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1, INTRODUCTION

Simple arrays of transducers have been employed in sound reproduction systems for many years
(eg [1]) in the form of column speakers and gun microphones. These early implementations.
although still in common use today. were simple in design and were pro-dated by many years by
far more sophisticated examplu in the fields of radar, sonar and astronomy.

Recently. however. there has been an upsurge of interest in audio applications of arrays and
beamt‘ormers. as demonstrated by the number of references found [2-14] in a quick Search
through some relevant journals for the past few years. This new interest has largely been
brought about because advances in computing power "and the availability of advanced signal
processing chips have made the most sophisticated beamforming techniques a practical
proposition for off-the-shelf audio equipment at a sensible price.

In addition to the traditional requirements for controlled directivity in microphones and
loudspeakers, the applications considered in the literature include teleconferencing, speech
recognition. speaker identification, speech acquisition in an automobile environment. sound
capture in reverberant enclosures. large-room recordinglconfereneing. acoustic surveillance, and
hearing aid devices. Such systems rely a great deal on accurate and predictable beamforming
and sound source localisation. topics that have been studied extensively in the context of radar,
sonar and astronomical applicaqu [15-19].

This paper considers the performance that might be expected in practice from arrays of
loudspeakers and microphones based on this experience in the fields of radar. sonar and
astronomy.

2. THE CONVENTIONAL BEAMFORMJ‘R

Before proceeding to examine the effects of errors and tolerances and other degrading factors,
the performance of the most basic array configuration, the Convenrional Beamformer (CBF)
will be established. . ' -

Consider the situation sketched in Figure 1. This shows a number. N. of transducer elements
distributed in space along a straight line. It is not necessary, but makes the analysis more
straightforward to consider straight line arrays only. This will normally be the geometry adopted
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Fig.1 Sketch of N transducer line army
geometry.

in audio applications. but it should he_
remembered that all that follows applies. in
principle at least. to any three
distribution of transducers.

Also shown is an acoustic wavefront

appmach‘mg from a direction 8 relative to
thenormaltothelineofthemy.Thisof
course makes the assumption that it is an

array of receivers (microphones). and most
of this description is based on receiving
arrays. Again, however, all that follows
spplies,inpfinciplestleast.tosmysof
transmitters (loudspeakers).

It should be fairly obvious front Figure l
thstifeisaemsndthewsvefiontispamllel

tothelineofthesrrsy.thenthesignalsfmmsllthereceiverswillbeinphase,butnotinother

directions.'l'hus.ifthe signalsateadded together. thewtal responsewillbesmhnmnwhene
is zero. and something smaller otherwise. It should also be obvious that phase shifts or time
delaysoouldbeappliedtothesignalsbeforesddingthemtocsusethemalltobeinphasefor

 
FI'ng The Conventional Beatnfarmer.
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some other dixection of win].

Thisisthebasisofsllheamforming.sndis
sllshownschemsticsllyinFrgtneZ.'l‘he
signalsfmmtheNmnsduoei-elemeutsare
eschdelsyedhyafimetnthenmulfipliedhy
afamrAnbefmemeymunmdehe

An generally known as the shading
ooeificients or weighting ooeficients.
oontmltheshapeof the directivin pattern,
andespecisllythelewlofsidelohesinthe
msponmaswillhcshownbelow.

Many of the applications discussed in the
inuoduction are based on adaptive
hesmformers. waning that the time delays
and weighting ooeffiu‘ents can be varied
dynamically in response to a changing noise
environment or moving source. Only fixed
delays and weights are considered here but,
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once again. all that follows applies, in principle at least. to adaptive systems.

The beamformeras shown inFigure 2canhe representedmathematicaliy by the simple formula

’1

s.(9)=%20.(em. ex1>{I(u. -2m.)} (1)
"1

where 3(0) is the magnitude of the output relative to a single transducer. 6(8) is the directional
response of each individual transducer and f is the frequency. It may he noted here that audio
systems are invariably broadband (ie 20H: - ZOkHz). but radar and sonar systems are usually
narrowband. Eq(l) describes the response at a single frequency because this allows the simplest
representation. but (yet again) all that follows applies in principle to broadband systems.

The term n. represents the phase of the signal at the nth transducer relative to a reference point
at the centre of the array. The formulation for "It depends on the array geometry and the
coordinate system. but for a line of elements, each at some point x... and for a directiviry
repmsentedinpohrcoordinatestsgivenverysimplyby

u. = k x. sin 6 (2)

where his the acoustic wavenumber. k = 21tflc, and c is the speed of sound.

