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ABSTRACT

The digital waveguide mesh (DWM) and related firiference

time domain techniques offer significant promiserfizom acous-
tics simulation problems. However high resolutici® DWMs

of large spaces remain beyond the capabilitiesioeat desktop
based computers, due to prohibitively long run-snaed large
memory requirements. This paper examines how dytmom

impulse response synthesis might be used to battle virtual
environment simulation through the use of othervaeenputa-
tionally expensive DWM models. This is facilitatddough the
introduction of theRenderAIR virtual environment simulation
system and comparison with both real-world measanésnand
more established modelling techniques. Resultsodstrate
good performance against acoustic benchmarks amdfisant

computational savings when a 2-D DWM is used as glan

appropriate hybridization strategy.

1. INTRODUCTION

The Digital Waveguide Mesh (DWM) [1, 2] is a diserdime
numerical simulation method used to model acoustave
propagation in an enclosed system. First appbeithé problem
of reverberation simulation and then extensively ploysical
modelling sound synthesis [3], DWMs have also bg®mwn to
be appropriate for virtual acoustic applicationsotiygh the gen-
eration of Room Impulse Responses (RIRs) suitableui@liaa-
tion purposes [4, 5]. The DWM is especially suchésat accu-
rate room acoustics simulation at low frequenci€s hence
providing both an alternative and complementaryreggh to
more traditional geometric acoustics techniques.

DWMs are a subset of the wider family of finitefdience
time domain (FDTD) numerical approximation schentiat
have also been more generally applied to acousticanment
simulation problems [e.g. 7]. Although their origies in 1-D
digital waveguide based sound synthesis, researattate has
been heavily influenced by traditional FDTD methaa&l tech-
niques [e.g. 1, 8], and continues to be, especthlitgugh the
development of mixed modelling methods and bountiarpina-
tion [9, 10, 11]. The DWM potentially offers rdsuthat are
equally valid to more established techniques such
FEM/BEM/Geometric Acoustics, together with greatekibility
in terms of implementation and realization. Fostamce, al-
though computationally expensive for large spaves/e propa-
gation effects, such as diffraction, are an inheqart of the
implementation [5], requiring no additional prodegs load.
Additionally, although RIR generation must take plafféne, an
arbitrary input signal may be processed in reaétiosing an
appropriate convolution scheme, making this appr@acealistic
proposition for computer music or audio post-prdaturc appli-
cations requiring accurate synthesis of a virtuairenment.

Since the DWM was first applied to the problem obm
acoustics simulation by Savioja et al. in 1994 [dlated re-
search has been focused in a number of areasdingl@-D and
3-D implementations, minimisation of dispersionogrboundary
termination [9, 10, 11], diffusion modelling [12]n@& spatial
encoding [13], much of which is also discussed?h [However
despite significant inroads in these areas, thdlpno still re-
mains that high resolution DWMs required for highmple rate
audio bandwidth RIRs take a prohibitively long tingesiynthe-
size. Although this will be ameliorated somewhat desktop
computing power continues to increase, with mudtiec CPUs
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now allowing the use of parallelization techniq{®4], and even
graphics cards being utilized to provide hardwaseekeration,
large spaces will remain offline only for some timélence an
alternative approach is required to make thesentgubs more
readily available at the desktop.

This paper examines the use of RIR hybridisationrtiegles
within the framework of DWM virtual environment sisation.
A hybrid RIR synthesizes the required acoustic impuésponse
for a defined source/receiver/space using a cortibmaf multi-
ple room acoustic or reverberation simulation téghes. Such
approaches were first proposed in e.g. [6] and fese been
explored more recently for DWMs [15] and more gatig{16].

This research has been completed within the framewb
RenderAIR, the next development of tHeoomWeaver system
that was originally proposed for research and dgprakent into
DWM based room acoustics simulation [17] and thépgr is
therefore organised as follows. Section 2 brieftvers the
background to the DWM and discusses issues reléingesh
implementation. Section 3 gives an overview RehderAlR,
discussing aspects of the hybrid modelling engiBection 4 is a
case study where a real-world room is modelledgRemder AIR
and a geometric acoustics based modelling appicatiith both
compared against actual room impulse response mezasnts.
Finally, Section 5 summarises the work completediate and
indicates future directions for tiiRender AIR project.

