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ABSTRACT 

This thesis describes the implementation of a hybrid method Geometrical 

Acoustics plug-in for Rhinoceros 4.0, a NURBS-based CAD program, which can 

represent curved surfaces with infinitesimal precision. The plug-in performs the image-

source and ray-tracing algorithms on Rhinoceros native geometry. Its results include 

auralizations and parameters such as Early Decay Time, Reverberation Time, Clarity and 

Definition. Its validity has been tested using the procedure from the third PTB Round 

Robin on Room Acoustics Simulation. Results from the plug-in are also compared with 

results from CATT-Acoustic, a proprietary Geometrical Acoustics program, with a few 

different room simulations. Having the capability of performing Geometrical Acoustics 

simulations in Rhinoceros presents the acoustical simulation community with an 

opportunity. The thesis concludes with some proposals for ways in which the plug-in 

may be used for future research. 
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1. Introduction to Pachyderm Acoustic 

1.1 Simulation Methods and their Assumptions and Limitations 

Geometrical Acoustics (hereafter often referred to as GA) have provided the 

acoustical consulting and research community with a set of efficient tools for the evalua-

tion of room acoustics for many years. The most prominent GA algorithm is the image-

source – ray-tracing hybrid method (hereafter referred to as the IS-RTM). Although the 

IS-RTM has weaknesses (which are discussed below), it is fast and practical for applica-

tions such as concert halls, auditoria and large factories. These positive qualities make the 

IS-RTM the preferred procedure in acoustical modeling. 

IS-RTM is a hybrid of two forms of wave-propagation analysis. The first of these 

is the image-source method, a deterministic method used to find the specular reflections 

in a space for a given source and receiver position. The other is ray-tracing, a method 

largely borrowed from optics. Infinitely thin rays are traced from a source object in 

random directions or according to a prescribed directivity pattern. The rays sample the 

space around the source. Just as in optics, the rays reflect from boundaries in either a 

specular or a diffuse manner. Information about where the rays reflect and the state of the 

rays upon detection by a receiver object provides information about the acoustical 

properties of the simulated space, each ray representing a contribution of energy to a 

simulated impulse response. While this powerful hybrid method is able to obtain very 

accurate results for certain applications, there are some assumptions of the method that 

must be taken into account when assessing the validity of IS-RTM. First of all, phase and 

frequency-dependent data are not fully accounted for. The only data typically represented 

in models for use in GA are the absorption and scattering coefficients of the room surfac-
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es. The omission of object characteristics such as frequency-dependent phase delay 

means that these programs all generate what is known as an energy response, or an 

impulse response calculated by methods primarily or entirely concerned with sound 

energy. (Elorza 2005, p. 22) 

Another assumption of current models is inherent in the method by which the 

room geometry is represented. Most proprietary GA programs simulate the surfaces of a 

room as planar facets described by a number of vertices and a face normal. In order for 

the model to be considered correct for the octave band being simulated the faces must be 

significantly larger than the wavelength. Appropriate acoustical models often appear to 

contain very little detail when compared with models built for visual rendering.  

There are numerous alternatives to GA methods. Some of the more popular me-

thods are the Boundary Element Method (BEM) (Kirkup 2007), the Finite Element 

Method (FEM) (Brebbia and Aliabadi, eds., 1993) and the Finite Difference Time 

Domain method (FDTD) (Liu and Albert, 2006). Both FDTD and FEM are concerned 

with reducing a vibrating medium to a finite set of nodes that approximate wave behavior 

in a computationally manageable set of calculations. In FDTD, a medium is divided into 

a series of nodes a given fraction of the wavelength apart in a three dimensional grid, and 

the pressure and velocity derivatives between the nodes are approximated from the 

characteristics of the wave motion using a series of finite difference equations. (Savioja, 

Rinne and Takala 1994) In FEM, an arbitrarily placed series of nodes divide a volume at 

controlled distances a fraction of the wavelength apart which are used to approximate the 

solution to a partial differential equation. In acoustics, these nodes (finite elements) are 

used to predict wave behavior as governed by the wave equation, discretized in both the 



3 

 

spatial and time domains. (Manoj and Bhattacharyya 2000) In BEM, a model is made to 

represent the boundaries of a fluid medium. From this, the solution to the Helmholtz-

Kirchhoff integral is estimated. These methods are often feasible for low frequencies, but 

are usually computationally impractical for high frequency analysis. (Rindel 2000) In 

each case, detailed information about the materials the model represents is also required 

for accurate simulations, and much of the required data is difficult to obtain. Even though 

wave-based methods achieve accurate results with greater certainty than geometrical 

methods do, geometrical methods remain the standard in acoustical practice because of 

the current difficulties associated with the above wave-based methods. 

1.2 Rhinoceros as a platform for Geometrical Acoustics 

In the past, GA programs have been available as stand-alone applications with 

their own interfaces and geometry representation systems. Because the focus of these 

projects has been the calculation itself and not ease-of-use, the interface is sometimes 

cumbersome. This aspect of GA tools has thus led to a specialization of these tools in the 

hands of acoustical consultants and researchers. This is curious because the tools are not 

dissimilar from the image rendering tools used by architects. A visual rendering program 

is usually implemented within the interface of some popular modeling program. If it were 

possible to perform a GA calculation within the framework of a popular modeling 

program, it would make these tools more accessible to architects and other professionals 

as well as acousticians. 

This thesis explores the implementation of a GA plug-in for Rhinoceros, a 3d 

modeling tool, with two goals in mind. The first is to prove that it is possible to imple-

ment a GA program within the framework of a popular 3d modeling program. The 
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second goal is to provide the opportunity for future exploration of the role of curved 

surfaces in this type of simulation by taking advantage of the powerful system that 

Rhinoceros provides.  

Rhinoceros is a Computer Aided Drawing (CAD) program which uses a geometry 

system that is able to represent curved surfaces with infinitesimal precision: Non-

Uniform Rational Bezier Splines (NURBS) – non-uniform, to allow them to vary in form 

based upon the placement of ‘knots’, and rational because they work by simplifying 

irrational B-splines and curves using rational polynomials. (Piegl, 1991) NURBS were 

developed in the 1950’s as a way of quickly and accurately designing and sampling 

curved surfaces. They were put into practice by such companies as Boeing Aircraft to 

represent the hulls of airplanes and have since become the de-facto standard for rapid 

prototyping and modeling of complex curved shapes. (Farin 1999,  p. xiii – xv)  Rhinoce-

ros is one CAD application that takes advantage of them.  

1.3 Implementation of Geometrical Acoustics in a CAD Platform 

  There are many advantages to implementing a GA simulation program within a 

platform like Rhinoceros. The main advantage is that the developer is able to provide a 

user interface created by specialists in CAD interfaces at no additional cost. In the case of 

Rhinoceros, the interface is robust and user friendly. By developing for Rhinoceros, 

acousticians will be provided with a superior user interface and architects will be pro-

vided with the tools to auralize and visualize space. 

 Rhinoceros presents us with an opportunity in geometrical acoustics. Few GA 

applications have been able to take advantage of true curved surface geometry. There is 

at least one author who has written on the use of parametric curved forms, which will be 



5 

 

mentioned in Section 2.2.1. The leading programs do not take advantage of any such 

system, however. NURBS are a form of parametric curve for which Rhinoceros has 

provided many user-friendly tools. Using their software development kit (SDK) it is 

possible to accomplish our first goal, which is the implementation of a GA plug-in for a 

popular 3d modeling program. Having completed this task, we will have provided the 

opportunity for researchers to easily investigate effective representations of curved 

surfaces in GA programs, using the Rhinoceros implementation of NURBS. Some 

suggestions for future work are described in Chapter 4. 

1.4 Thesis Project Intent 

The goal of this thesis as stated above is to create a fully functional GA plug-in 

which may be used as a free tool for professionals, researchers and acoustics or 3d 

enthusiasts. It will also serve as an open-source laboratory, which can be used as a 

starting point for the implementation of more complex and powerful methods of acous-

tical simulation and for research concerning curved surfaces. The plug-in and source code 

will be published on the internet under the conditions of the Greater General Public 

License. This will make the software available to all with the knowledge and the tools to 

use it freely and to alter it as needed. 
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2. The Field of Geometrical Acoustics  

This chapter surveys some basic acoustical principles, as well as the principles 

supporting Geometrical Acoustics. What follows is a description of the method used in 

our software as well as the rationale behind certain decisions which were made in the 

process of implementing our plug-in. 

2.1 Basic Acoustical Principles 

As discussed in the previous chapter, there are basic principles of sound which are 

accounted for in GA simulations, and there are principles which are neglected. This 

section is a discussion of the physics of sound and its relationship to GA algorithms. 

Sound, like light, propagates in waves which have characteristics of both frequen-

cy and phase. The speed of a wave-front is dependent upon the temperature of the 

medium. In the case of air, it is quantified by the following equation: 

. . 

In the above expression, c is the speed of sound in meters per second (m/s) and T is the 

temperature of the air in degrees Celsius. The natural dissipation of sound in the medium 

is dependent upon the propagation of the sound and air absorption. In the case of a 

spherical wave, the energy and pressure of sound dissipates according to the following 

equations: 

  . 

In Equation 2.2, p is the pressure, r is the distance traveled, and E is the energy. In 

addition to dissipation due to spherical spreading of sound, air absorption lowers sound 

energy with distance. Absorption by air is a term referring to the effect of air temperature, 

humidity and pressure on the propagation of sound, as all of these conditions affect the 

(2.1) 

(2.2) 
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movement of air particles in complex ways. There are many ways to estimate absorption 

by air. One of the most commonly known ways is to use the equations from ISO 9613-1. 

A simpler method was proposed by Evans and Bazley, and some authors consider it an 

adequate method for use in GA simulations. (Dalenbäck 2002, p. 264) According to 

Evans and Bazley, air absorption can be estimated using the following equation: 

  · . . 

