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ABSTRACT

Room impulse response modeling has been a subject of interest to acousticians,
musicians, and architects for many years. Room impulse response modeling can help to
predict the acoustical characteristics of the new finished concert halls, to create a virtual
studio effect for music production without building the actual studio room, and to
compare the effect of different absorbing materials and treatments in architecture.
The goals of this dissertation are to obtain a better match between the simulation
and the measurement results of small room impulse responses, and to understand why the
models and the measurements may differ even for simple cases like small rectangular
rooms.
The basic image source method and digital waveguide mesh are widely used in
modeling small room impulse responses because they are relatively easy to implement.
But the modeling results from these two computer models are often found to be of limited
usefulness because the source, receiver, and room surfaces in the models are usually too
idealized to match real conditions. For example, the computer models have often
assumed the sound source to be an omni-directional point source for ease of
implementation, but a real loudspeaker may include multiple drivers and exhibit an
irregular polar response.
We develop a room impulse response computer modeling technique that extends
the basic image source method or digital waveguide mesh by including the measured
parameters of the speaker, microphone, and room surfaces. We verify that the match
between the model and the measurement can be improved if we include the real
measurement of the speaker polar response, microphone polar response, and room
surface reflection coefficients in the model.

1

INTRODUCTION

Room acoustic response modeling has been a subject of interest to acousticians,
musicians, and architects for many years. Room acoustic responses can be modeled for
various purposes. For example, when designing new professional spaces like concert
halls, the room acoustic response model can help to predict the acoustical characteristics
of the new finished spaces. In another purpose, it may be desired to produce naturally
sounding studio effects for music production. The room acoustic response model can help
to create a virtual studio effect without building the actual room. In yet another purpose,
it may be desirable to choose the most suitable acoustical absorbers in architecture. The
room acoustic response model can help to compare the effect of different absorbing
materials and treatments.
The acoustic response received by a receiver in a room varies according to the
positions of the source and the receiver, the orientations of the source and the receiver,
and the acoustic condition of the room surfaces. The room acoustic response can be
separated into three segments: direct sound, early reflections, and late reverberation [1].
Direct sound is produced when sound wave propagates directly from the source to the
receiver. Early reflections are sparse, discrete reflected sounds from nearby surfaces. Late
reverberation is densely populated with reflected sounds.
A general approach to denote room acoustic response is based on the room
impulse response (RIR), which is the impulse response between a source and a receiver
in a room. From the modeled room impulse response, other parameters can be defined,
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such as reverberation time (RT), early decay time (EDT), clarity (C), definition (D),
center time (CT), strength (S), and lateral energy fraction (LEF) [2]. These parameters
characterize various aspects of the room acoustics. Sometimes it is desirable that the
results of room acoustics modeling can also be auditioned, which is referred to as
“auralization” [3, 4]. In this situation, the room impulse response can be convolved with
the “dry” (anechoically recorded) audio to achieve the audible result.
There are many computer techniques for modeling room impulse responses.
However, the modeling results from these computer models are often found to be of
limited usefulness because they usually do not match the real measurement of the room
impulse responses. One reason is that the descriptions of sources, receivers, and room
surfaces in the computer models are usually too idealized to match the real conditions.
For example, the computer models have often assumed the sound source to be an omnidirectional point source for ease of implementation, but a real loudspeaker may include
multiple drivers and exhibit an irregular polar response in both the horizontal and the
vertical directions.
The goals of this dissertation are to obtain a better match between the simulation
and the measurement results of small room impulse responses, and to understand why the
models and the measurements of the room impulse responses may differ even for simple
cases like small rectangular rooms. To be more specific, this dissertation addresses the
following research questions: I. Given a real room, what parameters should be measured
to characterize the room impulse response? II. Given the answer of the previous question,
how can the room impulse response be modeled? III. According to the measured room
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impulse response, what is the objective quality of the modeled room impulse response?

Work and Contributions

The contribution of this dissertation is to address the discrepancies found when
comparing the modeled and the measured room impulse responses. Thus, we develop a
room impulse response computer modeling technique that extends the image source
method by using the measured parameters of the speaker, microphone, and room surfaces.
We seek to obtain a better match between the modeled and the measured room impulse
responses, and to better understand why the simulations and the measurements of the
room impulse responses may differ even for simple cases like small rectangular rooms.
The image source method can be applied reliably in very simple cases like small
rectangular rooms with flat room surfaces. But there are some limitations within the
image source method itself. For example, this method is not sufficiently flexible to
handle the irregular room surfaces. In this dissertation, we use a 3-D rectangular digital
waveguide mesh in the simulation of the low frequency portion of the room impulse
responses for small rooms with irregular surfaces. We verify that we can also obtain a
better match between the 3-D rectangular digital waveguide mesh based simulation and
the real measurement of the low frequency room impulse responses for small rooms with
irregular room surfaces if we include the real measurement of the source directivity,
receiver directivity, and room surface reflection coefficients in the basic 3-D rectangular
digital waveguide mesh.

4

Background

RIR Measurement Techniques
One straightforward method to obtain the room impulse responses is to measure it
directly using an appropriate source signal [5-7]. When measuring the room impulse
responses, the room, the source, and the receiver are treated together as a system.
A room impulse response can be obtained using the dual channel method [5],
which is shown in Fig. 1. In the dual channel method, both the input and the output of the
system should be measured and processed simultaneously. The input and the output are
often transformed into the frequency domain to calculate the frequency response. The
frequency response is then transformed into the impulse response. The dual channel
method allows almost any broadband signal as the input, for example, pink noise and
white noise.

Figure 1: Room impulse response measurement using the dual channel method.

A room impulse response can also be obtained by exciting the system with an
impulse [5, 8], as shown in Fig. 2. In practice, electrical sparks, hand claps, and
computer-generated impulse signals can be used as the impulse excitation. The impulse
method is very simple but it usually cannot produce enough energy to give a reasonable
signal to noise ratio (SNR).

5

System
Input
(Impulse)

Output
(Impulse Response)

Figure 2: Room impulse response measurement using the impulse method.

A room impulse response can also be obtained by feeding the system with a
maximum length sequence (MLS) signal [9-11], which is shown in Fig. 3. The MLS
signal is a pseudo random binary sequence. The important property of the MLS signal is
that the autocorrelation of the MLS signal approximates an impulse, so the cross
correlation of the MLS signal and the output of the system approximately equals the
impulse response of the system [9]. The MLS method can give a good SNR due to its low
crest factor. But the MLS method is vulnerable to nonlinear distortion and time variance
of the measurement system [12, 13].

Figure 3: Room impulse response measurement using the MLS method.
RIR Modeling Techniques
The room impulse response can be modeled using many methods. These methods
are generally classified into three categories: physical models, scale models, and
computer models [14]. Physical models can model wave phenomena of sound but they
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are very expensive to build. Scale models can reduce the overall size and the complexity
of testing, so they are more efficient for designing large halls. For small room impulse
responses, computer software models are used almost exclusively because the results can
be analyzed very conveniently.
There have been decades of work devoted to modeling room impulse responses
using computer software [15-17]. These computer methods are usually classified into the
ray-based methods and the wave-based methods. The ray-based methods are based on
geometric room acoustics. They assume that sound wave propagates like a plane wave, so
the wavefront propagation may be defined as a ray [3, 18]. Although this assumption is
more reasonable for high-frequency sound whose wavelength is small compared to the
dimensions of rooms, the ray-based methods are often used to solve acoustics problems
over the whole audio frequency range for rooms with simple geometries. The wave-based
methods are based on the general solution of the wave equation. They can efficiently
model the correct physics of room acoustics [3, 18, 19]. Since analytic solutions for the
wave equation are available only for very simple cases like rectangular rooms, numerical
methods must usually be applied to successfully solve different room acoustics problems.
The wave-based methods are primarily used only for low-frequency sound because the
properties of the high frequency sound may not be constant within the small elements and
the computational complexity and memory requirement may increase rapidly with
increasing simulated sound frequency bandwidth.
The ray tracing method and the image source method (ISM) are two common raybased methods for modeling room impulse responses [18-29]. The ray tracing method
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finds propagation paths between a source and a receiver by generating a limited number
of rays from the source and following each ray to see if it reaches the receiver. Some
important propagation paths may be missed due to the limited number of the generated
rays. Consequently, the ray tracing method is not appropriate for the room impulse
response models when we want to compare the simulation and the measurement results
of the room impulse responses. In the image source method, the reflected path from the
real source is replaced by the direct path from the corresponding image source. The
image source method results in an impulse response with fine time resolution and only
has modest computational complexity for small rectangular rooms. So, the image source
method is suitable for modeling the room impulse responses for small rectangular rooms.
The finite element method (FEM), boundary element method (BEM), and digital
waveguide mesh (DWM) method are three known wave-based methods for modeling
room impulse responses [30-32]. The FEM divides the complete room space into small
elements and obtains a numerical solution of the partial derivative form of the wave
equation [33-35]. The BEM divides only the boundary of the room space into small
elements [33, 36]. The FEM and the BEM are the most effective choices if an
approximate solution of the wave equation is searched at a steady state to solve the
eigenvalues and eigenfunctions of an enclosure or a resonating surface. But these two
methods typically calculate frequency domain responses, so the early reflections and late
reverberation cannot be easily separated. Thus, they are not appropriate for acting as the
model because it becomes very difficult for the comparison with the measured room
impulse response. The digital waveguide mesh method is one kind of the finite difference
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time domain (FDTD) method [37]. In the digital waveguide mesh method the derivatives
in the wave equation are replaced by the finite differences. The digital waveguide mesh
method [32] is straightforward to model room impulse responses because it solves the
wave equation directly in the time-domain.

Image Source Method
The image source method applied in room acoustics is not new [26-28, 38-40]. In
1972, Gibbs and Jones used the image source method for calculating the sound pressure
level distribution within an enclosure [26]. In 1979, Allen and Berkley used the image
source method for simulating the impulse response between two points in a small
rectangular room [27]. In 1984, Borish improved the image source method and used it in
rooms with more complex shapes [28]. Currently, the image source method is widely
used in modeling the room impulse responses for small rectangular rooms due to its fine
time resolution.
The fine time resolution of the image source method is very important when we
want to compare results with real measured impulse responses. A major drawback of the
image source method is that it cannot handle diffuse reflections and it is not sufficiently
flexible to handle the irregular room surfaces. Consequently, the image source methods
are only practical for modeling the specular reflections in rooms with simple geometries.
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Digital Waveguide Mesh
The digital waveguide mesh was first proposed by Van Duyne and Smith in 1993
[32]. It originated from the digital waveguide, which has been popular in modeling
vibrations of different kinds of musical instruments [41-47]. The digital waveguide mesh
provides a numerical solution to the wave equation in multiple dimensions, and thus has
the benefit of incorporating the effects of diffraction and wave interference [32, 48, 49].
The 2-D and 3-D digital waveguide mesh schemes have been used to simulate wave
propagation in musical instruments [50-55], acoustic spaces [56-59], and vocal tracts [6062].
The rectangular mesh is the original structure of the digital waveguide mesh. It
can suffer from severe frequency and direction dependent dispersion at high frequencies.
The dispersion error can be reduced by using an interpolated mesh structure [63], or a
triangular mesh topology [50, 64]. After this, the remaining frequency-dependent error
can be rectified using the frequency warping technique [63].
We find that the frequency response is nearly uniform and the sound propagation
dispersion error is small over the low frequency range. Thus, it is feasible to use the 3-D
rectangular digital waveguide mesh for the simulation of low frequency portion of the
room impulse response for small rooms. For this investigation, we consider the low
frequency range to be from 20 Hz to 2 kHz, and the definition of a small room to be an
enclosed volume less than 30 m3.

10

Organization of the Dissertation

The remaining part of the dissertation is organized as follows. In Chapter 2, the
room impulse response measurement results using the dual channel method, the impulse
method, and the MLS method are described and shown. In Chapter 3, the room impulse
response models using the basic and the improved image source method are described
and the modeling results are compared to the measured room impulse responses. In
Chapter 4, the low frequency room impulse response model using the 3-D rectangular
digital waveguide mesh is described and the modeling results are compared to those
using the image source method. In Chapter 5, the low frequency room impulse response
model using the 3-D rectangular digital waveguide mesh is compared to the measured
room impulse response. Finally, the dissertation concludes with a summary of the results
and suggestions for future work.
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MEASURING ROOM IMPULSE RESPONSES

Before the room impulse responses were modeled, the room impulse responses
were measured and used as a reference to compare with the modeled room impulse
responses. A practical and repeatable room impulse response measurement system
usually needs a signal generator, a speaker to create acoustical sound, a microphone to
receive sound signal, and a recording device, as shown in Fig. 4. In our measurement
system, the excitation signal is generated using a personal computer (PC) and passes
through a digital to analog converter (DAC) and an audio mixer. The sound signal is then
sent to a loudspeaker (Mackie HR824) and received by a microphone (DPA 4003). Both
the loudspeaker and the microphone are commercially available products that are typical
of standard recording studio equipment. The received signal passes through the mixer and
an analog to digital converter (ADC) to reach the PC.
Several preliminary measurements were made to make sure that the measurement
system was suitable for measuring the room impulse responses. The noise of the system
was found to be -80 dB below the full scale, which is sufficient for experiments since the
received signal magnitude is usually as large as -20 dB. There was some harmonic
distortion in the recorded sound, but the distortion components were 40 to 50 dB below
the fundamental frequency. The measurement system was linear and time invariant (LTI)
according to our verification of the time delay property, the scale property, and the
superposition property of the system. Based on the results of these preliminary
experiments, the system is suitable for the room impulse response measurements.
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Measurement Room
Speaker

Microphone

Audio Mixer

ADC

DAC

PC

Processing Room

Figure 4: Room impulse response measurement system.

