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Abstract
Both reverberation time and steady-state sound field are the key elements for
assessing the acoustic condition in an enclosed space. They affect the noise
propagation, speech intelligibility, clarity index, and definition. Since the sound field
in a long space is non diffuse, classical room acoustics theory does not apply in this
situation. The ray tracing technique and the image source methods are two common
models to fathom both reverberation time and steady-state sound field in long
enclosures nowadays. Although both models can give an accurate estimate of
reverberation times and steady-state sound field directly or indirectly, they often
involve time-consuming calculations. In order to simplify the acoustic consideration, a
theoretical formulation has been developed for predicting both steady-state sound
fields and reverberation times in street canyons. The prediction model is further
developed to predict the steady-state sound field in a long enclosure. Apart from the
straight long enclosure, there are other variations such as a cross junction, a long
enclosure with a T-intersection, an U-turn long enclosure.
In the present study, an theoretical and experimental investigations were
conducted to develop formulae for predicting reverberation times and steady-state
sound fields in a junction of a street canyon and in a long enclosure with
T-intersection. The theoretical models are validated by comparing the numerical
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predictions with published experimental results. The theoretical results are also
compared with precise indoor measurements and large-scale outdoor experimental
results.
In all of previous acoustical studies related to long enclosure, most of the studies
are focused on the monopole sound source. Besides non-directional noise source,
many noise sources in long enclosure are dipole like, such as train noise and fan noise.
In order to study the characteristics of directional noise sources, a review of available
dipole source was conducted. A dipole was constructed which was subsequent used
for experimental studies. In additional, a theoretical model was developed for
predicting dipole sound fields. The theoretical model can be used to study the effect of
a dipole source on the speech intelligibility in long enclosures.
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Chapter 1
Introduction
1.1 Background of research
The objective of this study is to predict the sound field in a long enclosure. The
parameters of interest in this study include steady-state sound fields and reverberation
times. An enclosed area can be identified as a long enclosure where one dimension is
much larger than the other two. In addition, the other two dimensions are still
relatively greater than the acoustic wavelength of interest. In this study, the long
enclosure is modelled to have a rectangular cross section and to be of an infinite
length, i.e. no end wall reflection. The examples are underground train station and its
platform, a road or rail tunnel, a pedestrian subway and a corridor in a building. Apart
from the straight long enclosure, there are other variations. By treating the flanking
facades as a pair of parallel side walls, the road pavement is taken as the floor, and the
opening at the top is represented by a perfectly absorptive ceiling, meaning that a
street canyon can be considered as an extreme variation of long enclosure. A T-shape
corridor, a long corridor with a perpendicular side branch, is the other typical example.

1

Numerical Models for Sound Propagation in Long Spaces

The associated acoustic problems in a long enclosure are high ambient noise and lack
of speech intelligibility.

Normally, acoustic consideration is not placed in the first priority when constructing
long enclosures. Cost consideration and associated maintenance problems drive the
design engineers to use less sound absorption materials for noise reduction. For fire
drills, verbal warnings and general announcements are provided by public address (PA)
systems which are normally installed in long enclosures. Increasing the sound power
output of the PA system will increase the audibility but not necessarily improve the
speech intelligibility directly. There are several factors that affect the speech
intelligibility including speech to noise level or so called signal to noise ratio and
reverberation times in long enclosures.

Speech transmission index (STI) is one of the widely acceptable ways to indicate the
quality of sound perception [1, 2]. Speech transmission index is a single index that
was developed for predicting speech intelligibility of various types of transmission
channels and is now widely used for room acoustic to classify the quality of sound
perception. To calculate this single index, most of the important acoustics parameters
such as steady-state sound pressure level, reverberation time and ambient noise level
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have been considered. Rapid speech transmission index (RASTI) is a simplified
version of the STI that can indicate the speech intelligibility and it has also been
demonstrated that both RASTI and STI are highly correlated [3].

In order to predict the speech intelligibility, both the steady-state sound fields and
reverberation times should be considered. Based on the assumption of a diffuse sound
field, the classical room acoustic theory [4] was developed and used for more than a
century to predict the reverberation time in a regular enclosure. By the reverberation
time, the steady-state sound field can be calculated accordingly [5]. However, due to
widely different dimensions of a long enclosure, this classical theory is unsatisfactory
as the assumption of the diffuse field does not hold in this situation. Yamamoto [6]
was the first to study propagation of sound fields in corridors in the 1960s. After that,
a lot of investigations relating to the steady-state sound fields and reverberation times
in long enclosures have been conducted. Most of investigations are using either the
image source method or the ray tracing technique. Although most of the models can
give an accurate estimate of the steady-state sound field and reverberation times, they
often involve time-consuming calculations. Furthermore, studies related to
non-straight long enclosures are very limited even though the non-straight long
enclosures are commonly found in our daily life.
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Besides reverberation times and steady-state sound fields, ambient noise is the other
important issue when predicting the speech intelligibility. In previous studies, the
ambient noise was assumed to be contributed by either a constant environmental noise
which was independent to the source and receiver locations or it was contributed by a
non-directional noise source. In the long enclosure, many noise sources are directional
and dipole like, such as train noise and fan noise. Although dipole sources are
assumed to be less efficient radiators than corresponding monopoles and neglected in
the ambient noise prediction in the room acoustic study, there are many situations
when the dipole strength is very large and there is no significant contribution from
non-directional noise sources in a long enclosure.

In order to simplify the acoustic consideration, a closed form theoretical formulation
is developed for predicting both the steady-state sound field and reverberation time in
a special variation of long enclosure – the street canyon in the first part of the study.
The formulation is generalised for predicting steady-state sound pressure level in a
straight long enclosure.

The theory for predicting noise through a junction in a street canyon is proposed
afterwards. The theory is further extended to predict sound field in a long enclosure
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with a T-intersection.

Besides non-directional noise sources, many noise sources in a long enclosure are
dipole like such as train noise and fan noise. In order to study the characteristics of
directional noise sources, a review of available dipole sources is conducted in the
study. In addition, a theoretical model is developed for predicting dipole sound fields.
The theoretical model can be used to study the effect of a dipole source on the speech
intelligibility in long enclosures.

1.2 Literature review
1.2.1 Speech-transmission intelligibility
Speech-transmission intelligibility is developed to measure the effectiveness of
understanding speech of various types of transmission channels which is standardized
for room acoustics so as to classify the quality of sound perception. There are
principally two different assessment methods for determining the intelligibility of
speech transmission system, namely subjective assessment and objective assessment.

Subjective assessment is an assessment method based on the use of speakers and
listeners to perform an intelligibility test with using phonemes, words (these may be
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meaningful words or nonsense words) and sentences. Various techniques have be used
to prepare the test material with meaningful words, nonsense words which consist of a
random combination of a consonant, vowel, and consonant (so called CVC-word) or
words embedded into a carrier phrase. The response method might allow the listener
to respond to what he/she thinks they have heard or to select from a group of
alternatives [7 - 10]. This assessment method has the obvious advantage of its
directness. However, there are some serious drawbacks, such as the need for a large
number of trained talkers, listeners and poor information on the type of degradation on
the channel.

Objective assessment is an assessment method based on the physical parameters of the
speech transmission channel to predict the intelligibility rather than measure. The
speech signal is assumed as the contributions of individual frequency bands and
physical parameters of the transmission channel include intensities of speech and
noise on individual frequency bands. The concept was first proposed between 1925
and 1930 by Fletcher [11] and modelled by French and Steinberg in 1947 [12]. By
using the proposed method a relevant index (Articulation Index, AI) was obtained.
The method was reconsidered by Kryter [13] who greatly increased its accessibility by
the introduction of a calculation scheme, work sheets, and tables. The calculation of
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the AI basically consists of three parts. First, the effective signal to noise ratio within a
number of frequency bands is calculated. Second, the effective signal to noise ratio is
transformed to an octave band contribution, ranging from one to zero. Third, the
weighted mean of the contributions of all relevant octave bands is calculated then
constitute the AI.

A new concept of Modulation Transfer Function (MTF) for assessing the effect of an
enclosure on speech intelligibility was introduced by Steeneken and Houtgast [1, 2].
The Modulation Transfer Function is a physical characteristic which reflects the effect
of the room (reverberation, interfering noise) on the modulation index of a
(hypothetical) test signal with a variable modulation frequency. The MTF can be
converted into a single index, the Speech Transmission Index (STI). The Speech
Transmission Index bears a direct relation to speech intelligibility and has been
applied in several cases [14, 15]. A study shows that the basic assumption of AI and
STI, predicting the intelligibility of speech is obtained by simple addition of the
contribution of individual frequency band, is not optimal [16]. Actually, contribution
of individual frequency bands is based on mutual dependence. Redundancy–correction
factors for adjacent frequency bands were introduced to improve prediction accuracy.
The IEC standard [17] was revised according to this improvement on 1998.
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The rapid speech transmission index (RASTI) is a simplified version of the STI. It is
depended on two octave bands, 500 Hz and 2000 Hz, and provides a fast evaluation of
speech intelligibility. Based on a series of articulation tests, it has been demonstrated
that the STI and RASTI were highly correlated with articulation scores [3].

1.2.2 Room acoustics
Sabine theory [4] is the classical room acoustic theory developed and used for more
than a century. Based on other considerations, Eyring developed a slightly different
formula which improves the prediction in the high sound absorption conditions [18].
Millington developed the other reverberation formula to avoid the Eyring mistake
when the surface material is highly absorbent and absorption coefficient is greater
than unity [19]. However, there is a drawback in Millington’s formula. When the
absorption coefficient of one of the surfaces of the room, even if it is very small, is
equal to unity, the absorption exponent would be infinitely large and the reverberation
time would be zero. Uniform absorption of all surfaces is the basic assumption of both
the Sabine and Eyring theories and uneven distribution of absorption will cause a
prediction error in both theories. Fitzry experimentally verified that problem, and then
proposed a formula in which the absorption exponent is calculated by an area-weight
absorption exponent in three orthogonal directions [20]. Based on Fitzry’s idea,
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Arau-Puchades proposed an improved reverberation formula which was based on a
weighted absorption exponent [21]. More recently, the ray tracing technique and the
image source method are two popular approaches that have been used to develop
numerical models for predicting reverberation times in rooms [22 - 25]. Despite these
efforts, the Sabine formula is still used today, especially in the preliminary design
stage because of its simplicity and ease of application. It can give a reasonable
estimate of the reverberation time in rooms.

1.2.3 Acoustic study for street canyon
From a scientific point of view, the investigation of outdoor sound propagation can be
traced back to the mid-nineteenth century. In the 1930s, the theoretical study of
outdoor sound propagation became popular since the concern for noise problem in
community became important. During this period, investigations were focusing on
geometrical spreading, atmospheric absorption, ground effect, refraction, the effect of
atmospheric turbulence and the effect of topography [26]. It is of interest to point out
that the first measurements of sound propagation in urban areas were performed to
determine an optimal location for sirens during 1940s [27, 28]. Wiener et al. [29]
conducted a theoretical study on the propagation of sound, the reverberation time, and
speech intelligibility in a city street of Boston. In 1970s, Aylor et al. [30] conducted a
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study to investigate the effect of ivy grown on building façades on the reverberation
time. Yeow [31, 32] performed some measurements of the reverberation time in
downtown residential areas. From their experimental results, Ko and Tang [33]
suggested that the reverberation time of a street canyon was proportional to the
volume bounded by the tall buildings in street canyons. Steenackers et al. [34] carried
out a series of experimental measurements of the sound decay curves in a street
canyon. Their study was focused on the determination of the absorption coefficient in
favour of the reverberation time of the street canyons but no theoretical models were
introduced.

There were also a number of other studies addressing the theoretical and numerical
aspects of sound propagation in street canyons in the past few decades. Typically,
either an image source model or a diffuse reflection model is used to compute the
sound fields and the reverberation times in a street canyon [35, 36]. Most of the image
source methods are based on incoherent models [37] although a coherent model has
been used in a recent study [38]. Despite these theoretical and experimental studies,
there is still no simple yet accurate formula to predict the noise levels and the
reverberation time in street canyons.
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Besides the straight street canyon, the cross junction is one of variations of street
canyon that can be found frequently in daily life. The sound field propagation
characteristic on the street canyon with cross junction is totally different to the straight
street canyon since part of the sound energy will be transmitted into the side arm of
the cross junction while the source and the receiver are separated by the junction. So
et al. [39 - 41] have used a coherent image source model to predict the sound field in
the “T” intersection and the “U” sharp section of a long enclosure. However, they do
not provide any systematic formation to do so. Besides the So et al. studies, there are
only a few studies related to the sound propagation through a junction in a street
canyon.

1.2.4 Acoustic study for a long enclosure
Based on the assumption of diffuse sound field, Sabine theory [4] was developed and
used for more than a century to predict the reverberation time in a regular enclosure.
The dimensions of a long enclosure, where one dimension is much larger than the
other two, mean those classical formulae are no longer valid in this situation.