Some example beampatterns are shown in Figure 3 to demonstrate the patterns expected for an
ideal array and beamt'ormer. and to identify some parameters of interest. These are all for a 9
element array with the elets spaced half a wavelength apart

Tbepaflemhtthme3Aisforanunshaded(ieA.= l)unsteered(ie1.=0) array andshows a
distinetmaiubearnato"withaseriesofsidelobesfallingawayoneitherside.'l'hebeamwidthis
normallytakenasthewidflrofthemainbeamwbereitisSdeelowthepeakheight. Foran
unshadedlineltisaboutl/Lradians,where1iathe acoustiewavelengtbandListheover-all
array length. so the beambccomes narrower with increasing frequency and increasing array
length. Beamwidtbs fortheseexamplepatternsarelisted along witbtheother parameters to be
discussedinhblel.

Themaxinmmheightofthesidelobesinthispattemisabout -13dB. Thisis fixedforan
unshadcdfineamyanddoesnotchangewitheitherfiequeneyormylength.

The beamwidth determines the army’s angular resolution. that is the minimum angular
separation at which it is possible to separate two sound sources. This is known as the Rayleigh
criterion in optics. The ability to reject specific unwanted noise sources outside the main beam
depends on the sidelobe level. and the ability to reject isotropic ambient noise is determined by
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Fig.3 Ideal beampaaenufur a 9 element line army with M Spacing demonstrating (A) uniform
.rhadr‘ng with no steer. (B) uniform shading with 30° mu. (C) Chzbychev shading for -
3MB .ridelobe: and (D) the eject ofkypercanlioid"Mardirectivity.

the Directivin Index (D1). which depends upon both the beamth and the sidelobe level. The
Dlmaybeonluflatedbyintegntingthebeampattnrn [201.butisreasonably nppmximnmd form
unshnded line by lOlogN. For a loudspeaker may, the D1 determines the SP1. achieved in the
main ham direction for a given power input. while the sidelobes control the amount of ‘my'
sound projected in unwanted

FrngB showstheefi'ectofswefingthemyto30°.Themainbeamisnowpointingat30",
nsexpeMIIutthebeamwidthhasinereased. Analysisofflqsfl) and (2) showsthatthe
panemisamallyafimctionoffimndifitwereplottedagainstsinfi, steering wouldsimply
result in a sideways translation When plotted against 0, however. the pattern is stretched as 0
increases and when steered to an angle 9, the beamwidth increases approximately as l/ c059,.
Although the sidelobes have moved, their maximum level has not changed. '
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Table I Beumpamm chamcrerirricsfar 9 element halfwavelenglh spaced army

sums me “on” was
Broadside Uniform Omni 11.33 9.54

30° Uniform Omni [3.12 9.54

Broadside Gtebychev Dmni [4.52 8.81

Broadside Oiebychev Hypercardioid l4.4l .1457

  

Figure 3C demonstrates how the sidelobes can be controlled by the shading coefficients A... The
beamwidth increases as the sidelobes are suppressed, and it may be shown [21] that the best
compromise between sidelobe level and beamwidth is obtained when the sidelobes are at a
uniform level. generally referred to as Chebychev shading. Formulae for generating the
coefficients for simple geometries are available [21]. and the set used to produce Figure 3C is
listed in Table 2. More sophisticated methods [22] allow almost arbitrary shaping of
beampanerns. including steering nulls in specific directions. and as suggested in the
introduction. this process can be carried out dynamiwa in adaptive systems [23].

Finally, the previous patterns assumed the individual array elements to be omnidirectional, but
Figure 3D shows the effect of transducer directivity. A hypereardioid pattern, shown by the
dashed line. has been applied to each receiver. As might be guessed. when the directivity. G,I in
Eq.(1). is the same for all elements. the overall pattern is simply the product (or sum in dB) of
the array and element beampatterns. Furthermore. the DI's of the two patterns are also added.

3. REAL WORLD BEAMPA'ITERNS

Having established the behaviour expected from an ideal beamformer. an example of the
measured beampatterns of an neural sonar array may prove interesting.

The dashed line in Figure 4 shows the predicted pattern for a plane array. about 41 diameter.
over a full 360° circle, and the solid line shows a measurement with the array mounted on the
end of a small cylindrical body.

