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Abstract

In this paper, the ray-tracing sound prediction for the rectangular enclosure is researched, and a new method is proposed

to determine the receiving radius by sound ray density. The sound ray density can be calculated based on the initial sound

ray number, volume and shape of the enclosure, and the boundary absorption coefficient. In an established enclosure, the

sound ray density can be regarded to be evenly distributed statistically, so the receiving radius should be constant and have

no relation to the position in the enclosure. The sound ray density is variable for different sound spaces, so the receiving

radius should also be variable for different enclosures. The higher is the sound ray density, the shorter the receiving radius

is, and the lower is the sound ray density, the longer the receiving radius is. A formula of calculating the receiving radius in

rectangular enclosure has been deduced in this paper. The results of the experiments and predictions show that the new

reception model can predict the sound pressure level (SPL) and the reverberation time T30 accurately.

r 2006 Elsevier Ltd. All rights reserved.
1. Introduction

The sound field prediction methods based on the geometric acoustics include ray-tracing method [1,2],
image source method [3,4] and the combined ray-tracing and image source method [5]. The last one also has
conical beam method [6] and triangular beam method [7]. The ray-tracing method is commonly used for its
high accuracy in prediction and high efficiency in computation.

The receiving sphere is indispensable in the ray-tracing method, while how to determine its radius is still a
problem needed to be researched. There are three kinds of reception model. In the first kind of model, the
receiving radius is constant for different positions in an established sound space, and is also constant for
different sound spaces. A widely applied example is the normal model [8–10], which has been used, in some
commercial software, and the radius is usually 0.5 or 1.0m [8,11]. In this model the relation among the
receiving radius, sound space volume and initial sound ray number can be given as

r ¼
15V

2pN

� �1=3

. (1)
ee front matter r 2006 Elsevier Ltd. All rights reserved.
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ing author.
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Here r is the receiving radius, N the number of total initial sound rays, and V the volume of the space. This
kind of radius cannot be fit for the sound spaces of arbitrary size, and Hilmar has discussed its systematic error
[12,13].

In the second kind of model, the receiving radius is constant for different positions in an established sound
space, but is variable for different sound spaces. A reception model of this kind is proposed in this paper and is
applied in the sound prediction of rectangular enclosures.

In the third kind of model, the receiving radius is variable not only for different sound spaces, but also for
different positions in an established sound space. A reception model of this kind was put forward by Hilmar
[12], which gave the radius formula as following:

r ¼ d

ffiffiffiffiffiffi
2p
N

r
¼ ct

ffiffiffiffiffiffi
2p
N

r
. (2)

Here, d is the propagating distance of the sound ray, c the sound velocity and t the propagating time of the
sound ray. The computation time of this method was considerably long because the receiving radius will be
updated continuously as the sound rays propagate forward.

Another reception model of the third kind was proposed by Zeng [14], called Zeng’s model here, and the
formula of the receiving radius is given as following:

r ¼ dSR

ffiffiffiffiffi
4

N

r
log10 V . (3)

Here, dSR means the distance from the sound source to the receiving point (source–receiver distance). The
receiving radius of this model is proportional to the source–receiver distance, so the radius will be very large
when the receiving sphere is far from the sound source, and the spatial resolution of prediction in the far field
will be decreased.

In this paper, a new reception model of the second kind is proposed for sound prediction of the rectangular
enclosure, and a formula is deduced to calculate the receiving radius in accordance with the sound ray density.
In the ray-tracing prediction in this paper, the initial sound rays are uniformly emitted from the omni-
directional source with prefixed elevation angle and azimuth angle, and the propagation of the sound rays
includes specular reflection and diffuse reflection as in the Lambert diffusion model [15,16]. The ray trace is
terminated according to the energy discontinuity percentage (EDP) but not the reflection number. The sound
rays are detected by the receiving sphere to obtain the impulse response, from which the needed acoustical
indexes can be calculated. While only the sound ray reception is discussed in detail in this paper.
2. Research of the new reception model

2.1. Relation between the sound ray density and the receiving radius

The sound field in an enclosure can be regarded to be reverberating when the enclosure shape is not
apparently long or oblate, and the sound ray density is evenly distributed statistically. Though the density
cannot be completely even for different positions, the density fluctuation is little and can be neglected. So in an
established enclosure, the receiving radius is constant for different positions. While the sound ray density will
be variable for different sound fields, so the receiving radius will also be variable for different enclosures.

