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Abstract

Acoustic warning signals are necessary to promptly alert workers of events which can
compromise safety. Failure to react to warning signals can increase the risk of accidents
in the workplace. Unfortunately, the use of warning signals in industry is poorly
regulated and submitted to intuitive installation practices, often with little regard to the
many factors contributing to an efficient use. This research presents the development of a
new software tool called “AlarmLocator” to automate the process of installing auditory
warning devices in a given setting, in terms of the characteristics of the devices to use
and their optimal location in the plant. The software tool, when use in combination with
psychoacoustic model “Detectsound” (Zheng et al., 2006), produces a solution to two
practical installation problems: (1) selecting a suitable number of warning devices and
acoustic power for a given work area, and (2) specifying the location of the devices in the
plant in such a way that the signals emitted are clearly audible by all workers at all
workstations. Thus, a solution to the problem of installing warning devices is provided in
a format that can be easily understood and used in the workplace. A simple hybrid
method, combining the mirror image technique and the classical room acoustics theory
was used in this research to compute the sound pressure level generated by acoustic alarm
devices. The former technique accounts for wall-placement directivity effects by using a
relatively low order of virtual sources to simulate early reverberation. The classical
theory of room acoustics is used for late reverberation. The method only requires
specification of the overall room dimensions and the estimated or measured reverberation
time; however it is currently limited to rectangular-shaped rooms. It was validated in a
classroom at the University of Ottawa to verify that sound pressure level predictions by
“AlarmLocator” would provide realistic solutions of optimal installation of acoustic
warning devices in the workplace. The validation was carried out over 125 arrangements
(source, receiver, frequency) and average errors of 0.15 and 2.2 dB were noted for
estimated and measured reverberation time conditions. This is well within the design
range (13 dB) for the warning sound level window under “Detectsound”.

[Work funded by a research grant provided by the Workplace Safety and Insurance Board
(Ontario) ].
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Chapter 1. Introduction

Acoustic warning devices and alarms have been in existence since the dawn of mankind.
For example, bell ringing and drum beating were used during early military operations to
alert troops or units of danger. With technological advancement and the industrial
revolution, acoustic signaling has been used in numerous fields to serve different
purposes, including police and ambulance sirens, railway crossings, car alarms, fire
alarms and various workplace warning devices.

In the workplace, acoustic warning devices are essential to promptly alert workers of
imminent danger (Wilkins & Acton, 1982; Zheng et al., 2006). However, the installation
of warning devices in noisy settings poses particular challenges for optimal detection and
recognition of acoustics signals (Giguére et al., 2003), such as the use of adequate sound
levels. A low level warning signal can easily be masked by the background noise, thereby
leading to potential accidents caused by a failure for workers to detect the warning signal
(Wilkins & Acton, 1982; Suter, 2002; Zheng et al., 2006). In contrast, excessively loud
warning signals may elicit startle reflex for the workers, impede verbal communication in
the critical moments following the onset of the alarm and cause hearing damage.

Warning signals in the workplace should allow workers to hear and promptly react to the
intended signal (ISO 7731, 2003). The optimal design and installation of warning devices
in a noisy environment often requires complex calculations taking many critical
parameters into consideration (Zheng et al., 2006). A software tool, “AlarmLocator”, was
developed to provide an outline for improvements on health and safety of workers in
noisy industrial workplaces by allowing its users to predict the optimal number, location
and sound power of warning devices in the workplace, thereby providing huge benefits in
industrial settings. Combined with the psychoacoustic tool “Detectsound” (Zheng, 2003;
Zheng et al., 2006), it is hoped that this new tool can not only help decrease the risk of
accidents caused by failure to react to weak warning signals, but also assist in protecting

workers from hearing damage caused by excessively loud warning signals.
1.1 Noise and workplace safety

Noise is considered as one of the main hazardous factors in the workplace. Exposure to

excessive noise may not only cause hearing loss; but can also result in several

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



psychological and physiological problems, as documented in the literature (Ward et al.,
2000; Berglund et al., 2000). Indeed, noise-induced hearing loss is often accompanied by
other long-term auditory effects in exposed workers, such as tinnitus (ringing in the ears),
hyperacusis (increased sensitivity to loud noise) and reduced frequency selectivity
(decreased ability to hear sounds in background noise) (Laroche et al., 1992; Hétu and
Tran Quoc, 1994; Suter, 2002).

Ensuring safety in noisy workplaces is quite challenging. For instance, all workers must
be able to hear, in the presence of background noise, acoustic signals warning them of an
emergency, the presence of hazardous events or other circumstances requiring their
immediate attention. Employees must also be able to communicate orally with other
personnel during the course of dangerous events in order to react appropriately. In
addition, such tasks must be carried out by workers wearing hearing protectors and those

suffering hearing loss.

1.2 Audibility of warning sounds

The audibility of warning signals is dependent on the individual’s hearing status (auditory
thresholds, frequency selectivity), the noise field (level, spectrum) in the work area, the
frequency and temporal characteristics of the warning sounds, as well as the attenuation
provided by hearing protectors. Although hearing protectors can minimize the adverse
effects of background noise in the workplace, they can also compromise the audibility of
acoustic warning signals (Wilkins & Acton, 1982; Suter, 1989). Indeed, hearing protector
standards, such as CSA Z94.2-02, warn against the potential problem of overprotection
when fitting hearing protector devices (HPDs) to prevent disrupting speech
communication between workers and the audibility of warning sounds. However, only
broad recommendations are provided and it is not possible to make detailed analyses for
specific situations.

Acoustic standard ISO 7731 (Danger signals for public and work areas) presents a set of
guidelines to determine the sound level an alarm should produce at a given workstation.
A software tool, “Detectsound”, was also previously developed to determine whether the
sound pressure level and spectrum of an acoustic warning signal satisfy the constraints

for optimal detection and recognition by attending workers at any given workstation
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(Zheng et al., 2006). This tool takes into consideration the effects of HPD as well as the
workers’ hearing status. “Detectsound” is particularly useful when assessing the
suitability of existing alarm systems, where the alarm’s sound level can be measured at
each workstation. Unfortunately, these two tools do not provide a specific method to

guide installation of acoustic warning devices on walls or ceiling in the work plant.

1.3 Installation of auditory warning devices in the workplace
To date, the installation of auditory warning devices in workplaces has been submitted to

random or intuitive practices without proper considerations of factors contributing to an
efficient use. For instance, a review of 93 different conditions of use in steel plant (Tran
Quoc et al., 1992), revealed that in 40% of cases, the signals were not properly adjusted
to warn of danger. In some cases, the warning signals were intentionally set at very high
levels, resulting in extremely annoying signals which disrupting speech communication.
One of the most challenging factors for installing acoustic warning devices in an enclosed
area is to set the sound pressure level suitably for all the employees. Commonly, in noisy
industrial locations, employees have different hearing status; some workers could
possibly have hearing protectors or others might be located at stations with low or high
background noise levels. It has been demonstrated that in certain situations such as when
extensive range in hearing status exists between co-workers (especially for warning
signal components at high frequencies), no adequate solution may be found (Zheng,
2003).

Given the complex interaction between noise characteristics, hearing protector
attenuation and hearing status, perception of acoustic warning signals in a given
workplace by an individual worker or group of workers is difficult or impossible to
predict without a detailed quantitative analysis of underlying acoustic and
psychoacoustics factors (Laroche et al., 1991b; Robinson and Casili, 2000; ISO 7731,
2003; Zheng, 2003). Typically, predictive methods are based on the concept of a masked
threshold for the warning signal, defined as the sound pressure level required to just
detect the signal in a background noise. The warning signal is then adjusted to a certain
level above the masked threshold to ensure it attracts attention and is recognizable. This

is the main concept behind “Detectsound” (Zheng, 2003; Zheng et al., 2006).
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Acoustic warning devices, however, are not normally installed at each workstation within
a work area or plant. They are installed on walls or on the ceiling at a certain distance
from the targeted workstations. In order to design alarm systems for new plants or to
modify existing systems, the sound transmission path from the warning devices to the
workstations must also be considered. Some researchers (Nanthavanij & Yenrades, 1999)
have recently attempted to solve this problem by providing a set of analytical methods for
predicting the optimum number, location, and sound power level of auditory warning
devices for manufacturing facilities. However, only the direct sound field propagation
from alarm devices to workstations was taken into account; the effects of sound reflection
from walls, ceilings, floors and solid obstacles in the work plant were ignored. In typical
settings, this assumption is unrealistic once the distance between alarm devices and
workers is greater than a few meters. In practice, industrial work plants are often very
reverberant, so that reflected sound waves can contribute considerably to the overall
sound level at the receiver. In addition, the methods developed by Nanthavanij &
Yenrades (1999) do not directly account for the effects of hearing loss (or hearing status
in general) or the use of hearing protectors.

Extension of the work of Nanthavanij & Yenrades (1999) to more realistic simulations of
the workplace sound field would be possible by use of classical room acoustic statistical
methods (Fischetti, 2003), standardized sound field correction procedures for wall and
ceiling effects in rooms (CSA Z107.52-M1983) or more advanced mirror image or

geometrical acoustical prediction techniques (Borish, 1984; L’Espérance, 2000).

1.4 Research goal and thesis contribution
This research project will contribute to advancing knowledge in the selection, installation

and use of auditory warning signal devices in noisy industrial settings to ensure safety in
the workplace. The main goal is to develop and validate a tool integrated with
“Detectsound” to automate the process of installing auditory warning devices in a given
setting, by determining the number of devices as well their optimal location and sound
power characteristics.

The new tool, “AlarmLocator”, accounts for the sound propagation of auditory warning

signals from the physical device location (on walls or ceilings) to the position of

10
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individual workers or workstations in the plant. Both the direct field from the alarm
devices and the reverberant field due to walls, ceilings, floors and other reflective
surfaces are considered. The solution is based only on knowledge of the room’s layout,
the acoustic absorption characteristics of the walls, ceilings and floors, the reverberation
time, the sound power characteristics of warning devices, and the distance between each
warning device to each workstation.
Figure 1.1 presents the general modeling framework for optimal installation of warning
devices. The method consists of integration of two software tools, “AlarmLocator” and
“Detectsound”. “Detectsound” (Zheng, 2003; Zheng et al., 2006), represented on the right
side of Figure 1.1, analyzes the noise field in the industrial room to specify the acoustical
characteristics of optimal warning signals or targets (sound level L, at each frequency)
for each workstation. The optimal warning signal levels can be adapted to the needs of
specific workers at each workstation or those of a given population of workers.
“Detectsound” requires four input parameters:

(1) The noise field at the workstation;

(2) The attenuation provided by hearing protectors (if used);

(3) The absolute hearing thresholds of the individual worker attending the

workstation;

(4) The frequency selectivity of the worker.
The last 2 inputs can be obtained through clinical measurements or by predictive tools
within Detectsound.
The output of Detectsound is the predicted optimal range (Design window) of warning
signal levels at each workstation for various frequencies. The minimum (7L,,) and
maximum (7L,,,) target levels are defined respectively as 12 and 25 dB above the
detection thresholds for warning sound perception in the noise field at the workstation
over a range of signal frequencies from 125 to 3150 Hz, with an upper limit of 105 dB
SPL. The range of target levels at each workstation represents a constraint to be satisfied

during the installation of warning devices in the plant.

11
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ACOUSTIC ENVIRONMENT INDIVIDUAL CHARACTERISTICS

Room layout, reverberation time, Absolute Frequency
workstation coordinates (X,,Y,,Z,) Threshold  selectivity

Warning signal target

level [Tl Tl
AlarmLocator Detectsound
Number Coordinates Power level L, Noise field Hearing protector
XY, Z) attenuation
WARNING DEVICES WORKSTATIONS

Fig. 1.1: Proposed solution to the problem of installing warning devices in the workplace involving the
interaction of a psychoacoustic model of signal detection (Detectsound) and a model of acoustic
propagation in rooms (AlarmLocator).

The “AlarmLocator” model of acoustic propagation in the work plant, developed in this
research, presented in the left-hand side of Figure 1.1, has two sets of inputs:
(1) The target warning sound levels ([TLminTLmay]) at each workstation, as
determined by “Detectsound”;
(2) The characteristics of the work area (room layout, reverberation time or sound
absorption, number and location of workstations in the room).
The goal of “AlarmLocator” is to search for warning device configurations that will
satisfy the Detectsound warning sound level specifications at each workstation in the
plant simultaneously. Specifically, the outputs of “AlarmLocator” include:
(1) The minimum required number of warning devices;
(2) The optimum spatial coordinates or location of the warning devices in the room;
(3) The optimum sound power level (i.e. volume level) of each warning device.
Together, these three outputs form a complete solution to the problem of installing
acoustic warning devices provided in a format that can be easily understood and used in
the workplace. The minimum number of devices and optimum power level specifications
are required for purchasing purposes, whereas the optimal location of devices on walls

and ceilings is required during installation.
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1.5 Organization of the thesis
The work included in the thesis is structured in several chapters. Chapter 2 reviews the

theoretical foundations of sound propagation, classical room acoustics theory, and the
mirror image method of sound simulation in an enclosed space. Additionally, this chapter
includes a hybrid method that combines the mirror image method with the classical room
acoustics theory to compute the sound pressure level produced by sound sources, such as
warning devices, that are located at the boundary surfaces of the room (e.g. walls,
ceiling). Chapter 3 deals with the design and implementation of the “AlarmLocator”
model. Simulated case studies are also depicted using this software. Chapter 4 presents an
experimental validation for the “AlarmLocator” tool in a classroom at the University of
Ottawa. Finally, a conclusion is presented in chapter 5 that summarizes the main findings
from the present study and addresses some issues and improvements for future

consideration.
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Chapter 2. Theoretical foundations

An overview of the basic concepts in acoustics and the classical theory of room acoustics
are presented below. Later in this chapter, a simple hybrid technique to compute the
sound propagation from acoustic sources is established which combines the classical

theory of room acoustics and the mirror image method.

2.1 Basic concepts and definitions
Absolute threshold: The absolute threshold corresponds to the minimum sound level

perceived in the absence of any other external sounds. The absolute threshold is usually
expressed in dB.

Masking: Masking occurs when more than one sound is presented. The weakest sound(s)
cannot be detected by the human ear; therefore, they are masked by the strongest
sound(s).

Masked threshold: The masked threshold of a sound is the level upon which it is just
noticeable or detectable in the presence of the masker. The masker is any other sound
present (i.e. background noise). It depends on the characteristics of the masking sound
(level, frequency, temporal characteristics, etc.).

Anechoic room: The word anechoic comes from a Greek word signifying “without
echoes”. In an anechoic room, sound waves are free to propagate without any reflections.
Reverberant room: A reverberant room is the opposite of an anechoic room. The
interior surfaces of the room are highly reflecting surfaces. Away for the source, the
sound pressure level is more or less the same anywhere in the room.

Critical distance: In a typical room, there is a free propagation sound field near the
source and a reverberant field far away from the source. The critical distance represents
the boundary between the two conditions and is measured with respect to the source.
Sound power: A sound source radiates a measurable amount of acoustic energy per unit
of time into the surrounding air, called sound power (Beranek & Ver, 1992). Sound

power is measured in watts (W).
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Sound power level: The sound power level describes the acoustical power radiated by a
given source with respect to an international reference of 10> W (Irwin & Graf, 1979),

and is defined as follows:
L,=10log(W/W,)  [dB] )
where:

W = sound power in W

W.es = reference sound power [IO'IZW]

Sound intensity: The sound intensity is the continuous flow of power carried by a sound
wave through a small area at a point in space (Beranek & Ver, 1992). Sound intensity is

measured in W/m>.

Sound intensity level: The sound intensity level describes the amount of sound intensity
with respect to an international reference of 102 W/m? (Irwin & Graf, 1979), and is

defined as follows:
Li=10log (I/l,ep [dB] 2)
where:

I = sound intensity in W/m?

I,¢s = reference intensity [10"? W/m?]

Sound pressure: A fast variation in air pressure above and below atmospheric pressure

is called sound pressure, measured in units of pascals (Pa) (Beranek & Ver, 1992).

Sound pressure level: The sound pressure level is the sound pressure measured with
respect to an international reference of 20x10°® Pa (Irwin & Graf, 1979), and is defined as

follows:
L,=10log(P’/P*,.p  [dB] (3)
where:

P =root mean square sound pressure in Pa

P,r = reference sound pressure [20x107 Pa]
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Octave band: An octave band is the extent of the frequencies between f and 2f.
Standardized values for the central frequencies of each octave band in audible range are

31.5, 63, 125, 250, 500, 1000, 2000, 4000, 8000, 16000 Hz (ANSI S1.6).

The lower and upper frequencies for each band are given by:

_F

F,,,, =t [Hz] @)
: V2
oy = Frome * V2 [Hz] (5)

Third-octave band: This is the same as the octave band, but the analysis is carried out
over frequency bands that are one-third of an octave band wide. The third octave band is
used when finer frequency analysis is required. The one-third octave band centre
frequencies in the audible range are: 25, 31.5, 40, 50, 63, 80, 100, 125, 160, 200, 250,
315, 400, 500, 630, 800, 1000, 1250, 1600, 2000, 2500, 3150, 4000, 5000, 6300, 8000,
1000, 12500, 16000, 20000 Hz (ANSI S1.6).

