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Abstract

Sound propagation is a complex subject, especially in an enclosure. The study of
room acoustics involves not only a research into how sound is propagated in a room , but
also a search into how to measure sound under different condition and how to control sound
in the case of various wall materials.

For an acoustical environment, there are three separated parts: sound sources, room
acoustics, and the listens. These three items form a source-medium-receiver chain, which i§
typical for most of communication models. In this thesis, the image method is applied to
predict the acoustical quality of a real room, and the experiment for room acoustic
measurement is set up. The simulation model using image method proved the design of the

measurement system is efficient for room acoustics.
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Chapter 1

Introduction

1.1 Background

Acoustics is the science of sound, which studies sound generation, transmission,
reception and effects. The sound wave is a longitudinal mechanical wave because the
velocity of the air that carries the sound moves back and forth is parallel to the direction of
wave motion. A sound wave is a series of alternate increases and decreases of the air
pressure. The human ear is sensitive to sound in the frequency range of 20Hz to 20KHz. The
modern acoustics has broadened to frequencies too low (infrasound) or too high (ultrasound)
to be heard by a person, also regarded as sound. The sound isn’t restricted to the airborne
vibrational waves [1]. It is extended to include similar vibrations in other gaseous, liquid, or
solid media.

In an engineering sense, acoustics is divided into several areas of application, such as
environmental, architectural, and atmospheric acoustics. Architectural acoustics are
concerned with the design of buildings and rooms and the use of sound absorption materials
and abatement techniques [2].

Room acoustics deals with sound propagation in enclosures. In room acoustics, only

the air is the transmission medium in room acoustics. How sound emanates from a source



depends on a sound field, which is the region surrounding the source. It includes the room
size and geometry and the combined effects of walls reflection, diffraction and absorption [3].
If a free field is concerned, the sound wave from a source can be spherical, and the intensity
can be approximated by the inverse square law. There is no reflection of the sound wave. In a
room having considerably absorbent surface, where the direct sound from the sound source
predominates everywhere. This room is called an anechoic chamber or dead room. If the
room surfaces are highly reflective, the intensity of the indirect sound can exceed the
intensity of the direct sound. Such a room is an echoic chamber or live room, which can
render a weak sound more audible. If the musical sound gets more significant reflections,
this can blur the distinction between individual notes and, consequently, the listener can’t
hear the sound clearly. Normally the sound is heard as a combination of a direct sound,
straight from a source/sources, and indirect sound, reflected by the surfaces and by objects in

the room.

1.2 Motivation of research

Room acoustics involves not only the behavior of sound in the room but also the
design of room according to the type of activity taking place in this room. In order to
understand the sound field in an enclosure, it is necessary to investigate how the sound that
has lower or higher frequencies propagates in an enclosure. The difference between them is
related to the room size. For example, consider a listening room that has large dimensions
compared to the 3.4 wavelength of 100Hz sound. Then, below 100Hz the acoustics at

different locations are dominated by several discrete resonance frequencies. Above 100Hz,



these resonance frequencies are packed so tight that the room acoustic behaviors quite
uniform and it can described by reverberations. There are two different approaches to
describe the acoustical environment mentioned above [4].

When the wavelength of the sound is larger than the room dimensions, the sound
field can be described by the normal modes or resonances, which are the three dimensional
standing waves. Each mode is associated with an eigenfrequency. There is a different sound
pressure distribution corresponding to each eigenfrequency. The frequency of resonance is
higher in small rooms due to the smaller dimensions and shorter wavelengths. For this reason,
standing waves are a much more important consideration in small rooms, where the
frequency of interest lies within the normal speech range of 100 Hz to 5 kHz. Standing
waves can cause the unnatural boosting and accentuation of certain frequency in the certain
locations. Standing waves usually occur between hard parallel wall surfaces, where the
sound is reflected several times back and forth between the parallel surfaces. This creates
areas of differing sound pressure and the sound field is not uniform.

If the room dimensions are larger than the wavelength of the sound, the geometrical
acoustics is applied to build the acoustics modeling in the room. The geometrical acoustics
employs the geometrical optical techniques that replace the sound waves by the sound rays.
The sound ray radiates from the source and reflects from the surfaces of the room and
generates a reverberant field.

For an acoustical environment, there are three part separated parts: sound sources,
room acoustics, and the listeners. These three items form a source-medium-receiver chain,
which is typical for most of communication models. In this thesis the image method is
applied to predict the acoustical quality of a real room, and the experimental study is used to

validate the simulation results.



1.3 Content of thesis

This thesis is organized as follows:

Chapter 1, a general introduction to the thesis.

Chapter 2, an overview of room acoustical modeling techniques.

Chapter 3, two systems are set up using the data acquisition (DAQ) systems to
acquire the acoustic signals with a microphone.

Chapter 4 analyses a sound field in a room, characterized by the normal mode using
analytical method and finite element method using FEMLAB. The various spatial
distributions of acoustic pressure for different eigenfrequencies calculated using FEMLAB.

Chapter 5 presents the image source method in detail. The simulation model and
results are presented.

Chapter 6 presents the experimental setup, in order to characterize the acoustical
environment to measure the sound efficiently in a real room.

Chapter 7 concludes the thesis and presents suggestions for future work.



Chapter 2

Literature Review

It is always difficult for the researcher in architectural acoustics to predict the sound
quality accurately in an enclosure when they design a concert or conference hall. The sound
propagation is a complex subject and there are numerous papers and books that present
different types of methods. However, it is impossible to achieve an absolutely accurate
description of the sound propagation in a real room. Each method has some limitations [5].
In this section, we will introduce several methods commonly used for acoustic modeling in

the room acoustics.

2.1 The Main Room Acoustics Modeling Principles

There are three different approaches for room acoustics modeling, which are
discussed in this paper, are showed in Fig. 2-1. Physically the description of sound
propagation in an enclosed space is based on the wave equation, known also in the form of
Helmholtz equation. Theoretically, a source-to-receiver impulse response can be obtained by
solving the wave equation, but it can be applied only for a simple case. The reason is that the
sound propagation is complicated in the practical situations, such for the acoustical
characterization of a room that has irregular shape. Instead, it is convenient to employ the

sound ray to replace the sound wave. These are called ray-based methods that are based on



geometrical room acoustics. Besides these two methods, the physical scale modeling method

is also introduced.

Room Acoustics
Modelling Methods
Waved-based Methods Physical Scale Ray-based Methods
Modelling Method
Analytical Numerical Ray Tracing Image source
Method Method Method method
Finite Element Boundary Element
Method Method

Figure 2-1 Room acoustics modeling methods

2.2 Wave-based Methods

Wave-based methods are based on the general solution of the wave equation. One of
wave-based method is the analytical solution method. In analytical method the boundary
conditions along the surfaces have to be set up and the solution of the wave equation must
satisfy these boundary conditions. An example using the analytical method is discussed in

Chapter 4.



The commonly used method is the numerical method [6] [7]. The numerical solution
methods divide the models into small elements that can be accurately represented by the
wave equation. Therefore, a complex enclosure can be expressed by a number of small
elements that have a simple geometry. The numerical methods like finite element method
(FEM) or boundary element method (BEM) are currently suitable only for small rooms and
low frequencies due to the limitation in numerical computation with digital computers [8][9].

Fig. 2-2 [10] shows acoustic finite element grids for a room. The more complex the
room geometry is, the larger the number of elements needed. Also the number of the
elements depends on the frequency range of the sound. The elements must have the
dimensions that are smaller than half a wavelength in order to satisfy the requirements of the

sampling theorem.

%

iR

Figure 2-2 Finite element grids for a room

There are a variety of ways to divide a given enclosure. Rectangular elements are

most often used. When the enclosure is divided into elements, there are many intersection



points called nodes. With a larger number of nodes, the results would be more accurate, but
the heavy numerical computation is required due to the greater number of integration points
needed and the complex input data.

A main limitation of FEM is that the whole space has to be modeled. This is also the
fundamental difference between FEM and BEM [7]. In FEM, the complete space needs to be
discretized. Instead, in BEM the boundaries of space are discretised. Consequently the major
advantage of BEM over FEM is that only the boundary surfaces are modeled as a mesh of
elements. As a result, the matrices are large and sparse in FEM, whereas the matrices used in
BEM are small and dense.

With these element methods, it is convenient to create a denser mesh, required no
matter where the location is, such as the corners of the room, which have an important
influence on the sound propagation. Another benefit of the element methods is that it is easy
to make coupled models.

The wave equation provides the most accurate results. But its application is limited
by the lack of detailed knowledge on the definition of the boundary conditions. For example,
it is hard to find the data in existing literature regarding the complex impedance for various

situations [5].

2.3 Ray-based Methods

The ray-based methods are based on geometrical room acoustics in which the sound
wave is assumed represented by a sound ray. The assumption is permitted when the

dimension of the room and the surfaces are large compared to the wavelength of sound.



There are two commonly used ray-based methods that give an approximate solution
for the sound propagation in an enclosure. One is the ray tracing method [11][12] and the
other is the image method [13][14][15]. The basic distinction between these two methods is
the way the reflection paths are calculated. In the ray tracing technique, only a finite number
of sound rays are constructed from the source to the receiver. Some valid ray paths may not
be included in the calculated results [16] [17]. Using the ray tracing method, the simulation
results can be obtained for a complex geometry. The image method can find all sound ray
paths but, the computation time increases rapidly with higher order of reflection in the
simulation and as a result only early reflections are computed. The maximum achieved order
of reflections depends on the room geometry and computation capability, while higher order
reflections can be calculated with the ray tracing method. The hybrid ray-tracing method /
image source method is also used. It results in a slightly increased computation time to take
advantage of the ray tracing method, and also achieves the accuracy of the image source

method [18].

2.3.1 Ray tracing method

The ray tracing method is an algorithm of the geometrical presentation of the sound
propagation in an acoustic space [11][12][16][17][19]. There are various ways to implement
the ray tracing method. The basic algorithm is that the sound rays from the sound source
move with the sound speed and are subject to the laws of geometric acoustics; the listener
receives rays from audible reflections. For acoustic studies, the sound rays are emitted in
either the randomized way or the predefined way [11]. The ray tracing method assumes to

have a uniform distribution of rays over a sphere and obtains a statistic result.



In the ray tracing method the listener is modeled as volumetric objects, such as
spheres and cubes, but the listener may also be assumed as planar. In theory, a listener can be
of any shape if there are enough rays to arrive to the listener for achieving statistically valid
results. A sphere is the best choice in most cases, because it provides an omnidirectional

sensitivity pattern and it is easy to implement.