2. THEDIGITAL WAVEGUIDE MESH

The digital waveguide mesh (DWM) was first propodsgdvan
Duyne and Smith [1] as an extension to 1-D digitaveguide
sound synthesis appropriate for modelling platesraambranes,
potentially leading to full 3-D object modellinghé reader is
referred to [2] and [3] for a thorough treatmendl @iscussion of
this area). From the basic 1-D digital waveguidzdei, higher
dimension mesh structures are constructed usirdjrditional
delay line waveguide elements and scattering janstivhich act
as a regular grid of spatial and temporal samptiants within
the modelled domain. The sound pressure in a wadegle-
ment is represented lpy, the particle velocity by, and the im-
pedance of the waveguide elementdywherep/v; = Z. The
input to a waveguide is termggd and the outpup;. The signal
ps;i* therefore represents the incoming signal to jamcli along
the waveguide element from the neighbouring jumctio Simi-
larly, the signalp;;” represents the outgoing signal from junction
J along the waveguide to the neighbouring juncfiorThe total
sound pressurp; in a waveguide element connected to junction
J can be defined as the sum of the travelling wanehis ele-
ment, or alternatively as the sum of the input antgbut:

P=p R @
For a lossless junctiof the sum of the input velocities is equal
to the sum of the output velocities, and the sqomedsures in all
crossing waveguides are equal, and so the soursdyrep; at
junctionJ for N connected waveguides can be expressed as:

N +
22 GpJ i
—_ i=1 Z (2)
pJ - N1

As DWM waveguide elements are equivalent to bidliomal
unit-delay lines, the input to scattering junctibat time index,
psi* (n), is equal to the output from neighbouring junetidnto
the connecting waveguide at the previous time spep(n-1).
Expressing this relationship in the z-domain gives:

Pt =7p @

From (2) junction pressure values are calculatezbraiing to
input values from immediate neighbours, output @alare calcu-
lated using (1) and then propagated to neighboiasthe bi-
directional waveguide elements, becoming inputshat next
iteration according to (3). From (1), (2) and (@x an appropri-
ate linear transformation, it is possible to derare equivalent
formulation in terms of junction pressure valuel/on

(4)

This expression can also be derived directly frofimige differ-
ence time domain (FDTD) formulation of the wave &tipn [1].
A digital waveguide model generally refers to aresentation of
acoustic signal propagation via two directional @@emponents
and schemes implemented in this way are termed \detacor
W-DWMs. This alternative implementation as a Khoff vari-
able DWM (K-DWM), depends on physical quantitieslyon
rather than sampled travelling-waves and is gelyeeguivalent
to a FDTD simulation. Mixed modelling where K-DWahd W-
DWM approaches have been interfaced combines thpua-
tional efficiency of the K-DWM approach in terms edmputa-
tion time and memory use, with the flexibility afadtering-based
boundary termination options for complex geomettie®ugh
the use of KW-pipe transfer functions, see e.g1[3,

Dispersion error in a DWM, where the velocity opmpa-
gating wave is dependent upon both its frequendydirection
of travel, leads to wave propagation errors andsauming of the
expected resonant modes. Dispersion error is digpérupon
mesh topology but its effects, particularly in terwf direction
dependence, can be minimised using one of a nuafilmeethods
including topology implementation, mesh interpalati fre-
quency warping, or mesh oversampling. In FDTD (W)
modelling, dispersion can also been reduced bygusioompact
implicit scheme [18]. Note that although accursyethesis of
low frequency modes is required in a room acousticslel,
dispersion error is considered less important witbreasing
frequency as modal density increases, and percemtiosuch
variations becomes less critical. The sampling f@fu. for a
DWM of dimension,D, and spatial sampling distandés deter-
mined by the Courant condition such that:

e =(cVD)/d

update -

wherec is the speed of sound. Ultimatély;.. dictates the qual-
ity of RIR output from a DWM, with large sample ratesjuiring
denser meshes, more computer memory and hence takiger
to run, limiting even the most efficient large-g#&-DWMs to
offline generation only.

Finally, consideration must also be made as tontbst ap-
propriate method for terminating a DWM as part ofac@m

(6)
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acoustics simulation. In an arbitrary enclosecdcsgais typical

with other geometrical acoustic models to approxémeeal-

world boundary conditions through the use of statidad pa-
rameters such as octave-band absorption coefficiend diffu-

sion/scattering coefficients. Rather than attengptmimplement
a physically derived DWM based solution that moreeatly

models a particular boundary material (with eactieni@ simi-

larly requiring an individually modelled solutioni}, is usually

sufficient and appropriate, for the purposes of RiIRnsl quality,

to implement a boundary termination such that lisdbagl behav-
iour approximates these given parameters. Solitiesearched
and implemented to date are presented in [2, 9110,

3. THE RENDERAIR SYSTEM

3.1. Overview

RenderAIR, as shown in Figure 1, is a cross-platform DWM

room acoustics modelling application, implementedhie style
of an Integrated Development Environment (IDE) watthierar-
chical data and file structure. RenderAIR project contains the
specification for the dimensions and contents pagicular vir-
tual space, defined asgeometry. For each geometry different
surface sets can be specified, various source ecelver con-
figurations can be set up and a number of DWMsheadefined.