Since 1960s, a number of investigations relating to sound propagation in a long
enclosure were conducted. Yamanoto [6] was among the first to study sound
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propagation in corridors. In the study, both source and receiver were located at the
centre of the corridor cross-section and the effect of numerous reflections from the
boundary walls was estimated numerically for a variety of absorption coefficients. The
experimental measurements were made with a maximum source-receiver distance of
18m. As a result, Yamamoto’s predictions were limited to allow generalisation to a
more general condition. Davies [42] presented a similar geometrical acoustics
approach to high frequency noise propagation in acoustically treated corridors in the
early 1970’s. Expressions are given for the attenuation of sound for a variety of cases
when one or more walls have high or low absorption coefficients. Kuttruff [43]
proposed two theoretical models for a town street. In the first he considered a street as
a long room with hard walls and a completely absorbing ceiling. The reverberation
time is deduced from Sabine’s formula where the length of the room is tending to
infinity. In the second he used an image-source model to calculate the intensity and
variability of the noise level from traffic flow. Kuttruff indicated the different between
the diffuse reverberation model and the image source method. Whether the diffuse
reverberation model or the image source method could be applied on the prediction
should depend mainly on the degree of the diffuseness that is introduced by
irregularities in the facades.
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In the late 1970’s, Sergeev [44] developed a series of simple formulae to predict the
sound density of an incoherent point source in city streets and in tunnels. The
formulae were developed from an image source method. In his study, a point source
was considered and total sound field summed the contributions from all reflection rays.
He pointed out that the attenuation is non-exponential and the decay is nonlinear on a
logarithmic scale. Air absorption and angle-dependent reflection coefficients were
considered in the study. However, he offered no measurement result to support his
model. Steenackers et al. [34] analysed the reverberation in town streets caused by the
multiple reflections between flanking houses and buildings. In the study, he noticed
that the decay curves were not straight but were curved. Furthermore, the decay
curves can be better explained by the image source method and not by the diffuse
reverberation model. The amount of reverberation depends mainly on the street width,
the absorption and the diffusion of the facades. The absorption coefficients can be
evaluated by means of a simple reverberation measurement combined with a correct
interpretation of sound decay curves. On the basis of this approach, the influence of
the street reverberation on the sound field produced during the passage of a single
vehicle was calculated.

In the early 1980’s, Redmore [45] developed an acoustic ray theory to predict relative
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sound pressure levels along a corridor or in adjacent rooms caused by a sound source
in a corridor. He suggested that sound level along a corridor can be divided into three
sections generally, e.g. direct field, beyond the direct field and reflection from end
termination. Direct field region is classified as the receiver close to the source and the
sound pressure level decreases rapidly (inverse square of the distance). Beyond the
direct field is a length of approximately linear sound pressure level attenuation region.
If the end termination has a large reflection coefficient, most of the sound energy
travelling along the corridor is reflected back and decreases the rate of sound pressure
level attenuation in the reflection region.

In the 1990’s, Kang [46] conducted measurements and showed that classical room
acoustics was not applicable in a long enclosure since the assumption of the diffuse
field does not necessarily hold for the extreme dimensions. Furthermore, theoretical
formulae for calculating the reverberation in rectangular long enclosures with
geometrically reflecting boundaries are derived by applying the image source method
[47]. The theory was validated by comparing the numerical predictions with the
experimental results that are conduced in a corridor. From these formulae, it can be
seen that the reverberation time increases sharply to a maximum and then decrease
slightly when increasing the source-receiver distance from zero to the receiver
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faraway from the sound. Air absorption was considered in Kang’s study also and the
reverberation time decay curves are more linear after taking the air absorption into
account. After that, a semi-empirical method was developed and, accordingly, a
computer program has been written [48]. The basic idea of this method is to correct
the calculations of existing theoretical formulae or computer simulation models with
an empirical database that is based on a physical scale model or site measurements.
Particular attention is given to the speech intelligibility of multiple loudspeaker public
address systems in underground stations.

In a recent study, Yang and Shield [49] developed a ray-tracing computer model to
predict the sound field in long enclosures with particular reference to rectangular and
curved cross sections, such as underground train stations. The model provides the
detailed predictions of sound pressure level, early decay time, clarity index, and
definition. The model also calculates the value of the speech transmission index at
individual points. Based on the technique of radiosity, Kang [50] developed a
computer model for calculating acoustic indices in rectangular enclosures with
diffusely reflecting boundaries. The model divides every boundary into a number of
patches and receivers with nodes in a network. The effectiveness and accuracy of the
model has been demonstrated in several enclosures. Lu and Li [51] were using simple
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ray theory that takes account of multiple reflections to develop a numerical model for
the sound field prediction in narrow streets with a width of less than 10 m.
Furthermore, based on coherently summing, they developed a simple numerical model
to predict sound propagation in long enclosures [52, 53]. The coherent model was
extended by Li and Lam [54] to predict the reverberation time and speech
transmission index. Based on fixed non-linear regression, statistically deriving
prediction functions from measured data and ray-tracing simulation results,
Wijngaarden and Verhave developed a statistical based prediction formula to simplify
the speech transmission index (STI) prediction for traffic tunnels [55]. Unfortunately,
the developed formula can only be applied in a particular traffic tunnel application
when the values of all variables fall within the specified ranges.

Although most of models described above can give an accurate estimate of
steady-state sound fields and/or reverberation times, there is basically no closed form
solution proposed by the investigators.

Apart from the straight long enclosure, there are other variations. A long enclosure
with a T-intersection and/or U-turn corridors are commonly found in office buildings,
shopping malls, residential houses and schools. Bend corridors and long enclosures
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with a cross-junction are frequently found in train stations and underground tunnels.
Studies that focus on the sound field propagation in branching long enclosures
becomes necessary but the related studies are limited to a few nowadays [39 - 41].

1.2.5 Dipole noise source in long enclosure
Speech intelligibility is affected by two factors; signal to noise ratio and reverberation
time. For predicting the speech intelligibility, background noise is assumed as either
created by a non-directional acoustic monopole noise source or a constant ambient
noise level which is independent of the distance between source and receiver [55, 58 60]. Besides acoustic monopole and constant ambient noise, there are many noise
sources which are directional such as railway noise and fan noise. Both railway noise
and fan noise are classified as dipole shape and are frequently found in a long
enclosure. Although a railway noise survey shows that the railway noise is mainly
contributed by rolling noise and aerodynamic noise [61] and the aerodynamic noise is
classified as acoustic quadrupole [62], Talotte mentions that rolling noise still
dominates the railway noise when the operating train speed is below 300 km/h [63].

The structure of a dipole field can be easily understood by considering the dipole in
terms of a pair of anti-phase monopoles with equal acoustic power and separated in a
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small distance [64]. Because a dipole involves sources of opposite signs there is some
cancellation of the acoustic field, so a dipole source is assumed as a less efficient
radiator than a corresponding monopole and neglected on the ambient noise prediction
[65]. In a long enclosure, there are many situations when the dipole strength is very
large and there is no significant contribution of a non-directional source.

From the 1970s, Peters [66] was the first classify railway noise as an incoherent line
of dipoles and that railway noise was dominated by wheel radiation. Although Rathe
mentioned that a monopole line source model provides closer prediction than a dipole
line source when the prediction model is not adjusted for atmospheric or ground
attenuation influences [67], Hohenwarter shows that a dipole line source could
provide a more acceptable prediction than monopole afterwards [68]. Nowadays most
generic models, such as from Austria [69, 70], Germany [71], Switzerland [72] and
the Netherlands [73], classify the sound radiation characteristics of railway noise in
both horizontal and vertical planes as dipole shape. The sound radiation characteristics
of a railway wheel were further investigated by Thomson and Jones in 2000s [74]. In
Thomson and Jones study, the directivity of wheel radiation is obtained by measured
data and the wheel radiation sound field can be closely approximated by an
omni-directional field in radial motion but dipole distribution in the axial motion.
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Apart from train noise, noise problems associated with fan installations are not
uncommon in long enclosure. A noise survey showed that the corridor was the noisiest
area in hospital and the noise level was maintained between 65 to 70 dBA round the
clock [75]. Even worse, the noise level of the nurse station and patient room were
affected by the corridor since all doors in the hospital had large gaps at the floor and
lacked acoustic isolation. The corridor background noise was almost certainly caused
by heating, ventilating and air conditioning in the study.

Baade was the first to classify the noise of an axial fan in an air duct as dipole shape
[76]. Margett then demonstrated that either tonal or broadband noise generated by an
axial fan is of a dipole nature [77]. Thompson et al. have modelled the noise generated
by blade tip of centrifugal fan as dipole in their study [78]. Neise reviewed the fan
noise generation mechanisms of both axial and centrifugal fans in his study [79]. He
pointed out that although monopole and quadrupole radiation can be important in
some cases, the dipole radiation still plays the most important role in fan noise
generation. Hodgson and Li studied the noise emission of personal computer cooling
fans and found that the directivity of the fan noise radiation is dipole like [80].

Both rolling noise and fan noise are classified as dipole shape in previous studies and
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the dipole noise sources are easily found anywhere in the long enclosures. However,
the study of acoustic dipole sound field propagation is very limited, especially in long
enclosures.

1.3 Objectives of the study and organisation of thesis
The objective of this study is to simplify the acoustic consideration for a long
enclosure. In order to achieve this objective, this study is divided into eight chapters.
Chapter 1 includes the background of the study and the outline of objectives to be
achieved. A literature review is given afterwards, which focuses on the studies of
speech-transmission intelligibility, room acoustics, acoustic studies for street canyons
and for long enclosures, and the dipole noise sources that are found in a long
enclosure.

As a result of the rapid growth in mechanised transport and transportation systems,
land transportations are becoming the primary source of noise pollution in high-rise
city. Despite the previous theoretical and experimental studies, there is still no simple
but accurate formula to predict the noise levels and the reverberation times in street
canyons. In order to speed up the assessment of effectiveness noise control, theoretical
formulations for evaluating both steady-state noise level and reverberation time in a
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street canyon are developed in Chapter 2. The theoretical models are validated by
comparing the numerical predictions with published experimental results, and indoor
and outdoor experimental results.

The theoretical formulation developed in Chapter 2 is generalised for regular long
enclosures in Chapter 3. In Chapter 3, a long enclosure is modelled to have a
rectangular cross-section and of an infinite length, i.e. no end wall reflection in this
study. Comparative validations of the predicted results with experimental data are
given before the end of the chapter.

Chapter 2 and Chapter 3 are focused on simplifying the acoustic prediction in a
straight long enclosure. Apart from a straight long enclosure, there are other variations
that commonly found in daily life. Cross-junction is one of the examples that is
commonly found in a high-rise city. In order to study the sound field transmission
through a junction in a street canyon, systematic formulations are developed in
Chapter 4. The formulae are developed from the coherent image source method. In
this model, all source and receiver locations are considered that include (1) both
source and receiver are located in same arm of the street junction, (2) source and
receiver are located in same street but separated by the junction and (3) source and
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receiver located in different arms of the junction and the source cannot “see” the
receiver directly. The model can be used to estimate both the steady state sound field
and reverberation time. A series of outdoor field measurements was conducted to
validate the proposed theory.

The theory in Chapter 4 is further developed to estimate the sound field in a long
enclosure with a T-intersection. In the model, the height of the main enclosure and
T-intersection are same. The T-intersection is joined by the main enclosure
perpendicularly. A sound source is always maintained in the main enclosure and three
receiver locations are considered in the study. The receiver is located in same arm of
the source, in the main enclosure but separate from the junction to the source and in
the T-branch. The theoretical predictions are validated against the published
experiments.

Besides the reverberation time, the other key element that affects the speech
intelligibility is the background noise level. Literature shows that many noise sources
in long enclosures have distinct directional characteristics such as rolling noise and
fan noise. Both rolling noise and fan noise are classified as acoustic dipole. In order to
study the characteristics of dipole noise source, experimental dipole sound sources
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should be prepared before continuing. Chapter 6 reviews the available dipole sources.
Dipole sources are constructed for subsequent experimental studies.

The structure of a dipole field can be considered in terms of a pair of anti-phase
monopoles with equal acoustic power, while an acoustic dipole can be modeled as two
equivalent monopoles but in anti-phase. Based on this assumption, the dipole sound
field in a long enclosure can be obtained by subtracting the total sound field
contributed by two virtual monopoles since two virtual monopoles are assumed as
totally out of phase. The theoretical calculation, i.e. comparative validations of the
predicted results with experimental data is given in Chapter 7. In the real world, most
dipole sources are not fully symmetrical, as the sound field that radiates from the front
part of the dipole source is not exactly the same as the sound field that radiates on the
back part of the dipole source. Theoretical study of the source field propagation of a
non-symmetrical dipole source is conducted afterwards. Indoor and outdoor field
measurements are also conducted to validate the proposed methodology.

The overall conclusion and findings of the study is given in Chapter 8. Furthermore,
some future research is recommended.
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Chapter 2
Noise propagation in street canyons
2.1 Introduction
Due to the rapid growth in mechanised transport and transportation systems in the past
few decades, noise is one of the most cited environmental factors that are often
commonly associated with pollution from transport. Various modes of land
transportation are the primary source of noise in densely populated, high-rise cities.
An essential feature of compact and high-rise cities is that the scarcity of suitable land
has encouraged building development to go up in the vertical dimension. It is common
to find residential and commercial tower blocks of over 40 storeys with a height of
over 100 m or more. Worse still, the urban areas are typically embedded with a
compact traffic network of highways and/or railways with high traffic volume. The
lack of available land space means that the residents are closer to noise sources. The
tall flanking buildings, which form a street canyon, lead to a large portion of the
dwellings to be exposed to the land transportation noise. The noise levels do not
decrease significantly with increasing height above the ground in street canyons
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[81-84]. The motivation of the current study is to develop a simple formula to evaluate
steady-state noise levels and the reverberation times in a street canyon for assessing
the effectiveness of noise control.

It is known that the scattering of sound at the façade surfaces is known to be
significant for predicting the transmission of noise along a street canyon [35, 42]. The
image source model where the boundaries can be taken as smooth, geometrically
reflecting surfaces can be used in the present study. This is because this model is
simple yet it can be used to represent some urban situations. The closed-form
analytical results can be used to offer a first order engineering approximation to
supplement the numerical results obtained from other computational intensive
schemes, e.g., the diffuse reflection model [37, 38].

