measured value D,, = (tanod) and set value D, = (tano), for sampling rate of 900 Sals
inFig. 5.3 (l) isgiven as,

Dm=0.9968 Ds - 0.0059
Similar relation in Fig. 5.3 (1) for sampling rate of 45 Sa/sis,
Dm=0.9953 D - 0.0059
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In both the caes we see aratio error of lessthan 0.5% and offset error = 600x107.

Table 5.1 Experimental

results obtained from loss angle simulator circuit. The

disdpation fador in the first column is calculated for the drcuit component values in the

phase shifter at frequency of 50 Hz
Set value M easured value Dy, (x 10°)
Ds fs=900Sals fo= 45 Sals
(x10°) [0g = 3.76x107] [0g = 3.76x107]
M ean Error o Mean Error o

7977 7360 617 7.9 7349 627 19
7062 6453 608 8.2 6463 598 21
6178 5567 609 7.4 5578 59 17
4733 4133 600 7.6 4133 600 18
3752 3147 604 7.0 3151 600 24
2811 2210 600 8.3 2210 600 26
2050 1449 601 136 1440 610 24
1750 1154 5% 9.5 1145 605 30
1060 465 595 6.3 476 584 22

910 316 54 58 327 583 25

886 300 586 7.5 29 587 14

762 169 593 8.2 164 598 4

684 97 587 8.0 85 599 24

623 36 587 103 25 598 21

530 -92 622 8.2 -82 612 22

449 -147 5% 84 -147 5% 21

3% -194 588 59 -181 575 37

3A -197 591 6.6 -196 590 22

282 -308 590 9.6 -296 578 22

164 -423 587 7.7 -434 598 27

80 -511 591 7.2 -509 589 9

-34 -623 588 8.0 -636 601 25

-106 -692 586 51 -699 593 0.35

52




| (A) Set dissipation factor versus measured dissipation factor

0.p9

U.UO
Dm = 0.996@s - 0.00534

- 0:06 B 2
3 | e
T 0:04 —
> . “ P
2o 0.02 - L
2 R 2
8 Ow
= o1 0.01 0.02 0.03 0.04 0.05 0.06 0.07 0.08

~U.UZ

Set value of D

| (B) Set dissipation factor versus measured dissipation factor

12

U.UvU0
=) 6:004 Dm=0.995Ds- 0.0059- *
(] . - " il
e 0:002 = 2
IS q *--*
> U T =T T T
ko] - "
0-0.p62 =0.002 0:002 — 9064’—&966—&998—9431—91
2 6004 , - *
=0.004 L d
o .-»-
——00@
2 ’_
=U.UUO
Set value of D
Il (A) Set disspation factor versus measured disdpation factor
U.UO
Az Dm=0.9973Ds-0.0053@
0:07 o d
8 6:06 P
(0] Anc L.
=] 0:05 P
S 0:04 —
3 0:03 —®
5 0.02 ®
@ 0.0% -
o} N a
= U ‘
-0

Set value of D

Il (B) Set disdpation factor versus measured dissipation factor

Dm=1.004Ds-0.0059®

L

K 4
-¥°

0.008

0.4

12

Measured value db
o
D
N

Set value of D

Fig. 5.3 Plot of best-fit line for tan J for (1) fs = 900 Sa/s and (II) fs = 45 Sals, with (A)
range of -106x10° to 8000x10™ and (B) range of -200x10° to 1000x107, from the
observation givenin Table 5.1.
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54 Discusson

With the eperimental setup and loss angle simulator circuit, the proposed
tedhnique is tested. The experiments are caried out for the disspation factor in the range
of -100x10° to 8000x10®° for processng with two sampling rates, with 11-bit
quantization of the input waveforms. Results $row good lineaity between measured and
set values. The relationship shows an offset of 600x10° and ratio error of < 0.5%
Standard deviation in the measurement over the range are less than of 14x10° and
37x10” for two sampling rates. In the next chapter, a high voltage setup for measuring

disdgpation fador of high voltage transformer bushing is presented.