We initially had limited experiences in obtaining small room impulse response
measurements, so we made several experiments to make sure the measurements were
consistent. In these experiments, the dual channel method, the impulse method, and the
MLS method were used to measure the room impulse responses for several speaker and
microphone positions. Since the measured results using these three methods were found
to be nearly identical, the impulse response measurements are deemed to be accurate and
consistent, as explained next.

RIR Measurement Results

Measuring RIR Using Dual Channel Method
The speaker and the microphone were at first set at fixed positions and the room
impulse response was measured using the SmaartLive software [65]. SmaartLive is a
software-based dual-channel audio analyzer capable of measuring the impulse response
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between a speaker and a microphone in a room. SmaartLive contains an internal signal
generator that simplifies the measurement process by creating appropriate excitation
signals for each measurement. The excitation signals were either an internally generated
pink noise or an internally generated pink sweep.
For each excitation signal, the impulse response was measured twice. The two
measurements were found to be very consistent (the measurement variability is within
±0.5 dB) and they were averaged to increase the SNR. Thus, one averaged impulse
response for every excitation signal was obtained. Fig. 5 shows an example room impulse
response measured using SmaartLive with pink noise as source. Since the speaker and the
microphone are not omni-directional and they have irregular polar responses, the
measured room impulse response is not discrete.
To make it easier to compare the measurement results with those measured using
the pink sweep as the source, ten peaks which appear to be discrete reflections were
chosen, as indicated with arrows in Fig. 5. The respective delay times and magnitudes of
these ten peaks in every impulse response were extracted and shown in Table 1. Note that
in the table the delay time for every peak is the measured value, while the magnitude of
every peak is normalized by the magnitude of the strongest peak.
The measurement results are very close for the two input signals, which means
that room impulse response measurements using SmaartLive are repeatable and
independent of the choice of excitation signal.
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Figure 5: Measurement result of the room impulse response using the dual channel
method.

Measuring RIR Using Impulse Method
The room impulse response was then measured using the impulse method. To
increase the SNR, the input was fed with an impulse train with a period greater than the
length of the room impulse response to avoid time aliasing. The recorded output of the
system was the periodical impulse responses. The measurement variability of the impulse
responses is within ±0.5 dB. The periodical impulse response was then averaged
synchronously to get a final measured impulse response. The measurement results using
the impulse method are included in Table 1. The measurement results using this method
are comparable to those using the dual channel method except for a small magnitude
discrepancy (within 2 dB) of some peak values.
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Measuring RIR Using MLS Method
The room impulse response was also measured using the MLS method. In the
measurement, the input was fed with a MLS signal with order 15 or a MLS signal with
order 16. The output signal was then recorded. The cross correlation of the input and the
output signal was then used to compute the room impulse response. The measurement
variability of the room impulse response using both MLS signals is within ±0.5 dB. The
measured results using MLS signals are also included in Table 1. It is shown that
measurement results using the MLS method are within 2 dB of those using the dual
channel method and the impulse method.

Peak
Number
1
2
3
4
5
6
7
8
9
10

Delay
(ms)

4.71
7.73
8.31
9.06
10.38
12.17
12.44
14.38
14.58
14.88

Dual Channel
Method
(Pink Noise)
0
-16.0
-20.2
-15.1
-13.5
-15.0
-8.8
-12.5
-6.5
-14.9

Dual Channel
Method
(Pink Sweep)
0
-16.0
-20.8
-15.1
-14.1
-14.8
-8.6
-12.3
-6.6
-14.8

Magnitude (dB)
Impulse
Method
0
-16.8
-20.8
-16.2
-15.0
-15.9
-9.2
-13.5
-7.5
-15.3

MLS
Method
(Order 15)
0
-16.3
-21.2
-16.0
-15.3
-15.8
-9.0
-13.2
-7.7
-15.4

MLS
Method
(Order 16)
0
-16.4
-21.1
-16.1
-15.0
-15.7
-9.1
-13.3
-7.9
-15.7

Table 1: Delay time and magnitude of ten randomly chosen peaks in the room impulse
responses measured using the dual channel, impulse, and MLS methods.

Additional RIR Measurements

Three different speaker-microphone positions were utilized with the abovementioned three methods to measure the room impulse responses. The measurement
results were congruent for these three methods for each position. Among these three
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methods, the impulse method is the simplest technique to implement, but this method
needs to average many cycles of the impulse response to increase the SNR. It seems that
the MLS method is the most desired method, but the result will be affected by any
nonlinear or time variant parameters. One common disadvantage of the impulse method
and the MLS method is that they cannot report the direct transmission time between the
speaker and the microphone. Consequently, these two methods cannot be used alone to
get the final impulse response. Based on these practical considerations, we choose to use
the dual channel method in the measurement of the room impulse responses because it
can measure the delay time and the magnitude of the direct transmission and other
reflections accurately.

17

COMPARISON BETWEEN MEASURED AND IMAGE SOURCE METHOD
BASED MODELED ROOM IMPULSE RESPONSES

In this chapter, the room impulse response for an example speaker-microphone
position was measured using the dual channel method and modeled with the image
source method. If the source and the receiver are assumed to be omni-directional and the
room surfaces are assumed to be perfectly reflective, there is no surprise a large
discrepancy between the modeled and the measured room impulse responses, indicating
that this simple model is insufficient to be relied upon in a practical design situation. If
some more realistic measurement parameters like the speaker polar response, microphone
polar response, and room surface reflection coefficients are included in the model, the
discrepancy between the modeled and the measured room impulse responses is reduced
as expected. Consequently, it seems clear that the usefulness of the modeled room
impulse response can be improved by taking into account the effects of the speaker,
microphone, and room surfaces. This assertion is verified by the following tests.

Principle of RIR Model Using Image Source Method

A simulation of sound propagation from a source to a receiver within a
rectangular room is shown in Fig. 6. The sound propagation is modeled as the
superposition of the direct sound and a number of reflected sounds from the source to the
receiver. The response to an impulse at the source is then the sum of the delayed
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impulses. Here the delay time is equal to the sound propagation path length divided by
the sound velocity.

Figure 6: Simulation of sound propagation between two points in a rectangular room.

The impulse response calculation can also be interpreted from a system point
view, as shown in Fig. 7. If the input of the system is an impulse signal, the output of the
system will be the impulse response of the system, that is, the modeled room impulse
response between the source and the receiver. The system consists of several subsystems.
Each subsystem corresponds to a sound propagation path. In reality, the property of the
subsystem is affected by the source orientation, receiver orientation, room surface
conditions, and the length of the sound propagation path.
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Figure 7: Sound propagation simulation from a system point view.

Simple RIR Model Using Image Source Method

Before the room impulse response was modeled, the measurement room
dimensions, the speaker position, and the microphone position were measured. The
layout of the measurement room is shown in Fig. 8. The rectangular measurement room
is 3.37 meters long, 3.03 meters wide, and 2.39 meters high. The reference point for the
tweeter (the tweeter position) is the center of the tweeter, the reference point for the
woofer (the woofer position) is the center of the woofer, the reference point for the
speaker (the speaker position) is the mid-point between the tweeter position and the
woofer position, and the reference point for the microphone (the microphone position) is
the center of the diaphragm. For this experiment, the tweeter position is (1.91, 1.55, 1.11)
meters, the woofer position is (1.91, 1.55, 0.92) meters, the speaker position is (1.91, 1.55,
1.02) meters, and the microphone position is (2.78, 1.52, 1.02) meters. The temperature
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in the measurement room was 66° Fahrenheit (19° C), giving a sound velocity of 342.8
m/s.

Figure 8: Layout of the measurement room (plan view).

It should be noted that there is a door on Wall 4, a small window on the outer side
of Wall 1, and a corner column in the corner between Wall 1 and Wall 4. The size of the
window is (0.06, 1.27, 0.36) meters and the size of the corner column is (0.16, 0.37, 2.39)
meters. The column is not considered and the window is assumed to be flat in the current
room impulse response simulation using the image source method.
The room impulse response for the example speaker and microphone position was
measured using the dual channel method with pink noise as the source and then modeled
with the image source method implemented by a MATLAB program. The speaker and
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the microphone were at first assumed to be omni-directional and the room surfaces were
assumed to be perfectly reflective. So, only the effect of the sound propagation path
length was considered. To facilitate the analysis, only seven points were extracted from
the modeled room impulse response. These seven points correspond to the direct sound
between the speaker and the microphone and the six first-order reflections from the room
surfaces. The calculated sound pressure magnitude at these seven points was then
compared with that of the corresponding points in the measured room impulse response.
To facilitate the analysis, in the modeled and the measured room impulse responses, the
sound pressure magnitudes of the selected points are normalized by the direct sound
magnitude.
Due to the measurement variability (perhaps ±1.5 cm) of the room dimensions
and the source and receiver positions, the delay time of the magnitude peaks in the
modeled impulse response and that of the measured values may not be exactly the same.
Thus, a satisfactory match is judged to occur if the delay time difference is within 0.10
ms. According to this rule, if the delay time of a magnitude peak in the modeled impulse
response is within 0.10 ms of the measured value, the magnitude peak is verified.
Otherwise, the sample in the measured impulse response having the same delay time as
the modeled value will be chosen. For example, if the delay time of the direct sound in
the modeled impulse response is 2.52 ms and the corresponding feature in the measured
impulse response is 2.58 ms, the difference is within 0.10 ms, so the delay time is
assigned to be 2.58 ms in the measured impulse response. For another example, if the
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modeled delay time of one of the first-order reflections is assigned to be 8.42 ms but no
peaks in the measured impulse response are within 0.10 ms of this point, the (non-peak)
sample value at time 8.42 ms in the measured impulse response is chosen. Seven points
from the measured impulse response are extracted and shown in Fig. 9.

Figure 9: Direct sound and six first-order reflections in the measured room impulse
response.

A comparison between the modeled values and the corresponding measurements
is shown in Fig. 10 and Table 2. In Table 2, the description column represents the
reflection surface and relative orientation (the horizontal and the vertical angles) of the
sound propagation path with respect to the speaker’s axis. From Table 2 it can be seen
that the extracted values of the modeled and the measured room impulse responses are
very close (within 1 dB) for the reflected sound from Wall 3, while they differ
substantially (in the range of 10 dB to 20 dB) for other reflected sounds. Since the room
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impulse response measurements are repeatable and the measurement variability is within
±0.5 dB, it seems that any variants cannot bridge the large gaps. The insight is that the
reflected sound from Wall 3 is nearly on the axis of the speaker while other reflections
are not. Consequently, the polar responses of the speaker and the microphone that are
presented in the measured room impulse response but not in the simple model need to be
included. Moreover, the reflection coefficients of the real room surfaces are not unity and
this must also be accounted for in the modeled result.

Figure 10: Delay time and magnitude of 7 points (direct sound and six first-order
reflections) in the measured and the simple modeled room impulse responses.
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Measurement
Delay
Magnitude
(ms)
(dB)
2.58
0
6.06
-6.9
6.42
-16.4
8.42
-29.2
9.08
-23.6
9.33
-24.4
13.71
-39.1

Image Source Method
Delay
Magnitude
(ms)
(dB)
2.52
0
5.98
-7.5
6.44
-8.1
8.42
-10.5
9.10
-11.2
9.31
-11.4
13.69
-14.7

Difference
Delay
Magnitude
(ms)
(dB)
-0.06
0
-0.08
-0.6
0.02
8.3
0.00
18.7
0.02
12.4
-0.02
13.0
-0.02
24.4

Description
Sound
Sound
Reflection
Orientation
Direct Sound
(1.9°, 90.0°)
From wall 3
(0.8°, 90.0°)
From floor
(1.9°, 23.1°)
From ceiling
(1.9°, 162.5°)
From wall 2
(286.1°, 90.0°)
From wall 4
(74.2°, 90.0°)
From wall 1
(179.7°, 90.0°)

Table 2: Delay time and magnitude of 7 points in the measured and the simple modeled
room impulse responses. Here the speaker is assumed to be one point source.

