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Thtg paper dascribas the background to measuring random signals and the
development of a computarised system to measure and analyse random signals.

One of the most important measurements Of a signal is ils mean square value. An
impaortant parameter in avaluating the mean square value of a signal is tha
averaging time.T, that Is used. If T could be made Infinite then the true mean
square value of (ha-random signal could be avaiyaled :
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In practica a finite vaive of T musl be used, and the measuremani of the mean
square value for a randem gignal may be in arror from thé trua value. For many
random signals Ine mean square values will follow a Gaussian probabllity dansity
function. 1f 1his is the case then |t has baan shown that the variance of tha values
is Invarsely proportional to the averaging time used and the bandwidth of the
random signal [1]. Establishing this allows an avaraging tima to be specifiad such
that tha measurad mean square vaiua will. for example, be within 10% of tha trye
value with a confidance levael of 85%.

The probabliity ¢ensily function {(PDF) of the random signal, for a specified

averaging tima is found from :
£+T
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and evaluating the probability. p(y). that y(t} {les in the range y lo y.dy. If the
random signal has a Gauvssian PDF than :

piy} = (21621795 axp -[(y-u)2/262]

The investigation has concaniratad on measuring the stalisticg of {he mean square
values of random signals digitally, to see whether the abova theory ¢an be applied.
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System Davalopment

Tha software and hardware to analyse random signals digitally was deveioped
around an Atari 1040ST computer. The GEM environment was incorporated in the
program which allows the softwara to ba controiled by 3 mouse and keeps kayboard
entry of information t¢ a minimum. The hardware consists of a 12-bit A-te-D
convarter circuit interfaced through the compulars cartridge port, and through
soitware a sampling rate of §1.2 kHz was achievad aiiowing an audio bandwidtn
gsignal t¢ be digitisad.

Tha maln problam with analysing a randam signal Is that a long sampie of the signal
is required so that the statistics of a large numbar of mean squara values ¢can ba
found. Typically several minutes of the random signal will nead (0 be analysed and
obviously this langth of signal cannot be storad ditectiy in the computers mamor'y
at the sampling rata being ysed. Howaver, bacausa tha invaestigation was inlerasiad
in cafcutating mean square values the fully digitisad signal doae nol naad (o ba
stored. instead the digitisad signal ¢an ba squarad and each successive 512 valuas
accumulated logather.

Each accumuliated value repregsants 0.01 seconds of the squared signal. Doing this
maang tha minimum avearaging tima thal ¢an ba used |s T-0.01 saconds, hawaver
any multipie of thig vaiue can be used up {o the total length of tha signal. The
mean squara values are found by adding 0.01 second segmanis together until the
total avaraging {ime is reached. this vaiue Is then divided by tha lotal number of
A-l1o-D readings in tha summation. (512 per 0.01 second gegment) The nexl mean
square value ig found by starting the summation from (he naxt 0.01 second sagmenl
aleng from the start of the pravious summatian.

The softwara allows a (angth of signal t0 be digilised and stored in the way just
dascribad. 11 then allows an avaraging tima to be appliag o the signal to calcyiate
the maan squara value of the signal as a function of time. From this tha PDF .is
calcuiated and if it I8 a Gaussian than :

ply} - (2T62) 09 axp -[(y-)2/26%]

By iaking iogs : In p{y) - -11262 {y-mz -in {2]?62?'0‘5
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S0 that if in p{y) is plottad against (y-u)z and a sfraight lina can be fittad through
the points then the PDF ts Gausstan, and the variance can be found fram the
gradian! of the tine fitlad. By repaating this procadure for a number of differant
averaging timas the thaary that tha variance Is invarsaly proporiional to the
averaging tima ¢an then ba axaminad.

The next stap In the analysis praocedure is ta filtar and digitise tha random signal
50 that the bandwidih and tha fraquency contant of tha random sigral ¢an be
contrallad. Thig signal is than procassed as before. tf this | rapealad for a number
of flitarad signals then tha ratationship batween tha varlance and the bandwidih of
tha signal for 3 givan avaraging tima can be invasi{igatad. [l should be noted that
the variance has to be normalised to the mean square value of tha signal to abtain
a relationship that Is inversaly proportional to tha bandwldth of the signal.

