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A.PROGRAM SYSTEM FOR FAST CORRELATION
AND SPECTRAL ANALYSIS OF LONG TIME SERIES OF
POWER REACTOR SIGNALS

F. GAFFAL,

Laboratorium fiir Reactorregelung und Anlagensicherung, Garching, Germany

ABSTRACT

In order to investigate deterministic and random variation of reactor
plant parameters, an extensive program has been developed. For the

time being, the syvstem is utilized especially for investigating vibrastion
problems of reactor intermals. For this purpose, auto- and cross-corre-
lation, power and cross spectra, transfer functions and coherence func-
tions of stationary time series and confidence band for the spectra are

computed.

The time series can also be detrended and prefiltered or prewhitening

can be applied.
The program system consists of several digital analytic codes:

code which is based upon FFT

code which calculates the correlation functions and the spectra
code which is based upon filter methods

hybrid code.

® o o o

Incorporated in the system are utility programs for convenient input of
analog data and distinct output of the results in tables and plots.
In working out these codes, the main task had been laid upon easy and
universal applicability, multiple inputs/outputs, short computing time

and no restriction with regard to the amount of sampling points.
A short characterization of the programs is given. The advantages and
disadvantages of the available codes with respect to different problems

are discussed.

Finally, some typical examples are shown and discussed.
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1. INTRODUCTION

The program system described in this paper consists of several main
programs elaborated by the following members of our institute: W, Ehren-
berger, F. Gaffal, H. Hoermann, A, H&ld, E. S#idtler,

Since the years '966/67, damages of reactor vessel internals of light

water power reactors (especially PHR's) had been reported. They had been
caused by hvdraulic forces which lead to a break of the supports for
reactor internals, e.g. the thermal shield. As a consequence - in the

last time - special attention is paid to investigate basically the
vibrations which might affect the different parts of the reactor internals.
Efforts are made with respect to calculations and with respect to vibra=-
tion tests in the workshop and on the site,

Principally, there are two types of measurements., Those measurements
which are performed before nuclear operation of the plant (they are used
to confirm the calculational results) and those measurements which permit
supervision of the plant during operation. For the preoperational tests,
special instrumentation is used (mainly with strain gages as sensors),
which is removed after the end of the test period. During the operation,
emphasis is laid upon analysis of the various neutron signals which are
very sensitive to most of the geometrical alterations inside the vessel.
However, in both cases, the analysist is confronted with a measuring
signal which contains several different informations at the same time
(e.g., the neutron flux signal contains information about reactivity-,
feedback-, hydraulic-effects etc.). It is therefore necessary to have

- at first - an excellent analysis program to perform all kinds of
spectral and correlation analysis in order to pick out of the signal

that part of information which is relevant for the case of interest. For
the sake of completeness, it shall be added that » thorough analysis of
the signal is only the first step, whilst the interpretation of the result
makes necessary more or less sophisticated theoretical models /1/. How=-
ever, it could be shown bv the investigations of the TRINO POWER STATION
that also rather simple relations can be used in order to deduce, e.g.,
the amplitude of a vibration from the neutron signal /2/.

The main problem of the signal analyvsis itself is the fact that for the
most cases the percentage of the useful part of the signal is considerably
low, e.g. a rate of 40 to 50 % is not very unusual. Therefore, not only
the frequency, which is to be investigated. but also statistical con-
siderations are necessary to gain results whithin reasonable confidence
limits,
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E. g., if one has available two proper signals which can be cross-corre-
lated for improving the signal-to-noise ratio, the following considerations
are to be made: The vibration frequency, which is to be detected, shall
be 5 Hz. The bandwidth for the analysis is 0,5 Hz, the signals are corre-
lated with a rate of 50 %$. Using the Goodman-formula as given in /3/ for
a confidence limit of 0,9, that the error in amplitude is less than 5 %
and the error in phase less than 0,05 rad, the analysis time has to be
2700 s. Taking into account real filter slopes which will require a
sampling frequency of about 30 Hz, 81,000 points will be produced for the
time series of one signal. This consideration holds for the investigation
of one frequency only. In actual analysis, a frequency range of about
three decades should be analyzed in one run. To keep the confidence
bands reasonable small and to meet the requirements for good resolution
at low frequencies, time series of up to 500.000 data points have to be
used. This calls for sophisticated programming to save computing time.
An important parameter of all programs making spectrum and correlation
analysis is the number of data points they can handle. With most of
them, this number is restricted. In our program system, stress was
laid upon universal applicability including multiple input systems, no
restriction to the number of data points for the digital codes and fast

computation also for long time series.

