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Acoustic Modeling using the Digital Waveguide Mesh

Damian Murphy, Antti Kelloniemi, Jack Mullen andn®n Shelley

I. INTRODUCTION

The digital waveguide mesh (DWM) is a numerical Wation technique based on the definition of a lagu
spatial sampling grid for a particular problem diman this specific case, a vibrating object cdpalf supporting
acoustic wave propagation resulting in sound outptuts based on a simple and intuitive premidbe-latter often
considered important by the computer musicians afeathe primary users of a sound synthesis algorittyet the
emergent behavior is complex, natural and capabldgh quality sound generation. Hence the DWM hasn
applied in many areas of computer music reseande § was first introduced by Van Duyne and Snitit1 993 [1]
and this paper is the first to attempt to constdidand summarize this work. The interested remsdalso directed to
[2] where DWM modeling is considered in the mor@ayal context of discrete time physics based moddior
sound synthesis, and [3] where the DWM is examinithin a rigorous theoretical and comparative framek for

more established yet related wave scattering naalesimulation techniques.

II. THE1-DDiGITAL WAVEGUIDE

The 1-D digital waveguide is based on a time aratspdiscretization of the d’Alembert solution te tbne-
dimensional wave equation. This approach to s@ymthesis was first used in the Kelly-Lochbaum nhadehe
human vocal tract for speech synthesis [4] and gasallels with other, more generally applied waweiable
scattering modeling paradigms such as the trangmidge matrix (TLM) method [5] and wave digitailtérs
(WDF) [6]. However it was Julius O. Smith Ill wHaorst proposed the terrdigital waveguideand used these
techniques initially for artificial reverberatio@][and later for sound synthesis [8], [9]. Digiteaveguides have
remained the most popular and successful physicaleting based sound synthesis technique to datetalthe

realistic, high quality sounds that can be gendraiéten in real-time and so therefore also fadtility effective user
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interaction. This research has also been made wiolely accessible through a range of commerciallgilable
physical modeling hardware synthesizers developedyémaha in the early 90s based on digital waveguid
techniques [10]. The reader is referred to [9] AHrid for a thorough treatment and discussion o #iea and a full
derivation of some of the equations that are intoed in what follows. Consider the 1-D wave edquatior

transverse motion with speedn an ideal, infinitely long, vibrating string:
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The d’Alembert or traveling wave solution to (1)disfined as:

y(t,x)=y (t-x/c)+y (t+x/c) (2)

where y* and y are arbitrary twice-differentiable functions dengt wave movement to the left and right
respectively. Assuming thgt andy are bandlimited to half the sampling rate of thstem allows the discrete time
version of (2) to be defined for spatial samplirgnps mXand sampling intervalT such thalX = cT:

y(nT,mx)=y*(h-m)+y (n+m) (3)

This solution can be implemented in an efficierd atraightforward manner using two parallel digitalay lines to
represent the left-going and right-going travelimgave components. Fig. 1 shows a digital waveguide
implementation of an ideal string, rigidly termiadtat either end of thd-sample delay lines, corresponding to the
nut and bridge of a typical instrument. The sysiemxcited with an appropriate input ‘loaded’ inb@ upper and
lower delay lines at positiox, = m,cT and a physical output is obtainedxat = m,,cT by summing the upper and
lower values according to (3), being exact at tre@ing points of the system.
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Fig. 1. The ideal lossless 1-D digital waveguitting model M-samples long and rigidly terminated at either end.



A. The Scattering Junction

The terminations introduced in the 1-D string shawirigure 2 are a special case of signal scateriin input
signal will propagate without loss until it is ideint upon a change in system impedance, resutitigansmission
and/or reflection of the incident signal. This exde leads to the formal definition for a losslesattering junction,
now given without loss of generality in terms ofoastic pressure rather than string displacement.sugh a
junction, system continuity must be preserved imgeof pressures and volume velocities analogow&rtdhoff's
Laws for parallel connection of electrical circelements. Assuminjl connected waveguide elements with the
pressure in each defined@m&and volume velocities agthen for lossless scattering the following mudtiho

P,=P, == P =..= Py =P, 4)

U=u=..=u=..=u, =0 (5)
Note thatp; is defined as the actual pressure value at thet pdi connection for thesd waveguide elements,
referred to as the pressure value at scatteringtipmJ. Scattering junctions, together with the 1-D wguide
elements described above, provide the basic bgildiacks for a digital waveguide physical modelao¥ibrating
system. For instance, six 1-D strings could beptemlitogether via a scattering junction to simuthte bridge of a
guitar, facilitating sympathetic resonances whestation on one string causes low amplitude oatidh on one or
more of the others due to energy transmitted thrdahg bridge. Similarly this scattering junctiooutd also allow
coupling to a filter to simulate the effects of porksonances. Hence scattering junctions alsaacystem
sampling points where physical variables may bpeadmff for coupling with other aspects of the maatewith the
outside world. Similarly they can also be usedaliow energy to be input to a system. In modelingvind
instrument such as a clarinet the bore can be mgMed as a 1-D lossless waveguide coupled withntbiee

complex, non-linear breath pressure/reed inputtfonwia an appropriate scattering junction implata¢ion [9].