2.3.2 Image source method

Image source method is one of the fundamental ray-based methods
[13][14][15][20][21][22]. It has much in common with the ray tracing method, but instead of
tracing a limited selection of initial rays, the image source method can calculate all ray paths
from all possible combinations from reflecting walls. Allen and Berkley proposed an
efficient algorithm for the image method for a rectangular room [13]. The algorithm is
presented in detail in chapter 5.

The most serious problem of the image method is that a long computer time is

required because of the very high number of image sources needed.

2.4 Physical scale modeling method

The physical scale modeling method has been applied in the room acoustics since
1930s [5] [23]. The principle of the physical scale modeling method is based on similarity
theory. In this method a real, three dimensional scale model of the space is constructed.

Apart from the air absorption, all of the acoustic aspects of this scale model are almost the

10



same as its prototype at full size. For a 10:1 scale model, the dimension of the scale model is
tenth of dimension of the full size space. Thus the frequency range is up to ten times higher
than that in full size and all of the acoustic effects remain in proportion.

The physical scale modeling method requires measurement equipment capable of
measuring ultrasonic signals and signal acquisition equipment. For example, the small
loudspeakers must deliver a power output similar to that of real loudspeakers and to provide
a reasonable signal-noise ratio. As a result of advancement of instrumentation, the physical
scale modeling is now well proven and reliable. The advantage of the method is a more
correct simulation of reflections with complex geometry if diffraction, diffusion and edge
reflections are important. Also, the listener test may be performed on the scale model [24].

The main limitation of the scale models is that air absorption is more difficult to
model [5][25][26]. Nitrogen and dry air may be the better way to model the behavior of real
air at a scale model, but this is expensive. The important aspects of the material for the scale
models such as absorption coefficients, reflection and diffraction properties are another
problem. Even though these can be measured, the results of the measurement depend on the
way of the measurement is carried out and the acoustic environment. There are no guaranties
that the physical properties of the material scale are chosen correctly and this limits the

application of the physical scale modeling method.

11



Chapter 3

Sound processing with DAQ hardware

The data acquisition (DAQ) systems are extensively applied in a wide range of
laboratory applications. A DAQ system usually consists of sensors, signal conditioning,
plug-in DAQ board, and software for acquiring the signal from the sensors. In order to
analyze the frequencies of the sound, two systems built to acquire the acoustic signal with a

microphone are presented in this chapter.

3.1 System 1

This system 1 setup is used to acquire the signals through a microphone from human
voice and to send the signals to the analog input of the DAQ hardware. Then, applying
Labview software, the signals are stored and filtered. The filtered signals are sent to an
analog output of the DAQ board and transmitted to a speaker to hear the processed sound.

Fig.3-1 shows the diagram of this system.

12



PC with Labview for data
acquisition,

Spectral Analysis and
Digital Filtering

/ DAC
AO

Speaker |, Amplifier |

ADC
Microphone Amplifier > Antialiasing o Al f
filter DAQ
A
Human
voice

Figure 3-1 The diagram of the first system 1

A microphone is a transducer, i.e. a device that changes sound information from
one form, which exists as patterns of air pressure, to another form, as patterns of electric
current. Normally, microphone outputs are very weak electric signals. These low-level

signals need to be conditioned to a level that DAQ board can read.

13




3.1.1 The amplifier

Microwave signal was amplified using an inverting operational amplifier. The
following hardware has been used in building the inverting amplifier circuit shown in the
Fig.3-2, consisting of.

1) 1KQ and 100KQ resistors.

2) LM741 (operation amplifier)

3) 2 power supplier 9V DC sources
4) Breadboard

The LM741 amplifier, shown in the Fig. 3-3, uses five terminals (pins 2, 3, 4, 6, 7).
Two terminals are used for input purposes and are designed as (-) and (+) input terminals 2
and 3. Two other terminals are used for the dc supplies while the fifth one (numbered as 6 in

the pin diagram) is for the output. The amplifier is powered by DC source, connected at pins

7 and 4.
Ra
—
I

R, 1 9V
e A
Ue y

U
-f9\/
L

Figure 3-2 Circuit diagram of inverting amplifier

14



WA
Offset pull —71 1 $ — No connection
Inverting input —] 2 2 ik
Nonitiverting input —— 3 6 o Cutput
V. ] 4 5 F— Offset nudl

Figure 3-3 Pin layouts for LM741 operational amplifier

The output generated from microphone is in mil volts. This low voltage is amplified
using the above presented inverting operational amplifier with a gain of 100. The output of
the amplifier is around 2 volts, which is compatible DAQ board Al The output of the
inverting operational amplifier is determined by the ratio of the feedback resistor (Ry) to the
input resistor (R;).

U=—(R,/R)U,

Gain of 100 was achieved by choosing the value of R =1KQ and R, =100KQ.

3.1.2 Software

In order to acquire the signals from the microphone, a Labview VI is programmed.
This VI can be found in “Data acquisition™ “analog input™> “Al Acquire Waveform.vi.
Because the normal voice speaking ranges from 100 to 3500Hz, the sampling rate must be at
least twice the maximum frequency to avoid aliasing, in accordance to Nyquist’s theorem.

Channel 4 was specified with a sampling rate of 10000 and the number of sample was also

15



chosen as 10000. After receiving the signals, VIs for digital filtering and spectrum analysis,
were included.
In spectrum analysis, the time domain is transformed to the frequency domain. FFT.VI was

used to do this operation, as shown in Fig.3-4.

0]}

date rate (1000 updates/sec)|
(961}

L owpass |

aveform Graph3
 Fost]

Ehannel (input}|
Ear_rgling rate(samplesjsec)|

umber of samples{samples’

aveform Graph2

aveform Graph 1

Figure 3-4. Block diagram in Labview

The VIs from Labview used for this purpose and shown in Fig 3.4 are:
1. “Al MULT PI” for acquiring the signal from “channel (input)” at given “sampling
rate” for the “number of samples”.
2. A “low pass” filter is shown in Fig.3-4, in this case for 4000Hz cut off frequency.

3. F (H) spectrum is shown the frequencies of the signal.

16



3.1.3 Results from system 1

In a first set of results the low pass filter with the cut off frequency 2000Hz was used,
followed by the spectrum analysis. The results are shown in Fig.3-5. For the cut off
frequencies of 1000Hz and, the spectrum analysis, the results are showed in Fig. 3-6. In Fig.
3-5 and Fig. 3-6 the graph 1 and graph 2 show the amplitude vs. time of the input and the
amplitude vs. frequency of the input. The graph 3, the amplitude vs. frequency shows the
effect of the low pass filter. These effects are less obvious in graph 1, the amplitude vs. time
and this justifies frequency analysis. Graph 2, amplitude vs. frequency of the input signal can

be used as a reference for the analysis of the filtered results.

Figure 3-5 The front panel (cut off frequency of 2000Hz)

17



Figure 3-6 The front panel (cut off frequency of 1000Hz)

When the signals pass through low pass filter, the sound from the speaker is weaker
than the original sound because the low pass filter remove the sound whose frequencies are
higher than 1000Hz. Labview program permits to hear the voice from the speaker when we
speak to the microphone, but the problem was that the sound we heard delayed about one
second, and this defeats the purpose of real time application. For this reason an xPC Target

was used to achieve real time performance.

18



3.2 System 2

XxPC Target is a product from The Math Works, a host-target PC solution for
prototyping, testing, and deploying real-time systems. A desktop PC was used as a host
computer with MATLAB, Simulink, and Real-Time Workshop to create models using
Simulink blocks, run simulations, and generates code. A second desktop PC was used as a
target computer, where the generated code runs in real time. Fig.3-7 shows the diagram of
the xPC system. The microphone is connected to the microphone input of the sound card. A
cable is connected from the line output of the sound card to the analog input of DAQ board.
Fig.3-8 shows Simulink model. The I/O driver blocks are added to the simulink model. The
analog output of DAQ is connected to the amplifier and the speakers. Fig. 3-8 shows the
Simulink model. The signal from the “Analog input” of the PCI-6024E NI board are sent to
the FFT, the analog output for the amplifier and the speakers, and to a scope. The resulting
signals are shown in Fig.3-9 and Fig. 3-10, the sound input is shown in Fig. 3-9, amplitude
vs. time from the microphone and in Fig. 3-10 the input spectrum. The sound input has very

low amplitude noise.
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Figure 3-7 The diagram of xPC system
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Figure 3-8 The Simulink model
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Since normally the noise has high frequency. A low pass analog filter has to apply.

Fig.3-11 is the low pass antialiasing filter.

TV

Fig.3-11 The low pass antialiasing filter.

Fig.3-12 (amplitude vs. time) and Fig.3-13 present the signals passed through a
low pass filter with cut-off frequency of 2000Hz. The sound from the speaker is not
significantly different from the sound because the signals have low amplitude noise. When
the sound goes through the low pass filter with cut off frequency 1000Hz, shown in Fig.3-14
(amplitude vs. time) and Fig.3-15, the sound from the speakers is weaker than the input to |
the microphone due to removal of high frequencies of sound. Fig.3-16(amplitude vs. time)
and Fig.3-17 show the signals go through the low pass filter with cut-off frequency 500 Hz.
The sound heard from the speaker is very weak compared to input to the microphone,
because the low pass filter removes most of high frequencies of the sound. With xPC target,
the output from the speakers is practically produced in real time. PC system achieves

efficiently the required signal processing.
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Figure 3-12 The output signals after passing through the low pass filter

with cut off frequency of 2000Hz
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Figure 3-13 The spectrum of the output signals after passing through
the low pass filter with cut off of frequency 2000Hz
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Figure 3-14 The output signals after passing through the low pass filter
with cut off frequency of 1000Hz
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Figure 3-15 The output signals after passing through the low pass filter
with cut off frequency of 1000Hz
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Figure 3-16 The output signals after passing through the low pass filter

with cut off frequency of 500Hz
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Figure 3-17 The spectrum of the output signals after passing through
the low pass filter with cut off of frequency 500Hz
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Chapter 4

Room Acoustics Modeling

The sound field in the case of low frequency can be described in precise
mathematical terms. This chapter presents the acoustic wave equation and its solution.

