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INTRODUCT ION

In tbis paper we shkall be discussing a practical metbod of acoustic phase
calibration for line arrays using Discrete Fourier Trapsforms. The method
could, with some modificatiem, be applied to arrays of otber profiles. Barller
calibration techniques bave often resorted to a qualitaiive assespeat of the
charzcteristics of typical broadside beams, thils practical procedure will
produce quantitative resuylts which lead to a better understanding of tie array
bebavior. :

FRASE CALIBRATION

Nulti-transducer stmar arrays bhave beem used for many years to identify the
direction of cobereat noise sourves in a marine enviromment. Time or frequency
domain beanformation Is used to Llmprove seasitivity in the directiocn of the
spurce. Baam characteristics are inflvenced by the phase mstching of elemenis
withia the sopar array. Referepce 1 describes the effects upon beao
characteristics of array element phase mismatch. The ability to predict baso
characteristics will ensable the farmulation of array perfarmance quantifiers,
such as the Directivity Index (see reference 2.

If sanar arrays are to function in & predictable manper it is imperative that
the phase and sensitivity af the indfvidual elements are closely matched. In
some systems it is possible to build up the arrays from closely patched
elements but in others the arrays bave to be completed priar to the acoustic
calibration. In the latter the variance of the individusl elepents should be
taken irtg accovnt in the electromics betind tde acoustic elements. In eitbar
case the bekaviour of elements may clange during coostruction asnd post
construction array calibration will be required to establish this.

Prick, reference 2, describes calibration as ‘the determinetion of the response
as a function of frequepcy and direction’. Ve defipe array phase calibratian to
be the determination of array element phsse mismatch. In situ acoustic phase
calibration is a difficuit procedure with the following problems, Firstly,
phase calibretirm Is achieved by the compariscn of the ouiputs frum elements
sinvltaneously excited by a sisusoidal accoustic signal. This procedure relies
vpon a sipusoldal wavefarm arriving at each element of the array with matcbed
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The transwitter is tkerefare required to be far enough away to produce a
wvavefront with negligible curvature at the array face. Secondly, 1t Is also
iaportapt that tde signal recarded should be as long and nolse free as possible
wvith minimal mylti-patks, which wovld carrvpt tbe signal. Sigpal multi-patds
can most easily be avoided by ensuring that the nearesi reflective surfaces are
a considerable distance from tke array and sigpal transmitter, although this Is
often impractical.
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Fig 1 shows the desired signal farm with a stroag sinusoldal signal followed,
after a discrete interval, by the first multi-path. This signal i an example
of the data collected by Ferranti in array phase calibration trials at Lake Kelk
near Bridlington.

FPrior to the advent of digital techoiques arrays were calibrated with apalogue
processors, such as carrelatars, which were used tg determipe the tima variance
between elepepts, and bence the phase mismatch. The use of apalogue
correlatars requires the duplication of hardware for eack channel to be
sinuitaneously copsidered. The correlation equipment bas to bes calibrated to
epsure the phase matching of the carrelators, as a resvlt it is normal to match
only pairs of array elewents. However this method results io a very arduous
procedure to establish tha phase matching of elements in a large array

Having sisvitaneausly recorded a signal pulse frum each chapnel of a somar
array, phase mismatch belween elepenis can be measured by comparison of the
wavefarms with a referenrce. Comparisom of two sinvspidal wavefarms to measure
Plase shift can be achieved by Identifying tle time at which each sigpal
crosses & givee poiat, typically zero. Phase extraction by time of zerp-
crossing can be very accurate, but relies upon very high sasmpling rates and low
ooise levels, At campling rates less than twice ¥yquist the accuracy becowes
very coarse.

Our problem was tlerefore to ertract signal phkase from shart sinusoidal
signals, sampled relatively slowly, in a noisy eovironmept. Our sclution is
based vpon Fourler Transfarms and perzmits the reduction of sampling frequency
to two tines Nyquict, while maivtaining an acceptable phase resolution,
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Fig 2 shows the phase erroré in phase extraction by time of zero-crossing
against signal to sanpling frequency ratio.

The Discrete Fourier Trassform OFT) is a derivative of the Fourier Transfarm,
vsed to process sampled, discrete, signals. The DFT comverts data from the

tima domain to the frequency domain; discrete time Intervals being mapped to

discrete frequency intervals, ar cells.