Modified RIR Model Using Image Source Method

The speaker polar response, microphone polar response, and room surface
reflection coefficients all affect the magnitude and the phase of the modeled room
impulse response. These parameters were measured and then incorporated into the basic
image source method. In the modified model, the small room, the speaker, and the
microphone were treated together as a linear time invariant (LTI) system. Since the input
of this system is an impulse signal, the output of this system is the impulse response of
the system, in this case the modeled room impulse response between the source and the
receiver. A MATLAB program was developed to implement the modified method to
model the room impulse response for the above-mentioned speaker-microphone position.
The program is divided into the following parts: program initialization, sound
source processing, speaker polar response calculation, microphone polar response
calculation, room surface reflection coefficient calculation, image source processing, and
finally room impulse response calculation. Fig. 11 shows the program flowchart, which is
described in more detail in the following subsections.
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Start
Program
Initialization
Low Frequency Range
(37-1800Hz)

Sound Source
Processing

High Frequency Range
(1800-22000Hz)

Woofer Polar Responses

Tweeter Polar Responses

Microphone Polar
Responses in the Low
Frequency Range

Microphone Polar
Responses in the High
Frequency Range

Room Surface Reflection
Coefficients in the Low
Frequency Range

Room Surface Reflection
Coefficients in the High
Frequency Range

Processing of the Woofer
Derived Image Sources

Processing of the Tweeter
Derived Image Sources

Room Impulse Response
Calculation

End

Figure 11: Program flowchart for the modified room impulse response model using
image source method.

Program Initialization
In this module, values of some descriptive parameters were set. First, the room
dimensions, the woofer position, the tweeter position, and the microphone position were
specified. Next, the sound velocity was set according to the room temperature. The
sampling rate was set to 48 kHz, FFT length to 32768 samples, and simulation time
duration to 683 milliseconds (32768 samples at the sampling rate 48 kHz).
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Sound Source Processing
A two-way loudspeaker (woofer and tweeter) was used in this experiment. When
the speaker is fed with an input signal, the crossover network directs the lower frequency
part of the input signal to the woofer and the high-frequency part to the tweeter.
According to the Mackie HR824 speaker specification, the crossover frequency of the
speaker is 1800 Hz, the woofer 3 dB bandwidth is 37 Hz to 1800 Hz, and the tweeter 3
dB bandwidth is 1800 Hz to 22000 Hz. In the simulation program, two impulse sources
were used to simulate the woofer and the tweeter respectively. The woofer polar response
and the tweeter polar response were also individually taken into account in the simulation
program.

Speaker Polar Response Calculation
To measure the tweeter polar response, the driver was located in a fixed position
and the reference point for the microphone was placed in different positions on three
circles, centered on the tweeter. The first circle is on the horizontal plane of the tweeter
(horizontal direction), the second circle is erected perpendicular to the lateral side of the
tweeter (vertical 1 direction), while the third circle is erected perpendicular to the front
side of the tweeter (vertical 2 direction). 66 different tweeter-microphone positions were
measured using a synthesized bandpass signal (1.8 kHz - 22 kHz), assuming that no
signal would come out of the woofer.
The tweeter band limited impulse responses for these 66 different tweetermicrophone positions were then processed using a time window short enough to include
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only the direct sound arrival. The impulse responses were then transformed into the
frequency domain using an FFT (length 512 samples) to calculate the tweeter polar
responses at different frequencies. A three-dimensional linear interpolation function was
used to interpolate the measured tweeter polar responses for several positions, where the
horizontal angles changed from 0º to 360º with 3º spacing and the vertical angles changed
from 0º to 180º with 3º spacing.
Fig. 12 shows our measurement of tweeter polar responses at 2 kHz, Fig. 13 at 5
kHz, and Fig. 14 at 10 kHz in the horizontal direction, the vertical 1 direction, and the
vertical 2 direction. It can be seen that the tweeter is quite directional at these three
frequencies and nearly cylindrically symmetrical in the axial direction.

a) Horizontal

b) Vertical 1

c) Vertical 2

Figure 12: Measured tweeter polar responses at 2 kHz in the horizontal, vertical 1, and
vertical 2 directions.
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a) Horizontal

b) Vertical 1

c) Vertical 2

Figure 13: Measured tweeter polar responses at 5 kHz in the horizontal, vertical 1, and
vertical 2 directions.

a) Horizontal

b) Vertical 1

c) Vertical 2

Figure 14: Measured tweeter polar responses at 10 kHz in the horizontal, vertical 1, and
vertical 2 directions.

The interpolation in the simulation program was done in the time domain, which
gave very similar results to a calculation in the frequency domain according to our test.
The accuracy of the interpolation was verified as follows. The tweeter horizontal impulse
responses at the angles of 30º, 42º, and 45º were at first measured and calculated. The
measured horizontal impulse responses at the angles of 30º and 45º were then used to
interpolate the horizontal impulse response of the tweeter at the angle of 42º. The original
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and the interpolated tweeter horizontal impulse responses at the angle of 42º were finally
compared. It is shown in Fig. 15 that they have a very small discrepancy.

a) Original

b) Interpolated

Figure 15: Comparison between the original and the interpolated tweeter horizontal
impulse responses at the angle of 42º.

The woofer polar response was measured using similar procedures. The
difference is that the woofer polar response was measured using a synthesized bandpass
signal (37 Hz - 1800 Hz) and the microphone was placed in different positions on circles
centered on the woofer. Fig. 16 shows our measurement of woofer polar response at 500
Hz, Fig. 17 at 1 kHz, and Fig. 18 at 1500 Hz in the horizontal direction, the vertical 1
direction, and the vertical 2 direction. It can be seen that the woofer is also quite
directional at these frequencies and nearly cylindrically symmetrical in the axial direction.
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a) Horizontal

b) Vertical 1

c) Vertical 2

Figure 16: Measured woofer polar responses at 500 Hz in the horizontal, vertical 1, and
vertical 2 directions.

a) Horizontal

b) Vertical 1

c) Vertical 2

Figure 17: Measured woofer polar responses at 1 kHz in the horizontal, vertical 1, and
vertical 2 directions.

a) Horizontal

b) Vertical 1

c) Vertical 2

Figure 18: Measured woofer polar responses at 1500 Hz in the horizontal, vertical 1, and
vertical 2 directions.
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Microphone Polar Response Calculation
The signal from the speaker can either go directly to the microphone or be
reflected by the room surfaces and then reach the microphone. Thus, the frequency
dependent polar response of the microphone can affect the measured signal.
The microphone polar response was at first measured for the frequency range of
the tweeter, keeping the center of the tweeter and the reference point for the microphone
fixed while the microphone was rotated around two circles. The first circle is erected
perpendicular to the lateral side of the tweeter (vertical 1 direction), while the second
circle is erected perpendicular to the front side of the tweeter (vertical 2 direction). Since
the DPA 4003 microphone is uniformly omni-directional in the horizontal plane, the
microphone horizontal polar response was not necessary to be considered in the
simulation program and therefore was not re-measured.
The microphone polar responses for 46 different tweeter-microphone orientations
were measured using a synthesized bandpass signal (1.8 kHz - 22 kHz). A threedimensional linear interpolation function was used to interpolate the microphone polar
responses in the frequency range of the tweeter for several positions, where the horizontal
angles changed from 0º to 360º with 3º spacing and the vertical angles changed from 0º to
180º with 3º spacing. The measurement of the microphone polar response in the woofer
frequency range was made using a similar procedure.
Fig. 19 shows our measurement of microphone polar responses at 1 kHz and Fig.
20 at 5 kHz in the vertical 1 direction and the vertical 2 direction. It can be seen that, as
expected, the receiving microphone is less directional than the loudspeaker source, but
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the subtle microphone directionality may also be a factor in modeling room impulse
responses.

a) Vertical 1

b) Vertical 2

Figure 19: Measured microphone polar responses at 1 kHz in the vertical 1 and vertical 2
directions.

a) Vertical 1

b) Vertical 2

Figure 20: Measured microphone polar responses at 5 kHz in the vertical 1 and vertical 2
directions.
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Room Surface Reflection Coefficient Calculation
The speaker output signal may be reflected by various room surfaces before
reaching the microphone. The magnitude and the phase of the speaker output signal will
thus change due to the propagation distance and the effect of the room surface reflection
coefficients. Measurements can be made to estimate the reflection coefficients of the
room surfaces for use in the simulation program.
In our test room, the room surfaces are made of or covered with several kinds of
materials. The wall and the ceiling are covered with painted wallboard, the door is made
of wood, the window is covered with glass, and the floor is coved with carpet.
To measure the low-frequency wall reflection coefficient, the center of the woofer
was first aligned with the reference point for the microphone. The positions of the woofer
and the microphone must ensure that in the measured impulse response, the reflected
sound from the measured room surface is the earliest reflection and may not be interfered
with by the reflection from other room surfaces. The speaker was then fed with a
synthesized bandpass signal (37 Hz - 1800 Hz), assuming that no signal would come out
of the tweeter. The woofer band limited impulse responses for 5 different woofermicrophone positions were then measured. For each position, the direct sound and the
earliest reflection part were extracted from the measured impulse response and
transformed into the frequency domain using an FFT (length 512 samples) to calculate
the frequency dependent reflection coefficients for low frequencies. The measurement
method for the high-frequency wall reflection coefficient was similar, except that the
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center of the tweeter was aligned with the reference point for the microphone and the
speaker was fed with a synthesized bandpass signal (1.8 kHz - 22 kHz).
The processing for the reflection coefficients of the other surfaces (door and
window) is similar to that for the wall. Since the walls and the ceiling of the room are
made of the same material, their reflection coefficients are considered to be equal. For
convenience, the measurement of the floor reflection coefficient was made when the
sound path from the woofer (or the tweeter) via the floor to the microphone was not on
the axis of the woofer (or the tweeter). The calculation of the floor reflection coefficient
was similar to that of the wall reflection calculation except that the polar responses of the
woofer (or the tweeter) and the microphone were considered.
Fig. 21 shows the magnitude of our measurement of frequency dependent
reflection coefficients of the wall, door, window, and floor. Here the composite room
surface reflection coefficients for the whole speaker frequency range are formed by
combining the corresponding low frequency and high frequency room surface reflection
coefficients. Because of the small size of the window and its frame, trim, and gaskets,
some part of the reflected sound from the window may be interfered with by the reflected
sound from the surrounding surfaces near the window. The window reflection coefficient
in some frequencies is therefore found to be greater than one.
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a) Wall

c) Window

b) Door

d) Floor

Figure 21: Measurement results of the frequency dependent room surface reflection
coefficients.

Image Source Processing
When a two-way speaker is fed with an impulse or another broadband signal, the
low-frequency part of the signal will be played by the woofer while the high-frequency
part will be played by the tweeter. Thus, as mentioned in the sound source processing
subsection, one source was used to simulate the woofer and the other source was used to
simulate the tweeter. The positions of the image sources due to the two drives were first
calculated. The orientation of the reflections due to the image sources, i.e., the angles
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between the reflections and the real sources, were then computed. The orientation of the
receiver, i.e., the angles between the reflections and the receiver, were also calculated.
The intersection points between the reflection path and the room surfaces were also
calculated to judge whether the intersection points were in the wall, the ceiling, the
window, the door, or the floor. The amplitude loss and the phase change due to the
reflections from the room surfaces were finally computed for the sound sources (the real
sources and the image sources).

Room Impulse Response Calculation
In the simulation program it was assumed that the sound would propagate
spherically from the speaker directly to the microphone or via room surfaces and then to
the microphone. The amplitude loss and the phase change from the sound sources to the
receiver were computed first. The impulse responses between the receiver and the sound
sources were calculated by considering the amplitude and the phase change factors,
including the amplitude loss and the phase change due to the room surface reflection
coefficients, the woofer (or the tweeter) polar response, the microphone polar response,
and the spherical sound spreading. The impulse responses for the sound sources were
then added together to form an overall impulse response.

Simulation and Measurement Comparison
After measuring the speaker polar responses, microphone polar response, and
room surface reflection coefficients, the room impulse response was re-modeled using
these measured parameters. It should be noticed that when a two-way speaker is fed with
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a broadband signal, the low-frequency part of the signal will be played by the woofer
while the high-frequency part will be played by the tweeter. In other words, these two
sources should be considered separately. Fig. 22 shows the on-axis woofer and tweeter
impulse responses. It can be seen that the delay time of the peaks in the woofer and the
tweeter impulse responses is different.

a) Woofer

b) Tweeter

Figure 22: Measurement results of the on-axis woofer and tweeter impulse responses.