The lower and upper frequencies for each band are given by:

F, enter
Flioper = —2# [Hz] (6)
F;Jpper = F'cemer * 21/6 [HZ] (7)

2.2 Room acoustics
A typical room, such as an industrial work plant, is neither anechoic nor perfectly

reverberant. In practice, two types of sound fields, a direct field from the source(s) and a
multiple reflected or reverberant field co-exist. An overview of these two sound fields is
presented in this section. Further details can be found in standards textbooks (Fischetti,
2003; Harris, 1979; Beranek & Ver, 1992; Irwin & Graf, 1979; Foreman, 1990).

2.2.1 Omnidirectional source
A source is considered to be omnidirectional or isotropic if it radiates the same amount of

energy in all directions. In general, a source is considered omnidirectional if its

dimensions are small with respect to the sound wavelength it produces (low frequency
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case). Special sources are also designed to be omnidirectional (eg. Briiel & Kjaer 4292,

4295) over a wide range of frequencies.

2.2.2 Directivity

In most cases, the energy is not uniformly radiated around the source. Consequently, the
source is considered directional. Acoustic sources are generally much more directional at

high frequencies than at low frequencies (Fischetti, 2003).

Kr.8)

luir)

Fig. 2.1: Sound intensity around a directional source [From Fischetti (2003)].

The directivity of a source can be evaluated in an anechoic environment by measuring the
sound intensity around the source as shown in Figure 2.1, where:

Luis(r): Intensity at a distance 7 from the source along the source axis (6=0°).

I(+,6): Intensity at a distance r along the direction 8 with respect to the source axis (6=0°).

ILag(r): Average intensity at a distance » from the source over all directions.

Lug(r) is calculated by averaging the intensities measured on all the points over a sphere
of radius r centered on the source. Lg(?) is also equal to the intensity at a distance r in
any direction from an omnidirectional source radiating a total sound power equal to that
of the directional source. Consequently, I,,(7) is the total power W emitted by the source
divided by the area of the sphere of radius r (Fischetti, 2003):

I,.(r)= 4Z2 [W/n?] ®)
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2.2.2.1 Directivity factor
The source directivity factor Qp in a free space is defined as the ratio of the sound

intensity I(r,6) measured at angle @ and a distance r from the source to the average
intensity In,(r) at the same distance. Equivalently, O can be defined in terms of the
mean square sound pressure as follows (Foreman, 1990):

_I(r,6) _P(r,0)
L, (" PL(r)

o ®

where:

P(r,8) = root mean square sound pressure measured along direction 8 at a distance » from
a directional source emitting a total power of ¥ watts into a free space [Pa].

Py(r) = root mean square sound pressure measured at a distance r from an omnidirectional

source of power W radiating into a free space [Pa].

Along the source axis (6=0°), the directivity is:

1,0=0°) _ Tous®) _ Plass(r)
Lo()  L,®) P

Q= (10)

where:
P.is(r) = root mean square sound pressure measured at a distance r along the source axis

(6=0°) for a source emitting a total power of W watts into a free space [Pa].

The directivity factor is dimensionless and does not depend on the distance from the

source. Generally, Q increases with frequency (Fischetti, 2003).

As shown in Figure 2.2, the intensity along the source axis at a distance r is

w g . .
1, ()= py for an omnidirectional source, whereas the intensity along the source
r

wo

axis at a distance ris 1, (r) = e for a directional source.
r
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Directivity index in direction &
Dl =L(r,s) - La(r)
Directivity factor in direction #

Qm 10(10) ’,,;::p- ut:sN

Spherical directivity pattern of
nondirectional source radiating
equal acoustic power

Directivity patiern of actual source ofa
given power JF (watis) at angle §and
distance r

Fig. 2.2: Directivity pattern, directivity index, and directivity factor of a source radiating in a free space
[From Foreman (1990)].

2.2.2.2 Directivity index
The directivity index DIy in free space is measured in dB and represents the difference

between the sound intensity level of the source in a given direction € and the average

sound intensity level in all directions (Fischetti, 2003) as follows:

_ _ 1(r,6), _ P*(r,0) _ _
DI, =10log(Q,) IOlog(—Iavg(r)) IOlog(—st(r)) L(r,0)— L (r) (11)
where:
L(r,0) = 101og”_2g@ (12)
P ref
L,(r)=10log st(:). (13)

ref
For an omnidirectional source in free space, Qp=1 and DIy =0 dB by definition in all
directions. When an omnidirectional sound source is placed over a perfectly reflecting

surface (Figure 2.3), sound is radiating into a hemispherical space instead of a spherical
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surface. Since the intensity at radius r is twice as large if the source radiates into a
hemisphere as compared to a sphere (Foreman, 1990), the directivity factor Q for this
arrangement is 2 and the directivity index DI is 3 dB. Similarly, if an omnidirectional
source is placed at the intersection of two reflecting planes (e.g. at the corner of two walls
in a room for instance), directivity factor Q would be equal to 4 and the directivity index
DI would be 6 dB. If the omnidirectional source is located at a three plane intersection
(on the upper or lower corner of the room for example), O and DI would be equal to 8

and 9 dB respectively.

\I/

~—— pu—

Hemispherical Radiation

Q=2
Sphirical Radiation 01 = 2dB
¢=1
=0
\ MU/
\ D //
\ S—
-~
~
- / \ N
Q=4 Q=8
D1 = 6db DI = %dB

Fig. 2.3: Noise field directivity due to perfectly reflecting planes [From Ghering (1978)].

If a directional sound source is placed in an enclosed area or near reflecting planes, both
its intrinsic directional characteristics and the directivity effects discussed above must be

considered (Ostergaard, 2000).
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2.2.3 Direct field

In the direct sound field near a source, well within the critical distance, the reflections
from distant obstacles or walls have a negligible effect on the sound received. In these
conditions, we can presume that the sound signal is transmitted from the source to the
point under consideration (receiver) with no variation other than the attenuation due to
the spherical spreading of the wave field or the atmospheric absorption (Irwin & Graf,
1979). The atmospheric absorption effects are normally considered when the distance
between the transmitter and the receiver is greater than 20 m.

The sound pressure level along the source axis at a distance r is given by the following

formula (geometrical spreading only):

L(r)= 1010g(£—"ﬁ) [dB] (14)
ref

where: [, = WQ2 .
4

Hence:

L(r)= IOlogV—Vn—/—+IOlog 0

2
ref 47”

[dB]. (15)

L(r)=Lw+DI+IOlog41

717‘2
The inverse square law implies that there is an attenuation of 6 decibels for each

consecutive doubling of the distance from the source in the direct field, i.e.:

L(2r) = L(r) - 20log2 = L(r) - 6dB (16)

2.2.4 Reverberant field
Far from a source in a typical room, well beyond the critical distance, the contribution

from the direct wave can become negligible compared to the aggregate of all reflection
and diffraction effects from obstacles and room surfaces. This is referred to as the

reverberant field.

2.2.4.1 Specular reflection
A specular reflection occurs when the sound wavelength is much smaller than the

dimensions of the obstacle (Fischetti, 2003). In this case, the sound wave behaves as a ray
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and obeys the laws of geometrical optics. Thus, the reflection’s angle is equal to the

incident’s angle as shown in Figure 2.4a (Fischetti, 2003).

2.2.4.2 Diffuse reflection
A diffuse reflection occurs when the incident wave strikes a surface with irregularities

whose dimensions are of the same order of magnitude as the wavelength of the incident
wave (Fischetti, 2003). The reflected waves are dispersed along many directions. This is

shown in Figure 2.4b.

Incident sound = pyepoced sound

N/
A\

@ (b)
Fig. 2.4: Specular and diffuse reflection diagrams [From Fischetti (2003)]

2.2.4.3 Diffraction
This phenomenon occurs at low frequencies when the wavelength of the incident sound is

much larger than the dimensions of the obstacle. In this case, the obstacle does not fully

block sound propagation as shown in Figure 2.5a (Fischetti, 2003).

NEAS E
B ~ L
i A i AT s{‘\—' ﬁ\
@ ®

Fig. 2.5: Diffraction diagrams [From Fischetti (2003)]. The source is denoted by S.

The phenomenon of diffraction can also occur when the incident sound strikes a hole in a
large obstacle if the sound wavelength is larger than the dimension of the hole (Fischetti,

2003). This is shown in Figure 2.5b.
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2.2.4.4 Absorption
When a sound wave hits a large obstacle such a wall, part of the incident energy may also

be absorbed, depending on the acoustical properties of the obstacle’s material (Fischetti,
2003). The absorption properties of materials are usually expressed in terms of the
absorption coefficient a, which is the proportion of incident energy absorbed by the
surface. This coefficient a typically depends on the sound frequency and the angle of
sound incidence on the material.
Different techniques exist to measure absorption coefficient of materials:

e Reverberation method (ISO 354, 2003)

e Impedance tube ISO (10534-1, 1996 & ISO 10534-2, 1998)

e Tone burst method (Briiel & Kjaer, 1988)
In room acoustics we usually consider the Reverberation method; only the
frequency factor is considered (Fischetti, 2003). The angle of incidence is normally
neglected by assuming that the sound field is diffuse and a strike at random incidence.
Table 2.1 lists absorption coefficients for typical construction materials measured in
reverberant room.
The amount of energy absorbed also depends on the surface area being struck. Given the
material’s acoustic absorption and the surface area, we can define the Sabine surface
absorption for each surface element in a room using the following formula:
A4 =8,a, [m?] (17)
where:
A;= Sabine absorption for a surface S; with coefficient a; [m2]
S; = area of the i" surface [m?]

a; = absorption coefficient of the i" surface.

In a room constructed of N different surfaces S; with different absorption coefficients a;,
the total absorption A in the room is the sum of the Sabine surface absorption over each
interior surface within the room as follows:

A =S, +0,S, + S, 4+ Ay Sy = A+ Ay + Ay ...+ A, [m*]. (18)

We can then define the average absorption coefficient in the room « as follows:
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ol i _ (.S, +a,S, +a;S; +....+aySy) [unitless] (19)
S (S;+S,+S8;+.....+8y)

where S is the total surface.

Octave-Band Center Frequency (Hz)
Construction Materials

125 | 250 | 500 | 1000 | 2000 | 4000
Brick, unglazed 0.03{0.03] 0.03 | 0.04 | 0.05 | 0.07
Brick, unglazed, painted 001}001] 002 | 0.02 | 0.02 | 0.03
Carpet on foam rubber 0.081024 | 057 | 069 | 0.71 | 0.73
Carpet on concrete 0.02{006] 014 | 037 | 06 | 065
Concrete block, coarse 036|044 | 031 | 0.29 | 0.39 | 0.25
Concrete block, painted 0.1 10.05| 0.06 | 0.07 | 0.09 | 0.08
Floors, concrete or terrazzo 0.01]1001]0015] 0.02 | 0.02 | 0.02
Floors, resilient flooring on concrete 0.02 {0.03| 0.03 [ 0.03 | 0.03 | 0.02
Floors, hardwood 015 | 0.11 0.1 0.07 | 0.06 | 0.07
Glass, heavy plate 0.181 006 | 004 | 0.03 | 0.02 ] 0.02
Glass, standard window 0.35/025] 0.18 | 0.12 | 0.07 | 0.04
Gypsum, board, 1/2 in. 0294{ 0.1 | 0.05 | 0.04 { 0.07 { 0.09
Panels, fiberglass, 11/2 in. thick 0.86 | 0.91 0.8 0.89 | 0.62 | 047
Panels, perforated metal, 4 in. thick 07 {099 099 | 099 | 0.94 | 0.83
Panels, perforated metal with fiberglass insulation 2 in.
thick 0211087 | 152 | 1.37 | 1.34 | 1.22
Panels, perforated metal with mineral fiber insulation 4 in.
thick 0891 12 ] 116 | 1.09 | 1.01 | 1.03
Panels, plywood, 3/8 in 028|022 017 | 0.09 | 0.1 0.11
Plaster, gypsum or lime, rough finish on lash 0.02 1003 | 0.04 [ 0.05 | 0.04 | 0.03
Plaster, gypsum or lime, smooth finish on lash 0.021002| 0.03 [ 0.04 | 0.04 | 0.03
Polyurethane foam, 1 in. thick 016 1025 | 045 [ 0.84 | 0.97 | 0.87
Tile, ceiling, mineral fiber 0181045 | 0.81 | 0.97 | 093 | 0.82
Tile, marble or glazed 0.01)001| 0.01 | 0.01 ] 0.02 | 0.02
Wood, solid, 2 in. thick 0.01]1005| 0.05 | 0.04 | 0.04 | 0.04

Table 2.1: Average absorption coefficient a for construction materials as a function of frequency [From
Irwin & Graf (1979)].

2.2.4.5 Reverberation time
Because room surfaces are not perfectly absorptive in a typical room, sound will persist

for a given time once a source is stopped, until all reflections are attenuated. The
reverberation time (R7) in an enclosed space, also known as the Sound Decay Process, is
the amount of time it takes for a stationary sound field to decay by 60 decibels once the

source has been stopped (Beranek, 2002). This is illustrated in Figure 2.6. The sound
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source is turned on at ¢ = 0 and then cut off at ¢ = #;. Three phases of reverberation can be
observed (Fischetti, 2003).

R2) (Win')
1 Establishment phaseI Stationnary phase | Extinction phase
¥ | |
1 T }
A 1
! i
| |
I l
| |
| |
| |
| 1
| |
i |
| |
1 L 1 | L1 1 [ .
L] L L T L L -
40 120 200 40 120 200 tms)

t=t, (cut of the source)

Fig. 2.6: The three phases of the reverberant field [From Fischetti (2003)].

In the establishment phase, sound waves are reflected back and forth many times between
the walls, floor and ceiling. This will cause some loss of energy produced by the
absorption at each single reflection; but since the sound source is operating continuously,
the level of sound energy of the reflected waves will increase. The sound level keeps on
increasing until attaining a certain level where it stays stationary. This level is determined
when the rate of energy loss, due to absorption of the room surfaces, equals the rate at
which the sound energy is provided by the source (Fischetti, 2003). When the source is
stopped (at t=t; as shown in Figure 2.6), the intensity of the reverberant sound starts to
decay; the amount of time it takes for the reverberant sound to decay by 60 dB is defined

as the reverberation time or T,

In practice, it is not necessary to measure the time needed for the sound energy to decay
by 60 dB to obtain the reverberation time since statistically it decays at a linear rate in
dB/s. Two typical measures, 7>y and T34, give information on the diffuse sound decay and
are derived from the decay curve segments between 5 dB and 25 dB or between 5 and 35
dB, respectively, below the stationary level as shown in Figure 2.7 (Briiel & Kjaer 7841).
From the corresponding slope, T2 and T3 are calculated as the times needed to decay by

60 dB (Briiel & Kjaer 7841). A 5 dB margin below the stationary level is used to exclude
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early sound reflections, which are not considered part of the diffuse sound decay process
(Beranek, 2002).

{dB) (a8)

ﬂ\

25

do

) \§5\
m L J '& l
T Yo

Fig. 2.7: Illustration of the sound decay process using 77 and T3, (Briiel & Kjaer Type-7841).

The reverberation time in a room can also be estimated using Sabine theory or Eyring
theory upon consideration of room geometry and material properties (Fischetti, 2003;

Beranek, 2002; Irwin & Graf, 1979).

2.2.4.5.1 Sabine’s theory
The Sabine formula, introduced early in the 20™ century, for estimating the reverberation

time (RT) is given as (Fischetti, 2003):

_ 016V _ 0.16V
A Sa

RT

[s] (20)
where:
V = volume of the room in m>

A4 =S a=Sabine room absorption in m* from equation (18).

According to equation (20), RT depends on the room geometry (V,S) and average

absorption coefficient a . Since a depends on frequency, so does RT. Sabine’s theory is
founded on the assumption that the field is uniformly reverberant in the room. In order
that sound energy has the time to be regularly distributed in the room, it is necessary that
absorption be comparatively weak. Thus, the Sabine’s theory gives less valid results as

the room is becoming less reverberant. In practice, the Sabine’s formula is used when the

average absorption coefficient in the room, a , is lower or equal than 0.2 (Fischetti, 2003).
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2.2.4.5.2 Eyring’s theory
Eyring’s equation was established in 1930 (Fischetti, 2003). Eyring’s method consists of

following the path of a sound ray through the room and calculating the energy absorbed
during each reflection (Fischetti, 2003).
The Eyring’s formula for estimating the reverberation time (R7) is:

-0.16V
= [s] (21)
Sin(l-a)
where:
¥V = volume of the room in m>

S = total surface of the room in m?

a = average absorption coefficient of the room.

In a very reverberant environment, the average absorption coefficient of the room is very

small (5 —0). Since a is positive, hence ln(l-a) —0" (Fischetti, 2003). Therefore RT

tends towards O'IEV , which is coherent with Sabine’s formula. Conversely, when

Sa

a —l, ln(l-a) tends towards minus infinity and hence R7T—0. This result is logical
since the room absorbs all the reverberant energy, while Sabine’s formula gives an
aberrant higher estimate (Fischetti, 2003).

Table 2.2 compares the Sabine and Eyring formulas for a room of dimensions

25mx15mx10m, (V=3750 m’, S=1550 m?).

Average absorption | RT Sabine [s] | RT Eyring [s] | Relative difference RT Sabine
coefficient o versus RT Eyring
0.1 3.87 3.67 5%
0.2 1.93 1.73 10%
0.4 0.97 0.76 21%
0.8 0.48 0.24 50%

Table 2.2: Difference between Eyring and Sabine formulas for calculating RT [From Fischetti, (2003)].