RundarAlR 0.6

Figure 1: RenderAIR showing the GUI used for defining
and editing properties of a virtual environment.

3.2. Defining the Space

The size and shape of a room and all the objectg Bre
specified in terms of a number of planar surfacegther with
their reflective/absorptive and diffusive propestieRenderAIR
uses standard Cartesian co-ordinates and so aelsfaefined
by specifying the locations of its corners relatteethe system
origin. By combining multiple surfaces into grougsmplex
shapes can be created and these can then be atddedels and
re-used as required.RenderAIR files are written in a simple
scripting language that allows variable manipulatimops and
conditional statements, enabling sophisticated hsode be
defined. Aside from script based definition andnipalation,

Render AIR geometries can also be import and exported usiag t
COLLADA 3-D graphics file format. This allows acee$o
buildings and objects generated othé&t [Barty CAD packages
including the popular and freely availal@eogle Sketchup.

Materials are assigned to surfaces in the geonfiggrybut
once loaded the materials on a boundary surfacebraagasily
changed and saved agface sets, allowing the same geometry
to have several different profiles, and the eftdatising different
building or furnishing materials to be explored.ouges and
receivers are placed according to their co-ordmatesing the
scripting language, groups of transducers can bated along
with an associated geometry to produce, for exanglepaced
stereo pair, a binaural RIR incorporating a dummydhen a
higher order ambisonic receiver. For each soureérput signal
is specified in a wave or text file.

3.3. Meshing a Complex Arbitrary Space

Once a virtual space has been defined the struidypepulated
with either a 2-D or 3-D DWM anéRenderAIR uses a plug-in
architecture to allow different DWMs to be investigd both in
terms of topology and implementation, which mayabea K-, W-
, or hybrid KW-DWM. To simulate the space beingt¢el the
room geometry must be filled with a uniform spatigld of
DWM nodes. As the sampling grid arrangement ofVéNDwill
vary according to the topology plug-in used and dhnkeitrary
geometry of the defined virtual space, a genermdliftexible
approach to filling the space under test is reqllirA singleair-
node is placed at a user-defined seed-point withingeemetry
model and this node reproduces itself by sendirtg'‘aeepers”
along its ports into the surrounding empty spalfeo bounda-
ries or existing air-nodes are encountered theavaair-node is
created at the end of the creeper. These new natiésen send
out their own creepers, and hence the space bagifik with
basicN-port air-nodes. If a creeper discovers a surfhea a
boundary-node is created at the end of the creeper rather than a
air-node. These boundary-nodes are incapablepobdaction
and hence do not send out any creepers of their olmnthis
manner the meshing process will continue until edge of the
modelled space, or object geometry boundaries rareusmtered.
When a boundary-node is created it will inherit ineperties of
the particular surface associated with its geoweadtiocation.

3.4. Simulation

The simulation process starts by meshing out tleezes@ms de-
scribed above, designing optimal boundary filtensthe surface
material absorption coefficients given, and theplypg input
source excitation signals at the specified locatioBy updating
the state of each node according to the DWM algoritised one
sample at a time these signals propagate througmesh and
this process can be visualised as shown in Figuréhz RIR at
each of the receivers is written to a wave filainnique direc-
tory for each simulation run, to prevent previoimudation data
from being overwritten. The simulation is termidteither
when the required number of samples have been gedeor
when the signal level falls below a specified valiénally, Ren-
derAIR allows various RIR post-processing options, inclgdin
input signal compensation, low-pass filtering tmslate air ab-
sorption and higher order ambisonic spatial enap{iii3].
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Figure 2: One of the RenderAIR run-time visualization
options demonstrating full 3-D wave propagation using
agrayscale plot.

3.5. Hybrid RIR Synthesis

Full audio bandwidth DWM-based RIR synthesis requisigs
nificant, potentially prohibitive, computationals@urces, espe-
cially if an oversampled DWM is used in order tanimiize dis-
persion error. Hend@enderAIR adopts a hybrid approach to full
room acoustics simulation according to the systesources
available and the requirement of the user in tevhigmal output.

The early-part of a RIR contains much of the percajptu
relevant information that gives the listener a sesfsthe size and
shape of the space in which they are placed. H#nsesarly-
part of a RIR should be modelled as accurately asilplesfor
best results. It is also well known that high éyalnatural re-
verberation can be simulated using a more genppeoach and
that in an ideal space, reverberation is usuallydependent on
the exact positioning of source/receiver. Theeefitre first hy-
bridisation of the RIR involves an early-part simigat(typically
up to 100ms), significantly reducing RIR executiomeiwhen
compared with a full length high resolution 3-D slation that
will generally be of the order of a few secondsglorThe late-
part of the total response can then be simulates generically
using another method and iRenderAIR this is facilitated
through the use of a separate 2-D DWM reverberatiodel.

