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Althougn all our analysis at Cambrxdge is performed wlth analogue devices, 1t is
importart to appreciate that even with computer systems much of the equipment
used hes to be snelogue and many decisions are based on limited transducer capa-
bilities. A1l the remarks in this paper relate to auditorium models and most
of the discussion is concerned with cbjective measuring techniques. Only air
will be considered as the model medium. '

Frequency limitaticns in modelling '

There ie an effective upper frequency limit in auditorium model work of about
100kHz irrespective of scale. Apart from transducer limitations, it is instruc-
tive to discuss the role of air mbsorpticn. Of the two components cf air ab-
sorption, the clessical and the molecular, the latter can be reduced to minimal
values ty using & dehumidified etmosphere. The air absorption ir ihe model will
be dominsted by the unavoidable classical component and if this matches the
sealed-ur molecular mbsorption at full-size, one is in the fortunate position of
having perfect acoustic modelling {in which the sound field in the mcdel is a
.replice in miniature of that at full size with all processes speeded up). This
desirabls state of affairs will generally occur at some frequency for azy scale
factor; et a scale of one eighth it occcurs over virtually all the audible.fre-
guency range. The resson for this is as follows:

The molecular absorpthn coefficient per wavelength hasg a maximum at the relaxe-
tion or Iampier freguemcy. At 20°C, 50% r.h. the Napier freguency.is L3xiz, i.e.

significe=tly above the sudio range. At frequencies well below the liapier fre-
queney ihe molecular absorption per unit length is a function of frequency
squared. However the clagsical absorption coefficient is alse a fuzetien of
frequency squared and the optimum scale factor to cobtain identity beiween the
relevant constants is close to 8. Even at the full size freguency of iGkiz, the
effectivz error in the air sbsorption coefficient in a dried model (&t 2% r.h.)
ig less -nan 4%. Errors at this scale are in fact largest at low freguencies.

At largev scale factors high frequency eir absorption is excessive in the medel
and corrections have to be applied where this is possible. Obvieusly the

\ effects ue to excessive air sbsorpticn must remain smell reletive tc effer’s
being meesured.

Measuremant of reverberation time

Requlrenovts Tarmeasurement of reverberation time (R.T.) are not critical. To
measure Z.T. in a model requires a facility for temporel transpesition es level
recorders cannot operate fast enough. This is generally dore with e =ulti-spe=d

tape rec:rier with a pre-recorded series of noise burste.

Impulsiv: measurements in models

Apart fro= the measurement of steady state sound level, most other —easuremerts
use impu-sivé type signals. To perform impulse tests twa facilities are
necessary which ere frequently absent from stendaré equipment: tirigser delay
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systems and peak reading meter systems. The general analysis system consists of
a gating system and a sguarer {to produce voltege squared) followed by an inte-
grator. This enables the energy content of temporsl segments of the received
response to be calculated to measure, for instance, the ratio of early-to-late
energy.

The seme measuring system can be used for meagurement of Early Decay Time (E.D.T.)
A convenient method is to store the impulse response on & digital store (similar
to B sng K Digital Event Recorder) and use the difference metheod due to Kuttruff
and others {1] to derive the time reversed integral.

* With current electronic devices cperating comfortably up to 200kHz the analysis

of signals from models presents no particular problems. The problems of model-
ling are substantially those of transducers. For impulsive testing & single
source transducer cannot cover 5-6 octaves with an omni-directional characteristic
and two distinet testing systems are used at Cambridge for 1:8 scale, ss sunmarised-
in Table 1. The frequency limit is principally determined by problems of pro—
ducing an omni-directicnal loudspeaker.

Freguency: Below 3kHz Above 3kHz
Source: Loudspesker park
Mi¢rophone: Electret or E” condenser =M condensger

Table 1: Transducers for 1:8 scale models
Loudspeaker sources
Becense loudspeaker magnets cannot be scaled dowvn without sericus loss of cutput,
model loudspeakers are difficult to produce with omni-directional characteristics.
A small loudspesker unit is required for omni-directionality, yet small units
tend to have high lowest operating frequencies. In line with curremt practice
& dodecahedron array is used, yet the individual units with 50mm diemeter cones
can barely handle frequencies below 500Hz and the array is already becoming
directional at LkHz.

Tee alter-ative for an omni-directiomal source is tc use & tude mounted on a
driver. Longitudinal resomances in the tube can be compensated for electroni-
cally, but the system is temperature sensitive and therefore clumsy in use. For

trasonic freguencies, electrostatiec transducers are available. When pleced in
a spaerical arrsy they constitute an cmi-direetionel source, but the polar res-
ponse is not sufficiently uwniform for cbjective testing.

Loudspeakers, of course, do have the unique preperiy of accepting any signal
which makes ther extremely flexible and there remeine much scope for further
development of model loudspealier systems.

