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SUMMARY

This papa deals with modelling rooms and otha spaces using geometrical acoustics. Methods based on ray-
tracing (more precisely, beam-tracing) are dmibed, with details of various teehniqus which whence the quality
and accuracy of the results Both ailment and incohaolt sound sources. and backgrond noise. can be considered.
Surface treatmmts can be both absorptive and diffusive. Localised models of individual sources using finite
element and boundary element vibro-acoustic models are also mmtioned, and it is shown that these modelling
methods are not well-suited to be adapted to whole-room modelling, other than at vm'y low fi’equencies.
The assessment of speech intelligibility using the results of ham-tracing models is described, togetho' with a
process which produces stereo auralizations ofthe sound at a selected position.
Various examples show verifitations of the approaches which are presented and the efi'ects of room constructions
and treatments.

I. INTRODUCTION

It is inaeasingly of interest to know the acoustic performance of ‘dsiyled spaces’ at the earliest possible stage in
their design. This mables one to identify and (we hope) eliminate problems during design, ratha' than by (usually,
expansive) trouble-shooting later on. This appliu equally to auditoria, public spaces such as atria, shopping malls,
railway stations and airport buildings, and to smaller spaces such as recording and fistuling rooms, home theatres,
and vehicle interiors. Many different criteria may be applied in the assessment of a design. Using computer
modelling, with an appropriate combination ofsofiware and computer, these criteria can be derived from a model,
or a ‘virtual rooln‘, long before physical construction, The compute' modelling method must be sufficiently robust
to give results with valueto the design process, early enough to be of benefit, and integrated with otha' desin
methods such as CAD.

2. MODELLING THE SOURCE

2.] Finite Elements and Boundary Elements

It is self-evident that acoustic sources such as loudspeakml are vibrtramustic devices, in which vibrational magy
(typically, controlled by some electrical siglal) is converted into sound waves. The devices themselves are usually
of a similar orde- of size as the wavelength at the higha' fi'equmcies for Whidt they may be used, so that
difli'actian and wave phetomena are apparmt. For modelling the structural parts (manbrane/cone, sumnmds,

enclosure...) su'uonaal finite elnnolts (FE) are an effective tool. For modelling the acoustic field in and around
the device, acoustic finite elemmts are not satisfactory. because the field is infinite (at lean partly) and acoustic
boundary elanmts (BE) are more suitable. The structural FE model and amustic BE model are “‘51 linked to
provide twovway intaaction, with the struotta'al vibrations altaed by the presence of the air or other fluid.

An example is shown in Figure l. The results of the analysis provide distributions of pressurs, propagating
enu'gy (intensity) maps, the influmce of different vibration modes ofthe spake cone or atelosure, and directivity
diagrams. An important point to note is that such models and results are almost always deterministic and coheralt.
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2.2 Other source models

Using an FE or BE acoustic model to simulate a complete space, with the loudspeaka's and othm sources, is eithm’
worthless or of limited use. as explained below. Thael‘ore,in thse models, the sources have to be modelled in a
‘lumped‘ way: acoherent source such as a loudspeaker may be modelled as a point source, with a given
direct-ivity, orimtation. power and phase, which may vary withfi-equency. The detailed results of models such as
those described in 2.1 above, or data de-ived from measuremuits. can be loaded into a suitable model, to provide a
more precise description ofthe source in the room model.

3. MODELLING THE ROOM

M An Finite Elements and Boundary Elements practical Tor room models?

If FE or BE acoustics (an be used to model a loudspeake' emotiver through all its fi'equency range. as is
generally the case. it begets the quench: Can we use the same method to model the whole room (and even
multiple sources within the room?

In general the answer is ‘no’, but there are exceptions The reasons for this inability of the FE or BE mahods to
model the whole space all relate to the cohamt, detenninistic nature of the modelling process: the computer
model involves a disactisaticn into elements. so the primary resulm are ‘spatial samples‘ of the interacting,

interfering. waves. Tire waves are sinusoidal at one frequency, so the ‘sampling fi-cquency' in space needs to be

around seven nodes per wavelength, or six linear elemarts. to captia-e the waves and irrte’actions adequately.
Considu the mesh ofa simple cuboid room shown in Figure 2. The elemoits are approximately 0.5m long, so the
maximum [requmcy for rascnable scam is ll3Hz, for a sound spud of “Om/sec (340/0t5x6=113). The
model can therefore only cover the va'y lowest frequencies of the audible range. If we wished to double this