A 2-D DWM is by no means a complete or accurateeep
sentation of an acoustic space, yet such a siralafiill still
capture a subset of the important low frequency ahadso-
nances and early reflections in the 2-D plane,ngi\an acoustic
representation that is in part correct. As fregyeimcreases,
modal resonances become more densely distributddirati-
vidually distinct reflection components become isgible to
resolve. With a suitably high sample rate 2-D DW8dch that
low frequency modes are accurately captured, asdfficient
density of modal distribution is achieved above 8whroeder
frequency for the simulated space this reductiordimension
becomes less critical. High quality reverberatan be achieved
despite the modal density increasing only lineawiyh f,pgae
rather than as the square fgfie for a similar 3-D simulation

[19]. Typically fupae iS Set SUCh that it is at least four times the

required bandwidth. HendRenderAIR provides this option for
generating RIRs either as an indication as to howlla3fD

space will sound, but in a much reduced timefraones part of
a hybrid response. These 2-D results are alsoopppte for
reverberation processing in their own right, if @loge accuracy

in terms of spatial/acoustic perception is not e This
method seems the most appropriate choice as ibdms shown
to give good results in prior work e.g. [5, 18kea a fraction of
the time to execute over a full 3-D model and makss of geo-
metrical/virtual environment information alreadyadable.

If further computational savings are requir@enderAIR al-
lows the sample rate of the ideal 3-D mesh to deaed, offer-
ing very significant additional savings while maiming the all
important accurate low frequency response thahéaf the key
benefits of this approach [6]. The high frequenoynponent of
the total RIR is then modelled and replaced via dcbies/-
tracing algorithm [20], valid for frequencies abamgproximately
1kHz, and being much more efficient to compute tha®D or
3-D DWM. It is noted that other approaches canraup the
high frequency response of 2-D and 3-D DWM gener&Rs,
e.g [18] and offer an alternative solution to argetric acoustics
implementation. However the key point with the @geh
adopted is that not only does it result in shortar times but
also facilitates a significant reduction in the teys memory
used, allowing larger and more complex room modelde
simulated. RenderAIR therefore allows the user to offset objec-
tive RIR quality against simulation time and memoge wia
three independent hybrid RIR modelling approaches:

=  3-D rectilinear DWM with variable sample rate aratly
part truncation options.

=  2-D triangular DWM late-part tail generation.

= High frequency ray-tracing.

The user is able to decide how a RIR might be bestedr at
based on available system resources, and an estiimahow
long it will take to run a complete simulation bag® the nature
of the DWM algorithm used. Within these constraiah optimal
hybrid solution can be arrived at that balancesdésire for a
high resolution 3-D DWM model against required exam time
and memory use, with a 2-D DWM and ray-tracing beirsed
appropriately to compensate for those aspects dhahot be
accurately simulated using a bandlimited 3-D DWKnce the
RIR components have been generdRedder AIR optimises the
fit of the individual responses to deliver a finedmplete RIR.

Of course the propagation characteristics of a a0 3-D
DWM will clearly differ. In a 3-D DWM a signal wiiltravel
through a volume of the 3-D virtual space, andratewith 2-D
boundaries. In the 2-D case a signal is constainea single
plane and will travel through this two dimensiomepresenta-
tion, interacting with 1-D boundaries. This difece in behav-
iour will yield inaccurate reverberation times far2-D imple-
mentation when compared with the full 3-D cageurthermore,
for non-trivial geometries having multiple matesiaht the
boundaries, the 2-D reverberation time will varpeleding upon
the position of the selected 2-D planéAdapting the Norris-
Eyring equation for reverberation time for thearafiy diffuse 3-
D and 2-D soundfields [21] obtained frdRender AIR geometry
and surface data gives two different ideal decayesifor each
case which yield the additional gain or attenuatiequired in
each octave band to match the 2-D response to-Ehee3ponse.
These gain modifiers are applied to a 2-D RIR usiktgwe-band
FIR filters in combination with the (post-procesg)absorption
compensation filtering. Note finally that the 2IDNVM is se-
lected to intersect with both sources and recejatsough this
is not always possible when more that two sourcefvers are
defined and multiple passes may be required.
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3.6. DWM Implementation