The program system consists of several digital codes and an hybrid code
to estimate auto- and cross power spectra, making use of the facilities
of a modern hybrid computing center shown in fig. 1. Furthermore, auto-
and crosscorrelation functions, transfer functions, pair-wise and mul-
tiple coherences, confidence bands and standard errors can be calculated.
Incorporated in the system are also utility routines for the input of
continuous analog data and distinct output of the results in tables

and plots.

2. THE COMPUTER CODES

To compute all the functions mentioned above, the main step is to estimate
the power spectrum. To get this estimate, three theoretical ways exist
which have all been implemented in computer codes. They will show spe-

cial advantages for different problems.

2.1 THE DIGITAL_ CODES

The signal for off-line analysis of reactor components are stored on ana=-
log tape. To process them with digital programs, they have to be digi-
talized. This is performed by a program system consisting of two programs
/%/. The first one is running on the process computer. It is written
in ALGOL with codeprocedures for the data transfer. The program gets
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the digitalized data from the hybrid interface. To be able to read in
the data continuously, the hardware works with two buffers. Whilst one
buffer is filled with the next set of data, the other buffer is transfered
to the digital computer, where it is sequentislly written on magnetic
tape in binary form by the second program. Up to ten ansalog channels
can be digitalized together. Their scanning is controlled by the timer
of the anslog computer. A maximum of 5 Mio. data points may be pro-
duced by one run. For analyzing, the data are read in sequentially from
the digital tape where they can be handled with three different codes:

2.1.1 FAST DIRECT DIGITAL SPECTRUM ANALYSIS

To get estimates of the power spectra, filter methods can be used. The
principle is to pick one spectral line out of the signal spectrum, in

the ideal case, and calculate the power spectra by arithmetical opera-
tions, This method is common practice with all analog spectrum ana-

lysers.

In the real case, the filters will have finite bandwidth and slopes of
the transfer function and the analysis time will also be finite, so that
only a estimated value of the power spectrum in the frequency band Af

is available. This has to be taken into account when programing a digital
code. The most direct way to use the filter method is to program a band
pass filter. Instead of shifting the band pass along the signal spectrum,
the spectrum can be shifted using the heterodyne principle. No problems
with adjustable filter coefficients exist then. A spectrum analyser
based on this principle is shown in fig. 2. Auto- and cross spectrs are
computed at the same time when analog or hybrid equipment is used.

The digital filter rode performing fast direct digital spectrum analysis
/5/ also makes use of the principle shown in fig. 2, Its application is
restricted to stationary, ergodic random processes. Making an estimation
of the power spectra in this way. the greatest deal of computing time is
consumed by the multiplication of the time signa) with the complex func-

tion ei2?ft and the filtering process. The problem is then to reduce
the amount of computing time and core-storage required. The wethods

used to achieve this., are:

- Data reduction by digital filtering before estimation. Less data
points have to be handled in this way.

- The analysis frequencies are chosen as integer parts of the sampling

frequency. The constant phase then leads to constant function values.

- The filtering process is performed by convolution with the equivalent
time window of the transfer function of the filter (known ax transver-
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sal filtering). This time window is built of parts with constant ampli-
tudes of a length showing an integer relation with the period of the
window. The convolution then is made with a proper choice of the
weighted parts after optimal shifting of the integration interval.

The reduction in CPU-time was ' : 8 by analysing a frequency range -of
three decades. The main advantage of this code is that the frequency
bands can be chosen in their width for every analyzed frequency, as the
user requires. So it is possible to arrange the analyzed spectrum points
equidistant in a logarithmic frequency scale. This is especially helpful

in analvzing a wide frequency range in one program run.

When constant statistical error and confidence bands are required, the
number of data points needed for the evaluation of one point of the

power spectra is inversely proportional to the mid-frequency of the filter.
Analyzing three decade= in this way reduces the CPU-time by a factor of

5. The program in operation uses ten spectral points per decade equi-
distantly arranged in logarithmic :cale. The program has no overlays

and u=e< 8% K Bytes of core storage with all utility routines for input

and output of data. This amount can be reduced to less than 50 K Bytes.
Power amplitudes of ! : 300 can be resolved. The main applications of

this program are:

Analvsis over a wide frequency range, quick-look and on-line analysis.