 Where q is the attenuation coefficient in pa N / m, f is the frequency in kiloHertz 

and h is the relative humidity in percent. In order to obtain a value that is applicable to 

GA methods, a conversion factor to turn Pascal Newtons to deciBels must be applied.  

.
  · . . 

This is accurate for any space at 20° C. Temperature also has an effect on air absorption, 

which can be approximated by raising the result by 4% for each degree below 20° C, or 

lowering the result by 4% for each degree above 20° C. (Evans and Bazley 1956) 

 When studying broadband acoustical phenomena, it is general practice to consider 

sound in octave bands, or fractions of octave bands – that is, a range of frequencies on a 

logarithmic scale. The typical octave bands and their corresponding wavelengths in the 

range of human hearing at a sound speed of 343 meters per second are show below: 

 

 Much of sound’s behavior is dependent upon wavelength, which is determined 

from frequency using the following equation: 

. 

Frequency (ƒ) (Hz) 62.5 125 250 500 1000 2000 4000 8000 16000 
Wavelength (λ) (m.) 5.49 2.74 1.37 0.69 0.34 0.17 0.08 0.04 0.02 

(2.3) 

(2.4) 

(2.5) 
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In this expression, λ is the wavelength in meters, c is the speed of sound in meters per 

second, and f is frequency in Hertz. 

Every object in nature has characteristics with an effect on sound. Some of these 

effects are described summarily using frequency-dependent coefficients. For example, 

absorption coefficients (α) indicate the fraction of sound energy which is absorbed by a 

material (expressed as a number of some value from 0 to 1). Absorption coefficients are 

found using impedance tubes (for normal-incidence absorption (Long 2006, p. 251)) or 

reverberation chambers (for random-incidence absorption (Long, 2006, p. 255)). For the 

purpose of room acoustics (especially in rooms with diffuse fields (Vorlander 2007, p. 

180)), absorption coefficients are ideally obtained through reverberation chamber mea-

surements as detailed in ASTM C-423. Another object characteristic is transmission, 

which is a frequency-dependent measurement of how much sound passes through an 

object. For the purpose of GA, the transmission coefficient is added to the absorption 

coefficient, ensuring that none of the energy that would pass through an object is reflect-

ed in the simulation. Conversely, the term (1 – α) describes how much energy is reflected 

from a surface. Another commonly used coefficient is a scattering coefficient, which is a 

descriptor of the size and roughness of a surface in comparison to a wavelength expressed 

as a number from 0 to 1. There are several applications of this coefficient in GA, which 

are discussed in section 2.2. 

The wave equation most completely describes the propagation of sound. Howev-

er, the wave equation is difficult to solve for most practical room acoustics applications. 

When more complicated spaces need to be understood acoustically, approximations are 

required. As was mentioned in section 1.1, some approximations of the wave equation, 
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such as BEM, FEM and FDTD obtain very accurate results, but require impractical 

computation times for high frequencies and require data that is difficult to obtain. (Rin-

del, 2000) Because of their speed, ease of use, and reasonably accurate results, 

geometrical methods such as the one described in this thesis are the preferred approxima-

tions for professionals, even though they neglect the wave-based characteristics of sound.  

 An impulse response is used to measure the acoustical characteristics of real 

space.  First, an impulse – a sound with an ideally infinitesimal duration and an ideally 

infinite magnitude – is released in a room. This concept is impossible to realize in any 

physical system, but it can be approximated in a number of ways: handclaps, gunshots, 

balloon bursts, etc. The direct sound and the reverberant response of the room are record-

ed. The recorded response is known as an impulse response. Once a system’s response to 

an arbitrary force such as a unit impulse has been found, it is possible to predict its 

response to other forms of input. (Long 2006, p. 410) 

 The acoustics of a space can be described by a number of parameters which can 

be found using the impulse response of the space. Some commonly used parameters are 

Early Decay Time (EDT), T-30 (Reverberation time based on 30 deciBels of decay), 

Clarity (C-80 for music or C-50 for speech), Definition (D-50), and the Lateral Fraction 

Coefficient (LFC). (ISO 3382, 1997) 

The first two (EDT and T-30) are measurements of the reverberant characteristics 

of the space. Both are based on the calculation of the Schroeder Integral: 

 . 
(2.6) 
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S(t) is the integral function in deciBels, t is time in seconds, and p is sound pressure in 

Pascals. For data that is represented as an array of samples, as in our application, the 

integral can be reduced to a summation operation: 

  ∑ . 

Once the integral is found, EDT and T-30 can be extracted by performing a best 

fit linear regression operation over a portion of the integral. In the case of EDT, the points 

chosen for this operation are the point of 0 deciBels of decay, and the point of -10 deci-

bels of decay. In the case of T-30, the points are from -5 deciBels to -35 deciBels of 

decay. The slope of the resulting line is found. The resulting decay time of the operation 

is the amount of time it would take a line with that slope to reach -60 deciBels (one 

millionth of its initial energy). (ISO 3382, 1997) 

Clarity is an energy ratio that describes how well rapidly occurring individual 

sounds which can characterize speech or music can be heard. It is frequently used to 

determine the suitability of a space for speech or music by comparing the portion of clear, 

intelligible early energy to the portion of late reverberant energy. Clarity is calculated 

using the following equation: 

.
 

 In this expression, C is the clarity parameter, p(t) is sound pressure in Pascals, and 

t is a number indicating how much time the equation allots to the early portion of the 

impulse response. For speech, t is typically 50 milliseconds (often referred to as C-50). 

For music, t is typically 80 milliseconds (often referred to as C-80). Environments richer 

in early energy tend to be clearer and more suitable for speech. Environments richer in 

(2.8) 

(2.7) 
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late energy will tend to be less intelligible environments, where the reverberant sound is 

heard more strongly than crisp early reflections. 

 For speech, Definition is commonly used in lieu of C-50. Definition is calculated 

with the following equation: 

.

 · %. 

As in the previous equation, p(t) is sound pressure in Pascals, t is time in seconds, 

and D is the Definition parameter in percentage. This parameter is distinct in that instead 

of comparing the early energy to the later energy, the early energy is compared with the 

entire energy of the impulse response. 

Finally, LFC is a spatial parameter which measures the lateral energy received, 

which is considered an indicator of the subjectively perceived source width – also known 

as apparent source width.1 It is calculated using the following equation: 

| · |.
.

. .
 

In the above expression. pL is the lateral sound pressure measured with a figure of eight 

microphone, p is the sound pressure measured with an omnidirectional microphone, t is 

time in seconds, and LFC is the lateral fraction coefficient in percentage.  

  

                                                 
1 For more information on these paramaters, see Beranek, 2004, pp. 19-36(qualitative parameters), pp. 503-
534 (quantitative parameters)  

(2.9) 

(2.10) 
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2.2 Geometrical Acoustics: Theory 

 IS-RTM is a hybrid of several simulation techniques. This section first explains 

the basic theory behind geometrical acoustics, and the premises upon which the method is 

considered valid. It then describes each method that the IS-RTM utilizes, and how each 

contributes to the calculation in this implementation of IS-RTM.  

As was explained in the first chapter, GA, like Geometrical Optics, relies upon the 

premise that the propagation of sound waves can be approximated using infinitely thin 

paths such as rays or image-source paths.  This premise relies upon several assumptions. 

One, first posited by Fermat, is that in a homogeneous medium (like air in which temper-

ature is constant) any wave travels from a source to a receiver by the shortest path 

possible. (Pierce 1989) The shortest path between two points being a line, ray and image-

source methods are assumed to approximate the behavior of sound. 

Huygens’ principle is taken into account as well. The principle states that in the case 

of wave propagation, a new wave-front some distance d from a previous wave-front can 

be constructed by generating new waves from incremental points along that previous 

wave-front. Each point in the wave with equal energy lending its energy to the next 

wave-front, yields a wave-front with energy convergent in magnitude with the resulting 

magnitude of the inverse square law. (see Equations 2.2)  

Similarly, a ray or image-source path is a carrier of energy which simulates an infini-

tesimal fraction of the surface of a wave-front as it radiates from the source. In the case of 

image-source calculations, which account for only an infinitesimally thin path in space, 

spherical spreading is accounted for using the inverse square law of spherical propaga-

tion. (Pierce 1989) In the case of rays, which can statistically represent a very large 
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number of conical volumes of space along an infinitely thin path in many random direc-

tions, spread is accounted for by ‘counting,’ which is done by accounting for the number 

of rays and allowing the number of detections to statistically represent the distribution of 

energy along the impulse response. 

According to Huygens’ principle it is reasonable to impose a linear phase on an im-

pulse response constructed using Geometrical methods. Since along a given wave-front, 

the phase will be approximately the same, it can be assumed that the phase at any given 

point in the time domain will be approximately equal for every ray used to represent a 

wave. The way in which energy distributions from the calculation are given frequency-

dependent characteristics like phase are explained in Section 2.2.4. 

  
Figure 2.1: Huygen’s Principle as it applies to Geometrical Acoustics. Each wave-front has approx-

imately equal phase along its surface. 
 

2.2.1 Methods of Algorithmically Representing a Space 

 In GA, spaces are most commonly represented by piecewise planar facets. A 

surface is built of polygons which are composed of an infinite plane and a collection of 

boundary vertices which must be co-planar with the infinite plane to be valid. The plane 
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is represented algorithmically by a normal vector, which is perpendicular to the plane. 

(Weisstein 2008) The equation of a plane is: 

 

In the above expression, A, B, and C are the values of the normal of the surface, and D is 

a value which defines where in Cartesian space the surface is located. Lines are 

represented by the following eqution: 

 

In the above expression, A is the slope for the x component, B is the slope for the y 

component, and C is the Z-Intercept. For a system like this, line and ray intersections are 

simple to implement and efficient computationally. Such systems have limitations, 

however, in that they are limited to flat surfaces. Curved surfaces have to be approx-

imated using planar surfaces. As was mentioned in the first chapter, this project aims to 

challenge common room representations in Geometrical Acoustics, by using Rhinoceros 

to gain access to other geometric representation techniques. 