Based on the above-mentioned consideration, 14 points corresponding to the
direct sound and the six first-order reflections due to the woofer as well as the tweeter are
selected in the modeled room impulse response. The magnitude of these points was then
compared to that of the corresponding points in the measured room impulse response
using the satisfactory match procedure designed in the simple model section.
The extracted values of the modeled and the measured room impulse responses
correspond quite well (see Fig. 23 and Table 3). The discrepancies are reduced to be
within 5 dB, compared to 20 dB seen previously.
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Figure 23: Delay time and magnitude of 14 points (direct sound and six first-order
reflections due to woofer and tweeter) in the modified modeled and the measured room
impulse responses for one example speaker and microphone position in the first test room.

Measurement
Delay
Magnitude
(ms)
(dB)
2.58
0.0
2.90
-10.0
6.06
-6.9
6.42
-16.4
6.71
-29.0
6.77
-31.5
8.33
-23.6
9.00
-31.3
9.12
-23.6
9.71
-28.0
9.33
-24.4
9.75
-28.6
13.71
-39.1
13.96
-30.7

Image Source Method
Delay
Magnitude
(ms)
(dB)
2.63
0.0
2.94
-10.1
6.06
-7.1
6.38
-16.8
6.65
-28.9
6.73
-29.8
8.33
-27.7
9.10
-29.2
9.19
-26.0
9.71
-29.7
9.40
-23.7
9.75
-29.2
13.69
-33.3
13.96
-32.3

Differences
Delay
Magnitude
(ms)
(dB)
0.05
0
0.04
-0.1
0
-0.2
-0.04
-0.4
-0.06
0.1
-0.04
1.7
0
-4.1
0.1
2.1
0.07
-2.4
0
-1.7
0.07
0.7
0
-0.6
-0.02
5.8
0
-1.6

Sound
Source
Tweeter
Woofer
Tweeter
Woofer
Woofer
Tweeter
Tweeter
Woofer
Tweeter
Woofer
Tweeter
Woofer
Tweeter
Woofer

Description
Sound
Reflection
Direct Sound
Direct Sound
From wall 3
From wall 3
From floor
From floor
From ceiling
From ceiling
From wall 2
From wall 2
From wall 4
From wall 4
From wall 1
From wall 1

Sound
Orientation
(1.85°, 84.0°)
(1.85°, 96.0°)
(0.8°, 87.4°)
(0.8°, 92.6°)
(1.85°, 24.1°)
(1.85°, 22.2°)
(1.85°, 161.9°)
(1.85°, 163.0°)
(286.1°, 88.3°)
(286.1°, 91.7°)
(74.2°, 88.4°)
(74.2°, 91.6°)
(179.7°, 88.9°)
(179.7°, 91.1°)

Table 3: Delay time and magnitude of 14 points in the measured and the modified
modeled room impulse responses. Here the speaker is assumed to be two directional
sources.

Additional Tests of the Modified RIR Model

To test the validity and the consistency of the modified model using the image
source method, the model was applied in several other speaker and microphone positions
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in the previously mentioned test room.

Fig. 24 shows that the delay time and the

magnitude of the selected points from the modeled and the measured room impulse
responses for an example speaker-microphone position also correspond quite well.

Figure 24: Delay time and magnitude of 14 points (direct sound and six first-order
reflections due to woofer and tweeter) in the modified modeled and the measured room
impulse responses for another example speaker and microphone position in the first test
room.

The modified model was also applied in several speaker-microphone positions in
another test room, which is a little larger than the first test room. In this less decorated
test room, the walls are covered with painted concrete block, the door is made of wood,
the window is covered with a curtain, the floor is covered with brick, and the suspended
ceiling is covered with acoustical tile. Fig. 25 shows that the modified model also
performs well for an example speaker-microphone position in this test room, supporting
our conclusion that the test and the simulation procedures are robust and repeatable.
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Figure 25: Delay time and magnitude of 14 points (direct sound and six first-order
reflections due to woofer and tweeter) in the modified modeled and the measured room
impulse responses for an example speaker and microphone position in the second test
room.

Summary on RIR Model Using Image Source Method

The principal goal of this chapter is to verify that the discrepancies observed
between the measured room impulse response and the simulation of the room impulse
response using the popular image source method are largely attributable to the
simplifications used in the simulation. The results verify this goal. For a room impulse
response modeled using the image source method, if the source and the receiver are
assumed to be omni-directional and the room surfaces are assumed to be perfectly
reflective, there is a large discrepancy between the modeled and the measured room
impulse responses, indicating that the simple model is insufficient. The match between
the modeled and the measured room impulse responses can be improved if we include the
real measurements of speaker polar response, microphone polar response, and room
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surface reflection coefficients in the basic image source method. Thus, the goals to obtain
a better match between the modeled and the measured room impulse responses, and to
obtain a better understanding of the differences between the simulation and the
measurement are verified.
The causes of the remaining discrepancies between the measurement and the
model of the room impulse responses are now being studied. The discrepancies may be
partly due to the irregularity of the room surfaces since there is a small window and a
corner column in the room surface. However, the image source method is not sufficiently
flexible to handle room surface irregularities. Thus, we need to find another method that
can model the room impulse response and can more easily handle the irregularity of the
room surfaces.
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ROOM IMPULSE RESPONSE MODELING USING
3-D RECTANGULAR DIGITAL WAVEGUIDE MESH

In this chapter, the low frequency part of room impulse responses is modeled
using the 3-D rectangular digital waveguide mesh. A digital waveguide mesh provides a
numerical solution to the wave equation and incorporates diffraction and interference
effects.
The 3-D rectangular digital waveguide mesh suffers from frequency and direction
dependent dispersion for high frequency sound, but the frequency response is nearly flat
and the sound propagation dispersion error is small at low frequencies. This means that
the 3-D rectangular mesh is suitable for modeling room impulse responses for low
frequency sound. In this chapter, we use the 3-D rectangular mesh to model the room
impulse response for low frequency sound in the frequency range from 37 Hz to 1800 Hz
(the woofer frequency range).
The reason that the 3-D rectangular digital waveguide mesh is not appropriate for
simulating high frequency sound is that the frequency response is very uneven and the
sound propagation dispersion error is large over the whole frequency range. If we want to
model the room impulse response over the whole audio frequency range, we need to
oversample the impulse response (for example, by a factor of 10 or more) so that the
frequency response will be flat for the desired audio frequency range (20 Hz – 20 kHz).
Thus, the node size in the mesh would be reduced to one-tenth of the original size, and
there will be as many as one thousand times the number of nodes compared to the
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original case. So, a digital waveguide mesh with large sample rate requires denser meshes,
more computer memory and hence takes on the order of 1000 times longer to run. This is
not suitable for current computer workstations. Thus, it is currently not appropriate to use
the 3-D rectangular digital waveguide mesh in the simulation of high frequency sounds.
In this chapter, we will first review the fundamentals of the digital waveguide
mesh. We will then show our work in the derivation of the analytical expression for the
impulse response between two nodes in 2-D rectangular digital waveguide mesh. We will
then describe the considerations for room impulse response modeling using a 3-D
rectangular digital waveguide mesh. Finally, we will compare the simulation results of
the low frequency room impulse responses using the image source method and the 3-D
rectangular digital waveguide mesh.

Fundamentals of Digital Waveguide Mesh

Update Equation
In the digital waveguide mesh, the nodes are connected with their neighboring
nodes by waveguides (bidirectional digital delay lines). Fig. 26 shows the general case of
a node J with N neighboring nodes i , where i 1, 2,

, N [32, 44, 66, 67]. The signal

Pi , J represents the incoming signal to node i along the waveguide from the node J while

the signal Pi , J denotes the outgoing signals from node i along the waveguide to the
node J [66, 67].
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p1, J

p1, J

pJ ,1

pJ ,1

p J, i

p J, i

pi , J

pi , J

Figure 26: A node J with N connected neighboring nodes i, where i = 1, 2, …, N.

The sound pressure at a lossless node, PJ , can be expressed as [66, 67]:
2
PJ

N

PJ , i

Zi
,
1
i 1 Z
i
i 1
N

(1)

where PJ , i represents the incoming pressure signal at a connecting waveguide and Z i
represents its impedance.
Since the waveguides are bidirectional unit delay lines, the input to a node is
equal to the output from a neighboring node into the connecting waveguide at the
previous time step [66, 67]. This can be expressed as:
PJ ,i

Z 1Pi , J .

(2)

If the impedances are all equal, Eq. (1) can also be derived as an equivalent finite
difference scheme using only node pressure values [32]:
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PJ (n)

2
N

N

Pi (n 1) PJ (n 2) ,

(3)

i 1

where PJ (n) denotes the sound pressure at node J at time index n . This way of
formulating the digital waveguide mesh update function is called the Kirchhoff
formulation. It has greater memory efficiency and less computational expense than Eq.
(1). Thus, we used the Kirchhoff formulation for the simulation in this dissertation.
The updating frequency or sampling frequency, f s , of a mesh and the wave
propagation velocity, c , are related to each other as [68, 69]

fs

c N
,
x

where N is the dimensions of the mesh and

(4)
x is the spatial sampling interval.

Structures
The digital waveguide mesh with nodes separated with bidirectional unit delays
can be constructed in various ways like rectangular, triangular, and hexangular structures
[69, 70], as shown in Fig. 27. Among these structures, the rectangular topologies are the
easiest to handle because the regular matrices match well with the structures offered by
computer programming languages and the general shapes of simple room models.
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a) Rectangular

b) Triangular

c) Hexangular

Figure 27: Three structures of the 2-D digital waveguide mesh.

One limitation of the rectangular mesh is that it has numerical dispersion, due to
the difference in the physical distances and signal path lengths. For example, in a 2-D
rectangular mesh, the spatial distance from a node to its first diagonal neighbor is

2

times the distance to an axial neighbor. However, the signal travels along the orthogonal
steps from a node to its axial neighbors in one time-step and to a diagonal neighbor, as
well as to a second axial neighbor, in two time-steps. Thus, the signal reaches locations at
physical distances of

2 spatial steps and 2 spatial steps away from the source at the

same time instant [69].
The difference in the physical distances and signal path lengths causes a
numerical error dependent on both the direction of wave propagation and the frequency
of the signal. The error is largest at high frequencies and in the axial directions of the
mesh. The dispersion can be made equal in all directions by using an interpolated mesh
scheme [63]. After this, the remaining frequency-dependent error can be rectified using
the frequency warping technique [63].
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According to our simulation, the 3-D rectangular digital waveguide mesh has
much less numerical dispersion in the low frequency range. Thus, we used the 3-D
rectangular mesh to simulate the low frequency portion of the room impulse response in
this dissertation.

Boundary Conditions
In real rooms, sound reflections occur when the sound waves reach the room
surfaces. The complex changes of the magnitude and the phase of the sound waves at the
room surfaces depend on the surface material and structure as well as the level, frequency,
and propagation direction of the sound. Correspondingly, there should be a representation
of the boundary condition in the digital waveguide mesh.
Currently, many research centers around the world are doing research on
modeling boundary conditions in digital waveguide mesh with adjustable shape, diffusion,
and reflection characteristics [71-74].

However, there has not yet been a perfect

boundary condition implementation for the digital waveguide mesh.
For the 3-D rectangular digital waveguide mesh, there only exist two suitable
frequency and angle independent boundary conditions. One is the basic boundary
condition based on the simple impedance matching technique while the other is a
modified boundary condition proposed by Kelloniemi et al. in 2004 [73], which is based
on an improved absorbing boundary condition proposed in [66].
At the boundary of the 3-D rectangular digital waveguide mesh, an interaction
occurs between the boundary node and its immediate perpendicular neighbor within the
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main body of the mesh structure [66]. A boundary node is generally defined as having
only one neighbor, so adjacent nodes on the mesh boundary have no direct influence on
each other.
In a real room, the effect of a room boundary is to produce a reflection of an
incident sound wave, usually with some frequency dependent absorption of the wave
energy at the boundary itself. In a digital waveguide mesh a reflection is caused by a
change in the impedance of the waveguide [66]. This can be represented by connecting a
dummy node 2 on the other side of the boundary node B , as shown in Fig. 28 [66].

P1, B

PB , 1

PB , 2

P1, B

PB , 1

PB , 2

Figure 28: Reflection from a boundary in a digital waveguide mesh.