The program computes auto- and cross spectra, gain and phase of the trans-

fer function and the coherence function.

2.',2 SECTIONAL SPECTRUM ESTIMATION

Applying Fourier transformation directly to time signals x(t), y(t)
of fipite duration yields the spectral density functiom X(f), Y(f) .

x(r) = _fx(t) exp(-127rt) at (1)

The spectral density is connected with the power spectra by the

equations

5. (f) = lim 3 /x(£)/2 (2)
Tou

=3

S __(f) = 1im
xy Tso

x*(f) Y(r) (3)

=3]-

* denotes con.jugated ~omplex.
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A direct implementation of eq. (1) for all kinds of signals only makes
sense with digital methods. For this purpose,we have to form a Discrete
Fourier Transform (DFT)., It is customary to abbreviate the exponent

in the Fourier Transform equations by
W = exp(1i27/N) (%)

Eq. (1) reads then

X(n) = 1 Ni1 x(n) wPb (5)

n=0
h = 0(1)N-1

Writing e program thet performs the DFT is not a difficult task. The
problem is, this algorithm will be very time-consuming especially for
manv data points., This =situation changed when J. Cooley and J. Tukey
developed the Fast Fourier Transform (FFT) /6/.

Applying the FFT-algorithm directly to a long time series,attention
has to be paid to two points:

- the available computer core-storage,
- the number of data points has to be a power of two for input and

output for the fastest case.

To overcome the difficulties with handling many data points for spectral
analy~is in one program run. sectional spectrum estimation has been
implemented ot our institute. The main idea is to split up the set of
saempling points in subsections, weight them with an appropriate time-
-window and transform those subsections. Summing up the spectrum estimates

of all subsections gives the total spectrum /7/.

The computational procedure is as follows: the time series is weighted
with a window w(mn).

Eq. (5) reads then

x(n) = % gi; x(n) w(n) w-oh (6)

ns=
N points of the spectrum are estimated, f = fN/N apart (fN = Nyquist
frequency). Restricting only to a maximum of J scans eq. (6) can be
rewritten

Gt
-

x(k, §) w(k,§) whd y-hJ(k-1)

M

x(h) = -;-

(7).

(=]

=1

b

[
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Restricting to every K-th frequency point gives

x(1) = i& x(1,k)

with 1 = h/K, 1 =0(1)J-1 and

J=1
x(llk) =Z x(J,k) w(j,k) V-jlx (8)

dividing the whole frequency range into B frequency bands of bandwidth
D = J/2B, the corresponding power spectra estimates are

s (m+%)D -
Sxy(m) s m—y 12 m_l)D X (1) Y(l) (9)
- 2

For x = y the auto spectrum is computed.

This method was successfully used to compute power spectra of long
time series with unrestricted number of data points. The core-storage
required can be kept small, the number of spectral points is kept in

8 reasonable order and the number of data points in one subsection is
chosen as a power of two. Since the FFT-algorithm deals with complex
time series, two real time series are combined to one complex series

end dissoziated again after the transformation.

Furthermore, the code includes procedures for data processing. After

the dats are read into the core memory from binary tape, linear detrending
and/or prefiltering and decimation can be applied. As prefilter, »
digital low pess or an user specified ORMSBY-filter is available, Cali-
bration of the spectra can be achieved by means of calibration factors.

Thé program is written in FORTRAN IV. With overlay techniques, the
version in use occupies 188 k Bytes computer memory. In this case, 16 k
of the memory are reserved for the data of one subsection run., The smount
of storage can easily be reduced to less than 100 k Bytes by restricting
to smaller subsections. The CPU-times for a pair of time signals and

256 frequency bands are shown in table I.

The most importent outputs from this progrem are:

~ table and graphs in linear or logarithmic scale of the auto power
spectrum estimates of each series versus frequency,
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- tables of the cross spectra and coherences versus frequency,
- matrices of the cross spectra in complex form,

The matrices of the cross spectra are transfered to a second FORTRAN-
-program /8/ by cards or magnetic tape. This program computes

- frequency response matrix,

- gain and phase of each component and their confidence bands,

- pair-wise coherences and wultiple coherences for the output series,

- matrix of standard errors of the frequency response.