 Some GA programs already use a system which accurately models curves. 

SOFIS, Zeng’s Geometrical Acoustics implementation, includes a parametric curve entity 

which can be used to represent curved surfaces. (Zeng 2002) In this implementation, we 

use NURBS which are represented by the following equation: 

   ,  
∑ ∑ , , , ,

∑ ∑ , , ,
      (2.13) 

In the above expression, S(u,v) is the Z magnitude of the surface, u and v are the surface 

coordinates, w represents the ‘weights’ of the surface, P represents the control points, and 

N represents the normalized B-spline basis functions. From the above equation, it is 

possible to obtain any line intersection and any unique Normal for any point on the 

(2.11) 

(2.12) 
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surface. Because much of the work of finding intersections with NURBS surfaces was 

completed by the developers of Rhinoceros, and because the focus of this thesis is the 

application of NURBS to Geometrical Acoustics, the method by which intersections on 

NURBS surfaces will not be covered here. A few observations on the use of NURBS 

with Geometrical methods are mentioned in section 3.1. 

 

Figure 2.2: A Plane element (left) and a NURBS surface element (right). NURBS allow curves of 
infinitesimal precision. 

 

2.2.2 The Image-Source Method 

The Image-source method has been commonly used for studying specular reflections 

in rooms for decades. As early as 1930, Eyring used the image-source method to explore 

the specular reflections in what he termed “dead” rooms. (Eyring 1930) It was not until 

Allen and Berkley performed their exploration of its application to simulating a room 

impulse response in a rectangular room (Allen and Berkley 1979) that it was used as a 

tool for simulating the acoustical characteristics of rooms. The method was extended to 

arbitrary polyhedra by Borish, (Borish 1984) who introduced the necessity of implement-

ing an algorithmic check for visibility. His contribution was essentially a validity check 

to be certain that 1) a path indeed hit a surface on its actual area, rather than the area on 
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the infinite plane that defines the surface, and that 2) the path was not occluded, or 

intersected by another surface.  

In the image-source method, source and receiver objects are represented as points. 

The source is sometimes represented with directivity data, which allows specific types of 

sources to be modeled, such as loudspeakers, musical instruments, or voices. For first 

order reflections, the source is mirrored over each surface in a room such that the image 

is as far from one side of the surface as the source is from the other side of the surface (as 

shown in Figure 2.3). The data needed for the mirroring operation are the normal of the 

surface, and the distance d from the point to be mirrored (the source in this case) to the 

closest point on the surface. If the normal is oriented towards the point, then the mirrored 

point will be created exactly twice the distance d between the surface and the point in the 

opposite direction of the normal. 

 

Figure 2.3: The mirroring operation. The image is placed exactly twice d in the opposite di-
rection of the normal of the surface. 

I 

S 
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An intersection point with the surface is then found with the line between the re-

ceiver and the mirrored point. This point is then connected to the source, completing the 

path. For higher orders, the above is repeated, except that after the first mirror image is 

created, the image must be mirrored over each other surface again. The image is mirrored 

as many times as the order of reflection being found. The path is then constructed by 

finding the intersection point between the last mirror image and the receiver on the last 

surface used to mirror it, and linking it to the next image, etc., until the path has been 

connected to the source. The validity checks developed by Borish must be performed on 

every reflection, in order to verify whether or not the reflection found is a real reflection 

that would be heard in the room being simulated. This includes a check to be certain that 

each reflection point exists on the real area of the surface, and that no other surface 

intersects the path between the reflection points. 
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Figure 2.4: The Image-source Method in 2 dimensions 
a.) Four first order image-sources and their associated reflections 

b.) A single second order reflection with two image-sources 
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Figure 2.5: The image-source method in 3 dimensions 

a.) Five first order image-sources and their associated reflections 
b.) Two second order reflections with two image-sources each 
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The energy is then calculated as though the path were a direct representation of 

the energy of the wave-front. Spreading, air absorption and surface absorption all need to 

be accounted for. In the case of a point source, energy would be calculated according to 

the following equation:2 

 ∏ . 

In the above expression  is the initial energy,  is the energy of the path at the receiv-

er, D is a factor accounting for source directivity, q is the air absorption coefficient, r is 

the distance traveled from the source to the receiver, M is the number of reflections in the 

path and α is the absorption coefficient of surface j. If scattering is included in the calcu-

lation, the energy must also be reduced by a factor of (1 - s) for each reflection (where s 

is the scattering coefficient), yielding the equation: 

 ∏ . 

The method is repeated until every possible combination of surfaces has been 

checked up to the specified order. This means that for a calculation of all specular reflec-

tions up to second order for a six surface model, the model would calculate six reflections 

for the first order (one for each surface) and then run five calculations for each surface for 

the second order (one for each surface other than the one used for the first reflection). 

This amounts to 36 image-source path checks, which is the square of the number of 

surfaces in the model. Similarly, a third order calculation would require 186 path checks. 

Image-source calculations increase in computation complexity exponentially with reflec-

tion order, meaning that higher orders would take a great deal longer to obtain with this 

                                                 
2 This equation is modeled after the equation designed by Zeng for the calculation of the energy of 
raytracing detections in Zeng, 2003.  

(2.14) 

(2.15) 
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method. If it were necessary to find every high order specular reflection, this would be a 

problem. However, since reflections later than third or fourth order tend to have signifi-

cantly less energy and are perceptually less significant, it is usually not necessary to find 

every extremely high order specular reflection. For this reason, the image-source method 

is still the most popular method of obtaining the earliest and most important specular 

reflections, as it is certain to find them all up to a specified order. 

2.2.3 Ray-Tracing 

Ray tracing is a method commonly used in optical rendering which has been 

adapted for use in acoustical analysis. A ray is an infinitely thin carrier of energy, 

representing a spherical wave with “an infinitely small opening angle.” (Vorländer 2008, 

p. 58) There are several different ways to perform an acoustical ray-tracing operation. All 

of them are variations of a basic process:  

1.) Fire a ray in a random direction from a source point. 

2.) Find the nearest intersection point in the model. 

3.) Using the intersection point and the normal of the surface, determine the di-

rection of the reflected ray. 

4.) If some condition which stops the ray has not occurred, repeat from step 2. 

Additionally, somewhere in the process, the ray may be detected by a receiver ob-

ject, at which point the detection is recorded, and information about the ray is stored for 

later use. This operation can be used to obtain the specular or diffuse part of the impulse 

response, both of which are explained below. 
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2.2.3.1 The Specular Part 

Vorländer’s technique for obtaining specular reflections efficiently is outlined in 

this section. (Vorländer 1989) In order to obtain the specular part using ray-tracing, a 

number of rays are fired as described above, each reflection being specular in nature.  

 Specular reflections are ray reflections in which the exiting ray is cast from the 

surface at an angle exactly incident with the angle of arrival. The direction is chosen 

using the following equation: 

 • . 

In the above expression, R is the exiting directional vector of the ray, A is the arriving ray 

directional vector, and n is the Normal vector of the surface. (Suffern 2007, p. 281) 

 

Figure 2.6: Diagram of a specular reflection. Using Equation 2.16, specular reflections can be found 
in an efficient manner. 

 
After each intersection point is found, a check is performed on a volumetric re-

ceiver object for ray intersections. Whenever a receiver intersection is found, the 

sequence of surfaces which the ray visited is saved. At the end of the operation, the 

collection of sequences is checked for duplicates, which are culled from the collection 

and each sequence is checked using the image-source method. In ray-tracing, duplicate 

paths would normally not be a problem, since the density of detections provides statistical 

(2.16) 
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information about the distribution of energy according to spherical spread. (Lehnert 

1993) Since the end result of this method is image-source paths, in which spread is 

accounted for not by counting but according to the inverse-square law (Equations 2.2), 

multiple detections must be eliminated. 

 If a valid image-source path is found using a sequence found by this method, then 

it is saved and applied to the impulse response. This method was proposed as a combina-

tion of ray-tracing and image-source calculation methods. It is an improvement upon 

image-source methods as it can obtain late specular reflections without having to run time 

intensive image-source calculations of very high order. The problem with using only this 

method in lieu of either the pure image-source method or ray-tracing is that 1) it is 

impossible to be certain that all of the important reflections are found, and 2) it does not 

take into account diffuse reflections. While ray-tracing for specular reflections makes a 

great compliment to these methods, it cannot replace them. 

 
Figure 2.7: Ray-Tracing for the Specular Part 

In this example, a single ray found a specular reflection with image-sources 
mirrored along planes 4 2 3 and 4.  
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2.2.3.2 The Diffuse Part 

In the technique detailed by Heinz (Heinz 1993), ray-tracing is also used to obtain 

the diffuse part of the impulse response. As in the image-source method, the source of all 

rays is modeled with a point object, which may contain directivity data. Rays are cast 

from this object in random directions, as specified by the directivity data. The first leg is 

checked for intersections with the receiver objects, and any detections are recorded as the 

accumulation of direct sound. Then with each reflection, the ray’s energy is multiplied by 

the reflection coefficient of the boundary (1 – α), and a random number in the range of 0 

to 1 is compared with the appropriate octave band scattering coefficient of the boundary. 

The reflection is treated as specular unless the random number is less than the scattering 

coefficient, in which case a random direction is chosen for the next reflection, usually 

based on Lambert’s law. Before each reflection direction is chosen, if the last reflection 

was diffuse then volumetric receiver objects are checked for intersections with the last 

leg of the ray. If there is an intersection, the energy of the ray at that point is recorded. 

