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Abstract  

 

Sound quality is important for concert halls, seminar room even in room of house too. 

Ray acoustic is used in simulating the high frequency limit when the wavelengths is 

smaller than the geometrical features. The ray acoustic model can play a vital role in 

designing an auditorium or a concert hall. The shape of the room and the building 

materials can impact on the sound quality. The diffusion and absorption coefficient of 

sounds are the main parameters of the simulation, different materials contain different 

value of this. The model should contain geometrical setup, different parameters of room 

acoustics and sound sources. The room acoustic parameters also known as sound 

absorption coefficient which is vary according to the materials properties. For 

simulation the reflection and noise of sound should consider as low or zero where for 

experiment it is impossible to reduce sound noise and reflection in zero. For the ideal 

case in auditorium, an omnidirectional sound source is used, where two models are 

simulated through COMSOL Multiphysics. The results contain reverberation time, 

sound pressure level and temporal impulse response. The main objective is to improve 

sound pressure level of an auditorium, also improving the audience`s listening 

experience and improving the reverberation time.   
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Introduction 
  

 

In this model the acoustic of an auditorium is analysed. Two model has setup for this 

simulation. The first model setup contains omnidirectional sound source and for the 

second model two more sound sources is added. The both model contains wall boundary 

conditions for specular and diffuse scattering, sound pressure evaluation, a receiver data 

set used to reconstruct a temporal impulse response plot, and an energy response.  

Reverberation time is defined as the time it takes for sound to decay by 60dB (SPL 

decrease by 60dB). It is an important metric to describe the acoustical properties of a 

room. It is denoted by T60 and differences of 0.05 are noticeable[1].     

Impulse response is a reaction of instant changes of any system in response to some 

external changes of that system. Fast Fourier Transform (FFT) is an algorithm that 

transfer time domain to frequency domain. Ray Tracing Method is used for calculating 

path of waves through a system.  Sound Absorption Coefficient is used to evaluate 

the sound absorption efficiency of materials. 

Room acoustic contains three basic approaches. Geometrical acoustic is commonly 

used in ray tracing of sound and image. Ray acoustic methods are used when the 

wavelength is smaller than the geometrical features otherwise if the wavelength of 

sound becomes comparable to the dimensions of the room, the wave properties of sound 

become important to be neglected. Fourier transformation is commonly used to 

calculate the pressure impulse response from the transfer function of the room.  

 

 

 

 

 

 

 

 

 

 



 
 

 

Background and Literature Review 
 

Literature Review 
 

The present work is integrated with ray tracing model. Ray tracing model developed by 

Hodgson et al. [2]. Hereafter called PRAY- based on the ray tracing algorithm of Ondet 

and Barbry [3]. This model predicts Sound Pressure Level (SPL), any cubic number of 

receiver cell in horizontal plane room the sound pressure level can be predicted. The 

improve model of this was introduced by Hodgson[4], where includes the diffuse 

surface reflections according to Lambert`s Law. This model called DRAY, was further 

improved to calculate the energy echogram.  

Sound absorb by converting sound energy to heat within the materials, resulting in a 

reduction of the sound pressure[5]. Sound absorption materials are widely used in many 

noise control applications. The room acoustic parameters are basically defined the 

materials absorption coefficient. Reverberation is regarded as the most important room 

acoustical parameters too.  

 

Theoretical Background 
 

1. Room Acoustics  
 

Room Acoustics contains three basic approaches. They are: 

 

 Geometrical acoustics is used for tracing rays in sound, also useful for 

understanding how rooms function with regards to hearing. 