The results can be plotted at the line-printer or the digital plotter.
The results appear equidistant in linear scale; This makes the code
especially useful for fast spectrum.analyais over a wide frequency range,
when equal resolution is required or over a small frequency range, with

narrow frequency bands to get good resolution.

The foundation far both codes was supplied by BMD-Codes of the University
of Los Angeles,

2.1.3 CORRELATION FUNCTIONS

For computing correlation functions, the mean'lagged product route is
used until now. The code also is able to estimate power spectra, trans-
fer functions and coherence functions. These features are not used
normally because they are too time-consuming. The basis of the code also

is a BMD-code, but an unrestricted number of data points can be handled.

Given a time signal x(t}, the autocorrelation function is defined as
T/2
1
Lo (D) = Lim = j x(t) x(t+T) dt (10)
xx Tae T -T/2

where T is the duration of the signal and ( the delay variable. Equi-
valently the cross correlation function of two time signals x(t) and

y(t) is

T/2
yxy('r) = %i:% -"1{21 x(t) y(t+T) dt , (11)
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The Wiener-Khinchine theorem establishes correlation functions and power

spectra as Fourier-transform pairs.

©
s.,(f) = /y,,('r) exp(-1277T ) dT (12)
Srx(T) = /Sxx(f) exp( 127T) dr (13)

Sxx(f) is the suto power spectrum and f the frequency. The same relations

exist between the cross correlation function and the cross power spectrum,

This well-known mean lagged product route was used for quite a long time
to calculate the desired functions. The mein advantage was, that in
estimating the correlation functions first, these functions had only about
10 £ of the length of the time signals and Fourier analysis had to be
aepplied only to a shorter signsl.

When these relations are used in snalog or hybrid hardware, the change
from the time domain to the frequency domein is performed by filter
methods. For use in digital codes eqs. (10) and (11) have to be written
in discrete form

N-m

15
yxx(m at) = 2%, x
b =1

N-m i Tdiem m o= 1(1)M (14)

Because the suto correlation function is an even function, no values for
negative m have to be calculated. This is different with the cross
correlation function.

Nem

:fx?("'dt) = ﬁ%; a=1 *Xq Yq+m (15)
Nem

Fry(mae) = 5o &5 Yasm g (16)

The Fourier transform then can be calculated using eq. (5).

2.2 THE_HYBRID CODE

The intention in combining analog and digital computers to »a hybrid
system is to make use of real- and faster then real-time analog computa=-
tion and the arithmatical and logicel facilities of digital computation
/9/. For spectrum anaslysis, the filter method shown in fig. 2 was imple-
mented as a hybrid code /10/.
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An effective application was achieved by

- real-time analog filtering,
- speeding up the time signals by means of fast analog playback,

- a fast continuous adfustable oscillator for frequencies up to about
2.0 kHz controlled by the digital program,

- digital control of the program runs including the analog tape.

Tables of the auto- and cross power spectrum, transfer and coherence
functions and graphs in optional linear, logarithmic and linear without

zaro scale are provided.

In a second step, the accuracy of the code was improved by using the
arithmetic of the digital computer for all the operations to be done

after low-pass filtering. For this purpose, an optimum sampling technique
and integration method was developed. To get better statistics and
frequency resolution, frequency windows can be chosen using a minimum

of analog hardware.

The low-pass filters have three different band widths. A fourth band-
-width is available, when the priority interrupts of the hybrid system
are used. In this case, also 2K-words for data buffers will be saved.
The slopes of the filter can be made very steep (up to 40 dB / octave)
without spending more computer-time, thanks to the real-time facilities
of analog computation. The user specifies, whether the chosen bandwidth
is kept constant over the frequency range to be analyzed or is switched
to give constant percentage resolution per frequency decade, The spectral
points may be chosen at random with a frequency band out of four around
them. These characteristics make the code useful for fast spectrum
analysis of deterministic and long time stationary ergodic random pro-

cesses,

The digital part is writtem in FORTRAN with Code-subroutines. It runs

on the process computer. Because of its small core memory, overlay
techniques are used occupying about 9 K - words of storage. The run for
one analysis frequency requires about 10 sec, but depends on the specified
resolution, the adjustable speeding-up factors for the analog tape and

the frequency range, that should be covered. )
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3. EXAMPLES

Two examples shall show the application of the program system and the

differences between the codes.