In RenderAIR anair-node is defined as &l-port lossless scatter-
ing junction that has no surrounding point of istation with a
bounding surface as determined by the modelled g&gm In
the 2-D case the DWM used is the commonly exploReD
triangular topology based on a triangular tesdefiéampling
grid for a 2-D plane and for the 3-D case a rewtdir DWM is
used which further exploits the fact that this megtology can
be partitioned into mutually exclusive subgridseafiig signifi-
cant additional savings in both computation timel aystem
memory [see e.g. 8]. Aoundary-node is defined as a lossy
terminating junction at the boundary of the DWM éniting
acoustical/topological properties according to ttedined 3-D
space geometry. All boundary-nodes are W-basediaadW-
pipe converters on their connecting ports to iaieefwith K-
based air-nodes. Frequency dependent absorptianldd ter-
minating boundary-node is simulated and implementé&t a
minimum phase-th order IIR filter [15]. The transfer function
is determined according to the given surface absorpoeffi-
cients and the number of connecting air-nodes [ napping
strategy is implemented where reverb time measuremior

values ofr in the simpler non-frequency dependent boundary

case are compared with those obtained from theased on
geometry and surface data. The difference in &aled and
measured reverb times indicates how given valuesshbuld be
compensated when used in the boundary filter desigad this in
turn helps to compensate for the non-ideal behawidia 1-D
DWM termination. If a surface is defined as diffigs then a
layer of diffusion nodes [12] are placed betweea bloundary
and air-nodes. These nodes are also W-based, gaid &W-
pipes are included on all connecting ports. Twpesy of air-
node exist and both are K-based such that all-imelal com-
munication is based on physical K-variables, befafin terms
of overall efficiency. An interfacing air-node has potentially
communicate with boundary, air and diffusing laypedes. A
standard K-based air-node only has to communicétte ether
K-based air-nodes. Thmundary-domain therefore consists of:

=  M-port, W-based terminating boundary-node, with< 6,
incorporating KW-pipe connecting ports and frequede-

pendent absorptionM varies according to how the mesh

fits the required geometry.

= A single 6-port lossless W-based diffusing layerraide
incorporating KW-pipe connecting ports.

= Asingle K-based 6-port interfacing air-node.

4. RESULTS

4.1. Overview

The main objective of these tests is to demonstrate Rende-
rAIR, and more generally, DWM modelling might be used t
successfully synthesize a virtual environment sihett the RIRs
produced are appropriate for auralization. Thesdary objec-
tive is to evaluate the computational savings tiaid approach
offers and how they compare to a full 3-D rend@hese tests
will be based on a model of an actual room Redder AIR data
will be compared with RIR measurements obtained frathin
this space and with a purely geometric acoustiakition pro-
duced using the ODEON room acoustics simulatiotwswé.

4.2. The Test Room

. 2.03 -
O.ZQI [
R30<—>
0,75 0.38
0.88
4 3.37
0.35 1.8
0.3 I R4 O+ >
<—0OR1
1.91
— OR2 1.22 0.35
0.45 S
0.29 0.34
) 3.78 i

Figure 3: Plan view of the Music Department test room,
with all dimensions given in metres. The sound source
is located at S with receivers at R1-R4. The floor to
ceiling height is 2.49 m and the space has an approxi-
mate volume of 27 m3. Both source and receiver are set
at a height of 1.5 m.

The test room is a rehearsal space in the Musiabepent at the
University of York. It is relatively small, with &olume of ap-
proximately 27 m implying that a high sample rate 3-D DWM
model can be computed reasonably. It has no safishings,
and all items of furniture have been removed fer phrposes of
this experiment. The main surfaces in the roomsisbnof
painted plasterboard, cork floor tiles, standariingetiles and
glass windows. Hence despite being small, the riomuite
bright sounding and the lack of absorbing materitdgether
with parallel walls, indicate a highly modal respen A plan
view of the room with the single source S and nesrepositions
R1 — R4 marked is shown in Figure 3. Both sourceraoeivers
are set at a height of 1.5m, hence one 2-D DWNMedgiired as
this will intersect with all points of interest, tivi the floor to
ceiling height of the room being 2.49 m.

4.3. RIR Measurement

RIR measurements for this test room are obtainefivierdiffer-
ent cases as follows:

Case 1 - Actual Test Room.

Case 1 is achieved by using a 4-channel Soundfiel8432B
microphone in each of the four receiver positioR4-R4, to
capture the response of the space to a 15s 22 H&di2doga-
rithmic sine-sweep excitation, with the loudspegbesitioned at
S. Deconvolution of these responses with the seref the sine-
sweep signal yields the actual RIR. For the purpoddabese
experiments only the first-order W-channel omnidii@nal pres-
sure based RIR is used.
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Figure 4: Octave band 1S03382-T30 values for Receivers 1-4 for each test case as described in Section 4.3, together
with mean values averaged across receiver points. The key for all casesis given at the bottom of the central graph.

Case 2 - Geometric Acoustic Model

Based on physical measurements of the test spdeal impulse
applied at the input, with outputs based on firsteo W-channel
omnidirectional RIR for receiver positions R1-R4. 2@,0@ys
used for the simulation. The RIR is obtained from #émergy-
time response by adding individual reflections widindom
phase according to ODEON's own B-format encodimggathm.