li'equency we would have to halve the element size, quadrupling the number of elements and inueasing the
calculation time by tat or twenty (it may becmne several hours for a useful number of fi'equeneics). For realistic

rooms with dimensions of several metres in eadt direction, it rapidly becomes impossible to make workable

models. 'flre acoustic modal density can become very high, with mud: overlapng of modes, milling into question
the [bravely-deterministic apprde of FEM and BEM. Even for very small inte'icr spaces such as vehicle cabins,
there is an app: limit of 300-500 Hz.

Furthermore, FE or BE models use coho-em sources: some sources in the room may be incohqu There may
also be significant diffusion of sound waves (re-radiation of some incident sound in arbitrary. random, directions)

at certain surfiwos. Neithu' of these phenomena can be handled, or at lees only with ctmsiderable complication,
in FEM or BEM.

3.2 Ray tracing

The above difficulties can be overcome using a method which combines detaministic calculations of sound
propagation and ‘statistical’ data for surface propm-tit-s. 11m malted is ray tracing (or more acctuately beam
oacinymdisdtown inFigure 3. Apoint sourceis formed byanarray ot‘conicalottriangular beams. The

sphe-iral dispersion of waves from a mmopole point source is handled by the cattittumlsly—inu’easing beam

width. At each botmdary surface ofthe space being modelled, a ray mikes that surface and loses energy,‘ defined
by the absorption coeflicient of the struck staface. The retraining awry is reflected specularly. The process
continua, up to some user-defined orda- of reflections. The distribution of acoustic energy in the modelled space
is mapped by placing a grid of receive points (‘field points‘): each time a beam passes near awash to rapture a

field point within its cross-section, an echo is identified and its contribution is stored in a histoyam ofenergies and
arrival times. Signifimnt individual echoes an also be stored. to waste an Bdlcyam, as shown in Figure 4.
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4. THE RESULTS FROM RAY-TRACING

4.1 Stationary sound

“the results of a ray-tracing calculationare firstly the edlngrams/histnyams at each receiver point, in other words
the impulse responses From these, by backwards (Schroedfl’) intcgation, stationary sound values due to a steady—
state source are de'ived. If the receivers form a grid linked by elements, contem- maps of these results can be
plotted, such as SPL broadband, with/out weiyitings, SP1. at specific frequencies, NC, NR, etc If several sources
are defined, their results can be slips-imposed, following the appropriate summation rule for enhance or
ineehaa-rce (see late). Frequency-response spectra at any selected point can also be produced.

4.2 Derivatives ofthe impulse response

As well as thestalimary sound results from integrating the whole echo/histogram, more complex quality
parameters can be derived The majority of these use formulae which are based on ratios of integrals of the
impulse response over dit‘l'acnt time windows (for instance C80). Others use the deny rate of the impulse
risponse (cg RT.» RT”: note that these are position-depemieru RTs Positim-r'mkpemien! RT can be
calculated very rapidly. without the need for a grid of receives, with Sabine and Eyring formulae using the
geomflry alone and using a Statistical method based on a ray-tracing to find the mam fi’ee path and its variance.
The latter finds the ‘visibility’ of surtaoes to the main reverbmmt volume md weights their absorptive cfi'ects
accordingly). Spatial awareness of the sotmd can be assessed using Latual Eflicicncy, which taka into aoammt
the arrival directions ofach echo (beam) as well as their times and may levels.

To improve the acorn-aw of these results, calculation parameta's. such as the ntnnhers of rays pa source (ie solid
angle ofeach beam) and the maximtnn orde- ofreflections to whid: a beam is traced, an be refined. The left-over
energy in the echoyam rail (ie, the residual elegy of each ray at the point whee its tracing is stopped) can also be
added-back to the results ateach receiver, distributed according to correction factors derived fi'om statistical room
acoustics.