: (b) :
Fig. 2. Functional block diagrams for the gendoasless scattering junctidhwith N neighbors. (a) The W-model case; (b) the

K-model case. Note that in each example a singh@ecting waveguide element has been connectedringl ;.



Fig. 2(a) shows the functional block diagram fogemeral lossless scattering junctibmith N neighbors, with
each connected unit waveguide element having arciased admittanc¥. The impedance of a waveguide is given
by Z = p/u; and hence the admittan¥e= 1/Z. The signal;,;" represents thimcomingsignal to junction] along
the waveguide from the opposite junctionSimilarly, the signap,; represents theutgoingsignal from junction]
along the waveguide to the opposite junctionConnecting delay lines together at scatterimgtions in a more
general sense allows spatial and temporal samglidg to be defined and gives rise to families ofdels that are
more generally known as digital waveguide netwdiB8VN). The Kelly-Lochbaum vocal tract model anck th
simply terminated 1-D string as shown in Fig. 1laoth examples of specific DWNs. A DWN with a mammplex
arrangement of multi-port interconnections can $eduo simulate reverberation, as in the firstigpfibn of digital
waveguides [7] and more recently explored in [1Bpwever a DWN consisting of (typically) unit delesaveguide
elements andN-port lossless scattering junctions conforming tegularly arranged and spaced grid structure gives
rise to a particular family of 2-D or 3-D structareThese are callatigital waveguide meshesd are more directly

analogous in construction to the physical objeuty fare attempting to simulate.

lll. THE DIGITAL WAVEGUIDE MESH

The digital waveguide mesh (DWM) was first proposgdVan Duyne and Smith [1] as an extension to 1-D
digital waveguide sound synthesis appropriate fod@ling plates and membranes, potentially leadinfull 3-D
object modeling. Acoustic wave propagation throagpWM is determined according to the scatteringagigns
and associated mesh topology. For a losslessigintaccording to conditions (4) and (5) or directlgrfr Fig. 2(a)

the sound pressus at junctiond for N connected waveguides can be expressed as:

p = = ' (6)

Noting from (3) that the total sound presspyén a waveguide element connected to juncii@an also be defined

as the sum of the traveling waves in this elem@mjternatively as the sum of the input and ougiues:

=Rt (7)



And finally, as the waveguide elements in a DWM acgiivalent to bi-directional unit-delay lines, thgut to
scattering junctiod at time indexn, p;;* (n), is equal to the output from neighboring junctidnto the connecting
waveguide at the previous time stpp,(n-1). Expressing this relationship in thdomain gives:

P, r=z'P - (8)
Hence from (6) junction pressure values are caledlaccording to input values from immediate ne@gbpoutput
values are calculated using (7) and then propagtitedeighbors via the bi-directional waveguide edeis,
becoming inputs at the next iteration accordin{Bjo From (6), (7) and (8) via an appropriate éinansformation

it is possible to derive an equivalent formulatiotierms of junction pressure values only:

N
2 Y[zt
=

P, =— -pz? ©
Expression (9) can also be derived directly frofimie difference time domain (FDTD) formulation thfe 2-D case
of the wave equation in (1). The functional blatiagram for the scattering junction implementatit@scribed by
(9), equivalent to Fig. 2(a), is shown in Fig. 2(lpigital waveguide models represent signal pragiag via two
directional wave components and schemes implemeéntéus way, according to (6), (7) and (8), ararted W-
modelsor W-DWMs[2], [13], [14]. A linear transformation of a WMIM leads to this alternative implementation
as a Kirchhoff variable DWM (K-DWM) [2], [13], [14]as given in (9), and depending on physical gtiastonly

rather than sampled traveling-wave components.thi; form, and under certain conditions, a K-DWnhdae

computationally equivalent to an FDTD simulation.
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Fig.3. Functional block diagram for a W-DWM scattg junctionJ with N neighbors connected to a K-DWM scattering

junctionK via a KW-pipe connecting waveguide element.