There are many models for detecting and recording ray energy. In Heinz’ original model, 

the energy of the ray was detected by a stationary spherical receiver with a radius of one 

meter and energy was recorded based on the surfaces it had hit, and the air absorption up 

to that point. Rays are stopped when the sound pressure level diminishes below a defined 

minimum or the ray reaches a specified maximum travel time.  

Because a separate scattering coefficient is specified for each octave band, a sepa-

rate ray must be traced for each octave band for each starting direction. This means that 

when a calculation of 20,000 diffuse rays is run for 8 octaves, 160,000 rays are traced. 

(Heinz 1993)  
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Figure 2.8: The Diffuse Ray-Tracing method 
The ray reflects in ways both specular and diffuse. A ray reflected specularly 

will not be detected when it strikes a receiver. If a ray strikes a receiver when the 
last reflection was diffuse, it will be detected. 

 
2.2.3.2.1 Diffuse Reflection Models 

Most authors use Lambert’s law to determine the characteristics of a diffuse ref-

lection. There are several ways to implement Lambert’s law, and there are alternatives to 

Lambert’s law. As such, this problem warrants some extra thought. 

Lambert’s law was first stated in 1760 as an observation that the moon and the 

planets appear to be evenly lit, even though the angle of incidence based on the normal of 

the surface was not the same at all locations on the surface. (Zook 1976) In recent dec-

ades, it has come to take a number of forms. In all cases, a random direction is chosen. In 

one of the most common methods, the energy is weighted according to: 

 . (2.17) 



26 

 

In this equation, E is the resultant energy,  is the incident energy of the ray, and 

Ө is the random outgoing angle. In another common method, a probabilistic directional 

weighting is performed using the following equation: 

 √  . 

In this equation,  is the outgoing angle, and u is a random number. (Wang, Zeng and Liu 

2006) 

 

Figure 2.9: Lambert’s law: The length of the reflected ray (representing either the 
amount of energy, or the probability of the ray being sent in a direction) is propor-

tional to the cosine of the outgoing direction with the surface normal. 
 

A commonly used model for diffuse reflection according to Lambert’s law is Kut-

truff’s ideal diffuse reflection model, which takes into account the distance the ray has 

traveled, in addition to the new direction. In this model, the new intensity of the ray is 

determined by the following equation (Kuttruff 2000, p. 111):  

(2.18) 
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  · . 

In this expression, I(r) is the new intensity of the ray before being multiplied by the 

absorption coefficient, is the intensity (which is often interchangeable with energy) of a 

bundle of parallels rays striking the surface dS,  is the incoming ray angle, is the 

outgoing ray angle, and r is the distance the ray has traveled to reach the surface from the 

source. There is a caveat to using this procedure. The diffusing element must be consi-

dered a secondary source, and must distribute its energy in all directions, or the weighting 

of the ray is invalid (a great deal of energy is unaccounted for and lost). Since this 

implementation seeks to replicate Heinz model as a starting point, and Heinz specifies no 

secondary ray-casting, an energy weighting appears inappropriate for this application. 

There are examples of programs which take different approaches to Lambert scat-

tering. The method used in Odeon, (Christensen 2008) for example, treats diffuse 

reflections from the initial ray (the ray that is initialized at the source) with a method 

called vector-based scattering. In this method, a diffuse ray direction is found which 

conforms to Lambert’s law and has the energy of the incoming ray multiplied by a factor 

of ( 1 – α ) s. It then finds the specular reflection, weighted by a factor of ( 1 – α ) ( 1 – s 

). It then adds the two rays together according to the laws of vector addition. In this way, 

the ray can be said to embody characteristics of both specular and diffuse rays. 

(2.19) 
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Figure 2.10: Odeon’s Vector-Based Scattering 
Odeon treats the initial ray differently from all scattered rays. 

Odeon also uses a variant of Lambert-based scattering called Oblique Lambert to 

create secondary rays from reflection points. In this method, a Lambert based direction is 

found which is skewed by the incoming ray’s direction. The algorithm does not make any 

provisions to redirect rays that are directed outside of the model, so instead, it weights the 

resulting secondary ray by a coefficient from one to two, where one would be assigned to 

a ray perpendicular to the surface normal, and two would be assigned to a ray which falls 

parallel to the surface normal. (Christensen 2008)  

 
Figure 2.11: Odeon’s Oblique Lambert. 

Odeon uses a unique scattering method, which skews the results of a typical Lambert-Ray dis-
tribution according to the incoming direction. 
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In order to realize Heinz’ method correctly, a Lambert scattering model must be 

implemented. There is no clear right or wrong way to implement this, so something must 

be chosen which applies well to the ray-tracing implementation. Given the fact that if the 

diffuse ray in this implementation were weighted with Lambert coefficients from 0 to 1, 

the ray’s energy would decrease much more rapidly than it would in real life, the correct 

way to implement it is most likely using a probabilistic directivity method (see Equation 

2.18). From experience, (trial and error) the author can say that the probabilistic method 

seems to work best. 

2.2.3.2.2 Receiver Models 

Since Heinz first published this method, other methods for receiving rays have 

since been tested and proven which have certain advantages over stationary receivers. 

Lehnert explored the concept of an expanding receiver as a method which eliminates 

errors in ray-tracing. The receiver would expand according to the following equation 

(Lehnert 1993): 

· . 

In the above equation,  is the radius of the receiver sphere in meters, c is the 

speed of sound in meters per second,  is the time it takes for the ray to reach the receiv-

er from the source, and N is the number of rays cast from the source. Recently, Zeng has 

developed a new receiver sphere. The method includes a weighting factor for the volume 

of the room, and determines the volume of the receiver by setting it equal to the volume 

of the cone of each ray (Zeng 2006): 

·  

(2.20) 

(2.21) 
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 . 

 In the above expressions,  is the radius of the receiver, is the distance tra-

veled by the ray, N is the number of rays cast by the source, k is a constant which weights 

the receiving sphere according to the volume of the room, and V is the volume of the 

room. Detections are found by intersecting the line with the spherical receiver. If inter-

section points are found, the sound power of the detection is calculated by the following 

equation: 

 · · . 

Where  is the initial sound power of the ray,  is the sound power at the time 

of detection, D is a directivity factor, N is the number of rays, q is the air absorption 

coefficient,  is the distance traveled by the ray to reach the receiver from the source, 

M is the number of surface reflections in the path and α is the absorption coefficient of 

surface j. 

A weighting is applied to the ray which takes into account how close to the center 

of the sphere the ray intersected: 

 
 ·

. 

In the above expression, E is the energy of the detection,  is the resulting sound 

power from equation 2.22,  is the distance the ray traveled across the spherical receiv-

er (from intersection point to intersection point), and  is the volume of the receiver 

sphere at the time of detection. (Zeng 2006) While spreading is not accounted for using 

1/  it is accounted for by the density of ray detections, which will decrease with time as 

the density of rays decreases and fewer detections are found. (Vorländer 2007, p. 176) 

(2.22) 

(2.23) 

(2.21 cont’d) 
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Using an expanding spherical receiver makes ray-tracing similar to what is known 

as cone tracing. While an actual cone is not traced, each ray becomes more than an 

infinitely thin line. (Vorländer 2007, p. 58) It becomes representative of a conical volume 

of space with a meaningful opening angle, leading to a more complete spatial sample and 

potentially lowering the number of rays required to achieve an accurate result. The radius 

of the receiver is equivalent to the radius of the lateral cross section of an imaginary cone 

encompassing the ray. 

 
Figure 2.12: Expanding Receivers and Cone-Tracing.  

By implementing an expanding receiver, a ray is granted an imaginary conical volume, potentially 
enabling more complete ray coverage with fewer rays. 

 

Rays may also be detected by cubes. While cubical receivers were once thought to 

be computationally more efficient receivers than spheres, (Ondet and Barbry 1989) it is 

now apparent that cubes exhibit non-uniform directional characteristics, (Lehnert 1993) 

and so can introduce errors.  

2.2.3.2.3 Computation of the diffuse response 

 At the end of the calculation a time-domain histogram with a 5-10 millisecond 

resolution is created for each octave band containing the energy from each detection. This 

signal resolution is a popular choice for a reasonable compromise between detail and 
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computational efficiency. (Vorländer 2007, p. 186) The use of these histograms in 

creating the impulse response is covered in Section 2.2.4. 

 While the diffuse ray-tracing method can be used on its own, parameters such as 

EDT, D and C-80 would be less accurate. Without a calculation of the specular reflec-

tions, especially in environments which have a significant contribution from specular 

reflections, the early detailed impulse response will be inaccurate. Conversely, where 

pure image-source techniques neglect the diffuse characteristics of a space, image-source 

methods which also incorporate a form of this technique yield a more accurate response 

for the space being simulated. (Bork 2000) 

2.2.4 Combining the Results and Creating the Impulse Response 

Once the image-source and ray-tracing calculations have been completed, the impulse 

response must be constructed. As was mentioned above, the diffuse ray-tracing method 

creates histograms organized in 5 – 10 millisecond bins in the time domain. Each octave 

band has its own histogram at this resolution, and each ray detection is added to the 

appropriate bin for its octave band and arrival time. Then for each image-source path, 

there is an arrival time, and an energy calculation for each octave band. Because the two 

ray-tracing methods take spherical spread into account in very different  ways, the entire 

record of diffuse reflections must be normalized in such a way that the direct sound 

recorded by the method is the same as the direct sound as calculated by  the image-source 

method. Equation 2.24 is the direct sound of the image-source method, and Equation 

2.25is the direct sound of the ray tracing method. 

  

 

(2.24) 
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. 