In the study, an integral formulation to calculate the noise levels and the reverberation
times in street canyons is presented. The theoretical models are validated by
comparing the numerical predictions with published experimental data [34], indoor
and outdoor experimental results. These measured results are compared with the
numerical predictions based on the integral formulations. The outcomes of the present
study are summarised at the end of this chapter.
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2.2 Theory
2.2.1 Total steady-state sound energy at a receiver
A street canyon may be considered as a category of a long enclosure: the flanking
façades are treated as a pair of parallel side walls, the road pavement is taken as the
floor, and the opening at the top is represented by a perfectly absorptive ceiling.
Taking the boundaries as geometrically reflecting surfaces, the sound propagation
along the street canyon can be calculated by means of an image source method [38].
Figure 2.1 displays an idealised street canyon where h is the height of the buildings
measured in the z-direction. The pair of flanking façade surfaces is parallel to each
other with a horizontal separation of w measured in the x-direction. The y-axis is
aligned along the direction of the street canyon.

The origin is located on the ground equidistance from the parallel flanking buildings
where the façade surfaces are situated at x = ± w / 2 [50]. In the current study, a
typical situation where the height of the flanking façades is greater than the width of
the street canyon, i.e., h > w is considered. The effect of diffraction at the top edges
of the façades is ignored in the present study. This is because the total sound energy at
a receiver point is dominated by the contributions from multiple reflected sound rays
of the boundary surfaces. In general, the noise levels due to vehicular noise sources
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decrease with an increase in the receiver height because there are no reflections from
the open ceiling of the street canyon. In addition, the noise levels decrease with the
increase in the separation between the source and receiver along the y-direction.
However, Kang [38] showed that the noise levels are relatively uniform between the
buildings with a fixed horizontal separation (greater than about 1.5w) from the source
and at a constant height above the ground. Without loss of generality, it can therefore
be assumed that a point source S and a receiver R are located at the coordinates of (0,
0, zs) and (0, y, zr), respectively. Hence, the sound source is separated from the
receiver by a horizontal distance
rI =

y 2 + ( zr − z s ) 2 .

(2.1)

A row of image sources, shown as the upper row in Fig. 2.2, is formed because of the
reflections from the two vertical façade surfaces. Based on this series of image sources,
the lower row of image sources can be constructed below the z = 0 plane due to the
reflection from the ground surface. All image sources can be linked to the receiver and
the total sound field is computed by summing the contributions from these image
sources. Making use of the image source model, the total sound energy at the receiver
due to the image sources located above the ground is given by
ΛI =

Qe m ln(1−α v ) −α a d m
,
d m2
m = −∞
∞

∑

(2.2)
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where Q is the source strength, α v is the mean absorption coefficient of the façade
surfaces, and α a is the air absorption factor, which can be obtained from Ref. 85 for
different frequencies. The path length of the ± m th image source can be determined
by
d m = (mw) 2 + rI2 ,

(2.3)

where rI is determined according to Eq. (2.1). Here, in Eq. (2.2), the attenuation due
to the reflection from the boundary surfaces is written in its exponential form by
noting the following algebraic identity:
e m ln(1−α v ) = (1 − α v ) m ,

(2.4)

where ln(1 − α v ) < 0 because α v < 1 and m is the number of reflections from the
façades.

Suppose that the façades are built with hard surfaces with small α v . In this case, the
total sound energy received at the reception point is composed of many terms due to
the multiple reflections from the façade surfaces. It is possible to replace m with a
continuous function in terms of x as

m = x /w.

(2.5)

A line source can now be used to replace the upper row of the discrete image sources.
Figure 2.2 shows a schematic of the effective line source. It has an effective strength

29

Numerical Models for Sound Propagation in Long Spaces

of Q / w m-1 because there is only one image source for the width, w, of the street
canyon. The path length dm can be replaced with
DI = x 2 + rI2 .

(2.6)

From Eq. (2.2), the sound energy at the reception point due to the image sources
above the ground can be written in an integral form as
∞

ΛI =

Λ0
Φ I dx ,
w ∫0

(2.7)

where Φ I is a symmetric function of x given by
Φ I = Φ I ( x) =

2e{ x ln(1−α v ) / w −α a DI }
,
DI2

(2.8)

and Λ 0 is the free-field sound energy received at a distance of 1 m from the point
source. It can be determined by
Λ 0 = Qe −α a (1) / 12 ≈ Q .

(2.9)

The integral in Eq. (2.7) is difficult, if not impossible, to evaluate analytically because
of the presence of DI in the exponential term of Φ I (x) . Although the integral can
be evaluated by a numerical quadrature, it is more convenient to approximate the
solution in an analytical form.

To this end, DI is approximated in the exponential term of Eq. (2.8) by a linear
function
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DI = rI2 + x 2 ≈r I + K I x ,

(2.10)

where K I is the slope of the approximate function. Since the solution is given in an
integral form [cf. Eqs. (2.7) and (2.8)], it is convenient to approximate K I such that
XI

∫
0

XI

r + x dx = ∫ (rI + K I x)dx ,
2
I

2

(2.11)

0

where the upper limit of the integrand, X I , is set at a sufficiently large distance in
order to cover the range of x that contributes to the total sound energy at the reception
point. As Φ I (x) is a monotonic decreasing function, it can approximate X I by the
following function:

ε = Φ I ( X I ) / Φ I (0) ,

(2.12)

where ε is the ratio of the minimum sound energy and the maximum sound energy
contributed due to the effective line source. The minimum sound energy is contributed
from a source located at x = X I and the maximum contribution comes from the
source located at x = 0 . Preliminary numerical analyses have suggested that the
predicted results are relatively the same for a wide range of ε . Hence, for simplicity,

ε is chosen as 1 x 10-6 in the following numerical analyses.

It is remarkable that both integrals in Eq. (2.11) can be evaluated analytically to give
closed-form expressions. As a result, K I can be written in an analytical form to yield
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KI =

X I + rI2 + X I2
X I rI2 + X I2
2 rI2
{
[ln(
)
] − rI X I } .
+
rI
rI2
X I2 2

(2.13)

Substituting Eqs. (2.8), (2.10), and (2.13) into Eq. (2.7), it can approximate Λ I by

2Λ 0e −α a rI
ΛI ≈
w

∞

e−vI x
∫0 rI2 + x 2 dx ,

(2.14)

where
vI = − ln(1 − α v ) / w + α a K I .

(2.15)

By using the following identity of an indefinite integral for the exponential integral
[86]:
1
ex
ia
∫ a 2 + x 2 dx = − a Im{e E1 (− x + ia)} + const ,

(2.16)

it can simplify Eq. (2.14) to yield
ΛI ≈

− 2Λ 0e −α a rI
Im[eiv I rI E1 (ivI rI )] ,
wrI

(2.17)

where E1 is the exponential integral with complex arguments.

The accuracy of Eq. (2.17) is demonstrated by comparing the numerical results
obtained by direct numerical integration of Eq. (2.7). Figure 2.3 shows comparisons of
these two numerical results in which the relative sound pressure level (SPL) is plotted
against the air absorption factor α a . In the plots, the relative SPL is defined as
SPLr = 10 log(Λ I / Λ 0 ) ,

(2.18)

where Λ 0 is the free-field sound energy at 1 m from the source. In Fig. 2.3, a street
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canyon of 3 m wide and 100 m high is used in the numerical calculations. The
building façades are assumed as perfectly reflecting surfaces, i.e., α v = 0 . Numerical
results with the horizontal separation between the source and receiver of 5, 15, and 50
m, respectively, are shown. Both source and receiver are located equidistance from
façades and at the same height above the ground. It follows from Fig. 2.3 that the
numerical results according to both schemes agree very well with each other. These
comparisons have demonstrated the accuracy of the approximate model, which is
sufficient to estimate the effect of the atmospheric absorption in a street canyon of
typical source/ receiver geometrical configurations.

Similarly, an analogous expression for the sound energy due to the image sources
located below the ground is derived as follows:
∞

ΛG =

Λ 0e −α a rG
Φ G dx
w ∫0

(2.19)

where the subscript G denotes the corresponding parameters for the ground-reflected
waves. The symmetric function Φ G (x) is given by
Φ G = Φ G ( x) =

2(1 − α G )e{ x ln(1−α v ) / w −α G DG }
,
DG2

(2.20)

where α G is the absorption coefficient of the ground, DG is the total distance
between the receiver and the image sources below the ground

DG = x 2 + rG2 ,

(2.21)
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and rG is the corresponding horizontal separation
rG =

y 2 + ( zr + z s ) 2 .

(2.22)

Using an analogous approach, an approximate expression can be derived for the sound
energy at the reception point due to the image sources below the ground as follows:
ΛG =

− 2Λ 0 (1 − α G )e −α a rG
Im[eivG rG E1 (ivG rG )] ,
wrG

(2.23)

where the parameters vG and K G are given by
vG = − ln(1 − α v ) / w + α a K G

(2.24a)

and

KG =

X G + rG2 + X G2
X G rG2 + X G2
2 rG2
+
{
[ln(
)
] − rG X G }
X G2 2
rG
rG2

.

(2.24b)

By means of the same approach, it is possible to determine X G by solving an
analogous equation [cf. Eq. (2.11)] numerically. However, it is significant that the
same term (i.e., X G = X I ) may also be used in Eq. (2.24b) for calculating K G . A
numerical analysis has suggested that a small variation in X G does not cause a
significant change in the numerical values of Λ G . The details of these numerical
analyses are not shown here for brevity.

The total sound energy can now be found by summing the contributions from all
image sources (above and below the ground) to give
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ΛT = Λ I + Λ G ,

(2.25)

where Λ I and Λ G are determined by Eqs. (2.7) and (2.19), respectively. It is
possible to give a closed-form solution for ΛT by substituting Eqs. (2.17) and (2.23)
into Eq. (2.25) to yield
ΛT =

− 2Λ 0e −α a rI
Im[eiv I rI E1 (ivI rI ) + AG (1 − α G )eivG rG E1 (ivG rG )] ,
wrI

(2.26)

where AG is a correction factor for the change in distances because the image
sources are located below the ground. It is given by
AG = (rI / rG )e −α a ( rG − rI ) .

(2.27)

If the source is located near the ground and at a large horizontal separation from the
receiver (i.e., rI ≈ rG ), AG is approximately equal to unity.

2.2.2 Reverberation time in street canyons
To assess the effect of multiple reflections, it is useful to determine the reverberation
times in a street canyon. The problem may be treated as the determination of the
transient sound field when the source is either switched on or turned off. According to
the principle of reciprocity, it may consider the receiver as the centre of the wave
fronts: that is the crests of spherical waves radiating from the receiver, which arrive at
different image sources at different times. For convenience, the initial time t = 0 is
set at the moment when the direct sound wave reaches the receiver R. Suppose that the

35

Numerical Models for Sound Propagation in Long Spaces

source is turned on at time t = −rI / c . Then the position of a wave crest at time t > 0
is located at a horizontal distance xI (t ) from the source S. By a simple geometrical
consideration, the path length DI from the receiver to an image source above the
ground can be determined by
DI (t ) = xI (t ) 2 + rI2 = rI + ct ,

(2.28)

where rI is given by Eq. (2.1); see Fig. 2.4 for a schematic of the wave crests at time
t = 0 and at time t.

According to Eq. (2.14), the transient sound energy due to the image sources above
the ground can then be written as
2Λ 0e −α a rI
ΓI (t ) =
w

x I (t )

∫
0

e−vI x
dx ,
rI2 + x 2

t >0,

(2.29)

since only those sources located in the region − xI (t ) ≤ x ≤ xI (t ) can contribute to the
sound field at the reception point. Equation (2.29) can be reduced to Eq. (2.14) when
t → ∞ , i.e., the total transient sound energy ΓI (∞) becomes the steady-state sound

energy at the reception point.

A complimentary situation that the source is originally turned on but it is deactivated
at t = −r I / c where c is the sound speed in air can also be considered. In this case, the
transient sound energy at time t is simply given by
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2Λ 0e −α a rI
Γ (t ) =
w
*
I

∞

e−vI x
∫ r 2 + x 2 dx ,
x I (t ) I

t >0.

(2.30)

The integrals given in Eqs. (2.30) and (2.29) can be evaluated, respectively, to yield
ΓI* (t ) = −

2Λ 0e −α a rI
Im{eiv I rI E1[vI ( xI + irI )]}
wrI

(2.31)

and
ΓI (t ) = Λ I − ΓI* (t ) ,

(2.32)

where Λ I is determined from Eq. (2.17).

Similarly, the transient sound energy due to the image source located below the
ground can be determined when the source is turned off at t = −rI / c . However, the
sound energy starts to decay at a later time at t = (rG / rI ) / c because rG / r I . The
transient sound energy is given by
ΓG* (t ) = −

2Λ 0e −α a rG
Im{eivG rG E1[vG ( xG + irG )]} ,
wrG

t ≥ (rG −r I ) / c ,

(2.33)

where xG is determined by the following equation:
DG (t ) = xG (t ) 2 + rG2 =r G +ct .

(2.34)

On the other hand, if the source is activated at t = 0 , then the transient sound energy
is given by
ΓG (t ) = Λ G − ΓG* (t ),

t ≥ (rG − rI ) / c .