 

Table 2 Chebychev caeflicienlsfor 9 elementM spaced array. -30dB ridelobes

n l 2 3 4 5 6 7 8 9

A" 07527 0.4590 0.7194 0,9229 1.0000 0.9229 0.7194 0490 0.2527
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Various discrepancies are immediately
0 apparent. but the three most obvious are

that the measured sidelobe levels are
9 '20 generally about lOdB higher than
: predicted. there is a large peak in the
2 "0 backward direction (1:180"). and the deep
§ 60 nulls in the predicted pattern are not found
1 _

in the measurement. The next section will
examine the causes of some of these errors.

 

—180 -120 -SD 0 60 120 ISO
Bearing / degrees

4. SOURCES OF ERROR

Fig.4 Predicted (dashed lint) and lull-“I'd The discussion in Section 2 deal! with ideal
(10M UM) mm“ for a Plan” arrays. It is obvious however that there are
WW. many potential sources of error, both

electrical and mechanical.

The main causes of discrepancy between the predicted performance of an array and what is
achieved in practice are phase and amplitude variations in the responses of the transducers and
various other components of the system. This will be discussed in detail in Section 4.1 below.
Two other areas that must beconsidered are various physical phenomena and environmental
efieetx. There is not space in the present to paper to examine these in depth, but their effects
may be summarised:

Physical phenomena such as diffraction and mutual coupling between the transducers also
contribute. Such phenomena. however. are complex and difficult to generalise. Their main efiect
is to modify the responses of the transducers, and as such can be included with system errors
and tolerances. but two specific efiects should be home in mind:

- Mumalcoupfingohangesthendiafionimpedaneeseenbymsduoemwhichinmm
changeathedeenicflimpedmcemthehmmmfls.hlwdspeakermysthismayresm
excessiveeonedisplacementorinloweringtheinputimpedaneetoalevelthatresultsin
destructivecurrentflow.

0 meotenfiailyleadswincleasedmsponsesinunwanteddhecfionsmsat2180°
inFigme4,hmiteanalsodismmheindividualmsducerdirecfivitypanems. In
paniwlarflieresponseofu'ansducersneartheedgeofabafflecanbecome
asymmetrical. This introduces amplitude errors that are different for different
transducers and also change with direction and ofien results in high sidelobes in the :90“
direction.
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Environmental effects may not be significant indoors, but in the open air wind currents and

turbulence may distort waveforms dramatically. The resulting degraded beampatterns are similar
to those due to random errors. but fluctuate with time. Such fluctuations are what cause stars to
twinkle or objects to waver when seen through a heat haze. and they motivate astronomers to
move their imaging systems into space or to employ complex correction techniques [18]. In
audio systemsthey might cause a distant sound source to vary in level or its apparent position
to wander.

4.1 System Errors and Tolerances

Transducers are probably the major culprits. Specified accuracies of my 0.1dB in amplitude and
P in phase might be expected of laboratory microphones, but Id]! and 10‘ is probably
optimistic for production items. With loudspeakers. when the enclosure is considered. the

tolerances are probably even worse, say 3dB and 30° for the flatter parts of their response. Near
resonances both phase and amplitude vary rapidly with frequency so minor variations in
resonant frequency can cause large disparities in response.

Theso suggested tolerances are mainly intuitive. Except for laboratory instruments.
manufacturers' specifications rarely include information about phase responses or tolerances and
stability. There do. however, exist some published data concerning the accuracy of microphones
of various constructions (eg [24-261). and the author has conducted limited experiments to
check the phase and amplitude matching of two batches of microphones [27]. In these less the
overall rms amplitude errors were LSdB for low cost miniature electret microphones (Aoi
BOA-[028) and 1.0d8 for medium cost dynamic stage microphones (Shure 5885A). The
overall rms phase errors were 10° for the electrets and l l“ for the dynamic units.

Besides electrical considerations. transducer positioning is important. To put this in perspective.
in air at [kHz the wavelength is about 0.34m. 1" in phase represents a distance of about 1mm. It
iseertainlypomibletolocatesmallmicrophonestoaccnraciessmallerthanthis.butwitlrlarge
loudspeaker units it is unlikely that the effective position of the acoustic centre is lcnown to such
precisron.

Analogue electronics can now be produced with almost arbitrary accuracy, but for production
equipment tolerances of the same order as those quoted above for microphones are likely. At
higher frequencies. if dealing with high electrical impedances. cable capacitance may become
significant As a general rule. all interconnections between transducers and power amplifier
outputs or preamplifier inputs should use the same cable and be of equal length.