Mixed modeling scenarios where K-DWM and W-DWM apgehes have been interfaced in 1-D vidVe-pipe

have been proposed in [14], [15], leading to tirenfdation of a 2-D hybrid DWM [13], [16], [17]. &h2-D hybrid



mesh combines the computational efficiency of thB\WM approach in terms of computation time and mgmo
use, with the flexibility of scattering-based boandtermination options for complex geometries tigio the use of
KW-pipes. Typically KW-hybrid DWMs demonstrate pegd up in processing time of the order of 34% @&i80%
decrease in use of main system memory [16]. A KNDWtattering junction connected to a W-DWM scattgri
junction via a KW-pipe is shown in Fig. 3.
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Fig. 4. DWM topologies. (a) 4-port 2-D rectilimegb) 6-port 2-D triangular; (c) 6-port 3-D redatiéar; (d) 12-port 3-D
dodecahedral (CCP); (e) 4-port 3-D tetrahedralB{fjort 3-D octahedral.

The W-DWM or K-DWM scattering equations can be use@nplement a range of topologies/structures2-
the most commonly implemented topologies are tpherdrectilinear and 6-port triangular mesh struesuishown in
Fig. 4(a)-(b). A thorough comparison of theiratéle characteristics, together with those of tim8& hexagonal
mesh is presented in [18]. 2-D DWM models basedhmnrectilinear or triangular topology have beeostn
commonly used for synthesis of percussion instrusmench as plates, membranes and gongs [19], 20, as
well as for 2-D reverberation modeling [22]. 3-@poblogies as shown in Fig 4(c)-(f) include the itewar [23],
tetrahedral [24], [25] dodecahedral (also knowrt@sic close packed - CCP) [26] and octahedral stras, and a
similar analysis of their characteristics is présdrin [27].

3-D DWM structures are applied to a range of sosyrthesis applications. The work of [28] combiae®-D
triangular mesh model of a drum membrane coupled 8D rectilinear model of a drum-shell to givenare
complete model of a percussion instrument. DWM ef®tiave been applied to simulate 3-D resonantto[26],
[29], [30], sometimes in combination or paralleltlwiother digital waveguide models, for instanceptovide
synthesis of complex instrument resonances [32], [& to simulate a 3-D acoustic space with miétip-D cross-
sectional simulations [33]. However most curretearch activity in 3-D DWM modeling is in theirpdipation to
the accurate synthesis of acoustic spaces andilhlze discussed in IV.C.

An additional subset of K-DWMs have also been sttbje much investigation and these are based on an



interpolated rectilinear mesh structure in eithdd 234] or 3-D [35]. Interpolated DWMs demonstrat@ve
propagation characteristics approaching that angular/dodecahedral topologies but without theitehdl

overheads of a denser and more complex topologinaiture.

A. DWM Limitations

There are a number of important factors that imgwsiations on DWM models as an optimal solutiam &ll
sound synthesis applications. One of the mostifgsignt advantages of the 1-D digital waveguidet thiaginally
made it a realistic proposition for applicationssiound synthesis is the computational efficiencyhef approach
when compared with a brute force numerical solutmthe system wave equation. This is further owpd through
the ability to commute losses to specific lumpednin the system, significantly reducing the nemlof
calculations required per time-step iteration. dJnfnately the elegance of this approach is lostrwimoving to
higher dimensions. With a DWM based system, atoustve propagation is determined by signal intéoacat the
scattering junctions and hence a calculation maist place at every junction for every time-stepediking the
number of scattering junctions reduces the samge of the DWM and hence the effective bandwidththef
system. The advantage gained with the DWM apprdaetever is in the structural immediacy of the dation,
allowing objects to be defined based only on phalsimd geometrical definitions, and the abilityoleserve and
interact with the system at physically relevanim@aningful points.