4 sampled sinusoidal signal, of known frequency F and eampling frequency Fs,
can ba converted to the frequency domain by a DFT acting vpon a finlte sample
set of ¥ valves, The resulting frequency domain data, comsisting of ¥ complex
DFT cells, reistes to the frequepcy coptert of the tiwe domain data set. DFT
cells are cumplax, and their valuss can be copsidered to represent a complex
vactar whose lepgth 15 related to the powar of the signal frequency and whose
direction Is related to the phase of the time domain signal. Extraciiom of
signal phasa can thersfare be achieved by calculating tbe arguement of the
complex vectar in tde sigmal's frequency cell.

The DFT nmethod of phase extraction has the advanfage of inberently filtering
the time domain signal to remove those frequency campuments which do pot lie
within the frequency cell of Interest, The presence of other, unwapted,
frequencies during the calibration procedure is important as these may indfcate
the presence af undesirable resonapces within the array. Additicnal frequencies
can be identified by consideratian of the frequency spectnm generated by the
DFT procedure. DFT fregquency cells are equally distributed in frequency, being
centred upcr a spot frequency. The frequency coverage of each cell is the
sampling frequeacy, Fs, divided by the time domain data set length, F.
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The wethod of DFT phasa ertraction bas an Iinkerent error cavsed by the sipe x
vpon x response of frequency Jomalm cells. The complex vectar in a frequescy
domain cell, produced by a siogle frequency component, F, of the time domain
data set, Is thke sum of two vectors. The primary vectar is dominant and
represents the trve pbase of the time domain frequency compopent. The change
of phase in the primary vectar, resviiing from the additiem of the socopdary
vector, Is the DFT method's Inkererpt erTor.

The two vectors rutate in opposite directions with chapging signal frequezcy,
thus varying the inflvence of the secondary vwectar upon the phase of the
primary vector when the two are added together., Naximum phass error Is
ackieved when the two vectars are perpendicuiar. Nipilmum phase error is
achieved when the two vectars are parallel.
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Fig 3 shows the variation in DFT phase error as the sinusoidal eignal phase
changes relative to the DFT window.

The primary vwectar s produced by the signal frequency companent. The
secondary, iwherent error, vectar Is generated by the frequency conjugats.
Signals at the centre of a freguency cell wiil produce conjugate valves at the
zero crossiag points of the cells sine x upon x response, and thus have no
Iptrinsic error. GSigpals whose fregquencles lle balfway betwsen the centre of
two cells will bave paximum Iinirinsic phase error as the privary vector
magoitude will be a minimum, and the secondary vectar magaitude will be a
warisum.

Tie DFT assumes thst the transform window containe part of a cootiauous signal
whichk could be reconstructed by repaating the contents of the window. This
essugption will produce a continvous signal with discontipuities every window
length, wvnless the window Jeogth is an inleger number of signal cycles. The
discontinuities occur with a frequency of 1/F, where ¥ Is the window length, and
appear in the frequency dowain as sidelobes, to the eajor sigmal frequency, in
the adjacent frequency cells. Cell leakags 1is, therefare, the effect whereby
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some of the frequency epergy laaks into adjacent cells. At the centre of a
frequency cell there Is po energy loss from leakage, as the window length is an
loteger pumber of wavelengths, but as the frequency moves away froit the ceatre
of tke cell the epergy loss through leakagn Increases to a maxisum balfway
between two cells, whichk gives penk discontipvity of balf & wavelength.
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Fig 4A schows how the  ©maximum ©DFT phase error varles with
signal-to-sampling-frequency ratic. Note that the imter-cell peak error is at a
nininun in the region of cells N/4 and 38/4. This is because the frequency
conjugate vectar Is furthest from the frequency component, and therefore
smallest in the cells sine x upom X response.

Fig 4B shows the maximum DFT phase errar, against frequency cell punber,
produced by the application of a Hamming window.

Fig 4C shows the maximum DFT phase error, agaimst frequency cell nunmber,
produced by the application of the double cell method.
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Fig 5 chows the response of a trequency cell shuded by a Hamping window in
comparison with the same unshaded cell.

The Inirimsic DFT phase extractiom errar can be reduwced by shading the time
domain data set to redvce the sigmificance of data towards the edge of tha DFT
window, see reference 3. Shading reduces cell leakage, bt also reduvces the
energy i{m the DFT window by changing the sine x ypon x respomse. The changed
cell response reduces the eside-lobe amplitudes aad reduces the peak amplitude
of the maln lobe, whilst ‘squaring’ its respomse.