Results from FEMLAB software using the finite element method are also presented.
4.1 Wave Equation for an Enclosure

The sound field can be represented by the wave equation in case of assuming a harmonic-

time law for the pressure field [4] [27]. The 3D wave equation is

aZ
PAp = —a-t{i @4-1)

Where, harmonic-time assumption gives
p(x, y,2,t) = P(x,y,z)e™

The following equations result

2
ap(x’—g),z,t) = —a)zP(x’ y9 Z’ t)ejw’
ot
and

Ap(x,y,z) =" AP(x, y,2)
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which give

c’e’ P(x,y,z) = —w*AP(x, y, z)e’™

The spatial wave equation for P(x, y,z) is

AP+k’P=0 4-2)
where k= 2
c

The velocity v, , normal to the wall surface, is

) 4-3)
wp, On

n

where 6_ is a differentiation in the direction of the outward normal to the wall.
n

The boundary condition is based on the wall impedance z.

2= (4-4)

Hence the boundary condition is

P L ivp,P=0 (4-5)

on
According to the wave theory, it is sufficient to obtain a solution for the acoustic field with

the wave equation and the boundary condition [28].
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4.2 Normal Modes and Eigenfrequencies of a Rectangular room

Even though the wave equation can in principle be solved for given boundary
condition, it is difficult to obtain the solution for the arbitrary geometry and complex
boundary condition. Since the solution of the wave equation is to illustrate certain important
properties of the sound field. We limit our attention to a rectangular room with rigid surfaces.
Though there is no exactly rectangular empty room in practice, most of rooms are much
closer to a rectangle than any other of simple geometry [4][29].

A rectangular room bounded by three pairs of parallel planes, perpendicular to each

other and to the axis of a Cartesian coordinate system, is shown in Fig.4-1.

P <t

]

Figure 4-1 Dimensions of a rectangular room

If there is no source, homogenous spatial wave equation is

o*P o*'P o'P
+

™ + Py +k*P=0
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where the spatial variables can be separated as follows,
P(x,y,2) = P (x)P,(»)L,(2)
The wave equation becames

621‘3,(36)2 L9 Py(Y)z N <321’z(2)2 =0 (4-6)
P (x)ox" P (y)oy~ F(2)oz

The first three terms depend on x only, on y only and on z only, respectively. Each of the
first three terms must be constant. In this case
2 _ 12 2 2
K=k’ +k+k, (4-7)
and this results in three differential equations

2
—6——1;’-+kxzﬂ =0
ox

2

b
L4+kP,=0 (4-8)
2
a—’:uij,:o
oz

We assume that the rectangular room of dimension is X,Y,Z and with rigid walls.

The boundary conditions in this case are

QE:O for x=0, X
Ox

X

p
—=0 for y=0, y
oy

Y

6_p=0 Jor z=0, z=Z2
Oz

The general solution of the spatial wave equation
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P (x) = A, cos(k, x)+ B, sin(k x) “4-9

with the boundary condition

aR“ (X) = —A]kJ|r sin(kxx) + Blkx COS(kxx) =0

Ox

In case of x =0, the boundary condition is satisfied for B, =0.

For x =X, we must havesin(k,_X) =0 and, this is true for

kX=nr
k=2
X

where nis a non-negative integer number.

Similarly, for the other two boundary conditions

mn
2
ol

Z

where m,[ are also non-negative integers.

That gives

k _ =[(k} +ky2 +kDH]"? = nl(n/ XY +(m/ Y)Y +(11 Z)*]" (4-10)

The eigenfrequencies are given by

f,,m,=—]£=£[(n/X)2+(m/Y)2+(l/Z)2]”2 (4-11)
27 2
S =T+ L+ 1] (4-12)

and the pressure modes are given by

nmi

nw mn In
P . =A4 — — — 4-13
) = A,y €0S( % x) cos( Y y)cos( Z z) (4-13)
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where 4, is an arbitrary constant.

Using Euler equation
cosx=(e” +e)/2 (4-14)
the pressure can be written

P — Anml

nml — 8

Xe Te 2 (4-15)

Z ijlrlx :tjﬂﬂy ijﬂiz
e

The direction of a plane wave propagation is defined by the anglesd,,6,,6,
n m /

@, :cosé :cosl, =(x—): (=) : (= 4-16

cosxcosycsz(X)(Y)(Z) (4-16)

It means there are three different modes for the wave propagation. If one of the three
constants (n,m,l) is zero, the corresponding angle is 90°. The plane traveling wave is
parallel to the coordinate plane of the two other axes. This kind of wave mode is called
‘tangential mode’. If there are two of the constants that are zero. The wave propagation is
parallel to the axe which the corresponding constant isn’t zero. This mode is referred to as
‘axial mode’. If three of constants are all non-zero, the propagation is oblique to all three
axes. This mode is called ‘oblique mode’.

With equation (4-11) and (4-12) the number of the mode for a given frequency range

can be calculated. We can build a Cartesian coordinate system with axes f,, fy, /,» shown in

Fig. 4-2. Every normal mode is a point in a Cartesian coordinate system. The coordinate of

the point isnc/2X,mc/2Y,lc/2Z . The distance from the point to the origin is f£,,, . A point

of the Cartesian coordinate system presents the frequency of a normal mode. The points

indicate the number of normal mode for this frequency. Every interval along f,, f,, f, axes

is separatelyc/2X,c/2Y,c/2Z . The normal modes below 100Hz are in a sphere that has a

31



radius of 100Hz. Because f,, f,, f, are positive, the normal mode is in a quadrant of the

sphere. Every normal mode has a volume ((¢/2X)x(c/2Y)x(c/2Z) = c*/8V ) in this space.

fx

f122

Figure 4-2 Eigenfrequenies —space for a rectangular room

The equation of calculating the number of normal modes within the frequency from 0 to an

upper limit f is approximated by [4]

1 nf*, ¢ 4nv
Ny==2L /2 <
8 4 8 3¢ /

However the points aren’t evenly distributed in the quadrant. Some normal modes are axial

ones and some are tangential modes.
The number of oblique normal modes is given by

_AnV

7S L
Nobl = 303 -

2
— +_._
4c* / 8c /

f3
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The number of tangential normal modes is given by
xS ., L
N =—f"—-—
m2c? s 2c s
The number of axial normal modes is given by
L
N, =—
Ty f

The total number of the eigenfrequencies is

v 4%

N(f)= Ny + Ny +N, =55 1478
C

4t

L
+ —
8c s
where

V is the volume of the room,V = XYZ

S is the area of its boundary, S =2(XY + XZ + YZ)

L is the sum of the lengths of all edges of the room. L=4(X +Y + Z)

When a room is excited by the sound source at an eigenfrenquency or resonance

frequrncy, the standing waves occur [30] [31]. Some of them reinforce each other while

others are cancelled. As a result, there are antinodes, where the pressure is maximum and

nodes, where the pressure is zero. Fig. 4-3 shows the fundamental axial mode between two

parallel walls whose distance is L. The frequency of the resonance mode is f = i , where ¢

is the speed of sound in the air. There are many other resonance modes whose frequencies

are multiples of the fundamental mode frequency. Fig. 4-4 shows the second lowest

resonance mode. The resonance modes are created, whenever the distance between the walls

equals the multiples of half a wavelength. The phenomenon of standing waves happens not

only between two parallel surfaces (axial modes), but also between four surfaces (tangential

modes) or all six surfaces (oblique modes).
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If the sound source is located at an antinode of a normal mode, the mode can be fully
excited. In contrast, if the source is located at a node of the mode, the mode won’t be excited
no matter how loud the sound source is. Any of normal modes can be excited when the

source is placed in corners of a room.

sound pressure
[}
4/2

N

sound pressure
o
] | 1
7 7

Figure 4-4 resonance mode

There is another phenomenon called ‘degenerate’ normal modes when two or more
modes have same eigenfrequrncies. It results in some areas that have much more sound
loudness. Changing the room dimension can solve this situation [31] [32]. Table 4-1 shows

that data for rooms, which have almost same volumes. For room 1#, the dimension ratio is



1:1:1 and the room has 16 normal modes under 100Hz, but only five different frequencies. If

the room dimension rate is 1/q: 1: q, for example q is equal to~/2 for room 2#. There are 16
normal modes that include 12 different modes. For room 3# the dimension rate is 1/6:1/5:1/4

and there are 16 different normal modes.

Room 1# Room 2# Room 3#
V=424mx4.24mx4.24m V =3mx4.24mx6m V=344mx4.3mx5.16m
n m / S n m { Somt n m l ot
0 0 1 0 0 I |28.6 0 0 1 |333
0 1 0 |405 0 1 0 {405 0 1 0 40
1 0 0 0 1 1 |49.6 1 0 0 | 499
0 1 1 1 0 0 |572 0 1 1 52
1 1 0 |573 0 0 2 1 0 1 60
1 0 1 1 0 1 |63.9 1 1 0 64
1 1 1 70.1 1 1 0 |70.1 0 0 2 | 66.6
2 0 0 0 1 2 1 1 1 72.1
0 2 0 81 1 1 1 | 757 0 1 2 | 717
0 0 2 0 2 0 81 0 2 0 80
1 0 2 1 0 2 1 0 2 | 832
2 0 1 0 2 1 | 859 0 2 1 86.6
0 1 2 90.6 0 0 3 1 1 2 923
1 2 0 1 1 2 1904 1 2 0 | 942
2 1 0 0 1 3 945 2 0 0 1998
0 2 1 0 2 2 1992 1 2 1 | 100

Table 4-1 The frequencies distribution of the normal modes
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43 FEMLAB calculation of room eigenvalue and acoustics pressure

distribution

FEMLAB is a simulation software for modeling and solving models for phenomena
that can be described with partial differential equation [43][44]. FEMLAB permits to predict
how the model will function without having to build a prototype.

For the calculation of the resonance modes, we use FEMLAB’s graphical interface
for creating geometries, generating meshes, post-processing and visualization. The simulated
room, shown in Fig. 4-5, has the dimensions X=40.23 [m], Y=13.41 [m] and Z =20.70 [m]
correspond to Solomon Temple and Sixtine Chapel and contains a stage with the dimension

10 by 5 by 1 meters.

