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Abstract

This paper examines the characteristics of a harmonic plane wave in 1D and
applies it to a model of an auditorium in the shape of a quarter of an ellipsoid.
In the application, this paper will mainly look at transmission loss, reverbera-
tion, disruption of the performers, and differences between different frequen-
cies. The differences between different frequencies will be analyzed on both a
macroscopic auditorium level as well as on a microscopic level of a single
point in the audience.
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1. Introduction

The science of acoustics is an old one: Galileo Galilei, Marin Mersenne, Robert
Hookeand Félix Savart all made contributions into the creation of the acoustics
as a science. After the advent of calculus, the general wave equation was derived
by the French mathematician and scientist Jean Le Rond d’Alembert. Hermann
von Helmholtz then contributed to the understanding of the mechanisms of
hearing and the psychophysics of sound [1]. Psychoacoustics is very important,
which can be applied to mechanical maintenance [2], noise assessment [3] [4],
emotional analysis [5] and so on. It was under this background that, during the
early 1900s, the American physicist Wallace Clement Sabine has performed his
pioneer contributions [6]. He is regarded as the founder of scientific architectur-
al acoustics. More than 100 years later, scientists have found correlations for
most of the acoustic criteria.

Acoustic research is used in many fields, and architecture and urban con-
struction are very important parts [7] [8] [9]. Initially, the design of the church
considered the influence of sound reflection, reverberation time and other fac-
tors on the audience [10] [11] [12] [13] [14]. Nowadays, materials that absorb
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sound are commonly used [15] [16] [17] and glass barrier is a good sound insu-
lation material [18] [19].

This paper aims to summarize much of the theoretical background of acous-
tics and examine a theoretical auditorium in the shape of a quarter of an ellipso-

id and its acoustical properties.

2. Theoretical Background

2.1. Variables and Definition

The variables and definition are in Table 1.

2.2. Assumptions

The fluid is an ideal fluid, meaning there is no mechanical energy loss in the me-
dium. The medium is continuously distributed. The medium is compressible. The
medium is homogeneous and in steady-state without the presence of a sound
wave. The amplitude of changing variables is very small compared to their values

when there is no sound wave.

Table 1. Variables and definition.

Variables Definition Unit
p Sound pressure at a given point at a given time Pa

o8 The maximum sound pressure of the sound wave Pa

® Angular frequency of the sound wave st

c, Speed of sound in a given medium m-s™

Change in velocity of the medium due to sound at a given
time

Maximum change in velocity of the medium due to the sound

Y wave s
Po Density of the medium under steady condition kgm™
Wave number m™

Q Energy flux density in direction of the sound wave W-m™

I Sound intensity W-m™

T The period of the sound wave s

Z, Characteristic impedance of sound of a certain material kgm™s!
. Sound pressure due to the incident, reflected, or transmitted Pa

wave

Sound pressure due to the incident, reflected, or transmitted

I irt Wem™
" wave
0. Angle of incidence, reflection, or refraction Radians
Coefficient of reflection of sound pressure, velocity, or .
Rp " X . No unit
' intensity
Coefficient of transmission of sound pressure, velocity, .
D No unit

or intensity
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Sound propagation is isentropic, ie. pressure changes from P(p,,s,) to
P(p.S,)- When a wave travels from one medium to another, the two mediums
are always in touch.

From these assumptions, we will next be looking at the fundamentals of acous-
tics. The following is a condensed version of the acoustic fundamentals put forth

in [20], with more explanation and detailed proofs.