Case 3 - 3-D DWM Smulation

Based on physical measurements of the test spacev plass
Gaussian input function applied for a 3-D sub-geididectilinear
mesh and the outputs at each receiver point aentélom a
single air-node, equivalent to a W-channel RIR. Msample
rate selected such that the final bandwidth isoviali10 kHz.

Case 4 - 2-D DWM Simulation

Based on physical measurements of the test spacev phass
Gaussian input function applied for a 2-D trianguieesh and
the outputs at each receiver point are taken fremgle air-node
as before. Mesh sample rate selected such thdtnteband-
width is valid to 22050 kHz. Reverb time correctipplied as
described in Section 3.5.

Case5 - 3-D/2-D Hybrid Smulation

Based on physical measurements of the test spacev plass
Gaussian input function applied and outputs at eadeiver

point are taken from a single air-node as befditee early part is
a 3-D simulation valid to 10 kHz, truncated at 28.nThe RIR
tail uses a 2-D DWM model valid to 18 kHz with reydime

correction applied.

For both the DWM and the geometric acoustic modelki-
ing materials were initially identified and apprigte absorp-
tion/reflection coefficients applied. Unfortunatethe results
were very non-ideal and resulted in RT60 predictithat were
significantly shorter than the actual measuremer@ven that
the space has little absorption and demonstratesgstmodal
effects, this is not surprising. Also the diffipulin selecting
appropriate boundary filter material conditions &mulating a
given real-world space has been highlighted in ipress round-
robin studies [22]. Hence DWM absorption/reflentiooeffi-
cients were optimised according to average octared (RT60
values for the actual test room and then appliedlitsurfaces.
Absorption/reflection coefficients were optimizednsarly for
ODEON. No diffusion modelling has been applieda#issur-
faces in the real space are hard, flat and smooth.

4.4. Reverberation Time M easurements

RT60 values for each RIR are calculated in octave $drmom

T30 according to 1SO3382 [22]. These values areramed
across all receiver positions to arrive at a finalue indicating
overall behavior of the space. The results arsgmted in Figure
4 varying with test case for each individual reeeiR1-R4, and
then summarized by averaging across receiver pfiintsach test
case to give a measure for the room under study.
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Note first of all that due to the bandwidth limitats implied
by Case 3 (valid up to 10kHz), the 16kHz octave basdlts are
not included. Below 250Hz the validity of RT60 amatric can
be questioned due to the dominance of modal resesanoting
that the Schroeder frequency for this room can dignated as
approximately 270Hz. Hence results are presermecddtave
bands from 125Hz - 8kHz. All plots are in good e agree-
ment with results from the actual space. In paldicthe average
measurements give a very good match to both readwand
geometric acoustics results. However, resultsrfdividual re-
ceiver points are a little more revealing. In alar the results
for R1 are not as good as for R2-R4, with the 2-D D\&iwil
hybrid simulations being somewhat below the genérahd.
This is possibly due to R1 being in close proxinitya corner
leading to an overly modal response and a nongéifioundfield
at this location (note that R2-R4 will potentially mre signifi-
cantly influenced by the soundfield in the wideasp). The 3-D
DWM however, gives a good response for R1, therédry dem-
onstrating that a 2-D DWM implementation can onherecap-
ture a certain aspect of a complete simulationh Wit potential
for missing out important acoustic features of th&al room
response. This point is also evident in the resfdt R2-R4
although to a lesser extent than for R1 and with ¥&@Qes gen-
erally greater than those of Cases 1-3. The 3-D DwMlts
give a much closer match to Cases 1 and 2. Thdcdhybsult
follows almost exactly that of the 2-D DWM casehifTis a rea-
sonable expectation given that beyond the 3-D eaaty trunca-
tion point the remainder of the hybrid RIR that forthe major
part of the total response is synthesized fromaRWM. As a
result, the properties of the 2-D response wildtém dominate
this hybrid result, especially given that modabreances causing
these longer T30 values will decay over the whelggth of the
RIR, most of which is obtained from the 2-D simulatio

4.5. Low Frequency Response

Magnitude (dB)

Frequency (Hz)

Test Room 3D DWM
0 T T T \ T T T T

—a0F ,
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~60 L L I I I I I I
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Figure 5: Low frequency response up to 200 Hz for
Receiver Point R2, from top: Test Room compared
with 3-D DWM; Test Room compared with 2-D
DWM; Test room compare with Hybrid RIR; Test
Room compared with geometric acoustic model.