Figure 4-5 Simulated room

36



The modal frequencies f,, [Hz] of the empty room with hard walls, in case of sound speed

in air ¢ = 343.6 [m/s], or ¢/2=171.8, are given by

fo =171.8{/(n1/ 40.23) + (m /13.41)* + (1 /20.70)* for mym,l =0,1,2,3,...
such that the eigenvalues are

A =wl, =343.6'7%[(n/40.23) +(m/13.41)* +(1/20.7)*]  for mm,l =0,1,2,3,...

nmil
Calculating the number of normal mode under 30Hz, according to the equations presented

before, we can get

N, =31
N, =19
N, =3

The sum of the number

N(f)=N,,+N_,+N,=53

The eigenvalue for 30Hz is

Ay = (0,)" = Q7 f;)* = 0.355%10°[rad® / 5°]

FEMLAB window setting for hard boundary conditions, for sound propagation in the room

for 55 eigenvalues up to around le5 [rad®/s], is shown in Fig.4-6

37



e SﬁDn l \A‘e‘l\én\céd_i

] :IEigenfreqUenc:y
Auto select solver
“Soiver:

} [Stationary linear

‘{Stationary: nonlinear

Time dependent : l_':inear;sysl_em»s,olver: Direct (SPOOLES) gﬁ »

Frecondioner..

‘iParametric finear
\Parametric nonlinear

[ Adag Solution:form: Coetficient
aption :

»Symmet(ic matrices’”

Figure 4-6 FEMLAB windows setting for calculating 55 eigenvalues up to le4

FEMLAB has a mesh menu to generate the meshes for the model. Figure 4-7 shows the mesh

for 3-D simulation room.

1o

N
e
v )
VA

Il w0

Figure 4-7 The mesh for the simulation room
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Besides eigenvalues, FEMLAB permits to visualize 3-D pressure distribution for the -
simulation room. Figure 4.8-4.10 show the pressure distribution for the boundary plot of
three modes: mode (1,0,0), mode (1,0,1), mode (1,1,1). Different colors indicate the different
pressures and the brighter the colors, the higher the pressure is. From these graphs, the

number n,m,! in a mode means the number of planes of zero pressure occurring along the -

x, y, z coordinates, respectively.

Figure 4-8 The pressure distribution for the eigenvalue, 7.19¢2 (4.3Hz)
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Figure 4-9 The pressure distribution for the eigenvalue, 3.4e3 (9.3Hz)

Figure 4-10 The pressure distribution for the eigenvalue, 9,9¢3 (15.8Hz)
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Figure 4-11 The pressure distribution for the eigenvalue, 2.58¢4 (12.8Hz)

There is a special case for the mode (0, 2, 0), which is showed in Figure 4-11.
The reason is that the length of the room, which is 40.23 meters, is three times longer than its
width, which is 13.41 meters, Then the eigenfrequency of mode (0,2,0) is the same as the
eigenfrequency of mode (6,0,0). The pressure distribution of these two modes has same
patterns.

In order to describe the pressure distribution of the simulated room completely,
the isosurface plot with the boundary plot for the pressure distribution in the room is

necessary. Figure 4-12 shows the results with the isosurface and the boundary plot.
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Figure 4-12 The pressure distribution for the eigenvalue, 3.4€3

Fig. 4-13 shows the results for the eigenfrequency, which is 80Hz. As mentioned
before, if the sound frequencies are high, the sound field can’t be described by the normal
modes. Their use is significantly limited, due to the fact that they can be computed only for
the lowest part of the audible frequency spectrum. Simulation study presented in next chapter

is based, for this reason, on ray-based methods.

42



Figure 4-13 The pressure distribution for the eigenvalue, 2.5¢5
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Chapter S

Simulation Study of Room Acoustics

Computer modeling is commonly used to predict acoustic performance. An early part
of a response in a simulated room, based on the image method, is modeled in this chapter.
The algorithms for the rectangular room, resulting response and analysis of modeling results

are also presented.

5.1 Image method

The image method is one of the main methods in the geometrical acoustics. It applies
the geometrical optics based on replacing the wave by a ray. However the sound and the light
are total different phenomena. The sound is the propagation of the disturbances in the
medium and can’t travel without the medium, whereas the light is an electromagnetic wave
that can propagate in vacuum, i.e., the material medium is not necessary for the propagation
of the light. Another fundamental distinction between the light and the sound is their
different velocities. The light travels at a speed of 299,792,458 meters per second. The
velocity of the sound is about 300 meters per second. But they still have some similarities.
For example, the light and the sound can be emitted in all directions. The most important

similirarity between the light and the sound is that both are forms of wave motion. As a
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result, there are some important theories in optics, which can be applied for the sound
propagation in acoustics, such as the law of the reflection from Huygens’ Principle

In geometrical optics, the beam is defined a shaft of the light whose sides are
parallel when it passes through a certain hole. If the size of the hole is sufficiently reduced,
the beam of the light could be assumed a light ray, which travels in a straight line in the air
[33]. The geometrical optics has three basic laws. The first is the law of the geometrical
propagation, which states that the light ray moves in straight line. The others are the law of
reflection and the law of refraction. The reflected ray follows the law of the reflection, which
is showed in Fig. 5-1. The law can be stated as: the incident ray and the reflected ray lie in
the plane containing the normal line and the angle of the reflected ray is equal to the angle of

the incident ray.

incident ray | reflected ray

| 4

Figure 5-1 Reflection of the light ray
In 1670 the physicist Christian Huygens proposed a principle for the propagation of

the light wave, which is known as Huygens’ Principle [34]. This principle states that: all
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points on a propagating wavefront are regarded as the sources of spherical secondary
wavelets, which propagate in the forward direction at some later times. The envelope of the
secondary wavelets constitutes the new wavefront. If the propagating wave has a frequency,
f, and is passed through the medium at a speed, c, then the secondary wavelets will have
the same frequency and speed.

In order to explain this principle clearer, a narrow parallel beam of the light (ABC) is
considered. Fig. 5-2 [35] shows that a wavefront ABC encounters a smooth hard wall
(X -7 plane) at an angle ® with the normal to that wall. All points along the wavefront
don’t reach the wall at the same time. The first point reaches the wall at the point 4'. The
point A' serves as a source centre and a secondary wave is produced, that reaches 4" when
the ray from C reaches the wall at C' and this defines a circle of radius C'C". When the ray
from B reaches at a point B', another secondary wave is produced. The radius is reduced,
because the ray BD travels from D to B' before reflection. Actually there are many
wavelets during the same time interval. The radii are reduced gradually until the time
becomes zero, when the wavefront reach the wall at the point C'. Then the reflected
wavefront 4"B"C' is the envelope of these wavelets. It is easy to prove that4'4"=C"E.
The incident light ray CC' is perpendicular to the wavefront A'DE and the reflected
ray A'4" is also perpendicular to the reflected wavefront 4"B"C". The angle @ is the
normals to the incident light and the reflected light with respect to the wall. Hence,

Angle of the reflected light = Angle of the incident light
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Figure 5-2 The reflection of a beam of the light on a smooth hard wall

In acoustics, the reflection of the sound waves obeys the laws developed by optics
discussed above. However, the speed of the light is very high and the wavelengths of the
light wave are very small compared with the dimensions of the reflected surface. Therefore,
most of the geometrical principles of the light ray can be applicable to the sound waves of
high frequencies. In other words, if the wavelength of the sound wave is very small
compared with the dimension of the reflected surfaces, the geometrical optics can be applied
for this kind of the sound wave. Fig. 5-3 [35] illustrates a spherical sound wavefront
radiating from a point source on the smooth hard wall. If the dimension of the source is very
small compared with the wavelengths radiates, it is called a point source, which radiates in
all directions and forms increasing circles from the center of the source. According to
Huygens’ Principle, the reflected wavefront W is the enveloping line. It is convenient to see

that the wavefront /¥ can be obtained by an additional source of source S, , which is a mirror
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image to the source S, behind the wall. The wavefront # may be represented as if it radiates

directly from the image source S, in free space.

Figure 5-3 Sperical waves from a point source and are reflected by a hard wall

By employing the concept of the mirror-like reflection, the sound field may be
described at a simplified way in the geometrical acoustics, especially for the enclosed spaces.
This is also called the image method in geometrical acoustics. The image method is

efficiently applied for a source-to-receiver impulse response.
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5.2 Simulation model

In geometric acoustics, a sound ray replaces the sound wave. This assumption is
acceptable for the very short wavelengths relative to the dimensions of the room and its
objects. For example, for a frequency of 1000Hz with a wavelength of 34cm, this
approximation geometric acoustics can be used for modeling room.

The simulation model is assumed for a rectangular room assumed as a homogeneous
medium. The surfaces of the room are considered smooth and hard. The refraction
phenomena don’t occur in the room and diffraction is also neglected. Further, the
propagation of the sound ray is in the straight line until it encounters the surfaces of the room.
Fig. 5-4 shows that a sound source S that has a certain distance from a surface reflects from
the surface and reaches the receiver R. The receiver R receives two signals, one is the direct
path and the other is the reflection path. The length of the direct path (SR) can be directly
calculated from the distance between the sound source and the receiver. For the reflection
path, we assume an image source S’, which is located opposite at the surface, that radiates
the same sound signals as the sound source S and their directional characteristics are also
same. The distance of the image source S’ from the surface is equal to the distance of the real
source S from the surface. Then, S’ is connected to R and P is the point of intersection of S’R
with the surface. Because the image source S’ is symmetrical to the real source S, the length
of the reflection path SP+PR is the same as S’R. As a result, we can compute the distance
between the receiver and the image source for calculation the length of the reflection path.

This is the case that involves one reflection in the path.
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Figure 5-4 A source with one level images

Figure 5-5 Reflection paths with two levels of images

Now we consider a sound ray that originated from a sound source in a rectangular
room. If the room is bounded by plane surfaces, it is convenient to construct the image

source to calculate the length of the ray path. A rectangular room has six surfaces and each
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surface is associated with one image of the original sound source and each wall mirrors each
of these image sources of first order. By repeating this procedure again and again, there will
be an infinite number of sources. Fig. 5-5 shows the reflected sound involving two
reflections. The length of the reflection path can be calculated directly from the distance RS, .
In Fig. 5-6 the reflection path involving three levels of images can be obtained from the

length S;R . Fig. 5-7 shows that the four assumed rooms adjacent to the sides of the original

room have one first-order image source each. There are four assumed rooms adjacent at the

corners of the original room that have a second-order image source.