3.1 ANALYSIS OF NUCLEAR REACTOR NOISE SIGNALS

At a pressurized-water-reactor nuclear power plant, measurements of the
at power noise of neutron flux and pressure were wade. The power spectra
of the excore (K3,x) and incore (K5,y) neutron flux signals are shown

in fig. 3 and 4. Fig. 3 is the output of the filter code described im
2.1.1, fig. 4 is a result of the sectional spectrum estimation.

For a rough estimete in both cases 9.17 minutes of the signals
were analyzed. The sampling frequency was 120 Hz. A total number of
65536 data points per channel had to be handled. For the evaluation
the number of frequency bands was chosen to be 3O for the filter code
and 43 for the sectional spectrum estimation in the frequency renge
reaching from 0.02 Hz to 20,0 Hz for both programa. The figures show
a better resolution at the low frequencies for the filter code and at
the high frequencies for the sectional spectrum estimation. The CPU-
-timaes were 4 min 15 sec and 5 min 14 sec (no prefiltering end detrending).
It is fair to mention that the sectional spectrum estimetion evaluated
a number of 12B points up to the Nyquist-frequency (60 cycles/sec.
in this example) in this time, but only the comparable ones were plotted,

The power spectra computed with both programs show a distinct peak at
about 6.5 Hz. Furthermore, peaks can be seen at about 10 Ha and 15 Hz

in the auto-spectrum of the excore chamber. Because of the better
resolution of the sectional spectrum estimation code at higher frequencies
they appear only in the results of this code (frig. &). Though the
resolution of the filter code is better in the lower frequency range,

the results are not very useful due to the short evaluation time. The
absolute values of the spectra computed with both codes differ, because

of the different bandwidths and calibration factors used.

The interpretation of the signals is not yet finished. At the moment,
the following presumptions can be given only /see also /1//:

The 6.5 Hz peak is probably caused by vibretions of core internals

(the peak of the incore chamber is damped by a low pass filter 1).

The peaks of 10 Hz and 15 Hz do also appear in the pressure signal.
Therefore, it can be concluded that they are caused by hydraulic effects

of the coolant.
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The transfer function computed by the sectional spectrum analysis code
is given in fig. 5. As 8 matter of fact, it makes sense only to compute
this function when & real cause-effect-relation does exist, In our cese,
only the relation between the amplitude densities can be seen. Fig. 6
shows the coherence function of the two signals with two peaks at about
5 Hz and 6.5 Hz., Though the 5 Hz peak is expressed very little in the
spectra, it seems to show a reai effect beceuse it was produced even
better in other long-time evaluation. As compared with the example given
in the introduction, the errors in amplitude and phase are 12 % and 0,12

rad due to the short time of evaluation.

3.2 ANALYSIS OF A BINARY PSFUDO RANDOM SIGNAL

In the introduction, it was mentioned that the interpretation of signals
needs - for the most ceses - thorough enalysis. To éplit off the dif-
ferent sources which affect the measured signal, it is often helpful to
apply artificial disturbances. 1In reactor techniques, mostly the re-
activity is used as disturbance signal, It is created by moving the
control rods. Most of the rod drives used in PWR's are not suited for
continuous movement, but cen be operated in steps. Therefore, it is

worth-while to use binary sequences.

The suto-correlation function of a binary pseudo random signal, the
zero-crossings of which obey a Poisson~distribution, was evaluated with
the mean lagged product code. From theoretical considerations, it should
have 8 triesngulsr shape - and the auto power spectrum is a A(S:"x)2
tion., The results of the code are shown in fig. 7. The auto-correlation

function shows some leakage due to the finite evaluation-time and finite

«func-

slopes of the binary signal.
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NOMENCLATURE
f = frequency
fN = Nyquist frequency
i )
M a total number of lags for the correlation
functions
N = total number of points of the time series
s » = sampling rate
Sxx(f) = auto power spectrum of x(t)
Sxy(f) = cross power spectrum of x(t) and y(t)
t = time
T = duration of time signal
At = time interval between sampling points
w(n) = discrete values of the time window
x(t), v(t) = time signals

x(r), Y(r) = spectral density of x(t), y(t)

x(hn) = discrete spectral density
j;x(T) = autocorrelation function of x(t)
j;v(T) = crosscorrelation function of x(t) and y(t)

T = time deley variable
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TABLE I

EXAMPLES OF CPU-TIMES FOR

SECTIONAL SPECTRUM ANALYSIS

CODE, TWO TIME SERIES AND 256 FREQUENCY BANDS EVALUATED

CPU-time

Number of data Number of
points per series subsections

1) 2 oin 56 sec
2) 12 win 19 sec
3) 1t h 4 min 26 sec

16510 3
100 000 25
100 000 4

1) and 2) are without and
trending.