As shown in Table 2.2, the Sabine’s formula overrates the reverberation time compared

to Eyring’s formula. For a <0.2, Sabine can be used. Otherwise, Eyring gives more

acceptable results (Fischetti, 2003).
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2.2.5 Sum of direct and reverberant fields
In a typical room, the total sound field is the sum of the direct (section 2.2.3) and

reverberant fields (section 2.2.4). From Irwin & Graf (1979), the steady-state time and
space-average energy density &, in the room is given by:

5= [J/m’] (22)
acS

t

where ¢ is the sound velocity [m/s], W is the power of the sound source [W], a is
average absorption coefficient, and S is the total surface of the room [m2].
The time average of the energy density of the direct sound (spherical spreading only)

depends on the distance r from the source as follows (Irwin & Graf 1979):

3
Si=p ) (23)

The total direct energy, E; in the room is obtained by integrating the direct energy

density, d4 over the equivalent spherical volume of the room and is given by (Irwin &

Graf, 1979):
AWV
E, = Ul (24)
cS

The reverberant energy in the room (6;V) due to all reflections is obtained by subtracting
the direct energy E4 from the total energy ;V as follows (Irwin & Graf, 1979):

oV =0V-E, [J1. (25)

Expanding and simplifying yields:

4wV l-a

oY =3 (T) [J]. (26)

Defining the room constant R as follows:

R=S% @7)
l-a
and substituting for R in equation (26) yields:
oV = idd 1. (28)
cR

Using equations (23) and (28) we can now determine the total energy density J; at any

position in the room as follows:
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5 =56,+6, [J/m?}. (29)
Upon expansion, equation (29) becomes:
W 4w 3
o, = +— J/m’]. 30
" 4m’c R /] (30)

However, the total energy density at any point in the room is related to the local sound

pressure as follows (Irwin & Graf, 1979):

2
S = pPC2 [J/m’]
0

where pq is the static gas density (1.18 kg/m®) and p° is the root mean square sound

G1)

pressure [Pa].

Substituting equation (31) into equation (30) and introducing the source directivity factor

Q, we obtain (Irwin & Graf, 1979):

p?= WQp;,c N 4Wp,c
4mr R

Using equations (1) and (3), the sound pressure level L, at a distance r from the source is

[Pa]. (32)

then given by:

L,=L,+10log(

Q

4mr?

4
+ E) [dB]

(33)

where Ly, is the source sound power level.

of the power
level [dB]

Direct sound (DS) Reverberant sound DS and RS
(RS) Using Eyring

Intensity as a 2 pzr pzd p2

functionof | T, _Pa_ I = I, £, 5"

sound PoC 4pyc PoC  4pcC
pressure

[Pa’m’s ]
Intensity as a Wi W Wi 4

functionof | I, = Q2 I, =— I, = Q2 —

the source 4mr R 4mr® R
power [W/m’] R S

l-«a

Pressure level 0 4 0 4
asa function | L,y =L, +1010g4 = L,=L, +1Olog(E) L,=1L, +1010g(47zr2 +E)

Table 2.3: Summary of the direct and reverberant field equations using Eyring’s theory. The Sabine’s
equations are identical except the room constant R is replaced by the room absorption 4 (Fischetti, 2003).
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A summary of the previous formulas for the direct and the reverberant field for both

Sabine and Eyring theory are presented in Table 2.3.

2.3 Mirror image method
In this section, the basic principles of the mirror image method for calculating the sound

field in a room are briefly presented. Determining the room’s impulse response by

computations and measurements is also reviewed.

2.3.1 General outline of the mirror image method
An overview of the mirror image method is presented in this section. Further details can

be found in the literature (Kahrs & Brandenburg, 1998; Allen & Berkley, 1978) .

The mirror image method consists of modeling reflections as if they originated from
virtual surfaces behind room boundaries. This method assumes that the sound wavelength
is small compared to the dimensions of the reflecting surfaces (Kahrs & Brandenburg,
1998). As a result, the sound wave can be represented by a ray similar to the ray of light
that reflects off a mirror specularly (Kahrs & Brandenburg, 1998). Figure 2.8 shows a
single wall reflection using the ray tracing model. The real source is at point M. The
sound ray leaves the source at point M and is reflected off the wall towards the receiver at
point N. Geometrically, the sound ray is being reflected as if it was coming straight from
M’. M’ is called the virtual source or the image of M and is symmetric to M with respect
to the wall.

The virtual source M’ in Figure 2.8 is a first order source since the sound ray gets
reflected only once. Multiple reflections of the sound ray would correspond to a higher

order of virtual sources.
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Fig. 2.8: First order wall reflection and corresponding virtual image source.

A second order wall reflection is shown in Figure 2.9. M” is a second order virtual source
since the sound ray it models represents a reflected wave reaching receiver N after two
wall reflections at point P (wall 1) and Q (wall 2). This process can be expanded to
higher orders of wall reflections by creating additional virtual sources at larger and larger
distances from N according to the geometry of the room. In addition to locating virtual
sources in space, the energy loss at each wall reflection due to absorption must also be
accounted for with the mirror image method. Solutions for rectangular and arbitrary room

sizes have been reported (Borish, 1984; L’Espérance, 2000).

N

Fig. 2.9: Second order wall reflection and corresponding virtual image sources [From Fischetti (2003)].
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2.3.2 Impulse response method
The transmission of sound from a source to a receiver point, such as source M and

receiver N in Figure 2.9 can be described as an impulse response function (Fischetti,
2003).

2.3.2.1 Basic concept
An impulse or an impact noise is a short and intense sound emitted by a source (Beranek

& Ver, 1992). For an omnidirectional source, the impulse is spread in all directions. In a
room a listener first receives the direct sound wave followed by a succession of the first
reflections (R1, R2, R3, etc.) as shown in Figure 2.10. The multitude of waves reflected
by the walls, ceiling, and other objects in the room constitute the reverberated sound. The
complete series of reflections (including the direct field) at a certain position in the room
is what we call the impulse response, and is specific to each source/receiver
configuration. Therefore, the impulse response depends on the source and receiver
positions. Once the impulse response is found, it is easy to determine the received signal
for any signal emitted from the source. If the source is directional, the measured impulse

response also incorporates source directivity effects.

A
2
4 )
< Direct Sound
1
- R1
R2
B0 B
—-——‘;
I I I 1 N
N 5 time in millisecands
— 5 ¢ >
Early sound Reverberabn Time nms

Fig. 2.10: Illustration of the reflection model in an enclosed area.

Consider a source emitting a signal x(?) at a specific position in a room, the received y(?)
signal at another point in the room is determined by using the convolution between x(?)

and the impulse response of the room /(#) between these two points (Fischetti, 2003):
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()= x(e)* hle). (34)

Conversely, if we apply a signal x(¢) and measure the sound pressure signal y() at a
certain point in the room, deconvolution techniques can be used to obtain the impulse
response h(t). By repeating this process for many different positions of the source and

receiver, we can determine the impulse response in the entire room.

2.3.2.2 Computation of the room impulse response using the mirror image technique
Using geometric models of the room, the room impulse response can be predicted as a set

of attenuated and delayed impulses (Kahrs & Brandenburg, 1998). The room impulse
response at the listener or workstation position can be approximated by using a high order
of reflections. A very high order of reflections would cover the late reverberation field.
The late reverberation is described as a dense collection of echoes traveling in all
directions, in other words a diffuse sound field. Computationally, the contributions from
all the virtual sources are summed. Each image or virtual source contributes a delayed
impulse (echo), whose time delay is equal to the distance between the source and the
listener divided by the speed of sound (Kahrs & Brandenburg, 1998). This is shown in
Figure 2.11. The echo amplitude is inversely proportional to the distance traveled to
account for spherical expansions of the sound, and proportional to the product of the
reflection coefficient of the surface(s) encountered (Kahrs & Brandenburg, 1998). A FIR
(Finite Impulse Response) structure can be implemented as shown in Figure 2.11 with the

set of delays m; and gains a;. In Figure 2.11, R(z) is a filter that renders the late

reverberation.

x[n]

amema— z-ml . Z—mg ® z-m; ° z—mN > R(Z) i
aj az a3 aN

.

yln]

Fig. 2.11 FIR filter cascaded with reverberator R(z) to model early echoes and late reverberation [From
Kahrs & Brandenburg (1998)].

2.3.2.3 Measured room impulse response
The room impulse response can be measured using different techniques. For example, the

software tool Dirac (Briiel & Kjaer Type 7841) provides eight possible measurements
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techniques which differ in excitation source and/or recording conditions. One of the
techniques consists of generating a MLS (minimum length sequence) input stimuli. The
stimulus is then fed to a loudspeaker sound source through a power amplifier. Dirac
records the response through microphones that are fed into a soundcard on a computer.
The impulse response between source and receiver is then obtained by deconvolving the
MLS input stimuli from the received response.

Once obtained, the impulse response can be used to derive other relevant parameters and
functions describing the acoustic behavior of the room. Such parameters include the
reverberation time Ty, the early decay time and the frequency response (Briiel & Kjaer
Type 7841). Similar to the impulse response, the frequency response is defined for a
given position of the source and receiver. The frequency response can be obtained by

applying the Fourier Transform to the impulse response, as shown in Figure 2.12.

4B N brpulse response dB A Frequency response

—

l“'lll“lllllm - -

¢ f

Fig. 2.12: Impulse and frequency response for one source/receiver configuration [From Fischetti (2003)].

2.4 Hybrid method
As shown in section 2.2, the classical theory of room acoustics requires only the volume

(V) and the interior surface area (S), without room geometrical modeling, to estimate the
reverberant sound field, in addition to knowledge of the average absorption coefficient.
The latter can be easily estimated through measurement of T (equation 21). However,
computation of the direct field is problematic if sources are placed directly on walls, as O
changes as a function of wall placement.

As shown in section 2.3, the mirror image method can be used to derive impulse response

functions which are potentially more accurate for both direct and reverberant fields.
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However, it can be computationally heavy for models requiring large orders of reflections
and if there are a large number of source/receiver arrangements to simulate. Moreover, it
requires an accurate geometrical model of the room including a detailed description of
the distribution of acoustic absorption on walls and ceiling.

In the current research for finding the optimal power level, number and wall placement of
alarm devices, the receiver or workstation locations are known but the source positions
are not known a priori, and it is not convenient to calculate or measure impulse responses
for all possible source-receiver locations in the room. Therefore, a method combining the
mirror image technique and the classical room acoustics theory is established to compute
the sound pressure level of the alarm devices. The proposed method assumes
omnidirectional sources but accounts for wall-placement directivity effects by using a
relatively low order of virtual sources to simulate early reverberation. Statistical room
acoustics theory is used for late reverberation. The method is contrasted to other room

simulation methods at the end of this chapter.

2.4.1 Basic approach
As shown in section 2.2.2.2, the directivity effects produce the following Q values 2, 4, 8

depending on the source position near reflective surfaces (Figure 2.3). However, these
values are only accurate if the surfaces are totally reflective and the source itself is
omnidirectional. The following example shown in Figure 2.13 shows the problem in

using this technique in practice.
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A (0,0,10)
B (0,0.5,10)

Fig. 2.13: Problem with the conventional method to compute the directivity in an enclosed area.

For source 4 (0,0,10), the directivity factor is 8 if and only if the surfaces 1,3, and 5 are
totally reflective. In real work plants, the surfaces are not totally reflective; thus, the
directivity is less than 8. For complete reflective surfaces, the directivity is considered
equal to 8 since the source (point 4 in Figure 2.13) is placed in the corner of a 3 plane
intersection (section 2.2.2.2). In a large room, only the acoustic contribution from this
corner (surfaces 1, 3, and 5) generally needs to be taken into account for sound level
computation. For a small room, the contribution from the other surfaces (2, 4, and 6) may
also need to be taken into consideration if the distance between source 4 and these
surfaces is not large compared to the source-receiver distance. Hence, reflections over
these additional surfaces may not be negligible.

For source B (0,0.5,10), the directivity factor is even more difficult to determine. It is
between 4 and 8 according to the conventional way if the surfaces are totally reflective
(section 2.2.2.2). As shown in Figure 2.13, B is very close to the corner but not at the
corner. Therefore, the position of the source B is neither at a three plane corner nor at a 2

plane corner. Hence, not only the contribution of the surfaces 1 and 5 should be taken
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into account, but surface 3 also has a contribution in this case. Again, the contribution of
the other surfaces (2, 4 and 6) may be not negligible in case of a small room.

Using the mirror image method, source placement effects can be accounted for as early
reverberation terms. A minimum order of 3 is necessary to simulate directivity effects of
a placement at a 3 plane intersection where = 8. The latter requires the following 8 ray
paths: the direct wave (order 0), three single-surface reflections (order 1), three two-
surface reflections (order 2) and one three-surface reflection (order 3). This technique

ensures a better approximation of the directivity effects due to wall placement.

2.4.2 Early reverberation
The early reverberation components consist of the direct sound in addition the first few

reflections. In this research, these will be simulated using mirror image method and a
reflection order up to 3. The early reverberation concept can be easily examined by using
a rectangular geometrical model. It can also be examined for irregularly shaped room
(Borish, 1984; L’Espérance, 2000); however, it is more difficult and requires a large
computational resources if many source-receiver arrangements are required.

In this research, the real room is considered as a rectangular volume surrounded by many
virtual rooms of its same size. The number of peripheral rooms depends on the order of
reflection. A first-order reflection model would require one room for each surface of the
real room; thus, a total of 6 virtual rooms. A second-order reflection would require 30

virtual rooms. A third-order reflection would require 68 virtual rooms as we will see

shortly. The average absorption coefficient @ is assumed uniform in the room and it is

derived from the measured reverberation time Ty The average room reflection

coefficient £ is assumed to be equal to 1- a.

2.4.3 Virtual sources plane models
For a better view, planes instead of rooms are presented to show the virtual sources for

each of the three orders (order 1, 2, and 3) used in this research.
For instance, the middle plane represents any plane between the ceiling and the ground of
the room. As shown in Figure 2.14, the virtual sources of different orders are located in

different rectangles identified by the power reflection coefficient £” where n is the order
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of reflection. Each rectangle represents a virtual room. For instance, if the sound ray is
reflected twice, its virtual source should be placed in a rectangle identified by £

As shown in Figure 2.14, source Sy represents the free field and all the other peripheral
sources represent the virtual sources, where each of them is an image of Sy corresponding
to a specific reflection configuration. An order 0 of reflection would correspond only to
the source Sy. An order 1 of reflection would correspond to the contribution of the
sources in the rectangles where the reflection coefficient is £. These sources are Sj, S3, Ss,
and S7 of the middle plane (see Figure 2.14), and Sy in the ground and ceiling plane level
1 (see Figure 2.15). An order 2 of reflections corresponds to the contribution of all the
sources in Figures 2.14 to 2.17 where the reflection coefficient in rectangular virtual
rooms is 2. Accordingly, an order 3 of reflections corresponds to the contribution of all
the sources in Figures 2.14 to 2.17 where the reflection coefficient is 3°.

In reality, the real source Sy is located on a wall in this research, but for a better view it is
dislocated as shown in Figure 2.14. The coordinates of all the virtual sources along with
their order of reflections are presented in Table 2.4 assuming real source is at (0,0,Z). The
Z coordinate of these sources is Z since the middle plane corresponds to any plane
between the ceiling and the ground of the room; therefore the coordinate is free: Z € [0,h]

where A=height of the room.
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Fig. 2.14: Middle plane virtual sources configuration for order 0, 1, 2 and 3.

Above the real room, many levels of virtual rooms exist. Each level represents a cut of
the surfaces of the virtual rooms above the real room. Since the maximum order of
reflection used in this research is three, three planes of virtual rooms are presented, where
each corresponds to a certain level of height (see Figures 2.15, 2.16 and 2.17).

The coordinates of all the virtual sources of ceiling level 1 (Figure 2.15) along with their

order of reflections are presented in Table 2.5.
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Source X Y Z Order N
So 0 0 Z 0
S: 0 0 Z 1
S, 0 0 Z 2
S; 0 0 Z 1
S, 0 2b Z 2
Ss 0 2b Z 1
S 2a 2b Z 2
S, 2a 0 Z 1
Ss 2a 0 Z 2
S’ 0 2b Z 2
S, 0 2b Z 3
S’ 2a 0 Z 2
S’ 0 -2b Z 3
S’ 0 -2b Z 2
S’ 2a -2b Z 3
S, -2a 0 Z 2
S’ 2a 2b Z 3

S, 0 -2b Z 3
S, 2a 0 Z 3
S5 -2a 0 V4 3
S, 2a 2b Z 3
S 0 4b Z 3
S -2a 2b Z 3
S, 4a 0 Z 3
S -2a 0 Z 3

Table 2.4: Sources coordinates in the middle plane.
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Fig. 2.15: Ceiling/ground plane level 1 virtual sources configuration for order 1, 2 and 3.
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Source X Y Z Order N
Sy 0 0 2h-Z 1
S 0 0 2h-Z 2
S, 0 0 2h-Z 3
S; 0 0 2h-Z 2
S, 0 2b 2h-Z 3
Ss 0 2b 2h-Z 2
Se 2a 2b 2h-Z 3
S, 2a 0 2h-Z 2
S 2a 0 2h-Z 3
S’ 0 2b 2h-Z 3
S’ 2a 0 2h-Z 3
S 0 -2b 2h-Z 3
S, -2a 0 2h-Z 3

Table 2.5: Virtual sources coordinates in the ceiling plane of level 1.
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Fig. 2.16: Ceiling/ground plane level 2 virtual sources configuration for order 2 and 3.