SZ Sl S., S3

Figure 5-6 Reflection path involving three levels of images
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Figure 5-7 A sound source with different levels of images

The image model can be used to do the simulation in a digital computer. Jont B.
Allen and David A. Berkley have developed an efficient method to make an impulse

response for a rectangular room by constructing image sources

| o
er .
J— o microphone

Figure 5-8 The simulation model
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The rectangular room showed in Fig. 5-8 corresponds to the size of the Solomon

Temple and Sixtine Chapel and used as the simulated room. The dimensions of the room

are L, =40.23m,L, =13.41m,L, =20.70m . A speaker is assumed as an omnidirectional point

source, which radiates the signals with equal intensity in all directions, and a microphone is
modeled as a receiver. Consider this room in the x, y, and z directions of a rectangular

coordinate system, the origin of which is at the room centre. The speaker is located at

(x,,y,,2,) and the microphone is located at (x,,y,,z,). We assume that each surface of the

room is a plane and, that the walls are smooth surfaces, which are rigid. We use image
methods to simulate the impulse response between the source and the receiver in this room.
As we know, the microphone will receive signals not only by the direct path but also by
numerous different reflection paths from various directions. This means that there will be an
infinite number image sources that we have to construct. The image method only includes
contributing images that are in a sphere with radius given by the speed of sound times the
interval time (R =cxt). The image sources located outside R do not influence the sound
field in the room for time interval [0,¢]. Fig. 5-9 is a 2-dimensional slice that includes the
original room, with the sound source, and indicates how image sources are spatially arranged
[4]. Actually, the image pattern should be expressed in a 3-dimensional space, i, e, a third
dimension must be considered. Along the third dimension there are some similar patterns at
equal distances L, in this sphere. The impulse response of this room can be simulated by the
assumption that all images in this sphere generate the signals, which are the same as the
original source, when the time ¢ =0. Since each of the images travels on a different path, the
reflections reach the receiver at different times that represent as the delayed times with

respect to the direct sound. Also, they have different strengths, which are dependent
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Figure 5-9 Image sources in a rectangular room

to the lengths they cover. In order to compute the length of the paths, the location of the

images must be found. The locations of the image source will be [22]
Xm =nL +(=1)"x,
Yum =1L, + (-1 y,
z, =mL +(-1)"z,

where n,l,m=0,+1,%2,......
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This can be expressed by considering the reflection of the source by the —x and +x walls. For
example, the first order of image generated by the +x wall is given by

L L
2 (2 J) X 5

This corresponds to nL, +(-1)"x, with n=1.

The first order of image generated by -x wall is given by

L L
—x 4 ___x...x =_L —x
2 ( 2 s) 'x s

This corresponds to nL, +(-1)"x, with n=-1
The second order of image generated by +x wall is the reflection of the image (n=-1),

—in+[£2"—~(—Lx—xs)]=2Lx—xs

This corresponds to nL, +(=1)"x, with n=2.

The second order of image generated by -x wall is the reflection of the image (#=2),

L . L
— [~ (L, - x,)]=-2L —x
2 [ 2 ( X S)] X 5

This corresponds to nL, +(—1)"x, with n=-2.

The procedure is repeated until the high-order image sources we need to construct.

The n order of image, with n position, generated by +x wall is the reflection of the image
(—n+1).

-L; {%—[(—n FDL 4 (<D™ )] = nL, +(=1)x,

The n order image, with n negative, generated by -x wall, is the reflection of the image

(-n-1).
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LX

-~ {—%—[(—n-— DL, +(=1)""x )]} = nL_+(=1)"x,

Similar considerations can be applied to the y and z components.

We assume that the sound source radiates a unit pulse. According to Eq.5-1, the
impulse response function for this speaker and microphone in the simulated room can be
rewritten as [13] [36] [37]

5(t-D/c)

47z D (-1

h(t, X, X =)

where
D expresses the distance between each image source to the receiver.
¢ is the sound speed in the air.

X=x,y,,2,
1
X'= r’yr’zr

D/c means a time delay that each image source renders the signal to the receiver.
1/4z D indicates the strength attenuation compared with the strength of original sound.

Z represents that summation that provides the impulse response should include every

image source in the sphere whose radius is ¢x¢.

These results are based on the assumption that the surfaces of the room are rigid. If
the surfaces of the room aren’t rigid and have reflection coefficients, each surface absorbs
certain part of the signal when it encounters the surface. Assuming that

BB B, B.,,B...B,, are the reflection coefficients of the room, the room impulse

response function can be given by [22]

S(t-D/c)

h(t, X,Xl) = z Anlm 4”D (5'2)
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where

Anlm = anal am

n n
— A2 2 —
a, —,H‘_xﬂt for n=even

n+l

n-1

2 2
-x +x

a,= for n=odd

a = ﬁ‘_ﬂyﬁﬁ' for l=even

Al
n-RarE _
a=p,'B, for I=odd
ﬂ' m
a =p3*p3? for m=e
m ~ -z F4z ven
m—1| m+1
a =3"? 2 for m=odd
m -2 +z

This can be described as if the nth image is generated by alternative reflections by
the —x and +x surfaces. The strength of each reflection is multiplied by the reflection
coefficient of the reflecting surface. Then, when n is even, half of the reflection will be from

the —x surface and another half of the reflection will be from the +x surface. The factor is

modified by

ﬂ’ﬁﬂiﬁ
_ 2 2|
a, = P Px

when n is odd . If n is positive, the last reflection should be +x wall. Otherwise, while n is

negative, the last reflection would be —x wall. Then the factor is given by

n+l

ﬂ‘"_-l
— 2 2
a,=p., +x

Similar considerations are applied to the y and z component.
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5.3 Simulation results

The impulse response for this room was computed with Matlab software. Fig. 5—10
shows the flow chart of Matlab program. We assume that the omnidirectional source emits at
time 7 =0 an infinitesimal short pulse whose amplitude is 1. The location of source isat-1,-
1, -1 and the location of the receiver at 5, 2, -5. A schematical reflection diagram is plotted.
In the diagram, the abscissa is the delay time of a reflection and the ordinate is the strength of
the reflection. For the case that the surfaces of the room are rigid the results are displayed in
Fig. 5-11. When =0, the real source and the image sources simultaneously radiate the
pulse. The first sound that reaches to the receiver is the direct sound and the strength of the
direct sound is larger than any of the reflected sound due to the shortest distance between the
source and the receiver. Because the surfaces are rigid, the surfaces don’t absorb when the
sound ray strikes them and reflects from them. The amplitude is reduced asl/rin every
spherical wave. As shown in Fig. 5-11, the early part of the reflections has distinct reflection
arrivals, because of the relatively small number of image sources generated in the short time
duration. As the time goes on, the density of the reflection arrivals increases rapidly and
individual reflections will no longer be separated from each other. For the case that the
surfaces of the room aren’t rigid, for example when the reflection coefficients of ceiling and

floor are 0.7, and the others are 0.9, the results are showed in Fig. 5-12.
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Figure 5—10 The flow chart of Matlab program
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Figure 5-11 Reflection diagrams for the room with rigid surfaces
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Figure 5-12 Schematical diagram for the room with nonrigid surfaces
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The difference between Fig. 5-11 and Fig. 5-12 is the attenuation of the signal in the
room with nonrigid surfaces. The reason is that certain part of the signal is absorbed by the .
surfaces when the signal is reflected from nonrigid surfaces. The reflection diagram contains

all significant information on the temporal structure of the sound field at a certain room point.

Abs. Magnitude

0 100 200 300 400 “‘500 800 7000 BOO 900
Frequency [Hz]

Figure 5-13 Frequency spectrum for one cycle of the sine wave x =sin 2007zt

Considering that source is more complicated than a unit pulse, a cycle of a sine
wave x =sin2007z¢ is next applied, shown in Fig. 5-13. This kind of the sine wave can be
expressed as the pulse sine wave due to the short duration, which includes a sine wave and a
square wave. Consequently, the spectrum is a combination of the spectrum for a sine wave
(100Hz) and the spectrum for a square wave, which is a series of harmonics. When source is
turned on, we calculated the impulse response at the receiver between 0 and 400ms. The
results are displayed in Fig. 5-14 and Fig. 5-15. In Fig. 5-14 we assume that the six surfaces

of the room are rigid. In Fig. 4-15 we suppose that the wall reflection coefficients are all 0.9
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and ceiling and floor coefficients are 0.7. The first sine wave seen clearly is the direct wave.

The amplitude of the direct sine is same in both diagrams before the first reflections.
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Figure 5-14 Receiver signal for one cycle of the sine wave

x =sin200x¢ for a room with rigid walls
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Figure 5-15 The reflection diagram for one cycle of the sine wave,

x =sin 2007t in the case of nonrigid walls
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Next we consider the source, x =sin20007¢, shown in Fig. 5-16. The results are shown
in Fig. 5-17 and Fig. 5-18. In Fig. 5-17 we plot the impulse response for this room with rigid
surfaces. In Fig. 5-18 we consider that the wall reflection coefficients are all 0.9, and that the
ceiling and floor coefficients are 0.7. As seen in Fig. 5-17 and in Fig. 5-18, the direct wave
and the several early reflected waves have distinct arrival times because there few reflections
happened during the early time and the length of this sine wave is smaller than the interval
time required for the reflected waves to reach the receiver. However, numerous reflections

arrive at a later time.
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Figure 5-16 Frequency spectrum for one cycle of the sine wave x =sin20007¢
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Figure 5-17 The reflection diagram for the sine wave

x = sin 20007 for nonrigid walls
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Figure 5-18 The reflection diagram for the sine wave

x =sin 20007 for nonrigid walls
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Further simulation studies were carried out for the source sound signal shown in Fig.
5-19. The signal was selected from [45]. This signal has the frequency spectrum shown in
Fig.5-20. The lowest part of human voice frequency is higher than 100Hz. According to the
dimension of the simulated room the signal is satisfied the assumption of the image method.
The locations of the source and the receiver are same as before. Matlab program sound.m
from appendix can read the sound file and we can get sound data and sample frequency.
Then these data input give the impulse response of the room ( Result_sound.m for details).
Fig.5-21 shows the signals the microphone receives in this room with rigid surfaces. The
results for the room with nonrigid surfaces are displayed in Fig.5-22. The reflection
coefficients of the four walls are all 0.9; while ceiling and floor coefficients are 0.7. We save
two different outputs into the sound files, which are echo.wave for rigid surfaces and

reverberantion.wave for nonrigid.wave.

o
=

o
W

—
[N

o
-

o

Amplitude

=)
N

0.2

04¢ 1 1 L 1 1 1 I
0:1 02 0.3 » 04 05 0.6 0.7
Time(s)

Figure 5-19 The sound signals for the input
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Figure 5-21 Response for the room with rigid walls
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Figure 5-22 Response for the room with nonrigid walls

Compared with these two charts, the contribution of the reflected sound to the total
strengths of the sound receiving the microphone can exceed the contribution of the direct
sound if the surfaces of the room are fully reflective. This can lead to echo phenomena in a
long time and to a poor sound quality.