Figure 5 shows the low frequency response up to 29Mmb-

tained from RIRs for R2. The top figure shows thet isom

(Case 1), and the 3-D DWM (Case 3). The next plotshite
results for the Test Room (Case 1) and the 2-D DWNMs€CGH
followed by the Test Room (Case 1) and the Hybrid D\RNR

(Case 5). Finally the bottom plot shows the resiolitshe Test
Room (Case 1) and the results obtained from ODEONeg@gas
Note in the last example the poor modal responske mo dis-
tinct resonant peaks. The results for the 3-D D\piddvide a
very good match to the results obtained from the reom,

matching both individual peaks and the overall oase profile.
The 2-D DWM case gives a good approximation to dferall

response, although individual peaks do not matcivedkas for
the 3-D DWM, demonstrating that this is clearly aproxima-
tion to real world conditions, with important modag¢haviour
either missing or inaccurately captured. As dertrated in

Figure 4, and discussed in Section 4.4, the HybkdM follows

closely the characteristics of the 2-D DWM. Hetige benefit
of this hybridization approach is in the more costplcapture of
early reflections, particularly from ceiling anadir.

4.6. Performance Benchmarking.

Table 1 presents comparative performance resuttedoh test
case 2-5. Note that 0.8s RIRs were generated foreample.

Case 2 Case 3 Case 4 Case|5
Time 00:54 14:18 00:37 01:38
(Hrs:Mins)
Memory -- 72 4 76
Used (Mb)

Table 1: Performance data for each of the 4 simulated
cases, showing total time elapsed to produce a 0.8s RIR
and the total system memory used.

Clearly the 2-D (Case 4) and hybrid solutions (Caseriby the
total RIR synthesis time down to reasonable levelmpared
with a full 3-D render, which even in this caseigdy valid to 10
kHz. Note in particular that the 2-D DWM offerggaod com-
promise when computational resources are limited.

5. CONCLUSIONS

This paper has examined how hybrid RIR synthesis trigh
used to better enable virtual environment simutatitrough the
use of otherwise computationally expensive DWM ntedéligh
resolution 3-D DWMs of large spaces are still arpractical
option for current desktop based computers, dutong run-
times and large memory requirements. Hybrid sohgihave
been proposed that can be optimised according ép negjuire-
ments in terms of absolute accuracy and availatwepciter re-
sources. Some hybrid modelling options have bested using
1ISO3382 T30 as a benchmark, and results compartd real-
world measurements and more established technidiles.room
selected for study has a small regular constructtmongly re-
flecting surfaces, low levels of absorption and dwnt low
frequency modes that make this test non-trividhe B-D DWM,
compensated 2-D DWM and hybrid simulation all progiue-
sults that are a good general match to the reahrnooterms of
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mean RT60 values. They also produce results colnjgata a

more established geometrical acoustics techniqtie aimodal

analysis indicating that DWM based simulations, angarticu-

lar the 3-D case, give the more reliable measurt@facoustic
characteristics of the target space. Hybrid sohgtioffer a good
compromise and make significant savings in comjnat re-

sources although measurements taken from individe=giver

points reveal that 2-D based simulations are stithe way from
the accuracy of a full 3-D simulation. This is @ given that
a 2-D simulation will never accurately capture Hehaviour of a
full 3-D soundfield, although the results are erreging enough
to suggest that as part of a hybrid response theyaste a role to
play when it comes to offering computational sasingVork is

clearly needed in optimizing the nature of the RIRridization,

as well as improving the core DWM/boundary-filtenglementa-
tion. Note also that only two hybrid strategievéndeen tested
in this paper (compensated 2-D; 3-D early part/2afe part,

valid to 10kHz), and there is scope for other daegpartitioning

strategies of the time-frequency plane. As theeligment of
RenderAIR is ongoing, there is significant possibility fapital-

izing on recent work relating to boundary formwat [9, 10]

that offer improvements over 1-D DWM termination€&ven

with such new solutions implemented, boundary satioh re-

quires additional testing based on actual acouistta and how
this might be mapped appropriately to the DWM domaDnce

complete more rigorous testing can begin, basedexisting

room simulation round robin data [22] and theseltewill then

help to form the basis of a series of subjectisteliing tests.

6. ACKNOWLEDGMENTS

This work is supported by the UK Engineering andydital
Sciences Research Council (EPSRC), Grant
GR/S01481/01, EP/F013078/1 and EP/D503264/1, anghfh
by the Swedish Foundation for International Coopenain Re-
search and Higher Education (STINT), contract IG22049.

7. REFERENCES

[1] S. A. Van Duyne and J. O. Smith, “Physical Modgjlimith
the 2-D Digital Waveguide MeshProc. Int. Computer
Music Conf., Tokyo, Japan, 1993, pp. 40-47.

D.T. Murphy, A. Kelloniemi, J. Mullen, and S. Stes|
“Acoustic Modelling using the digital waveguide rh&s
IEEE Signal Processing Magazine, 24(2), pp. 55-66, 2007.

J. O. Smith, “Principles of digital waveguide maef
musical instruments”Applications of Digital Sgnal Proc-
essing to Audio and Acoustics, M. Kahrs and K. Branden-
burg, Eds., pp. 417-466, Kluwer Academic PublishBos-
ton, 1998.