Chapter 6
MEASUREMENT ON DIELECTRIC
UNDER HIGH VOLTAGE

In the previous chapter, test results from a loss angle simulator circuit are
presented. A high voltage front-end set-up is developed for monitoring disspation fador
of insulation under high wltage use. This front-end circuit provides the signals
corresponding to voltage and current, as required by signal acquisition unit. Signal
aqquisition is done using a PC. Here the disdpation factor of eight bushings rated for
1 kV ismeasured using the proposed technique. Also, the proposed technique is vali dated
using a standard air capadtor. Results obtained are presented and compared with those

from the conventional Schering bridge technique.

6.1 Experimental set-up

Bushings are tested under the field condition for rated voltage of 1 kV, applied
from a transformer. The schematic diagram of this experimental set-up is $own in
Fig. 6.1. Here an autotransformer T1 is used, which is excited by 50 Hz power line & 230
V. Output of autotransformer is boosted to high voltage by means of a step-up
transformer T2 to get 1 kV output.

Scded down analog signals proportional to the applied voltage and the current
through the dieledric are derived by using voltage and current front-end circuits. The
voltage front-end consisted of an attenuator and a voltage buffer. The current front-end
consisted of a current-to-voltage (1/V) converter. The signa aaquisition unit is used to

sample the outputs of current and voltage front-end simultaneously.
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V(1kV, 50 Hz)

Voltage S1
front-end
(0]
> Signal
{ p| acquisition K—A~A——PC
unit
N 7 T, Current 5y
front-end

T = Autotransformer, 7, = Step-up transformer, B = Bushing

Fig. 6.1 Schematic of experimental set-up. V = Applied voltage, | = Bushing current

The aurrent front-end circuit shown in Fig 6.2 consists of 1/ converter for current
signal, and the voltage front end shown in Fig. 6.3 consists of an attenuator buffer.
Values of components in the drcuit are chasen to get peak-to-peak voltage of 5V at the
output of current and vdtage front-end circuits. Op-amp U1A is ading as an I/V
converter where resistor R; is conneded in the feedback path of the op-amp for
converting the bushing current into a voltage. Resistor R; is chosen to get peak-to-peak
voltage of 5V at the output of U1A. Output voltage of U1A is given by

V=-IR (6.1)

A unity gain inverting amplifier is built using op-amp U1B along with resistors Rz, Ry,
and Rs. Op-amp U2A is used as an attenuator buffer along with attenuator resistors Rs to
Rq1 in the voltage front-end circuit. Series combination of resistors Rs to Ry; is used to
decrease the voltage drop across each resistor on the drcuit board. Attenuator resistors
are chosen to get, peak-to-peak voltage of 5 V.

In the circuit of Fig. 6.2 and 6.3, diodes D1, D2, D3 and D4 are used to protect the
op-amp inputs from high voltage. Op-amps are part of dual op-amp chip CA3240A. It is
selected for very low input bias current and very low offset current with very high input
impedance In the set-up, sampling rate and number of samples to be aquired are
controlled by graphic user interface program written in Visual Basic. These aquired data
aretransferred to PC and finally processed using MATLAB to get disspation fador.
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— R

l SN +12v —+

) 8\ 1 _R; 6 \ ;ZV Current

3 UIA/ — - N7 signal, s, (7)

M UIB 0

vd s,
DIX ¥D2 1-12v /4

[] % R |-12v

Ri=Ry=22 kQ, R;=R,/~6.8 kQ, Rs=5.1 kQ, UI=CA3240A, D1=D2=1N4007
Fig. 6.2 Circuit diagram of current front end, | = Bushing current

T+12v Voltage
2 \ 8 signal, s (f)
U2,>—1<—o
3
O e +
4
Rse R Rs Ro Rio /

D3 D4

Re=R7=Rs=Rg=R1,=470 kQ, R11=3.9 kQ, U2A=CA3240A,
D3=D4=1N4007
Fig. 6.3 Circuit diagram of voltage front end. V = Applied voltage

