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1. INTRODUCTION

Two methods are commonly used to supply a diver with air. The simpler and older is to pump air
continvousty from the surface via a hose; excess air escapes from under the divers helme! or
bell. This is known as Ihe free-flow system. The allemative is lhe SCUBA system
(Seff-Contained Underwater Breathing Apparalus) which consists of one or meore air bottles
carried by the diver, and a ‘demand valve’ which supplies air only when the diver inhales; this
is needed to conserve the finite quantity of air available to the diver.

SCUBA diving has the advantage of sef—sufficiency, and is the usual choice of system for BBC |
broadcasts. Unfortunalely, the demand valve generates a considerable amount of acoustic noise,

whose level greatly exceeds the typical level ol the divers speech; in addition, the air noise

is of a subjectively oblrusive nalure which Is detrimental o viewers' enjoymenl of the

programme, and fatiguing to programme staff.

Some years ago, al the request of the BBC Matural History Unit at Bristol, an air-noise
suppressor circult was developed {1). This operates on the signal fram the diver's microphone,
using a tunable filer to identily Ihe demand-valve noise, which chiefly occupies the upper
octave of the audic band. It needs conlinuous adjustment ol the filter frequency, because the
characteristics of the noise in the helmet depend bolh on ambiert pressure {propottional to
depth) and -on the remaining pressuré in the air bottle. The unit has been used vary
successiully in a number of programmes during the past live years, but suffers from cne major
problem: namely, the difficully of discriminating between speech and high-trequency noise. As
might be expected, sibilanls are the most difficull speech sounds 1o distinguish from unwanted
‘hissing’ noises. In paricular. the recent adoplion of a 'bubble’ heimet, whigh provides an
unobstrucied view of the divers face, ralher than the previous type of helmel and mask (which
resembles a war-time gas mask) has brought the unioreseeable consequence thal the noise
spectrum more than ever resembles that of speech.

Direct access 1o the air inlel system ofiers the advamage of much more positive discrimination
between speech and air intel noise, and forms the basis of a very simple noise suppressor which
is compact enough to be fitted inside the helmel, thus ensuring that unpleasantly high noise
levels never appear in any signal path. This offers practical and .economic advamages over the
allernative sirategy of more sophisticated signal post-processing.

2. CHARACTERISTICS OF DEMAND VALVE
In the SCUBA system, the air must be boitled at high pressure so tha! a reasonable amount can |
be carried in a bottle of manageable size. The bollles are filled to 205 bars, and the pressure |

al any later time is of course a direct indication of the amount of air remaining. To ensure |
the consistent operalion of the demand valve, it is fed Irom the air bottle via a first stage’
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regulator at an approximately constan! pressure ol 8 bars,

The demand valve is a passive mecharical device which ensures that the the pressure inside the
heime! does not differ from thal cutside by more than aboul 0.005 bars. It therelore admils air
to the helmet on detection of the very small relatlve pressure drop caused by the divers
inhalation. The valve is operated by a pressure-balanced piston. driven via a system of levers
by a diaphragm of about 50 mm diameter, one side of which is exposed to helmet pressure, the
other 1o exiernal pressure. Al peak fiow rates ol al least 10 lifres/sec. (corresponding lo a
typical full inhalation in 0.5sec.. the maximum air velocity in the valve is very high, so
that turbulent flow would be expecied 1o generate very high sound pressure levels in the air
inlet ducting.

From the demand valve, the air is admified to the helmet via two tubes of lenglh about 150 mm
and of cross-sectional area aboul 3 mm?: see Fig. 1. The tubes are intended 1o direct the air
stream against the front surlace of the helmet ‘bubble’ to prevent condansation: they have in
additon three signiticant eflects from the viewpaint of the work presently described. Firsl, by
providing an acoustic mismatch, they greatly atienuate the noise in the heimet that would
otherwise be generated by the demand valve. Second, the acoustic mismalch causes equally
eflective allensation in the reverse direction, so that the divers speech is simiarly
aitenualed on its route 1o the demand valve. Third, because of the viscoslty of air, they cause
a ‘'static’ pressure drop of up to about 1 bar, so that the pressure al the outpul of the demand
valve can lemporarily exceed the helmet pressure by that amount.