The software allows the digitised stgnal and the results calculated from it i¢ be
storad to disk. Graphical and tabulated presentation of the rasults is possibla and
from them an averaging time can be calculated tc measura a random signal to a
specified accuracy.

Analysis of a $imulated Randem Sianal

To test the software a random signal was derived from a sequence of pseudo-
random numbers genearated by tha caompytar. Tha fraquency contant of the signal
was chacked by performing a 1024 point FFT on samplas of tha signal on the Atari
and avaraging tha results. Thia showad !hal the averaged specirum was constani
ovar the fraguency range 0-20 khz, |.e a white nofise signal. Te obtain a
bandlimited signal tha number segquence was passed through a digital Fifter. Four
gctave band flilers wara configured using the digital ftiter and signal lengths of 200
seconds ware generaled. The freaquency respensa of the digitai fiiter was measured
by using the FFT software to calcuiate the Fourler transform af the impuisa
response of tha digital filfer.

These signals ware than read Into the solftware for analysis and a numbar of
avaraging times ware appliad to each. Thie allowed tha relationships beatween tha
variancs andg the avaraging time, and the normalisad variance and the bandwidth of
tha signal to be axaminad. The rasults for thasa signais are shown in figuras 1-4.
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Resyils

The POF for the TKHZ octave band filterad signal is shown in figure 1, the shape
appeaars that it might possibly be Gaussian. The software. as mentioned. allows a
last to be parfarmad for this to ba asiablished. Figure 2 displays the-resutt, the
natural log af tha POF far a mean sguare valua Is ploited aéalnsl tha square of tha
ditference of tha mean squara valye and (he true mean square valye. Nagative
valuas of {y “)2 are rotated about tne point whera tha line crossas tha y-axis, this
allows a mora accurata iina to ba flttad. Only values of p(y} thal ara within 30% of
the maximum valua of p(y} ara plotiad. this Is done bacause tha dtscrete natura af
digital anatysts daes not allow values of the PDF to extend to infinity. - '

By using a range of avaraging timas on this gignal a sel of rasults are bullt up.
Averaging times batween 0.1 to 2.0 seconds wera appliiad to this stgnal and the
ralationship beiwaan the nermalisad variance and the averaging time can be sean in
figure 3, where a graph of normalisad varianca against 1/7 Is plotiad. The points |la
an a resgnable straight [Iina@, s¢ for this signal the theory has been shown to ba
correct.

Figura 4 shows the result for the sacond parl of the thaeary; that the normalised
variance is Inversaly proportional 1o the bandwidth of the signal. By looking af the
rasults of the four octave band fllterad signats for a fixed averaging time, T-0.1
gaconds In this example, and plolting the normalised variance against the raciprogal
of the bandwIdth, a stralght [ine is found agaln proving the thaeory is appllcab!e to
this signal.

Eulure Slanais to ba Investigatad

The simulated signal wasg rather an Ideal signal to analyse and 50 same ‘real’
" slgnalg from traffic and 3 bullding site have been racordad and filfered into oclava,
fhird octave bahds and percenfage bandwldtns aboul a fraquency, to be analysed by
the sofiwara 1o sed whathar the theory hoids true for these signals.
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. AHEMISPHERICAL CAP ARRAY FOR NOISE SOURCE LOCATION
- MHD Santer
. ISVR, University of Southampton.

With the advancement of underwater acoustics signal processing, noise and
its reduction has gained increasing importance. Clearly to reduce noise in an
efficient manner it is imperative that the location intensity, and frequency
content of the sources are identified. This paper concerns an array used to
measure noise sources induced by fluid flow past an axi-symmetric body; in
the frequency range of 1 kHz to 50 kHz in air. Theory using the Rayleigh

. Integral, indicated that an appropriate design was a hemispherical spiral
array, in which. the spacing between each turn of the active element
decreases towards the centre of the array. This shading effect enabled good
directivity to be obtained with a limited length of piezoelectric cable over a
wide frequency range. The theoretical calculations were compared with
experimental results taken in a large water tank using a spark source.
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