The coordinates of all the virtual sources of the ceiling level 2 (Figure 2.16) along with

their order of reflections are presented in Table 2.6.

Source X Y Z Order N
So 0 0 2h+Z 2
S 0 0 2h+Z 3
S; 0 0 2h+Z 3
Ss 0 2b 2h+Z 3
S, 2a 0 2h+Z 3
Table 2.6: Virtual sources coordinates for the ceiling plane of level 2.
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Fig. 2.17: Ceiling/ground plane level 3 virtual sources configuration for order 3.

The coordinates of all the virtual sources of ceiling level 3 (Figure 2.17) along with their

order of reflections are presented in Table 2.7.

Source

X

Y

Z

Order N

So

0

0

4h-Z

Table 2.7: Virtual sources coordinates for the ceiling plane of level 3.

Similarly, for the virtual rooms below ground, three planes are presented where each

corresponds to a certain level of height (see Figure 2.15,2.16 and 2.17).

The coordinates of all the virtual sources of ground level 1 (Figure 2.15) along with their

order of reflections are presented in Table 2.8.

Source X Y Z Order N
So 0 0 -Z 1
S 0 0 -Z 2
S, 0 0 -Z 3
S; 0 0 -Z 2
S, 0 2b -Z 3
Ss 0 2b -Z 2
S 2a 2b -Z 3
S, 2a 0 -Z 2
S, 2a 0 -Z 3
S, 0 2b -Z 3
S’ 2a 0 -Z 3
S’ 0 -2b -Z 3
S, -2a 0 -Z 3

Table 2.8: Virtual sources coordinates in the ground plane of level 1.

The coordinates of all the virtual sources of ground level 2 (Figure 2.16) along with their

order of reflections are presented in Table 2.9.
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Source X Y Z Order N
Sy 0 0 2h+Z 2
S 0 0 2h+Z 3
S; 0 0 -2h+Z 3
Ss 0 2b 2h+Z 3
S, 2a 0 2h+Z 3

Table 2.9: Virtual sources coordinates for the ground plane of level 2.

The coordinates of all the virtual sources of ground level 3 (Figure 2.17) along with their

order of reflections are presented in Table 2.10.

Source X Y Z Order N
So 0 0 -2h-Z 3
Table 2.10: Virtual sources coordinates for the ground plane of level 3.

2.4.4 Late reverberation

As shown in section 2.2.5, the classical equation for calculating sound pressure in room
(equation 33) includes a direct wave component and a general reverberation term R as
follow:
R= % . 27

This term is meant to include all reflection components (early + late). In this research, we
are explicitly modeling the direct wave and early reflections; thus, equation (27) must be
adapted.

As discussed before (section 2.2.5), the total energy of the direct field in the room is

(Irwin & Graf, 1979):

44
E, = [J1. (3%5)
cS
By extension, the energy of the first order of reflections is given by:
awv
En = B [J] (36)
cS

where £ is the reflection coefficient. This is the total energy in the room arising from one
surface reflection only. The energy of the second order of reflections is given by:

.44
¢S

Er, B’ 1. (37)
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Generalizing, the energy of the n™ order of reflections is given by:

Er, = awyv
cS

B’ [J1. (38)

The energy of the residual reverberant field beyond the n™ order of reflections can now
be obtained. This is obtained by subtracting the direct energy and the energy of all
reflections up to the n™ order of reflections from the total energy in the room. The latter is
obtained by multiplying equation (22) by the volume V of the room.

Thus we have:

AWy v
acS cS

_are 1 2 "
oV = S [l—ﬂ A+p+p +..+ )]

oV

r

[+ B+ B> +.+8"]

sy 1-(+ B8+ +.+ B —-(B+*+..+ 8"+ B™))
v 4 )
. Ul (39

sy =TV B

cS 1-4
5rV _ 4WV [(1 —g)nﬂ]

cS a
5y

CcR,
where:

R, is the residual room constant after n™ order of reflections; i.e.:
asS

Rn = fl
(1 _ a)n+

[m?]. (40)

For a zero order of reflection (direct field only), R, reduces to the usual room constant

(equation 27).
2.4.5 Total sound pressure level
At the receiver, the energy from the direct field, early reflected sound and residual

reverberant field are added. The phase effects are being neglected.

For N order of reflections, the following equation is used:

44

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



L, =L, +10log( 1 = '3"2 +Ri) [dB]. (41)

Vg So YnsN 47” S, N

For instance, for N=1 (order 1 of reflection), the contribution of Sy, S}, S3, S5 and S in the
middle plane (Figure 2.14), the contribution of Sy in the ground plane level 1 (Figure
2.15), and the contribution Sy in the ceiling plane level 1 (Figure 2.15) are added.

From equation (41), the sound pressure level would be:

L,=L,+10log¢ 12+ﬁ+ﬂ+'3*ﬁ* p + p +i)

Am’s, Amts  Amls 47zrzssT47zr2s7T47zr2sOG dwts,. R (43)

where:

R;=Room constant for order 1 of reflection

_aS
L -
In theory, a high order of reflections (e.g. n>10) would cover the reverberant field
without the need for a statistical late reverberation term. However, this approach may not
be realistic for several reasons:

1. An industrial room is not perfectly rectangular; therefore, sound rays would
deviate from model predictions after colliding several times with the room
boundaries;

2. The room contains objects and workers which are not modeled; as a result, sound
rays may diverge from model predictions after a few reflections;

3. The current model assumes that the acoustic absorption is uniformly distributed
over the room boundaries;

4. The computational load increases rapidly with the order of reflections simulated
and can become excessive if the computation of a large number of source-receiver
configurations is required.

The warning sound optimization problem targeted in this research (section 1.4) requires
the computation of a large number of source-receiver configurations. Moreover, the
number of sources and their positions are not known a-priori. For these reasons, a

maximum order of three reflections is considered in this research. This ensures
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computational efficiency while allowing wall-placement directivity effects to be
considered.

In summary, the proposed method combines the advantages of the classical method (no
detailed room modeling) and the mirror image method (higher accuracy especially for
sources and receivers near walls). While limited to rectangular room sizes and
omnidirectional sources, it can be used with only knowledge of the overall dimensions of
the room and the reverberation time. The latter can be easily measured with standard
sound measurement equipment and ensures that the sound absorption coefficient used in
the model is “calibrated” to the actual room under study. This is in contrast to the simpler
standardized method for sound level prediction in rooms (CSA Z107.52-M1983), which
relies on very broad judgments of absorption (highly, partly or poorly absorbing) by the
user and accounts only for first-order wall and ceiling effects, without residual
reverberation. More advanced room simulation methods, such as L’Espérance (2000) for
noise control engineering applications, are valid for arbitrary room sizes; however, they
require a detailed geometrical model of the room and the specification of each sound
absorption surface, which is more time consuming from the user point of view and more
difficult to “calibrate” in the field since it relies on tabulated absorption coefficients
instead of measurements. The proposed method is a compromise between accuracy, ease
of use and the requirement for simulating a large number of source-receiver

configurations in the current application for warning device installation.
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Chapter 3: Design and implementation of “AlarmLocator”

The main goal of this research is to develop a method to facilitate the installation of
acoustic warning devices in the workplace. This is accomplished with a tool referred to as
“AlarmLocator” that simulates the process of sound propagation of auditory warning
signals from the physical device location (on walls or ceiling) to the position of
individual workers or workstations in the room. More specifically, this tool aims at
determining the number of alarm devices to use, their optimal placement in the plant, and
their sound power characteristics.

In this chapter, an outline of the warning sound optimization problem is presented. The
algorithmic procedures and the design and implementation of the software tool are also

discussed in details. Finally, case studies are presented.

3.1 The warning sound optimization problem
In this section, an outline of the warning sound optimization problem is described. The

objective function, variables, and constraints of the optimization problem are also
discussed. Basic algorithmic considerations and assumptions are exposed. A similar
method to optimally install acoustic warning signals in the workplace by Nanthanvanij &

Yenrades (1999) is also discussed.

3.1.1 The problem
In Figure 3.1, a hypothetical factory room illustrates the warning sound optimization

problem. The room contains three workstations with some workers wearing hearing
protector devices (HPDs). It can also be assumed that there is a background noise from
the machinery equipment, which can mask warning sounds. The installation of acoustic
warning devices thus requires knowledge of the background noise in the room, the
hearing protector attenuation, and the hearing status of the workers to determine the
audibility of warning sounds in the workplace.

Acoustic standard ISO 7731 (Danger signals for public and work areas) presents a set of
guidelines to determine the sound level an alarm should produce at a given workstation.

A software tool called “Detectsound” was also previously developed to determine
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whether the sound pressure level of an acoustic warning signal satisfies the constraints
for optimal detection and recognition by the attending workers at any given workstation
(Zheng, 2003; Zheng et al., 2006). “Detectsound” is particularly useful when assessing
the suitability of existing alarm systems, where the alarm sound level can be measured at
each workstation. Unfortunately, these two tools do not provide a scientific method to
guide installation of acoustic warning devices on wall or ceiling in a room in such a way
that all workstation alarm levels fall within the optimal level with a minimum number of

devices. The purpose of this research is to cover this requirement.

Iﬂ)D Alan(,(/nD e2

Workstation 1

Workstation 2

Fig. 3.1: Factory room having three workstations attended by workers, some wearing HPDs. Two warning
devices are to be optimally located to ensure audibility of warning sounds by all workers.

3.1.2 Optimization problem
The warning device optimization problem can then be summarized as follows:

Objective optimization function:
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e Minimize the number of warning devices required to meet the alarm sound level
constraints at each workstation;

e Optimally locate the warning devices on walls; and

e Specify the optimal sound power level (L) of each alarm.

Constraints:

e The total warning signal sound level Lp; produced by the aggregate of all warning
devices shall be within the warning sound level conception window or targets
specified by the psychoacoustic tool “Detectsound” for all workstations £. i.e Lpy
is within [TLmin, TLmax]x (1 <k < Ns); where Ny is the number or workstations.

e The A-weighted sound level at any location in the room is limited to 118 dBA
(ISO 7731).

Variables:
e Number of warning devices Np ;
e Spatial coordinates (X;,Y;,Z;) of the warning devices (1<i < Np); and

e Power level L,,; of the alarms (1<i < Np).

3.1.3 Search method
The optimization algorithm used in this research exhaustively seeks all possible alarm’s

positions on the walls around the room. Initially, one warning device D1 is considered in
the factory room. The factory walls are assumed to be encircled by a virtual “spiral like”
path which contains a number of nodes that constitute the legitimate set of locations
where the warning devices can be placed, as shown in Figure 3.2. The warmning device D1
is tested for all the nodes in the room going from the first node to the last. If no solution
is found, another warning device D2 is added and the process of searching and testing is
repeated. The search process stops once valid solutions are found with a given minimum

number of devices.
3.1.4 Assumptions

This research deals with industrial plants that are essentially of rectangular form and

assumes that the sound absorption is evenly distributed on the boundaries surfaces in the

room. The corresponding average absorption coefficient a is computed based on the
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Eyring/Sabine theory and knowledge of the reverberation time in the room. This research

also deals with warning devices that are assumed to be omnidirectional sources.

Nodes

.< .

‘..Eb;

Y .

Fig. 3.2: Spiral path over which the acoustic alarm devices are tested. The black nodes represent the set of
locations where the warning devices can be placed.

3.1.5 Other techniques to install acoustic warning devices
Some researchers (Nanthanvanij & Yenrades, 1999) have recently attempted to solve this

problem by providing a set of analytical methods for predicting the optimum number,
location, and sound power level of auditory warning devices for manufacturing facilities.
However, their methods only considered the direct sound field propagation from alarm
devices to workstations. In other words, they assumed that the room is an open area.
Thus, the effects of sound reflection from walls, ceiling, floor and solid obstacles in the
work plant were ignored. In typical facilities, this assumption is unrealistic once the
distance between alarm devices and workers is more than a few meters. In practice,
industrial work plants are often very reverberant, so that reflected sound waves can

contribute considerably to the overall sound level at the receiver. In addition, their
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methods do not directly account for the effects of hearing loss (or hearing status in
general) or the use of hearing protectors.

This research presents a more realistic solution to the problem of installing acoustic
warning devices in noisy work plants. Both the direct field from the alarm devices and
the reverberant field due to walls, ceiling, floor and other reflections are considered. The
solution is based on knowledge of the room acoustic characteristics in the work area,
such as the reverberation time and room layout, the sound power characteristics of
warning devices, and the distance between each warning device to each workstation. The
new tool can be integrated with psychoacoustic tool “Detectsound” (Zheng, 2003; Zheng
et al. 2006) to provide a solution targeted to the individual workers in the plant, which

accounts for the effects of hearing loss and HPD use.

3.2 Algorithmic procedures

3.2.1 Initial algorithm for “AlarmLocator”
A first algorithm was designed in the early stages of the research and published as Al

Osman et al. (2006). It is based on the room acoustics equation (33) and considers the
directivity effects due to wall source placements presented in section 2.2.5. Accordingly,
the directivity factor Q is made equal to 2, 4 or 8 if the sound source is placed on a
hemispherical plane, corner of two planes or a corner of three planes, respectively, as

previously shown in Figure 2.3.

3.2.1.1 Algorithm
Initially, we suppose that we only need one warning device D1 in the factory room. D1 is

tested for all the nodes in the room going from the first node to the last as shown in
Figure 3.2. After reaching the last node, the alarm returns to the first node, its power level
is incremented, and again it gets tested at each node until it loops back to the initial node.
The looping will continue until D1 reaches its maximum power level, and if no solution
meeting the constraints is reached, another alarm device D2 is added while D1’s power
level is reset to its initial value. D1 and D2 are tested for all the possible configurations
on the node grid. For instance, assuming a room containing 16 different nodes (16

different placements for alarms), then the number of possible configurations is 16x15 =
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240. After testing all the configurations, the power level of D1 is increased. We keep on
testing all the possible configurations and increasing D1 until it reaches its maximum
power level, then D2’s power level is increased, D1’s power level is reset and the process
is restarted. This process goes on until D2 reaches its maximum power level. If no
practical solutions are found at this point, a third alarm is added and the whole process of
looking for feasible solutions restarts.

The process of adding warning devices continues until at least one practical solution is
achieved. A solution is obtained if the combined sound pressure level computed from all
the alarm devices satisfies the design constraints imposed by Detectsound at each

workstation.

3.2.1.2 Inputs
The inputs for this version of “AlarmLocator” are as follows:

Inputs:

e The room geometry parameters (width, length and height of the room);

¢ Reverberation time measured or estimated;

e (lassical room acoustics formulation (Sabine or Eyring);

e Alarm options parameters (minimum and maximum power level, power level step
size, maximum number of alarms, minimum alarm height, and horizontal and
vertical node step size along walls);

e Workstations number N; and their spatial coordinates; and

o Warning signal level targets at each workstation from Detectsound [TLyax, TLminlk
(1 <k<N;).

3.2.1.3 Sound pressure level computation
The classical room acoustics theory exposed in section 2.2 is used for version 1 of

“AlarmLocator”. Using Eyring’s theory, the sound pressure level L, at a distance 7 from a

given alarm device source is given by equation (33):

Lp= Lw+ 10log( Q2
4nr

4
+ —E) [dB].

If Sabine formulation is used, the absorption of the room A replaces the room constant R

in equation (33). Assuming there are a total of Np simultaneous alarm devices being
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tested in the work plant, the combined sound pressure level at a given workstation £ is

obtained as follows:

Ny

Lp, = ZlO‘L”"*“O’ [dB] (44)
i=l1

where:

Lp; = total sound pressure level at workstation £ from all alarms devices [dB]
Lp;, = sound pressure level contribution of alarm source i at workstation k [dB]

Np = number of alarms devices in the work plant.

Equation (44) assumes a summation of acoustic energy from all alarm devices at any
given point in the room, so it is representative of the spatial average of the sound level

near a workstation.

3.2.1.4 Drawbacks
As discussed in section 2.4.1, the prediction of the directivity factor Q as 2, 4 or 8 is

inaccurate when the surrounding surfaces of the source are not totally reflective and
poses practical problems for certain positions of the source as shown in Figure 2.13. Asa
result, a simple method to compute the wall directivity effects was developed by
introducing the concepts from the mirror image method (section 2.3). Moreover, the
initial algorithm can only accommodate for a single alarm frequency component at a
time. A multi-frequency algorithm accommodating up to five frequency components

concurrently is presented in section 3.2.2.

3.2.2 Multi-frequency algorithm using a hybrid method
A hybrid method that combines the mirror image method (section 2.3) and the classical

room acoustics theory (section 2.2) is used to compute the sound pressure level due to
acoustic warning devices in the room. An updated version of “AlarmLocator” has been
developed based on this simulation method (section 2.4). This version is also expanded to

achieve multi-frequency alarm solutions.
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3.2.2.1 Algorithm
This algorithm is an updated version of the algorithm presented in section 3.2.1. This

version provides solutions for multiple frequencies. It accounts for up to five different

alarm frequencies presented separately or simultaneously. For each frequency, the

average absorption coefficient @ in the room is estimated from reverberation time
measurements at the corresponding one or third octave band.

A procedure similar to the optimization algorithm in section 3.2.1.1 is used for the multi-
frequency version. Once again, we assume that only one warning device D1 is needed in
the room. The interior walls are subdivided into a grid layout where the nodes represent

the set of possible positions where a warning device can be installed (Figure 3.3).

0,0,0)

[
L J

L}
)

Fig. 3.3: Alarm grid layout in the factory room.