The connecting waveguides on either side of the boundary have characteristic
impedances z1 and z2 respectively. If at a boundary the impedance changes from z1 to z 2 ,
the reflection coefficient r is defined as [66]:

r

z2
z2

z1
.
z1

(5)
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Since there is no contribution from the dummy node 2 into the boundary node B ,
the sound pressure in the boundary node can be calculated using Eqs. (1) and (2) and
expressed in the finite difference formulation as [66]

PB (n)

(1 r ) P1 (n 1) rPB (n 2) ,

(6)

where r is the desired reflection coefficient, and indices B and 1 denote the boundary
node and its perpendicular neighbor, respectively. Here P1 (n 1) represents the sound
pressure for the perpendicular neighbor of the boundary node one time step ago and

PB (n 2) denotes the sound pressure on the boundary node two time steps ago.
In the room acoustics simulation using digital waveguide mesh, the amount of
energy reflected at the room boundary is determined by setting r equal to a value
between 0 and 1. An absorbing boundary condition is simulated with r

0

and a

perfectly reflective boundary condition is simulated with r 1 . This basic boundary
condition offers a satisfactory solution enabling reflection and absorption to be modeled.
But it is clearly an oversimplification of reality. In addition, this method was proved to
cause unwanted reflections at low values of reflection coefficient r [67].
To improve the performance of the basic boundary condition, in 2002, Murphy
and Mullen suggested expanding the rule obtained from Eq. (6) with r
PB, abs (n)

P1 (n 1) ,

0,

(7)

into a Taylor series of the values of the nodes perpendicular to the boundary [66]. For
example, the first-order Taylor series expansion of the right hand side of Eq. (7) results in
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PB, abs (n)

2 P1 (n 1) P2 (n 2) .

(8)

Boundaries constructed this way produce significantly better absorption than the original
solution.
The basic boundary condition (6) for the perfectly reflecting case, r

1 , can be

expressed as:
PB, ref (n)

2 P1 (n 1)

PB (n 2) .

(9)

An assumption was made in [73] that reflection coefficient values between 0 and
1 could be modeled by a r-weighted linear combination of the reflecting and absorbing
solutions. The resulting new rule for adjusting the reflection coefficient r is thus written
as
PB (n)

rPB, ref (n) (1 r ) PB, abs (n)

r (2 P1 (n 1) PB (n 2)) (1 r )(2 P1 (n 1) P2 (n 2))
2 P1 (n 1) (1 r ) P2 (n 2) rPB (n 2) .

(10)

The performance of this equation is better than those obtained with the basic boundary
condition at very low values of r .
When the basic boundary condition and the modified boundary condition are
applied in modeling low frequency room impulse responses, the modified boundary
condition performs better at lower reflection coefficients while the basic boundary
condition performs better at higher reflection coefficients.
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Analytical Expression of Impulse Response in 2-D Rectangular DWM

Currently, in the digital waveguide mesh models, the schemes of the wave
equation are in the space-time domain, and it is not straightforward to find an analytical
expression for the impulse response between a source and a receiver in the mesh. In this
section, we derive an analytical expression for the impulse response between two nodes
in a 2-D rectangular mesh. This expression can help verify the simulation results of the
mesh.

2-D Rectangular Digital Waveguide Mesh
The rectangular digital waveguide mesh is a regular array of 1-D digital
waveguides arranged along each perpendicular dimension, interconnected at their
crossings by scattering nodes with unit delay elements. A 2-D rectangular digital
waveguide mesh was originally proposed in [32], and is illustrated in Fig. 29.

Figure 29: In the 2-D rectangular digital waveguide mesh each node is connected to four
neighbors with unit delays.
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The difference wave equation for the 2-D rectangular mesh can be expressed
using the node values as
v ( n, i , j )

1
[v(n 1, i 1, j ) v(n 1, i 1, j )
2

v (n 1, i, j 1) v(n 1, i, j 1)] v (n 2, i, j ) ,

(11)

where v represents the wave velocity signal of a node at rectangular coordinates (i, j ) at
time index n . Here i , j , and n are arbitrary integers.

Impulse Response Between Two Nodes in 2-D Rectangular DWM
When a 2-D rectangular mesh is used for simulations, one frequently asked
question is how to obtain an expression for the impulse response between a source S at
node ( A, B) and a receiver R at node ( A M , B

N ) , i.e., how to find an expression for

the wave velocity signal at the receiver node ( A M , B
into the source node ( A, B) at time index n

N ) if an impulse signal is fed

0.

The impulse response question can also be mathematically expressed as follows.
Given a time-space impulse signal

(n, i

A, j

B) , what will be the analytical

expression of the received wave velocity signal v(n, A M , B
Here the time-space impulse signal (n, i
( n, i

A, j

B)

1
0

n 0, i A, j
Otherwise

A, j
B

.

N ) for n

B) is defined as follows.

0,1, 2, 3,

?
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The impulse response can certainly be simulated directly using Eq. (11), but an
analytical expression of the impulse response can provide helpful insights and help verify
the simulation results.
In
v ( n, A

an

M ,B

signal (n, i

unbounded

rectangular

mesh,

v(n, A M , B

N ) is

equal

to

N ) due to the symmetry of propagation in front of a time-space impulse

A, j

B) . Thus, without loss of generality, both M and N are assumed to

be non-negative integers here. An example source-receiver layout is shown in Fig. 30.

R

S

Figure 30: An example source node S and an example receiver node R are located in a
2-D rectangular digital waveguide mesh.
It should be noticed that given an initial excitation at some node in the mesh, the
excitation energy will spread out from the excitation node more and more as the traveling
waves scatter through the nodes. This phenomenon can be described using 2-D
convolution [75]. To facilitate the analysis of the impulse response question, one 2-D
spatial signal h is defined as follow.
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h {h(m1 , m2 ),

m1 , m2

0.5 m1

}

0

A 1, m2

B 1

Otherwise

.

According to Eq. (11), if an impulse signal is fed into the source node ( A, B) at
time index n

0 , the evolution of the wave velocity signal in the nodes over time can be

expressed as

v(n, i, j )

h

v(n 1, i, j ) v (n 2, i, j ) ,

(12)

where " " denotes 2-D convolution and v(n, i, j )

( n, i

A, j

B ) for n

0 . Here the

wave velocity signal v(n, i, j ) is viewed as a 2-D spatial signal for specific time index n .
Given v(n, i, j )

( n, i

B ) for n

A, j

0 , using Eq. (12) iteratively, the wave

velocity v(n, i, j ) can be written as
n
2

( 1) t Cnt t h ( n

v(n, i, j )

2t )

for n 1 ,

(13)

t 0

where n means the largest integer value less than or equal to n , Cnt t
2

2

binomial coefficient, and h ( n 2t )

h

h

h

(n t )!
is the
t! (n 2t )!

h means the n 2t fold 2-D convolution

n 2t

of h with itself. The calculation of wave velocity signal v(n, i, j ) thus needs to obtain the
value of the polynomials obtained by self-convolving h for n 2t times. Specifically,
calculating the received wave velocity v(n, A M , B N ) requires computing what the h
polynomials equal at the receiver node ( A M , B N ) .
If an impulse signal is fed into the source node ( A, B) at time index n 0 and
continuously convolved with the 2-D signal h , the evolution of the node value over time
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becomes h n at time index n . Therefore, given vˆ(n, i, j )
calculation of h n is actually solving vˆ(n, i, j )

h

( n, i

A, j

B ) for n

vˆ(n 1, i, j ) , i.e., solving

1
[vˆ( n 1, i 1, j ) vˆ( n 1, i 1, j ) vˆ(n 1, i, j 1) vˆ( n 1, i, j 1)] .
2

vˆ(n, i, j )

0 , the

(14)

Von Neumann analysis can be applied to the difference equation to show the
evolution of the spatial spectrum over time by using Fourier transform theory [32, 76]. To
calculate h n at the receiver node ( A M , B N ) , Von Neumann analysis applied to Eq.
(14) yields
Vˆ ( n, 1 ,

2

)

1 j2
[e
2

1cT

e

j2

e j2

1cT

2cT

e

j2

2cT

]Vˆ (n 1, 1 , 2 ) ,

(15)

where Vˆ (n, 1 , 2 ) is the 2-D discrete-space Fourier transform of vˆ(n, i, j ) ,

1

and

2

are

the spatial frequencies, c is the sound velocity, and T is the temporal sampling interval.
Eq. (15) can be represented using a spectral amplification factor, g ( 1 , 2 ) .
Multiplying the Fourier transform of the solution by g ( 1 , 2 ) is equivalent to advancing
the solution of the time-domain scheme by one time step [32, 76]. Deriving g ( 1 , 2 )
from Eq. (15) gives
Vˆ (n, 1 , 2 )

g n ( 1 , 2 )Vˆ (0, 1 , 2 )

1 j2
[e
2

1cT

e

j2

1cT

e j2

2cT

e

j2

2cT

]g n 1 ( 1 ,

2

)Vˆ (0, 1 , 2 ) ,

where Vˆ (0, 1 , 2 ) represents the initial conditions at time index n
factor g ( 1 , 2 ) is calculated as

(16)

0 . The amplification
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g ( 1, 2 )

1 j2
[e
2

where

2

1

1

1cT

j2

e

cT and

1cT

e j2

2

2

2

2 cT

e

j2

2 cT

]

1 j1
[e
2

e

j

ej

1

2

e

j

2

],

(17)

cT .

According to the spatial shift theorem of the 2-D Fourier transform, to calculate
the value at the receiver node ( A M , B N ) , only the coefficient of e jM e jN from the
1

2

polynomial g n ( 1 , 2 ) needs to be computed. To get the factor e jM e jN , the difference in
1

the exponents of e j and e

j

1

of e j and e
2

j

2

should be equal to M and the difference in the exponents

1

should equal N . In the 2-D rectangular mesh, the path length of every

2

route between the source node ( A, B) and the receiver node ( A M , B

N ) is always an

even or an odd number of unit delays, so the coefficient of e jM e jN is equal to 0 for
1

2

every other time step. In addition, the coefficient of e jM e jN equals 0 for the time index
1

n

N since it takes M

M

2

N time steps for the input to propagate from the source to

the receiver. Based on these considerations, expanding the bracketed expression in
g n ( 1,

1
) [ (e j
2

2

j

e

1

ej

1

j

e

2

2

)]n , the factor e jM e jN
1

2

is only included in the

polynomial
1
[CnN (e j
2n

e

1

j

1

... Cnn M (e j

where n

M

) n N (e j

1

e

j

j

e

2

) M (e j

1

N, M

N

2

CnN 2 (e j

)N
e

2

j

2

1

e

j

1

)n

N 2

n M N
2

N

C N0

n M N
2

C nN 2 C n

N 2

C 1N

j

2

)N

2

. The coefficient of e jM e jN in each term is calculated

2,

1

e

2

)n M ] ,
1

as follows.
1
(C nN C n
n
2

(e j

n M N
2

2

C nn M C M0 C n

M

)

2
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1
2n
1
2n

n M N
2
t 0

n M N
2
t 0

n M N
2

Cn

n M N
2

(CnN 2 t Cn

n M N
2

(Cn

t

N 2t

Ct

n M N
2

C Nt 2 t )

CN

t

n M N
2

)

n M N
2

Cn
2n

, where n

M

N, M

N

2,

.

(18)

According to the shift theorem of the 2-D Fourier transform, the value of h n at
the receiver node ( A M , B
n M N
2

Cn
vˆ(n, A M , B

N)
0

N ) is expressed as
n M N
2

Cn
2n

for n

M

N, M

N

2,

.

(19)

Otherwise

Substituting the expression for vˆ(n, A M , B N ) into Eq. (13) gives the wave
velocity signal v(n, A M , B N ) , i.e., the impulse response between the source node

( A, B) and the receiver node ( A M , B
n M N
2

v ( n, A M , B N )

t 0

0

N ) , which is expressed as

n M N 2t
2

n M N 2t
2

( 1)t Cnt t Cn 2t Cn
2 n 2t

2t

for n

M

N, M

N 2,

.

(20)

Otherwise

In Eq. (20), the impulse response is analytically expressed as the summation of
combined polynomials in the time domain. The computational complexity is high in this
equation, so its practical usefulness is limited. However, for a particular case when the
receiver node is in the diagonal direction of the source node, i.e. M
simplifications can be observed by successively incrementing n in Eq. (20).

N , some
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When n

2 N , v( 2 N , A N , B

N)

C2NN
. From the calculation result in Eq.
22 N

(20), observe that an update expression for n

v(n 4, A N , B

v(n, A N , B

N)

N)

v (n, A N , B

N)

2N , 2N

(n 2 N
(n 2 N

4, 2 N

2)(n 2 N
4)(n 2 N

8
2)
4)

can be written as
and

that

0 for other values of n .

According to these observations, Eq. (20) can be further simplified to the compact
form:
C
v ( n, A N , B N )

n 2N
4
n 2N
2

C

n 2N
4
n 2N
2

2n
0

for n

2N , 2N

4,

.

(21)

Otherwise

Note that in Eq. (21) every three out of four samples in v(n, A N , B

N ) are

zero-valued.