By using a microphone connecled pneumatically by a sealed tube to the demand-valve outlst, ft
is possible to achieve a high degree of discrimination between valve noise and speech. The
noise pressure generated by the valve close 10 fts output varies monotonically with flow rate,
as shown in Fig. 2, which also indicates the slalic pressure drop in the tubing. As expected,
tne sound pressure levals are very high indeed, varying from 120 dB on light breathing 1o more
than 150 dB on full demand; such levels exceed those of the diver's spoech by at worst about
30 B, and are Iherelore very easy 1o idenlity by the use of simple circuitry.

As an aside, it is interesting to note how evenly spaced on a loparithmic scale are tha
authors’ subjective perceptions of breath intake —very fight, light, normal, hard, very hard,
maximum. These comments were added only to provide some intultive idea of alr flow rate. The
rale described as ight', corresponding to a sound pressure level of 130dB as perceived by
the noise microphone, was chosen as the trigger level for the nolse gate.

3. NOISE SENSING MICROPHONE AND TS ENCAPSULATION

The noise sensing microphone should preferably be of small size, and must be capable of
pperating at extremely high sound levels; it must also withstand sudden pressure changes of up
lo ore bar withoul damage and wilhout momentary loss of output.

Te delermine the conditions of neise and static pressure as shown in Fip. 2, a semiconductor
pressure sensor was connected by a tuba to the outlet side of the demand valve. The sensor
chosen has a bandwidth exdending from DC to about 5 kHz: its dynamic range extends to 2 bars
gauge pressure, far in excess of that lor any known microphone. The use of a Fast Fourler
Transtorm analyser for the measurements aliowed the convenienl display of pressure as &
tunction of both time and frequency. The heimet is normally sealed around the divers neck by a
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very close-filing ruther collar, which is uncomforlable to wear in room conditions, and very
dilicult to fh and remove. The measurements were carried out by inverting the helmet, and
breathing into it through a large funnel which was first inserled inlo the collar from inside
the helmet, then pulled from outside by its spout until the collar gripped tighlly around its
cone profile, forming a good seal. The demand valve then of course ‘thought” that the helmet
was occupied.

Fig. 3 shows a typical plot of pressure against time for a breath intaken as sharply as
possible. In Fig. 4 the noise spectrum is shown in third-octaves for the briet period of peak
flow. The noise levels plotted in Fig. 2 represent the highest recorded amplitude in any
third—octave band; this is typically at a centre frequency of 1.6 kHz.

Even though the noise-sensing microphone was to be sealed from water ingress, it was felt 1hat
it possible, a low-impedance (probably dynamic) type would be preferable to, say, an electret
type which depended on very high internal impedances; also, as the two ofher transducers in
current use {earpiece and speech microphone) are passive, a passive noise sensor would enable
all electronics 1o be placed outside Ihe hetmet # required, using a three—pair underwaler
connactor. (Because of electrolytic effects, underwater conneclors carrying DC can cause noise
in nearby connectors carrying small signals, and electrel microphones typically incorporate
their own unity—gain preamplitiers which require @ DC supply but stilt provide only very low
signal levels.)

The first transducer lo be tested as a rwise detector was an earpiece identical to that used
for surtace~to—depth communication; a reduction in the number of different components in any
system is of course always welcome. This device is of the moving—iron type: unfortunately, the
iTon diaphragm was lorced against the magnet assembly by the stalic pressure, so thal the
dynamic output tended suddenty to disappear at high static pressures.