Originally, D1 travels along the grid around the room in a spiral like fashion from the
ceiling down to the minimum height specified by the user while looking for a valid
solution at each node. Moreover, the sound power level of the acoustic warning signal is
incremented by a power level step size over a practical range at each node to search for
all possible solutions. This is shown in Figure 3.4. The maximum power level that could

be reached is limited to 120 dB unless the user chooses a different upper limit.
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Dl Dl
Lw=100,110,120dB  Lw=100,110,120dB
Fig. 3.4: Alarm device D1 routing in a spiral fashion around the grid layout of the factory room. The alarm

device D1 power level is incremented over all the possible levels at each node until a solution is found or
the maximum power level is reached. The minimum and maximum power levels of the alarms are chosen
to be 100 dB and 120 dB in this example (power level step size is 10 dB).

If the acoustic warning device has circulated over the entire grid layout and no solution is
found, another warning device D2 is added. D2 is then fixed at the starting position
(Figure 3.5) while D1 travels along the coiled path. At each grid node reached by device
D1, the current configuration of warning devices is tested for a valid solution by varying
the power level of D1 over a realistic range at each node (Figure 3.5). Once the power
level Lyp; reaches the maximum power level, we reset Lyp; to its initial value and
increment Lwp, by a power level step size (Figure 3.5, second panel). Lwp; is then varied
over a realistic range and tested for each configuration (Figure 3.5, second panel). If no
solution is found, Lyp; is incremented again and the same procedure is repeated until
Lwp2 has reached the maximum power level (See Figure 3.5, third panel). Then we reset
the power level for D2 and the alarm device D1 is moved one step towards the next node
(Figure 3.5, fourth panel). The same process continues until D1 loops the entire grid
layout of the room. Note that a test for a possible solution is performed every time a new

configuration is generated by either moving an alarm or incrementing its power level.
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Fig. 3.5: Alarm devices D2 and D1 routing in a spiral fashion around the grid layout of the factory room.
The alarm device D1 is moved one step towards the next node when the power level of the alarm device D2
has reached the maximum threshold.

Next, the two alarm devices will each move one step towards to the next node on the
grid. The alarm device D1 new loop is now updated while the alarm device D2 maintains
its initial looping coordinates as shown in the first panel in Figure 3.6. Once again, D1 is
incremented over its range and tested for a feasible solution. Once Lyp; reaches its
maximum power level threshold, Lyp; is reset and Lyp; is incremented by a power level
step size. This keeps going until Lyp; attains the maximum power level, then D1 moves
one step towards the next node. This is shown in the second and third panels of Figure
3.6. The same process continues until D1 reaches the next node as shown in fourth panel

in Figure 3.6.
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Lw=100,110,120 4B
Fig. 3.6: Alarm devices D2 and D1 routing in a spiral fashion around the grid layout of the factory room.
The alarm device D1 renews its looping coordinates as shown in the first panel.

If no solution is found, the two alarm devices D1 and D2 will each move then one step
towards the next step as shown in Figure 3.7. The alarm device D1 new loop is now

updated while the alarm device D2 still maintains its initial looping coordinates.

New loop for

m
b1l ”m
Lw=100,110,120 dB Lw=100 dB

Fig. 3.7: Alarm devices D2 and D1 routing in a spiral fashion around the grid layout of the factory room.
The alarm device D1 renews its looping coordinates.

The same process continues until the alarm device D2 loops. If no solution is found, then

a new alarm D3 is added as shown in Figure 3.8.
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Fig. 3.8: Alarm device D3 is added to the configuration. Alarm devices D2 and D1 renew their looping
coordinates.

This alarm routing would carry on until a solution is found with the least number of
alarms Np for the selected frequency. The algorithm then searches for all possible
solutions with that number of alarms. The algorithm also exits if the maximum number of
alarm devices has been reached. Next, solution coordinates are tested for the remaining
frequencies to check if their sound pressure levels at each of the workstations can also
satisfy the design window set by “Detectsound”. Interim solutions that do not satisfy the
requirements at any one of the selected frequencies are disregarded. As a result, final
solutions consist in the same coordinates for all the selected frequencies, but the power
levels may differ.

Finally, the tool can generate a map of the warning sound level distribution in the room
for each solution. The implementation of the “AlarmLocator” model is illustrated in the

flow chart depicted in Figure 3.9.

3.2.2.2 Inputs
The process starts by defining the required parameters for the computations. This

includes:

e The room geometry parameters (width, length and height of the room);

e Reverberation time for the selected frequencies in the room or the corresponding
acoustic average absorption coefficient in the room;

e Late reverberation theory (None, Sabine, Eyring) along with the order of early
reflections (0,1,2 or 3) to consider;

e Alarm options parameters (minimum and maximum power level, power level step
size, maximum number of alarms, minimum height, and horizontal and vertical

node step size along walls);
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e Workstations number and their spatial coordinates; and

e Warning signal level targets at each workstation from Detectsound [TLax, TLminlk
(1 k< Ng).

3.2.2.3 Sound pressure level computation
As mentioned earlier, a hybrid method that combines the mirror image method and the

classical room acoustics theory is used to compute the sound pressure level of the
acoustic warning devices (section 2.4). The sound pressure level for N order of early

reflections using Eyring residual reverberation is shown in equation (41).

3.3 “AlarmLocator” software
In this section, several aspects of the software tool “AlarmLocator” will be illustrated.

Each block in Figure 3.9 will be represented by its graphical interface window and will

be accompanied with a detailed step by step analysis.

3.3.1 Flow chart
Figure 3.9 reveals the process of “AlarmLocator” from entering the input parameters to

obtaining the optimum number, location and power level for acoustic warning devices.

3.3.2 Entry of room geometry parameters
The room geometry is described by the width, length and height of the room. The unit

used is meter. Values can be integers or floats. An identification name for the room can
be specified as well (Figure 3.10). Given these parameters, the total surface of the interior

surfaces S and the volume of the room ¥ can be computed.
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Fig. 3.9: Flow chart of “AlarmLocator”.
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Fig. 3.10: Main graphical user interface for “AlarmLocator” for entering the input parameters (room
configuration, number of workstations, alarm options and room computations).

3.3.3 Entry of reverberation time
The reverberation time is an input parameter in the simulation software. It could be

measured (section 2.3.2.3) or estimated (section 2.2.4.5.2) using various techniques. The

room average absorption coefficient a can be calculated once the reverberation time is
known. This has been taken into consideration in “AlarmLocator” to determine the room
constant according to equation (40).

Since the reverberation time depends on frequency, a choice of up to five frequencies can
be selected in which each frequency has its own reverberation time specification and

calculated average absorption coefficient as shown in Figure 3.10.

61

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



3.3.4 Entry of alarm options parameters
The default minimum power level of the alarm devices is set to 80 dB. The maximum

power level is set according to guidelines from ISO 7731 to ensure that the A-weighted
sound level at any location in the room is limited to 118 dBA. The default maximum and
minimum power levels can be changed by the user in the window interface as shown in
Figure 3.10. As described in section 3.2, the alarm device is incremented by a given
power level step to scan over possible solutions. The default power level step size is set
to 5 dB and can be changed by the user as shown in Figure 3.10.

Alarm devices jump from node to node to scan for solutions. The horizontal step size is
the distance traveled by an alarm in one step when it is moving in the same plane; while
the vertical step size is considered when the alarm device is moving one level down or up
to the next plane. Both the horizontal and vertical step sizes are not set to any default
value since they depend on room dimensions. They must be entered by the user as shown
in Figure 3.10. The default minimum height where an alarm can be placed is set to 1.5 m
above the ground (approximately the ear’s level). The default minimum height can be
modified by the user as shown in Figure 3.10.

The default maximum number of alarms that can be placed in the room is set to the
number of possible nodes on the grid layout of the room in a horizontal plane. A lower

maximum number of alarms can also be entered by the user as shown in Figure 3.10.

3.3.5 Entry of room computation parameters
As described in section 2.4, the sound pressure level at each workstation is computed

using a modified mirror image method consisting of up to three orders of reflections for
the early reverberation. Therefore, the order of reflections should be specified by the user.
Order 0 considers only the direct wave from the source(s). Order 1 considers the direct
wave and virtual sources involving one surface reflection. Similarly, Order 2 and 3

considers direct wave and virtual sources involving up to 2 or 3 surface reflections. The

average reflection coefficient £ is determined as (1-5). For the residual reverberation
term, three choices are presented, Sabine, Eyring, or None (Figure 3.10). The “None”

option represents no residual reverberation term.
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3.3.6 Entry of workstations parameters
The number of workstations must specified by the user as shown in Figure 3.10. Once the

button “Next” in Figure 3.10 is pressed, an interface where the parameters of the first
workstation can be entered appears. The interface eventually leads the user to enter the
parameters for all the workstations.

Figure 3.11 shows a sample of the interface for this window. The minimum and
maximum target levels represent the design window provided by the psychoacoustic tool
Detectsound (Zheng et al., 2006). The aggregate sound pressure level of all the alarms
present in the room should satisfy these constraints (see section 3.2.1 for more details). A
similar window appears for each workstation in the room. The name and the spatial

coordinates of the workstations are specified by the user as shown in Figure 3.11.

Mew Configuration

~Workststion # 1 Informetion: ————————————
Name of the Workstation:  [w1 |
Minimum Target Level (dB) *: , :
Maximum Target Level (dB) *: |
X coordinate {m) *: : ,

Y coordinate (m)*: _

[ Cancel ][ Clear ][ Plk'eivimijs’” : ][ Nexk ]

Fig. 3.11: Graphical user interface for entering the parameters for a workstation.

After completing the configuration of all the workstations, the user is directed to a

window where all the parameters entered for the room and the workstations are shown on
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the left side of the screen (Figure 3.12). The user may check if all the parameters are
correctly entered. Pressing the start button will prompt “AlarmLocator” to begin

searching for solutions.

: Alarm Lacator ig|§lg]

D@m=
~Configuration Details——-~~-~—*~—§, -List of Solutions
Room Configuration:

il

&

Room Height: 5.0 m
Room Witith: 10.0 m
Room Length:10.0 m

s A 515 A

Horizontal Step Size: 2.0 m

Vertical Step Size: 20 m

MinHeight: 20 m

Alpha 1 (Average Absorption Coefficient): 0.1
Alpha 2 (Average Absorption Coefficient): 0.2
Alpha 3 (Average Absorption Coefficient): 0.333
Alpha 4 (Average Absorption Coefficient): 0.5

Alpha 5 (Average Absorption Coefficient): 0.8
There's 2 workstations in the room

The maximum alarm power level:120.0 dB
The minimum alarm power level:80.0 dB
The alarm power level step size:5.0 dB
The maximum number of alarms:3

Cofiguration of workstation number 1:

Minimum Target Level: 83.0 dB
Maximum Target Level: 96.0 dB
X Coordinate: 5.0 m

Y Coordinate: 9.0 m

Cofiguration of workstation number 2:

Minimum Target Level: 80.0 dB
b

OO0l ) [‘:‘"”C"‘_

Fig. 3.12: The launch window for “AlarmLocator”.

3.3.7 Solutions and results

3.3.7.1 Selecting frequencies
As shown at the bottom of Figure 3.12, the user has a choice of selecting up to five

different alarm frequency components FI, F2, F3, F4 and F5. For instance, if the user

has selected all the five frequencies, “AlarmLocator” would provide solutions which
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satisfy constraints for all the five frequencies simultaneously. A solution that satisfies all
the frequencies should have the same number of alarms placed in the same coordinates

(X,Y,Z), although the alarm’s power levels could be different for each frequency.

3.3.7.2 Efficiency coefficient
Each solution presented by “AlarmLocator” satisfies the design target level from

Detectsound [TLin TLna] at each workstation. Solutions consist of the coordinates
(X Y,Z) and the power level of the alarm device in addition to the efficiency coefficient.
A solution with a sound pressure level (close to 7TL,,) is acceptable but not ideal.
Similarly, a solution with a sound pressure level (close to 7L,y,) is also acceptable but not
ideal. The best solution would ideally consist of a sound pressure level in the mid range
Of [TLuin, TLmax]. The efficiency is calculated as the deviation in dB from the Detectsound
window as follows:

« +TL, .

> L _Ip, [dB] (45)

Efficiency = ITL"“”‘

where:

Lpi= the aggregate sound pressure level from all the alarms at the workstation k.

The lower the efficiency value, the more effective the solution is considered. Once the
efficiency coefficient at each workstation is computed, the average efficiency coefficient
for a solution is obtained by averaging all the efficiency coefficients at each workstation

in the workplace over all selected frequencies.

3.3.7.3 Results
The solutions are ordered according to their average efficiency coefficient in an

ascending order and placed in the right panel of the main graphical user interface of
“AlarmLocator”, as shown in Figure 3.12. As described in section 3.2, the algorithm
provides all possible solutions in the room for the particular minimum number of devices.
The reverberation time (or average absorption coefficient) are frequency dependent;
therefore, the power level is also frequency dependent. Each solution provided by

“AlarmLocator” for a multi-frequency configuration consists of the same coordinates
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(X,Y,Z) but the alarm power level may vary from one frequency component of the alarm

to another.

3.3.7.4 Warning sound level distribution
The distribution of warning sound level in the workplace can be generated for each

solution at any desired height (Z coordinate) in the room by selecting one of the solutions

provided by “AlarmLocator”. The alarm sound map graphical user interface is shown in

Figure 3.13.
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Fig. 3.13: Warning sound level distribution (dB) in the room using the default “Color” option. There are
four workstations and two alarm devices.

The warning sound level distribution indicates the sound pressure level from the
aggregate of all alarms in the solution. As shown in Figure 3.13, the sound map is
divided into squares where each square represents 1 m? of the dimensions of the room.
Each square is attributed to the sound pressure level of all the alarm devices at its center

coordinates. The workstations are shown in red in their relative coordinates with respect
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to the room. On the right hand side of Figure 3.13, a legend of the sound pressure level is
provided in dB. This legend has a range from below 86 dB to above 125 dB by default.
The legend range can be varied by updating the minimum and maximum sound pressure
level thresholds. The alarm map is generated by default at the ear’s height (1.5 m). This
height can be varied from 0 m (room ground’s level) up to the room’s ceiling level. On
the left hand side of the Figure 3.13, two display options are provided: “Color scale”
(default) or “Numbers”. The “Color scale” option provides the user with a colored alarm
sound map according to the legend on the right side of Figure 3.13. The “Numbers”
option provides the user with a white colored map where the sound pressure level in the

center of each square is listed as shown in Figure 3.14.
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Fig. 3.14: Waming sound level distribution (dB) in the room using the “Numbers” option. There are four
workstations and two alarm devices.
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The warning sound level distribution (alarm map) provides the user with an overall view
of the sound pressure level in the room at any desired height from the ground up to the
ceiling. This assessment of the sound distribution may be helpful to determine any large
variation in alarm level in the room. For instance, a high or low sound pressure level at
certain locations in the workplace may affect the workers’ audibility away from their
intended workstations. Therefore, an alarm sound map is useful to assess additional

situations.

3.3.7.5 Solution details
“Solution details” button in Figure 3.13 or 3.14 provides information about the solution

for which the alarm map is currently displayed. This detailed information of the solution
consists of the room identification, room height, room width, room length, frequency,
reverberation time, room average absorption coefficient, order of early reflections along
with the late reverberation equations used (Sabine or Eyring), horizontal and vertical step
size, minimum height, alarm power level step size, alarms coordinates, alarms power
levels, average efficiency, workstation’s names, target levels and coordinates as shown in
Figure 3.15. The aggregate sound pressure of all the alarms in the solution at each of the
workstations is also provided.

Solutions details can be provided in an HTML format as well by clicking on the menu bar
“File” (Figure 3.12) and choosing the “Generate HTML” item or by simply clicking at
the fourth item in the tool bar shown in Figure 3.12.
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: Splution Details
-Solutions Details

Room ID: Test

Room Height: 5.0 m
Room Width: 10.0 m
Room Length:10.0 m

Frequency: 1000.0 Hz
Reverberation Time: 18
Alpha: 0.2

Order of reflection: 2
Sabine is used: A =80 m2

Horizontal Step Size: 5.0 m
Vertical Step Size: 5.0 m
MinHeight: 5.0 m

Alarm power level step size: 5dB

SOLUTION:

Alarm: 1

(*.y,2)=(0.0, 0.0, 5.0y m
Efficiency: 1

Lw: 100 dB
Freguency: 1000.0 Hz

WORKSTATIONS:
Workstation: work1
Xcoordinate: 2.0 m
Ycoordinate: 2.0 m

Minimum target level: 80.0 dB
Maximum target level: 93.0 dB
Total Lp 88.8823 dB
Workstation: Work2
¥coordinate: 9.0 m
Ycoordinate: 9.0 m

Minimum target level: 82.0 dB
Maximum target level: 95.0 dB
Total Lp 87.5116 dB
Workstation: Work3
Kcoordinate: 6.0 m

Fig. 3.15; Graphical user interface for listing of solution details. This window contains all the detailed
information about the input parameters entered by the user in the main graphical user interface (Figure
3.10) and shows the detailed solutions parameters.

3.3.8 “TestingLocator”
The “TestingLocator” is another software tool designed in this research. This tool can be

accessed through “AlarmLocator” and is useful for testing alarm configurations at
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specific locations in a given room for debugging or verification purposes. For example,
the user might use this tool for a given room layout to test a certain pattern of alarms
settings for a particular configuration of workstations. The graphical user interface for

this tool is similar to the graphical interface shown in Figure 3.10.