6.2 Spectral analysis

The voltage and current signal are acquired using the signal acquisition unt and
data are transferred viaUSB port. The signa acquisition is caried out with sampling rate
of 900 Sals and records of 21330 samples are stored for signal anaysis. The signals are
continuously aaquired for a period of one hour at an interval of 2-3 minute. For a 1 kV
transformer bushing (C = 230 pF, D = 2.3x10™ as measured using Schering bridge) is
used as the test object. The frequency spectra of current and wltage signals are
computed.
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The frequency spectrum of current and voltage ae plotted in Fig. 6.4 and Fig. 6.5
respedively. Frequency spedrum indicaes the presence of harmonics of power line
frequency and very low frequencies. It also shows a second harmonic which is 17 dB
below the main lobe. This may be due to spedral leaking because of the zero-padding
used in the FFT computation. However, the total distortion in the signals is computed
over a period of one hour to find the variation in the total distortion. It shows a total
distortion of about 10% in voltage signal and 35% in current signa. Thus, it is decided to
band pess filter the two signals to remove the harmonic components from the signal,
before doing any further processng. The two signals are band pessfiltered using IIR
Chebychev filter of 5 order, with a passband of 0.1041:0.118m rad/sa. The frequency
spedrum of current and voltage signal obtained after BPF is shown in Fig. 6.6 and
Fig. 6.7 respectively. It shows reduction in the harmonic components. Total distortion
after BPF is also computed and there is a reduction in total distortion in the current as
well asin voltage signal. In Fig. 6.8, the tota distortions in the two waveforms, without
and with band pass filtering are plotted, for readings gread over a 2 hours duration. Total
distortion in current is reduced from 35% to 5% while that in voltage is reduced from
10% to S%.

0.4 - Total distortion in the voltage and current signal
0.35 o ® o & 2 e
K X3 ve ~.-0 d ¢ 0 ' > - *°
o ; ' ST et g ¢ -
03— o ey,¢e 4
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Fig. 6.8 Total distortion in voltage and current signal, before and after BPF
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6.3 Experimental resultswith standard air capacitor

Monitoring of disgpation fador of eight transformer bushings under high voltage
is carried out using the experimental set-up. They all showed a drift in the measured
disgpation factor with time. The variations could not be linked to variation in power line
harmonics or other parameters in the measurement set-up. Hence it is suspected that
disgpation fador of bushings may be adually drifting. Subsequently, measurement of the
disgpation factor of one of these bushings using a Schering bridge, with bushing left
under high voltage for about 2 hours, showed a drift in the disspation fador with time.
Hence to validate the results of online technique, a standard tan J set is devised. It consist
of astandard air capacitor and a series resistance, with tan d given by

tand = wCR
We have used C = 1000 pF/ 2 kV. With R = 2.869 kQ, we get tan 5=100x10". Standard
tan o set is first tested for the mnsistency of its value using Schering bridge. Here the
tan dis measured continuously over a period of 2 hours with applied voltage of 840V at
power line frequency of 50 Hz. The result obtained did not show any variation in tan o
and is observed to be consistently 100x10°. After the confirmation of the value of the
standard tan O set, different tan o values are obtained by conneding diff erent resistors in

series with the standard tan d set as given in Table 6.1.

Table 6.1 Different resistor used and disspation fador value obtained

Resistor value tan &(x10°)
12.9 kQ) 489
20.2 kQ 687
25.5 kO 901
94.7 kQ 3070
159.6 kQ) 5085

Both the voltage and current signas are acquired using the same voltage and
current front-end circuit used earlier at sampling rate of 900 Sals. The signals are first

preprocessed using the BPF to remove the dc and harmonic and then processed using the
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online tedhnique. LPF used is IIR Chebychev filter redesigned for lower cut-off
frequency of ae= 0.62x10°rtrad/sa. Measurement is carried out by setting different tan &
in the range of 500-5000%10" by using diff erent resistor in series with the standard tan &
Set.