A brief invesligation sugpesled that a subminiature moving-iron pressure microphone
manutactured by Knowles Inc, might be suilable; with a response falling at about 12dB per
octave below 1kHz, it seemed unlikely that it would be affected by the sudden rise in ‘static
pressure shown in Fig. 3: the only matter for concern was Its possible behaviour in the
presence of exiramely high sound pressure levels within its nominal frequency range of 1 fo
SkHz. In fact, the lower frequency limit is sel by a hole punched in the diaphragm; neg
problems theretore occur due fo ambient pressure changes, however large, provided thal some
limiting rate of pressure change is observed; athough unknown, this rale apparertly exceeds
that of Fig. 3, which was readily tolerated by all of the individual transducers tested.

No problem was expected due to the sharp rise in pressure. Less predictably, the response of
the microphone at high noise levels proved excellent; it remains linear up 1o about 140 dB SPL,
and sutlers a drop in sensitivity of only 6dB at the maximum SPL of 154 dB. As previously
mentioned, the chosen swilching level for the noise gate is ‘'light' inhalation (130 dB SPL),
corresponding to 0.5V p—p microphone oulput; maximum rate of inhalation (probably limited by
the maximumn flow rate through the demand vatve, and generaling about 154 dB SPL) corresponds 10

4V p—p.
Problems can however occur in the provision of a hermelic seal agains! moislure ingress for any

noise sensor required to work under ambient pressures varying from 1 to § bars. The first
attempl 10 achieve this was based on the supposilion that about 50 % of the volume inside the

Proc.1.O.A. Vol 11 Part 7 (1989)

183




Proceedings of the Institute of Acoustics

A SIMPLE MEANS OF IMPROVING THE QUALITY OF SPEECH FROM A DIVING HELMET

microphone capsule would be occupied by solid components such as the magnet, leaving 50 % as
airspace. The microphone measures about & x 6 x 4 mm; sound is admitted via a porl of diameter
about 0.25 mm, located in the centre of che & x 6 mm face. A bubble of thin polysthylene was
sealed around the microphone, enclosing about 6 times the microphone's eslimated free intarnal
volume. A ready source of suilable ‘bubbles’ is an air-cushioned polyethylene packing material
commercially avadable in sheet form.

The microphone is conlained in a metal housing, which in tum Is sealed Into the box contalning
the related electronics. To check whether the bubble was of sufficient volume to avoid complete
collapse at 5 bars, with consequent blocking of the microphone porl, a special housing was
machined from acrylic material 1o permit observation. As an additional check on whelher the
ingress port was blocked, the electrical impedance of the microphone was measurad at 1 kHz.
This reflacls the mechano—acoustic impedance seen by the microphone; at 1 kHz under nomal
condiions it is largely inductive, reflecting the mechanical compliance of the diaphragm.

When the port is blocked, the inductance changes from about 600mH to 100mH at atmospheric
pressure. Fig. 5 shows plots of inductance against pressure (a) for the microphone on is own,
and (b} with a bubble seal. The sharp discominuity in curve (b} shows that the pon is
abscured at quite a low external pressure; this occurs because the bubble assumes an imegular
wrinkled shape, an event which was unioreseen and which proved the value of the transparent
housing. The solution adopied was the partial replacement of ihe air in the bubble by a
subsiance of lower limiting compressibility; in this case felt was chosen. The inductance curve
(¢} is for a microphone with a bubble containing a small cylinder of lelt; it follows much more
closely that of the microphone on fs own, curve (@), showing that it is possible to obtain a
harmetic seal without greatly atfecling the microphone’s acoustic properties,

The details of Fig. 6 show the physical arrangement finally adopted. The use of felt alone
caused problems because when forced by ambient pressure apainst the front tace of the
microphone, the felt covered the port, greally increasing Hs acoustic resistance. A layer of
waoven-wire gauze placed between the lelt and the microphone face ensures that the port remains
unbiocked by the felt at pressures of more than 7 bars, the maximum ihat could be
sonvenienily oblained with the available facilities.