We consider further that the source is in anechoic room. The location of the source
and the receiver are same in Cartesian coordinates, and there is no reflection in this case. The
signal consists only of the direct wave from the sound source. The signal the receiver
receives has a time delay and the amplitude of the signal is in inverse proportion to the
distance between the sound source and the receiver. The result is shown in Fig.5-23 and
saved in the sound file: sound in anechoic room.wav. Compared with the input signals in

Figure 5-19, it can be seen that the figures of two signals are same. However the amplitudes
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in anechoic room are less than that of the original signals. Without reflection the sound is

weak.

Figure 5-23 The impulse response in the anechoic room

The conclusion is that the simulation results prove to be plausible and, consequently,

simulation is used further in this research for designing the experiments.
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Chapter 6

Experimental study of the room acoustics

An acoustic experiment for the measurement of the response in an enclosure is
presented in this chapter. Digital signal processing for this experiment set up and the
programs for displaying the results, as well as the basic digital processing techniques and
theories, such as Fourier transform and the lower-pass digital filter, are summarized in this

chapter..

6.1 Sound card

A sound card is used to generate the high quality sound. A computer with a sound
card can capture and record the sound from external sources. Even though there are many
types of sound cards, most of sound cards have four fundamental components.

* An analog-to-digital converter

o A digital-to-analog converter

¢ An interface that connect the sound card to the motherboard of the computer

e Input and output that connect to a microphone and speaker.

The software associated with the sound card is based on digital signal processing.
Digital signal processing is the processing of the signals in digital form. The digital

processing of an analog signal contains basic three steps. First the analog signal must be
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converted into a digital form and processed for the digital version. Then the processed digital

signal is converted back into an analog form as an output, as illustrated in Fig.6-1 [38][39].

Analog Analog
Input - - — Output
Analog to Digital > Digital Digital to Analog
Converter Processor Converter

Figure 6-1 Scheme for the digital processing of an analog signal

The sound card deals with sound. The sound produced by the microphone or some
other transducer is analog, i.e., different from the computer data. The sound wave must be
converted into digital data that can be acquired by the computer before digital signal

processing can be applied.

Amplitude

Figure 6-2 The pulse signal
The sampling can be described as a multiplication of an analog input signal with
impulse function [40]. Fig. 6-2 shows a unit pulse signal. The impulse function for this

signal is supposed that a rectangular pulse whose width is infinitesimally small and the

amplitude is the result of the condition.
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_[:,é'(t)dt =1 (5-1)

The sampling waveform would be the sum of all individual impulse function with evenly

discrete time ¢, as illustrated in Fig.6-3.

x(t)=0(—-0)+...+5(t—t)+ () +0(t+1)...+6(t + ) (5-2)
Also
x(t)=S S(t—nt,) (5-3)

where x(t) is the sampling function.
Considering an analog input signal f(¢), shown in Fig.6-4, the sampled signal

() (Fig.6-5) can be obtained by the multiplication of x(¢) with the input analog signal f(¢):

20 =3 7)-6¢-nt,) (5-4)

The most important thing for transforming a continuous-time signal into a discrete-

time signal is the sampling time ¢,. Shannon’s sampling theorem states that an analog signal

can be represented accurately if the minimum sampling frequency is equal to or greater than
twice the highest frequency of the signals. The highest frequency is referred to as the Nyquist

frequency. If the maximums frequency of the analog input is f, the sampling frequency
f.22f (where f, =1/t ). When f, <2f, an aliasing phenomenon will occur, which results

in a poor representation of the analog signal.
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Figure 6-4 The analog input signal
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Figure 6-5 The sampled input signal

Quantizing must be performed using the sampling and hold steps. The sampled
signals are quantized into bits, which can be read by the digital computer. The more digital
levels an ADC (analog-to-digital converter) has, the more accurate signals we can get.

When we play the digital signals back through the speaker, the digital-to-analog
converter would perform same basic steps in reversed order. In chapter 5 simulation results
under different conditions were saved as wave files. These wave files can be converted into
the analog signals by the sound card and we can verify the simulation results directly by the

sound that is from the output of sound card.

6.2 The experimental setup

The room used for the experiment is a rectangular empty room with the dimension by
9.4 by 1.88 by 2.2 meters. The location of the sound source is at -1.2, 0.14, -0.5 and the

location of the microphone is -3.1, -0.4, -0.21 in a Cartesian coordinate system with the
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origin is at the room centre. The reflection coefficients of the walls are approximated as 0.98.

The others are approximated as 0.99.

Power supply
Speakers |g Input Signals
Mi N Display of the time domain
ierophione > —— acoustic response
PC

Figure 6-6 Experimental setup for room acoustics measurement

Fig.6-6 shows the experimental setup for room acoustics measurement. An
onmidirectional speaker renders a sound file, shown in Fig.6-7. The experimental results will
be compared with the simulation results to demonstrate the experiment efficiently. The
previous input signals for simulation have long duration. The simulation for the previous
signals is completed due to the large size of the simulated room. However, the room for the
experimental study is smaller than the simulated room based on the image method on a
digital computer. If we still use the signals with long duration, the computer will not be able

to account for the high-level image sources. We have chosen this signals shown in Fig.6-7
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[41] because its duration was satisfactory for this room. An omnidirectional microphone,
which is connected to a computer, receives the signals using a sound card. The signals that

the microphone receives are saved as the wave file. The signals with the wave file can be

processed and displayed by Matlab.

1.5 T T T T T T T T T

Amplitude

_1;5 1 1 1 1 ,' 1 - 1 I N
0 00t 002 003 004 005 006 007 008 009 01

Time(s)

Figure 6-7 The input signals
Fig.6-7 shows a time-domain representation of the input signals. The time-domain
graph gives the amplitudes of the individual samples. Except for time-domain representation
there is the frequency-domain representation, which displays the frequencies the signals have.
The frequency domain is very useful in digital signal processing, such as spectrum analyzers,
and for choosing the sampling frequency. We implement the Fast Fourier Transform for the

conversion of the input signals from the time-domain into the frequency-domain, shown in

Fig.6-8.
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Figure 6-8 Frequency-domain representation of the input signals
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Figure 6-9 Experimental outputs of the signals from the microphone
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Figure 6-10 Frequency-domain representation of the output signals

0.15 r T v ¥ ¥

01 -

0051

Amplifude
o
i

-0.05 «

1. 1 L 1 i
[} 0.01 0.02 0.03 0.04 0.05 0.06
Time(s)

Figure 6-11 Simulation results at the microphone location
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Fig.6-9 displays the signals the microphone receives. It can be seen that the
experiment was originally carried out for as obvious in the power spectrum from Fig. 6-10.
Fig. 6-11 shows the simulation results at the microphone location. The signals that are
obtained by the experiment strongly resemble to the simulation results showed in Fig. 6-1 1.

In next experiments we consider this room with the significant external noise. The
location of the speaker is at —1, 0.1, -0.5. The location of the microphone is at 0.9, 0.4, -0.6.
We apply the same input signals that are showed in Fig. 6-7. Fig. 6-12 displays the signals
we received by the microphone. We can see that the signals contain the significant noise with

frequency above 2200Hz, as shown in Fig. 6-13.
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Figure 6-12 The output signals from the microphone with the significant noise
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Figure 6-13 The frequency distribution of the output signals
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Figure 6-14 The frequency of the output signals after passing
through the low pass filter with cut-off frequency 1500Hz
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Figure 6-15 The output signals after passing through the low pass
filter with the cut-off frequency 1500Hz
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Figure 6-16 Simulation results for the results shown in Fig. 5-15
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In order to remove the high frequency, a low pass filter from Matlab is applied. Fig.
6-15 shows the output signals after passing through a low pass filter with 1500Hz cut-off
frequency. Fig. 6-14 shows the frequency-domain results for the output signals after passing
through a low pass filter that has 1500Hz cut-off frequency, i.e. The signals shown in Fig. 6-
15 don’t include the signals whose frequencies are higher than 1500Hz. The simulation
results using image method are displayed in Fig. 6-16. Compared with the signals illustrated
in Fig. 6-16, the signals going through a 1500 low pass filter are very close to the simulation
results.

So far, a rectangular room with no furniture has been used for the experimental study
of room acoustics. The sound field in this room with the significant external noise has also
been investigated. The results presented in this chapter proved that the design of the
measurement system for room acoustics is proper compared with the simulation based on the

image method.
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Chapter 7

Conclusions and recommendations for future work

7.1 Conclusion

In this thesis eigenfrequencies were calculated to explore the sound field of a simple
room using analytical method and FEMLAB software based on the finite element method.
They confirm that it is convenient to simulate a sound field for the complex room geometry
by FEMLAB software. FEMLAB software can displays the 3-D pressure distribution and it
is very useful for room acoustics analysis. Even though these methods are limited to the low
frequencies, the eigenfrequencies of the room are important for the sound study of the small
listening room. As we mention in Chapter 3, calculation of the normal modes can predict the
optimum dimensions. A cubic form is the worst form for room acoustics since each mode
has triple emphasis. Choosing appropriate dimensions for the room can minimize the uneven
sound coloration. If the dimensions of the room are difficult to change, the absorbing
material is applied for reducing the sound coloration.

The image method for modeling the acoustic impulse response of a single source-
receiver in a rectangular room was examined. This simulation model can be used for the
prediction of the sound field in the room under different condition, such as different

reflection coefficient. The experiment for room acoustic measurement is achieved and the
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investigation of the sound field in the room was carried out for minimum noise and for
significant noise. These prove that the experiment is the efficient method for measuring
sound propagation in enclosure. This experiment system could be developed for evaluating

the acoustic quality at different positions in the room.

7.2 Future work

In the future research, the computational efficiency of the simulation model for more
complicated phenomena of room acoustics in reality should be carried out. Several
important factors, which violate assumption of geometrical room acoustics, have to be
evaluated. Research topics to consider are as following:

» The simulation model is based on the assumption of geometrical room acoustics.