(2.35)

The effect of multiple reflections on street canyons can be assessed by considering the
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reverberation times, T60 and T30 , where T60 is the time for the noise level to reduce
by 60 dB below the initial level and T30 is the decay time for the noise level to drop
from -5 to -35 dB. A decay curve in the noise level is normally needed to determine
T60 and T30 . Therefore, it should focus on the transient sound energy when the source
is turned off in favuor of the transient sound energy when the source is activated. The
total transient sound energy can be obtained by summing the contributions from the
image sources located above and below the ground. From Eqs. (2.31) and (2.33), we
can obtain
ΓT* (t ) = ΓI* (t ) + ΓG* (t )
=−

2Λ 0e −α a rI
Im{eiv I rI EI [vI ( xI + irI )] + AG (1 − α G )eivG rG E1[vG ( xG + irG )]} .
wrI

(2.36)

Since the current formulation is based on the image source method, it is important to
demonstrate the validity of the model by comparing the current numerical results with
those predicted by the image source model. It is sufficient to show plots of the decay
curves with the source turned off at t = rI / c . Figure 2.5 displays these comparisons at
different mean absorption coefficients of all boundary surfaces of 0.15, 0.2, 0.25, and
0.3, respectively. The width of 10 m and the source/receiver separation of 10 m are
used in the calculations. In the graphs, the relative SPLs are defined as
L(t ) = 10 log[ΓT* (t ) / ΓT* (0)] ,

(2.37)
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where the reference level ΓT* (0) is taken as the initial noise level. The source and
receiver are placed, respectively, at 0.5 and 5.0 m above the ground and they are
located equidistance from the façade surfaces. It can see from Fig. 2.5 that the
predicted decay curves according to the image source method and the integral
formulation agree tolerably well with each other in all cases.

Using Eq. (2.36), the decay curve can be produced by a reverse-time integration of the
transient response. This process is known as the Schroeder approach [54, 87]. The
reverberation time T60 is then determined by using the rate of decay given by the
linear regression with the noise level reducing by 60 dB from the initial level. In other
words, T60 can be determined for the time when the ratio of ΓT* (t ) / ΓT* (0) is reduced
to 10-6. If the reverberation time T30 is required, Eq. (2.37) will be used to obtain the
decay curve. A linear regression analysis is conducted to determine the rate of decay
for the noise level varying between 5 and 35 dB below ΓT* (0) .
T

2.3 Comparison with experimental measurements
2.3.1 Full scale field measurements in a town street
In the 1970s, Steenackers et al. [34] carried out a series of measurements for the
reverberation time of typical town streets with their widths varying between 9 and 60
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m. An alarm gun was used as an impulsive noise source where the sound decay curves
were measured. The reverberation time was then used to estimate the sound absorption
coefficient of the town street. Their experimental data [34] will be used to validate the
integral expression given in Eq. (2.36). It also compares the numerical results based
on the image source model with geometrically reflected boundary surfaces [38].

Figure 2.6 displays the measured time histories of the relative SPLs adapted from the
published data [34]. They were the sound level decay curves in the town streets with
the respective widths of 12, 18, and 40 m. The horizontal distances between the source
and receiver for all measurements, which were estimated from the experimental data,
were 10 m. Since the exact locations of the source and receiver are not available in
Ref. 34, they were assumed to be placed at 1.2 m above the ground and equidistance
from the flanking buildings.

To confirm the validity of this assumption, a prior numerical analysis is conducted to
examine the effect of the source location on the SPLs at different receiver locations
along the street canyon. It is found that the sound fields are generally uniform within
the same cross sections of the street canyon, especially, when the source and receiver
are close to the ground and their horizontal separation is sufficiently large. These
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numerical simulations are not shown here but this finding is in agreement with the
conclusion suggested by Kang [38]. With these prior numerical simulations, it can be
expected that their assumption on the source/receiver locations will be sufficient to
give accurate predictions of the sound fields in the street canyons.

In addition to the published data, Fig. 2.6 also presents the numerical predictions
according to the image source model [38] and the current formulation. In his
numerical analyses, Kang [38] also used the incoherent model but he computed the
overall SPL by summing the contributions from all image sources, which have been
“switched” on. The number of image sources increases discretely to its steady-state
level after the first arrival of the direct wave. The number of “switched-on” image
sources reaches its maximum level after a short duration. Hence, the image source
model predicts a step change in the sound energy level shortly after the first arrival
time but time-varying sound energy will gradually become the steady-state level as the
time increases.

In the numerical calculations of all town streets, the air absorption factor is assumed
as zero because no pertinent information is provided for the atmospheric conditions
during the measurement periods. In Fig. 2.6(a), the predicted and measured results for
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the town street 12 m wide are presented. According to Steenackers et al. [34], the
ground was assumed to be a perfectly reflecting surface and the average mean
absorption coefficient of the building façades was 0.15. For the given source and
receiver locations, Eq. (2.37) is used to evaluate the time history of the relative SPLs.
The numerical predictions according to the image source model and the integral
formulation agree to within 1.1 dB in the relative SPL. Furthermore, both predicted
results show good agreements with the experimental data.

Figure 2.6(b) presents a set of data taken from Fig. 1 of Ref. 34 where the width of the
town street was 18 m. The estimated sound absorption coefficient, which was taken
from Table I of Ref. 34, was 0.17. Again, Eq. (2.37) is used to calculate the time
histories of the relative SPLs. The average discrepancy between the measured data and
the image source model is 1.21 dB while it is 1.15 dB for the integral formulation.

The compared results for the last set of data are displayed in Fig. 2.6(c). Based on the
information obtained from Steenackers et al. [34], it estimated that the mean
absorption coefficient of the façade was 0.3. Figure 2.6(c) shows tolerably good
agreements between the measured data and the numerical results according to both
prediction methods. The average discrepancies between the image source method and
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measured results are 1.54 and 1.35 dB for that of the integral formulation.

By comparing with published experimental data, the validity of the analytical
formulation for predicting the relative SPL in a street canyon can be confirmed. The
proposed model provides a simple closed-form solution, which compares well with
the standard image source model and with the published experimental results.

2.3.2 Indoor model experiments
A model street canyon was built and placed in an anechoic chamber with internal
dimensions of 6 x 6 x 4 m3 (high). Hard plywood boards of 20 mm thickness were
used to construct the model street canyon of 0.8 m wide, 5 m long, and 2.6 m high.
The hard plywood boards were varnished to prevent leakage of sound. To simulate the
façade surfaces with finite impedance, the two vertical walls were covered with
acrylic light diffusers of 5 mm thickness; see Fig. 2.7. The light diffusers had
rectangular grids with dimensions of 15 x 15 mm2 and open volumes. The light
diffusers may give diffused sound fields but, nevertheless, Daigle et al. [88]
demonstrated experimentally that a hard ground covered with light diffusers can be
used to simulate an indoor impedance plane. In light of the suggestion of Daigle et al.
[88], a set of short-range measurements for the propagation of sound above the hard
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plywood board covered with and without light diffusers has been conducted. In these
measurements, the source and receiver were placed at a horizontal separation of 1 m
and at heights of 0.01 m above the model ground.

Figure 2.8(a) shows a typical measured spectrum to demonstrate the interference
effects due to the direct and reflected waves for sound propagation above the model
impedance ground. The excess attenuation, which is defined as the ratio of the total
field above the impedance surface to the free-field measurement at 1 m in the
anechoic chamber, is plotted against the source frequency in Fig. 2.8(a). Similar
measurements have been conducted also for the propagation of sound over the hard
plywood board. Its measured excess attenuation spectrum is shown in Fig. 2.8(b).
From both graphs in Fig. 2.8, there are clear interference dips due to the interference
of the direct and reflected waves although the primary dip occurs at higher frequency
for the hard ground. This is because the impedance of a hard surface is usually higher
than that of the model plane with finite impedance. From these two sets of short-range
measurements in the anechoic chamber, the suitability of treating the plywood board
covered with light diffusers as a model impedance plane can be confirmed.

The measured excess attenuation spectra in Fig. 2.8 has been used to determine the
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acoustic impedances of the plywood board with (impedance façade surfaces) and
without (hard ground surfaces) the cover of light diffusers. Attenborough’s
two-parameter model [89] was used to characterise the surface impedances, Z, of the
vertical wall and the ground in the present study. The surface impedance is calculated
by
Z = 0.538 σ e/ f + i[0.538 σ e/ f + 19.74α e / f ] ,

(2.38)

where f is the source frequency, σ e is the effective flow resistivity, and α e is the
effective rate of change in porosity with depth. The parametric values of σ e and α e
are deduced from the short-range propagation measurement over the surface.

The best-fit parametric values for σ e and α e were 80 kPa s m-2 and 450 m-1 for the
vertical walls (plywood boards covered with light diffusers) and 80 000 kPa s m-2 and
50 m-1 for the ground made of the plywood board. These parametric values for
different boundary surfaces used in the numerical simulations are summarised in Table
2.1 for the ease of reference. Figure 2.8 also shows typical predicted excess
attenuation spectra for the propagation of sound above the vertical walls and the
ground where their impedances are calculated by using Eq. (2.38) with the parametric
values given in Table 2.1.
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For the image source model and the current integral formulation, the one-third octave
band absorption coefficients (α ) of the boundary surfaces are calculated from the
measured impedance by [54]
Z −1
.
α=
Z +1
2

(2.39)

Using the Attenborough two-parameter impedance model [89], the absorption
coefficients of the ground and vertical walls in one-third octave bands are calculated
and listed in Table 2.2.

In indoor measurements, a Renkus-Heinz PN 61 self-powered loudspeaker was used
as the source and a “B&K” 4189 pre-polarized free-field 1/2 in. condenser
microphone was used as the receiver. A PC-based maximum length sequence system
analyser (Ref. 90) was used as both signal generator for the source and data analyser
of the measurements. The source strength was characterised by conducting prior
measurements to measure its SPL at 1 m free field in the anechoic chamber. In the
present indoor experiments, results for steady-state SPLs at various horizontal
distances at different frequency bands are presented. The source was located at 0.545
m away from the left vertical wall and at heights varying between 0.10 and 2.1 m. For
the receiver, it was also situated at 0.545 m from the left vertical wall and 0.2 m above
the ground.
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Figure 2.9 shows the typical spectra of the steady-state SPLs where the receiver was
located at 2 and 4 m from the source. The source and received were, respectively,
placed at 0.6 and 0.2 m above the ground and at the same distance of 0.545 m from
the left vertical wall. The graphs compare the measured spectra with the numerical
predictions according to the integral formulation. The measured and numerical
predictions agree reasonably well with each other except for one or two individual
one-third octave bands, e.g., a discrepancy of about 5 dB was found for 3150 Hz in the
2 m separation and about 7 dB for 5 kHz in the 4 m separation. It is also observed that
the integral formulation can predict the general trend of the measured spectral SPLs.
The average discrepancies in the one-third octave bands were found to be 1.9 and 2.7
dB, respectively, for the 2 and 4 m separations.

The variation of the steady-state SPL with the horizontal separation is shown in Fig.
2.10 where four sets of typical results for the frequencies of 500 Hz, 1.25 kHz, 2.5
kHz, and 5 kHz are presented. The relative source/receiver positions with the ground
and with the vertical walls are the same as in Fig. 2.9. These plots serve to highlight
the capability of the integral formulation in predicting the general trend of measured
data for the indoor model experiments.
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Before end of this section, it is worth pointing out that there were other studies [91, 92]
examining an improved technique for simultaneously selecting both an optimal scale
factor and optimal model materials for use in indoor scale model experiments.
However, there is no attempt to select the most appropriate materials for modelling the
façade surfaces in the present study. The use of a model impedance plane is sufficient
to validate the integral formulation by comparing its predicted SPLs with the precise
indoor measurements [93].

2.3.3 Outdoor field measurements in an alley street
To confirm the versatility of the integral formulation, a further set of full scale field
measurements in an alley street was conducted. The alley street was 3.13 m wide, 20
m long, and the height of the two parallels was 54 m. It had a concrete ground and
both vertical walls were covered with hard mosaic tiles. The same set of instruments
for indoor measurement was used in outdoor measurements again. Figure 2.11 shows
the experimental setup in the alley street. In the experiments, the source was located at
the centre of the alley street and 0.1 m above the ground. The receiver was placed at a
height of 1.6 m above the ground and at 0.69 m from one of the vertical walls. The
distance between source and receiver was adjusted between 1 and 20 m. In the
measurement, one end of the alley street was connected to a truck road. The wide of
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the truck road was much greater than the wide of the alley street. Then, most of
reflecting sound waves went into the truck road when they arrived the end of the street.
Furthermore, previous long enclosure study found that, the effect of end walls on the
sound attenuation was in-significant [94]. The sound field reflection from end of the
alley street was neglected in this study.

Prior in-situ measurements were conducted to determine the sound absorption
coefficient of the vertical walls and the ground. The source and receiver were placed
at 0.01 m above the respective surfaces and their horizontal separation was set at 1 m
in these measurements. Again, the Attenborough two-parameter impedance model [89]
was used to characterise the respective impedances of the surfaces and their
parametric values are listed in Table 2.1. All these boundary surfaces were made of
acoustically hard construction materials, which led to fairly high parametric values for

σ e according to the short-range characterisation measurements.

The sound absorption coefficients of the concrete ground and the vertical walls
covered with mosaic tiles can then be calculated according to Eq. (2.39). These
absorption coefficients, which are listed in Table 2.2, will then be used in subsequent
calculations of the reverberation times and SPLs in the alley street.
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During the measurement, the outdoor temperature was about 30° C and the relative
humidity was 80%. The air absorption factors which are used in the following
predictions are obtained from Ref. 85. The air absorption coefficients at different
frequency bands are listed in Table 2.2. Due to the relatively high background noise
levels in the field measurements, the reverberation time T30 was measured in favuor of
T60. The SPL of the loudspeaker was measured at 1 m free field in the anechoic
chamber before the field measurements. It was used to compare with the SPLs
measured in the alley street.