A more specific DWM limitation iglispersionerror, where the velocity of a propagating wave is dejpah upon
both its frequency and direction of travel, leadiogwave propagation errors and a mistuning of ékpected
resonant modes. The degree of dispersion ertugily dependent upon mesh topology and has besastigated
in, for example, [3], [18], [24], [27]. In 2-D botthe interpolated and triangular DWMs demonstdigpersion
characteristics that are substantially reducedftmetion of frequency only. In 3-D, minimizatiar dispersion can
be similarly achieved through the use of interpmdabr dodecahedral topologies. Appropriate pret post-
processing of results from these mesh structutessiloffline frequency warping techniques to beduse correct
mis-tuned resonances [34], [35]. Alternativelyguency warping can be incorporated directly as phgt DWM
scattering junction [36], [37]. However, althougbcurate synthesis of resonant modes is requiretthéodominant

low frequency properties of a vibrating system,pdision error is considered less important withréasing



frequency as modal density increases, and humaem@érn of such variations becomes less criti€ersampling
a DWM can also offer improvements such that thelireqg bandwidth lies within accepted limits, tydigad.25 x

fupdaie[1], Wherefpaefor a DWM of dimensionD, and spatial sampling distandés generally given by:

_cb (10)

update d

wherec is the speed of sound. Ultimatd]yq.. dictates the quality of audio signal output froD&M with large
sample rates requiring denser meshes, more compweiory and hence taking longer to run, limitingrevhe

most efficient large-scale K-DWMs to offline gentoa only.

B. DWM Boundary Termination

There exist a number of possibilities for termingta DWM at a system boundary. In [21] a 10 x d@en2-D
rectilinear DWM is terminated with single one-palipass filters, which may be interpreted as a teidnination
connected to an ideal spring, allowing modal fremigs in the DWM to be re-tuned or corrected appabgly. For
curved boundaries, where the perimeter of the stradeing modeled is not normal/parallel to thesagf the mesh,
non-integer length waveguide elements call@dguides can be used [20] and have been demonstrated as
appropriate for accurate low frequency modelingiafular membranes using a 2-D triangular mesh.

A commonly applied solution is to passively terméa DWM using a simple 1-D connection that implataea
change in admittance such that there is no sigetalm from the connected boundary over a finitestisaration.
Hence the associated input value for such a coimmeict Fig. 2, or using (6) or (9), is set to zefbhis termination
acts to reflect an incident signal according tochange in admittance of the connected waveguieleasits. In the
simplest case for a 1-port boundary-ngideconnected to a singl-port scattering junctiop; with a change in

waveguide admittance fromto Y, a reflection coefficient - r < 1 is determined such that:

LYY, (11)
Y +Y,

ps can therefore be calculated as a function of dumd pressure of the incident traveling wave vagiftom p:
Pe = (@+1)[ps," (12)
In the equivalent K-DWM case, a passive terminai®requivalently implemented as a feedback loopveen

waveguide element terminals in Fig. 2 with unitageds derived in [13], [38] and given by:



Pe=@+r)py 2t -rppez ? (13)
Note thatr = 1 orr = -1gives total reflection and = 0 approximates anechoic conditions. Full deive of
boundary conditions for the geneNxbort boundary termination for K-, W-, and KW-hythicases is offered in [16]

and a similar boundary implementation for a tridagDWM using multi-port reflection factors is peeged in [29].

IV. APPLICATIONS OF THEDWM

The digital waveguide mesh in 2-D and 3-D has tagmplied to a diverse range of applications whareukition of
acoustic wave propagation within an enclosed sy$&emquired. What follows is a summary of recerstults and
research in this area, namely for vocal tract s3sif) object modeling, synthesis of room impulspoeses and

how this method can be extended to abstract higinegnsions.

A. 2-D Vocal Tract Modeling for Speech Synthesis

The well established 1-D Kelly-Lochbaum vocal tracbdel [4] is based on a linear series of concageha
cylindrical acoustic tubes, each of different crssstional area, and each tube section implemexgedl1-D digital
waveguide element. A number of developments anlihsic model include nasal tract, lip radiatiod asll losses
to synthesize the singing voice [39] and the usfaaftional waveguides to make lengthwise changdasatt shape
[40], [41]. Standard waveguide elements have laésmn substituted for conical equivalents usingteday methods
derived from the spherical wave equation. Thisréases model accuracy, giving higher-order areatifum
approximation, but adds to the computational load mtroduces possible stability problems [40],][42More
recent work has explored the possibility of repigcthe basic 1-D digital waveguide implementaticthva 2-D
DWM model that simulates the variation in crosstieeal area along the vocal tract directly through
appropriately shaped mesh geometry [43]. Formattems produced using the 2-D DWM implementatioa a
equivalent to those produced by a very high-regmiut-D digital waveguide acoustic tube based sitioh. The 2-
D model also offers simulation of cross-tract modie® to the additional dimension of freedom for ustiz
oscillation and propagation and approximately lineantrol over formant bandwidths via the additioreflection
parameter at the side walls of the vocal tractndéehe 2-D DWM vocal tract offers improvementsikinto other
developments based on enhanced order acousticatebefunction approximation, together with addisibomodel