2.3. Harmonic Plane Waves in 1D

A harmonic plane wave is an ideal waveform whose wavefronts are all planes.
Looking at harmonic plane waves in 1D, an equation for its sound pressure can
be found:

p(xt)=p(x)e" (1)

where p(X) is a polynomial about x. By substituting this into the wave equa-

tion for pressure,

p 1 &p
oP_ 9P 9
ox? (c )2 2 @
Op(X) o, (@) ;
eth + > p(x)elwt — O (3)
oX ()

Since any power of e cannot always be equal to 0, the above equation can be

simplified as the following:

+ p(x)=0 (4)
axz (CO )2 ( )
By introducing the wave number, & as k = 2 | the above equation can take
Co
another form:
*p(x)
+k*p(x)=0 5
v p(x) (5)

A general solution to this differential equation is
p(x)=Ae™+Be™ (6)
where A and Bare to be determined by boundary conditions. If considering both
time and space,
p(X,t) — Aei(wt—kx) + Bei(wH—kx) (7)
here, the first term denotes a wave propagating in the positive direction while
the second term denotes a wave propagating in the negative direction.

To simplify the calculation, we consider only a propagation wave, or one

which follows
p(x,t) = Ae' ™ (8)

Given the boundary condition p(X,t)| 0= Po cos(wt), the above formula can

X=
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be transformed:

p( ) po (ot kx (9)
Taking the real part,
p(X,t) = p, cos(wt —kx) (10)

From the equation of motion po(zt—u+Vp:0, it can be found that

u(x,t)=—— J Vpdt . Applying this to 1D plane waves,
't
:__J'dpd_ po a)th):w (11)
Poco PoCo

Thus it can be found that velocity has the same phase as sound pressure.

2.4. Characteristic Impedance and Wave Impedance

The characteristic impedance of sound is an intrinsic property of a medium and
is defined as p,C,. For water in standard conditions, characteristic impedance
is equal to 1.5 x 10° Pa/s while for air in standard conditions, characteristic im-
pedance is equal to 420 Pa/s.

Wave impedance is defined as the ratio of sound pressure to velocity of the

mass point, or

p(x Y, z1)

Z.(x,y,2,t)= (12)

(ey.zt) u(xy,zt)

For plane waves, wave impedance is equal to characteristic impedance, or
Z,(X,y,2,t)= pyC, (13)

Mean that its value is a constant in space and time.

3. Energy Flux Density and Sound Intensity of a Plane Wave

Since @ = pu, its value in a plane wave can be found by

P cos(wt —kx) = (pO) 2 cos® (wt—kx)  (14)

@ = pu = p, cos(wt —kx)——
PoCo PoCo

An important thing to note that one cannot simply multiply the complex re-
presentations of sound pressure and velocity of a mass point, but has to use the
real parts. It should also be noted that energy flux density has a direction in the
same direction as velocity of the mass point.

Intensity can also be calculated by

1 po)’ (Po)’
x):?.[0 p(x,t)u(xt)dt= —jo s cosz(wt—kx)dt:%:constant(15)

3.1. Transmission between Mediums: Boundary Conditions

Before examining the transmission of sound between mediums, the boundary
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conditions between the two mediums need to be examined. First, we choose an
infinitely thin layer between the two mediums. Since the layer is infinitely thin,
its mass approaches 0, meaning no net force should be applied on it. Therefore,
the pressure exerted on the layer from either side should be the same. In the ab-
sence of sound waves, the pressure of the medium on either side is the same, so

sound pressure is the same at the boundary for any two materials, or
PL=p; (16)

where 1 and 2 denotes the two different mediums.
We assumed that the two mediums are always in touch on the boundary,
meaning that the normal velocity in the two mediums is same, or

Uy, = Uy, (17)

where 1 and 2 again denotes the two mediums and n means the normal compo-

nent of the velocity.

3.2. Reflection and Transmission: Normal Incidence

We define x = 0 as the boundary between two semi-infinite mediums, with the
sound wave traveling from Medium 1 to Medium 2. Using the equation for
sound pressure in harmonic plane waves, the sound pressure for the two me-

diums can be found:
P (X, t) = Py (X, 1)+ Py (x,1) = A9 4 Bl (18)
P, (%)= Py (X,1)+ Py (X, 1) = A7) 1 B gtk (19)

where the first term in each equation denotes the forward-propagating compo-
nent and the second term denotes the backward-propagating component. Be-
cause there is no backward-propagating component of the sound wave in the
second medium, B, =0.