The reflections from the surfaces of the room are simply specular reflections.
Frequently the surfaces of the room aren’t smooth and there are many
irregularities whose dimensions aren’t smaller than the wavelength, on them.
Diffusion reflection may be considered which will make the prediction more
efficient and accurate.

e The assumption that the sound source in the simulation model was an
omnidirectional point source. In practice application, the directional
characteristics of the sound source should be considered to get more realistic
results.

e An algorithm, which is restricted to the rectangular room, computed the direct

sound and early reflection in the simulation system, should be extended to more
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complicated geometry, for example, several piece of furniture is considered in a
polyhedral room.
e The experimental setup, based on xPC system may be applied for room acoustics

measurement.
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Appendix: Simulation Codes in Matlab

function [X_in_Y,X,Y]=xy_creat(r)

%a,b,c - length, width, and height of the single room
%R - radius of the ball
%m,n,p - the coordinates(x,y,z) of the source point in the room

global x_ max  %the maximun numbers of room along x axis
globaly max  %the maximun numbers of room along y axis
global z max  %the maximun numbers of room along z axis
global a

global b

global ¢

global m

global n

global p

X _in_Y=zeros(l,y_max);
X=zeros(y_max,X_max);
Y=zeros(y_max,Xx_max);

% calculation x coordinate and y coordinate of every image source point
for i1=0:(y_max-1)/2
tt1=((y_max-1)/2+1)+il;
tt2=((y_max-1)/2+1)-il;
j1=0;
ii=0;
rl=sqrt(r*2-(i1*b)"2);
if r1>0
while j1<1000
t1=a/2+a*jl;
if (tl<rl)
tt3=((x_max-1)/2+1)+j1;
tt4=((x_max-1)/2+1)-j1;
if j1==0
X(ttl,tt3)=m;
X(tt2,tt3)=m;
end
if mod(j1,2)==1
X(tt1,%3)=j1*a-m;
X(ttl,tt4)=-j1*a-m;
X(tt2,tt3)=j1*a-m;
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X(tt2,tt4)=-j1 *a-m;

end

if mod(j1,2)==0
X(tt1,tt3)=j1 *a+m;
X(ttl,tt4)=-j1*a+tm;
X(tt2,tt3)=j1*a+m;
X(tt2,tt4)=-j1*a+m;

end

ifil==
Y(tt1,tt3)=n;
Y(tt2,tt3)=n;
Y(ttl,tt4)=n;
Y(tt2,ttd)=n;

end

if mod(il,2)==1
Y(tt1,tt3)=il*b-n;
Y(tt1,tt4)=i1*b-n;
Y(t2,tt3)=-i1*b-n;
Y(tt2,tt4)=-i1*b-n;

end

if mod(il,2)==0
Y(tt1,tt3)=11*b+n;
Y(ttl,tt4)=i1*b+n;
Y(tt2,tt3)=-i1*b+n;
Y (tt2,tt4)=-i1*b+n;

end

jl=j+l;
=L

else

j1=1001;

end

X_in_ Y(tt])=2%jj+1;
X_in_ Y(tt2)=2%jj+1;
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function [X_in_Y _in_Z,room_array_x,room_array_y,num_level Z]=room_creat

%a,b,c - length, width, and height of the single room
%R - radius of the ball
%nm,n,p - the coordinates(x,y,z) of the source point in the room

global x_max %the maximun numbers of room along x axis
global y max %the maximun numbers of room along y axis
global z max %the maximun numbers of room along z axis
global a

global b

global ¢

global m

global n

global p

% initial conditions
a=40.23;
b=13.41;
¢=20.70;

R=30;  %assuming t=0.1s,R=c*t,c=343m/s(sound propagation in the air)

=-1.2 % m=-1;
n=0.14 % n=-1;
p=-0.5 % p=-1;

% calculation the maximun numbers of room along x axis.
i=0;
while (i<1000)
tl=a/2+a*i;
if tI<R
i=i+1;
else
X_max=2%i+1;
i=1001;
end
end

% calculation the maximun number of rooms at y axis.
i=0;
while (i<1000)
t1=b/2+b*i;
if t1I<R
i=it+l1;
else
y_max=2*i+1;
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i=1001;
end
end

% calculation the maximun number of rooms at z axis.
i=0;
while (i<1000)
tl=c/2+c*i;
if tI<R
i=i+1;
else
z_max=2*i+1;
i=1001;
end
end
% room_array_x is 3-D array including x coordinate of every image source
% room_array X is 3-D array including y coordinate of every image source
% X_in_Y in_Z is 2-D array including the numbers of the room along x axis
% in the relative y position
% num_level array is 1-D array including z coordinate of every image source
room_array x=zeros(y_max,X max,Z max);
room_array y=zeros(y_max,X max,Z max);
X in_Y_in_Z=zeros(z_max,y_max);
num_level Z=zeros(l,z_max);

% calculation z coordinate of every image source
for i=0:(z_max-1)/2
if R>(c/2)+i*c
r=sqrt(R"2-((c/2)+i*c)"2);
t1=((z_max-1)/2+1)+i;
t2=((z_max-1)/2+1)-i;

ifi==

num_level Z(t1)=p;
end
if mod(i,2)==1

num_level Z(tl)=i*c-p;
num_level Z(t2)=-i*c-p;
end
if mod(i,2)==0
num_level Z(tl)=i*ct+p;
num_level Z(t2)=-i*c+p;
end
%get 3-D coordinates of every image source
[X_in_Y_in_Z(tl,:),room_array x(:,:tl),room_array_y(:,:t1)]=xy_creat(r);
[X_in_Y_in_Z(t2,:),room_array_x(:,:,t2),room_array_y(:,:,t2)]=xy_creat(r);
else
r=0;
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end
end

% calculation the distance between two points in 3-D environment
% P1,P2 are 1x3 vectors
function d=dist_3d(P1,P2)

d=sqrt((P1(1)-P2(1))"2+(P1(2)-P2(2))"2+(P1(3)-P2(3))"2);

% the simple impluse response of the room, the input of the source is
% a pulse whose amplitude is one, the room has rigid surfaces
function Result_pulsel

global x_max
global y_max
global z_max

X=zeros(y_max,X_max,Z max);
Y=zeros(y_max,x_max,z_max);
Z=zeros(1,z_max);

location=[5,2,-5];
[m,X,Y,Z]=room_creat;

distance=zeros(1,x_max*y max*z_max);
t=zeros(1,Xx_max*y_max*z_max);

num=1;
for i=1:z_max
for j=1:y_max
for k=1:x_max
if X(j,k,i)==0&Y(j,k,i)==0

else
current=[X(j,k,i), Y(j,k,i),Z(1)];
distance(num)=dist 3d(location,current);
d(num)=1/(4*pi*distance(num));
t(num)=distance(num)/343;
plot([t(num),t(num)},[0,d(num)],"-")
xlabel('Time(s)")
ylabel('Amplitude’)
hold on
num=num-+l1;

end
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end
end
end

% The simple impluse response of the room, the input of the source is
% a pulse whose amplitude is one, the room has nonrigid surfaces
function Result_pulse2

global x_max
global y_max
global z_max

X=zeros(y_max,x_max,z_max);
Y=zeros(y_max,Xx_max,z_max);
Z=zeros(1,z_max);

location=[5,2,-5];
[m,X,Y,Z]=room_creat;

distance=zeros(1,x_max*y max*z_max);
t=zeros(1, x_max*y_max*z_max);

num=1;

Q11=0.7

Q12=0.7

Q21=0.9

Q22=0.9

Q31=0.9

Q32=0.9

for i=1:z_max

for j=1:y_max
for k=1:x_max
if X(j.k,i))==0&Y(.k,i)==

else

i1=i-((z_max-1)/2+1);

if mod(i1,2)==0
q1=(Q11"abs(i1/2))*(Q12"abs(i1/2));

else
q1=(Q117abs(i1/2-1))*(Q12"abs(i1/2+1));

end

j1=j-((y_max-1)/2+1);
if mod(j1,2)==0
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q2=(Q21%abs(j1/2))*(Q22"abs(j1/2));
else
q2=(Q21"abs(j1/2-1))*(Q22"abs(j1/2+1));
end

k1=k-((x_max-1)/2+1);

if mod(k1,2)==0
q3=(Q31"abs(k1/2))*(Q32"abs(k1/2));

else
q3=(Q31"abs(k1/2-1))*(Q32"abs(k1/2+1));

end

current=[X(j.,k,1), Y(j.k,1),Z(D)];
distance(num)=dist_3d(location,current);
d(num)=(q1*q2*q3)/(4*pi*distance(num));
t(num)=distance(num)/343;
plot({t(num),t(num)],[0,d(num)],'-")
xlabel('Time(s)")

ylabel('Amplitude’)

hold on

num=num-+1;

end
end

end
end

% a room of dimension by 40.23 by 13.41 by 20.70,the receiver is located in
% [5,2,-5]. Surfaces of the room are rigid surfaces. The source is a sine
% wave

function Result_sinewavel

global x_max

global y_max

global z_max

X=zeros(y_max,Xx_max,z_max);

Y=zeros(y_max,X max,zZ_max);

Z=zeros(1,z_max);

location=[5,2,-5];

[m,X,Y,Z}=room_creat;

distance=zeros(1,3*max([x_max,y_max,z_max]));
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t=zeros(1,3*max([x_max,y max,z _max]));

num=1;
for i=1:z_max
for j=1:y_max
for k=1:x_max
if X(j,k,i))==0&Y(,k,i)==0

else
current=[X(j,k,i), Y(j,k,1),Z(1)];
distance(num)=dist_3d(location,current);
D(num)=1/(4*pi*distance(num));
num=num-+1;

end

end
end
end

max_d=0;
min_d=1000;
max_num=0;
min_num=0;
[a,b]=size(distance)
for i=1:b
if distance(i)~=0;
if min_d>distance(i)
min_d=distance(i);
min_num=i;
end
if max_d<distance(i)
max_d=distance(i);
max_num=i;
end
end
end
distance;
max_d
min_d

figure(1)

axis([0 0.4 -0.015 0.015])
xlabel('Time(s)")
ylabel('Amplitude’)

hold on
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%i=1;
y=0;
T=(min_d/343:0.0001:max_d/343+0.01);
[c,d])=size(T)
for i=1:d
y=0;
for j=1:b
if distance(j)~=0
if T(i)<=(distance(j)/343+0.01)&T(i)>=(distance(j)/343)
y=y+sin(200*pi*(T(i)-distance(j)/343))*D(j);
end
end
end
plot([T(),T(1)1.[0,y},"-)
end