 Statistical acoustics, which is useful for measuring sound power and sound-

absorption  

 Physical acoustics is also known as wave theory, which is useful to 

understand why the previous two approaches do not work for low 

frequencies and/or small rooms.[6]  
 

2. Prediction Models in Room Acoustic 

 

Prediction models in room acoustics used to find the temporal and spatial 

distributions of sound pressure (SP) inside a room or closed space. Predictions 

are basically two type, energy based or wave based[2]. Energy based models 

ignore phase, modelling propagating sound waves as rays or energy [7].  Room 



 
 

echograms and steady state levels are predicted through this model. Room 

acoustical prediction can be placed in model theory, diffuse field theory, 

geometrical room acoustic and diffusion models. Diffuse field theory[8] assumes 

a diffuse sound field and room restrictive characteristics.    

 

 

3. Ray Acoustics Approaches 

 
Ray acoustic methods are used when the wavelength is smaller than the 

geometrical features otherwise if the wavelength of sound becomes comparable 

to the dimensions of the room, the wave properties of sound become important 

to be neglected.  

 
                                                 Figure 1: The Ray Approach[1]  

 

 

 
Fast Fourier transformation is commonly used to calculate the pressure impulse 

response from the transfer function of the room. This requires knowledge of the 

phase spectrum of the transfer function. If phase information is not available, 

one can assume the transfer function to be minimum-phase and obtain the phase 

using a Hilbert transform [2].   

 

 

4. Reverberation Time 

 
Reverberation time is defined as the time it takes for sound to decay by 60dB. 

It is an important metric to describe the acoustical properties of a room. 

Reverberation time plays a crucial role in the quality of sound and the ability to 



 
 

understand speech in a room or given space. It is difficult to choose an optimum 

reverberation time in a multifunction space, as different uses require different 

reverberation times.  

 

 

 

 

5. Sabine Formula         
 

Measuring the reverberation time of a space is a good way to identify a noise 

control problem. Sabine Formula is used to measuring the reverberation time.  

 

                                 
 

Where,  

 V is the room volume,  

 S is the total surface area,  

 m is the volume attenuation,  

 α is the average wall absorption 

 

 

Sabine formula can be used in following approximate conditions:  

 When the room absorption coefficient is below 0.3. 

 The sound absorbing surface are approximately disturbed over the room. 

 The shape of the room is not complex. [1]  

 

 
 

 

 

 

 

 

 

 

 

 

 



 
 

Development of the Model 
 

Geometry 
 

In this model the acoustic of an auditorium is analysed. The model is that of a listening 

environment with a volume of 460 m3 and a total surface area of 390 m2. The model 

setup includes omnidirectional sound sources, wall boundary condition and diffuse 

scattering. The model consist of windows, stage, entrance and seating area. 

Omnidirectional sound sources are located in the figure below. 

  

 

                                                                        Figure 2: Model setup for simulation 

 

 

The sound source 1 used as the primary sound source and then the sound source 2 and 

3 have added for the multiple sources analysis.  

 

 

 
 



 
 

Parameters of Room Acoustics (Absorption Coefficient) 
 

Table 1: Absorption Coefficient  

Frequency 

(Hz) 

Walls Windows Entrance  Floor Diffusers Absorber Seats 

125 0.1 0.4 0.01 0.02 0.1 0.24 0.1 

250 0.07 0.2 0.01 0.03 0.1 0.4 0.4 

500 0.05 0.12 0.02 0.05 0.1 0.78 0.7 

1000 0.04 0.07 0.02 0.1 0.1 0.98 0.6 

2000 0.04 0.05 0.02 0.3 0.1 0.96 0.3 

4000 0.05 0.05 0.03 0.5 0.1 0.87 0.2 

8000 0.08 0.05 0.04 0.5 0.1 0.75 0.1 

16000 0.1 0.05 0.05 0.5 0.1 0.6 0.1 

                              

 

The absorption coefficients are taken from reference [9] as they are generic value.  

 

 

 

 

 

 

 

 

 



 
 

Modelling Instructions  
 

1) In the New window, Model Wizard > 3D. 