flexibility such as the ability to simulate a spfitthe air channel used in the creation of sowud a /I/.
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The disadvantages of this proposed voice syntimes@hanism rests in its inability to simulate srhoabntinuous
dynamic changes to the tract area functions tditie articulated voice synthesis, and the higlsimgample rate,
fupdate r€Quired to ensure accurate tracking and mappingaal tract shape resulting in an implementaticat can
only work offline. Both of these problems have memalysed and a solution proposed in a new impiéatien of
the 2-D DWM [44]. In this new method, rather thamapping acoustic tube area function directly to2He DWM
geometry, a constant width 2-D rectangular DWM51dm long withfypgae = 44.1kHz, is used. The waveguide
element impedance across the width of this reclangyeometry is then varied according to the argztion
information. A minimum impedance chanr&l,, is defined as the lowest value across the rangmwels to be
simulated, corresponding directly to the largesissfsectional areAn.« and from this a maximum tract width
opening can be defined. Ampedance majs constructed for a particular vowel tract shapeh that each area
function valueA(x) along the length of the tract walls correspondsatmaximum impedance valig. An
impedance curve varying frod; to Zy,;, and back t@, at the opposite wall is then defined across thet ticcording

to a raised cosine function, with the minimum imgece channel equidistant between the tract walls.

A(x) 4
(@) N

Glottis Lips

min

Fig. 5. Forming the impedance mapped /u/ vowel DW[A) Cross-sectional area function; (b) rectdinenesh with raised

cosine impedance map.

Fig. 5(a) shows the cross-sectional area fundtiormationA(x) taken from MRI scans [45] as it varies along the
length of the vocal tract from glottis to lips.gFb(b) is the corresponding impedance map impaseass and along
the underlying rectangular 2-D DWM based on a 4-pectilinear topology. Areas of higher impedarare
represented by a lighter shading and the minimupethance channel can be observed as the darkealargathe
center of the map. Fig. 6(a) shows the resultorghéint pattern for this vocal tract shape, wheriteddy a noise

source at the glottis and measured at the lip €tk dotted lines have been generated from a leigblution 1-D
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waveguide model, using the same area functionsdmparison purposes and measured average formaes\are

also shown.
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Fig. 6. Formant patterns from the impedance mafp¥tM under noise excitation. (a) /u/ vowel compmhmeith a high

resolution 1-D model and average measured valbgga/lto /e/ diphthong compared with same 1-D rhode

Software developed to test the real-time dynamitabiwur of this 2-D DWM vocal tract model is avéaia for
download and use at [47] and initial results basedhis system were first presented in [44]. Tdpglication also
facilitates real-time dynamic articulation. An exale is presented in Fig. 6(b) demonstrating a smdioear
interpolation between area function data for tie /aard’, and /e/ - ‘bed’, vowels, under noisaisme excitation to
highlight the resulting change in formant patterns.

Fig. 6 shows that this new 2-D dynamically varyiD@/M demonstrates results in terms of simulated form
frequencies that are in good agreement with bdtigla resolution 1-D model and real world valuegy. B(a) seems
to indicate that the 2-D model is closer to reatld/éormant values than the high resolution 1-Decadthough this
accuracy actually varies with target vowel/track{sd and the real-world values used. In generaltwio modelling
methods are in good agreement with one anotheso,Aig. 6(b) demonstrates a smooth transition éetvwocal
tract shapes without any discontinuity for the labd 2-D cases, being of particular importance i Itter
example. Hence from these generally comparalsig@tsethe 2-D dynamically varying DWM can be seermffer
an alternative to current 1-D dynamic vocal tractdels, while also offering additional advantagesrahese 1-D
implementations as discussed above and present@®l]irior static simulations of the vocal tract.hél reader is
invited to test the software presented in [47] eachpare the audio output from both 1-D and 2-D nwdeder LF
glottal source excitation. Informal perceptualtites has demonstrated that users consider the amgle to be

more ‘natural-sounding’ than the similar 1-D case.
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This work is the first demonstration of a dynamligcalarying DWM model, in this case operating in Irgmne.
Most prior DWM work has been based on a staticaggmtation of the acoustic system under studylypdue to
the computational resources required for real-imglementation and user interaction, and partly supossible
discontinuities in the output from the resultingdab Hence this work potentially opens new ardagsearch and
application areas for DWM modeling, possibly movtoglirect user-input and feedback that has cusremly been
possible in 1-D digital waveguide synthesis. Ferttvork in this area will concentrate on developampropriate
tract wall boundary filters and facilitate lengtls@ishape changes for modeling lip protrusion reduior accurate
synthesis of the /u/ vowel. This work also dematet the potential of moving towards a full 3-D BWnodel

using 3-D MRI scans of the vocal tract shape inomafing complex-shape cross-sectional area data.