In the new reception model in this paper, the receiving radius will be longer when the sound ray density is
lower, otherwise no enough rays can be received and the statistical effect cannot be achieved. Meanwhile the
radius will be shorter when the sound ray density is higher, otherwise the computational time will be very long
and the spatial resolution of sound prediction will be decreased meaninglessly.

There are some factors, which have relation to the sound ray density as well as the receiving radius. The first
one is of course the number of the initial sound rays. The second is the volume of the enclosure because larger
volume can lead to smaller sound ray density. The shape, also the side ratio, of the enclosure is also an
important factor because oblate enclosure can attenuate the sound field quickly. Finally, the absorption
coefficient of the enclosure boundary should also be taken into consideration, because the sound will be
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attenuated more quickly when the boundary absorption coefficient is greater. So the receiving radius should be
calculated with these factors.

The influence of the absorption coefficient on the sound ray density depends on how to terminate the trace
of a ray. In some ray-tracing models, the trace is terminated according to the reflection number, in which the
sound ray density will not be influenced by the absorption coefficient. In other models, the trace is terminated
according to the EDP, namely the threshold of the sound ray energy, in which the sound ray density will be
influenced by the absorption coefficient. In this paper, the trace is terminated according to the EDP, which is
more widely applied in ray-tracing prediction, so the absorption coefficient is used to calculate the sound ray
density.

While the diffused coefficient and scattered coefficient need not be considered, because they have relation to
the propagating path of the sound rays, while in an enclosed space, the sound ray density will still be
statistically even and will not be changed.

2.2. Determination of the receiving radius in rectangular enclosure

A formula of the receiving radius can be deduced here based on the sound ray density. In an established
rectangular space whose length, width and height are l, w and h, respectively, as shown in Fig. 1(a), the sound
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Fig. 1. Cross area and receiving area in a rectangular space: (a) cross area and receiving area between ABCD and A0B0C0D0; (b) the first

team; (c) the second team; (d) the third team; (e), (f) cross area and receiving area between two adjacent planes.



ARTICLE IN PRESS
Z. Jiang, X. Qiu / Journal of Sound and Vibration 301 (2007) 391–399394
rays are reflected in any direction disorderly and distributed evenly statistically. While it is sure that each ray
will start from one plane and end at another plane, and there are many sound rays between every two planes.
Because a rectangular space has six planes, there are totally 15 groups of sound ray, and each group starts and
ends between certain two planes.

As shown in Fig. 1(a), the sound ray group between ABCD and A0B0C0D0 will pass through planes such as
EFGH and E0F0GH, while the area of EFGH is the minimum one because it is vertical to AA0. Here, the area
of EFGH is defined as the cross area of this sound ray group, called SP-EFGH here. The sphere O is the
receiving sphere, and the gray district is its projection on EFGH. The area of the gray district is defined as the
receiving area of this sound ray group, called SR-EFGH here. This is because the received round rays in this
group will all pass through a circle in the receiving sphere whose area is the same as the SR-EFGH. If the total
sound ray number in this group is NP-EFGH, and the received sound ray number in this group is NR-EFGH, the
sound ray density in this group can be defined as following:

rEFGH ¼
NP�EFGH

SP�EFGH
¼

NR�EFGH

SR�EFGH
. (4)

Sound ray density means the number of sound rays passing through every unit cross area.
These 15 sound ray groups can be divided into three teams, and each team consists of five groups. The first

team is demonstrated in Fig. 1(b) in which every bidirectional arrow represents a group, and this team consists
of the group between ABCD and A0B0C0D0, between AA0B0B and BB0C0C, between BB0C0C and CC0D0D,
between CC0D0D and DD0A0A, between DD0A0A and AA0B0B. In like manner, the second team and the third
team are demonstrated in Fig. 1(c) and (d), respectively.

In the first team, for the sound ray group between ABCD and A0B0C0D0 (see Fig. 1(a)), the cross area
SP-EFGH is wl. If the receiving radius is r, the receiving area SR-EFGH is pr2.