 In digital systems quantization levels and sampling rates must be adequate. Simply delaying
signals by the nearest number of samples represents a phase accuracy of :90“ at the Nyquist
rate unless some sort of interpolation is applied. With suitable word lengths and techniques such
as FIR all-pass-filters for implementing time delays [28] the errors can be made arbitrarily small
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although. as with analogue electronics. this
increases system complexity and cost.

a 0 Nevertheless. in digital systems the errors
“ _m are deterministic (although they can be
: treated as random) so can be evaluated
g 4" precisely at the design stage [29].
a
K 4.2 Evaluation of Error Effects

When all the error sources listed above are
taken into account, itmay be assumed that
they can be resolved into an equivalent
overall amplitude and phase variation.

Fig.5 Beanlpattem of 10 element shaded array Furthermore, because of the many
WWI 30° PM" W 20% “Mum "'15 contributing error sources. it may also he
variation. assumed that the Central Limit Theorem

applies and the overall amplitude and phase
variations are zero mean normally distributed random variables, completely described by their
standard deviations or rms values. Figure 5 illustrates the deleterious effect of such random
errors. This shows the beampattem of the same array as in Figure 3C. but errors have been
included and Eq.(l) rewritten

-4»0 ‘

-50 ‘

'90 '50 —50 0 30 SO 90
Bearing / Degree:

N

l .5(0) =W§G.(9)(A. +A.)exp{r(u. am. +6.)} (3)

whemd.and8.metheamphmdeandphaseermrsassociatedwimthenthelenmutTorealise
FigureStheA.and5.weretwo independent oomputergeneratedGaussian random number
sequences with an rms amplitude variation of 20%, or about 2d.B variation in element
sensitivity.andanrmsphasevariationof30°.Itisclearlyseenthatthesidelobesaredistorted
andsomearetaisedinlevel.Also.althoughnotsoobvionsonvisualinspeetinm.thereisaslight
reductioninnninbeamsensitivity.thebeamwiddiischangedtheblmduoedandthebeamis
no longer pointing towards 0°.

Theseefiecsmaybeqmnfifiedandexptessionsfortheexpectedbeampauemarederivedin
[30] and [31]. The expected normalised average heampattern is

<s(o»={war«pH=)+(n-exp(~v)+A’)/L.}m (4)
L, =(2A,)’/ZA,' (5)
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whereSoistheer-rorfreeresponse.5isthermsphaseermr (inradiuns) andAisther-ms
fractional amplitude error. 14 is the efiective lgth of the array and is equal to N for a uniform
array. Even in shaded arrays, however. the value N is a reasonable approximation.

The effect of errors on the performance parameters discussed in Section 2- may be derived from
Eq.(4).

The mean main beam peak sensitivity relative to the error free sensitivity is

sm= ear—60+(l—expr—avwv/ur (a)
Phase errors completely swamp the effect of amplitude fluctuations in this expression. so
amplitude errors may be neglected, and SW is plotted against rms phase error in Figure 6 for
N=5. 9 and 15. assumingl..~N. The loss in sensitivityisminor(1dB) for an rms phase error
of less than 30°. The loss grows rapidly as the phase error increases. but if a sensitivity
reduction of about 3dB is allowable, then the graph shows that phase errors up to 50° can be
talented for any size of array.

The sidelobe level at any given angle is the sum of the value at that angle due to the ideal
pattern plus a random quantity due to the phase and amplitude errors. This sets the average
minimum sidelobe level achievable in practice. Relative to the main beam. this is given by

(Sum) = {(1— exp(—5’)+ A’)/L,}'l2 _ (7)

Since the sidelobe level fluctuates about this average leveL it is to be expected that peaks of
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several times the mean will occur. The maximum liker sidelobe level can be determined from
the standard deveian'on, again relan've to the main beam. given by

Var(S) = {exp(-5‘)+ (1 —exp(-5’)+ A‘)/L, —1}"2 (s)

In practiee, peak sidelobe levels are about 6dB above the mean. >

Figure 7 shows the minimum average sidelobe level for arrays of 5. 9 and 15 elements. with

A=0.1, and it is clear that the degraded sidelobe level becomes comparable with the ideal

shaded pattern (-30:13) for quite small values of phase variation.