B. 2-D Object Modeling

The DWM is often used to synthesize the acoustipgnties of a 2-D or 3-D resonant body as thesectbjare a
fundamental component of most musical instrumesdsying to both amplify and modify the charactécsiof a
source excitation. Given that the resonating @spetmost instrument bodies are relatively smalplies that a
high resolution DWM implementation is feasible —raal-time in the case of the vocal tract modelvabowith
modern computing facilities. Consider the classiample of a 2-D ideal stretched circular membrarighe
resonant frequencies$,, can be defined according to the nature of theial regionswherem represents the
number of nodal lines positioned along thameterof the membrane anmdrepresents the number of circular nodal
lines, including the boundary. The fundamentadjfiency of an ideal membrarfg, can be calculated according to
its physical properties (for example as presemdd9]). Subsequent modes are fixed relativig;to

Fig. 7(a) shows the nodal regions of an ideal ctied circular membrane with diameter 0.5 m, implete using
a highly oversampled 2-D triangular DWM, wiffpeae = 192 kHz, resulting in a spatial sampling distarof
0.00253m and a total of 35742 junctions. The memdris excited near the boundary with a low-pdssrdid
impulse and an output is obtained at a junctiorr tiea opposite boundary. To model an ideal memdraith
clamped edges, the reflection coefficiemtsat the boundary of the mesh are set to -1. Towes(0,2), (1,1), (2,1)
and (3,1), are shown, with associated frequendiengelative tofy;. Fig. 7(b) plots the spectrum of the output

against the theoretical predicted frequenciestferftindamental and first nine modes.
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Fig. 7. 2-D triangular DWM model of a membranehnvd diameter of 0.5m. (a) Animation captures frima resulting
simulation demonstrating resonance at modes (@2), (2,1) and (3,1); (b) actual output spectmompared with predicted

modal frequencies.
Note that from Fig. 7(b) there is an exact corietabetween the predicted modal frequencies angktbbtained via
simulation and this is due to the high mesh samgtke used, minimizing dispersion error effectstfar bandwidth

studied, and ensuring a smooth mesh fit to theulgirdoundary of the membrane without using rimgaid
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Fig. 8. 2-D triangular DWM model of a physicallypossible system — a tri-foil radiation symbol meante with a diameter of

0.5m. (a) Animation captures from the resultingudation demonstrating modal resonances; (b) owpettrum.

An exciting possibility with physical modeling symsis is that, with clear defined rules governigpgtem
behavior, it becomes relatively straightforwardeitdend these rules to situations that could natteamr are difficult
to control, in the real world. Fig. 8 presents @neh example as an extension of the 2-D circukambrane, and
shows the two lowest modes of resonance from a Divhbrane simulation of a tri-foil radiation symiwaith
diameter and,pqaic @S before, this time resulting in a model consgstif 25549 junctions. Sound examples for these

simple 2-D objects are available at [48]. In isiolathe sounds produced from such basic 2-D menglsraalthough
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percussive in nature, are somewhat uninspiring regqdire a more complete model for accurate anddstimg
object synthesis and hence these examples shouttbrimdered as a starting point only. Further aege in
improved modeling of resonant objects has consil®@®/Ns for more complex theoretical multidimensibna
systems [3], specific aspects such as couplingla rBembrane to a 3-D resonator [28], improved noedr
excitation [49] and using simple DWM resonatorsntodel the high frequency characteristics of compisrument
bodies [31]. Also of note is the Sounding Objeij€ct that has explored physical modeling, inahgd2-D and 3-
D DWMs of resonating objects, with a view to maighithe perception of synthesized sounds to the ladde

objects that created them [26], [29], [50].

C. Synthesis of Room Impulse Responses

The first application of DWMs in the field of roomcoustics simulation was by Savioja et al. in 1928].
Fundamentally, synthesizing the characteristicsaobounded space using a DWM is exactly the same as
synthesizing the sound of a vibrating physical objeHowever in the latter example, sound outpujdserated
directly from the modeled object by reading sammhies at a scattering junction, whereas with r@moustics
modeling it is a Room Impulse Response (RIR) thatynthesized rather than the actual sound sourbe.RIR is
generally of little interest in terms of its diremtidio quality, however when convolved with an tadsy anechoic
audio input the result is to perceive the audias®as if placed within the modeled space. Alsorilative size of
the DWMs used as 3-D acoustic spaces are many tangsr than, for example, the 2-D vocal tract pnésd in
IV.A, and hence take considerably longer to exeoutdying offline RIR synthesis only.