4. NOISE-GATE CIRCUITRY

4.1 User regulrements

In previous diving work, the signal from the speech microphone had been relayed 1o the surtace
by cable without amplification, and some crosstalk had occured between the microphone
conductors and those carrying the relatively high—evel signal fo the divers earpiece. It was
considered by the users thal a 30 dB gain slage would provide a convenienl signal level, and
essentially eliminate crosstalk and cable noise problems, even wih the proposed doubling of
the present 200m cable length.

another requirement of the circuit design was thal # shoukd be powered by R8s own batiary,
poth to minimise the number of cable cores and 1o avoid the noise problems mentioned above
which can ocour with underwater connectors carrying both DC and audio signals. A PP3 (SV)
pattery was chosen because ¢f #s small size, universal availability, and convenient vohage.
The typical Ife is about 100 hours to ‘exhaustion’ at 7V, so there is no need for an or/off
switch with its attendamt walerproofing problems. In practice, a new battery is filed al the
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stat of each day's diving, so that the probability of failure during a broadcast is extremely
small.

Experience gained in using the previous noise suppressor had shown that it was undesirabie to
suppress the demand-valve noise completely, because this led to unnatural silences; indeed, the
objective has always been fo preserve verisimilitude as far as is compatible with comfortable
listening. The optimum degree of suppression seems to be around 20 dB, which is the value
chosen for the new equipment.

4.2 Circult operation

The circuit diagram of the equipment is shown in Fig. 7. It is based on a quad CMOS operational
amplifier chip, which is compact, economical on power, and has an oulput voltage swing
capability of close 1o 100% of supply voltage. The noise signal is amplitied, peak—-rectified,
and compared to a reference voltage. At a predetermined noise level corresponding 1o ‘light'
inhalation, the FET TR2 is switched off, reducing the gain of the output stage by 20 dB. Some
hysteresis is provided so that the circuit does not 'dither on the point of swilching. No
absolute voltage reference is provided, so that the switching threshold is proportional 1o
battery voltage; but a drop from 8V to 7V changes the noise level at which switching occurs
by only 2 dB, which for the required purpose of the equipment is negligible. At the request of
the users, an unswitched output stage was provided as a backup channel. The output stages are
driven from a speech microphone preamplifier TR1 which provides a low-noise front end (CMOS
amplifiers have poor noise performance at low input impedances). The output transformers have a
stepdown ratio of 5:1, which makes it easy to drive low-impedance loads from low—current output
stages; the equipment will readily drive 400 m of commonly available cable, which appears as a
capacitive load of about 30 nF.

The overload level of the speech channels is about 23 dB above the signal level corresponding
to ‘normal® speech from the diving helmet microphone, a Shure type SM 10A.

5. CONCLUSION

.

A very simple piece of equipment has been designed which can be accommodated within a typical
diving helmet, and which combines a microphone amplifier with a noise gate to attenuate air
demand-vaive noise to an acceptable level. The device has potential applications both in
broadcasting and in commercial diving.
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RECENT ADVANRCES IN SPEECH INTELLIGIBILITY AND SOURD SYSTEM DESIGN
Part I: COMPUTEB-ASSISTED PBEDICTIVE ANALYS1S

N. Abd’nlxja.ﬁ.il, P. Doany

Dar Al-Handassh Consultants (Shair & Partners), London

ABSTRACT

After a brief review of the lateot ad in D ~agpisted acoustical demign packages
developed by others, this papsr describes A-CADI, a programse apecifically tailored for the
parformancs predictive analysis of scoustically éifficult venums, whors user-defined parsseter
flexibility is enhanced, with the application of s multitude of sethode of analysis. These
features include aspects relating to aystem design, cOverage, reverberation time, time/freguenty
analyais (naturalness/annoyance}, intelligibility predictions, gain-before fepdhack, in addition te
overall cyates equalisation and control. Only & brief description of the data processing
capability of objective messuresents is given, these being discussed in mors detail in the second
part of thie paper. :

1. INTRODUCTIOR

various PC-based computer programses have been developed in recent ysars to assist in the analysie
and design of sound reinforcement systess. This introduction describes some of the recent
relsases.