At the boundary, the two boundary conditions listed in the last section must

be satisfied:
P(0t)=p, (0t)=A+B =A (20)
Uy, (O’t)zum (O’t) (21)

As noted in the section titled “Harmonic Plane Waves in 1D”, u,, and u,,

can be represented using sound pressure:

1 .d
U, (x,t):——jd—%dt

P
d i(wt—kyx) B i(wt+kyXx)

=—ij Ae +5e dt (22)
P dx

_ A it _ By et
PG PG

Uy =t [ P e Ao giloria (23)

Py~ dx PG,
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Substituting 0 in for x and applying the boundary condition, the following
equality can be found:
A B _A

= (24)
PG PG 0

B
Defining coefficient of reflection for pressure R, to be — and denoting

pC as Z, and p,C, as Z,, we can solve for it by using the two boundary

conditions:
A B _ A _A+B 03
G PG PG PG
A B A+B
PG pG 1-R, __ PG _ 1+R, (26)
A 4 A Z,
Z,-Z,-R,=Z,+Z,-R, (27)
Z,-7Z
Rp ——2 -1 (28)
Z,+27,
Similarly, we define coefficient of transmission for pressure D, as A , and
solve for it by:
Ai_(AZ_A&):i (29)
Z, Z,
2-A-Z,-A-Z,=7,-A (30)
2-2,=(2,+2,)D, (31)
D, =% (32)
Z,+2Z,
We can also find the coefficient of reflection and transmission of velocity R,
and D, as
Z,-7Z
R, =—t—2 (33)
Z,+7Z,
D, ==& (34)
Z,+7,

Also, the coefficient of reflection and transmission of intensity R, and D,

R, o 2.z12 :[E] :[22—21] (35)
L (py) A Z,+2,

can be found:
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It can be seen that R, + D, =1, meaning intensity is conserved under normal
incidence. It can also easily be proven that the transmission and reflection of in-

tensity is the same when traveling from Medium 2 to Medium 1.

3.3. Reflection and Transmission: Oblique Incidence

To find the coefficient of reflection and transmission of oblique incidence, we set
up the following model (Figure 1).

The incidence ray p, meets the boundary between the two mediums at x =0
and z =0. Its incidence angle is 6, and a part of the ray, p,, reflects with angle
of reflection 6, . The rest is transmitted into Medium 2 with angle 6, .

From the wave equations for pressure, we know

62p1+62p1_ 1 o%p, _
ox* oz’ (Cl)z ot?

0(z>0) (37)

o’p, +82p2_ 1 o%p,

=0 (38)
ox* ozt (c, )2 ot?
The boundary conditions in this case are
pl|z:0 = p2|z:0 (39)
u1n|z:0 = u2n|z:0 (40)
Also,
p (X z,t)=p; (X, 2,t)+ p, (% z,t) (41)
P, (X, 2,t) = p (X 2,1) (42)
The solutions of each of the waves to the Helmholtz equation is
D (X, Z,t) _ Aiei(wt—kixx—kizz) _ Aiei(wt—klsin(z%)><+klcos(9,)z) (43)
P (X 7 t) _ Blei((ut—erx—krzz) _ Blei(mt—klsin(or)x—klcos(ﬂr)z) (44)
r 1 &9
p (X 7 t) _ Azei(wt—klxx—kuz) _ Azei(mt—kzsin(9,)x+kzcos(9,)z) (45)
't 1 &
where k, =w/c, and k, =w/c, . Therefore,
b, (X, Z,t) _ Aiei(a)t—klsin(a,)x+klcos(49,)z) + Blei(wt—klsin(ﬁr)x—klcos(H,)z) (46)
D, (X 7 t) _ Azei(wt—kzsin(é’t)x+kzcos(€t)z) (47)
The normal velocity in Medium 1 can be expressed as
op, (X, z,t
Uy, (X,2,1) = —ij-%dt
Z
_ _Zi( Alei(wt—klsin(&, )x+ky cos(6;)z) COS(Qi ) _ Blei(wt—klsin(yr)x—k1cos(/9r)z) COS(QI, ))
1
Meanwhile, the normal velocity in Medium 2 can be expressed as
1 0 X,Z,t 1 i(wt—ky sin(6 )x+ky cos(6 )z
u,, (X,Z,t)=—p—j%dt =_Z_A26( o sin(@ )xrkz cos(@) )cos(et) (49)
2 2
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P,
Medium I: p,c,