% a room of dimension by 40.23 by 13.41 by 20.70,the receiver is located in
% [5,2,-5]. Surfaces of the room are nonrigid surfaces. The source is a sine
% wave file.

function Result_sinewave2

global x_max
global y_max
global z_max

X=zeros(y_max,X_max,Z max);
Y=zeros(y_max,X_max,zZ_max);
Z=zeros(1,z_max);

location=[5,2,-5];
[m,X,Y,Z]=room_creat;

distance=zeros(1,3*max([x_max,y max,z _max]));
t=zeros(1,3*max([x_max,y max,z max]));

num=1;

Q11=0.7
Q12=0.7
Q21=0.9
Q22=0.9
Q31=0.9
Q32=0.9

for i=1:z_max
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for j=1:y_max
for k=1:x_max
if X(j,k,i)==0&Y(j,k,i))==0

else

i1=i-((z_max-1)/2+1);

if mod(il,2)==
q1=(Q11"abs(i1/2))*(Q12"abs(i1/2));

else
q1=(Ql1"abs(i1/2-1))*(Q12"abs(i1/2+1));

end

j1=j-((y_max-1)/2+1);

if mod(j1,2)==0
q2=(Q21%abs(j1/2))*(Q22"abs(j1/2));

else
q2=(Q21"abs(j1/2-1))*(Q22"abs(j1/2+1));

end

k1=k-((x_max-1)/2+1);
if mod(k1,2)==0
q3=(Q31"abs(k1/2))*(Q32"abs(k1/2));
else
q3=(Q31"abs(k1/2-1))*(Q32"abs(k1/2+1));
end

current=[X(j.k,i), Y(j,k,i),Z(i)];
distance(num)=dist_3d(location,current);
D(num)=(q1*q2*q3)/(4*pi*distance(num));
num=num-+1;

end
end
end
end

max_d=0;
min_d=1000;
max_num=0;
min_num=0;
[a,b]=size(distance);
for i=1:b
if distance(i)~=0;
if min_d>distance(i)
min_d=distance(i);
min_num=i;
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end
if max_d<distance(i)
max_d=distance(i);
max_num=i;
end
end
end
distance;
max_d,
min_d,

figure(1)
axis([0 0.4 -0.015 0.015])
xlabel('Time(s)")
ylabel(' Amplitude’)
hold on
y=0;
T=(min_d/343:0.0001:max_d/343+0.01);
[c,d]=size(T)
for i=1:d
y=0;
for j=1:b
if distance(j)~=0
if T(i)<=(distance(j)/343+0.01)&T(i)>=(distance(j)/343)
y=y+sin(200*pi*(T(i)-distance(j)/343))*D();
end
end
end
plot([T(1), T()],[0,y],"-)
end

% a room of dimension by 40.23 by 13.41 by 20.70,the receiver is located in
% [5,2,-5]. Surfaces of the room are rigid surfaces. The source is a sound
% wave file.

function Result_soundl

global x_max
global y_max
global z_max

=zeros(y_max,X_max,z_max);

Y=zeros(y_max,X_max,zZ_max);
Z=zeros(1,z_max);
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location=[5,2,-5];
[m,X,Y,Z]=room_creat;

distance=zeros(1,3*max([x_max,y max,z_max]));
t=zeros(1,3*max([x_max,y max,z max]));

num=1;
for i=1:z_max
for j=1:y_max
for k=1:x_max
if X(j.k,i))==0&Y(j,k,1)==0

else
current=[X(j,k,i), Y(,k,1),Z(1)];
distance(num)=dist_3d(location,current);
num=num-+1;

end

end
end
end

max_d=0;
min_d=1000;
max_num=0;
min_num=0;
[a,b]=size(distance)
for i=1:b
if distance(i)~=0;
if min_d>distance(i)
min_d=distance(i);
min_num=i;
end
if max_d<distance(i)
max_d=distance(i);
max_num=i;
end
end
end
max_d
min_d

[Y,Fs]=sound;
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C=round(max_d*Fs/343);
D=C+length(Y);
E=zeros(b,D);
EE=zeros(1,D);
for i=1:b
s(i)=round(distance(i)*Fs/343);
G(i)=1/(4*pi*distance(i));
forj=1:D
if j<s())|j>s(i)+length(Y)-1
E(i,j)=0;
else
E@1,j)=Y(-s()+1);
end
EE()=EE()+G()*E(i,j);
end
end
T=(1:D)/Fs;
figure(2)
plot(T,EE)
axis tight
xlabel("Time(s)")
ylabel(' Amplitude')
wavwrite(EE,Fs,'becauty’)

% a room of dimension by 40.23 by 13.41 by 20.70,the receiver is located in
% [5,2,-5]. Surfaces of the room are nonrigid surfaces. tha source is a sound
% wave file.

function Result_sound2

global x_ max %the maximun numbers of room along x axis

global y max %the maximun numbers of room along y axis

global z max %the maximun numbers of room along z axis
X=zeros(y_max,X_max,Z max);

Y=zeros(y_max,X_max,zZ_max);

Z=zeros(1,z_max);

location=[5,2,-5] % the location of the receiver

[m,X,Y,Z}=room_creat;

distance=zeros(1,3*max([x_max,y_max,z _max]));
t=zeros(1,3*max([x_max,y max,z_max]));

num=1;
Q11=0.7 % reflection coefficient from -z wall
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Q12=0.7
Q21=0.9
Q22=0.9
Q31=0.9
Q32=0.9

% reflection coefficient from +z wall
% reflection coefficient from -y wall
% reflection coefficient from +y wall
% reflection coefficient from -x wall
% reflection coefficient from +x wall

% calculate the intensity of each image source
for i=1:z_max
for j=1:y_max
for k=1:x_max
if X(j,k,)==0&Y(j.k,i)}==

else

i1=i-((z_max-1)/2+1);

if mod(il,2)==
q1=(Q117abs(i1/2))*(Q12"abs(i1/2));

else
ql=(Q117abs(i1/2-1))*(Q12"abs(i1/2+1));

end

jl=j-((y_max-1)/2+1);

if mod(j1,2)==0
q2=(Q21"abs(j1/2))*(Q22"abs(j1/2));

else
q2=(Q21%abs(j1/2-1))*(Q22"abs(j1/2+1));

end

k1=k-((x_max-1)/2+1);

if mod(k1,2)==0
q3=(Q31"abs(k1/2))*(Q32"abs(k1/2));

else
q3=(Q317abs(k1/2-1))*(Q32"abs(k1/2+1));

end

current=[X(j.k,i), Y(j.k,i1),Z()];
distance(num)=dist_3d(location,current);
O(num)=(q1*q2*q3)/(4*pi*distance(num));
num=num-+1;

end

end

end
end

max_d=0;
min_d=1000;
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max_num=0;
min_num=0;
[a,b]=size(distance);
for i=1:b
if distance(i)~=0;
if min_d>distance(i)
min_d=distance(i);
min_num=i;
end
if max_d<distance(i)
max_d=distance(i);
max_num=i;
end
end
end
distance;
max_d,
min_d,

[Y,Fs]=sound; %Y is the sound data and Fs is the samlpe frequency of the current
sound
% calculate all the responses from every image source and get the sum response for this
room
C=round(max_d*Fs/343);
D=C+length(Y);
E=zeros(b,D);
EE=zeros(1,D);
for i=1:b
s(i)=round(distance(i)*Fs/343);
for j=1:D
if j<s(i)|j>s(i)+length(Y)-1
E(i,j)=0;
else
E(1,j)=0@)*Y(j-s()+1);
end
EE(G)=EEG)+E(i,j);
end
end
T=(1:D)/Fs;
figure(2)
plot(T,EE)
axis ([0 0.8 -0.015 0.015])
xlabel('Time(s)")
ylabel('Amplitude')
wavwrite(EE,Fs,'beauty1') % save the data to the sound file(beautyl.wav)
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% sound in anechoic room
function source
[y,Fs]=wavread(‘original sound’);
y % taking a sound file as a source,y is sound data, Fs is sample frequency.
m=-1;
n=-1;
p=-1;
x=5;
y1=2;
z=-5;
D=sqrt((x-m)"2+(y1-n)"2+(z-p)"2);
T=round(D*Fs/343);
T1=length(y)+T
t=(1:T1)/Fs
Y=zeros(1,T1)
for a=1:T1

if a<T

Y(a)=0;
else
Y(a)=y(a-T+1)/(4*pi*D);

end
end
Y
plot(t,Y)
axis tight
xlabel('Time(s)")
ylabel('Amplitude’)
wavwrite (Y,Fs,'sound without room')

%frequency-domain representation
function[y,Fs]=analyze()

[y,Fs] = wavread('3.wav'); %Yy is sound data, Fs is sample frequency.

t = (1:length(y))/Fs; % time

figure(1);

plot(t,y);

axis tight

N =2"12; % number of points to analyze

¢ = fft(y(1:N))/N; % compute fft of sound data

p = 2*abs( c(2:N/2)); % compute power at each frequency
f=(1:N/2-1)*Fs/N; % frequency corresponding to p
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figure(2)
semilogy(f,p)

plot(f,p)
axis([0 1000 10*-4 0.5])

function|y,Fs]=lowpassfilter()

[y,Fs] = wavread('file name.wav'); %y is sound data, Fs is sample frequency.
t = (1:length(y))/Fs; % time

figure(1);

plot(t,y);

axis ([0 0.06 -0.2 0.2])

xlabel('Time(s)")

ylabel('Amplitude')

N =2"12;

c = fft(y(1:N))/N;

p = 2*abs( c¢(2:N/2));
f=(1:N/2-1)*Fs/N;

figure(2)

semilogy(f,p)

plot(f,p)

axis([0 3000 10~-4 0.03])
xlabel('Frequency(Hz)")
ylabel('Amplitude')

[b,a]=butter(6,0.078,'low'); %cutoff frequence is 1500Hz
ylp=filter(b,a,y)
figure(3)

plot(t,ylp);

axis ([0 0.06 -0.15 0.15])
xlabel('Time(s)")
ylabel('Amplitude’)

N =2/12;

cl = fit(ylp(1:N))/N;
pl=2*abs( c1(2:N/2));
f1= (1:N/2-1)*Fs/N;

figure(4)

semilogy(fl,pl)
plot(fl,p1)

axis([0 2500 10"-4 0.03])
xlabel('Frequency(Hz)")
ylabel('Amplitude')
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