When calculating the cross area between DD0A0A and AA0B0B in the first team (see Fig. 1(e)), AA0E0E is
vertical to DD0B0B, so it is the cross area. In like manner, CC0F0F is the cross area between BB0C0C and
CC0D0D. Their area can be calculated as following:

SP�AA0E0E ¼ SP�CC0F0F ¼ h
wlffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi

w2 þ l2
p . (5)

When calculating the receiving area between DD0A0A and AA0B0B altogether with the receiving
area between BB0C0C and CC0D0D, the projection of the receiving sphere will move on AA0E0E and CC0F0F
with the moving of the receiving sphere. The projection may be entirely on AA0E0E such as the gray
district Pa, and also may be entirely on CC0F0F such as the gray district Pc. It is still possible that one
part of the projection is on AA0E0E and the other part is on CC0F0F such as Pb1 and Pb2. Therefore, it can be
deduced that

SR�AA0E0E þ SR�CC0F0F ¼ pr2. (6)

In like manner, in the first team, the cross area between AA0B0B and BB0C0C is SP-BB
00
HH (see Fig. 1(f)), and

the cross area between CC0D0D and DD0A0A is SP-DD0G0G, and they are both the same as SP-AA0E0E. On the
other hand, the receiving area between AA0B0B and BB0C0C is SR-BB0H0H, the receiving area between CC0D0D
and DD0A0A is SR-DD0G0G, and the sum of SR-BB0H0H and SR-DD0G0G is still pr2.

So far, the total cross area and the total receiving area in the first team can be calculated as

SP�team1 ¼ wl þ 4
wlhffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi

w2 þ l2
p ,

SR�team1 ¼ 3pr2. ð7Þ

In like manner, the total cross area and the total receiving area in the second team can be calculated as

SP�team2 ¼ whþ 4
wlhffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi

w2 þ h2
p ,

SR�team2 ¼ 3pr2. ð8Þ
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The total cross area and the total receiving area in the third team can be calculated as

SP�team3 ¼ lhþ 4
wlhffiffiffiffiffiffiffiffiffiffiffiffiffiffi
l2 þ h2

p ,

SR�team3 ¼ 3pr2. ð9Þ

The total cross area and the total receiving area in the space can be calculated as following:

Sp ¼ wl þ whþ lhþ
4wlhffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
w2 þ l2

p þ
4wlhffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
w2 þ h2

p þ
4wlhffiffiffiffiffiffiffiffiffiffiffiffiffiffi
l2 þ h2

p ,

SR ¼ 9pr2. ð10Þ

Because the sound rays distribute evenly in the rectangular space, the sound ray density in every
group is regarded to be the same to each other. Therefore, if the total number of the sound rays in the
space is Np and the total number of received sound rays is NR, the sound ray density in the space can be
calculated as

r ¼
Np�1

Sp�1
¼

Np�2

Sp�2
¼ � � � ¼

Np�15

Sp�15
¼

Np�1 þNp�2 þ � � � þNp�15

Sp�1 þ Sp�2 þ � � � þ Sp�15
¼

Np

Sp

¼
NR

SR

. (11)

Here, Np�i and Sp�i mean the sound ray number and cross area, respectively, in the ith group.
In ray-tracing method, the reflection order Mref can be calculated as following:

ð1� aÞMref ¼ Cth,

Mref ¼ log1�a Cth. ð12Þ

Here Cth is the tracing threshold, and a is the space boundary absorption coefficient. The total number of
the sound rays Np is the product of Mref and the initial sound ray number N

Np ¼ NMref ¼ N log1�a Cth. (13)

The sound ray density can be calculated as

r ¼
N log1�a Cth

wl þ whþ lhþ
4wlhffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
w2 þ l2

p þ
4wlhffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
w2 þ h2

p þ
4wlhffiffiffiffiffiffiffiffiffiffiffiffiffiffi
l2 þ h2

p ¼
NR

9pr2
. (14)

The receiving radius can be calculated based on above formula

r ¼

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
NR wl þ whþ lhþ

4wlhffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
w2 þ l2

p þ
4wlhffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
w2 þ h2

p þ
4wlhffiffiffiffiffiffiffiffiffiffiffiffiffiffi
l2 þ h2

p
 !