L. Savioja, T. J. Rinne and T. Takala, “SimulatidrRmom
Acoustics with a 3-D Finite Difference MeshProc. Int.
Computer Music Conf., Denmark, 1994, pp. 463-466.

D. T. Murphy and M. J. Beeson, “Modelling Spatialud
Occlusion and Diffraction Effects with the Digital
Waveguide Mesh”Proc. AES 24th Int. Conf., Banff, Can-
ada, June 26-28, 2003, pp. 207-216.

L. Savioja, J. Backman, A. Jarvinen and T. Takala,
“Waveguide Mesh Method for Low-Frequency Simulation

(2]

(3]

[4]

[5]

[6]

Numbers

of Room Acoustics”Proc. Int. Congress on Acoustics, vol.

2, Trondheim, Norway, June 26-30, 1995, pp. 637-641

D. Botteldooren, “Finite-difference time-domain siation

of low-frequency room acoustic problems!,Acoust. Soc.

Am., 98(6), pp. 3302-3308, 1995.

S. Bilbao, Wave and Scattering Methods for Numerical

Smulation, John Wiley & Sons Ltd., Chichester, UK, 2004.

J. J. Escolano and F. Jacobsen, “A note on theigalys

interpretation of frequency dependent boundary itimms

in a digital waveguide mesh,Acustica/Acta Acustica,

93(3), pp. 398-402, 2007.

[10] K. Kowalczyk, K. and M. van Walstijn, “Formulatioof a
locally reacting wall in finite difference modelljrof acous-
tic spaces”,Proc. Int. Symposium on Room Acoustics,
Seville, Spain, 2007.

[11] D. T. Murphy and M. J. Beeson, “The KW-Boundary Hy-
brid Digital Waveguide Mesh for Room Acoustics Agpl
tions”, IEEE Trans. Audio, Speech and Language Process-
ing, 15(2), pp. 552-564, 2007.

[12] S. Shelley and D. T. Murphy, “The Modelling of Diffe
Boundaries in the 2-D Digital Waveguide MesHEEE
Trans. Audio, Speech and Language Processing, 16(3), pp.
651-665, 2008.

[13] A. Southern and D.T. Murphy, “Methods For 2nd Order
Spherical Harmonic Spatial Encoding In Digital Wauiele
Mesh Virtual Acoustic SimulationsProc. |EEE WASPAA-
2007, Mohonk Mountain House, New Paltz, New York, Oc-
tober 21-24, 2007.

[14] J.J. Lopez, J. Escolano, B. Pueo, “Simulation of derp
and Large Rooms using a Digital Waveguide Mes$tgc.
AES 123rd Convention, Oct 5-8, New York, USA, 2007.

[15] D.T. Murphy, M. Beeson, S. Shelley, A. Southern @nd
Moore, ‘RenderAIR — Room Acoustics Simulation Using a
Hybrid Digital Waveguide Mesh"Proc. 124th AES Con-
vention, Amsterdam, May 17-20, 2008.

[16] R. Stewart and D. T. Murphy, “A Hybrid Artificial Rey-
beration Algorithm”,Proc. 122nd AES Convention, Vienna,
Austria, 5-8 May, 2007.

[17] M. J. Beeson and D. T. Murphy, “RoomWeaver: A Digital
Waveguide Mesh Based Room Acoustics Research Tool”,
Proc. 7th Int. Conf. on DAFX, Naples, Italy, Oct. 5-8, 2004,
pp. 268-273.

[18] K. Kowalczyk and M. van Walstijn, “On-Line Simulati of
2D Resonators with Reduced Dispersion Error using-Com
pact Implicit Finite Difference Methods®Proc. of IEEE
|CASSP, Honolulu, 2007.

[19] A. Kelloniemi, V. Valimaki, and L. Savioja, “Simuian of
room acoustics using 2-D digital waveguide meshiesic.
IEEE ICASSP, vol. 5, pp. 313-316, France, May 2006.

[20] A. Krokstad, S. Strom, and S. Sgrsdal, “Calculatihg
acoustical room response by the use of a ray gateioh-
nique”,J. Sound Vib., vol. 8, pp. 118-125, 1968.

[21] M. Tohyama and A. Suzuki, “Reverberation Time in an
Almost-Two-Dimensional Diffuse Field”J. Sound Vib.,
111, 3, 391 -398, 1986.

[22] 1. Bork, “A comparison of room simulation softwareThe
2nd Round Robin on room acoustical computer simuigtio
Acustica/Acta Acustica, 86, pp. 943-956, 2000.

[23] 1SO3382, “Acoustics: Measurement of reverberatiore tof
rooms with reference to other acoustical parametéso,
2nd Ed., 1997.

[7]

(8]
9]

DAFX-8