>
” X

Medium 2: p,c,

Figure 1. The coefficient of reflection and
transmission of oblique incidence.

Applying our two boundary conditions,
p1|z:0 - p2|z:o
u1n|z:o - u2n|z:0
We have

Aie—iklsin(ag)x " Ble—iklsin(er)x _ Aze—ikzsin(é’t)x

1
Zl

(50)

(51)

(52)

(Ale—iklsin(&,)x COS(Hi )_ Ble—ik1sin(6r)x COS(HI, )) _ Zi Azefikz sin(6 )x COS(H[) (53)
2

The two equations listed above need to be satisfied for any two x-values.

Therefore, substituting in any two x-values, we are able to get
6 =0,
sin(6) _sin(4)
o o
where the second is also Snell’s Law for sound waves.

We further get, by substituting in x =0,

A+B =A
1 1
Z—l(Ai cos(6;)—B, cos(6, )) :Z—ZA2 cos(6,)

The refraction and reflection coefficient can be calculated by

pr (X, Z,t)| Blei(a)t—klsin(ar)x—k1cos(9,)z) Bl
p p; (X, Z,t)|z:0 Aiei(wt—klsin(&,)x+klcos(6\,)z) i, A[
D - P (X, z’t)| _ Azei(wt—kzsin(ﬂt)mkz cos(;)z) _ i
p P (X z t) Aiei(wl—klsin(ﬂl)x+k1cos(6;)z) Ai
i 1 &y 220 »
Another way to represent this is by defining Z, = Z, and Z, =
cos (0
and using a method similar to the last section we can get
_Zn=Zy
i ZZH + Zln

(54)

(55)

(56)

(57)

(58)

(60)
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2-Z,,

=— 61
P ZZn +Zln ( )

Similar to the last section,

2 2
R| — (%j — [§2n —:iln J (62)

R EHEEE
Ai ZZ ZZn + Zln ZZ

4. Model Definition

After examining the theoretical of acoustics, we now examine a specific audito-

rium design and the acoustical effects of it. This is done using the COMSOL ap-

plication. Here, we will examine one in the shape of a quarter of an ellipsoid, as

this type of design—with a narrow, low stage and a wider, taller audience plat-

form—is more common nowadays in auditorium design. We first introduce

some parameters (Table 2).

Table 2. Global parameters used to define the auditorium and its study.

Name
semiaxis_x
semiaxis_y
semiaxis_z
width_door

height_door
height_stage
width_stage
length_stand
height_stand
width_stand
o
receiver_x
receiver_y
receiver_z
number_rays

volume_total

source_receiver_dist

Expression Unit
10 (m]
30 (m]
10 (m]
5 (m]
3 [m]
1.5 (m]

0.2 x semiaxis_y
0.75 x semiaxis_y
0.5 [m]

0.8 X semiaxis_x

500 [Hz]
1 [m]
5 [m]

height_stand
1000 [1]
1/3 x pi x semiaxis_x x semiaxis_y x semiaxis_z

((receiver_x)* + (receiver_y — (semiaxis_y — width_stage/2))* +
(receiver_z — height_stage)?)"/?
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Here, the first three variables denote the semi-axes of the auditorium in the x,
7, and z-direction respectively. The next two denote the dimensions for the door
of the auditorium, which is to be made from glass. Then, length_stand, height_stand,
and width_stand denote, respectively, the length, height, and width of the au-
dience platform. f0 denotes the frequency of the sound to test for, and is chosen
because it is a common frequency made by human sounds. Then, a receiver is
specified among the entire audience platform, and is located at (receiver_x, re-
ceiver_y, receiver_z). Then, because the application can only test for a specified
number of rays, that number is denoted as number_rays. The variables vo-
lume_total and source_receiver_dist denote, respectively, and total volume of
the auditorium and the distance between the source and the receiver.