2) In the Select Physics tree, Acoustics>Geometrical Acoustics>Ray Acoustics (rac) 

was selected. Then a new study, Ray Tracing from Preset Studies for Selected Physics 

Interfaces was added. A geometry sequence featuring an Auditorium geometry was 

imported in the model wizard. 

In the Model Builder window, under Component 1 (comp1)>Geometry 1 by right-

clicking Import 1 (imp1) and Build All Objects was chosen. After Clicking the Zoom 

Extents button in the Graphics toolbar, we got the figure 

 

                                    Figure 3: Geometry of the Auditorium 

At first, In the Model Builder window, under Global Definitions, Parameters 1 was 

selected. Then in the Parameters section, a file was imported where the name of 

functions and values of these functions were given. The parameters include the band 

center frequency f0, the location of the source and receiver, as well as the room volume. 

[10] 

 

 

 

Three location were selected for setting three sound sources. 



 
 

 

 

 

Figure 4: Parameters Input of the model 

 

In the Home toolbar, Functions >Global>Interpolation, this path was followed. In the 

Settings window for Interpolation, a file containing interpolation functions for the 

absorption coefficients of the different surfaces in the Auditorium. 

 

In functions subsection, the name of functions and location of them in the file were 

given. 

In the Interpolation and Extrapolation section, From the Interpolation list, nearest 

neighbour were chosen. In the Units section, In the Arguments text field, type Hz. In 

the Function text field, type 1. 

   



 
 

 

                                                                                   Figure 5: Interpolation 1 

 

Another Interpolation were selected for volume absorption of Auditorium. A file was 

imported in interpolation 2 which also define an interpolation function for the intensity 

attenuation of air.  



 
 

 

                                                                                            Figure 6: Interpolation 2 

 

In the Interpolation and Extrapolation section, From the Interpolation list, nearest 

neighbour were chosen. In the Units section, In the Arguments text field, type Hz. In 

the Function text field, type 1/m. 

 

 

 

Definitions 
 

In this node, a variable featuring Reverberation Time was added. Then 7 integration 

form was added to label windows, seats, diffusers, absorbers, entrance, and wall. The 

variables that define the reverberation time (T60) based on the simple Sabine equations 

was imported. This also requires setting up integration operators for all the surfaces. 

For all the integration, ‘Boundary’ was chosen for ‘Geometric entity level’. 



 
 

 

Figure 7: Variable for Reverberation Time 

 This file was imported to variable section. 

 

 

                                                                                 Figure 8: Variables Input 

In this figure, under the definitions node, there are 7 integration. These 7 integration 

form are labelled as windows, seats, diffusers, entrance, and wall absorbers. 

 



 
 

 

                  Integration 1 (Windows)                                                                 Integration 2 (Seats) 

  

                      Integration 3 (Diffusers)                                                          Integration 4 (Floor) 

 

                              Integration 5 (Entrance)                                                            Integration 6 (Walls) 

 



 
 

 

Integration 7 (Absorbers) 

Figure 9: Integration of each component inside the Auditorium 

The components of an auditorium is selected mention as the figure above.  

 
 

 

 

Ray Acoustic (RAC) 
 

 

In this node, the physics and boundary conditions of the auditorium were set. This node 

will compute the impulse response and also will model the intensity and power along 

the rays. 



 
 

 

                                                                             Figure 10: Ray acoustics Node 

 

 

 

In the Physics toolbar, several boundaries were added featuring walls, windows, seats, 

diffusers, floors, entrance, absorbers and SPL Cross section. Wall condition for walls, 

windows, seats, floors, entrance, absorbers were given as specular reflection. But for 

diffusers, wall condition is mixed diffuse and specular reflection. Also for SPL cross 

section, it is Pass through. 



 
 

 

                                                                                   Figure 11: Release from Grid 1 

  

Under the SPL Cross section, three attributes were added for Sound Pressure Level 

Calculation. They are named as 

 Release from Grid 1 

 Release from Grid 2 

 Release from Grid 3 

Each of them indicates the location of three different sound sources. 