In these expressions,  is the sum of the energy of all unreflected ray detections as 

recorded by a stationary receiver,  is the energy of the precisely calculated direct sound 

according to the image-source method,  n is the number of direct (unreflected) detections, 

 is the initial energy, D is the directivity of the detected ray, q is the air absorption 

coefficient, and r is the distance a traveled from the source to the receiver. Each bin in the 

ray-tracing histograms is multiplied by a factor of (  / ), which is found individually 

for each octave band calculated.  

For the purpose of quickly calculating acoustical parameters, the energy from 

each image-source path (see Equation 2.15) is added to one bin in all eight histograms. 

From these histograms, a series of Schroeder integrals can be calculated, as can parame-

ters like EDT, T30, Clarity and Definition.  

 For the purpose of auralization, an impulse response can be created from the 

histograms described above. The normalized histograms are expanded to the sampling 

frequency of the recording to be filtered (usually 44.1 kiloHertz). Heinz recommends that 

each bin be multiplied by a Poisson distributed series of dirac pulses, which would 

subjectively sound like white or colored noise. (Heinz 1993) Kuttruff recommends that 

the histogram be smoothed using a Poisson distribution of “exponentially generated 

random numbers.” (Kuttruff 1993) Regardless of which method is used, the high resolu-

tion response is then bandpass filtered to give it the frequency-dependent characteristics 

(like linear phase, as permitted by the Huygens principle (Section 2.2) of its octave band). 

(2.25) 
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After the new histograms are complete, the energy from the image-source paths 

(Equation 2.15) are added to each histogram in the appropriate place in the time domain 

at the new resolution. As a final step, the histograms are added together, resulting in a 

broadband impulse response that can be used for auralization. A simple omnidirectional 

auralization can be created by performing a convolution of the impulse response with an 

anechoic recording. This is best performed in the frequency domain using a fast Fourier 

transform convolution, as long signals can be convolved in a reasonable amount of time. 

(Smith 1997) 

Auralization is a powerful tool that can allow one to experience an acoustical en-

vironment before it is built. However, some claim that auralization is still not as accurate 

as it should be to fulfill this role and that further research is needed. (Lokki and Savioja 

2005) 
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3. Pachyderm-Acoustic: The Implementation 

 As was mentioned earlier, Pachyderm-Acoustic is an implementation of the IS-

RTM in the context of Rhinoceros. This chapter addresses the process of developing in 

Rhinoceros, specifically the advantages and disadvantages of working within this envi-

ronment.  

3.1 Programming the IS-RTM. 

 The current implementation of the IS-RTM is described in Chapter 2 in detail. 

The plug-in takes advantage of Rhinoceros’ .Net Software Development Kit (SDK) to 

access Rhinoceros code written in C++. Since this requires some exchange between 

programming languages, there is a slight loss of efficiency. For this reason, calls to 

Rhinoceros code are made judiciously where possible, and where they are not, there are 

plans to rewrite optimized custom versions of certain Rhinoceros functions in the future. 

These are detailed in this section.  

3.1.1 Developing in VB.Net  

 Working in .Net allows us some interesting advantages. First of all, developing an 

interface is simplified. Second, .Net automates the processes of memory allocation and 

garbage collection (freeing memory), minimizing programmer errors. Finally, it allows us 

to work in an object-oriented framework using the visual basic syntax, resulting in very 

simple and readable code. Since one of the goals of this project is to release an open-

source plug-in, this is a key point of the implementation. 

 As was mentioned earlier, the price for this is a loss of efficiency, and a need to 

minimize these losses by writing alternatives to Rhinoceros’ C++ code. This has been 

completed to some extent. A great loss of efficiency would have come from using 
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Rhinoceros vector transformation code to generate the reflections. Rhinoceros treats all 

transformations (object movements, rotations and scaling) with a transformation matrix. 

While this is probably a wonderful compromise between efficiency and flexibility, it is 

not the most efficient way to handle the simple vector transformations required by the 

reflection algorithms in this program. As a result, new code was written for ray reflec-

tions. Specular reflections are handled according to equation 2.16. Diffuse reflections are 

handled with custom code as well. 

 As was mentioned in Section 2.2.3.2.1, the diffuse-reflection strategy chosen for 

this implementation of the IS-RTM is to probabilistically determine the direction of 

reflections, rather than weight the energy. A random number is chosen to represent the 

azimuth angle (multiplied by 2π). The angle of elevation is determined using equation 

2.15. The new vector is determined using the following equations: 

 

 

. 

 In the above expressions, x, y and z are the Cartesian directional components of 

the vector,  is the azimuth angle, and  is the elevation angle. These components are 

then multiplied by a series of vectors which are specially constructed to translate the 

space of the constructed vector to the space of the Normal of the surface. 

 The other main Rhinoceros function that is used many times during a calculation 

which might have been better to translate into VB.net is the ray/sphere intersection code. 

This code appears to work in the optimal way, but it still must be accessed through the 

(3.1) 
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Rhinoceros toolkit, which results in a slight loss of efficiency. Because this is not as 

serious a problem as the reflection code was, this is considered future work. 

3.1.2 The Rhinoceros ONRayShooter Class 

 Because one of the goals of the project is to explore using GA algorithms with 

curved surfaces, it is preferable to perform ray-tracing directly on NURBS surfaces, 

rather than the piecewise planar meshes that most proprietary GA programs use, at least 

as a starting point. McNeel has been gracious enough to supply a compiled ray shooter of 

their own that finds the nearest intersection of a ray on a collection of surfaces. The 

ONRayShooter class, while convenient and powerful, presents a few challenges to 

developers. Although it will trace specular reflections for whatever distance it is asked to, 

it will not check our receiver for intersections and it will not change the reflection direc-

tion when a surface with a high scattering coefficient is hit, as is required for the diffuse 

ray-tracing algorithm described in Section 2.2.3.2. For this reason, it is necessary to wrap 

the function with some code which stops the ray after every intersection, makes some 

important checks, supplies a new ray direction, and then calls the ray shooter again to 

‘shoot’ the next leg of the ray. This is exactly what this plug-in does. While this process 

was not difficult to implement, the problem with it is that every time a function from the 

ONRayShooter class is called, the entire surface collection is sent to code written in C++. 

It is unclear whether the surface data are transferred every time, or a pointer to the data in 

memory is sent to the C++ function. This same function call is made millions of times per 

simulation3, which is likely to be a very inefficient way to run such a calculation. 

                                                 
3 An average ray in the diffuse calculation performed on the Round Robin III model described in chapter 4, 
for example reflected approximately 100 times, and at least 25,000 rays were cast in every case. This 
means that a function from the ONRayShooter class was called approximately 2,500,000 times. 
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 Most of these difficulties will be addressed for Rhinoceros 5. Correspondence 

with Dale Lear, the developer of the ONRayShooter, shows that there will likely be a 

way of initiating “callbacks” in between legs of rays, allowing a developer’s code to gain 

control of receiver detections and reflection directions without stopping the ONRayShoo-

ter. There would still be a number of movements between .Net and C++, but the need to 

send the surfaces back to the ray shooter will be eliminated, which could allow a substan-

tial speed increase. 

 Another drawback is the use of a spatial partitioning system that was not designed 

for long ray-tracing operations. One initial goal of this project was to implement an 

octree based system for the acceleration of ray-tracing operations. McNeel recommended 

against this, however, as a spatial partitioning system that subdivides the surfaces into a 

binary tree is already in use, and a second spatial partitioning system might be redundant 

and add little or no benefit in speed. If a better spatial partitioning system is desired, the 

best way to implement it would be to write a different ray-tracing system.  

 A final drawback is that the ONRayShooter class does not indicate which surface 

a ray hit. This problem will also be fixed in Rhinoceros 5, but until then, our plug-in 

compensates for this with the implementation of a kind of Voxel Grid similar to that 

developed by Amanatides and Woo, but without a Voxel traversal.4 The bounding box of 

the model is split into a series of voxels numbered from 0 to n-1 (where n is the number 

of voxels in the specified dimension) each with a list of surfaces contained or partially 

contained by each voxel. (see Figure 3.1 below) When an intersection point is found, the 

                                                 
4 See Amanatides and Woo, 1987 
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voxel encompassing the point is located using the following equation for each Cartesian 

dimension ( i = x, y or z): 

 . 

In the above expression, i is the x, y or z coordinate of the point,  is the index of the 

voxel for the Cartesian dimension being examined,  is the minimum value of the 

bounding box in the dimension being tested, and  is the distance that a single voxel 

occupies along the dimension being considered. Knowing which box the point fell into is 

useful because it significantly reduces the number of surfaces that need to be checked 

when figuring out which surface the ray hit. 

 
Figure 3.1 Diagram of a Voxel Grid 

Each voxel holds a list of surfaces contained by or intersecting it. This enables fast location of a 
point in the grid, and optimized location of the surface a ray hit. 

  

(3.2) 



40 

 

3.1.3 A basis for Open-Source Development 

 Certain classes have been left inheritable for the purpose of letting developers 

experiment without having to alter the code that is known to work properly. Since there 

are many ways to perform a ray-tracing operation, the Acoustical ray-tracing class 

AcousticalRayData has overridable functions. The original class is the diffuse ray-tracing 

algorithm described in Section 2.2.3.2. An inheriting class performs the specular ray-

tracing algorithm described in Section 2.2.3.1. The scene definition class AcousticalScene 

is inheritable so that developers can include more information if needed. Finally, the 

Receiver class, which is used by all calculation methods in this plug-in is inheritable. The 

basic Receiver class is a stationary receiver with a radius of 1 meter. Two inheriting 

classes implement Lehnert’s expanding sphere receiver and Zeng’s expanding sphere 

receiver, as described in Section 2.2.3.2.2. Using these inheritable classes, other similar 

methods can be implemented with relative ease.  
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. 

3.2 Creating an Interface 

 
 Figure 3.2: Rhinoceros Interface with Pachyderm-Acoustic Installed 
  The author likes to dock the interface on the left-hand side of the screen. 
 