Altec lansing's AcoustaCdbb, is deacribed by Lanphere [1]. Special features of the prograase
include genaral acoustics and sound oystes deajgn, with specific facilities for cluster systems,
further to powerful graphice and statistiosl ray-racing. The cystem can handle up to 20 clusters,
with up to 40 loudspeakers in each. This is an extremely powerful prograsse, which has only been
recantly released. ’

JBL's Central Arvay Deaign Frogras, CADP, ia described by Barale & Ealmsnnon [2-3). It

is particularly useful in central-cluster seystem design, mné ia capable of direct-field
calculations, direct-to-reverberant rstio caloulations, and intalligibility predictions,. in
sddition to wmechanical aspects of array deaign. Up to 20 loudespeskers say be handled by this
m. ‘

Boss Programmes, Nodelsr and Spesaker-CAD are described by Birkle and Jacod [5-6]1, including
acoustical space modelling, sound field calculstions, intelligibility predictione and reverberation
time analysie.

Frohs [4) describes the latest generation of the PHD progrumme. Other progrommes and computer
analynis tachniques are described by MoCarthy [7) and Anhert [8), asongst others [0-11].
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1. ODJECYIVES OF A-CADX

In the couree of carrying out the design of a complex sound reinforcssent eystes with severe
conateaints, ocomprieing several sub-syatems of different characteriatics with a total of over 3000
loudepeakere of various types, the Authors were confronted with the following probleas:

(a) lack of a clearly defined set of "quantitatfve® eriteria: in ohe sub-syates for exampls, this
related te analyais of intelligibility. Iovelving nuserous discrete echo contributione under
near-free-fisld conditions. altbough there appears to be general agreement on’ the sffects of noise
and reverberation on intelligibility, the effects of echo are not at all clear [12-13), and it was
necessary therefors to retain sose flaxibility in the deaign criteria, with continmus refinessnt.

(b) several complex sub-ayatems involving large 8 of loudspeakers: in ons sub-syoies for
exomple, well over 100 loudepeakers nesded to be considered at & tise, eo that the iterative
calculations were far too laborious, duwe to the ive degr f-freodons involved.

It becase AppaTent very sarly on in the project that a ppecinlly-tailored programme nesded io be
devaeloped, as the accuracy of manual wethode was simply impossible to sustain, in addition to the
fact that other available packages at the time were unable 1o provide the flesxible features
required (work sctually carried out in 1987).

in this context, Dar Al-fandsgah Consultants developed & programme entitled A-CADX (Accustic -
Computer Assigted Deaign - XBASIC) to provide the necessary fsatures. rigure 1 gives a besic
achematic diagram of the systes functions, comprising the following componente:

(s) Main-weno: this offers the user s choice of features, easentially cosprised of “predictive
analyais” and "objective measurement analysis" functions.

(b} femplate: this festurs enables the user to obtain appropriate "over-laye”, based upon the
sca)e of architectural plane being used, whersupon a proper cholce of loudspeaksrs may be made, in
addition to their tentative poeitioning., The latter parasaters can then be refined by uss of the
asin progromee. R

(c} Data-entry: user enters the mbove dats, a8 approprimte. 4 mamory-resident set of data in
provided, for the loudspeaker wodels generelly used, and the user can atore additional data as
DecenBary.

¢td} Plan generstion: a plan of the study ares ia gensrated hara, llvh-:s location of esach
lovdepeaker, with the aiwing point being indicated.

(e} Predictive amalysis: soveral features are included, such aa:

-~ uniformity of coverage (direct-field)

=~ reverberation time

-  time/frequency domsin analysis (echo annoyance, naturalneas criteria)

- intelligibility analysis

= gajin-befors-feodbhack analyais

- other festures (optional loudspecker parameters): coperating lovel amxwesment, slectronic
time-delay, and equalieation}.
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_Fig. 1 Schematic Diagrom of the Main ACADX Functions

i{?) Objective measvurement analysiw: this includes anslysis of sessurement results noted by
TEF/BAST1/BLH, mainly relating to paramsters of intelligibility analysis.