Table 6.2 Experimental results of online technique using standard air capacitor

tan J(x10°)
Schering bridge Onlinetednique
M ean sd.
[0 = 0.44x107]
489 447.1 6.9
687 717.8 54
901 922.9 5.1
307 3387.2 4.1
5085 5668.7 3.7

Set dissipation factor versus measured dissipation factor

0.06 7

0.05 -
0.04 / Dm = 1.1321Ds - 0.0009
0.03

0.02

0.01 1 g

0 :
0 0.01 0.02 0.03 0.04 0.05 0.06

Measured value, Dm

Set value, Ds

Fig. 6.9 Plot of best-fit line for tan Jin the range of 500-5000x10™ from the observation
given in Table 6.1, for sampling rate of 900 Sals. Set values of Dy are found from
Schering bridge.
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Experimental results of mean and standard deviation obtained are tabulated in
Table 6.2. The measured values of D are plotted against the set valuesin Fig. 6.9. Result
shows a very linea relationship between the measured and set values. The best-fit line
relating D,, = (tano) and D, = (tano), for sampling rate of 900 Sa/s in Fig. 6.10 is
given as,

Dm = 1.13 Ds - 0.0009
Thus we get an offset of 90x10™ and ratio error of 13%. The standard deviation in the
measured value is 3.7-6.91x10™ which is comparable to theoretical estimate of the eror
due to quantization as 0.4x10°.

Next, to check the effed of different filters on the measured value of dissipation
fador, processang is done with IIR and FIR filters. The tan ¢ is measured continuously
over a period of 2 hous and computation done at every 2 minute interval. The results
obtained from the IIR Chebychev filter (e = 0.62x10°m rad/sa) and those obtained from
FIR Hamming window filter (L = 9000, wx= 14.67x10°mt rad/sa) are plotted in Fig. 6.10.

Result shows smilar performance from both these filters.
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Fig. 6.10 Disgpation fador obtained for standard capacitor using IR Chebychev filter,
and FIR Hamming window filter
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6.4 Experimental resultswith transformer bushing

The disgpation factor of eight bushings is measured using the cnventiona
Schering bridge method. The results obtained are recorded for comparison with those
obtained using the proposed technique. These results are given in Table 6.3. Next the
experimental set-up described earlier is used to measure the disspation factor of eight
bushings with the proposed technique. The voltage and current signal are acquired as
usual with signa acaguisition unt and data are transferred via USB port. The signd
aquisitionis caried out with sampling rate of 900 Sa/s and rerds of 21330 samples are
stored for processng. First preprocessng is carried out with band pass filter and then
further processng done to compute the dissipation fador. For low pass filtering in the

measurement technique, IIR Chebychev filter with cut-off of cwe = 0.06x10>nrad/sai.e.

y=3x10" is used. Results obtained using online technique is given in Table 6.3.

Table 6.3 Experimenta results of disspation factor of transformer bushings

Bushing No. tan &(x10°)
M easur ed M easured using online technique
using Measurement 1 M easurement 2
Schering
bridge Mean sd. Mean sd
5(1-2) 220 580 560 530 690
5(3-2) 220 480 830 540 620
8(3-2) 240 550 10 530 600
8(1-2) 250 700 820 450 680
13(3-2) 260 500 580 450 650
13(1-2) 260 600 1240 490 720
15(1-2) 6960 6080 1230 6060 640
15(3-2) 7420 6040 1380 6030 780