Changes in D1 are more difficult to estimate. but it has been calculated [30] for the special case

of N4 spacing. and the result gives a reasonable approximation for other spacings. The mean D1

is given by

DI=1010{NLW] (9)
1+A'

Inthelimitingcaseof5=0andA=0thisreduces to lOlogNas expected. DIisplotted against

nns phase deviation for arrays of 5. 9 and 15 elements in Figure 8. and itcan be seen how the

directivity falls with increasing phase errors to a level below that of a smaller array having low

error values. It is also clear from Eq.(9) that amplitude errors below about 25% will have

negligible effect. so A is set to zero in Figure 8.

To demonstrate the plausibility of these results, Figure 9 shows the idea] 9 element shaded
beampanern from Figure 3C (dotted line).
theperturbedpattern ofFigureS with20%
rms amplitude and 30° rrrrs phase errors
(dashed line) and the average response
given by Eq.(4) for the same error values

5 (solid line). It can be seen that the average
6 response gives a reasonable representation
4 ofthegeneralsidelobeleveLalthoughthere
2 are wide deviations from the mean. The
a peaksidelobelevelintheperurrbedpattern

is about 6dB above the average. as
suggested above. and where the sidelobes
are low in the no error pattern the average

Figs Change in D] agairm ms- phase error response is about -30dB suggesting that this

0 15 30 45 60
RMS Phase Error / Deg

for array: 015 (solid line). 9 (dotted) and is just about the lowest achievable sidelobe '
[5 (dashed) elements
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leveLThe-mean main beam sensitivity in the

presence of errors is given by Eq.(6) as

-ldB. The average response is seen to be

about -ld‘B. but the permrbed realisation is
about OdB.
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/
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B

5. DISCUSSION AND CONCLUSIONS

 

- ' The effects of errors on the various array

'90 ’5” ‘5. ° 3° 5° 9° performance parameters discussed in
5""“9 l “9”” Section 2 must be interpreted with likely

. _ _ applications in mind. In audio work
Fig.9 Ideale (datred_l¢ue)oampwedwuh Mvily is usually Equimd far one or

a “"3" mum" (W) “"4 more of number of reasons:
predicted average (solid) for 20% .

MW“"d “WM-‘5 "n‘ "am" i)' To improve signal-to-noise ratio (SNR)
in the presence of general background

noise, or to increase the distance between the microphone and subject.

ii) To suppress the microphone response to a discrete noise source orto nearby loudspeakers.

so as to reduce feedback.

iii) To reverberation and echoes by reducing loudspeaker radiation in unwanted

directions.

iv) To achieve tmiform cover of an audience by controlling the beamwidth of a loudspeaker.

v) Tolocaliseasoundsourceinspaceortnproduceadesiredstereoimage.

To achievethefirstobjectiverequiresahighDI. whilstthesecondandthirdrequirealow

response away from the main beam. This implies a low sidelobe level or a null steered in a

specific direction. he main requirement for objectives (iv) and (v) is that the main beam width.

pointing direction and sensitivity are not'degraded. and (v) also requires the beam to be

symmetrical.

ThereductioninDIduetothe30°phasedeviationusedfortheexnmpledegradedbeampattems

canbeseenfromFrgureStobeabottt1dB.Itisdoubtfulifthiswouldbenotieeable'ina

practical situation. so it seems reasonable to suppose that. except for the most critical

applications. variations in the response of real microphones would not prevent achieving

objective (i).
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Objectives (ii)'and' (iii) require low sidelobe levels or a controlled null. and achieving this is
medifierrltlacanbeaeenfromfigurelAnaysoflessthan nineelementsareunlikelyto

give sidelohes mini: below about -20dB with the errors and tolerances postulated. so any
application needing better than this will need a relatively large array or. alternatively. strictly

controlled tolerances. Sidelobes of -30dB are just about attainable with a nine-element array and
phase errors in the order of 30°.

Objectives (iv) and (v) need well controlled main beams. Figure 6 shows that if sensitivity
variations of about l-2dB are acceptable. then large errors can be tolerated. However. the
effects of errors on pointing accuracy and symmetry are more difficult to estimate. No

straightforward analytical formulae are available. However, it may be suggested that the main
beamshapewlllbenotioeablydisurrbedonlyiftheermrs are largeenough to affect the
sidelobes on either side of the main beam. This essentially means that if objectives (ii) and (iii)
can be met. then so can (iv) and (v).

The overall conclusion is that the variations in response to be found in real microphones and
loudspeakers will not seriously degrade the performance of a directional array in many audio
applications. However, where specific performance parameters are significant. system errors
and tolerances should be considered at the design stage. and if low sidelobe levels are required
thenarelativelylargearrayofntleastnineelements will beneeded.
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