9pN log1�a Cth

vuuuut

¼

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
NR

S

2
þ 4V

1ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
w2 þ l2

p þ
1ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi

w2 þ h2
p þ

1ffiffiffiffiffiffiffiffiffiffiffiffiffiffi
l2 þ h2

p
 ! !

9pN log1�a Cth

vuuuut
. ð15Þ

In above formula, S means the surface area of the rectangular enclosure and is related to the en-
closure shape. V is the volume of the rectangular enclosure. So the receiving radius has relation to the number
of the initial sound rays, the volume and shape of the enclosure, and the absorption coefficient of the
boundaries.

2.3. Calculation of the sound pressure level

In the ray-tracing prediction, all the sound rays arriving at the receiving sphere can be detected, and their
sound intensity and arriving time can be worked out. The sound intensity of the ith sound ray Ii can be
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calculated as following [8,14]:

I i ¼
W idri

V r

. (16)

Here, Wi is the power of the ray when it arrives the sphere, dri the distance of the sound ray passing through
the receiving sphere, and Vr the volume of the receiving sphere. The sound intensity of different sound rays can
be sequenced according to their arriving time so to obtain the impulse response I(t).

The SPL can be calculated from the impulse response as [14]

SPL ¼ 10 log10
p2
e

4� 10�10

� �
¼ 10 log10

r0c0
R1
0

IðtÞdt

4� 10�10

� �
. (17)

The propagating medium in this paper is air, and the r0c0 can be taken to be 400 kgm�2 s�1, so the SPL can
be calculated as

SPL ¼ 120þ 10 log10

Z 1
0

IðtÞdt

� �
. (18)

This algorithm has been widely applied in different reception models.

3. Experiment results

The performance of the normal model, Zeng’s model and the new reception model proposed in this paper,
called Jiang’s model here, are compared with each other. The SPL and reverberation time T30 in two
rectangular enclosures are measured and predicted with the above three reception models. One enclosure is the
reverberation chamber of the Institute of Acoustics Nanjing University, and the other enclosure is a common
rectangular room. The rectangular room has more complicated structure because it has two windows and an
ordinary wooden door on the wall. The purpose of choosing this room is to test the application of the new
reception model in a common room.

The width, length and height of the reverberation chamber are 5.91, 7.34 and 5.27m, respectively, and the
width, length and height of the rectangular room are 4.52, 5.43 and 3.41m, respectively. The volume and
shape of the two enclosures are both different from each other. The boundary absorption coefficients of the
two enclosures are given in Table 1, for the octave bands from 125 to 4000Hz. The reverberation chamber has
smooth concrete walls, while the rectangular room has lime-coated walls so with greater absorption
coefficient. For each enclosure there were totally 9 test points, and their coordinates and source–receiver
distances are given in Table 2, altogether with the coordinate of the sound source.

In the measurement the used apparatus was B&K Pulse-3560D system, which can generate and receive
signals. The sound source was a directional loudspeaker and the wideband noise of 0–5KHz was used as the
test signal.

In the prediction the number of the initial sound rays N was 25,000. The tracing threshold Cth and the
received sound ray number NR were set to be 0.001 and 1500, respectively. The tracing threshold should be less
than 0.01 [11], or the prediction accuracy will not be satisfactory. NR 500, 1000, 1500, 2000, 2500 were all
tested in simulation to compare the prediction accuracy, and 1500 was the most proper one. Too small NR

cannot meet the need of statistical computation, while too large NR will result in a too big receiving sphere and
decrease the spatial resolution of the sound prediction.
Table 1

Boundary absorption coefficients of the two enclosures

Reverberation chamber

Frequency (Hz) 125 250 500 1000 2000 4000

a 0.012 0.015 0.017 0.020 0.025 0.035

Rectangular room

Frequency (Hz) 125 250 500 1000 2000 4000

a 0.025 0.030 0.035 0.040 0.050 0.070
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Table 2

Coordinate of the sound source and the test points (dSR means the source–receiver distance)