A-CADE has been written in XBAGIC, and runs on IEMM PC, PC XT, PC AT, PE/2 or 100X compstible
sachines running M8-DOS. The original varsion of A-CADX was written for Hercules graphics, but
recent veraions are also available for EGA amd VCA color graphica.
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3. TEMPLATE DESIGN AID

“Templata” iz m simple graphical sethod developed by Tappan [14], which is useful in erriving at
suitable choices of loudspeakers bansd upon available dispersion characteristicas, with tentative
definition of ponitioning and orientation, to achisve coms coverage criteris. Thie is based vpon
the use of n transparency "overlay® which shows the loudspeaker aiming angles, the attenuation of
eound pressure level (SPL) due to inverse square law, and angular dispersion. The difficulty in
the application of this method is thet a different graph ie needed for sach scale and loudapsaker
mounting hejight encountered. W%ith the help of A-CADX & template printout can be obtained virtually
imsediately and & tr rency/phot made to suit any scale and mounting height being used.
Pigure i gives s sample printout.

T. Uzzle [15] describes another sethod, which may ba easily incorporated. This is baned upon
gphericel oapping (light projection sethod}. The muthars have opted for the template method.

4. DATA ENTEY PARAMETERS

The bapic entry perameters are:

- choice of loudspoaker (polar characteristics in various bands, normally 500Hz, lkHz and 2kiig},
- lowdgpeaker sensitivity, and frequency response: SPL (1W,1m), in each of the abovs cotave bands.
- loudgpeaker opersting power {with individual attenuation a8 a user-option).

- choice of mount ing position (co-ordinntes)

- cheice of aiming point (orientation)

options (artifial tise delay and equalinsation)

Baged upon the layout of the coverage area being studied, s plan ls generated on the ecrsen, with
furthsr sllowance for the inclusion of envirormental data. Tigure 3 gives & sasple plan for &
aimple area (ten louwdspeakera), with ssnu options of that specific mode being indicated.

The user also entere sar-height, enabling aseesegment of various copditjons. Auwditory directional
charecteristice may be conaidered through the microphone sub-DPrograame. Other user data sentry
raletes to reverberation analysis and microphone charecteristicn.

5. SYSTEN PERFURMAKCE EVALUATION FEATURES

Raving antered the paraseters, the programae is now ready t0 carry out any of the user-defined
tasks.

5.1 calculation Bubroutine {Direct Fisld Calculations)

fhe sain eubroutine calculates the direct SPL (4B} and sswociated sooustical time delay for each
loudopeaker contribution at the defined observmtion pointa. Bach calculation consiata of obtaining
the inverse squars Jaw sttenustion, adding the off-aim dispersion losa, further to the
ajr-sbsorption loss in the varicus octave banda. This p dure is repsated for every lowdspsaker
present in the system, resvlting in a sulti-dimensional array of size squal to the number of
loudgpenkera for every oboervation point considered.
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6.2 w!u-_.lty-o!w
Tha total direct contribution mt any specific point oonsiste of integrating ths direct SPL at sach
observetion point, as defined by the ussr. From these results, it is posaible to check overall
uniformity, in sddition to checking the fregusncy respongs flatness criterion (calculations
performed at 500Rz, lkAxr and ?kHe, with further axtensicn to the bands from 250H: to 8kHe, am
required). This mlso mllows the user to check whether or not equalisation will yleld the dsaired -
parformance criterim, under near-free-field copditions.
5.3 Raverberation Tise Calculations

The basic models used in thess calculationa relate to the classical formulme of Ssbine and Pitzroy
{16], with allowance for other imperical results, euch as Priberg [17]. 1n some of the sub-gyotems
of the ptudy, it has been nscessary to develop other models of snalysis. This has besn necessary
in casee whare the sound reinforcement syotea ig cxpacted to have s marked effect on roverbsration,
further to difficulty in coping with a virtually "boundlesa" volume. For the latter, s three
dimsnsional coupling wethod {18] was mpplied, which is the subject of a papar ‘o be publinh'od
shortly. The programee gives these options to the user, @8 suited to the problem being studied.