4.3 Speech intelligibility

As well asthe position—dependant room acoustic parameta’s derived from integals of the impulse response, it is
also possible to use the aim/histogram data to derive speech intelligibility measures, in particular Speech
Tranission Index (STD [l] [2] and RaSTl. The infamation contqn of the speech exists at low frequencies
(025—32112) but is carried by modulating the audible signal, mainly in the mid-frequency hands. The loss of
intelligibility of speech can be due to reverberatim, inte’fermcc and background noise. Speech is an auditive flux
of which the spectrum varies continuatist in time, and the individual sinusoidal mmponmts of the alvelope ofthe
speech siyial need to be preserved adequately to maintain intelligibility The Modulatitm Transfer Function
(MTF) is a response curve which expresses theattenuation of the special-signal envelope. due to the room (or the
alviromnmt in general). The reverbaant transmission limit the source (or a set of cnhn'mt sowecs) and the
degradation due to any sort ofbackground noise, are all taken into aeearmL

Hence, by using MTFs to analyze the sume impulse respcnses of all coherent sources, driven by the basic
speech signal, and adding-in the efieet of inooha-ent (‘rnasking’) soimd, 811 cert be calculated, on a frequency-
depmdmt basis (egat each octave band came).

Ifwe assume that the reverberation process in the space follows a pure exportatial decay, the MTF is givm by:

mm = mourfi )2l"”.[1+10'5""1°]"” a)
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where: T = reva'beration time (sec); SNR = ratio of background noise (:13); F = modulation fi'equency (Hz).

However, a more geiaal form (without the exponmtial assumption) is to be preferred. which gives the MIT as the

normalised Four-la transform of the impulse respmse, in the frequmcy range 0.25 to 32 Hz:

le"'“.p‘mcu i
= ‘+10-SNlllol-llz

#0) at

The ST1 is that an averaged, nonnalised, value of the WP. Using Equation (2) however increases calculation

time a little and data storage a great dml. (RaS'l‘l, which is more oflat found in expa'imunal work because it can

be more-easily measured, is the average ofthe STl—valum at 500 to 2000Hz).

lnoohe'ent smtrees and backgron noise both act to deyade the 511, by adding-in uncorrelated, random,

elunmts, characterised by SN'R in the formulae above, The main ditl‘erence betwear incohu'ent sources and

background noise is that the latter is a position-independmt spectrum, whseas incohermt sources have localised

effects whidr are computed by their own beam-tracing sequences.

4.4 Auralization '

The aim ofamalization is to simulate the hinaural listming expa-imce at one or more positions in the model.

The impulse response data (ie, the ems/histograms) computed using the beam-tracing method we mmaural.

Therefore. they need to be converted to hinaural (Z-dlflnnel) data, related to the orient-ion of a listma’ and the

bdtaviour of sound aromd the hard. This is done using Head Related Transfer chtions, which may be generic

(for a typical human head, ear pinnae, etc) although possibilitim for rapid'scanning of any pason’s head and the

generation of individual HRTFs is imdt-r investigation by some researches [4].

From the echo/histogram data. a causal filter is generated for eadt echo, using its transfer hmotion, the‘eby taking

into account source ditectivity, mall absorption. air absorption, and difi'm'ent path lengths. This is multiplied by the

HRTF corresponding to the angle of incidence. An impulse response is daived using invase FFT, and all impulse

responses are summed, taking into account time delays due to path lengfli diffa'enoes and source data, giving the

Binaural Impulse Response (BIR). If echoes have been stored in the histogram rather titan individually (typically

for higher-unis refleaions and far difiuse reflections) the angle-of-incidmoe and precise arrival-time data are not

known, so no HRTFs are used and the histogram is sampled randomly to generate the causal filters.

When the BIR is established, it am he cmwolved with (he. used as a film of) a suitable source signal sud! as an

anechoic recording, using digital signal proceming. This is done with an FFT method, so that end efl'ects are

treated with zeropadding [5] [6]

5. RAY-TRACE“; AT LOW FREQUENCIES

5.1 ' Phase Ray-tracing: mom modes and frequency responses

The basic assumptions in the ray-tracing approach we that sound waves can be approximated by rays or bums,

as carriers of energy. 'l'htrefore difl‘ract-ion and inta'fa'utoe are not automatiuilly included, unlike the wave—

equation-lmsed approach ofFEM or BEMV However, the path latgth from source to receiver is known. as well M

any time delay (or plane shit!) at the source and at reflections, so it is possible to derive, for each mung, a

phase corresponding to the arrival time of each esho. The echoes can that he added togdher (eg to give a
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stationary sound) taking this phase into account and using complex. vector, summation. The basic inwhe'ent
summation:

in = 22M = EZflHU-un) (3)
roll-0 Hk-fl4ndik2m

becomes:

N‘

A. = EM «mam-1km (4)
be

when:
an = pressure at receiver, A n = amplitude of reflection ik, n = reflection (image) orda, N; = number of image
sources oforder r', ti.)K = distance between image source ikand receiver, pr: = impedance ofthe air, W = power of
the source, on, = absorption at the nu" wall reflection, and for the phase effects: m = phase shill at wall reflections
plus initial phase at source. k = wavenumba (=o/c, a) = circular frequmcy, c= speed of sound).

Using this appraadi stables the ealuilaticn of room characteristics at low tieqeneis, gm and below the
transition region Fm, to 451...”, , which is othawise tnkm as the limit of ray-tracing, defined by the Schroeder
art-off fi'equency Em, = 20l£l0(llT5c/V)""2 (approximately, using MKS units). For instance, a small room,
7iéXBmetres, with RT” = 0.55ec, h“ FMI= 138Hz. The maition region is the frequmcy range in which modal
overlap becomes significant.

Using Phase Ray-tracing, it is then possible to derive not only highlypositim-depmdmt frequency responses, at
low ii’equencies, but also indications ofer modes (ie Smdjng wave interference patterns).

5.2 Comparisons with FEM Ind HEM

The results of room calwlations with Phase Ray-tracing have been compared with those from FEM and BEM
models. The main hmcticnal differences are that usually the ray-tracing model calculates mud-i faster, and only
requires a geomary model not a complete mesh grid. The actual rsults have in many uses hem very similar,
which is rarkahle given the completely-difiqent methodologies. This gives confidence in the phase ray-towing
approach. Figure 5 compares room modes computed with FEM and Hiase Rayutracing on the 10m long room
illustrated earlier, and Figure 6 compares fiequmey response functions for mother room. It must hekept in mind
however that the FEM and BEM approadies become met-easineg inacwrate with inueasing frequaicy, whereas
the Phase Ray-tracing approach is the opposite, and requires inweasingly—long calculatims for very low
fiequeneis. with refined parametu's (high reflection order. narrow beams. .t.) especially if mam absorption is low
(is long RTs)t

6. THE INFLUENCE OF SOURCE CHARACTERISTICS AND ROOM TREATMENTS

6.1 Coherent sources

it has already hem explained how cohamtsources can be modelled with a phase-related summation of the echoes
arriving at a reeeiva. Figure 7, uppa left and right, shows RaSTl (used because it provides a single, averaged
crite'ion) in a reverberant room with a coherent source. The self-induced echoes of the source produce
interference and degrade the intelligibility. Adding a mond cohaait source improves intelligibility in the regions
nearby the new source, and also elsewhere if the paths than both sourcw are similar (Figure 8, trppe' leit). if the
second source has a large time delay, this has a destructive efi‘eet. except very near the second somce. whee its
own emissions dominate (Figure 8, uppa’ nigh) if the second sauce is ineohumt, its effect is purely dammit/e
(‘ntasking‘). Badtgound noise is likewise dammive, but not localised (Figure 9).
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6.2 Wall absorption

With a single cohamt source, it is self-destmaive of STI due to its own echoes. Thuefcte, adding absorption

(even due to the occupants) has some benefit in improving S'l'l (Figure 7, upper and lower left). With multiple,

whamt, sources, the efi‘ect is more marked, but what happc-ts is in essence that the whole environmmt is being

made mud: more damped, and each source has its own region of influence and little effect on the neighbouring

sources: the room is ‘dead’ and the response at any point will be almost totally due to the loudspmkc- system.

6.3 Wall diffuslon

6.3.l local geometry

If a coheratt source causes self-destructive loss of intelligibility in some parts of a room due to its own echoes,

adding diffusive or dispa’sive devices should improve the situation. The dispasion can be achieved by eitba

‘gross' geometrital devicm, lflte oorruyted side-walls, or by ‘loml’ difl'usive devices like wall treatmmts or

difi'user panels Figure 5 illustrates the geometrical efl'cct: the room volume is almost constant. so the theoretical

modes based on geometry remain the same (see FEM model modes in the uppe' part of Figure 5) but the response

to a specific source changes due to the reorimtao'on of reflections and the elimination of the parallel side walls and

corresponding ‘ilutta” (see Phase Ray-tracing results in the Iowa part of Figure 5).