Result obtained for transformer bushing showed a large variation in the measured
value. Also the standard deviation obtained is of the order of 107 that is also very high.
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To chedk for the variation in the disspation factor with time, bushings are continuously
monitored over aperiod of 2 hours and disspation fador is computed at an interval of 2-
3 minutes. Acquired data ae first preprocessed using BPF as ealier. Then data
processng involved three diff erent types of low passfilters. For low pass filtering in the
measurement technique, several type of low passfilter are experimented with, (i) IR
Chebychev filter with cut-off frequency e = 0.06x10°m rad/sa i.e. y = 3x10°, (ii)
Hamming window based order 9000 FIR filter, with = 14.67x10° Tt rad/sa i.e.
y=7.3x10" and (iii) cascading of (i) and (ii) together. The disspation factor and standard
deviation dbtained for with these filters are plotted in Fig. 6.11 and Fig. 6.12 respedively.
Plot shows smilarity in the result, with identicd variation in the disspation fador of the
bushing, independent of the filter used. Result show a variation of 400-800x10° in the

mean value and 150x107 in the standard deviation.
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Fig. 6.11 Disgpation fador obtained for transformer bushing using IR Chebychev filter,

FIR Hamming window, and cascade of IR with FIR filter
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Fig. 6.12 Standard deviation in dsdpation factor of transformer bushing using IIR
Chebychev filter, FIR Hamming window, and cascade of IIR with FIR filter

To confirm for the variation, bushings are tested on different days continuously
over a period of 2hour using Schering bridge. Test results on dfferent days with
Schering bridge on the same bushing shows a variation from 362x10° to 650x10°°, while
on the same day it shows a variation from 362x10” to 440x10°. It is to be noted that we
cannot carryout Schering bridge and online monitoring simultaneously. Hence, an
accurate comparison of online mean with that obtained from Schering bridge culd not be

caried out for transformer bushing.

6.5 Discusson

A hardware set-up is made to acquire the current and voltage signal from the
bushing. A high voltage front end is developed to test the bushing with the rated voltage.
Signa conditioning circuit consisting of I/V conwverter and voltage follower is made to
give peak-to-peak voltage of 5 V corresponding to current and voltage signal. These
signals are simultaneously sampled through signal acquisition uwnit at 900 Sa/s and
processed on PC using MATLAB to get the dissipation factor. Signal analysis is done to
find out the total distortion and frequency spectrum of the signals. The amount of

harmonic distortion in the waveforms thus necessitated use of band pass filter of the two
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waveforms. Preprocessng brought the harmonic distortion to below 5%. Monitoring of
transformer bushing dissipation fador gave large variation, and it is suspected that its
disgpation fador might be varying. This is later confirmed, by measurement using
Schering bridge. Therefore to validate the technique of online monitoring, a standard air
cgpacitor with dfferent values of series resistor is used. Here, different dissipation factor
is st by conneding different resistors in series to realize cgpacitor with dfferent tan 6.
Measurement using online monitoring set-up are crried out for different values of
disgpation factor. The results obtained are very close to thase obtained using Schering
bridge, with an excdlent agreement between the two measurements. For measurement
with disdpation factor spread over 500-5000x10°, the linear approximation showed an
off set of 90x10™ and a ratio error of 13%. The standard deviation of measurementsisin
the range of 3.7-69x10°. These results sow that the technique @n be used for
developing an instrument for online monitoring of tan &, over the range of 500—-5000x10
with a resolution better than 100x10°. For better resolution, we will have to increase

ADC quantization hits, increase sampling rate, or use filter with sharp cutoff.
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Chapter 7
SUMMARY AND CONCLUSIONS

The project involved validation of a technique for online monitoring of high
voltage dieledrics, by numericd simulation, and hardware implementation. The objective
is to develop instrumentation for online measurement of dissipation factor of transformer
bushings in the range of 500-5000x10°, with a resolution better than 5x10°. The
tedhnique is based on synchronous detection method of phase measurement. The
disgpation factor is obtained by processng the simultaneously sampled signals
corresponding to voltage and current, and involves dividing the low-passfiltered product
of voltage and current signals by the RMS values of the two-signal. It is basically taking
the ratio of adual power to apparent power. For low cost implementation, a new
technique is devised, which is based on sampling the voltage and current signal at arate
lower than the power line frequency and processng the aliased periodic waveforms,
which retain the same phase rel ationship as the original waveform.