Next, to build the physical setup of the auditorium, we build an ellipsoid with
semiaxes as denoted above and use two blocks to represent the other three-quarters
of the ellipsoid (Figure 2, Figure 3); then we do a difference to get a quarter of
an ellipsoid. The door is located in the plane of y =0 and has its center lying on
the plane x = 0. The stand is located on the x-y plane with z-coordinate equal to
height_stand and starts 0.5 m away from the entrance. Similarly, the stage is lo-
cated on another x-y plane with z-coordinate equal to height_stage. The power
of the sound is set to ImW because this is roughly the loudness desirable for a
large auditorium such as this one. The stage is represented simply by a rectangle
with part of it extending outside of the auditorium, but since all the wave prop-
agation will be located within the auditorium the parts that extend outside can
be ignored. The absorption coefficient of the floor, the wall, and glass—or the

door—as a function of frequency is as follows (Table 3, Figure 4).

5. Results and Discussions

5.1. Transmission Time and Loss

First, to examine the acoustics of the auditorium, we can first look at the trans-
mission of sound and how well sound is transmitted (Figure 5).

We can see in Figure 6 that the sound reaches the front of the audience with
an intensity of roughly 75 dB 0.02 seconds after the sound is emitted. This is
about 10 dB weaker than the loudest point where it is emitted.

10
— HH 5
V4
o
y
Figure 2. The completed auditorium as viewed from a y-z point of view.
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.

Figure 3. The completed auditorium as viewed from an x-y
point of view.

Absorption Coefficient Against Frequency for Different Materials

0.5F -—-

04F
——Floor
—Glass
0.3 o —— Wall

Absorption Coefficient (m?)

0.1F

i e s

st s

0
-2000 0 2000 4000 6000 8000 10000 12000 14000 16000 18000

Frequency (Hz)

Figure 4. The absorption coefficient of the different materials as a function of frequency.

Time=0.01 s Ray trajectories

Figure 5. The sound intensity level at time 0.01 s after the emission of the signal.
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Time=0.02 s Ray trajectories

Figure 6. The sound intensity level at time 0.02 s after the emission of the signal.

Table 3. The absorption coefficients of different materials for different frequencies.

Frequency Floor Door (Glass) Wall
125 Hz 0.020 0.010 0.120
250 Hz 0.030 0.010 0.090
500 Hz 0.050 0.020 0.070
1000 Hz 0.100 0.020 0.056

2000 Hz 0.300 0.020 0.060
4000 Hz 0.500 0.030 0.070
8000 Hz 0.500 0.040 0.085
16,000 Hz 0.500 0.050 0.100

After 0.05 seconds, the sound wave has reached roughly the middle of the au-
ditorium, with sound intensity levels between 60 and 80 dB. An interesting phe-
nomenon is that the sound has formed two distinct waves, with the strongest
parts of the sound staying near the roof (Figure 7). This may be good in that the
sound may be preserved for a longer time while the audience is not assaulted
with loud sounds. It may also help the audience members towards the back to be
able to hear the sound at similar loudness as the front. However, this phenome-
non may also be bad because the signal strength at the audience level may be
lower than ideal.

After 0.1 seconds, the sound wave has reached the back of the audience with
loudness around 50 to 70 dB (Figure 8). The audience members towards the
back hear the signal at around 25 dB lower than the audience members in the
front, assuming no amplifiers are used. As with Figure 7, the strongest parts of
the sound are inclined towards the top and the sides of the auditorium. This may
work better if the other side of the hemi-ellipsoid is also built as part of the au-
ditorium—the round-shape roof in essence serves as a funnel, allowing audience
members at the back to hear a louder sound while also preventing the audience
members towards the front from hearing sounds that are too loud. As it is, the

phenomenon is not fully exploited, to the audience’s detriment.
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Time=0.05 s Ray trajectories

100

90

80

70

60

50

40

Figure 7. The sound intensity level at time 0.05 s after the emission of the signal.