3.2.1 Using the Plug-In Interface 

 Figure 3.2 shows the interface of Rhinoceros with the plug-in installed.5 The 

command line is usually located at the top left corner of the viewport and works very 

similarly to the command line interfaces of similar CAD programs. The Rhinoceros 

viewport system is where the space to be tested is modeled. Currently, all operations 

                                                 
5 The plug-in can be installed as any other plug-in for Rhinoceros is installed. Please consult the Rhinoce-
ros documentation for instructions. 
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within the plug-in are completed on NURBS surfaces. While it is possible to create mesh 

entities in Rhinoceros, the plug-in implemented here does not use them at this time. 

 As long as the surfaces are flat, it is possible to run a full calculation including the 

image-source method using these NURBS surfaces. While it is impossible to find a 

mirror image for a point using a curved surface, it is currently possible to run a ray-

tracing calculation on curved NURBS surfaces using this plug-in.6 

 

Figure 3.3: The Impulse tab of the Pachyderm-Acoustic Interface.  
This is where the settings for the calculation are entered. 

 

  

                                                 
6 Occasionally a condition is found by the ray-tracer which cannot be resolved. McNeel is always looking 
out for these conditions. It is recommended that should anyone find one, they email Dale Lear at McNeel 
about them, and he will include a fix in the next Rhinoceros service release. 
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3.2.2.1 Model Set-Up 
 

 Once a model of a room is complete, the plug-in can be run. Entering the com-

mand PachyDerm-Acoustic brings up the docking interface, shown in Figure 3.2. The 

interface has four tabs, the first of which is labeled “Impulse.” This is where calculations 

begin. Before we start using the algorithms included we must set up the acoustical 

characteristics of the model. It is advisable to set up the model in such a way that only the 

relevant surfaces are used. There are two ways of doing this: 1) build the model so that 

the only relevant surfaces are included and keep the Room pull-down menu set to “Use 

Entire Model”, or 2) set the Room: field to “Use Selected Surfaces”, in which case the 

Rhinoceros interface will prompt for the surfaces to be used. The surfaces must also have 

acoustical properties – frequency-dependent absorption and scattering coefficients (see 

section 2.1 for an explanation of coefficients). These can be set by layer in the Materials 

tab of the docking interface (see Figure 3.4), or by object in each individual object’s 

properties. To gain access to an object’s individual acoustical properties, select the 

surface to be altered, and type Properties into the Rhinoceros Command Line. Click on 

the pull-down menu at the top of the Properties dialog and select “Acoustics” to open the 

Acoustical properties editor. Figure 3.5 shows the “Acoustics” page of the Properties 

dialog. If individual object acoustical properties are specified, the plug-in will use them 

and ignore the settings of the object’s layer. 

 An encoded string is attributed to the object or layer in the form of 

“aabbccddeeffgghhiijjkkllmmnnoopp”, within which numerical pairs a through h 

represent absorption coefficients, and numerical pairs i through p represent scattering 

coefficients. The pairs are filled with numbers ranging from 01 through 99, or in the case 
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of a coefficient value of 1, XX. These strings are conveniently saved in the model’s .3dm 

file, meaning they only need to be set once. 

   

Figure 3.4: the Materials tab in the docking      Figure 3.5: the “Acoustics” tab in 
 interface. This is  This is where object    the Properties dialog. This is  
 properties are set according to layer.   where individual object proper 

ties can be set. 
      

The model must also include a source and a receiver object. By setting the 

“Source:” and “Receiver:” pull-down menus to “From Point Input”, the Rhinoceros 

interface will prompt for a point. Place the point either with the mouse or by keying 

coordinates into the command line to create the Source or Receiver object. The object has 

its own sprite, and can be moved any time using the move command and the mouse. 
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These objects are stored in the same .3dm file that the model is stored in, so you will only 

have to create them once. 

Finally the environmental parameters of the room must be set. At the bottom of 

the “Impulse” tab is a box entitled “Environmental Factors” Set the temperature, humidi-

ty and air pressure parameters to match the space being represented. The parameters are 

pre-set to an air temperature of 20 degrees Celsius, a relative humidity of 50%, and a 

static air pressure of 1000 hectaPascals, which are common conditions for concert halls. 

It is important to be as precise as possible, as this information affects the air absorption 

and sound speed in the space.  

3.2.2.2 Running a Calculation 

Any combination of the algorithms described in Chapter 2 can be run. The set-

tings are entered by clicking the correct checkboxes in the “Impulse” tab. Image-source 

calculations have a single parameter: the order. This number corresponds to the maxi-

mum number of reflections that each path found will contain. The higher this parameter 

is, the longer it will take to finish the calculation. It is not recommended to run this 

method with any order higher than three or four. For higher order reflections, it is often 

sufficient to run a specular ray-tracing test to supplement the image-source calculation. 

The “Ray Visibility Test” (a specular ray-tracing pass) has a single parameter. This 

parameter controls the number of rays that are ‘fired’ in search of image-source paths. 

 The “Raytrace Solution” checkbox activates the diffuse ray-tracing pass. There 

are settings for the number of rays and the cut off time. If “Number of Rays” is set to 

10000, the ray trace calculation will trace 10000 rays per octave, or 80000 rays. If the 

cut-off time is set to 1000 milliseconds, it will trace each ray up to the distance sound 
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would travel in 1000 milliseconds, or to the point that its sound pressure level diminishes 

below -90 deciBels. For more information about the processes being used by this imple-

mentation of Pachyderm-Acoustic, please read Chapter 2. 

 The calculation is started by clicking the Calculate Solution button. If Rhinoceros 

is able to find a coherent closed volume of the surfaces being used, it will calculate and 

store that volume for use in the calculation. If there is a problem doing this7, a dialog will 

appear warning of this and asking if the user would like to continue. Clicking continue 

tells the plug-in to use the volume of the model’s bounding box instead. 

3.2.2.3 Viewing the Results 

 Once the calculation is complete, the results can be viewed in the “Analysis” tab 

of the Docking interface. The box at the top of the form, entitled “Parametric Analysis” is 

where the acoustical parameters are displayed. They are calculated from the impulse 

response the moment a parameter is chosen from the pull-down menu. 

 The box just below this lists the image-source paths found by the image-source 

calculation and the “Ray Visibility Test”. Checking the box next to a path draws the path 

in the Rhinoceros viewports. 

                                                 
7 Such a problem most likely means that the surfaces being used do not compose a closed volume. 
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Figure 3.6: A church modeled in Rhinoceros with a high order  

specular reflection modeled by the plug-in 
 

 The graph below the image-source path list shows the impulse response. The 

direct sound is shown in red, the specular reflections in blue and the diffuse portion 

obtained with ray-tracing in green. The resolution of the ray traced response is controlled 

using the numeric control labeled “Bins/s”. A value of 200 means that the resolution is 

set to 200 bins per second. The Octave band being displayed is selected using the pull-

down menu marked “Showing:”. If the normalization described by Heinz is required for 

the selected receiver model, the check box to the right of this will activate it. The radio 

buttons below the graph select the units used to display the impulse response. There is 

currently a choice of energy, pressure or sound pressure level. The Schroeder integral of 
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the impulse response can also be shown. Finally, at the bottom of the Analysis tab is a 

series of checkboxes that allow the user to include or exclude the results of the direct 

sound, the image-source/ray visibility test, or the diffuse ray-tracing results. These boxes 

not only control the graph, but also the calculation of parameters and of auralization. 

 
Figure 3.7: The Analysis tab 

This is where the user can extract parameters from the impulse response, or study the specular 
reflections within the room. 
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3.2.2.4 Auralization 

 Using the impulse response generated by Pachyderm-Acoustic, it is possible to 

filter an anechoic signal and make it sound as though it were played in the space being 

tested. Pachyderm Acoustic includes some of the necessary tools to produce auraliza-

tions. Using FFTW and the Math.Net libraries, a fast Fourier Transform based 

convolution has been implemented. Using this convolution algorithm, omni-directional 

auralizations can be calculated directly from within Rhinoceros. The details of impulse 

response construction from this implementation are described in Section 2.2.4. The 

expansion of the bins is performed using Gaussian distributions to distribute the energy in 

each bin, and bandpass filtering is handled by the Math-Net library Neodym, using a 

rectangular-windowed FIR filter with a half-order of 128. 

Clicking “open…” at the bottom of the “Processing” tab will bring up a file 

browser. Navigate to a .wav file. The program will always use the first channel in the 

wave file for the auralization. The field below this button will show the file path. Click-

ing the button labeled “Render Auralization” will start the convolution process. When the 

auralization is complete a save file dialog will appear. After the file is saved the auraliza-

tion will play once. 

If it is preferred to work on the impulse response using a different program, such 

as Matlab or Easera, the filtered full resolution impulse response can be obtained by 

selecting “Save Filter” under the “File” menu on this tab. This exports a .wav file with 

the impulse response at a resolution of 44.1 kiloHertz. 
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Figure 3.8: The Processing tab. 

This is where the user can perform Auralizations, which can give a realistic impression of how a 
space sounds. 
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4.  Verifying Functionality and Concluding Remarks 

The algorithm presented here has been tested in a few ways. First, the algorithm 

has been tested using the methodology of the third PTB Round Robin to ascertain the 

effectiveness of the algorithm in calculating standard Acoustical Parameters. Next, in 

order to find the limitations of this algorithm, a couple of spaces have been simulated 

with the new plug-in described in this thesis and with CATT-Acoustic, and a comparison 

is made between the results of both programs. The comparison of the plug-in with a 

widely used program like CATT should give an impression of the strengths and weak-

nesses of the algorithm. 