5.4 Time-Frequency Analyais

This feature of the programme providas the ussr with analymis optiona in both the time domain and
the frequency domain. Thess sre sasentially sultable for near-froe-fisld conditions only, with
special provisions being reguired for diffuse-field conditions by consideration of reverberation
time and direct-to-reverbstant ratio, D/H.

{a) Time bDelay/Early Integration: this feature of the programse is » simple extension of the
Ffundamental direct field calculstions. It helps locats the tise delay annoyance areas and ldentify
which loudepeakere ars P ible for this annoyanca. The calculations are perforsed for a single
point at a time, and the output is given in the form of a table. Tigure 4 gives an exasple for s
complex otudy area comprising 38 loudspsakers. To assist the user in the analysis, integrated
valuss are given for three durations: 0-50as, 50-100ms, > 100me, further to the full tabulated
rosulta. These parametars can bo eagily changed by the user, for analynis ma requirsd.

(b} Epergy Time Chart {(ETC): the above tabulated resulis are also prassntad in the form of a bar
chart as shown in Figure 4. this consists of plotting the SPL contributions integrated over
defined intsrvals (l-10ms} ss a function of time. Superimpossd oo this plot is a 20X annoyencs
curve which indicates the maximum allowable deluyed level to sttain s 20X listensr disturbance
pesrformance, (bagsd upon & user-selected pasvdc-reverberation time, applisd to the results of
Wickeon at Al [18) and Haas (20]}. Ths background noiee entersd by the umer in this example im
§54B. Shorter integration periods than the indicated 10ms can bs used for improved accuracy, st the
axpenes of processing time.

fc) Energy Freguency Chart/Curve (EFC): thin calouiation is dons in 1He stepa. The polar
responses of ths loudspeakers in the regione batwesn the 5008z, 1kBz and 2kAz octaves are
approximated by interpclation. The output can be presented in tar-chart form (Pigure Sa), vhere
the resultant SPL value ip given for sach frequenvy incresent, or as a condenasd graph (Figure 5b).

id) Ensrgy Prequency Time (EFT) Curvs: the ensrgy frequancy time graph is a J-dimennional plot of
SPL .againat time/frequency. Figure & gives s saaple plot.
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5.5 Speech Intellimibility

The various methode of spesch intelligibility snalysis sre outlined by smith [13], amongst othera.
These methods sre further expounded by Doany [21] and Mapp/Doany [22], in the contexst of this
Papar, including Aloons, STI and the modifisd-5/K method, an briefly described balow:

(a) Atoons Method: Alocons, the Articulstion lLoss of Consonants method is based upon the work of
Peutz [12], where Alcons 1s given us & funciion of tha P/R, 8/N and revarberation time. The
diffusa field is computsd as a function of roow constant with various modifiers as appropriate
{11).  Alternatively, the prograsse may also perforw the calculation as a function of acoustical
power and louwdnpsaker efficiency. The calculation is performsd in the 2kNzr band.

(b) STI Method: S$TI, the Spesch Tronmwission Index, is based upon the work of Steansken & Boutgast
[23]. A-CADX offers two methods here, The first ia based upon the work of Steensken and Houtgast,
but conaiders D/R, ma-derived by Doany [21], noted to yield results fairly close to thass by Peutr
[12]. The second sethod is based upon s direct cosputation of HTF, the modulation tranafer
function, based upon the speculsr P ts, vhat similer to the work of Van Rietschote and
Houtgast [24]. Por both choices, the user can alac sslect betwsen 1/] octave MTF (0.5-16Hz), 1/3
octave NT? (0.83-12.50x), and RASTI. A sample of a typical output im given in Figure 7, for a 2kM:x
band (1/3 octave). 8imilar plots may then be darived in other bands of intersst, further to
addition of noles "floor” values [23], as roquired by the user. It is alsp pomsible to carry out
weighting in the frequency domain, if factors similar to thoso used in the Articulation Index (Al}
are oconsidersd appropriate.