Time=0.1 s Ray trajectories

Figure 8. The sound intensity level at time 0.1 s after the emission of the signal.

5.2. Reverberation

A classical concern with architectural acoustics is the measurement of reverbera-
tion time [21] [22], which is defined as the time needed for sound intensity to
decrease to 107° of its original strength, or for sound intensity level to decrease
by 60 dB. [1] suggests that a higher reverberation time reduces intelligibility of
speech, while a lower reverberation time makes the sounds made in the audito-
rium sound “dead”. He also suggests that a reverberation time of around 2
seconds is good for large halls, while small halls’ optimal reverberation time
would be around 1 second. However, Newman (1974) suggests that multipur-
pose auditoriums have optimal reverberation times around 1.6 to 1.8 seconds,
with extreme limits between 1.4 to 1.9 seconds.

First, looking at the auditorium as a whole, we can see that after 1.5 seconds,
the signals persists, but most of it is below 20 dB (Figure 9). This means that the
reverberation time of the auditorium is roughly 1.5 s, which lies slightly below
the optimal range. It also means that the auditorium as it is currently designed is
may not be the best auditorium for music.

For the audience members sitting near the front, they first receive sound 0.02
seconds after the sound has been made and at a level around 70 to 75 dB. This
means that the reverberation time for them should be the time which they re-

ceive sound at about 10 to 15 dB minus 0.02.
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Figure 10 shows the sound intensity level 1.4 seconds after the emission of the
signal. It can be seen that near the front of the audience, the sound intensity le-
vels are distributed between roughly 15 to 25 dB. This is about 50 dB weaker
than the sound the audience members near the front receive. Therefore, it is
likely that the reverberation time audience members near the front is slightly
larger than 1.4 (Figure 10, Figure 11).

From this result, we can see that the signal for the audience members at the
front has decayed to roughly 10 - 15 dB, which means the reverberation time for
the audience members at the front is about 1.4 seconds. This may be slightly
short, and the quick disappearance of the tones means the design of the audito-

rium can perhaps be improved.

Time=1.5 s Ray trajectories

Figure 9. The sound intensity level at time 1.5 s after the emission of the signal.

Time=1.4 s Ray trajectories

Figure 10. The sound intensity level at time 1.4 s after the emission of the signal.

Time=1.44 s Ray trajectories

m
m
30 20 10 (? 50
10
C 40
L]
/o. & o 0% o
R Y . e oy’:'.. 30
e . ) L] - *n ‘. =
s o, ° ...o‘. i 4 ° i 20
e, 0 ,". L: L .. L I
i * 10

Figure 11. The sound intensity level 1.44 s (as interpolated from 1.4 and 1.5)
after the emission of the signal.
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For audience members at the back, they first receive sound 0.1 seconds after
the emission of the signal (Figure 8) at roughly 60 dB. Therefore, the reverbera-
tion time for it should be the time at which it first starts receiving no sound.

From Figure 12, we can see that sound is still present at the back of the au-
dience 1.85 seconds after the emission of the signal. Meanwhile, it is not present
in Figure 13, or 1.9 seconds after the emission of the signal. This means that re-
verberation time near the back of the audience is roughly 1.9 seconds. This is at
the upper end of the suggested optimal reverberation time, meaning that the
back of the audience, paradoxically, is perhaps better suited as a place to listen to
music in the current design of the auditorium. The initial signal reaches it at
around 60 dB, which is still a good loudness.

The other parts of the audience stand should have reverberation times lying
between 1.4 and 1.9 seconds, which is a good but improvable range. The large
range means that the different parts of the auditorium may have very different
sound quality, so it should probably be improved upon.