It has been shown that DWMs offer accurate RIRIssis at low frequencies [51], and demonstraterabivave
phenomena such as interference and diffraction, {ph high frequency accuracy being limited fyae and the
dispersion error of the selected topology. Thist@sts with other RIR synthesis methods basedemmgtric
acoustic techniques [53] that are typically valid high frequencies only. Other research has esglbow 3-D
spaces, or their reverberant characteristics, might simulated using 2-D models, significantly rdadgc
computational resources [22], [54]. However theuaate simulation of DWM boundaries is still a kegearch area
with a view to how the physical properties of regsterials might be modeled. This has included hdwboundary

termination might be optimized for anechoic corati [55], leading to a new spatially averaged aggindor the
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0<r <1 case [56]. Optimized absorption/reflection asra wide range of angles of incidence fok+1< 1 has
been facilitated using thedmittance boundarynethod [57], where a DWM is terminated with aduligl layers of
boundary-nodes behind the actual boundary locaitioturn terminated using an optimal anechoic sotut

For accurate simulation of real acoustic boundafiexjuency dependent reflection/absorption must be
implemented. In [58], a boundary-node is replagéth a boundary filter defined to optimally matcliven
frequency dependent material reflection coeffideand implemented using a first-order IIR filter fa 2-D
rectilinear K-DWM. This results in a good approxzition to the target response, but is subject todtrectional
dependent characteristics of the mesh topologpgdess accurate for certain angles of incidence.

The other important characteristic of a real-watdustic boundary is whether a reflectiospgcular where the
angle of reflection is equal to the angle of incicke, ordiffusesuch that the incident energy is redistributedr ave
range of angles. Previous diffuse boundary impleatens for a DWM are effective but limited, eithie terms of
accuracy [20], or by sacrificing user control for @ptimal solution [59]. A new technique based 28] simulates
accurate diffusion with a high degree of contral @onsistency by rotating incoming junction signassa circulant

matrix at adiffusing layerof standardN-port W-DWM air-nodes adjacent to the boundary [60jhe model is

lossless, and allows other boundary conditiondh siscfrequency dependent absorption, to be easityporated.

Fig. 9. DWM room acoustics modeling RoomWeavemcorporating the latest implementations of fregyedependent and
diffusive boundaries. From left to right, a contplg defined acoustic space followed by wave pregpiag snapshots through a

2-D horizontal plane of the same space viewed iefréime mode.

Much of this recent application focused researchlieen incorporated as part of fReomWeaveDWM based
room acoustics research tool first presented if §bdé shown in Fig. 9. The purpose of the systeto iallow the
user to intuitively set up enclosed space geomdkoyndary surface, and source/receiver parametgrsred to
generate a RIR by means of a simple scripting lagguand Graphical User Interface. High qualityerberation
and auralization for a wide range of spaces/apjpiea are possible using high resolution 2-D tridag and 3-D

mesh topologies both based on a KW-hybrid impleatéott. A range of RIRs synthesized according tieda
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initial conditions and associated audio examplesaarilable for download [48]. For complete systh@f a sound
event it would be desirable to incorporate a 3-Dadyically variable instrument model within a lar§eb DWM of

a performance space, requiring appropriate interfpacross DWM types according to the space anuiment
models used. Although non-trivial this has beensatered in the case of a drum model using a Zdhdular
DWM membrane with a 3-D rectilinear shell [28], aimdthe more general case [3]. However such cotaple
synthesis could only be offered via the offline Rj&eration/real-time convolution processing payadiue to the
computational expense of full 3-D space modellirgich examples are presented in [48] for a 2-D DWéidal

tract processed with DWM synthesized RIRs.

D. The Hyper-Dimensional Digital Waveguide Mesh

From (6) it is clear that dimensionality is not émlnt in the scattering equations. For exampleltpert lossless
scattering junction is the main algorithmic builgiblock of both the 2-D rectilinear and 3-D tetrdieé mesh. The
spatial arrangement of the surrounding scattenimgtijons — the mesh topology — is the determinigidr and
hence it is possible to extend the scattering janatoncept beyond three spatial dimensionkyjger-dimensional
DWMs|23], [61], that have been shown as appropriateifoulating artificial reverberation [62].