(o) Modified-3/8 Rethod: Thie method im based on the Articulation Index (Al). In thie sethod the
spbech pssk-to-rms noiss retios are weighted and summed to obtaln ap index [25-26), from which
intelligibility may be sasily detersined. This howsver, is atrictly applicable to “"sdditive™
polse. For reverberant conditions, 8 modified version of this sethod can be applied, where the
sarly part of the aystes square-impulss response (reflectionsa/contributions) ip treated anm
“signal®, and the remaining part as “noime*, thereby defining a programme-depsndent S/¥ ratic [271.
This ia normally jmplemented for an asgumed exponsntial dacay.

5.8 Gain-Before-Pesdback inalysis

This feature of tha programme assiets in the annlyeis of gain before foedback. It takes into
acoount various microphone types, and ia mainly intendsd for near-free-field conditiones. Under
Teverberant cunditicns, s sisple calculation is done a8 & function of direct-to-revsrberant retic
and reverbaration time, with a frontal-to-randos paraseter, as sppropriate.

4 choice of various microphone typee is given to the user, including omnidirectional, cardicid and
tigure-of-sight. Pich-up levels are computed by noting the direct-field contributions fros sach
loudapasker.in the various octave bands of interest, after applying the necessary sicrophons
attenuation. Nhere long delays are presant, the ussr may alsc obtain an EYC of the pick-up leval,
for snalysis. A sample ia given in rigure B, for 44 loudspankers, with ons opan cardicid
microphans. Intedrated levels are aloo given in the 30-100ms range.

Bfmesd upon ths spesker level and cheice of an appropriste margin, the operating level can then be
st .as required, therseby defining the expectsd SFL values in the covarags area. This routipe
Proved particularly usaful In cases vhers the sicrophons was reguired to be located in the midat of
the listening audience, with the further constraint of an exceseive talker-to-micropbans distance.
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5.7 Louispeaker Faremstars

(a) Loudspsaker Level Attenustion: 1t is poseible hare to attenuate the operating level of some
loudapsakers, as suited to specific requiresenta. In feedbeck analysia, for axasple, this say be
advantageous dus to relative microphone proximity. Figurs 8 gives an sxample, where the selected
settings are actuslly shown, for a specifisd open microphons Jocation.

(b) Electronic Delay: it La pomeible here to incorporate artificial delay for a group of
lowdspeakers, the p ter being changed to obtain some demired objective. This feature proved
useful in ecme atudy areas, where delay-annoyance wan insvitable, and thareby enabled its reduction
to a rensonable minimum. This could aleo be ugeful in the apsach intelligibility analysie of sowe

ayatems, as suited to the wethod of analysia selected by the uesr,

{c) Egualisation: i1 iz poesibie here to include octave equalisation settings to & sat of
loudopeskere, which is eometimes useful in the anslyeis of distributed eystems under
near-free-fisld oonditions, Ainvolving highly frequency-depsndent overlapping patterns, Thie
anablas An aanessment of the expected quality of frequency response in the coverage ares, snd as to
whether or not squalisstion can actually achieve the flatness response reguired.

6., CORCLUSION

A oumber o¢f computar-ussisted packages are now available on the market, and these should be
seriously considersd by profeseicnals involved in the analysis and design of sound aystems, prior
to conaidering in-h deval of thair own programmes.

In-housns devalopment of such facilitias sust be Justified. Invelvesent in projects with _swan
constraints say provide an incentive towards such a oconsiderstion, howsver caution ahould be
sxarcised against "over-designing” such systean.

A=CADZ has besn developed with the express ais of enabling a sultitude of methods of mnalynes to be
conaidered by the usar where it is appropriate to do aoc. The plans for the future include
designing an intarface to a powerful graphical peckage, in sddition to statistically ray-tracing.
Other features being oomcidered for future incorporation include: subjective articulation test
nnalywis; multis-way loudspeaker analysis and optimisation; noise and vibretion snalyaie.
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