Figure 2.12 shows the experimental data of T30 in one-third octave bands for the
source and receiver located along the alley street. The numerical predictions of
reverberation times for horizontal separations of 4 and 12 m are compared with the
measured data. The numerical results according to the integral formulations are also
shown in Fig. 2.12. It is shown that the numerical predictions can only give an
estimation of the general trend of T30 as the source frequency increases. Comparison
of results for other source/receiver separations was generally similar to those shown in
Fig. 2.12 but they are not shown here for succinctness. In this set of data, the source
and receiver are placed at respective heights of 0.1 and 1.6 m above the ground. They
are located at respective distances of 1.56 and 0.69 m from one of the vertical walls.
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Figure 2.13 displays the variations of reverberation times with the horizontal
separation. The source/receiver positions relative to the vertical walls and the ground
are the same as above. Numerical results and measured data are presented for the
source frequencies of 800 Hz, 1.6 kHz, 2 kHz, and 4 kHz. Similar results are also
obtained for other frequencies but only four frequencies are selected for presentation.
As shown in the plots, the predicted T30 varies marginally along the horizontal range
(up to 15 m) although the experimental data show a fluctuation in T30. In general, the
integral formulation can predict the average level of measured T30 over the range of
interest.

Subsequently, the same source/receiver geometries as above are used for the next two
sets of the experimental measurements. In the first set of data, the predicted and
measured spectra for the steady-state SPLs are compared in Fig. 2.14 for the
respective horizontal separations of 4, 12, and 20 m. Apparently, the numerical
predictions according to the integral formulation give reasonably good agreements
with the general trends of the measured frequency spectra in all cases. In the second
set of data, the variations of steady-state SPLs with the horizontal range were shown
in Fig. 2.15 for the respective frequencies of 500 Hz, 800 Hz, 2 kHz, and 4 kHz.
Again, the predicted results show tolerably good agreements with the general trend for
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the reduction in the SPLs when the separation between the source and receiver
increases.

2.4 Summaries
By modelling a street canyon as a long enclosure with an open top, it is possible to use
an energy approach to sum the contribution from all image sources incoherently. In
the present study, an integral formulation has been developed to estimate the noise
levels in a street canyon by replacing the discrete image sources with an effective line
source. The integral formulation is used to predict the decay curve of sound energy
where the reverberation time in the street canyon can be estimated. Based on the
reverberation time, the steady-state SPLs in the street canyon can be calculated. It has
been demonstrated that the predictions according to the integral formulation agreed
reasonably well with published data conducted in a town street. The numerical results
according to the integral formulation also show good agreements with indoor and
outdoor experimental data obtained in the present study. The integral formulation can
be used to provide an efficient model for predicting noise levels and the reverberation
effect in a street canyon. Moreover, the integral formulation is a simple closed form
solution. It is much useful than a numerical model in practice especially for daily
application.
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Tables
σ e / kPa s m-2

α e / m-1

Indoor façade

80

450

Indoor ground

80000

50

Outdoor façade

50000

500

Outdoor ground

200000

500

Table 2.1: The best fit parametric values of the effective flow resistivity ( σ e ) and the
effective rate of charge of porosity with depth ( α e ) for predicting the acoustic
impedance of the boundary surfaces used in the indoor and outdoor experiments.
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Frequency (Hz)

400

500

630

800

1000

1250

1600

0.07

0.09

0.11

0.14

0.18

0.21

0.25

0.026

0.028

0.032

0.036

0.04

0.045

0.05

0.028

0.03

0.036

0.041

0.046

0.052

0.059

0.011

0.013

0.014

0.016

0.018

0.020

0.023

1.98

2.79

4.14

5.66

7.41

9.28

11.2

2000

2500

3150

4000

5000

6300

8000

0.29

0.32

0.34

0.36

0.37

0.36

0.35

0.056

0.062

0.07

0.079

0.088

0.098

0.11

0.067

0.075

0.084

0.094

0.11

0.12

0.13

0.026

0.028

0.032

0.036

0.04

0.045

0.05

13.3

15.7

18.8

23.1

29.7

39.8

55.7

Absorption coefficient
(Indoor façade)
Absorption coefficient
(Indoor ground)
Absorption coefficient
(Outdoor façade)
Absorption coefficient
(Outdoor ground)
Air absorption (30°C,
80% R.H.) / dB per km
Frequency (Hz)
Absorption coefficient
(Indoor façade)
Absorption coefficient
(Indoor ground)
Absorption coefficient
(Outdoor façade)
Absorption coefficient
(Outdoor ground)
Air absorption (30°C,
80% R.H.) / dB per km

Table 2.2: The estimated mean absorption coefficients of the boundary surfaces and
the absorption coefficient of air at 30°C and 80% relative humidity given in dB per
kilometre.
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Figures

Fig. 2.1: Schematic diagram showing the rectangular coordinate system and the
geometrical configuration of a street canyon.

55

Numerical Models for Sound Propagation in Long Spaces

Fig. 2.2: Schematic diagram to show the relative locations of the receiver, the point
source (solid circle), image sources (open circle) and the corresponding line sources
above and below the ground surface.
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Fig. 2.3: The relative sound pressure level is plotted versus the absorption factor in air.
The squares, circles and diamonds are the numerical results based on the direct
numerical integration of Eq. (2.7) for the source/receiver separation of 5 m, 15 m and
50 m respectively. The plus, asterisks and crosses are the corresponding results based
on the approximate formula given in Eq. (2.17). The source and receiver are located at
the centre line of the street canyon and at the same height above the ground. The
reference sound pressure level is taken as 1 m free field sound pressure level, see Eq.
(2.18).
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Fig. 2.4: Schematic diagram to show the wave crests centring at the receiver at time t
= 0 and at time t.
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Fig. 2.5: The relative sound pressure level is plotted versus time in a street canyon
with the width of 10 m, and the source/receiver separation of 10 m. The source and
receiver are placed, respectively, at 0.5 m and receiver at 5 m above the ground and
they are located equidistance from the façade surfaces. The mean absorption
coefficients of all boundary surfaces are the same at (a) 0.15, (b) 0.2, (c) 0.25, and (d)
0.3. The solid lines (------) are the predictions by the integral formulation and the dotted
lines (- - - - - ) are the predictions by the image source method. The reference sound
pressure level is taken at the initial time when the source is turn off, see Eq. (2.37).
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Fig. 2.6: The relative sound pressure level is plotted versus time in town streets with
the source/receiver separation of 10 m and the source and receiver were located at 1.2
m above the ground. The width of the town street is (a) 12 m, (b) 18 m, and (c) 40 m.
The lines with plus signs (+) are measurement results taken from Ref. 34. The lines
with squares ( ) are predictions by the integral formulation. The lines with circles (O)
are predictions by the image source method. The reference sound pressure level is
taken at the initial time when the source is turn off, see Eq. (2.37).
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Fig. 2.7: Photograph showing the set-up of the indoor experiment conducted in an
anechoic chamber.
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Fig. 2.8: The acoustic characterisation of (a) the vertical walls (indoor façades) and (b)
the hard floor (indoor ground). The two-parameter model was used to characterise the
surface impedances. These parametric values are listed in Table 2.1 for information.
The solid lines (--------) are theoretical predictions and the dotted lines (- - - - - ) are
experimental data.
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Fig. 2.9: The sound pressure level spectra for the indoor model experiments. The
source was located at 0.6 m above the ground and at 0.565 m from one side of the
vertical wall. The receiver was placed at 0.2 m above the ground and 0.215 from the
same wall. The thick solid lines are experimental data and the thin solid lines are
predictions by the integral formulations. The lines with open circles and plus signs are
for the horizontal separations of 2 m and 4 m respectively.
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Fig. 2.10: The sound pressure level is plotted versus the horizontal distance. The
source and receiver locations are the same as Fig. 2.9. The thick solid lines are for
experimental data and thin solid lines are for predictions by the integral formulation.
(Plus signs: 500 Hz; squares: 1.25 kHz; asterisks: 2.5 kHz; open circles: 5 kHz).
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Fig. 2.11: Photograph showing the experiment setup of the field measurements in an
alley street.
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Fig. 2.12: The reverberation time, T30, is plotted versus the source frequency where the
source is placed at 0.1 m above the ground and at 1.56 m from one side of the vertical
wall. The receiver was located at 1.6 m above the ground and 0.69 from the same
vertical wall. The thick solid lines are for experimental data and thin solid lines are for
predictions by the integral formulation. (Plus signs: source/receiver separation of 4 m;
squares: source/receiver separation of 12 m).
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Fig. 2.13: The reverberation time, T30, is plotted versus the distance. The source and
receiver have the same relative positions from the vertical walls and the ground as
described in Fig. 2.12. The thick solid lines are for experimental data and thin solid
lines are for predictions by the integral formulation. (Plus signs: 800 Hz; squares: 1.6
kHz; asterisks: 2 kHz; open circles: 4 kHz).
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Fig. 2.14: The steady-state sound pressure level is plotted versus the source frequency
with the same source/receiver geometry as Fig. 2.12. The thick solid lines are for
experimental data and thin solid lines are for predictions by the integral formulation.
The respective source/receiver separations are 4 m (plus signs), 12 m (squares) and 20
m (asterisks).
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Fig. 2.15: The steady-state sound pressure level is plotted versus the distance. The
source/receiver geometry is same as Fig. 2.13. The thick solid lines are for
experimental data and thin solid lines are for predictions by the integral formulation.
(Plus signs: 500 Hz; squares: 800 Hz; asterisks: 2 kHz; open circles: 4 kHz.)
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Chapter 3
An analytical model for predicting
sound propagation in long enclosures
3.1 Introduction
Sound pressure level (SPL) is one of factors that indicate the acoustic environment of
an enclosed area. It is frequently used for determining the quality of sound perception
because it reflects the level of sound absorption in an enclosed space, affects the
speech intelligibility, clarity index and definition. Houtgast and Steeneken [1 - 2]
developed the so-called modulation transfer function. This was based on the
reverberation time and useable sound pressure level to background noise level and it is
used to assess the quality of speech transmission in a communications channel. Their
method established a physical parameter known as the speech transmission index (STI)
that is commonly used today for rating the intelligibility of a sound source.

It is worth noting that the assumption of diffuse field [4] has been used for more than a
century to predict the reverberation time. From the reverberation time, the steady-state
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sound field of an enclosed area can be obtained [5]. Based on this assumption, related
studies were carried out to improve the prediction accuracy in different room
environments [18 – 21]. More recently, the ray tracing technique and the image source
method are two popular approaches that have been used to develop numerical models
for predicting sound propagation in rooms [23 – 25]. Despite these efforts, the sound
pressure level obtained from the simplest formula is still used today [4 - 5], especially,
in the preliminary design stage because of its simplicity and ease of application. It can
give a reasonable estimate of the steady state sound pressure level in rooms.

Due to the extreme dimensions of a long enclosure, where one dimension is much
larger than the other two, those classical assumptions of diffuse field do not hold [46].
Studies that focus on long enclosures can be dated back to the 1960s with a number of
investigations relating to sound propagation having been conducted [6, 34, 44]. Most
of the theoretical formulas are developed either from the image source method or from
a ray tracing model [47, 49, 50, 54, 93].

In acoustic design, steady state sound pressure level plays the important rules.
Although most of methods described above can give an accurate estimate of steady
state sound pressures directly or indirectly, they did not provide any closed form
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solution. The present study forces the process to be simplified by developing simple
empirical formulas to predict the steady state sound pressure level in long enclosures.

3.2 Theory
In the current study, the long enclosure is modeled to have a rectangular cross section
and to be of infinite length. It is constructed of two parallel sidewalls and two parallel
horizontal planes, the ground and ceiling. Based on the idea of the image source
method, all boundaries of walls are assumed to be geometrically reflective. The effect
of diffusion due to boundary surfaces is generally ignored.

3.2.1 Sergeev's model
In 1970s, Sergeev [44] proposed that the scattered sound field can be represented by
an array of infinite image sources for both one-dimensional enclosures, e.g. a city
street and two-dimensional enclosures, e.g. a tunnel. Each of these image sources
contributes incoherently to give the total sound energy for a distant observer. The real
source is assumed to be located at a half way point between the horizontal and vertical
planes. By summing contributions from all image sources incoherently, Sergeev
approximated the solution in an integral form that led to a closed form analytical
solution. He further suggested that the sound energy density of image sources
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contribution for two-dimensional enclosure can be divided into four patterns.

First, when the receiver is very close to the source (i.e. X = z / Rϕ ≤ 1 where z is the
source-receiver distance, Rϕ = πS / 2( w + h) , S is the cross-sectional area of the
rectangular enclosures S = wh , w is the tunnel width and h is the tunnel height),
sound energy density contributed by image sources at the receiver, ws , is almost
constant. It can be calculated by,
ws = −

K
ln α
2cS

(3.1)

where K is the sound power of the real source, c is the sound speed in air and α is the
absorption coefficient of the boundary surfaces.