Simulation Results
The impulse responses for three arbitrary source-receiver positions were
simulated using Eq. (11) and using Eq. (20) respectively. The simulations using Eq. (11)
were made by constructing a 200 200 node 2-D rectangular mesh and applying an
impulse signal into source node (80, 120) . The impulse responses were then simulated at
arbitrary receiver nodes (80, 120) , (83, 122) , and (85, 125) , which correspond to

M

0 and N

0 , M

3 and N

2 , and M

5 and N

5 respectively. In the

simulations, sound velocity was set to 343.5 m/s and spatial sampling interval was set to
0.0101 m, indicating an updating frequency of 48 kHz. The impulse response simulations
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were run for 48 time steps, which ensured that the sound wave would not propagate out
of the mesh boundary. The three impulse responses were obtained, and also numerically
transformed into the corresponding frequency responses using an FFT length of 64
samples. The simulation results for the three source-receiver positions were identical to
those using Eq. (20). The simulation results for the receiver nodes (80, 120) and

(85, 125) were also identical to those using Eq. (21), as expected.
Fig. 31 shows the three impulse responses and the corresponding magnitude
frequency responses. In every magnitude frequency response the spectrum is symmetric
about one quarter of the updating frequency. This symmetry characteristic in the
frequency domain corresponds to the phenomenon that every other sample is zero-valued
in the time domain, as shown in Eq. (20) and in the simulated impulse responses in Fig.
31.

a) M=0 and N=0

b) M=3 and N=2
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c) M=5 and N=5
Figure 31: Impulse response (left figure) and magnitude frequency response (right figure)
for three example source-receiver positions in an unbounded 2-D rectangular digital
waveguide mesh. Here A.U. represents arbitrary unit.
Summary on Impulse Response Derivation
The derivation of the analytical expression for the impulse response between two
nodes in a 2-D rectangular digital waveguide mesh was described in this section. A
compact time-domain analytical expression for the impulse response was obtained when
the receiver was in the diagonal direction of the source. For other source-receiver layouts,
the impulse response was analytically expressed as the summation of combined
polynomials in the time domain. The derived analytical expression for impulse response
can be used to verify simulation results using a 2-D rectangular digital waveguide mesh
and to better understand the characteristics of the 2-D rectangular mesh.
In this section, the analytical expression of the impulse response is only derived in
the unbounded 2-D rectangular mesh. It is also possible for the derivation procedure to be
used in more complicated problems by modifying or adding some parameters. For
example, if the derivation procedure is to be used in an unbounded triangular mesh, the 2D spatial signal h needs to be changed. If the procedure is to be applied in the bounded
2-D rectangular mesh, the expression of the boundary condition should be considered. If
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the procedure is to be extended to the bounded 3-D rectangular mesh, the expression of a
boundary condition and a 3-D spatial signal h should be applied, and so forth.

Considerations for RIR Model Using 3-D Rectangular DWM

To apply the 3-D rectangular digital waveguide mesh in the simulation of the low
frequency part of the room impulse response, we need to know the frequency response,
the sound propagation direction dependent dispersion, and the performance of the
boundary condition of the 3-D rectangular mesh in the desired low frequency range.
The difference wave equation for the unbounded 3-D rectangular mesh can be
expressed using the node values as
P ( n, i , j , k )

1
[ P (n 1, i 1, j , k )
3

P(n 1, i, j , k 1)

P (n 1, i 1, j, k ) P (n 1, i, j 1, k ) P(n 1, i, j 1, k )

P(n 1, i, j , k 1)] P(n 2, i, j , k ) ,

(22)

where P represents the sound pressure of a node at rectangular coordinates (i, j , k ) at
time index n . Here i , j , k , and n are arbitrary integers.

Frequency Response in the 3-D Rectangular DWM
We first simulated the frequency responses for several arbitrary source-receiver
positions using the difference wave equation (22) for an unbounded 3-D rectangular mesh.
The simulations using Eq. (22) were made by constructing a 200 200 200 node 3-D
rectangular mesh and applying an impulse signal into the source node (80, 100, 120) . The
impulse responses were then simulated at the receiver nodes. In the simulations, the
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sound velocity was set to 343.5 m/s and the spatial sampling interval was set to 0.0124 m,
giving an updating frequency of 48 kHz. The impulse response simulations were run for
48 time steps. This ensured that the sound wave would not propagate out of the mesh
boundary and therefore the simulated mesh is effectively unbounded. The impulse
responses for the simulated receiver nodes were obtained, and also numerically
transformed into the corresponding frequency responses using an FFT length of 64
samples.
Fig. 32 shows the impulse responses and the corresponding magnitude frequency
responses for three receiver nodes (83, 103, 123) , (84, 103, 120) , and (85, 100, 120) . Note
that in every magnitude frequency response the spectrum is symmetric about one quarter
of the updating frequency. This symmetry characteristic in the frequency domain
corresponds to the phenomenon that every other sample is zero-valued in the time
domain, as shown in the simulated impulse responses in Fig. 32. Note also that while the
frequency responses are very uneven over the whole frequency range due to the
dispersion error of the 3-D rectangular mesh, they are quite uniform over the desired low
frequency range (37 Hz - 1800 Hz).
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a) Receiver (83, 103, 123)

b) Receiver (84, 103, 120)

c) Receiver (85, 100, 120)
Figure 32: Impulse response (left figure) and magnitude frequency response (right figure)
for three example source-receiver positions in an unbounded 3-D rectangular digital
waveguide mesh. Here A.U. represents arbitrary unit.
Propagation Dispersion in the 3-D Rectangular DWM
The 3-D rectangular digital waveguide mesh suffers from serious direction
dependent dispersion for high frequency sound. According to our simulation, however,
the direction dependent dispersion is very small at low frequencies. When we fed a
synthesized bandpass signal (37 Hz – 1800 Hz) into a source node in the unbounded 3-D
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rectangular mesh, the sound propagation within the mesh is nearly omni-directional.
To obtain the sound propagation direction dependent dispersion, the source was
located in a fixed position and the receivers were placed in different positions on a sphere
with the source as the center. In the simulation, a 150 150 150 node 3-D rectangular
mesh was constructed and a synthesized bandpass signal (37 Hz – 1800 Hz) was fed into
the source node (75, 75, 75) . The updating frequency was set to 48 kHz. The responses
for 231 different receiver nodes were simulated. The distances between the source and
the receivers were 60 nodes.
In the simulation, every response simulation was run for 130 time steps. This
ensured that the peaks located in time index 117 of the responses can be obtained. Since
the receiver nodes can only have integer spatial indices in the simulation, the distance
between the source node and the receiver node may not exactly equal 60 nodes. So, the
magnitude of the peaks in the responses was adjusted to that with the distance of 60
nodes according to the inverse square law. The sound propagation in every direction was
represented using the magnitude of the peaks of the corresponding simulated response.
The simulation results show that the magnitudes of the peaks in the 231 simulated
responses are almost equal.
The low frequency sound propagation in the 3-D rectangular mesh is nearly omnidirectional in different directions on a circle, as shown in Fig. 33. The small dispersion is
due to the fluctuation of the digital waveguide mesh frequency response in different
directions. Since the frequency response is nearly flat and the sound propagation
dispersion is small, the 3-D rectangular mesh appears to be suitable for the room impulse
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response modeling in the low frequency range from 37 Hz to 1800 Hz.

Figure 33: Sound propagation in different directions on a circle in the 3-D rectangular
digital waveguide mesh.
Boundary Condition Performance Tests in the 3-D Rectangular DWM
Sound reflection occurs when the sound waves reach the real room surfaces, so
there should be a corresponding representation of boundary conditions in the 3-D
rectangular mesh. Currently, there exist two suitable frequency independent boundary
conditions, which are the basic boundary condition and the modified boundary condition.
In this section, we will show the performance tests of these two boundary conditions.
The first step is to test whether or not these two boundary conditions converge. To
save simulation time, without loss of generality, a 40 40 40 node small 3-D
rectangular mesh was constructed and a bandpass signal (37 Hz – 1800 Hz) was fed into
the source node (20, 20, 20) . The responses were then simulated at three arbitrary
receiver nodes (25, 35, 29) , (17, 25, 16) , and (3, 31, 27) using the reflection coefficients
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r

0. 0 , r

0.5 , and r

1.0 for both boundary conditions. Every response simulation

was run for 24000 time steps, which is long enough to ensure that the convergence test is
believable. According to our test, both boundary conditions converge for these three
arbitrary receiver nodes.
The second step is to test how well the simulated reflection coefficients match the
theoretical values. A test procedure proposed in [73] was used here. For reflective
boundaries, the simulated reflection coefficient is equal to the ratio of the magnitude of
the simulated reflected sound signal to that of the perfectly specular reflected sound
signal. Here the magnitude of the simulated reflected sound signal is equal to the
difference between the magnitude of the received sound signal and that of the direct
transmission sound signal between the source and the receiver. The magnitude of the
perfectly specular reflected sound signal is equal to that of the direct transmission sound
signal between the source and the mirror receiver.
A 200 200 200 node 3-D rectangular mesh was constructed. The simulation
was made for 11 source-receiver positions, where the incident angle from the source to
the tested boundary ranges from 0º (normal incidence) to 45º. To facilitate the
representation, we use the incident angle of 45º as an example.
A bandpass signal (37 Hz – 1800 Hz) was applied as an input over 96 time steps
at the source node S1: (90, 100, 10) in the mesh. The response simulation was made at the
receiver node R1: (110, 100, 10) . The set-up of the source node and the receiver node
made sure that the input was fed into a node located close to the tested mesh boundary
and far from any other boundary to avoid additional reflections influencing the results.

67

The output signal was received at the node located at equal distance from the tested
boundary as shown in Fig. 34 (a). The tested boundary was simulated using both the
basic boundary condition and the modified boundary condition.

a) Simulated Reflection Setup

b) Direct transmission setup

c) Perfect reflection setup

Figure 34: Performance tests of boundary conditions in the 3-D rectangular digital
waveguide mesh.
The direct transmission sound signal from the source node to the receiver node
was simulated in the same 3-D rectangular mesh. The response between the source S1 and
the receiver R1 is equivalent to that between the node S2: (90, 100, 100) and the node R2:

(110, 100, 100) , as shown in Fig. 34 (b). The direct transmission sound signal was
subtracted from the output signal received at the node R1 to get the simulated reflection
signal.
In addition, the perfectly specular reflected sound signal was calculated using the
simulated response between the node S2: (90, 100, 100) and the node R3: (110, 100, 80) , as
shown in Fig. 34 (c). The simulated reflection coefficient is then calculated using the
ratio of the magnitude of the simulated reflection signal to that of the perfect specular
reflection signal.
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Fig. 35 displays the comparison of the simulated reflection coefficients using the
basic boundary condition and the modified boundary condition to the theoretical values in
three incident angles 0º, 26.6º, and 45º. The simulated reflection coefficients calculated
using the modified boundary condition are closer to the theoretical values for the lower
reflection coefficients while those using the basic boundary condition are closer to the
theoretical values for the higher reflection coefficients. We chose the basic boundary
condition in our room impulse response model using digital waveguide mesh because the
room surface reflection coefficients are usually at least as large as 0.3 in our real
measurement.
It can also be seen from Fig. 35 that there is a nearly linear relation between the
theoretical reflection coefficients and the simulated values using the basic boundary
condition. But the relation varies with incident angles. So we did not use a correction
function for the simulated reflection coefficients in this dissertation.

a) 0º

b) 26.6º

c) 45º

Figure 35: Comparison between the performances of the basic boundary condition and
the modified boundary condition in three incident angles.
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Performance Comparison between ISM and 3-D Rectangular DWM

After we tested the frequency response, the sound propagation dispersion error,
and the performance of the boundary conditions of the 3-D rectangular mesh in the low
frequency range, we compared the image source method and the 3-D rectangular digital
waveguide mesh based simulation results of the low frequency impulse responses
between a source and a receiver in a small simulation room.