Spark sources .
A spari source produces an intense, concentrated, short duration pulse which

mekes it ideml for high frequency work where an omni-directicnal characteristie
is reguired. AE & source it is however so intense that non-linear propagation
will occur in the vieinity of the source. This probably makes its use unsuit= -
able in expericents involving diffraction near the source, such as diffraction
round screens, but it is felt mot to be too serious in the auditorium situstionm,
in which propagation close to the source is not eriticsl, peing frequently -domi-
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pated by a simple reflection from the floor. The spark energy determines two
basic characteristics: the frequency, f , of meximum energy (i.e. alsoc pulse
durstion) and the limit of non-linear propagation, r_ . Precise relationships
are not possible since the characteristics of the solrce are also determined by
the eclectrode shape and spacing, wvhich also influence the mcoustic efficiency.
Approximate relations ere as gailcws: :

E

fum R ES g m kB

where E is the electrical energy dissipated in the spark, snd k., and k, ere con-

stants. This implies that non-linear propegation becomes less serious (at scale
distancqa) for larger scale factors, Small energy discharges should bé used
commensurate with the frequency spectrum required. For 1:8 scale we use a 2J

discharge which if comidred to be linear beyond 1.25m (= 10m full size) and
has peak energy around i12.5kHz.

Microphones . .

Microphones become directicnal at frequencies lower than generally appreciated.

The meximum freguency for use as an omni-directional micrgphone for objective
tests is mbout 15kHz for = 1" microphome and 30kdz for a " microphone. The use
of a nose cone improves the situation somewhat, but at theé expense. of some stretch-
ing of the impulse response. . Smaller microphcnes have the disadvantage, of
course, that they are significantly less sensitive.

For audio frequencies miniature electret microphomes are very attractive, being
low in cost, with a directionality similar to a [" microphone but with lover
noise levels.

Test signals :
For good iemporal discrimination a short duratidd Signal should be used for

impulsive tests. Since results are generally presented in octaves, s signal
with a flat spectrum withim the octave band of measurement is desirable, since a
single measurement per octave can then be made. A Dirac delta pulse or its
square-wave approximation has s constant percentage bandwidth spectrum of +3dB/
octave increase below the frequency of maximum energy. It is possible to com-
pensate for the impulse response of a loudspesker by computing the optimum signal
by Fourier transformation.

Since & concert hall is & linear system, compensation for the signal can be under-
taken either before the source transducer or on the received signal. The signal
from a spark source approximates an N-wave with a +3dB/octave epectrum. If an
integrator {wvith a -6dB/octave characteristic) is introduced prior to snalysis,
the effect is equivalent to the signal being positive going only with a +3dB/
octave spectrum. The impulse response ¢en then be analysed in octaves.

Subjective model testing
The opportunity to test suditoriam subjectively is particularly attractive. This

can be done at 1:8 scale with both music and speech with acceptable signal-to-
noise ratios. Again it is the transducers which preseat the problems. For
music, the BBC research dept. [2] developed a scale version of & monitor loud-
speaker for model studios. This works well in concert hall models though the
directionality of the orchestra is not particularly well reproduced. A trans-
ducer for speech with the correct directiomality for & human spesker has been
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developed by Orlowski [3]. Briefly, the requirement was for socund to radiate
from g small aperture 8t & peint remcte from the loudspeaker magnet. Tinis was
achieved by placing a tapered horn on & tweeter unit, with an electronic compen—
sation system to suppress reflections along the pipe-

i microphones ere the obvious choice as microphones. These have tc date been
mounted on either side of e seale head. Though subjectively the results sound
acceptable, attempts te simulate the human outer ear system more closely are
required. To do this without a serious reduction in the signal-to-noise ratio
is 1likely to be difficult.

Acoustic modelling with large scale factors

The most significant recent development for suditorium model testing hes been the
investigation of models with seale factors of greater than 1:8. A substan:tial
study of models at 1:50 scaele has bheen undertaken, including a compariscn exercise
betveen & smali euditorium end its model. This has already been reported end is
fully discussed in [4]. It was found that reverbération time could be measured
up to the 2kHz octave equivalent and point-to—point impulse responses snd their
subsequent analysis up to the lkHz octave equivalent. A comparison, for

" instance, between the model and full size auditorium of the ratio of early-to-
late energy showei good mgreerent.

Larger models ezetle ruch more detailed anglyses on suditoria to be made, includ-
ing the very valuable subjective facility. Objective testing in 1:50 models
promises to provide 8 worthwhile complementary function. The small model can be
built early in the design programme, and the effect of more substantial changes
in design can be investigated economically.

Conelusions

The influence of roc¢m shape and detailed design on the geoustic characteristies
of an muditoriuc is still little understood. Compuyter models are still unable
to deal with the complexities associsted with wave acoustics., The much greater

knowledge availatle afier testing small and large arozstic models should enable
us to provide good acoustice with much greater confidence. :
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