Testinglocator
_Rodm Conflguratlon — ; ; A :
~ Room ID: _ B Al: }(I l YI l zl | Lwl l
Room Height tm),":’ E:j - o . e ‘: ’ e
'Roomwdth’(rﬁ)*; [::] | ; A2x‘ ] YI | ’ Z‘ = ] Lw l l
: Rqom‘l.yghgtyl'i(m)aﬁ: |: o S S Cage XI | l YI | | ZI E
- OFtHD: Rr(s) o ‘Alpha:“" 1 PR e |
| B | caexp vl ozl |l |
s x[] v 2] w[]
rRoom Computation: : WA }(l ‘ Yl | Z | i
Reverberstion: Reflection: :
(® sabine | ;COrderkU @Orderzk; ’ ’«W2: }(l | yl | z I l ,
Ofying Oorder1  Qordera - || W x| vl | Z L]
ObNore = v x| | Yl |z |
Cwsex[ ] |z |

[ Cancel"][ Cleer J[ Next ]

Fig. 3.16: Main graphical user interface for “TestingLocator”.

The “TestingLocator” graphical interface is shown in Figure 3.16 and it consists of the
following input parameters: the room configuration (room identification, room height,
room width, room length), the frequency, the reverberation time and the room average
absorption coefficient of the room, the number of workstations, the room computation
theory (Sabine, Eyring, or None), along with the order of early reflections. A

configuration from 1 up to 5 alarms may be used; the coordinates and power level of each
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alarm must be specified. A maximum of 5 workstations may be used; the coordinates of

the workstations must be specified as shown in Figure 3.16.

L F - Alams ]
Room @ i ik Y Workstations Options Room computation
v 4
Length \V - e l
‘ [o][1][2 @

1 (X.v._ﬂ (xy2)

I B ER
) J
\v4
\v4
\
Y4
Solution
Details
Fig. 3.17: Flow chart of “TestingLocator”.
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3.3.8.1 Algorithm for “TestingLocator”
The algorithm for this tool is shown in Figure 3.17. Once all the parameters have been

entered in Figure 3.16, the aggregate sound pressure level of all the alarms introduced in
the configuration is computed. The same formulas and techniques used for
“AlarmLocator” are used once again for “TestingLocator”. Once the user has entered all
the desired parameters, the “Next” button is pressed and another window appears
showing the sound pressure levels at each of the workstations.

The room identification, the frequency, the formulas used (Sabine, Eyring, or None)
along with the order of early reflections, the name of the workstations and their
coordinates, and the aggregate sound pressure level from all the alarms at each of the
workstations are shown in the Testing result window. This is shown in Figure 3.18.

The user can create another testing configuration or can update the initial configuration
simply by going back to the window of the “TestingLocator”, making the possible

changes and then clicking “Next” to see the results.
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-Testing Results

Room ID: RoomB
Freguency: 1000.0 Hz
Order of reflection: 3
Late reverberation: None

A1

¥coordinate: 1.0 m
Ycoordinate: 1.0 m
Zcoordinate: 1.5m
Total Lp 90.3932 dB

w2

¥coordinate: 8.0 m
Ycoordinate: 2.0 m
Zcoordinate: 2.3 m
TotalLp 83.3145dB

W3

¥coordinate: 2.0 m
Ycoordinate: 6.0 m
Zcoordinate: 3.1 m
Total Lp 83.6038 dB

W4

Xcoordinate: 5.0 m
Ycoordinate: 4.0 m
Zcoordinate: 1.0 m
Total Lp 84.1105 dB

w5

¥coordinate: 3.0 m
Ycoordinate: 2.0 m
Zcoordinate: 3.0 m
Total Lp 85.0395 dB

Fig. 3.18: Graphical user interface for presenting results of “TestingLocator”.

3.4 Case studies
In this section, we present different hypothetical scenarios to demonstrate the use of

software tool “AlarmLocator”. Different late reverberation terms (Sabine, Eyring, or
None) with different maximum order of early reflections (up to 3) are being considered.
Five alarm frequencies are evaluated separately and then simultaneously. Input
parameters that affect the outcome of “AlarmLocator” such as the power level step size,
the minimum and maximum power levels of the alarm devices, the horizontal and vertical

step size, and the minimum height of the alarm devices are also being presented.
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3.4.1 Case study 1
The following case study demonstrates the use of “AlarmLocator” in a hypothetical work

plant. Assume that the work area is 8mx15mx20m (HxWxL) and that it includes five
workstations. The spatial coordinates and the target warning sound levels of the
workstations are presented in Table 3.1. The workstations’ target levels are assumed to be
generated by “Detectsound” after an analysis of the noise field in the room and the
hearing characteristic of the individual workers. In this case study, both Eyring and
Sabine late reverberation formulation are being evaluated with a second order of early

reflections.

Workstation Index k Xi[m] Yy [m] TLmin [dB] Tl [dB]

1 6.0 7.0 87.0 100.0
2 11.0 11.0 90.0 103.0
3 12.0 2.0 93.0 105.0
4 6.0 8.0 86.0 99.0
5 13.0 19.0 96.0 105.0

Table 3.1: The workstation coordinates and the minimum and maximum target levels in a hypothetical
work plant. The Z coordinates (height) are assumed to be 1.5 m (ear level).

N Sabine Room Lyring Room
. , Reverberation , : e i
Frequency Time [sec] Average Absorption  Average Absorption
) Coetlicient Coctlicient
F, 2.0 0.17 0.15
F» 1.0 0.33 0.28
.

F; 0.7 — 0.47 0.38
Fy4 L 0.5 0.662 0.48

Fs 0.35 0.95 0.61

Table 3.2: Reverberation time and corresponding average absorption coefficient at each frequency.

Five different frequencies are considered in this problem. Each frequency has its own

reverberation time and average absorption coefficient. The room average absorption

coefficienta for both Sabine and Eyring is deducted from the reverberation time as

shown in Table 3.2. Whenever the reverberation time 7Tgy decreases, the average
absorption coefficient a increases since they are inversely proportional. A progression

from a reverberant space where the reverberation time is 2 s to an absorbant space where
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the reverberation time is 0.35 s is presented in this example depending on the frequency.
The minimum power and maximum power levels of the alarms are set to 80 and 120 dB
respectively. The power level step size is 5 dB; the horizontal and vertical step sizes are 5
m each; the minimum height is 5 m. Using “AlarmLocator”, a set of optimum solutions
for installing warning devices in a given room can be found. Each solution depicts the
number, locations and power levels of the necessary warning device(s).

At first, the five frequencies are evaluated separately while using a second order of early
reflections (default option). The five frequencies are then analysed simultaneously for the

same order of early reflections.

3.4.1.1 Eyring late reverberation using a second order of early reflections

For frequency F, the reverberation time () is 2 s and the room average absorption (5)
coefficient is equal to 0.15. Using “AlarmLocator”, 12 possible solutions are established;
all of them require one alarm device with a 115 dB power level. One possible solution is
shown in Table 3.3; the rest of the solutions have the same power level but are located at
different coordinates in the room. The warning sound level distribution for ¥ is shown in

Figure 3.19. The efficiency of the solution is 2 dB.

Alarm Index i X [m] i Power Level [dB]

1

Table 3.3: One possible solution for F; where T = 2.0 s using Eyring late reverberation with a second
order of early reflections.
For F; Tg is 1.0 s and a increases to 0.28. Five solutions are recognized by
“AlarmLocator”, demanding one alarm device (Np=1). One possible solution is shown in
Table 3.4; the rest of the solutions have the same power level but are placed at different
positions in the room. The warning sound level distribution for F is shown in Figure

3.20. The efficiency is 2 dB.
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Solution Number 101

a
LAB)

Sound Pressure Level (d8): Enter the levelim) please - R MinLp (dB):
() Cobor scale -
3 , wasto
O Numbers ' | | | i I i i I
Solution detals

Levd:|x.5 |[ T genernte ] l e J

Fig. 3.19: Warning sound level distribution (dB) in the room for F'; where Ty = 2.0 s using Eyring late
reverberation with a second order of early reflections. Only one alarm devices D/ is required.

Alarm Index 1 Xi [m]

Table 3.4: One possible solution for F, where Ty = 1.0 s using Eyring late reverberation with a second
order of early reflections.
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= Alarm Map
Solution Number 101

Sound Pressure Lavel (dB):

: Enter the level(m) please - o g Min Lp (dB): 9% i
Color scale : ey
® ; 3 Max Lp (dB): [8 !
© Numbers i i 1 1 i [ 1 | :
. . e et I Update scale i
Soktion detalls Level: [ 1.5 I Generate ]

Fig. 3.20: Warning sound level distribution (dB) in the room for F, where Tgy= 1.0 s using Eyring late
reverberation with a second order of early reflections. Only one alarm device D/ is required.

For F3, T is 0.7 s and a increases to 0.38. Only two solutions are found, demanding
one alarm device (Np=1). The efficiency of the solutions is 2 dB. One of the two possible
solutions is shown in Table 3.5; the other solution has the same power level but is placed

at a different position in the room. The warning sound level distribution for F’s is shown

in Figure 3.21.

Alarm Indexi  Xj[m]

Table 3.5: One possible solution for F; where 75 = 0.7 s using Eyring late reverberation with a second
order of early reflections.
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Solution Number 101
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Fig. 3.21: Warning sound level distribution (dB) in the room F; where Ty = 0.7 s using Eyring late
reverberation with a second order of early reflections. Only one alarm device D/ is required.

For Fy, Tep is 0.5 s and a increases to 0.48. No solution is found requiring only one
alarm device. However, 96 solutions are found requiring two alarm devices. One possible
solution is shown in Table 3.6, the rest of the solutions have the same power level but are
placed at different positions in the room. The warning sound level distribution for Fy is

shown in Figure 3.22. The efficiency of this solution is 2 dB.

Alarm Index i X [m] Y, [m] 7 [m] Power Level |dB]

1 10.0 20.0 8.0 115.0
2 0.0 0.0 8.0 115.0

Table 3.6: One possible solution for F, where Ty = 0.5 s using Eyring late reverberation with a second
order of early reflections.
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Fig. 3.22: Warning sound level distribution (dB) in the room for F, where T, = 0.5 s using Eyring late
reverberation with a second order of early reflections. Two alarm devices DI and D2 are required.

For F5, Tepis 0.35 s and a increases to 0.61. Seven possible solutions are detected by
“AlarmLocator” necessitating two alarm devices. The efficiency is 2 dB. One possible
solution is shown in Table 3.7, the rest of the solutions have the same power level but are

placed at different positions in the room. The warning sound level distribution for F’s is

shown in Figure 3.23.

Alarm Index i X [m] Yi|m] Zi [m] Power Level [dB]

1 15.0 15.0 8.0 115.0
2 10.0 20.0 8.0 115.0

Table 3.7: One possible solution for F's where T5 = 0.35 s using Eyring late reverberation with a second
order of early reflections.
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Fig. 3.23: Warning sound level distribution (dB) in the room for Fs using Eyring late reverberation with a
second order of early reflections. Three alarm devices D, D2, and D3 are required.

When selecting all the frequencies (F;, F», F3 F;, and Fs) simultaneously,
“AlarmLocator” finds seven solutions requiring two alarm devices. The efficiency for

each solution is 2 dB. One of the solutions is shown in Table 3.8.

Alarm Index i Xi[m] Yilm] Z; [m]| Power Level [dB]

F1:110
F2:115
1 15.0 15.0 8.0 F3:115
F4:115
F5:115

F1:105
F2:105
2 10.0 20.0 8.0 F3:105
F4:110
F5:115

Table 3.8: One possible solution for F}, F, F;, F, and Fssimultaneously using Eyring late reverberation
with a second order of early reflections.
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3.4.1.2 Sabine late reverberation using a second order of early reflections
Similar results to Eyring late reverberation formulation are obtained when Sabine

formulation is used with the same order of early reflections, for F1, F2, F3, and F4.
However, for F5, 1420 possible solutions are detected by “AlarmLocator” necessitating
three alarm devices while Eyring necessitating only two alarm devices for the same
frequency. The efficiency is 2 dB. One possible solution is shown in Table 3.9; the rest of
the solutions have the same power level but are placed at different positions in the room.

The warning sound level distribution for F5 is shown in Figure 3.24.

Alarm Index i X [m] i Zi [m] Power Level |dB]

5.0 . 8.0 115.0

2 15.0 10.0 8.0 115.0
_ _
3 0.0 5.0 8.0 115.0
Table 3.9: One possible solution for Fs where T, = 0.35 s using Sabine late reverberation with a second
order of early reflections.

Generally speaking, Eyring and Sabine solutions are quite similar. Difference may exist
when the average absorption coefficient is very high, as expected in F’s,

When selecting all the frequencies (F;, F», F3 F4 and Fs) simultaneously,
“AlarmLocator” finds 1420 solutions requiring three alarm devices. The efficiency for

each frequency is 2 dB. One of the solutions is shown in Table 3.10.
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Fig. 3.24: Warning sound level distribution (dB) in the room for F’s using Sabine late reverberation with a
second order of early reflections. Three alarm devices D1, D2, and D3 are required.

Alarm Index i X; fm] Yi[m] Zi[m] Power Level [dB]

F1:110
F2:100
1 10.0 20.0 8.0 F3:115
F4:115
F5:115

F1:105
F2:105
2 0.0 5.0 8.0 F3:110
F4:110
F5:115

F1:100
F2:115
3 0.0 0.0 8.0 F3:105
F4:110
F5:115

Table 3.10: One possible solution for F;, F2 F;, F, and Fs simultaneously using Sabine late reverberation
with a second order of early reflections.

82

Reproduced with permission of the copyright owner. Further reproduction prohibited without permission.



3.4.2 Case study 2

In this case study, factors such as the minimum and maximum power levels, minimum
height, power level step size, horizontal and vertical step size of the alarm device(s) are
explored. The work area is 6mx18mx13m (HxWxL) and includes five workstations. The
spatial coordinates and the target warning sound levels of the workstations are presented
in Table 3.11. The workstations’ target levels are again assumed to be generated by
“Detectsound”. The reverberation time in the room is assumed to have the values shown
in Table 3.12. In this case study, Eyring late reverberation with a third order of early

reflections is being evaluated.

1 2.0 1.0 82.0 950 |
2 11.0 11.0 89.0 102.0
3 12.0 2.0 85.0 98.0
4 6.0 8.0 83.0 96.0
5 14.0 11.0 91.0 104.0

Table 3.11: The workstation coordinates and the minimum and maximum target levels in a hypothetical
work plant. The Z coordinates (height) are assumed to be 1.5 m (ear level).

F, _ 16 0.15
Ty 0.7 T 0.32
Fs 0.5 0.41
Fs 0.3 0.59
Fs 0.1 0.91

Table 3.12: Reverberation time and corresponding average absorption coefficient at each frequency.

3.4.2.1 Reference condition
The power level step size is 5 dB, the horizontal and vertical step sizes are 5 m

respectively, and the minimum height is 5 m. The minimum and maximum power levels
are 80 dB and 120 dB respectively (default values).
For F;, 11 possible solutions are established necessitating only one alarm device. One

solution is shown in Table 3.13; the efficiency of the solution is 1 dB.
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Alarm Index i Xi[m] ' # Power Level [dB]

Table 3.13: One possible solution for F; where Ty, = 1.6 s using Eyring late reverberation with a third order
of early reflections.

For F», 12 possible solutions are established necessitating only one alarm device. One

solution is shown in Table 3.14; the efficiency of the solution is 1 dB.

Alarm Index i Xi |m| Yi|m] Zi[m] Power Level [dB]

Table 3.14: One possible solution for F, where Tgy= 0.7 s using Eyring late reverberation with a third order
of early reflections.

For Fj3, 13 possible solutions are established necessitating only one alarm device. One

solution is shown in Table 3.15; the efficiency of the solution is 3 dB.

Alarm Index i Xi[m] Z; [m Power Level [dB]

Table 3.15: One possible solution for F; where Ts,= 0.5 s using Eyring late reverberation with a third order
of early reflections.

For F, four possible solutions are established necessitating only one alarm device. One

solution is shown in Table 3.16; the efficiency of the solution is 1 dB.

Alarm Index i

Table 3.16: One possible solution for F, where Ty;= 0.3 s using Eyring late reverberation with a third order
of early reflections.

For F’s, 49 possible solutions are established requiring two alarm devices. One solution is
shown in Table 3.17; the efficiency of the solution is 3 dB. The warning sound level

distribution in dB is shown in Figure 3.25.
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Fig. 3.25: Warning sound level distribution (dB) in the room for F’s using Eyring late reverberation with a
third order of early reflections. Two alarm devices D/ and D2 are required.

Yi[m]| Zi|m] Power Level [dB]

110.0

115.0

Table 3.17: One possible solution for Fs where Tgy=0.11 s using Eyring late reverberation with a third
order of early reflections.

3.4.2.2 Effect of power level step size
The power level step size is now set to 1 dB; however the horizontal and vertical step

sizes and the minimum height maintain their values in section 3.4.2.1. The minimum and
maximum power levels maintain their default values. Results in this case are quite similar
to section 3.4.2.1 for the frequencies F;, F», F; and F; but some of the solutions require
less power level. However, for Fs, 10 possible solutions are established requiring only
one alarm device instead of two alarm devices in section 3.4.2.1. One solution is shown
in Table 3.18; the efficiency of the solution is 2 dB. The warning sound level distribution

in dB is shown in Figure 3.26.
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Alarm Indexi1 X |m] / Zi Power Level [dB]

13.0 6.0 118.0

Table 3.18: One possible solution for Fs where Tg,=0.11 s using Eyring late reverberation with a third
order of early reflections.