Performance Comparison for Small Regular Simulation Room
Before the low frequency room impulse response was modeled, the room
dimensions, the source position, and the receiver position were set. The rectangular room
was 1.24 meters long, 1.49 meters wide, and 1.74 meters high. The source position was
(0.62, 0.62, 0.62) meters and the receiver position was (0.372, 0.496, 0.62) meters. The
sound velocity was 343.5 m/s. The source and the receiver were assumed to be omnidirectional. The reflection coefficients were set to 0.8 for all the room surfaces. A
synthesized bandpass signal (37 Hz – 1800 Hz) was fed into the source and the response
in the receiver was simulated using both the image source method and the 3-D
rectangular digital waveguide mesh.
In the simulation using the image source method, the above-mentioned room
dimensions, source position, receiver position, sound velocity, and reflection coefficients
were used directly in the program.
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In the simulation using the 3-D rectangular digital waveguide mesh, the room was
divided into several cubic nodes with the size of 0.0124 meters. Thus, the room
dimension was (100, 120, 140) nodes in the mesh. The source was at the node (50, 50, 50)
and the receiver was at the node (30, 40, 50). In the simulation, the sound velocity was
set to 343.5 m/s, giving an updating frequency of 48 kHz. A bandpass signal (37 Hz 1800 Hz) was fed to the source and the response at the receiver node was simulated. The
reflection coefficient in the basic boundary condition was set to 0.8.
Several arbitrary peaks were extracted from the two modeled responses. Since the
nodes in the digital waveguide mesh can only have integer spatial indices, there may be
small time shift of the delay time in the mesh. So the delay time of the peaks in the two
modeled responses may not exactly be the same. Thus, a satisfactory match described in
Chapter 3 was used. 13 peaks from the two modeled responses are extracted and shown
in Fig. 36. It can be seen that they have a very small discrepancy. Note that the peak
magnitude in the modeled response using the digital waveguide mesh is greater than that
using the image source method. This shows that the reflection coefficient calculated
using the basic boundary condition in the digital waveguide mesh is actually higher than
the theoretical value, as shown in Fig. 35 in the previous section.
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Figure 36: Delay time and magnitude of 13 arbitrarily chosen peaks in the image source
method and the 3-D rectangular digital waveguide mesh based models of the low
frequency room impulse responses for a small rectangular simulation room.
Performance Comparison for Small Irregular Simulation Rooms
In the previous subsection, we showed that the low frequency room impulse
response simulations using the image source method and the 3-D rectangular digital
waveguide mesh were approximately equivalent for the same rectangular simulation
room. Since the image source method is not sufficiently flexible to handle the room
surface irregularities, the 3-D rectangular digital waveguide mesh can be instead used to
simulate the room impulse response for irregular rooms.
In one simulation, we added a glass window in a wall in the original rectangular
simulation room and made the room surface irregular. The window was on the outer side
of the room. The size of the window was (0.248, 0.744, 0.744) meters. The source
position, the receiver position, other room surface reflection coefficients, and the sound
velocity were kept unchanged. The length of the room changed to 1.49 meters when
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we considered the depth of the window.
In the simulation using the digital waveguide mesh, the node size was kept
unchanged. The room dimension changed to (120, 120, 140) nodes. To fit the dimension
of this new room, the source was in the node (70, 50, 50) and the receiver was in the node
(50, 40, 50). The size of the window was (20, 60, 60) nodes and the center of the window
was in the node (10, 60, 70).
Due to the room surface irregularities, the air space within the room was not
rectangular. The irregular air space was then divided into two small rectangular air spaces,
one within the original room and the other within the window. The boundary of the
window was also considered. The reflection coefficients of the window boundaries were
set to 0.6.
Fig. 37 shows that the simulated low frequency room impulse response using the
3-D rectangular mesh now changes a lot as expected and has a large discrepancy
compared to that using the image source method for the original simulation room
(without the window), indicating the importance of including proper surface detail in the
simulation.
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Figure 37: Delay time and magnitude of 7 points (direct sound and six first-order
reflections) in the low frequency room impulse responses modeled using the 3-D
rectangular digital waveguide mesh for a small rectangular simulation room with a glass
window in a wall and that using the image source method for the same room without the
window.
In another simulation, we added three absorbing panels to one of the walls in the
original rectangular simulation room. To facilitate the analysis, the sizes of these three
panels were all set to (0.124, 0.248, 0.248) meters. The length of the room did not change
since the panels were all on the inner side of the room. The source position, the receiver
position, other room surface reflection coefficients, and the sound velocity were kept
unchanged.
In the simulation, the node size in the mesh was kept unchanged. The room
dimension, the source position and the receiver position were kept unchanged. The sizes
of the panels were (10, 20, 20) nodes. The center of Panel 1 was in the node (95, 60, 80),
the center of Panel 2 was in the node (95, 40, 40), and the center of Panel 3 was in the
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node (95, 80, 40). The reflection coefficients of these panels were set to 0.3, 0.5, and 0.6
respectively.
Fig. 38 shows that the simulated low frequency impulse response using the 3-D
rectangular mesh has some discrepancies compared to that using the image source
method for the original rectangular simulation room (without the panels). But the
discrepancies are not as large as that in the window case. This is because the size of the
panels is smaller than the window and therefore has a smaller effect on the simulation
result.

Figure 38: Delay time and magnitude of 7 points (direct sound and six first-order
reflections) in the low frequency room impulse responses modeled using the 3-D
rectangular digital waveguide mesh for a small rectangular simulation room with three
absorbing panels in a wall and that using the image source method for the same room
without the absorbing panels.
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Summary on RIR Model Using Digital Waveguide Mesh

In this chapter, we derived an analytical expression for the impulse response
between two nodes in a 2-D rectangular mesh. We showed that this expression can help
verify the simulation using digital waveguide mesh. We then verified that the 3-D
rectangular digital waveguide mesh is suitable for modeling the low frequency room
impulse response because the frequency response is nearly flat and the sound propagation
dispersion is small in the low frequency range in this mesh structure. We also showed
that the low frequency impulse response simulation using the image source method and
the 3-D rectangular digital waveguide mesh is approximately equivalent for the same
rectangular simulation room, but the digital waveguide mesh is also sufficiently flexible
to handle the irregular room surfaces.
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COMPARISON BETWEEN MEASURED AND DIGITAL WAVEGUIDE
MESH BASED MODELED ROOM IMPULSE RESPONSES

In this chapter, we describe the comparison between the 3-D rectangular digital
waveguide mesh based simulation and the real measurement of the low frequency room
impulse responses for the previously mentioned measurement room (see Fig. 8).
We start with a simple model and assume that the low frequency source and
receiver are omni-directional and the room surfaces are perfectly reflective. We extract
the points corresponding to the direct sound and the six first-order reflections from the
modeled and the measured low frequency room impulse responses and then compare the
magnitudes of these chosen points. We find the expected discrepancy between the
simulation and the measurement of the room impulse responses, due to the oversimplified model.
We then include the real measurement of the woofer polar response and the room
surface reflection coefficients in the 3-D rectangular digital waveguide mesh based model.
We do not need to include the effect of the microphone polar response because the
microphone we used is pretty omni-directional in the desired low frequency range.
The measured source directivities have nearly cardioid form over the desired
frequency range. It is feasible for us to combine three sources to simulate the directivities
of the source. The measured room surface reflection coefficients are frequency dependent,
but currently the suitable boundary conditions for the 3-D rectangular mesh are frequency
independent. One feasible way to represent the frequency dependent reflection coefficient
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is to average the measured reflection coefficient in the desired frequency range to get a
constant value, which is then used in the boundary condition simulation.
If we include the woofer polar response and the room surface reflection
coefficients into the basic 3-D rectangular digital waveguide mesh, the discrepancy
between the simulation and the measurement of the low frequency room impulse
responses is reduced. If we include the effect of the window and the corner column of the
measurement room in the mesh, the discrepancy between the simulation and the
measurement can be further reduced.

Simple RIR Model Using 3-D Rectangular DWM

Before the room impulse response was modeled, the measurement room
dimensions, the woofer position, and the microphone position were specified. The
measurement room is 3.37 meters long, 3.03 meters wide, and 2.39 meters high, as shown
in Fig. 8 in Chapter 3. The woofer position was (1.26, 1.23, 1.16) meters and the
microphone position was (1.26, 0.41, 1.16) meters. The temperature in the measurement
room was 68° Fahrenheit (20 °C), giving a sound velocity of 343.5 m/s.
To measure the room impulse response in the low frequency range, the speaker
was then fed with a synthesized bandpass signal (37 Hz – 1800 Hz), assuming that no
signal would come out of the tweeter. The woofer band limited impulse responses for this
woofer-microphone position were then measured.
The low frequency room impulse response for this woofer-microphone position
was then modeled using the 3-D rectangular digital waveguide mesh. The low frequency
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source and receiver were at first assumed to be omni-directional and the room surfaces
were assumed to be perfectly reflective.
In the simulation, the room was divided into several cubic nodes with the size of
0.0124 meters and the updating frequency was 48 kHz. Thus in the mesh, the room
dimension was (273, 246, 194) nodes. The source was in the node (103, 100, 94) and the
receiver was in the node (103, 34, 94). A synthesized bandpass signal (37 Hz - 1800 Hz)
was fed into to the source and the response in the receiver node was simulated. The
reflection coefficients of the room surfaces were set to 1. The impulse response
simulations were run for 20 ms.
To make it easier to perform the comparison, seven points corresponding to the
theoretical values of the direct sound and the six first-order reflections were extracted
from the modeled and the measured low frequency room impulse responses, as shown in
Fig. 39. It is evident that some discrepancies are in the range of 5 to 10 dB.
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Figure 39: Delay time and magnitude of 7 points (direct sound and six first-order
reflections) in the 3-D rectangular digital waveguide mesh based simple model and the
real measurement of low frequency room impulse responses for a real small rectangular
test room.

Modified RIR Model Using 3-D Rectangular DWM

The woofer polar response and the room surface reflection coefficients both
affected the result of the modeled room impulse response. We did not need to include the
microphone polar response because it is nearly omni-directional in this frequency range.
The woofer polar response and the room surface reflection coefficients were measured
and then incorporated into the basic 3-D rectangular digital waveguide mesh.
A MATLAB program was developed to implement the modified room impulse
response model for the woofer-microphone position mentioned in the simple model
section. The program was divided into the following parts: woofer polar response
calculation, room surface reflection coefficients calculation, and finally room impulse
response simulation. These elements are summarized next.
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Woofer Polar Response Calculation
The source directivity has a significant effect on the simulation result of the room
impulse response. Thus, obtaining a way to simulate the directivity characteristics of the
source is very important to the simulation. In this subsection, we show the real
measurement result of the woofer polar response and the representation of the source
directivity.
The woofer polar response was measured and calculated using the procedure
described in Chapter 3. Fig. 40 shows the woofer polar response at 250 Hz in the
horizontal direction, the vertical 1 direction, and the vertical 2 direction. The woofer is
nearly cylindrically symmetrical in the axial direction. The woofer shows a nearly semicardioid characteristic in the horizontal and the vertical 2 direction and it is essentially
omni-directional in the vertical 1 direction at 250 Hz.

a) Horizontal

b) Vertical 1

c) Vertical 2

Figure 40: Measured woofer polar responses at 250 Hz in the horizontal, vertical 1, and
vertical 2 directions.
At 1 kHz, the woofer is also nearly cylindrically symmetrical in the axial direction
(see Fig. 17 in Chapter 3). The woofer has a nearly hyper-cardioid response in the
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horizontal direction and the vertical 2 direction and it is nearly omni-directional in the
vertical 1 direction at 1 kHz.
The directivities of the woofer at 250 Hz and 1 kHz can be represented using
three sources, the combination of an omni-directional source and two dipole sources. The
magnitudes of these three sources were calculated according to the measured value of the
woofer polar response for the angle of 180º (the back of the woofer). Thus, at 250 Hz, the
magnitude of the omni-directional source was 0.68 and those for the dipole sources were
0.32 and -0.32. At 1 kHz, the magnitude of the omni-directional source was 0.44 and
those for the dipoles were 0.56 and -0.56. At both frequencies, the distance between the
adjacent sources was set to 1 node (0.0124 meters). This ensured that the delay time of
the selected points (the direct sound and the six first-order reflections) in the simulated
room impulse response has a smaller time shift compared to that in the measured room
impulse response.
Fig. 41 shows the comparison between the simulation and the measurement of the
source directivities at 250 Hz and 1 kHz in the horizontal plane. They correspond well in
most directions, especially on the front side of the woofer.

82

a) 250 Hz

b) 1 kHz

Figure 41: Comparison between simulation and measurement of the source directivities
in the horizontal plane.

Room Surface Reflection Coefficient Calculation
The measurement of the room surface reflection coefficients in the woofer
frequency range was described in Chapter 3. Fig. 42 shows the magnitude of the
frequency-dependent reflection coefficients of the wall, door, window, and floor in the
low frequency range. The reflection coefficients change from surface to surface.
Because of the small size of the window and its frame, trim, and gaskets, some
part of the reflected sound from the window may be interfered with by the reflected
sound from the surrounding surfaces near the window. The window reflection coefficient
at some frequencies is therefore found to be greater than 1 when using the measurement
procedure described in Chapter 3.
The measured room surface reflection coefficients at very low frequencies may
have some discrepancies compared to the real values. Since the measurements were made
in a small room, the direct sound and the earliest reflection extracted from the measured
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impulse responses were not long enough to accurately represent the reflection
coefficients at lower frequencies. The unexpectedly large low frequency absorption of
the wall and the door will be investigated in the future.

a) Wall

c) Window

b) Door

b) Floor

Figure 42: Measurement results of room surface reflection coefficients in the woofer
frequency range.
To fit the frequency independent reflection coefficients in the basic boundary
condition using the mesh, the frequency dependent reflection coefficients were averaged
to get a frequency independent value for every room surface in the full band (37 Hz –
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1800 Hz) and two subbands (37 Hz – 500 Hz and 500 Hz – 1800 Hz), as shown in Table
4.