A theoretica anaysis for estimating the measurement error is caried out by
Pandey [20]. Here the measurement error is computed, as a function of number of

guantization bits L and the normali zed cutoff frequency y (= f. / fs). It is shown that the ac
RMS value of the error is given as o =27"./8y/3, where y is the normalized cutoff

frequency of low pass filter f. / f. Thus it is possble to have a trade-off between
measurement update rate and the sampling rate.

Investigation of technique was done through numerical simulation for the two
types of implementations. The results of these investigations are presented in
Chapter 4. First implementation involved investigations with sampling rate higher than
the power line frequency. The two signas, voltage and current were sampled
simultaneously at 900 Sals. Here the low passfilter used was IIR Chebychev filter, of 6™
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order. Numerical simulation results validated the theoreticd analysis. Investigations also
involved study of effect of harmonics and power line frequency fluctuation on the
disgpation factor measurement. For validating the low sampling rate technique,
numerical simulation was carried out with sampling rate of 45 Sals. The dfed of
harmonics and power line frequency fluctuation at lower frequency was studied. The
analysis and simulation showed that the two waveforms dould be band pass filtered to
reduce the arors due to harmonic distortion. No significant increase in the variation was
obtained for f, variation over 48-52 Hz

Further work involved carrying out experimental investigations. First step in
experimental investigation involved verifying the result of numericd simulation using a
loss angle simulator circuit. Experiment results are presented in Chapter 5. Signal
aqquisition was done using a multi-functions data aquisition card utilizing haf of the
input range of 12 bit ADC. Then the input waveforms basicdly have 11 bit quantizaion.
The acquired data corresponding to voltage and current signals were processed as per the
proposed technique [14] to compute the disspation fador. Processing was done using
floating point computations, on the waveforms sampled at the rate of 900 Sals as well as
on the waveforms with sampling rate deamated to 45 Sa/s. Results obtained in both the
cases show excellent linearity in the measurement with ratio error of less than 5% and an
off set of 600x10°.

Later, to validate the online technique under high voltage, an experimental setup
was developed. A standard air capacitor with different resistor values conneding series
cgoacitor, were used as test objects with different values of tan & in the range of 500-
5000x10°. Here the test object was excited with a voltage of 1kV a power line
frequency of 50 Hz. Signal acquisition was carried out at the sampling rate of 900 Sa/s
and 11 hit quantizaion. Acquired data were processed offline using floating-point
arithmetic. Signals were band pass filtered before processng for computation of
disgpation factor. Measured values of dissipation factor show a very linear relationship
with the set values obtained from the Schering bridge. The standard deviation obtained
range was 3.7-6.9x10° for disspation factor in the range of 500-5000x10°. Also

processng over along period dd not show variation in the disspation factor.
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Similar investigations were carried out with eight different 1 kV transformer
bushings. Results obtained showed a drift in the measured value of disspation factor with
time. There drifts were verified using Schering bridge.

In summary, the proposed tedchnique for online monitoring o tan & has been
validated with the help of numerical ssimulation, low voltage experimental set-up with a
lossangle simulator circuit, and high voltage set-up with test objedsat 1 kV.

To make an instrument based on the proposed technique, for high update rate, a
floating point DSP processor based baard with two-channel 12 bit simultaneous sampling
of the signals at 900 Sa/s or higher can be used. However, lower sampling rate can be
used to develop a low cost instrument. In lower sampling rate system, the signa
aqquisition front-end will sample the signals and transmit these acquired signas srialy
to a central unit for processng. As lower sampling rate has lower update rate, it can be

used for monitoring the status of a number of high voltage equipment simultaneously.
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Appendix A
FILTER RESPONSES

For low pass filtering in the processng technique of Fig. 1.1 we have
experimented with four types of low pass filter, (i) Sixth order IIR Chebychev filter with
w, = 4.44x10>rtrad/sa, (i) Third order [IR Chebychev filter with «. = 0.06x10>m rad/sa,
(iii) FIR Hamming window of order 9000 with e, = 14.67 x10°rt rad/sa and (iv) cascade
of IIR Chebychev (. = 0.62x10°m rad/sa) and FIR Hamming window filter
(e = 14.67x10°mt rad/sa). Further a band passfilter was used to preprocessthe current
and vdtage signal to reduce the dc and harmonics. The filters are tested for their
magnitude response by applying an impulse & the input and then magnitude spedrum of
the output was found.