However, it should be mentioned that the finding of 1.9 seconds as the rever-
beration time for the back of the audience is based on the formal definition of
reverberation, which may not be the most suitable in this case because even at
1.5 seconds, the sound intensity level at the back rarely reaches above 20 dB,
which is the loudness of a whisper or rustling leaves [20]. This means that per-
haps the perceived reverberation time is probably less than 1.9 seconds, which is

a more satisfactory conclusion.
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Figure 12. The sound intensity level 1.85 seconds (as interpolated from 1.8
and 1.9) after the emission of the signal.
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Figure 13. The sound intensity level 1.9 seconds after the emission of the signal.
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5.3. Disruption to the Performers

The sound signal is reflected back to the performers on stage, and this may be
problematic for the performers as they get disrupted by the sounds they made
before.

After 0.6 seconds, the reflected sound at the stage still has loudness of about
40 - 50 dB (Figure 14). This may be a problem for faster pieces of music, be-
cause for faster pieces, the notes may be closer-spaced than 0.6 seconds. This
may cause the performer’s (or performers’) confusion as they try to sort out
which of the sounds is the new sound and which is the reflection of the previous
sound.

Figure 15 shows that the reflected sound at the stage decays to only about 20 -
30 dB at the stage one second after the sound is emitted. This is good news for

slower pieces of music, because one second is less significant in those cases.

5.4. Analysis of the Differences between Different Frequencies

For Figures 8-15, the frequency being depicted is invariably 16 kHz. However,
as seen in Figure 4, the absorption of the three materials differs for different
frequencies. Although this would not affect transmission time and loss (Figures
5-8), reverberation and the disruption of the performers is very much affected.

ime=0.6 s Ray trajectories
E)

Figure 14. The sound intensity level near the stage 0.6 s after the emission
of the signal.

Figure 15. The sound intensity level near the stage one second after the
emission of the signal.
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It is obvious from the figure below that 1.5 seconds does not represent the re-
verberation time for a 500 Hz signal. In fact, even after two seconds, the sound
intensity level of the majority of the auditorium—including the audience mem-
bers and the stage—is still between 30 and 50 dB, which is a very strong signal.
The high density of the points means that very few of the rays have decayed to
an intensity less than the threshold, also supporting the fact that the leftover
sound at this point is still very loud. In fact, as seen in Figure 16, it is only after
4.6 seconds that the signal becomes insignificant, ie. the reverberation time of
the auditorium for 500 Hz is roughly 4.6 seconds.

However, it can be seen that even 4.6 seconds after the emission of the signal,
some parts of the sound still reach 40 - 50 dB (Figure 17). It is possible that
these represent places of constructive interference, but the more likely explana-
tion—made more plausible by the fact that there are so many points, each
representing one of 10,000 initial rays, left—is that the reverberation time is
slightly longer than 4.6 seconds. This presents the problem that the different
frequencies have very different sound intensity levels at any given time until
roughly five seconds after emission. For sounds are comprised of more than one
frequency—and this includes almost all sounds—this is a big problem. For
speech, the fact that the low-frequency components of the sound persist for
much longer than high-frequency components mean that it is much harder to
articulate the sound well. In fact, as stated earlier, the long reverberation time it-
self means that it is hard to articulate speech clearly, and the difference between
high and low-frequency components makes the problem worse. For music and
bands, the fact that low-frequency sounds persist for much longer means that
the lower-frequency instruments will have to play at slower paces with the notes
separated by long time intervals, which limits the piece of music itself. One way
to solve this would be to increase the size of the auditorium: a larger auditorium
would increase the absorption of the sound. However, this is an unideal way to
solve this, as the absorption would increase for all frequencies of sound, with the
higher-frequency components absorbed even faster. The reverberation time for
the high-frequency components would thus decrease by a lot, meaning that the
problem still remains. A different way to solve this would be to increase the
floor’s absorption for low-frequency components. Referring back to Figure 4, it
can be found that one of the main problems with absorption is that the floor ab-
sorbs much less of the low-frequency components than high-frequency compo-
nents. This is probably the main reason for the difference in reverberation times
for low-frequency and high-frequency components. The way to solve this would
be to build the floor from a material which absorbs the low-frequency compo-
nents much better than the current material.