For intermediate separations between the source and receiver (i.e. when X > 1 ,

(α + M Rϕ )X 〈〈1, where M is the air absorption factor),
ws ≈

[

ws can be estimated by,

) ]

(

K
− 0.6 − ln α + M Rϕ X .
2cS

(3.2)

(

)

For longer separations when X ~ 1 − ln (1 − α ) + M Rϕ , ws is given by
ws ≈

(

)

 2

1
K 3
exp −
M Rϕ − ln(1 − α ) X  (3.3)
2cS 2 X 1 − (1 − α ) exp − M Rϕ
3



(

(

)

)

Finally, when X 〉〉 1 − ln (1 − α ) + M Rϕ , ws can be approximated by
ws ≈

K −(d + M Rϕ )X
e
16cS

(3.4)

and the sound pressure level can be calculated from the sound energy density by
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SPLz = 10 log( ρc 2 ws )

(3.5)

Although Sergeev suggested a method of estimating the decay of the sound field due
to a point in a long enclosure, he did not offer any experimental measurements to
validate his formulation.

3.2.2 Kang’s image source method
By applying an image source model, Kang [47, 94] proposed two analogous methods
to predict the reverberation time in a long enclosure. The first approach is referred to
as the summation method: contributions of all image sources are considered and
summed to yield an equivalent continuous sound level of an impulse response at the
receiver. The second approach is known as the statistical method and was developed
to simplify the process used in the summation method for estimating the contributions
from all image sources.

Referring to figure 3.1, an infinite long enclosure with the width of w and the height of
h, if a point source is positioned at a distance Lw from a side wall and Lh from the
ceiling, the receiver is at the centre of the cross-section and the source-receiver
separation is z, while the distance between an image source (m, n) and the receiver is
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D z ≡ D ( z , m, n )
=

[w m − g (m) + 2 L

2
w sgn( m ) g ( m ) ] + [h n − g ( n ) + 2 Lh sgn( n ) g ( n ) ] + z
2

2

(3.6a)

where m and n are integers ranging from -∞ to ∞, sgn( ) is a sign function defined as
− 1
sgn( x ) = 
1

if x < 0
if x > 0

(3.6b)

and the function g is given by
1
g(I ) = 
0

if I is an odd integer
if I is an even integer

(3.6c)

The scattered sound energy and the sound pressure level (SPLz) contributed by the
image source (m, n) at the reception point is given, respectively by,
E z ≡ E ( z, m, n ) = K (1 − α )

|m|+|n|

[

SPLz = 10 log K (1 − α )

m+n

Dz2

Dz2

(3.7)

]

(3.8)

where K is a constant relating to the sound power of the source, and α is the
absorption coefficient of the boundaries. The arrival time, t z ≡ t (z, m, n ) , of the
reflected waves for an image source (m, n) at the reception point with a horizontal
separation of z can be determined by
t z ≡ t ( z , m, n ) = TD + (D z − z ) / c

(3.9)

where TD is the arrival time of the direct sound wave and c is the speed of sound. For a
finite duration between time t and t + Δt, a short time equivalent continuous sound
pressure level of the energy responses at the receiver is
 ∞ ∞

SPL(t ) z = 10 log  ∑ ∑ E z exp(− MD z )
 m = −∞ n = −∞


(3.10)

where M is the air absorption factor which can be calculated by ANSI table [85].
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In order to simplify the above calculation, the statistical method also has been
developed by Kang. The idea of the statistical approach is as follows:
•

find out the average image distance D0,

•

approximate the number of image sources N, that contributes in the period ∆t,
and

•

the average number of reflections of image sources r between time t and t +
Δt.

When the source and receiver are located at the centre of the cross-sectional area
(figure 3.2), D0, N and R can be calculated straightforwardly by,
1 
z
D0 = c + t + ∆t 
2 
c
1  z

 z

N = π c 2 ( + t + ∆t ) 2 − z 2  − π c 2 ( + t ) 2 − z 2  
S  c

 c


=

πc 2   z



2 + t  + ∆t  ∆t

S  c 


R=

(3.12)

 D p sin ϑ D p cos ϑ 


+
π ϑ =0, step:∆ϑ 
h
w


2∆ϑ

(3.11)

π /2

∑

(3.13)

The term z / c in equations (3.11) and (3.12) is introduced to scale the arrive time of
direct sound wave to zero. S is the cross-sectional area, S = wh. In equation (3.13), ϑ
is an angle for determining the position of image sources, and DP is the projection of
Do into the image source plan.
Dp =

1  2 z
 2
 2
2 z
 c  + t + ∆t  − z + c  + t  − z 
2 
c

c 
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 Kw
R
SPL(t ) z = 10 log  N 2 (1 − α )  − MD0
 D0


(3.15)

Kang showed that equation (3.15) is the average of the fluctuation of equation (3.10)
and provides the same results. The theory was validated by comparing with an
experimental measurement conducted in a corridor where the average absorption
coefficient of the boundary surfaces was about 0.1 at 1 kHz. Kang’s statistical model
agreed reasonably well to within a 10 percent difference with the measurements. Kang
also applied his numerical formulation in several underground stations and also found
good qualitatively agreements with his experimental measurements.

3.2.3 Analytical prediction model
In current study, the idea of an image source model is made use of to deliver the
formulae to predict the steady-state sound pressure levels. Suppose that the long
enclosure is infinitely long and has a rectangular cross-sectional area. The width and
height of the enclosure is w and h. The origin is assumed to be located at the centre of
the source plane, and the locations of source and receiver can represent by (xs, 0, zs)
and (xr, y, zr). Figure 3.3 shows the schematic diagram of the rectangular coordinate
system and the source/receiver geometrical configuration of the assumption. Bases on
the concept of the image source model, an infinitely large image plane is created by
multi reflections caused by the two vertical walls and two horizontal boundaries. Each
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column of image sources are formed by the multi reflections from the two verticals
boundaries and rows of each column are created by the multi reflections from the two
horizontal walls. See figure 3.4 for the geometrical configuration of the problem. The
receiver can now link up to image sources by ray paths and the distance between each
image source to receiver can be estimated. It is not difficult to imagine that the
distance of each image source is different to each other.

The prime objective of the current study is to estimate the steady-state sound pressure
levels for a given geometrical configuration of a rectangular enclosure. Without loss
of generality [50], it is sufficient to consider that both source and receiver are located
at their geometric centres of the respective planes, i.e. source and receiver are
represented by (0, 0, 0) and (0, y, 0) and the horizontal separation is y. At the mean
time, all image sources can be replaced by an equivalent area source with the unit
strength of 1 wh per unit area where w is the width of the enclosure (measured in the
x-axis) and h is the height of the enclosure (measured in the z-axis) of the
cross-sectional area as shown in figure 3.5. Then, the separation between an
equivalent area sources locate at (x, 0, z) and receiver can be obtained from a simple
geometrical relationship:
D = x2 + y2 + z 2

,

(3.16)

79

Numerical Models for Sound Propagation in Long Spaces

where y is the horizontal separation between the real source and receiver. By using the
concept of area source, the mean squared pressure, pδ2 , of a small area of image
sources (of size δx by δz) located at (x, 0, z) can be estimated by
pδ = P0
2

2

y 2 e m ln(1−α v )+n ln(1−α h ) δxδz
D2
wh

,

(3.17)

where P02 is the free field mean squared pressure at 1 m from the source, α v is the
mean absorption coefficients of the vertical walls and α h is the mean absorption
coefficients of the horizontal walls. The m and n are the parameters of the number of
reflections created by vertical and horizontal walls respectively. They can be
approximated by

m = x /w

n = z /h,

and

(3.18a, b)

and the exponential terms are represented by the attenuation due to the reflection from
the boundaries and noted as the algebraic identity of,
e m ln(1−αv ) = (1 − α v ) m

and

e n ln(1−α h ) = (1 − α h ) n

(3.19a, b)

with ln(1 − α v ) <0 and ln(1 − α h ) <0 since α v and α h are less than 1.

To determine the steady-state sound pressure level, it can sum up the contribution
from real source and all image sources. Actually, the real source is represented by the
image source arrived at the initial time. The mean squared steady-state pressure, p 2 ,
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now can be expressed by summing up the sound energy incoherently to give:
∞∞

P02 y 2 e − k1x−k2 z
p = 4∫ ∫
dxdz
wh x 2 + rI2
0 0
2

(3.20)

where k1 and k 2 is the related absorption coefficient of the vertical and horizontal
boundaries and given by

k1 = − ln(1 − α v ) / w , k 2 = − ln(1 − α h ) / h
and rI =

y2 + z2 .

(3.21a, b)
(3.22)

By applying the equation of an indefinite integral for the exponential integral [86] as
follows:
1
ex
ia
∫ a 2 + x 2 dx = − a Im{e E1 (− x + ia)} + const ,

(3.23)

it can simplify Eq. (3.19) to yield
∞

p2 =

− 4 P02 y 2 e − k2 y Im{e ik1rI E1 (ik1rI )}
dz ,
wh ∫0
rI

(3.24)

where E1(Z) is the complex exponential integral of a complex argument Z.

The above integral equation is still difficult but can be further simplified. Referring to
the mathematical handbook [86], the exponential integral for complex argument
e z E1 ( z ) can be expressed as
3

e z E1 ( z ) = ∑
i =1

where

bi
+ ε 1 ε < 3 × 10 −6
ai + z

(3.25a)

a1 = 0.415775 , b1 = 0.711093

(3.25b)
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a2 = 2.29428 , b2 = 0.278518

(3.25c)

a3 = 6.2900 , b3 = 0.010389

.

(3.25d)

By following the equation of Eq. (3.25), exponential integral for complex argument
e ik1rI E1 (ik1rI ) can be approximated as
3

e ik1rI E1 (ik1rI ) = ∑
i =1

bi
ai + ik1rI

.

(3.26)

Then, the imagery part of the e ik1rI E1 (ik1rI ) can be estimated as
3

Im{e ik1rI E1 (ik1rI )} = ∑
i =1

− bi k1rI
ai2 + k12 rI2

(3.27)

where ai and bi are given by Eq. (3.25b) to Eq. (3.25d). By substituting Eq. (3.27)
into Eq. (3.24), the mean squared steady state pressure is given by

p2 =

4k1 P02 y 2
wh

3 ∞

bi e − k2 y
∑
∫ 2 2 2 dz .
i =1 0 ai + k1 rI

(3.28)

The integral in Eq. (3.28) can be evaluated by the indefinite integral shown in Eq.
(3.23) and gives
p2 =

− 4 P02 y 2
wh

3

∑
i =1

bi
a +k y
2
i

2
1

2

Im{e

ik 2 ai2 / k12 + y 2

E1 (ik 2 ai2 / k12 + y 2 )} .

(3.29)

In normal numerical result presentation, it always compares the steady-state sound
pressure level to the source at a distance of 1 m free field condition. So, the relative
steady-state sound pressure level (RSPL) due to source is given as,
RSPL = 10 log10 ( p 2 / P02 )

.

(3.30)

82

Numerical Models for Sound Propagation in Long Spaces

3.3 Experimental validation
In order to validate the formulation developed in the current study, a theoretical
comparison was conducted in two locations to validate the accuracy of the model.
Before carrying out the field measurements, the proposed model should be validated
by comparing the theoretical prediction of the current model with those predicted
results by using the image source method since the current model is developed from
the image source method. After that, field measurements were conducted in a model
tunnel and in a long pedestrian subway. The relative steady-state sound pressure level
(RSPL) shown in figures is a reference to the sound pressure level measured 1 m away
from the source in free field condition that is obtained from Eq. (3.30).

3.3.1 Theoretical comparison
An infinite long tunnel with width of 1 m and height of 1 m is used to validate the
proposed formulae. Both source and receiver are located at the geometric centres of
their respective planes. Figure 3.6 displays the theoretical predictions of mean
absorption coefficients of 0.05, 0.1, 0.15 and 0.2. The absorption coefficients of all
boundary surfaces are assumed to be the same as in the calculation. For validating the
proposed formulae, the numerical predictions of the image source method are also
displayed in the figure. In the figure, it can be seen that the prediction results of the
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analytical prediction model agree well with the prediction of the image source method
except when the receiver is very close to the source and the boundary surface is
acoustical hard, i.e. 1 m source/receiver separation and the mean absorption
coefficient of all surfaces is 0.05. This tolerance is caused form the error term of Eq.
(3.25a). This is the main limitation of using the proposed formulae.

In order to minimise the prediction error of the analytical prediction model, a
correction factor is added to Eq. (3.30) to optimise the theoretical prediction of the
analytical prediction model. After some calculations, the correction factor (CF) of
different combinations of source/receiver separations and mean absorption
coefficients is shown in Figure 3.7. The correction factor is developed from
comparing the prediction results of the image sound method and the analytical
prediction model. Since the correction factor is estimated from the long enclosure with
both width and height of 1 m, the separation of source and receiver in real application
should be scaled to the size of the correction factor obtained. The related distance
shown in figure 3.7 is given as
Related Distance = Source/receiver separation ÷ mean of width/height

(3.31)

By substituting the correction factor into Eq. (3.30), the related steady state sound
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pressure level is given
RSPL = CF + 10 log10 ( p 2 / P02 ) .

(3.32)

3.3.2 Indoor model measurements
A 28.5 m long, 1.16 m width and 1.46 m height model tunnel was built for verifying
the analytical prediction model. All horizontal and vertical boundary surfaces of the
tunnel were fully covered by gypsum board. Part of the gypsum board was used to
determine the absorption coefficient. A Brüel & Kjær type 4942 two-microphone
impedance measurement tube was used to determine the absorption coefficients of
different frequency bands [95]. The gypsum board sample was mounted on one end of
the impedance measurement tube. A broadband stationary random signal was
generated at the other end of the tube. By using two microphones, the frequency
response function H1 , the frequency response function associated with the incident
component H i and the frequency response function associated with the reflected
component H j can be determined. The complex reflection coefficient R is given by,
R=

H1 − H i j 2 k (1+ s )
e
H r − H1

(3.33)

where k is wave number, l is the distance between the first microphone and the front
of the sample and s is the spacing between the microphones. The absorption
coefficient α it used for predicting in the current study can be calculated by
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α =1− R

2

(3.34)

The measured absorption coefficients of gypsum board from 125Hz to 6300Hz are
listed in Table 3.1.