= Alerm Map
Solution Number 101

Sound Pressure Level (dBY {~Erler the levei(m) please -1 Min Lp (0B) F.E——_
i

% Color scale 1

I |

™ Numbers

Level

‘ Fig. 3.26: Warning sound level distribution (dB) in the room for F; using Eyring late reverberation with a
third order of early reflections. Only one alarm device D1 is required.

3.4.2.3 Effect of grid size
In this case, the power level step size is set to 1 dB; the horizontal and vertical step sizes

and the minimum height are now set to 1 m, 1 m, and 1.5 m respectively. The minimum
and maximum power levels maintain their default values.

Results in this case are quite similar to section 3.4.2.1 for the frequencies Fj, F>, F3 and
F4; but much more solutions are found due to the finer node grid. Some of the solutions
require less power level. For instance, for F's, 270 solutions are found requiring one alarm

device. One solution is shown in Table 3.19; the efficiency of the solution is 1 dB.
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Alarm Index i X [m] i Power Level [dB]

1

Table 3.19: One possible solution for Fs where T5 = 0.11 s using Eyring late reverberation with a third
order of early reflections.

3.4.2.4 Effect of power level range
Similar to section 3.4.2.1, the power level step size is set to 5 dB; the horizontal and

vertical step sizes and the minimum height are now set to S m, 5 m, and 5 m respectively.
However, the minimum and maximum power levels are now set to 95 dB and 108 dB
respectively. Generally speaking, when the maximum and/or minimum power levels are
limited, we may need more alarm devices since some of the solutions may be skipped.
For our case, the results for all the frequencies ¥, F, F3, Fy and F’s are different from
section 3.4.2.1. For instance, for F;, 275 possible solutions are established requiring two

alarm devices. One solution is shown in Table 3.20; the efficiency is 1 dB.

Alarm Index1 X [m] Power Level [dB]

1 18'04. 13.0 6.0 105.0
2 15.0 13.0 6.0 105.0

Table 3.20: One possible solution for ; where Ty, = 1.6 s using Eyring late reverberation with a third order
of early reflections.

3.4.3 Discussion
The results are quite similar for the scenarios presented in sections 3.4.1.1 and 3.4.1.2 for

the frequencies F1, F2, F3 and F4 for Eyring versus Sabine late reverberation with a

second order of early reflections. However, for F5, the reverberation time is 0.35 s and

the average absorption coefficient a for Sabine and Eyring late reverberation terms are
0.95 and 0.61 respectively. In this case, a difference is found. Using Sabine, a solution
with three alarm devices has been detected by “AlarmLocator”. On the other hand, using
Eyring a solution with only two alarm devices has been generated by “AlarmLocator”.
Generally speaking, in order to have a noticeable difference in the results between Sabine
and Eyring, the power level step size should be small (typically smaller than 2 dB) and/or
the horizontal and vertical step size should be small compared to the room’s dimensions.
Otherwise, a noticeable difference would occur only when the reverberation time is really

small (high absorption coefficient).
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Nevertheless, increasing the room average absorption coefficient a does not always

result in increasing the power level of the alarm device(s) or adding an extra device. The

workstation’s target levels acts as constraints for the alarm’s power level L,,. When a
increases, L., should also increase, but the aggregate sound power level coming from all
the alarms should still satisfy the target levels at each of the workstations. For instance, if

the workstations have the same target levels everywhere in the workplace, then there’s a

requirement for increasing L, when & increases; when L, reaches the maximum power

level, an alarm is added. In reality, the target levels for the workstations are dissimilar.

Therefore, increasing & may not always lead to increasing Ly, or adding another alarm
device. The workstation’s coordinates is another major factor that can affect the nature of
the solutions. A solution may be practical for a certain spatial arrangement of some
workstations and not feasible when these same workstations are arranged differently in
the same workplace.

The minimum and maximum power levels are quite important parameters. The wider the
window range between the minimum and maximum power levels, the more possible
solutions can be found, and the opposite is true. The power level step size, the horizontal
and vertical step sizes of the alarm device are also crucial factors in the solution
generation process of “Alarmlocator”. By setting the horizontal and vertical step size of
the alarm device to small values with respect to the room’s dimensions, much more
processing overhead is incurred while the results produced are more efficient and more
solutions are provided. The minimum height of the alarm device is set to 1.5 m (average
ear’s level) by default. However, generally speaking, alarm devices are typically installed
at a certain distance close to the ceiling. Therefore, the user has the choice of simply
using the default value or selecting the desired height, which will affect the possible
number of valid solution.

Essentially, it is a trade off between processing time and efficiency. A power level step
size in the range of (0, 2] dB will result in more accurate solutions but, on the other hand,
will require excess processing time. This is shown in case study 2 in section 3.4.2. By
setting only the power level step size to 1 dB in section 3.4.2.2 and by maintaining the
other input parameters (horizontal and vertical step sizes of the alarm device, minimum

height, and maximum and minimum power level), a difference in the solution space is
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depicted compared to a power level step size of 5 dB in section 3.4.2.1. For instance, only
one alarm device (L,=118 dB) is then required for Fs in section 3.4.2.2, as shown in
Table 3.17, comparing to two alarm devices (Ly;=115 dB and Ly,=110 dB) in section
3.4.2.1, as shown in Table 3.18. In section 3.4.2.3, by setting the power level step size to
1 dB, the horizontal and vertical step size to 1 m each, the minimum height to 1.5 m and
by maintaining the maximum and minimum power level to their default value, a large
difference in the solution space is depicted due to the fine grid size. Number of solutions
increase tremendously compared to sections 3.4.2.1 and 3.4.2.2. The user would have
more choices on installing alarm devices. Finally, in section 3.4.2.4, by minimizing the
range between the maximum and minimum power levels to 13 dB comparing to 40 dB in
the reference condition (section 3.4.2.1), the solution space is reduced. For instance, for
F; in section 3.4.2.4, only solutions with two alarm devices can be generated by
“AlarmLocator”; however, several solutions exist with only one alarm device in the
reference condition (section 3.4.2.1).

Currently, a brute force algorithm is implemented in “AlarmLocator”. The algorithm
exhaustively scans all possible solutions in the room to obtain the optimum number,
location and power level of warning devices. As discussed above, various step and grid
sizes must be specified by the user. Additional optimization methods may possibly be
implemented that require less user intervention. For example, the algorithm could again
scan the room for all possible locations, but an optimization algorithm would now be
applied at each node of the virtual “spiral like” path (Figure 3.3) to find the exact optimal
power level of warning devices, unconstrained by a power level step size. Other
sophisticated optimization algorithms could also be employed such as the conjugate
gradient method (White, 2004; Miller, 2000) or the steepest descent method (Jensen,
1995) to spatially locate the warning devices, uncontrained by a grid step size. However,
the latter methods require several iterations and this could require heavy processing since
the tool accounts for many variables.

The design window at each workstation generated by “Detectsound” is a major constraint
for the solution provided by “AlarmLocator”. “AlarmLocator” assumes static movement
in the workplace; workers are expected to maintain their positions at the workstations. To

deal with this issue, “AlarmLocator” currently generates a warning sound level
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distribution for the solution in the room. This overall view of sound level distribution is
useful for the user to assess the sound level near or away his workstation. Also, because
of rotation of staff, workers with different hearing status may sometimes be assigned to
the same workstation. In this case, the common range in target levels meeting the
requirements for all workers at each workstation would be fed into “AlarmLocator”
(Zheng, 2003).

The solution provided by “AlarmLocator”, consisting of the optimum number, location,
and power level of warning devices satisfies the design window provided by
“Detectsound”. However, unfortunate cases may occur when solution provides optimal
coordinates of warning devices at locations where other objects (panels, flashing light,
etc.) are already mounted in the room. In this case, “Testinglocator” can be employed to
explore other feasible solutions on walls in the neighborhood of the original solution.
Ultimately, specifying a solutions area, rather than a finite point location, would be a
desirable feature in future implementation of “AlarmLocator” to facilitate its use in

practice.
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Chapter 4. Validation

This chapter presents a detailed field validation of “AlarmLocator” in a classroom at the
University of Ottawa. Using sound measurement equipment, it was verified that
“AlarmLocator” could provide realistic solutions for the installation of warning devices.
Given that “AlarmLocator” and “TestinglLocator” employ the same sound propagation
algorithm, and therefore use identical formulas to compute sound pressure levels,

“AlarmLocator” was validated by using “Testingl.ocator”.

4.1 General procedure
The experimental validation consists of the following steps. First, the input parameters of

“TestingLocator” are specified. These include the room geometry (HxWxL) to obtain the
volume and the total surfaces of the room, and the reverberation time. The latter can be
obtained using two approaches: (1) calculated predictions based on the absorption
coefficients for the different surface elements in the room using tabulated data of
acoustical materials or (2) acoustical measurements using specialized equipment (section
4.2). The power level of the source(s) is also a required parameter for “TestingLocator”
and it is must be determined (section 4.3). In addition, “Testingl.ocator” requires the
coordinates of the sources and workstations in the room. The sound propagation for a
variety of source and workstation configurations can than be simulated with
“Testinglocator”. The results are compared to sound pressure level measurements at

each workstation in the real room (section 4.4).

4.2 Room specifications
In this section, the room dimensions are specified and the absorption coefficients of

various surface elements in the room are described. The reverberation time in the room is

then determined by computations and by measurements.

4.2.1 Description
The room selected is classroom 3031 in Roger Guidon Hall at the University of Ottawa.

The room is almost rectangular apart from an irregular corner, as shown Figure 4.1. The
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walls are made of Gypsum board with the following additional architectural features on

the different sides:

Side A:
e 0.91mx2.12m (WxL) metal door
e 5.735mx1.22m (WxL) acoustic panel, 1.22 m above the ground
e Post with a circumference of 1.46 m

Side B includes:
e 5.78mx1.22m (WxL) acoustic panel, 1.22 m above the ground

Side C includes:
e 1.07mx1.22m (WxL) acoustic panel, 1.22 m above the ground.

Side D includes:
e 7.12mx1.22m (WxL) acoustic panel, 1.22 m above the ground.

Side E includes:
e 3.67mx1.23m (WxL) white board, 0.9 m above the ground.

The ground floor of the room consists of carpet on concrete while the ceiling is made of

acoustical tile materials.

By assuming the room to be rectangular, thereby ignoring the irregular corner, the room
dimensions become: 2.66mx7.90mx6.58m (HxWxL), as shown in Figure 4.2. The post
was also ignored, and the metal door was assumed to be part of the wall and sharing its

properties.
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Fig. 4.1: Room layout.

4.2.2 Reverberation time computation
The materials used in the room and the tabulated absorption coefficients at octave

frequencies between 250 and 4000 Hz are listed in Table 4.1.
The average absorption coefficient a of the room was calculated using equation (19):

a= L(ozlS1 +a,S, +a,8; +....+a,S,)

tot

where a;.s5, S;.5 and S;,; are illustrated in Table 4.1.

The reverberation time was computed using Eyring’s formulation (21):

_—0.16V
Sln(l-a)
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Fig. 4.2: Room layout with source (A, B, C) and workstation (SLM1-4) coordinates used for reverberation
time measurements.

The total room surface and volume are 180.62 m® and 138.27 m® respectively.

Reverberation times and absorption coefficients are listed in Table 4.2.
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Element

Material type used

Absorption
coefficient

Total surface
[m’]

1.Wall

Gypsum board, Y% in.

thick

Fi: 0.10
F»: 0.05
F;: 0.04
F4Z 0.07
Fsl 0.09

48.11

2.White board

Standard glass
window

Fi: 0.25
F,: 0.18
F3:0.12
F4: 0.07
Fs: 0.04

4.51

3.Panel

Fiberglass, 1'% in.
thick

F1: 0.91
F2: 0.80
F3: 0.89
F4: 0.62
Fsl 0.47

24.04

4.Carpet

Carpet on concrete

F1: 0.06
F»:0.14
F3: 0.37
F4: 0.60
Fs: 0.65

51.98

5.Ceiling

Acoustical tiles

Fi: 045
F,: 0.81
F3: 0.97
F4I 0.93
Fs5: 0.82

51.98

Stot

180.62

Table 4.1: Absorption coefficients of room materials (F;:250, F;:500, F5:1000, F,:2000, and Fs: 4000 Hz)
[From (Irwin & Graf) 1979].

Frequency [Hz] Reverberation time [s] Average absorption coefficient
F=250 0.34 0.30
F,=500 0.24 0.40
F3=1000 0.17 0.52
F4=2000 0.16 0.54
Fs=4000 0.17 0.51

Table 4.2: Predicted reverberation times and average absorption coefficients.
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Equipment
Briiel and Kjaer 2250 hand-held analyser

Briiel and Kjaer 7841 Dirac Room Acoustic Software

Briiel and Kjaer 7816 Acoustic Determinator

IBM portable computer with an embedded sound card

Briiel and Kjaer 1405 noise generator

Briiel and Kjaer 2716 power amplifier

Briiel and Kjaer 4295 omnidirectional source

Table 4.3 Sound generating and measuring equipment used during the validation process.

4.2.3 Reverberation time measurements
Reverberation times were also measured using Dirac Room Acoustic software, a hand-

held sound analyser, a Power amplifier and an omnidirectional sound source. The

equipment used is listed in Table 4.3. The experimental set-up is illustrated in Figure 4.3.

Power Amplifier Type 2716

OmniPower Type 4295

Fig. 4.3: Experimental setup for measuring the reverberation time.

The software tool Dirac is installed on a portable computer with a sound card. Using
Dirac, a MLS (minimum length sequence) is generated and amplified by the power
amplifier connected to the omnidirectional source. The sound level meter (hand-held
analyzer), which is connected to the input of the sound card, and the omnidirectional
source are placed at various locations in the room as shown in Figure 4.2. There are 3
possible source positions (A, B, and C) and 4 receiver positions (SLM1, SLM2, SLM3,
and SLM4). For each source-receiver configuration, the space reverberation time (based

on T3p) is computed over 36 sweeps for a MLS lasting 0.68 s, and then averaged. The
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average reverberation time at each frequency is presented in Table 4.4 over different
source-receiver configurations. Although many alternative locations exist for the sound
source and sound level meter, the average reverberation time over all configurations (last
row in Table 4.3) is used for the simulations with “TestingLocator” (section 4.4).

The reverberation time measured with Dirac can be compared to those calculated based
on Eyring’s theory (equation 21) in Table 4.5. Although the measured and predicted
reverberation times from calculation follow the same trends, predicted reverberation
times are smaller than measured reverberation times. The differences may be attributed to
1) failure to consider many objects (tables, chairs, closets, and computers) during the
computation of reverberation time using equation (21), and 2) the use of approximate
tabulated values for the absorption coefficient of room materials (Table 4.1). The two sets

of reverberation times are used in section 4.4 for making sound pressure level

predictions.
T60 [s] 250 [Hz] 500 [Hz] | 1000 [Hz] 2000 [Hz] 4000 [Hz]
A-SLM1 0.586 0.376 0.252 0.254 0.268
A-SLM2 0.546 0.37 0.247 0.241 0.255
A-SLM3 0.537 0.36 0.242 0.245 0.25
B-SLM3 0.468 0.398 0.254 0.226 0.249
B-SLM4 0.438 0.326 0.259 0.237 0.26
C-SLM4 0.469 0.348 _ 0227 0.221 0.26
AVG | 0507333 | 0.363 | 0.246833 | 0.237333 |- 0.257

Table 4.4: Reverberation times for the various source and receiver configurations displayed in Figure 4.2.

Frequency Predicted T [s] Average measured Teg Difference
[Hz] [s] between average
predicted and
measured Tep [s]
F1=250 Hz 0.33 0.51 -0.18
F2=500 Hz 0.24 0.36 -0.12
F3=1000 Hz 0.17 0.25 -0.08
F4=2000 Hz 0.16 0.24 -0.08
F5=4000 Hz 0.17 0.26 -0.09

Table 4.5: Measured vs. predicted reverberation times in the room.

4.3 Sound Power Level computation
Knowledge of the sound power level generated by the omnidirectional source is required

for the experimental validation of “AlarmLocator” using “TestingLocator”. For this
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validation, Briiel and Kjaer Type 4295 omnidirectional source is used. However, the
manufacturer’s specifications do no rate the actual sound power level for a given
electrical signal. The experimental setup for determining the source’s sound power level
is shown in Figure 4.4. A white noise generator with 20-kHz upper frequency limit is
connected to the power amplifier, which is in turn connected to the omnidirectional
source. The sound level meter is connected to the input of the sound card of the portable

computer.

OmniPower Type 4295

Fig. 4.4: Experimental setup for determining the sound power level of the omnidirectional source

Method II of the Acoustic Determinator software (Briiel and Kjaer 7816) is used to
compute the sound power level of the source. This method determines the sound power
level in a given sound direction and is usually used when the size of the source is
considerably smaller than the measuring distance. The measuring distance should satisfy
the following restrictions:

R < 0.5 Hb;

Hb+0.05R<Hm<Hb+02R,

where:

R = distance between source and receiver

Hb = height of the source and

Hm = height of the receiver.

For distances less than 20 m, neglecting atmospheric absorption, Acoustic Determinator

uses the following formula to compute the source’s power level:
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Lw = Lp + 10logdnR>.

Sound pressure level measurements were carried out at 8 positions around the source at a

distance R=0.5 m and at a height of Hm=1.4 m. The source height Hb was 1.35 m.