3) with prefiltering and de=-
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DISCUSSION

Q J. KADLEC, Germany

My question deals with the computing time. If you have 2 signals, which are 10
seconds long, the frequency band 0-1000 Hz, filter band width is 1 Hz. How much time,
approximately, do you need to calculate with the confidence of + 10% the auto- and cross-

correlation functions and the corresponding spectral densities for these two signals ?

F. GAFFAL, Germany

The equal resolution from 0 to 1000 Hz calls for the sectional spectrum estima-
tion code. Depending on the low pass filter for cut off of higher frequencies to prevent a
biasing, a sampling frequency of about 6 kHz will be necessary. 60 000 sampling points per
channel are produced in the required 10 seconds. This number is comparable with that of
example 3.1. When choosing the same number of subsections, the computation time will be
in the same order’ (5 min). In this time the spectral densities and the power spectra are
computed. Ti:e computation time for the correlation function would be negligible, when the
needed Fourier transformation is included in the code. Whether the confidence limit of £ 10%
can be achieved with the given frequency resolution and signal length has to be calculated

with the corresponding formulas before making the experiment.

Q L. WOLF, Germany

1. Do you believe that 5 min to one hour calculation time is reliable for on-line noise
analysis ? How many input channels are possible ?
2. What type of time windows do you use ? Do you consider any instationary noise analysis ?

Do you consider polarity correlation ?

A F. GAFFAL, Germany

1. The one hour calculation time was related to example 3 of Table I, where sectional spec-
trum estimation and prefiltering ans detrending was used before evaluation. Example 3.1
shows, that evaluating 9.17 minutes of two noise signals takes 4.25 minutes for the filter
code and 5.25 minutes for sectional spectrum estimation. This means the evaluation was
faster than real time. On the other hand the evaluation has not to be done continuously all
the day long. Whether the results are reliable depends on the available signal length and the
required band width. For on-line noise analysis we would suggest to take the filter code.
The number of input channels are 2 for the filter code, 13 for sectional spectrum estimation
and 20 for the mean lagged product code. The hybrid code uses two input channels. This
number can and should be expanded to 6.

2. The different codes use different time windows, They can be described by the equations :
T st

0.5[1+cos T_(2itl-a)] (1-a)-<[tl=

) l 1-a (T )] 2 2

w(t)= T
0=lti=(1-a)5
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for the hybrid code and sectional spectrum estimation,

w(t)=0.54 +0.46 cos% (Hamming)

for the mean lagged product code and

JAo=tsa
w(t)= ‘Ba<|qﬁb A>B

10 outside”

as the equivalent window of the filter transfer function of the filter code.
The only instationarity we deal with is a linear trend. But it is not allowed to be produced
by the process itself, but by the measuring equipment.

Until now we have neither a code nor hardware for polarity correlation.

R.J. DOHRMANN, U.S. A,

Have you had a chance to investigate the use of your codes for comparing your
processed data from your codes to a "normal or standard spectrum' (a spectrum from a

normal operating reactor) so that if a malfunction would occur it could be identified ?

A

F. GAFFAL, Germany

It would be very interesting, but we hadn't the chance to do it.

Q T.J. LEDWIDGE, Australia

I believe that the application of noise analysis to reactor diagnostics is a growing
and important subject. The philosophy of implementation will in my opinion be via the medi-

um of special dedicated computers and not necessarily by the use of plant computers.

A

is a question of philosophy to know which medium should be taken, because there is too little

F. GAFFAL, Germany

Special dedicated computers have the advantage of being very fast, Until now it

experience. The trend in process computers is going to larger and faster ones, thus leaving
more time and memory to programs which are not used today. Standard process computers
have the advantage to have good test programs for hardware failures and a well trained main-

tenance staff.,