 

 

 

 



 
 

 
                                                                                               Figure 12: Release from Grid 2 

 

 
                                                                                        Figure 13: Release from Grid 3 



 
 

Mesh 

 

Figure 14: Mesh of the model 

 

Mesh represent the geometric object of a finite element analysis. For build the 

auditorium structure, finer mesh type has selected. Number of elements are 4364 and 

mess face area is 416.4m3. The geometric entity level selected all the boundaries.  

 

 

 

Study Node 
 

By adding a parametric sweep over the center frequency variable f0, the model was 

solved. This represents the center frequency of the octave bands analysed in this model, 

in order to get a broadband response. 

Parametric Sweep were added from study toolbar. Using the parametric sweep is 

important as this gives the frequency resolution (here in full octaves). The ray 

propagation model is solved once per frequency band. The data is collected in post 

processing, by the receiver data set and the impulse response plot, to generate the 

broadband response. 

ISO preferred frequencies was chosen as entry method. Start frequency was set 500 and 

Stop frequency was set 20000. 



 
 

 
                                                                                                 Figure 15: Parametric Sweep Node 

 

 

 

 

Then in the Model Builder window, expanding the Study 1 node, Step 1: Ray 

Tracing was clicked. 

In the Times text field, 0 0.01 0.02 range (0.1, 0.1, 1.4) was typed as input. The 

times entered here represent instances where the solution is stored. Much smaller 

time steps were used. Then clicking compute, results were shown. 



 
 

 
                                                                                                Figure 16: Ray Tracing Node 

 

 

 

 

 

 

 
 

 

 

 

 

 



 
 

Results 
 

At first, only Release from Grid 1 was enabled, other two were disabled. We got the 

results for only single sound source. Then Release from Grid 2 and Release from Grid 

3 were enabled. We got result using multiple sound source. When the compute intensity 

option is selected, in the Ray Acoustics interface, wave front curvature, intensity, and 

SPL is calculated along each ray. They allow visualization of the local acoustic 

properties. However, it is the acoustic power transported by each ray that is important 

when calculating the impulse response (IR) and when visualizing the sound pressure 

level at surfaces. Comparison between them by altering time delay and initial frequency 

(f0) has shown below, 

 

 

 

Figure 17: Ray location and SPL after 10ms (Single Sound Source) 

 



 
 

 

Figure 18: Ray location and SPL after 10ms (Multiple Sound Sources) 

 

 

The Figure 18 and 19 shows the differences of Sound Pressure Level and Ray location 

between the single and multiple sound sources, where the frequency is 500Hz. After 

adding multiple sound sources the sound rays are more scattered than the single source. 

 

 

 



 
 

 

Figure 19: Ray location and SPL after 10 ms at 16K Hz (Single Sound Source) 

 

Figure 20: Ray location and SPL after 10 ms at 16K Hz (Multiple Sound Sources) 

 

 

 



 
 

The Figure 20 and 21 shows the differences of Sound Pressure Level and Ray location 

between the single and multiple sound sources, where the frequency is 16000Hz. After 

adding multiple sound sources the sound rays are more scattered than the single source 

and the sound pressure level is higher than 500Hz.  

 

Also, the figures below show the results of changes the sound scattering after 20ms and 

changing rays and SPL with frequency.  

 

 

 

Figure 21: Ray location and SPL after 20 ms at 500 Hz (Single Sound Source) 

 



 
 

 

Figure 22: Ray location and SPL after 20 ms at 500Hz (Multiple Sound Sources) 

 

Figure 23: Ray location and SPL after 20 ms at 16K Hz (Single Sound Source) 



 
 

 

Figure 24: Ray location and SPL after 10 ms at 16K Hz (Multiple sound Sources) 

 

 

For multiple sound sources the SPL and rays of sounds are more than the single sound 

source. 