6.3.2 Diffitsinn wcfiicienls

If the parallel walls are retained. but are treated with a difi'using mate-ital, the improvement in 511 is more

cmsistalt, because it is not frequatcy- and pcsition-dependmt as it can be with geometrical changes like

corrugtions. The calculation principles of diffusing materials are that the energy of an arriving beam is not only

partly absorbed and partly reflected specularly. but a fraction is also reflected difi‘usely:

PM»: = d-Prdmd = d(1'u)Ph-tc'ulml (5)

where d is the diffusion coefficimt. New rays are initiated on the surface, based on a random-number process

using d. These new rays can atlerwards follow purely specular paths cr can gate-ate fiirtho' ‘difi‘use rays' if they

again men a difiusing material. The influalce of adding diffusion (widi no change in u) onthe parallel sides of

the example shown before, is shown in Figure 7 (let! versus right).

6.4 Sound trammission and diffraction

The transmission of sound through surfaces of a beam-tracing model can be handled by computing the incident

intensity on one face ofa sin-face (‘panel’) from the sound level at a nearby receiver, taking into account wheths it

is free-field or difl‘use (or usually, some proportitm of both) based on the echo/histogram data This intmsity,

combined with a defined, fiequency-dependent, transmission loss of the panel, and its am, is used to compute the

power of the re—radiating source on the opposite face. Such sources on themselvs be made coha'att or

incoherait, to reflect the nature of the incidalt field. Thus it is possible to asess the intelligibility and other

measm'es, with the e‘fl‘ects of transmitted sound, whetha that be the speech signal itself (eg to uses; privacy

between rooms) or incoherent noise (2g break-in of environmental noise degrading the $11 in a building or

vehicle).

it is also possible to model diffraction over ‘barria-s' (for instance, the bruit—out of noise from an open arena) by

using an algorithm based on path-latgth difficratces (a form of inversion of the lurria insertion formula of

Maekawa et al). An mhanment of this, uses the phase teclmique already dmibed, making the rsults narrowly

fiequency-dependmt, as is needed for tonal or cohamt sources
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6.5 Effieieney of eaknlllluns

As has already beat mmiimod, there is m inevitable tredo-oi’fbctween accuracy (‘fineness' of the model, beam
size. refleditm adore”) and calculation time antidote storage. Calculation time and dam-storage requirements are
also effected bytlle choice oftlte epprwimete «the guterll thmmla (l) or (2) for ST]. An intelling date-storage
process has been built mmmm program [3] in which these methw are anbofiied: this allows the power
levels, relative phases (time delay) and outer punmeuers of multiple some: to be adjusted, apier the main beam-
tncing calculation has been oompleted, but before daiving the various results. Likewise, arbitrary mbinatims
of satires can be superposed. This means that the time-swimming part ofthe process does not have to be rte-run,
whilst (for instance) evaiuaiing the efi‘eots of adjufling power level: and time delays betwem loudspeaku‘s, or
turning onloff (or upldown) min sources ofbackground noise.

7. CONCLUSIONS

Rayutrucing (or mun: precisely, beam-inning) provides an effective method for room modelling. Mmy diiTerent
phmumena can be included in the model: source directivin and froqumc’y—depmdmoe; mum-ill drama-mics
and their Erequeney—dependmoe and if necessary their diffusive noun-e: phaseftime relationships between mm,
li-equency-depmdenl if necessary; Ind speciel efl'ecu such Although-panel transmission and difl‘rucsim

Phase ray-tracing uliows the fi-eqtmcy range and other aspeds oflhe lppiicahiiity ofthe method to be extended. in
particular for ways ofcohflalt woes.

The primary result firm: the Inflation is an impulse response whey-um, hum which many outer tosoltfl be
derived: mm ofteeeived sound level, acoustic quality and speech intelligibility, These can be mapped over
my area. as required. and examined in detail at specific loeuim Processing ofthe impulse response, including
directional inforumim for he rlys. enables a binetnal synthesis and convolution with source signals to produce
aurrlimions, which Add the subjective oonoept ofthe “virtual room’ to the objective results.
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