Measured sound pressure levels and the sound power levels computed with Acoustic

Determinator are found in Table 4.6. For each frequency, the average sound power level

across the various locations was also computed (last row of Table 4.6).

sound power level computed using Acoustic Determinator.

4.4 Evaluation of “TestingLocator”

4.4.1 Measurements
The various source and workstation configurations used for this validation are shown in

F1=250 F2=500 F3=1000 F4=2000 F5=4000
Lp[dB] | Lw[dB] | Lp[dB] | Lw[dB] | Lp[dB] | Lw[dB] | Lp[dB] | Lw[dB] | Lp[dB] | Lw[dB]
Pos1 84.2 89.2 78.9 83.9 774 82.4 81.9 86.9 82 87
Pos2 83.9 88.9 78.3 83.3 77.4 82.4 82.3 87.3 82 87
Pos3 83.8 88.8 79.7 84.7 77.8 82.8 82.1 87.1 81.8 86.8
Pos4 84 89 78.6 83.6 77.5 82.5 82.5 87.5 82 87
Pos5 84.9 89.9 79.7 84.7 78.8 83.8 85.5 90.5 88.9 93.9
Pos6 84.9 89.9 79 84 78.2 83.2 84.2 89.2 86.4 91.4
Pos7 83.56 88.5 78.5 83.56 76.8 81.8 81.3 86.3 80.2 85.2
Pos8 83.7 88.7 78.1 83.1 76.7 81.7 81 86 79.9 84.9
AVG | sea| | 838| | 825] - | ‘876 | 879
Table 4.6: Sound pressure level measured at 0.5 m from the omnidirectional source and corresponding

Figure 4.5. There are 5 source positions and 5 workstations. Only one source was

operated at any given time. The sound power levels are listed in Table 4.6. Using the

sound level meter, sound pressure levels at each workstation was measured using one

octave band using the same measurement set up as is Figure 4.4. Results are listed in

Table 4.7.
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Sources | 1/10ct Workstations

Hz w1 W2 W3 W4 W5
Sourcel | F1:250 | 786 79.2 76.2 75.7 76.4
F2:500 69.4 71.8 67.2 67.1 65.9
F3:1000 63.8 65.8 61.7 61.4 60.9
F4:2000 | 72.7 70.9 70.4 67.2 69.5
F5:4000 | 73.9 73.7 71.7 67.6 69.1
Source2 | F1:250 | 77.8 783 78 80.9 78.1
F2:500 68 703 69.9 70.1 69.4
F3:1000 | 622 61.9 63.5 64 60.4
F4:2000 | 72.1 70 68 68.8 67.8
F5:4000 70 73.8 71.8 73.2 70.4
Source3 | F1:250 76.1 76.6 76.3 81.3 78.9
F2:500 | 67.5 66.2 70.9 739 70.6
F3:1000 64 62.6 66.4 72.8 67.8
F4:2000 68.8 68.7 72.6 79.1 73.2
F5:4000 70.7 71.1 73.4 77.6 75.1
Source4 | F1:250 79.2 80 83.1 83.1 82.8
F2:500 72.7 71.8 74 73.2 76.7
F3:1000 | 62.8 62.2 66 64.4 69.2
F4:2000 67 68.4 68.3 71.5 72.5
F5:4000 | 67.9 70.9 71.8 73.3 78.6
Source5 | F1:250 | 79.9 80.8 78.9 76.8 78.6
F2:500 69.4 71.2 68.8 65.7 67.3
F3:1000 64.2 62.3 61.2 59.7 61
F4:2000 | 74.7 73.7 69.7 67.6 73.6
F5:4000 73.8 73.9 72 69.4 70

Table 4.7: Sound pressure level measurements (dB SPL) for each source-workstation configuration and in
the real room.

4.4.2 Simulations
Simulations for the various source-workstation configurations (Figure 4.5) using

“TestingLocator” were carried out for various settings of the late reverberation term
(Eyring and None) and order of early reflections (0, 1, 2, and 3). The difference in sound
pressure level predicted by “Testinglocator” and that measured using the sound level
meter (Table 4.7) is found in Tables 4.8-4.11 for None late reverberation for orders 0 to
3, and in Table 4.12-4.15 for Eyring late reverberation for orders 0 to 3. For each
frequency, the average difference for all the 25 arrangements (5 sources, 5 workstations)

is presented. The average across all frequencies for 125 arrangements (5 sources, 5
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workstations, 5 frequencies) is also computed. The measured reverberation time data
(Table 4.4) is used for these predictions.

Finally, sound level predictions were also obtained based on the reverberation time data
calculated from the various absorptive surface elements in the room (Table 4.2). Table
4.16 shows the difference in sound pressure level for Eyring with order 2 of early
reflections and the measured values from the sound level meter for 125 configurations (5

sources, 5 workstations, 5 frequencies).

715 ¢ —> & 78 cm—>
sourceg (378,790,250) 'som'cel (378,790,150) ,\ T
108 cm 7j, ‘m
w1 (200,590 4£8.5
X 1( ) xwz(-t 8,500)
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658 cm XW3(329,400)

580 ¢

ws(200,250)
X

w4(458,100
% 46 )

sourcey (0,0,266) sources (329.0.150)

790 cm

Fig. 4.5: Room configurations for validation of “TestingLocator”.
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AVE [dB] | STDEV[dB] [ N
F1=250 Hz -12.91 3.49 25
F2=500 Hz -9.31 3.48 25

F3=1000 Hz -4.34 2.88 25
F4=2000 Hz -6.22 2.52 25
F5=4000 Hz -7.44 2.11 25

ALLF -8.04 4.12 125

Table 4.8: Difference in sound pressure level between the solutions provided by “TestingLocator” for None
with a zero order of early reflections and the measured values from the sound level meter for 125
configurations (5 sources, 5 workstations, 5 frequencies).

AVE [dB] | STDEV[dB] | N
F1=250 Hz -6.94 3.61 25
F2=500 Hz -354 3.50 25

F3=1000 Hz 0.97 3.16 25

F4=2000 Hz -0.96 2.53 25

F5=4000 Hz -2.06 2.29 25

ALLF -2.51 4.03 125

Table 4.8: Difference in sound pressure level between the solutions provided by “TestingLocator” for None
with a first order of early reflections and the measured values from the sound level meter for 125

configurations (5 sources, 5 workstations, 5 frequencies).

AVE [dB] | STDEV[dB] | N
F1=250 Hz -427 2.77 25
F2=500 Hz -1.22 3.08 25

F3=1000 Hz 2.98 2.90 25
F4=2000 Hz 0.99 2.30 25
F5=4000 Hz -0.04 2.03 25

ALLF - 0.31 3.56 125

Table 4.10: Difference in sound pressure level between the solutions provided by “TestingLocator” for
None with a second order of early reflections and the measured values from the sound level meter for 125

configurations (5 sources, 5 workstations, 5 frequencies).

AVE[dB] | STDEV[dB] | N
F1=250 Hz -2.94 2.44 25
F2=500 Hz -0.08 2.85 25

F3=1000 Hz 3.49 3.20 25

F4=2000 Hz 1.86 2.22 25

F5=4000 Hz 0.91 1.94 25

ALLF 0.65 3.32 125

Table 4.11: Difference in sound pressure level between the solutions provided by “TestingLocator” for
None with a third order of early reflections and the measured values from the sound level meter for 125
configurations (5 sources, 5 workstations, 5 frequencies).
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AVE [dB] | STDEV[dB] | N
F1=250 Hz -0.30 2.12 25
F2=500 Hz 2.28 2.78 25
F3=1000 Hz 4.99 2.62 25
F4=2000 Hz 2.92 2.44 25
F5=4000 Hz 2.08 2.27 25
ALLF 2.39 2.96 125

Table 4.12: Difference in sound pressure level between the solutions provided by “TestingLocator” for
Eyring with a zero order of early reflections and the measured values from the sound level meter for 125
configurations (5 sources, 5 workstations, 5 frequencies).

AVE [dB] | STDEV [dB] N

F1=250 Hz -0.32 2.19 25
F2=500 Hz 1.67 2.68 25
F3=1000 Hz 4.88 2.65 25
F4=2000 Hz 2.78 2.23 25
F5=4000 Hz 1.96 2.01 25
ALLF 2.20 2.88 125

Table 4.13: Difference in sound pressure level between the solutions provided by “TestingLocator” for
Eyring with a first order of early reflections and the measured values from the sound level meter for 125
configurations (5 sources, 5 workstations, 5 frequencies).

AVE [dB] | STDEV[dB] | N

F1=250 Hz -0.26 2.18 25
F2=500 Hz 1.71 2.71 25
F3=1000 Hz 4.90 2.68 25
F4=2000 Hz 2.82 2.20 25
F5=4000 Hz 2.00 1.96 25
ALLF 2.23 2.87 125

Table 4.14: Difference in sound pressure level between the solutions provided by “TestingLocator” for
Eyring with a second order of early reflections and the measured values from the sound level meter for 125
configurations (5 sources, 5 workstations, S frequencies).
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AVE[dB] | STDEV[dB] | N

F1=250 Hz -0.24 2.17 25
F2=500 Hz 1.75 2.69 25
F3=1000 Hz 493 2.67 25
F4=2000 Hz 2.85 2.19 25
F5=4000 Hz 2.02 1.95 25
ALLF 2.26 2.86 125

Table 4.15: Differences in sound pressure level between the solutions provided by “TestingLocator” for
Eyring with a third order of early reflections and the measured values from the sound level meter for 125
configurations (5 sources, 5 workstations, 5 frequencies).

AVE STDEV N
F1=250 Hz -2.34 229| 25
F2=500 Hz -0.31 2.81| 25

F3=1000 Hz 2.90 275 25

F4=2000 Hz 0.70 219 25

F5=4000 Hz -0.20 1.95| 25

ALLF 0.15 2.93 | 125

Table 4.16: Differences in sound pressure level between the solutions provided by “TestingLocator” for
Eyring with a second order of early reflections using the predicted reverberation times (Table 4.2) and the
measured values from the sound level meter for 125 configurations (5 sources, 5 workstations, 5
frequencies).

Average difference in sound pressure level over 125

amrangements
4
m 2 mNone0-Data
h o = Nonel-Data
i 0None2-Data
g 2 ONone3-Data
%—' 4 = Eyring0-Data
5 54 ® Eyring4-Data
g ' m Eyring2-Data
z |+ B Eyring3-Data

10 A

Fig. 4.6: Average difference in sound pressure levels over 125 configurations for None and Eyring with
zero, first, second and third order of reflections based on simulations with measured reverberation times.
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4.2.3 Discussion
The average difference in sound pressure levels over 125 configurations is displayed in

Figure 4.6 for None and Eyring late reverberation terms with zero, first, second and third
order of early reflections based on simulations with measured reverberation times.

As shown in Figure 4.6, when None with zero order of reflections is employed, an 8.04
dB underestimation occurs, which decreases to 0.31 dB by increasing the order of
reflections to two. There is a slight overestimation of 0.65 dB for None with third order
of reflections. When Eyring is used, an overestimation is noted for all orders of
reflections, up to 2.39 dB for order 0. On the other hand, the standard deviation of error is
lower with Eyring (2.86 - 2.96 dB) than None (3.32 — 4.12 dB) for all orders of
reflections. The standard deviation values in Tables 4.8-4.15 express the dependence of
the error on the position of the sources and workstations in the room. This spatial
dependence is expected given the assumption of uniform sound absorption in the room
using “AlarmLocator” or “TestingLocator”, while the actual room under study has both
highly reflective and highly absorbing surface elements (Table 4.1). The frequency
content of the source is also a key factor. Indeed, simulations have demonstrated that the
average error is significantly smaller when using a 250-Hz sound rather than 1000-Hz.

As shown in Table 4.16, “TestingLocator” solutions appear to be more precise when the
predicted reverberation time data is used rather than the measured reverberation time
data. For example, when using the predicted reverberation time, the error with Eyring late
reverberation with a second order of early reflections is only 0.15 dB + 2.93 dB
compared to 2.23 dB * 2.87 dB. Therefore, this tool needs to be validated over a wider
range of different rooms in order to determine the best strategy to use to specify acoustic
absorption in the room.

Overall, using Eyring late reverberation, the errors in estimation are relatively small
compared to the “Detectsound” design window [TLmim TLma] (13 dB) at each
workstation. Typically, solutions from “AlarmLocator” are listed according to their
efficiency deviations (in dB) from a target sound pressure level in the mid range of the
window [TLmin, TLmax). Therefore, the errors in estimation would not generally affect the

decision outcome for alarm specifications; the sound pressure level at the workstation
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would still be inside the design window, provided solutions with efficiency values better

than 2-3 dB can be generated.
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Chapter 5. Conclusions

In this thesis, a new software tool, referred to as “AlarmLocator”, automates the process
of installing auditory warning devices in a given setting, in terms of the characteristics of
the devices to use and their optimal location in the plant. The software tool, when use in
combination with psychoacoustic model “Detectsound” (Zheng, 2003; Zheng et al.,
2006), produces a solution to two practical installation problems: (1) selecting a suitable
number of warning devices and acoustic power for a given work area, and (2) specifying
the location of the devices in the plant in such a way that the signals emitted are clearly
audible by all workers at all workstations. Thus, a solution to the problem of installing
warning devices is provided in a format that can be easily understood and used in the
workplace.

“AlarmLocator” accounts for the sound propagation of auditory warning signals from the
physical device location (on walls) to the position of individual workers or workstations.
In contrast to prior work (Nanthavanij & Yenrades, 1999), both the direct and reverberant
fields from the alarm devices are considered. “AlarmLocator” provides solutions for
multiple frequencies. It accounts for up to five different alarm frequencies presented
separately or simultaneously. An associated tool, “TestingLocator” has been created as an
option in “AlarmLocator”. This tool is useful for testing alarm configurations at specific
locations in a given room for debugging or verification purposes.

A simple hybrid method, combining the mirror image technique and the classical room
acoustics theory was used in this research to compute the sound pressure level generated
by acoustic alarm devices. The former technique accounts for wall-placement directivity
effects by using a relatively low order of virtual sources to simulate early reverberation.
The classical theory of room acoustics is adapted to incorporate the late reverberation.
The method only requires specification of the overall room dimensions and the estimated
or measured reverberation time; however, it is currently limited to rectangular-shaped
rooms. It can be easily calibrated to the actual room under study; that is the average
absorption coefficient used in the model can be based on an actual measurement in the

real room instead of being calculated from database acoustical materials.
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An exhaustive scanning algorithm is employed in this research to check all possible
solutions. The result is the optimum number, location and power level of acoustic
warning devices. The proposed method is a compromise between accuracy, ease of use
and the requirement for simulating a large number of source-receiver configurations in
the warning device optimization process. Currently, spatial grid and power level step
sizes must be specified by the user and this may require a certain amount of testing and
experimentation with the software for each particular case. Future implementations may
consider optimization methods that automatically find solutions without the need to
specify grid and/or step sizes.

This sound level prediction method was validated in room 3031 of Roger Guidon Hall,
University of Ottawa, to verify that “AlarmLocator” could provide realistic solutions of
optimal installation of acoustic warning devices in the workplace. The validation
illustrates the effectiveness of “AlarmLocator”. An average error over 125 arrangements
(source, receiver, frequency) of 2.2 dB was found (standard deviation of 2.9 dB) when
acoustic absorption was based on measured reverberation time while the average error
was 0.15 dB (standard deviation of 2.9 dB) when based on predicted reverberation time.
In either case, the error is considered small compared to the size of the “Detectsound”
design window (13 dB) at each workstation. Such an error in estimation does not affect
the decision outcome; the sound pressure level at the workstation would still be inside the
design window, unless the efficiency of the solution is poor. This tool needs to be
validated in rooms of different sizes and absorption characteristics to assure its acoustic
accuracy. For best installation, when a solution is generated from “AlarmLocator”,
verification by sound measurement equipments is preferably required to ensure efficiency
of the audibility of warning devices at the desired workstations in the workplace.
“AlarmLocator” coupled with “Detectsound” thus provide an optimized solution to the
complex problem of efficiently installing warning devices in a noisy work plant. To date,
acoustic warning signals have been installed using intuitive techniques with little
considerations to the issues contributing to an efficient use. In this research, a method for
predicting the number, location and power level of warning devices is available to help
stakeholders in occupational health and safety make informed decisions regarding the

purchase and installation of warning devices. It could help decrease the risk of accidents
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due to failure to react to danger situations, and prevent auditory trauma and startle reflex
reactions resulting from overly loud signals. This work will also contribute to new
knowledge and insight into the optimal design and operation of warning devices in the
workplace, which will be directly relevant to device manufacturers and standardization
organizations. It is hoped that the general modeling framework offered by “Detectsound”
and “AlarmLocator” will lead to more valid and accurate solutions for the installations.

In the future, the “AlarmLocator” model can be further improved by considering rooms
with irregular boundaries shapes (L’Espérance, (2000); Borish, (1984)). Since the
algorithm for “AlarmLocator” assumes the warning devices to be omnidirectional
sources, “AlarmLocator” can also be expanded to include directional sources in the
future. In the meantime, it is recommended to verify final solutions provided by
“AlarmLocator” with sound level measurement equipments once alarm devices are
installed in a real environment. Finally, it also needs to be tested with “Detectsound” in
subjective experiments in real workplaces to ensure that the solutions are not only
acoustically accurate but warning sound levels are judged to be clearly audible by
listeners (Annex B ISO 7731).
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