Shading reduvces tle amplitvde of both frequency vectors, but reduces the error
vector more than the pripery frequency vectar. Shading therefara reduces the
intrissic arror ia DFT phase extracticn.

The {ntripsic error in DFT phase extraction may be further redvced by wiilising
the epergy whkich has laaked to the pearest frequency cell. The Dewble Cell
method of DFT pbase extraction calculates the e&ignal phase asc belng the
arguament of the difference beiween the highest amplituda frequemcy cell and the
nearest adjacent frequemcy cell. The adjacent cell Introdwces two pew vectors
into the phase extraction process; thke pew vectars represent the proportion of
the frequency energy wkch bhas leaked into the adjacent cell from the itwo
veciors im the main cell, 7Tbe primary vectar in thke main cell is always a
fizxed distapce, in phase, frowm the primary vector of tbe adfscent cell, Thws
tke subtraction of the adjacent cell priwary vectar frum the main cell primary
vector gives a vectar whose pbase is directly related to the pbase of the time
domaia signal in the DFT window. The combined affect of the two seccedary
vectars Is less than the effect of the secondary vectar in the single cell pbase
extraction petdod. Therefore the inirinsic error in tbhe Doubla Cell methad is
substantialy less tdan ip the single cell method.

Baving established the relative phase aof elements within a copar array, tbe
phase data must be expresced in a forw whbich gives a messure of the array
phase zismatch. The phase mismatch, of a line array, cen be expressed against
& reference,
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One reference wbich could be uwsed 1is the ideal phase expecied from the
calibration sigoals angle of intarception with tke array; however in practice
it proves to be vwery difficult to messure the signals trve angle of
interception. If the phase mismgtch cap be assumed to be randanly distributed
along the array's length tien a referemce leasi-squares best-fit through the
meoswred channel plase errors can be established. The least-squares method
will produce a reference with minipum elewent phase deviation and is suck that
any faulty, ar dead, charpels within an array can be easily igrared,

If array pbase mismatch is pot randomly distributed along the arrays length
then the least-squares method will pot produce an idaal referepce. 4 lack of
rapdompess in the distribution of array element pbase mismatch can usvaly be
attributed to ope or more elements baving very bad phase mismatck. The
randomness of pbase mismatch distributfon can be establisbed statistically by
considering the distribution of the phase errors abwt the reference.

4 simple measure of lke phase mismatch aof an array can be established by
measuring the stapdard devistion of each elememt fram the referepce,

Least Squares Best Fit Hethod

Fin 6A -~ Random Phase Error.
: Dl D o—a ol
£
]
- Dt B =—a o—a
]
£
[
-
E Fig 68 - MNon-Bandom Phase Errar,

. g D P— D
a . —
£
T e ———

E—C-‘-'—_"dd_H R B—
c—a
b} 4 3 4 3 6 ki ]

Element Hunher

Figs 6 show the effect uvpon the least-squares best—fit technique of non-
randosly distributed phase error. Fig 6A shows the least-equares best-fit
through the randomly distributed elemental phases of an eight chanmel array.
Fig 6B shows tha least-equares best-fit through the non—randomly distribduted
elemental phases of an eight channel array.
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FRACTICAL INPLENENTATION

The DFT phase extraction metbod enables the accurate exiraction of phase from
slousoidal signals at low sampling rates in relatively noisy environments.

The application of the least squares wmethod epables the Identificatiom of
chanpe] phase mismatch relative to tle arrey's closest approxipation to
broadside.

Ve bave used tie DFT phase ertraciion technigue, togetbar with least-squares
phase watching, in our array callbration system. Tbe system requires two FCs.
The first {s vsed to capture the dats and to contrul tbe signal generatiom from
tle referesce trapsmitter. The socopd, which uiilises a transpiter ruooing
OCCAX code, is used to process the data and provide elemental phase variance
together witk elements] and steered-beam respomses.

The data capture and system comtrol software fs similar io many sutomatic test
faciiitles currentily in use, with the exception that the element outputs are
sisultaneously digitised using a multi-chacpel trapsient recarder.

For the @ element arrays we bave been developing the system required aboaurt 30
mirutes to capture a 180 degree polar rum and then about 20 minutes to
calculate aed plot all the elepeptal and steered beém respanses and phase
variance tables.

This approach to array calibration bas provided Ferranti with a vary fast and

accurate method of establishing the performance of new array designs.
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