Source Points

1 2 3 4 5 6 7 8 9

Reverberation chamber

X (m) 0.6 1.5 3.0 1.0 4.5 3.0 4.5 1.6 4.5 3.0

Y (m) 0.8 1.8 1.8 3.6 1.8 3.6 3.6 5.6 5.4 5.9

Z (m) 0.5 2.0 1.0 1.5 2.0 3.5 1.6 3.8 1.0 4.7

dSR (m) 0.0 2.01 2.65 3.00 4.30 4.75 4.93 5.91 6.05 7.03

Rectangular room

X (m) 0.6 1.5 2.0 2.5 2.5 3.0 3.5 3.5 4.0 4.0

Y (m) 0.8 2.0 2.0 3.0 2.0 3.0 4.0 4.0 5.0 5.0

Z (m) 0.5 1.0 2.0 1.0 3.0 2.0 1.0 3.0 2.0 3.0

dSR (m) 0.0 1.58 2.38 2.95 3.36 3.58 4.35 4.99 5.61 5.95
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The measured and predicted relative SPL in the reverberation chamber are given in Fig. 2(a). At each test
point, the relative SPL of 500 and 1000Hz are measured and predicted to get the average value. From the
figure, the SPL decreases with the source–receiver distance. This is mainly because the direct sound is radiate
in the space, so the SPL further from the sound source is inevitably lower even in a reverberation chamber.
When comparing the three predicted results, the result of the Jiang’s model is most close to the measured
result, and the result of the Zeng’s model is better than that of the normal model. The prediction error of the
normal model, the Zeng’s model and the Jiang’s model are 1.2957, 1.1157 and 0.7418 dB, respectively.

The measured and predicted T30 in the reverberation chamber are compared with each other in Fig. 2(b).
The prediction and measurement were performed at the 9 test points for the octave bands from 125 to
4000Hz. At every frequency, the T30 given in the figure is the average T30 of the 9 test points. From the figure
it can be seen that the Jiang’s model can present better performance than the other tow models. The prediction
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error of the Normal model, the Zeng’s model and the Jiang’s model are 0.7293, 0.2239 and 0.1991 s,
respectively.

The measured and predicted relative SPL in the rectangular room are given in Fig. 3(a). As talked above,
the SPL at each test point is the average SPL of 500 and 1000Hz. The Zeng’s model can present a lightly better
performance than the Jiang’s model, and these two models are both better than the normal model. The
prediction error of the normal model, the Zeng’s model and the Jiang’s model are 1.3868, 1.0625 and
1.1370 dB, respectively. When compared with Fig. 2(a), there is obvious fluctuation in the relative SPL along
the source–receiver distance because the rectangular room has a more complicated space structure.

The measured and predicted T30 in the rectangular room are given in Fig. 3(b). The T30 at each frequency is
the average T30 of the 9 test points. The Jiang’s model can predict the reverberation time more accurately than
the other two models, and the Zeng’s model is better than the Normal model. The prediction error of the
Normal model, the Zeng’s model and the Jiang’s model are 0.3577, 0.2384 and 0.1428 s, respectively. When
comparing Fig. 2(b) and Fig. 3(b), T30 in the rectangular room is obviously less than that in the reverberation
chamber; this is because the rectangular room has greater boundary absorption coefficient and smaller volume
than the reverberation chamber.

4. Conclusions

For an established enclosure, the receiving radius should be constant for different positions, because the
sound ray density can be taken to be evenly distributed statistically. While the radius should be variable for
different enclosures because the sound ray density is variable for different sound fields. In the new reception
model the radius is determined by the number of the initial sound rays, the volume and shape of the enclosure,
and the boundary absorption coefficient. According to the experiment and simulation results for different
rectangular enclosures, this new model can predict SPL and T30 accurately.

The new reception model is established theoretically based on optimal rectangular enclosure, in which the
sound field is reverberating. While according to the experiment results in the rectangular room, it can also be
applied to sound prediction for common rooms. The new reception model is useful for complicated enclosures
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like an auditorium if the enclosure meets two conditions. First, the complicated enclosure should be
approximately square, so its length, width and height can be estimated. Secondly the sound field in it should be
reverberating and the sound energy should be evenly distributed.
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