Room Surface

Wall
Door
Window
Floor

Reflection Coefficients (A. U.)
Full Band
Low Band
High Band
(37 Hz – 1800 Hz)
(37 Hz – 500 Hz)
(500 Hz – 1800 Hz)
0.67
0.32
0.85
0.67
0.30
0.86
0.86
0.58
1.00
0.47
0.65
0.38

Table 4: Calculation of the frequency independent reflection coefficients from the
measured frequency dependent reflection coefficients.

Room Impulse Response Simulation
The room impulse response was re-modeled by including the measured woofer
polar response and the room surface reflection coefficients in the basic boundary
condition for the 3-D rectangular digital waveguide mesh. Since 1 kHz is roughly the
center frequency in the desired frequency range (37 Hz – 1800 Hz), the source directivity
at this frequency was used to represent the directivity of the woofer in the simulation.
Three sources with the magnitude of -0.44, 0.56, and 0.44 were located in the nodes (103,
101, 94), (103, 100, 94), and (103, 99, 94) respectively. The calculated reflection
coefficients for the desired frequency band (37 Hz – 1800 Hz) were used in the
simulation. A synthesized bandpass signal (37 Hz – 1800 Hz) was fed into the source and
the response at the receiver position was simulated.
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Comparison between Simulation and Measurement
A comparison was made between the simulated and the measured low frequency
room impulse responses. To do this, the points corresponding to the direct sound and the
six first-order reflections were extracted from the modeled room impulse response. The
magnitude of these points was then compared with that of the corresponding points in the
measured room impulse response. The extracted values of the modeled and the measured
room impulse responses correspond quite well (see Fig. 43). The discrepancies for most
points except the last point are reduced. The last point corresponds to the reflection from
the wall on the back of the speaker. One reason for the discrepancy may be that the
reflection path is blocked by the speaker and the real measurement value will thus change
due to the blockage. Another reason may be due to the effect of the window and the
corner column in the measurement room. In the real measurement, the reflection from the
window and the column may have an effect on the value of this last point. Thus, the
effect of the window and the column should also be considered to obtain a more accurate
simulation.
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Figure 43: Delay time and magnitude of 7 points (direct sound and six first-order
reflections) in the 3-D rectangular digital waveguide mesh based modified model and the
real measurement of low frequency room impulse responses for a real small rectangular
test room.

Including Surface Detail in the RIR Model
As mentioned previously, the digital waveguide mesh can be used in the
simulation of the impulse response for a room with an irregular room surface. There is a
small window and a column in the real measurement room, making the room surface
irregular. The effect of the window and the column was considered to get a more accurate
simulation result.
In the simulation, the dimensions and the positions of the window and the corner
column were considered. Since the column was made of the same material as the walls,
their reflection coefficients were considered to be the same.

Fig. 44 shows the

comparison between the magnitudes of the selected points in the simulated and the
measured low frequency room impulse responses. It is shown that the discrepancy of the
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magnitude can be further reduced when the effect of the window and the column was
considered.

Figure 44: Delay time and magnitude of 7 points (direct sound and six first-order
reflections) in the 3-D rectangular digital waveguide mesh based modified model
(considering the effect of the window and the column) and the real measurement of low
frequency room impulse responses for a real small rectangular test room.
Additional Tests of the Modified RIR Model

To test the validity and the consistency of the modified model using the 3-D
rectangular digital waveguide mesh, the model was applied in several other woofer and
microphone positions in the previously mentioned test room. Fig. 45 shows that the
magnitudes of the selected points from the modeled and the measured room impulse
responses for an example woofer-microphone position also correspond quite well expect
for the last point. Note that the magnitude of this point in the measurement is as small as
that of the background noise. Thus, the background noise may have a very large effect on
the measurement value of this point and thus lead to the large discrepancy.
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Figure 45: Delay time and magnitude of 7 points (direct sound and six first-order
reflections) in the 3-D rectangular digital waveguide mesh based modified model
(considering the effect of the window and the column) and the real measurement of low
frequency room impulse responses for an example woofer-microphone position in the
first test room.

The modified model was also applied in several woofer and microphone positions
in another less decorated test room, as describe in Chapter 3. Fig. 46 shows that the
extracted values of the modeled and the measured room impulse responses for an
example woofer-microphone position in this test room. It is shown that the modified
model also performs well for this test room, supporting our conclusion that the test and
the simulation procedures are robust and repeatable.
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Figure 46: Delay time and magnitude of 7 points (direct sound and six first-order
reflections) in the 3-D rectangular digital waveguide mesh based modified model and the
real measurement of low frequency room impulse responses for an example woofermicrophone position in the second test room.

A Subband Based Model Using 3-D Rectangular DWM

The requirement of the basic boundary condition to represent the reflection
coefficient over the whole woofer frequency range with a constant value may cause some
discrepancies between the simulation and the measurement of the low frequency room
impulse responses. An alternative way we considered to simulate the frequency
dependent boundary condition is to divide the desired woofer frequency range into
several subbands and use a constant value of reflection coefficient for each subband. The
intended advantage for the subband based method is that the reflection coefficients and
the woofer polar response will vary less in the subbands compared to in the full band.
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Subband Decomposition Consideration
The Quadrature Mirror Filter (QMF) can be used to divide a signal into several
subbands and then obtain a perfect reconstruction of the original signal. But we need to
downsample the signal when using the QMF. This is equivalent to decreasing the
updating frequency of the digital waveguide mesh, which is undesirable because the
frequency response of the digital waveguide mesh will become uneven over the desired
frequency range (37 Hz – 1800 Hz) and the performance of the simulation result will
degrade. Therefore, we instead chose a convenient overlapped bandpass filter bank.
We instead divided the frequency range into two subbands (37 Hz – 500 Hz and
500 Hz – 1800 Hz), keeping the sampling frequency of the signals at 48 kHz. We used
these two narrower subband signals to synthesize the wider band signal (37 Hz – 1800
Hz). Fig. 47 and Fig. 48 show that the synthesized signal and the original signal have a
large discrepancy in the waveforms due to unmatched phase responses, but they have
similar spectra. Thus, the comparison between the simulation and the measurement of the
room acoustic responses was made in the frequency domain rather than in the time
domain.
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Figure 47: The waveforms of the original signal and the synthesized signal.

Figure 48: The spectra of the original signal and the synthesized signal.

There is no standard for the number and the frequency range of the subbands in
the simulation. We can divide the frequency range into more subbands at the price of
increasing computational complexity and memory requirement. We can also divide the
frequency range into two subbands with the 3 dB bandwidth of 37 Hz to 400 Hz and 400
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Hz to 1800 Hz respectively. In this case, the simulated source directivities and the room
surface reflection coefficients should change accordingly. One reason we chose 500 Hz
as the division boundary of the subbands is that the original signal and the synthesized
signal have a small spectra discrepancy in this way.

Subband Based Model Using DWM
In this simulation, two low frequency room impulse responses were modeled
using the 3-D rectangular digital waveguide mesh, with the original signal and the
synthesized signal as the sources. The reflection coefficients were set to 1 for all
boundaries and the source and the receiver were set to be omni-directional. These two
modeled responses were transformed into the frequency domain using an FFT with the
length of 1024 samples (the sampling frequency is 48 kHz). Fig. 49 shows the spectra
comparison between the original signal and the synthesized signal based simulation. The
spectra discrepancies are within 2 dB, which shows that the subband decomposition
method is feasible for the digital waveguide mesh based simulation.
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Figure 49: Spectral comparison between the original signal and the synthesized signal
based room impulse response simulations.

Comparison between Measurement and Subband Based Model
The measured room surface reflection coefficients were used to calculate constant
values for every room surface in the lower and the higher subbands (shown in Table 4),
which was then applied in the basic boundary condition for the 3-D rectangular digital
waveguide mesh. The woofer polar responses at 250 Hz and 1 kHz were considered to be
the source directivities for the lower and the higher subbands, respectively.
The simulated responses were transformed into the frequency domain using an
FFT with length 1024 samples (the sampling frequency is 48 kHz). Fig. 50 shows the
spectral comparison between the subband based simulation and the real measurement.
The spectral discrepancies are within 5 dB. Future development work will be required to
assess the potential usefulness of this approach.
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Figure 50: Spectral comparison between the subband based model and the real
measurement of low frequency room acoustic responses.
Summary on Comparison between Measurement and DWM based Model

In this chapter, we verified that the match between the modeled and the measured
low frequency room impulse responses can be improved as expected if we include the
real measurements of the woofer polar response and the room surface reflection
coefficients in the 3-D rectangular digital waveguide mesh. We also verified that the
match can be further improved if we consider the effect of the irregular room surfaces.
We also showed that the subband based model is an alternative way for the simulation of
the low frequency room impulse response. We hoped that this subband method can help
extend the digital waveguide mesh simulation to a wider range of boundary condition.
The causes of the remaining discrepancies between the simulation and the
measurement of the low frequency room impulse responses are now being studied. For
example, they may be partly due to the scattering effect of the room surfaces. They may
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also be partly due to the simplified representation of the boundary conditions and subtle
details of the source directivities.
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CONCLUSION

Work Summary

To summarize this dissertation work, in the experimental part, we figured out the
experimental procedure and made experiments on measuring the room impulse responses,
speaker polar response, microphone polar response, and room surface reflection
coefficients. We developed the software to process the measurement data. In the
simulation part, we developed the MATLAB software to implement the room impulse
response models based on the image source method and digital waveguide mesh. In the
analytical part, we derived the analytical expression of impulse response in the 2D
rectangular digital waveguide mesh.
The primary goal of this dissertation is to obtain a better match between the
simulation and the measurement of room impulse responses. In the room impulse
response model using the image source method, if the source and the receiver are
assumed to be omni-directional and the room surfaces are assumed to be perfectly
reflective, there is no surprise that a large discrepancy exists between the modeled and
the measured room impulse responses, indicating that this simple model is insufficient.
The match between the modeled and the measured room impulse responses can be
improved as expected if we include the real measurements of speaker polar response,
microphone polar response, and room surface reflection coefficients in the basic image
source method. Thus, we verified our goal to obtain a better match between the
simulation and the measurement of the room impulse responses for small rooms.
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There are some limitations within the image source method itself. For example, it
is not sufficiently flexible to handle room surface irregularities. The digital waveguide
mesh can be used to simulate rooms with irregular room surfaces. Since the frequency
response is nearly uniform and the sound propagation dispersion error is small in the low
frequency range, the 3-D rectangular digital waveguide mesh is suitable for simulating
the low frequency part of the room impulse response. The 3-D rectangular mesh is not
appropriate for simulating sound over the whole audio frequency range because the
computational complexity and the memory requirements increase rapidly for increased
audio frequency bandwidth.
We verified that the match between the modeled and the measured low frequency
room impulse responses can be improved as expected if we included real measurements
of the woofer polar response and the room surface reflection coefficients in the 3-D
rectangular digital waveguide mesh. We also verified that the match can be further
improved if we consider the irregularity of the room surfaces. We also experimented
with a subband decomposition method for the simulation using the digital waveguide
mesh. We need to do some research to assess the potential usefulness of this approach.
At this point, we are able to better address the research questions presented in the
introduction. Given a real small empty room, the speaker polar response, microphone
polar response, and room surface reflection coefficients can be measured to characterize
the room impulse response. The room impulse response can then be modeled using the
image source method or the digital waveguide mesh, including the real measurement of
the source, receiver, and room surfaces. We may need to combine these two models if we
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want to handle high frequency sound in an irregular room. The magnitudes of the points
corresponding to the direct sound and the six first-order reflections from the modeled and
the measured impulse responses can be compared. The discrepancies between the
simulation and the real measurement can be reduced from 10 – 20 dB in the simple model
to within 5 dB if we include the real measurement of the source, receiver, and room
surfaces in the model.

Future Work Discussion

There are some other methods that may be used to model the room impulse
response for a small room. The model using the image source method leads to an impulse
response with a fine time resolution, but this method cannot handle diffuse reflections. In
the future, we will do some research on the radiosity method [77-79], which is a raybased method and has been reported to be able to handle the diffuse reflection.
The boundary element method and the finite element method can also be used to
model the low frequency room acoustic responses. In the future, we will use the modeled
room acoustic responses using these methods as a reference to compare with the
modeling results using the digital waveguide mesh.
There is also some improvement that can be made in our current image source
method model or digital waveguide mesh model. First of all, we will find a more
systematic way to measure the parameters of the speaker polar response, microphone
polar response, and room surface reflection coefficients. Second, our current image
source method model does not include the processing of irregular room surfaces. This

99

will be investigated in the future. Third, in the model using the digital waveguide mesh,
the simulated reflection coefficient using the basic boundary condition has some
discrepancies with the theoretical value. In the future, we will use a correction function
for a variety of reflection coefficients (for example, range from 0.0 to 1.0 with the step of
0.1) in different directions (for example, range from 0º to 180º with the step of 1º). We
will also do research on the representation of the frequency dependent reflection
coefficients. Finally, we will do some research on the subband decomposition and the
source directivity representation in the 3-D rectangular digital waveguide mesh.
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