At low frequencies, the acoustic characteristics aofroom can be modeled with sufficient accuracy by
approximating the main dimensions of a basic culnaidlel and simulating the corresponding resonarttesio In
real rooms there are typically additional architegt features that lead to frequency-dependengutegity in these
predicted trajectory lengths. Hence, at highegdencies, a typical RIR will demonstrate a largmber of densely
and irregularly distributed modal peaks that aredatermined by the basic geometry of the spaaaealdiowever
for high quality artificial reverberation not alf these modes need to be simulated directly, wihraximately 1500
modes distributed evenly or along a logarithmiclesdzetween 80 Hz - 10 kHz being sufficient for dgé and
natural sounding artificial reverberation [63]. anDWM, the number of primary resonant modes isaktm the
number of dimensions, with higher dimensions legdim a more irregular arrangement of modal peaksis
possible to extend these equations describingebgltant wave propagation to the hyper-dimensionaké, where
for each mesh dimensiaox, the primary mode has a frequency correspondinfc/®;) with L; defined as the

trajectory length. In aN-dimensional space standing waves occur at thevillg frequencies:
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_c [$(nY
fn1n2n3~--nN - 2 LZ:;( Lij i| (14)

wheren; is the integer index of the current mode for edichension and is the speed of sound. Furthermore, at a

specific modal frequency, the sound pressure \al@epoint X;, Xo, Xs,..., Xy) inside such is space is determined by:

> X
Pruynsn (Xt Xor Xayeen X)) = A CO{TJ (15)

i=1

whereA is an arbitrary amplitude coefficient.
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Fig.10. Frequency response information for 2310enb@VMs of varying dimension. (a) Theoretical modakribution varying

with increasing dimensionality; (b) frequency resge of a 2-D and 4-D DWM.

Examples of modal distributions calculated using) @re shown in Fig. 10(a). Note that the addil@dvantage
of a hyper-dimensional DWM reverb is the resulthigh density distribution of high frequency modehile/
simultaneously avoiding potentially problematic {erms of perceived sound quality) low frequencgorences.
This is due to the trajectories being kept shartenpared to a similar model with the same numbguraftions but
lower dimensionality and is demonstrated in Figlbl@omparing 2-D and 4-D DWMs. Hence hyper-diniemal
DWM reverb satisfies the requirement for a densk$jributed high frequency modal response whilengj\vthe
freedom for the more precise and sparsely arralayedrequency modes to be modeled with any oth@ragriate
techniqgue without frequency overlap. Further wdde a more natural reverberant effect requires the
implementation of frequency dependent losses talsit® air and boundary absorbtion as used in Rifhggis with

standard 2-D and 3-D DWM models.
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V. CONCLUSIONS

The digital waveguide mesh has been an active @fr@ausic acoustics research for over ten yearghofigh
founded in 1-D digital waveguide modeling, the pijles on which it is based are not new to reseaschrounded
in numerical simulation, FDTD methods, electromdgnsimulation et al. This paper has attemptegrtwvide a
considered review of how the DWM has been appliegicoustic modeling and sound synthesis problamkjding
new 2-D object synthesis and an overview of recesearch activities in articulatory vocal tract mlday, room
impulse response synthesis and reverberation diimulaThe extensive, although not by any meansestive, list
of references indicates that though the DWM mayehaarallels in other disciplines, it still offeramsething new in
the field of acoustic simulation and sound synthe$terhaps one reason for the continued intarekts area is the
natural and intuitive complex emergent behaviot teaults from such simple, locally defined scatigrequations.
However despite this perceived simplicity, it is@klear that there are still many non-trivial peohs to be solved.
There are few current examples of useful and playabtual instruments using DWM based sound sysithe
(although a virtual drum in the London Science Mumsehat can be played in real-time and is a retdizeof the
work presented in [28] is a notable exception) #nd is mainly due to the computational resoureggiired for
such a real-time model. Non-real time operatiomas a problem when simulating static, linear timeariant
systems such as a representation of an acoustie,spad hence most recent DWM work has focusetisnarea.
The real-time convolution of an audio input signdth the impulse response generated from such ahisdrivial
to implement on a modern computing platform anddss a commonly used sound processing operatiorilin©f
only DWM based virtual instruments for sound systleprohibit user interaction and severely limiayability.
However, some of the recent developments presémtitis paper, particularly those relating to dyigmeal-time
vocal tract simulation, are beginning to make gigant inroads in this area and will hopefully lemdnew DWM
implementations that can be applied more generaltyd more successfully - to the diverse rangeossible sound

synthesis applications.
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