A Renkus-Heinz PN81 self-powered loudspeaker was used as the sound source and a
Brüel & Kjær 4942 pre-polarized diffuse field 1/2-inch condenser microphone,
connected to a Brüel & Kjær 2671 preamplifier and a Brüel & Kjær NEXUS condition
amplifier was used as the receiver in this measurement. A software-based maximum
length sequence system (MLSSA) was installed in a personal computer as an analyser
for the experiment [90]. It delivers the predefined pseudorandom signal to the sound
source through a special sound card and analyses most of the acoustical parameters
such as steady-state sound pressure level, signal to noise ratio and reverberation time
from the measured impulse response. Actually, same measuring technique was
employed in Chapter 2.3.1.

The sound source was placed at a distance 0.86 m from the left vertical boundary, 0.4
m above ground and receiver was placed at the centreline of the tunnel, 0.8 m above
ground, i.e. the x-y-z coordinates of source and receiver were represented by (-0.28, 0,
-0.33) and (0, y, 0.07) where y was an interval of 1 m from the source. Figure 3.8
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shows the experimental setup in the indoor model. Due to the possible resonance
effect of the model tunnel, measured data below 500 Hz are not presented.

Figure 3.9 displays the typical spectra of the steady state sound pressure where the
receiver was located at 3 m, 8 m and 20 m from the source. It also shows the
numerical predictions of the analytical prediction model and image source method.
During simulations, Sergeev’s model [44] is included in the prediction but the
difference between experimental results to the theoretical predictions of Sergeev’s
model is much more than the difference of the image source method and the analytical
prediction model. The numerical predictions of Sergeev’s model are not included in
the figure. In the graph, it can be seen that the theoretical predictions of analytical
prediction model agree tolerably well with the experimental results. Furthermore, the
theoretical predictions of analytical prediction model agree well with the numerical
predictions of the image source method. Similar results were obtained in the other
source/receiver separations although those results are not displayed in the figure again.
Figure 3.10 shows the steady-state sound pressure level against source/receiver
separation in two different frequencies, 500 Hz and 2 kHz. The steady-state sound
pressure level of 500 Hz and 2 kHz are chosen since the acoustic characteristics of
500 Hz and 2 kHz are used to estimate the speech transmission index [2, 3]. The
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source and receiver locations are the same as in figure 3.9 except the source/receiver
separation. The source/receiver separation was between 1 m to 23 m. It demonstrates
that the analytical prediction model can estimate the general trend of measured data.
The agreement between the numerical predictions of analytical prediction model and
of the image source method is reasonable close. The analytical prediction model can
be used to simplify the prediction of the steady state sound pressure level in indoor
model measurements.

3.3.3 Outdoor field measurements
Outdoor field measurements were conducted in a pedestrian subway. The pedestrian
subway was located under a highway. The subway was 34 m long, 3.64 m wide and
2.4 m high. The vertical walls were finished with plaster. The ceiling and ground were
hard concrete. There were two rows of fluorescent tubes installed on two top edges of
the subway for illumination. The same set of instruments mentioned in indoor model
measurement was used in field measurements again. Both sound source and receiver
were located in the centreline of the subway during measurement. The sound source
was 1.55 m above ground and receiver was 1.25 m above ground. Since the subway
was located under a highway, the background noise level was up to 70 dB at both
entrances. In order to maintain the signal level of the measurement 10 dB higher than
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the background noise, the experiment was only conducted in the centre part of the
subway. Figure 3.11 shows the experimental setup in the subway.

Similar to Chapter 2.3.1, Attenborough’s two-parameter model [89] was used to
characterise the surface impedances, Z, of the vertical walls and the ground in the
current study. By the deduced effective flow resistivity, σ e and effective rate of
change in porosity with depth, α e , the surface impedance can be calculated by
Z = 0.538 σ e/ f + i[0.538 σ e/ f + 19.74α e / f ] ,

(3.35)

where f is the source frequency. The parametric values of σ e and α e are deduced
from the short-range propagation measurement over the surface (see Figure 3.12). As
the covering material of the ground and the ceiling were hard concrete, the surface
impedance of the ground and the ceiling are assumed to be the same during prediction.
The best-fit parametric values for σ e and α e were 8 000 kPa s m-2 and 50 m-1 for
the vertical walls, and 15 000 kPa s m-2 and 5 m-1 for the hard ground. The one-third
octave band absorption coefficients (α ) of the boundary surfaces used in the current
study are calculated from the measured impedance by [54]
Z −1
.
α=
Z +1
2

(3.36)

The calculated absorption coefficients of the vertical walls and ground in one-third
octave bands are listed in Table 3.1.
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Figure 3.13 shows the typical spectra of the steady-state sound pressures when the
receiver was located at 6 m, 15 m and 20 m from the source. The numerical
predictions of the analytical prediction model and the image source method are also
displayed in the figure. The diagram demonstrates that both the numerical predictions
of the analytical prediction model and the image source method agree reasonably well
with the measurements. Both theoretical models can predict the general trend of the
measured acoustical spectrum. The prediction capacity of the analytical prediction
model is demonstrated again in the outdoor field measurements.

3.4 Summaries
The image source method is one of the popular approaches to estimating the sound
fields in a long enclosure. Discrete image sources in a street canyon are replaced by an
effective line source in the previous chapter, and a closed form solution is developed
to predict sound fields in a street canyon. The concept of Chapter 2 is further
developed in the current study. In the present study, discrete image sources in a long
enclosure are replaced by effective area sources, and an analytical formulation has
been developed to estimate the steady-state sound pressures. By comparing to the
predictions of the image source method, a correction factor has been included in the
formulation of the analytical model to improve the prediction accuracy when the
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receiver is close to a source. Two experimental measurements were conducted to
verify prediction accuracy of the analytical model. It has been demonstrated that the
predictions according to the analytical prediction model agreed tolerably well with
indoor and outdoor experimental data. It can be seen that the agreement between
experimental measurement and prediction is very good [94], the accuracy is generally
within 1 to 3 dB in average of each set comparison. The analytical prediction model
can be used to simplify the prediction of steady-state sound pressure level in a long
enclosure.
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Tables
Frequency (Hz)

400

500

630

800

1000

1250

1600

0.025

0.032

0.034

0.042

0.058

0.08

0.126

0.053

0.059

0.066

0.075

0.083

0.1

0.14

0.04

0.045

0.05

0.056

0.063

0.07

0.079

2000

2500

3150

4000

5000

6300

8000

0.114

0.116

0.128

0.156

0.161

0.207

0.12

0.13

0.14

0.16

0.18

0.2

0.22

0.087

0.098

0.11

0.12

0.14

0.15

0.17

Absorption coefficient of gypsum
board (Indoor model)
Absorption coefficient of vertical
wall (Field measurements)
Absorption coefficient of hard
ground (Field measurements)
Frequency (Hz)
Absorption coefficient of gypsum
board (Indoor model)
Absorption coefficient of vertical
wall (Field measurements)
Absorption coefficient of hard
ground (Field measurements)

Table 3.1: The estimated mean absorption coefficients of the boundary surfaces in the
indoor model and the pedestrian subway.
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Figures

Fig. 3.1: Schematic diagram to show the relative locations of the receiver, the point
source (solid circle) and image sources (open circle) of Kang’s image source model in
2-D view.
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Fig. 3.2: Schematic diagram shows the calculation of Do, N and R between time t and t
+ Δt of Kang’s statistical image source method.
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Fig. 3.3: Schematic diagram showing the rectangular coordinate system and the
geometrical configuration of a long enclosure with source and receiver locations.
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Fig. 3.4: Schematic diagram of the relative locations of the receiver, the point source
(solid circle) and image sources (open circle) of the image source method in 2-D view.
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Fig. 3.5: Schematic diagram of the source plane and an equivalent area source of the
analytical prediction model. The solid circle is the point source and open circles are
the image sources caused from the multi reflections of two vertical walls and two
horizontal boundaries. The field strength of the equivalent area source (in shadow) is
the same as the correlated image source.
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Fig. 3.6: The relative sound pressure level is plotted versus distance in a long
enclosure with the width and height both of 1 m. The source and receiver are placed,
respectively, at the centre of the cross section of the source plane and receiver plane.
The absorption coefficients of all boundary surfaces are the same at (a) 0.05, (b) 0.1,
(c) 0.15, and (d) 0.2. The solid lines (------) are the predictions by the analytical
prediction model and the dotted lines (- - - - - ) are the predictions by the image source
method.
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Fig. 3.7: Correction factor of the analytical prediction model. The correction factor is
obtained from the absorption coefficient and the related distance. The related distance
is estimated by dividing the source/receiver separation by the mean of width and
height of the long enclosure.
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Fig. 3.8: Photograph showing the experiment setup of the indoor model
measurements.
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Fig. 3.9: The relative sound pressure level is plotted versus the source frequency
where the source was located at 0.86 m from the left vertical boundary and at 0.4 m
above ground. The receiver was placed at the centreline of the tunnel and 0.8 m above
ground. The thick solid lines are experimental data, the thin solid lines are predictions
by the analytical prediction model and the dotted lines are the predictions by the
image source method. The source/receiver separations were 3 m in (a), 8 m in (b) and
20 m in (c).
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Fig. 3.10: The relative sound pressure level is plotted versus the horizontal separation.
The source location, receiver locations and the keys for the lines shown in the figure
are the same as figure 3.9 except for the source/receiver separation. The source
frequencies were 500 Hz in (a) and 2 kHz in (b).

102

Numerical Models for Sound Propagation in Long Spaces

Fig. 3.11: Photograph displaying the experiment setup of the outdoor field
measurements. The foreground is the sound source, PN 81 self-powered loudspeaker.
The receiver is located in the centre of the photograph.
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Fig. 3.12: Plot of excess attenuation against frequency for the characterisation of (a)
the vertical walls and (b) the hard floor of the pedestrian subway. The solid lines
(--------) are theoretical predictions by the two-parameter model. The dotted lines
(- - - - - ) are experimental data.
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Fig. 3.13: Comparison of measured and predicted relative sound pressure levels in the
outdoor field measurements. Both numerical predictions of the image sound method
and the analytical prediction model are displayed in the figure. The source was located
at the centreline of the subway, 1.55 m above ground. The receiver was placed at
centreline of the subway and 1.25 m above ground. The source/receiver separations
were 6 m in (a), 15 m in (b) and 20 m in (c). The keys for the lines show in the figure
are the same as figure 3.9.
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Chapter 4
Transmission of noise through a
junction in a street canyon
4.1 Introduction
Community noise has been recognized as a major problem in urbanised high-rise city.
The noise sources include transportation, industry and other sources. Studies show
that transportation is the greatest contributor to the community noise [96 - 98]. In
order to investigate the characteristics of transportation noise in the urban area,
theoretical studies were conducted and most of them were focused on the noise
propagation in straight street canyons [29, 34, 38, 42, 51, 56, 99, 100].

Apart from the straight street canyon, cross junction is the other importance facility of
a city. Actually, a city is a combination of building façades, street canyons, cross
junctions and flat land such as squares and parks. The building façade is assumed to
be an obstacle which sound waves can not pass through, although sound waves
travelling in a city should pass through street canyons, cross junctions of streets and
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flat lands to reach a receiver. Most previous studies focused on predicting the
propagation loss in an open area and in straight street canyons. There are fewer studies
of sound field propagation through a junction in a street canyon although this is a
useful study area. Besides the study for street junctions, there are limited related
studies in long enclosures. So et al. [39, 40], using a coherent image source model to
predict the sound field in a long enclosure with a T-intersection and U-turn long
enclosures, being one of the limited cases. However, they do not provide the detail
prediction formula. The aims of this study are, first, the development a systematic
formulation to obtain the sound field when, (1) the source and receiver maintain a
sight-line contact, and (2) the source cannot ‘see’ the receiver directly in the
cross-junction of a street canyon; and second, display the sound field characteristics of
the after junction regions by comparing the sound field of a straight street canyon.
Since So [39, 40] used a coherent image source method to predict the source field in
“T” and “U” sharp long enclosures successfully, the same method can be applied in
the current study. Both coherent and incoherent image source methods are employed
in the study to develop the systematic formations. The systematic formations are
validated by comparing the predictions with full scale outdoor experimental results.
As shown by comparison, the systematic formation by using coherent method
provides better accuracy than the incoherent method but the incoherent method still
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can predict the general trend of the measurements. The sound field attenuation
charateristics of the after cross junction region is study afterwards by the incoherent
method. A short summary will be given at the end of the chapter.