For disruption of the performers, we see above that the time required for the
leftover sound at the stage to decrease to a level of roughly 25 - 35 dB is about
2.25 seconds (Figure 18). In comparison, for the 16 kHz signal, the loudness at
the stage decayed to only 20 - 30 dB within one second. Thus, the different ab-

sorption between frequencies is also very apparent for the performers, and they
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themselves will hear the low-frequency components for much longer than the
high-frequency components. This may interrupt their performance, furthering the
need to build the floor out of a material with higher absorption for low-frequency

components.

5.5. Impulse Response of the Receiver

After looking at the auditorium in general, we look at the specific receiver which

we have defined in the model definition section.

f0(1)=500 Time=1.5 s Ray trajectories

Figure 16. The sound intensity level of a 500 Hz signal 1.5 seconds after emission.
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Figure 18. The sound intensity level of a 500 Hz signal 2.25 seconds (as interpolated
from 2.2 and 2.3 seconds) after the emission of the signal.

DOI: 10.4236/0ja.2020.102002 36 Open Journal of Acoustics


https://doi.org/10.4236/oja.2020.102002

R.J. Zhang

From the above Figure 19, we can see that the sound pressure level—which is
roughly the same as sound intensity level —for the different frequencies from 0
to 2000 Hz vary a lot, which confirms the previous conclusion that absorption
for the different frequencies is vastly different and that this may interfere with
the performers on stage.

After we look at the impulse response for different frequencies, we now take a
look at the change in sound pressure over time for 500 Hz and 16 kHz impulses.

Figure 20 is the juxtaposition of Figure 21 upon Figure 22, and it shows that
the impulse response of the 16 kHz signal is much stronger but decays much

faster than the 500 Hz signal (note the different time scales of the three graphs).

Sound Pressure Level Against Frequency for Receiver
20 T T

Sound Pressure Level (dB)

0 200 400 600 800 1000 1200 1400 1600 1800 2000
Freqency (Hz)

Figure 19. The sound pressure level of different frequencies for the
receiver.

Sound Pressure Against Time for both Signals
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Figure 20. The sound pressure against time for different frequencies
for the receiver.
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Sound Pressure Against Time for a 16kHz Signal

Sound Pressure (mPa)

Time (s)

Figure 21. Thesound pressure against time for a 16 kHz signal.

Sound Pressure Against Time for a 500Hz Signal
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Figure 22. The sound pressure against time for a 500 Hz signal.

In fact, the strength of the 16 kHz signal can reach a magnitude about 10 times
stronger than that of the 500 Hz signal. This means that for a piece of music, the
high-frequency components may be much louder than the low-frequency com-
ponents, perhaps causing the low-frequency components and instruments to be
ignored. This is an undesirable effect, and needs to be fixed. Another problem
with the impulse responses is that the 16 kHz signal—ie. the high-frequency
components—decay much faster than the 500 Hz signal—i.e. the low-frequency
components. This means that audience members will hear the low-pitch sounds
for much longer than the high-pitch sounds, and this may cause confusion and
reduce the general quality of the music. Also, for speech, the low-frequency

components remain for much longer, making it hard for the speaker to articu-
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late well.

6. Conclusion

In conclusion, the theoretical auditorium outlined above is well-suited to single
high-frequency music or performances, but much less desirable for speech or
music involving both high and low-frequency components. This is probably due
to the highly different absorption coefficient of the floor for low and high fre-
quencies, and one way to solve this would be to make the floor from material
that absorbs low frequencies much better than the current material. Also, the
advantage of the ellipsoidal shape of the auditorium can be more fully exploited

by building a half of an ellipsoid, not a quarter.
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