 

 

 

 

 

 

 

 

 

 

 

 



 
 

Impulse Response 

 

 

Figure 25: Impulse Response (Single Sound Source) 

 

                                                                 Figure 26: Impulse Response (Multiple Sound Source) 

 



 
 

When an IR is reconstructed from a ray tracing simulation information is inferred and 

put back into the time signal. The quality of the simulated IR increases with the number 

of rays (this model uses 10000) as well as the frequency resolution of the absorption, 

scattering, and source data (this data can be difficult to get from vendors but can often 

be simulated). In this model octave band resolution is used. 

Comparing figure 26 and figure 27, the SPL of multiple sound sources is greater than 

single sound source. In these figures we can see that, just after the release of sound, we 

get the higher sound pressure using multiple sound sources, which indicates the more 

chance of spreading of sound. And also audience will receive the sound more quickly 

and clearly. 

We also plotted another graph for impulse response using Fast Fourier Transform 

(FFT).This algorithm converts the time domain of impulse response into frequency 

domain. Figure 28 and figure 29 shows the result and this time it shows the change of 

sound pressure level along with frequency instead of time. 

 

 

 

 

 

 

 

 

 

 

 

 

 



 
 

 

Figure 27: Impulse Response using FFT (Single Sound Source) 

 

Figure 28: Impulse Response using FFT (Multiple Sound Sources) 

 

 

 

 



 
 

Cross section SPL 

 

Figure 29: SPL in a cross section 60 cm above the ground at the location of the audience (Single Sound Source) 

 

Figure 30: PL in a cross section 60 cm above the ground at the location of the audience (Multiple Sound Sources) 

The sound pressure level in a cross section located above the seating section is depicted 

in Figure 30 and Figure 31. It is calculated using the Sound Pressure Level Calculation 

feature, available as a sub-node to all wall conditions. In this case it is added to a 



 
 

transparent surface (Pass through used as Wall condition). The feature can be added to 

all other walls to post process the SPL distribution there if necessary. 

At figure 30, using single sound source, we can see that the front of seat area has the 

higher sound pressure level. Because sound source was set in front of the seat area. SPL 

is 79 dB to 83 dB at front area and 74 dB to 77 dB at the back side of seat. That means 

audience at front side will listen more. 

 At figure 31, using multiple sound sources, we can see that all the sitting area covers 

SPL 85 dB to 88dB. Just near the sound source, at back side of seat, audience will hear 

at 90 to 92 dB, which is so loud. 

 

 

Reverberation Time 

 

 

                                       (Single Sound Source) 



 
 

 

                                                              (Multiple Sound Source) 

                                                   Figure 31: Comparison of Reverberation time 

 

The reverberation time is same for both because of reverberation time depends on the 

absorption coefficient and geometrical structure. Though the room components didn`t 

change and the absorption coefficient are same for both cases so the reverberation time 

is same for both cases.  

 

 

 

 

 

 

 

 

 

 

 



 
 

Conclusion 
 

 

From this simulation, the results shows the differences between the impacts of multiple 

sound sources. The sound pressure level of multiple sources is greater than single sound 

source because sound pressure level depends on the sound sources, where the room 

environment and parameters are unchanged. By changing the parameters and room 

environment, the sound pressure level can be changed. The room acoustics depend on 

the geometrical shape of the auditorium, so it is mandatory for better sound quality to 

design the auditorium according to the shape which can provide better quality. For 

complex shape the Sabine formula can be ignored. The absorber can impact on the 

sound quality too, it can also changes the SPL, Impulse responses and reverberation 

time. The noise and reflection of the room is consider as low so that can be neglected 

in this simulation. For reverberation time sources are not so important, when the 

parameters are unchanged and the impact of components or absorption confidents are 

noticeable. The reverberation time is same for both because of reverberation time 

depends on the absorption coefficient and geometrical structure. Changing the room 

environment such as position of the windows, entrances, floor can also changes the 

results.  
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