4.1 PTB Round Robin III 

 Starting in 1994, The Physikalisch-Technische Bundesanstalt (PTB) held a series 

of competitions to test room acoustics prediction programs. These are known as the 

Round Robin competitions. (Vorländer 1995) The first Round Robin used the lecture hall 

at the PTB as the subject of study. The results were highly divergent, and only three 

programs were considered reliable. All three successful methods included a form of 

scattering calculation. In 1996, another Round Robin was announced which used Elmia 

Hall in Jonkoping Sweden. (Bork 2000) The results had several more successful partici-

pants, but the test gave unreliable feedback about the algorithms themselves, as a number 

of details were left to the skill of the operator as an acoustician. The second Round Robin 

made several conclusions about GA algorithms: 1.) They are often only as effective as 

the operator is as a professional, 2.) simulated measurements of LF/LFC, IACC and G 

(strength) are still inadequate in terms of accuracy, and require more research, and 3.) for 

low frequencies, alternative methods should be included in the calculation. 
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 In 1999, a third Round Robin was announced which used a smaller room, and 

included precise instructions on how to model the space in three different tests of varying 

detail. (Bork 2002) The results of this Round Robin were very accurate in nearly every 

contestant’s case. The conclusions were that: 1.) GA methods have improved dramatical-

ly over the years for small rooms, and 2.) LF/LFC measurements still require more 

research.  

 

Figure 4.1: The PTB Round Robin III model in Rhinoceros, shown in the Rhinoceros interface. The 
red dots are the source locations, and the blue dots are the receiver locations. 

 

 This study uses the second iteration of the third PTB Round Robin test, which 

used the second most detailed model. This was chosen because of certain limitations in 

speed of this implementation of Pachyderm-Acoustic and because it contained enough 
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detail to obtain interesting results and provide a reasonable benchmark for testing of the 

plug-in. The measurement was run for all six source and receiver combinations with a 

stationary receiver (since it is a small room, and an expanding receiver might introduce 

errors). Results are shown in Figures 4.2 – 4.5. 

 

Figure 4.2: Round Robin III results for Early Decay Time. 
Pachyderm’s results are shown in red. The measured results are in black, and the 

grey-tone curves are the results of the other participants. The graphs were clipped from the 
PTB III results spreadsheet available at: <http://www.ptb.de/en/org/1/17/173/roundrobin.htm> 
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Figure 4.3: Round Robin III results for Reverberation Time (T-30). 
Pachyderm’s results are shown in red. The measured results are in black, and the 

grey-tone curves are the results of the other participants. The graphs were clipped from the 
PTB III results spreadsheet available at: <http://www.ptb.de/en/org/1/17/173/roundrobin.htm> 
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Figure 4.4: Round Robin III results for Clarity (C-80). 
Pachyderm’s results are shown in red. The measured results are in black, and the 

grey-tone curves are the results of the other participants. The graphs were clipped from the 
PTB III results spreadsheet available at: <http://www.ptb.de/en/org/1/17/173/roundrobin.htm> 
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Figure 4.5: Round Robin III results for Definition (D-50). 
Pachyderm’s results are shown in red. The measured results are in black, and the 

grey-tone curves are the results of the other participants. The graphs were clipped from the 
PTB III results spreadsheet available at: <http://www.ptb.de/en/org/1/17/173/roundrobin.htm> 

 
  The results of the test suggest that the impulse response from Pachyderm-

Acoustic is useable for prediction of room acoustical performance. The results for EDT, 
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T-30, C-80 and D are highly consistent with the results coming from many of the other 

participants in the test. In the case of the low frequency (125 Hertz) Clarity (C-80) 

measurements, the plug-in obtains values which are generally as erroneous as the results 

from the other participants, but in some cases even more so. An explanation for this 

might be that the other participants utilize measures to predict edge diffraction. CATT-

Acoustic, for example, checks all intersection points for their proximity to surface edges. 

If the intersection point is within a quarter wavelength of an edge, the reflection is said to 

have no valid specular component, and the energy is cast into diffuse directions. (Da-

lenbäck 2002, p. 2-73) This means that certain planes such as the headers of windows and 

doors, or the slanted planes in the ceiling coffer might never provide a specular reflection, 

though one might be found. In our plug-in, these planes still provide specular reflections 

which might greatly affect Clarity and Definition measurements at low frequencies. 

4.2 Additional Testing  

 In addition to running the plug-in on the model from the PTB III tests, models 

were built for CATT and for Rhinoceros, and the results of CATT and the plug-in com-

pared. If it is assumed that CATT’s results are bound to be the ones closest to reality, 

then it is possible to assess the effectiveness of the plug-in compared to the GA algo-

rithms of today. 

 The first model is the generic hall that comes with CATT acoustic. Figure 4.6 

shows the model as built in Rhinoceros and CATT. This model was tested using the low 

absorption series of coefficients that the CATT model comes with. It was then tested with 

a series of coefficients which were arbitrarily assigned for higher absorption. Table 4.7 
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displays the absorption and scattering coefficients used in the model. The results of the 

tests are shown in Figures 4.8 – 4.11. 

 

 

Figure 4.6: Model of the generic hall in CATT (left) and Rhinoceros (right)  
This model is provided as a demonstration with CATT-Acoustic 

 

Material 

Definition 

Coefficient 

Type 
125 Hz. 250 Hz. 500 Hz. 1000 Hz. 2000 Hz. 4000 Hz. 

All: High 

Abs. 

Absorption .45 .4 .45 .5 .55 .6 

Scattering .3 .3 .3 .3 .3 .3 

All: Low 

Abs. 

Absorption 0.28 0.22 0.17 0.09 0.1 0.11 

Scattering .3 .3 .3 .3 .3 .3 

Audience 
Absorption .55 .62 .73 .8 .85 .9 

Scattering .3 .4 .5 .6 .7 .8 

 

Table 4.7: The Absorption and Scattering coefficients used in the model. 
The low-absorption coefficients were the default settings for the CATT model. The high-absorption 

coefficients were chosen arbitrarily. 
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In both cases, the expanding receiver designed by Lehnert and Zeng was used in 

the Rhinoceros plug-in, in an attempt to gain even footing with CATT’s cone-tracing 

algorithm. In order to evaluate the results, we will be comparing the results from both 

programs, and evaluating how perceptible the differences are. The just noticeable differ-

ence (JND) for Clarity (C-80) is usually held to be 1 deciBel. For reverberation time 

(RT), what is commonly considered JND is currently under revision. The traditional 

understanding of reverberation JND is that two signals must be within 5% to 10% of each 

other for them to be perceived as similar. According to Zihou, Fengjie and Mu, this 

measurement was originally taken with Noise, and corresponds strongly with the human 

ability to judge the duration of Noise. If the measurement is taken with music, the JND is 

found to be anywhere from 22% to 40%, depending on an individual’s musical or audio 

training. (Zihou, Fengjie and Mu 2006) 

 In terms of the results shown for EDT and T-30, if the traditional model for JND 

is used, the agreement is good for T-30 and poor for EDT. Using the revision of RT JND 

mentioned in the previous paragraph, the two programs agree quite well. 

For Clarity, the two programs agree somewhat less well, being within 1 JND for 

some cases, and just out of 1 JND for others, and for Definition, the results of the plug-in 

are significantly under-estimated. It is impossible to be certain which results would be 

correct, since the hall is un-built, but assuming that CATT is the program with the correct 

results, there is a possible explanation as to why the plug-in’s results differ. CATT uses a 

different method to obtain the early part of its impulse response than our plug-in does. 

The early part is calculated using the image-source method, coupled with rays to distri-
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bute diffuse energy cast from secondary sources at each specular reflection point. Con-

versely, the plug-in uses both a ray accelerated image-source method and a diffuse ray-

tracing method for the entire impulse response. It is possible that CATT’s method yields 

a more detailed result for the early part of the impulse response. An example of the 

impulse response obtained from each program is shown in Figure 4.12. 

 
Figure 4.12: The summation echograms obtained by CATT-Acoustic (left) and our Plug-In 

(right) for the low absorption hall. Both programs yield complete and thorough echograms with a 
smooth, linear decay. 

 
4.3 A More Complex example: The Limitations 

In this example a church with a balcony has been modeled (see Figure 4.13). If 

we again assume that CATT will obtain the correct answer, we find that the plug-in 

maintains values which are close in some cases, but in many, quite inaccurate. The results 

are shown in Figures 4.14 through 4.17. 
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Figure 4.18: CATT-Acoustic echograms from a Church Simulation 

The red line is a Schroeder Integral, and the black is a historgram of the impulse response. 
 

Conversely, the algorithm currently employed by this plug-in uses a single unsplit 

ray. As a direct consequence of this, the distance between rays increases with time, 

lowering the density of detections, and making the impulse response less detailed in the 

late part. This is shown in Figure 4.19. 
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Figure 4.19: The Diffuse part histograms from our Plug-In 
The red is the direct sound, the blue are the specular reflections, and the green is the diffuse his-

togram. The settings are: 100,000 rays per octave, 2500 ms cutoff time 
 

There is some difference in smoothness of the impulse response in the late part, 

which could affect calculations a bit. This may be because of decreased detections in the 

late part. Lack of dense infiltration of the spaces within the model, which is not achieved 

by casting un-split rays, could decrease the reliability of the calculation, resulting in the 
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differences between the results of the two programs. In this calculation, the low frequen-

cy errors which were noticed in the PTB III test are also obvious.   

The three tests show that the plug-in is relatively successful for rooms with very few 

acoustical shadows, and for rooms which are complex, as long as high numbers of rays 

are used. 

4.4 Future Work 

As has been shown, in some ways, the algorithm presented here is adequate, and 

in some ways it is lacking. Since the method implemented here was first designed, other 

programs have implemented improvements to GA methods, some of which might be 

useful to implement in our plug-in. In addition to the suggestions made in other areas of 

this thesis, this section covers some suggestions for future work.  

4.4.1 Secondary Sources 

The image-source method is a powerful tool for obtaining early specular reflections, 

but it does not deliver the user a complete impression of the early impulse response. 