A.1 Low passfilter |
First experiments were carried out with IR Chebychev filter with cut-off frequency of
= 4.44x10°m rad/sa. IR Chebychev filter low pass filter was designed with large
attenuation for second harmonic. The designed filter has ripple in the pass band and
monotonicdly increasing attenuation in the stop band. The magnitude and impulse
response of this filter are shown in Fig. A.1. To reduce the aror due to product term at
2f,, we need to have gain at this frequency lessthan 102, i.e. an attenuation of 160 dB.
The foll owing specificaions were chosen for the filter:

o Passband ripple< 0.02 dB

« Stop band attenuation of > 200 dB to second harmonic
The filter designed with these spedfications has an order of six. The difference equation
isgiven as

6 6

y(n)z_;aky(n_k)"'gbkx(n_k) (A1)
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where, a =-59632, a,=148170, a,=-196359, a,=146378, a; =-5.8199,
a; =0.9642, b, =0.0079x 10", b, =0.0474x10™™, b, =0.1201x10™**, b, =0.1560x10**,

b, =0.1213x10™, b, =0.0468x10™", and b, =0.0081x10™*

A.2 Low passfilter Il

The exlier IR Chebychev low passfilter was redesigned with a aut-off frequency
. = 0.062x10°m rad/sa. The designed filter was a 3" order with pass band ripple less

than 0.05 dB. Response of this filter is shown in Fig. A.2 and the difference euation is
given as

3 3
y(n) = —Z a,y(n-k)+ Z) bx(n-k) (A-2)
where, a =-2.9994, a,=29989, a,=-09994, b, =0.0477410",

b, =0.1433x10™°, b, =0.1432x107"°, b, =0.0478x107"°
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Fig. A.3 Impulse and magnitude responses of FIR Hamming window filter with cut-off

w, = 14.67x10°m rad/sa. The lower of the two magnitude responses ows a zomed
response in low frequency range.
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A.3 Low passfilter Il

Another low passfilter used for experimentation includes FIR Hamming window
filter. This filter was designed for order of 9000, with cut-off of «, = 14.67x10°m rad/sa
The designed filter has an attenuation of -200 dB at notch i.e. 0.2 Hz. Response of this

filteris diownin Fig A.3.

A.4 Band passfilter

The band passfilter was designed as IIR Chebychev filter having ripple in the
pass band and monatonicdly increasing attenuation in stop band. The band pass filter

was designed as a 5" order filter to have passband range of 47-53 Hz with aripple in

passband lessthan 0.01 dB. Response of this BPFis diownin FigA.4
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Fig. A.4 Impulse and magnitude responses of IIR Chebychev BPF. The lower of the two

magnitude responses $ows a 200med response in low frequency range.
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Appendix B
DATA ACQUISITION CARD

The data acquisition card unt USBDAQ-9100MS from M/s Adlink Technology Inc.

(Taiwan) was used for signal aaquisition. This unit has an isolated interface card with the

following feaures:

Multi-function data aquisition modules attached to PCs via USB

8 differential analog input channels with 12-bit resolution
Simultaneously sampling of 4 analog input channels (2 sets, totally
8 channels)

Up to 500 k Sals samplingrate

On board 4 K samples FIFO memory

8 isolated dgital input and 8isolated digital output (1500 Vrms)

Windows driver support

The unit was used with signal acquisition software developed by V. K. Pandey in SPI

Lab, EE Dept., IIT Bombay. The program has graphicd user interface (GUI) developed

in Visual Basic and it uses A/D driver routines for acquisition of the signals. The data ae

sampled at specified sampling rate and for specified number of samples
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