There are a number of ways in which developers have sought to improve the early 

impulse response from the image-source method. One way is to treat each reflection point 

as a source whose energy is equal to the diffuse portion of the surface reflection ·

1 α , where   is the energy incident to the surface, α is the absorption coefficient of 

the surface and s is the scattering coefficient of the surface. This concept is an implemen-

tation of Lambert’s law known as ideal diffuse reflection, (Kuttruff 2000, p. 111) and can 

be used with image-source or ray-tracing algorithms. It is described in detail in Section 

2.2.3.2.1. Many proprietary GA systems, such as CATT-Acoustic use versions of it and 
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are considered sufficiently reliable. If this program is to achieve similar status, this 

feature should be included. 

4.4.2 Combining the Methods with a Late/Early Transition 

In the method outlined in Section 2.2, two forms of ray-tracing are performed. One 

seeks strictly to find specular reflections by tracing a number of specular rays and record-

ing their reflection boundaries to check for image-sources. These contribute to the 

specular component of the impulse response. The other simulates the diffuse field by 

tracing diffuse reflections and recording them as they cross the receiver. This method 

provides the diffuse component of the impulse response. Some proprietary programs save 

time by combining these methods and assigning a transition time or order. Typically, 

specular reflections will be handled by the early part of the method (either by the image-

source method, or by a specular ray-tracing pass), and diffuse reflections will be handled 

by the late part of the method (by a diffuse or diffuse and specular ray-tracing method). 

This method relies on the premise that in the early part of any impulse response the 

specular component is much more important to find accurately than in the late part, 

where specular reflections often lend an insignificant amount of energy. The problem 

arises when determining at what point a division should be made between the early 

method and the late method. A transition time or order must be specified. In programs 

like Odeon, this must be set by the user. (Christensen 2008) While this method would 

save some time by eliminating a large portion of the ray-tracing algorithm, it can intro-

duce errors if the user is insufficiently knowledgeable to select the transition time or 

order effectively. 
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4.4.3 Directivity Phenomena 

 With some effort, Pachyderm-Acoustic could be made to simulate sources with a 

non-uniform directivity. If a forward direction were included in source and receiver 

objects it would be possible to attribute directivity to each ray. This is easily done by 

switching the object that the source and receiver objects are derived from (the point 

object in Rhinoceros) to the line object in Rhinoceros. 

 The PTB Round Robin tests (Bork 2002) showed that truly directional receivers 

have yet to be implemented successfully. Direction-dependent parameters produced by 

the participants such as the Lateral Fraction Coefficient (LFC) and the Inter-Aural Cross-

correlation Coefficient (IACC) still obtain results inconsistent with reality. For this 

reason, it has not been attempted here. As methods are developed that improve the 

accuracy of directional receiver parameters like IACC and LFC, it may become a goal of 

this project to implement these algorithms. 

4.4.4 Approximate Cone-Tracing and Unified Methods 

In 1996, Dalenbäck developed a new method of completing a simulation. First 

every surface is divided into square patches. A primary pass of specular rays with an 

expanding receiver is traced in search of specular reflections. Every time a ray hits a 

patch, its diffuse energy s(1 - α) and arrival time are recorded at the patch. In a second 

pass, each patch acts as a diffuse source. When a ray from a patch strikes a receiver, the 

patch’s entire record from the first pass is added to the impulse response. (Dalenbäck 

1996) Any patches that are struck by a secondary ray will have its energy list added to 

them as well. Secondary passes are completed over and over, until the impulse response 

has reached a resolution that is acceptable. 
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It is unclear from the literature whether this is the method designed for Da-

lenbäck’s proprietary acoustical prediction software CATT acoustic, the so-called RTC-II 

method. Since the CATT manual says that CATT-Acoustic provides diffusion by the law 

of ideal diffuse reflection according to Kuttruff, (Kuttruff 2000, p. 111) it is possible that 

this method is not utilized by CATT Acoustic. Regardless, this unified method presents 

interesting possibilities for a system which would benefit from spending fewer processes 

on ray-tracing and more processes passing numbers, such as a NURBS based ray-tracing 

algorithm like our plug-in. 

4.4.5 Audience Area Mapping 

 Another useful tool that has not yet been implemented in Pachyderm-Acoustic is 

audience area mapping. Using a method optimized for a large number of stationary 

receiver spheres, it is possible to obtain a color coded map of various acoustical parame-

ters at a field of stationary, unchanging receivers in the model. This is a tool that has 

become invaluable to acousticians. 

 Audience area mapping would not be difficult to implement in Pachyderm 

Acoustic. It would be implemented in a fashion similar to how it is implemented in 

programs like CATT Acoustic. (Dalenbäck 2002, p. 2-70) Additionally, Rhinoceros’ 

geometry already allows for the changing of colors of parts of surfaces.8 It would not 

only be a fairly simple task, but it would make Pachyderm-Acoustic a very useful tool for 

professionals. 

 

                                                 
8 In Rhinoceros, every Nurbs surface maintains a “render mesh” which is present so that it can be rendered 
by a computer’s graphics card, since most graphics cards cannot render NURBS surfaces directly. By 
changing the density of nodes on this mesh and attributing  a color to each node it is possible to change the 
shading of the surface, and even use it as a map of acoustical parameter magnitude. 
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4.4.6 Binaural Auralization 

 Another feature which the plug-in currently lacks is the creation of auralizations 

with directional characteristics. Binaural auralizations require the use of head related 

transfer functions (HRTFs). The HRTF is a series of transfer function measurements 

taken from all directions which characterize the effect of an individual’s head and ears on 

sound. (Moore 2003, pp. 249-253) They are measured using a speaker which is placed at 

various positions all around an individual whose head is to be measured, and a pair of in-

ear microphones set 4-5 millimeters inside the ear canal. (Vorlander 2007, pp. 87-90) 

Binaural auralizations (auralizations made for listening through headphones) are created 

by convolving each reflection in the image-source part by the appropriate directional 

component of a selected HRTF, based on its arrival direction. Directional data can be 

recorded statistically for each bin in the ray-traced portion of the impulse response as 

well. The ray-traced bins would be expanded by some distribution (as it is in this thesis) 

and then convolved with the appropriate component of the HRTF. A separate series of 

directional convolutions are completed for each ear. The resulting two impulse responses 

are then convolved with an anechoic signal, yielding an auralization that is truly immer-

sive when listened to through headphones by the individual for whom the HRTF was 

measured. (Heinz 1993) 
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4.4.7 Multi-Resolution Modeling 

 Multi-resolution modeling is a well-known concept in computer graphics. It is 

typically performed by simplifying a geometric model into separate models with varying 

degrees of detail. These models can then be substituted for the original model in order to 

optimize the performance of a computer graphics system. (Heckbert and Garland 1994) 

Recently, some authors have tried to examine this idea for GA applications. Bradley and 

Wang presented a paper on a test of three resolutions of models of a 5500 cubic meter 

concert hall. They claim that the results suggest that there is minimal difference in 

accuracy between each model, and that even lower resolution models might be sufficient 

for GA analysis. (Bradley and Wang 2002) Their results were somewhat re-interpreted 

recently by Markham, who claimed that their medium resolution model displayed slightly 

better results than the other two. Markham suggests that acoustical simulations should be 

carried out on multiple models, each with rudiments scaled specifically for the octave 

band being tested. He tested his hypothesis on a saw-tooth wall diffuser, a model of a 

hypothetical concert hall, and on the outdoor walkway at the Jonson Engineering Center 

on the RPI campus. The model of the latter was tested at two resolutions. His results 

suggest that there can be a significant difference in the accuracy of a GA prediction 

between greatly differing scales of modeling, and that the multi-resolution approach 

seemed to benefit the accuracy in the case of the space tested in his thesis. (Markham 

2008) 

 While it would be cumbersome to create a separate model for each octave band 

for any of the existing GA programs, NURBS provide an opportunity to test this hypo-

thesis further with ease. Rhinoceros has a number of tools which can be used to quickly 
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generate meshes from NURBS surfaces with tightly constrained parameters, including 

polygon width and length. The user might only have to create one model out of Nurbs 

Surfaces, and the model would be algorithmically simplified to wavelength dependent 

meshes. An example of a Rhinoceros model represented with three different mesh 

resolutions is shown in Figure 4.20. 

 As has been mentioned several times in this paper, one of the goals of the broader 

scope of this thesis is to address the problem of accurate representation of curved surfaces 

in GA prediction algorithms. A multi-resolution solution has been proposed for this 

problem. In order to simulate phenomena such as focusing, image-source calculations 

must be performed on models of a resolution following the equation: 

 
·

. 

 Where the f is frequency, b is the width of each face in the curve being approx-

imated in meters, c is the speed of sound in meters per second, and a is the diameter of 

the cylinder to be modeled in meters. (Vorländer 2008, p. 188 – 189) 

 The prospect of moving the simulation from the realm of NURBS surfaces back 

to meshes creates an opportunity to lower processing times of the algorithm. Since when 

the calculation is run on meshes, the developer is no longer committed to using the 

ONRayShooter, and the binary-tree spatial partitioning system that it uses, it would be 

feasible to implement an octree based spatial partitioning system, which may be a great 

deal more efficient. (Bronniman and Glisse 2006) 

(4.1)
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Figure 4.20: An example of a Nurbs model reduced to mesh in three different resolutions using 

Rhinoceros’ built in functions 
 

4.5 Conclusions 

 The goal of this project was to create a plug-in for Rhinoceros that could become 

a starting point for further study of Geometrical Acoustics algorithms in Rhinoceros. In 
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that, the project has been successful. For certain conditions, the algorithm presented here 

can obtain reliable results for prediction of acoustical performance. Further improvement 

of the algorithm is desirable and is considered future work, as detailed in the previous 

section (Section 4.4). 
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