4.2 Theory
4.2.1 Formulation of the problem
Consider two streets which cross perpendicularly at a junction in an urban setting
where both sides of the streets are surrounded by tall buildings. The respective widths
of the two streets are W and B. Hence, the cross-sectional area of the junction is W by
B. A sound source S1 is placed at height zs above the ground and a horizontal distance
of xs from the left vertical walls of the first street. A three-dimensional rectangular
co-ordinate system, x-y-z, is chosen such that the x-z plane coincides with that of the
source. The x-direction is measured from the left walls of the first canyon street where
0 ≤ xs ≤ W. The y-direction is measured along the first street from the source. The
z-direction is measured positively upwards where zs ≥ 0. Suppose that the source is
placed at a horizontal distance YL from the junction along the y-axis. Figure 4.1 shows
the schematic diagram of the problem at hand where the receiver is situated at a
horizontal distance YT from the opposite junction along the y-axis.
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The problem is how to estimate the transmission of noise through the cross junctions
where tall buildings are aligned along the streets. The source S1 is located at (xs, 0, zs).
The receiver R1 has a co-ordinate of (xr, yr, zr) where yr = YL + YT + B. It is either
situated
(i)

at the opposite end of the first street across the junction, i.e. ≤0

xr ≤ W, YT ≥ 0

and zr ≥ 0,
(ii) along the second street round the corner of the junction where –B ≤ YT ≤ 0.

Because the sound fields are asymmetric in case (ii), we only need to consider the
situation where the receiver is situated at the left side of the second street canyon, i.e.
xr ≤ 0 and zr ≥ 0. If the sound field at the right side of the second street canyon (i.e. W
≤ xr) is needed, we can simply change the source location to (W – xs, 0, zs) and the
receiver location to (W – xr, yr, zr).

To simplify the numerical analysis, the street canyons may be modelled by two
infinitely high vertical planes erected parallel to each other on an impedance ground
[34, 42]. The sound diffracted at the top edges of the buildings can generally be
ignored because the sound field is dominated by the direct and reflected waves in this
urban environment.
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In earlier studies, Oldham [56] and Li [51] used an image source method for
prediction of the sound field in a street canyon with no intersections. Figure 4.2 shows
a schematic diagram of the relative locations of images sources and the receiver. The
façades and their images, …, L-3, L-2, L-1, L1, L2, L3, … are also shown in Figure 4.2.
With these façade surfaces, the image sources can be constructed as follows. An image
source S-1 is created because of the reflection of the source S1 on the façade surface
L-1. The image sources S2 and S3 are then formed because of the reflection of the
sound source S1 and the image source S-1 on the façade surface L1. Next, the image
sources S-2 and S-3 are created on reflection from L-1 due to the image sources S2 and
S3. These image sources are referred to as noise sources in the following paragraphs.

Based on the sound source S1, this process repeats to create a series of image sources
S2, S3, … located at the right side of L-1. The image source S2 creates a sound ray that
hits the façade L1 before it reaches the receiver. The source S3 is formed for a sound
ray that hits the façade L-1 and then the façade L1 before the sound ray reaches the
receiver. The procedure continues for determining the ray paths traced by other
sources, S3, S4, and so on. Similarly, the ray paths for S-1, S-2, S-3 etc. can also be
constructed. There is an analogous series of image sources ... S-3 , S-2 , S-1 , S1 , S 2 ,
S3 …

that can also be identified because of the presence of a reflecting ground. The
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sound rays of these image sources hit the ground once before they reach the receiver.

The locations of these sound sources, S ± m = ( x ± m ,0, z s ) and=
S± m

( x± m , 0, − zs ) , can

be determined from the geometrical configuration of the problem, where the
x-coordinates of these image sources are given by
x± m = mW  W( m )

for m = 1, 2, 3, … ,

(4.1a)

where

W − xs
W( m ) = 
 xs

if m is odd
if m is even

.

(4.1b)

Figure 4.2 shows the ray paths connecting the image sources S2 and S-2 with the
receiver.

Here, the image source theory is extended to include the case where the street canyon
has a junction in the present study. By a geometrical consideration, the distance
between a source S at (Sx, Sy, Sz) and a receiver R at (Rx, Ry, Rz) is given by
D ( S | R ) ≡ D ( S x , S y , S z | Rx , Ry , Rz )=

( S x − Rx ) + ( S y − Ry ) + ( S z − Rz )
2

2

2

.

- (4.2)
If the image source and receiver are placed near an impedance plane with the specific
normalised admittance of β, then the reflected sound field Pβ ( S | R, β ) can be
computed by
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Pβ ( S | R, β ) =

Q ( S | R, β ) eikD

(4.3)

4π D

where k (≡ ω / c) is the wave number, ω is the angular frequency of the source, c is
the speed of sound in air and Q ( S | R, β ) is the spherical wave reflection coefficient
determined according to [89]
Q ≡ Q ( S | R, β ) = R p + (1 − R p ) F ( w )

.

(4.4)

In the above equation, the plane wave reflection coefficient R p is given by
Rp =

cos θ − β
cos θ + β

(4.5)

where θ is the incident angle of the reflected wave measured from the normal of
impedance plane. The boundary loss factor F(w) is determined by
F ( w) =
1 + i π w e − w erfc ( −iw )
2

,

(4.6)

where w, which is known as the numerical distance, is defined by
w=

kD 2 (1 + i )( cos θ + β )

.

(4.7)

Suppose that the source and receiver are placed between two parallel façade surfaces
which have the respective specific normalised admittance of β – and β + . The spherical
wave reflection coefficients due to the image source S and the receiver R can be
written as Q− ≡ Q ( S | R, β − ) and Q+ ≡ Q ( S | R, β + ) for the left and right façade
surfaces respectively. For a sound ray emanating from S , multiple reflections occur
between the parallel surfaces before it reaches the receiver R. A combined complex
wave

reflection

factor

is

needed

in

Q+ ≡ Q ( S | R, β + ) in Eq. (4.3).
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The combined reflection factors due to the jth source Sj can be determined by counting
the number of reflections from each of these boundary surfaces and multiplying their
respective spherical wave reflection coefficients together. It follows immediately that
Q  j + g ( j ) 2Q  j − g ( j ) 2
+
−
Γ ( S j | R, j , Q+ , Q− ) =
  j − g ( j ) 2  j + g ( j ) − 2 2




Q−
Q+

if j < 0
if j > 0

,

(4.8)

where sgn(x) is a sign function defined as
− 1
sgn( x ) = 
1

if x < 0
if x > 0

(4.9)

and the functions g(x) is given by
1
g ( x) = 
0

if x is an odd integer
if x is an even integer

.

(4.10)

4.2.2 Transmission of noise through a cross junction
Using the concept of the combined wave reflection factors, the total sound field due to
a monopole source of unit strength can now be calculated by summing all
contributions coherently. In the presence of a cross junction in a street canyon, the
sound field is given by

1
P (ω )
=
4π


eikDm
eikDm 
∑m VmΓ m D + VmΓm D 
m
m 


,

(4.11)

where Dm = D ( Sm | R1 ) and Dm = D ( Sm | R1 ) are the respective distances from the
receiver R1 to the sources S m and S m . The reflection factor Γ m is defined as

Γ m ≡ Γ ( Sm | R1 , m, QA , QB )

(4.12)

114

Numerical Models for Sound Propagation in Long Spaces

for the source and receiver placed between the left façade surface L-1 and the right
façade surface L1. These two surfaces have the respective specific normalised
admittance of βA and βB and their spherical wave reflection coefficients are

QA ≡ Q ( Sm | R1 , β A ) and QB ≡ Q ( Sm | R1 , β B ) respectively, cf Eq. (4.4). The
parameter Vm is the visibility factor which is set to 1 when a direct link can be
established between the receiver and the image source Sm . Otherwise it is set to zero.

The overbar in Rm , Γ m and Vm which appears in the second term of the square
bracket of Eq. (4.11) represents the respective parameters for the images sources Sm
which are located below the ground surface. Their combined spherical wave factors
are obtained by
Γ m = QG Γ ( S m | R1 , m, QA , QB )

,

(4.13)

where QG ≡ Q ( Sm | R1 , βG ) is the spherical wave reflection coefficient of the ground
surface which have the specific normalised admittance of βG . Again, the visibility
factor Vm is set to 1 when the image source S m can link with the receiver and it is
set to 0 for other cases.

For a street canyon with no junction, all images sources S m and S m can link with
the receiver. As a result, all visibility factors ( Vm and Vm ) are set to 1 for all m. On
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the other hand, some visibility factors are zero if the source and receiver are located at
the opposite sides of the junction as shown in Figure 4.1. A systematic method has
been developed to determine the visibility factors as follows.

Figure 4.3 shows a cross-sectional view where the horizontal branches of the junction
are not shown for clarity. However, the left façade surface L-1, the right façade surface
L1 and the image façade surfaces (…,L-3, L-2, L2, L3, …) are shown instead. A gap in
each of the façade surfaces represents an opening in each of the image façades. If a
sound ray interacts with one of these gaps, the visibility factor will be zero because the
sound ray will not be able to reflect back to the main branch of the street canyon
where the receiver resides. These gaps can be treated essentially as anechoic surfaces
with perfect absorption.

To determine whether a sight-line contact has been established, the situation when the
receiver and the source have the same height above the ground in the street canyon
should be considered initially. In the x-y plane, the coordinates of the upper and lower
edges (marked as A (ju ) and A (jd ) in Figure 4.3) of the anechoic surfaces are
determined as

([ j

+ H (− j ) ]W , YL + B ) and

([ j

+ H (− j ) ]W , YL ) where j = ±1, ±2,

±3,… and H(Z) is the Heaviside step function given by
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0
H (Z ) = 
1

if Z < 0
if Z > 0

.

(4.14)

Then, the equations, Λ u( ) and Λ (d ) can be determined, for the respective sight lines
j

j

of the sound rays which start from the receiver and pass through the upper and lower
edges of the gaps as follows:

Λ (ju )=
: x y tan θ j(u ) + X (j u )

(4.15a)

Λ (jd )=
: x y tan θ j( d ) + X (j d )

(4.15b)

and

where the angles θ j(u ) and θ (j d ) are the respective angles between sight-lines Λ (ju )
and Λ (jd ) with the y-axis. All sight-line angles vary between 0 and π. The respective
slopes of the sight lines are given by:
tan θ j(u ) =

YT
xr −  j + H ( − j )  W

tan θ (j d ) =

YT + B
xr −  j + H ( − j )  W

,

(4.16a)

and
,

(4.16b)

where π 2 ≥ θ (j d ) > θ (j u ) ≥ 0 when j < 0 and π 2 ≤ θ (j d ) < θ (j u ) ≤ π when j > 0. The
x-intercepts of the sight-lines, X (j u ) and X (j d ) , are given by

 j + H ( − j )  yrW − (YL + B ) xr
X (j u ) = 
YT

,

(4.17a)

and

 j + H ( − j )  yrW − YL xr
X (j d ) = 
B + YT

.

(4.17b)
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In the above equations, the equations for the sight lines Λ (j ) and Λ (j

d)

u

are derived

for the case when the source and receiver have the same height. It can be shown that
the same equations are also applicable when the source and receiver are located at
different heights. In a three-dimensional system, Eqs. (4.15a) and (4.15b) represent
planar surfaces where the respective sight lines reside. As a result, we can use them to
determine the visibility factors for the sound rays used in Eq. (4.11).

If an image source is bounded between Λ (j ) and Λ (j ) , the sound ray radiated from
u

d

the image source will hit the anechoic surfaces. In other words, no sound energy can
reach the receiver which is located at the main branch of the street canyon. As a result,
the visibility factors in Eqs. (4.11) can be set to zero. Since Λ (j ) and Λ (j

d)

u

are

independent of the receiver and source heights, the visibility factor for the source
located above the ground is the same for sources situated below the ground, i.e.

V j = V j for all j. Therefore, it is sufficient just to determine the visibility factor, V j .

To facilitate the analysis, the x-intercepts X (j

u)

and X (j

d)

with the x-co-ordinates of

the sources should be compared. It can be seen immediately that sound rays will be
transmitted to the main branch of the first street canyon when X ±( j )±1 ≤ xm ≤ X ±( j) but
d

u

they will turn into the second street canyon when X ±( j) ≤ xm ≤ X ±( j ) . Hence, the
u
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visibility factors can be expressed as

1 if xm ∈ ...[ X −( d3 ) , X −(u2) ],[ X −( d2 ) , X −(u1) ],[ X −( d1 ) , X 1( d ) ],[ X 1(u ) , X 2( d ) ],[ X 2(u ) , X 3( d ) ],...
Vm = 
(u )
(d )
(u )
(d )
(u )
(d )
(d )
(u )
(d )
(u )
0 if xm ∈ ...[ X −3 , X −3 ],[ X −2 , X −2 ],[ X −1 , X −1 ],[ X 1 , X 1 ],[ X 2 , X 2 ],...
- (4.18)
where m is set at ±1, ±2, ±3,... in turn to check whether the image source Sm is
bounded by any of pair of sight-line planes Λ (j ) and Λ (j ) .
u

d

A close examination of Eq. (4.18) suggests that only a finite number of image sources
have non-zero visibility factors. To demonstrate this point, the slopes of the sight-line
planes, Λ (j ) and Λ (j ) , for j > 0 can be considered. By considering Eqs. (4.16a) and
u

d

(16b), it can shows that θ (j d ) is always less than θ j(u ) . Hence, X (j u ) > X (j d )

and the

regions [ X (j ) , X (j ) ] are always present.
d

u

On the other hand, Eqs. (4.17a) and (4.17b) suggest that the condition of X (j u ) > X (j d+1)
is valid when j < J + where
J+ =

YT W + Bxr
BW

.

(4.19)

For j < 0, the condition for X (j d−1) > X J( u ) is valid when j > J − where
J− = −

YT W + B (W − xr )
BW

.

(4.20)

As a result, the series in Eq. (4.18) for Vm = 1 can be determined with the following
condition:
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J− < j < J+ .

(4.21)

Setting j = J+ in Eq. (4.17a) and j = J– in Eq. (4.17b), X J(u+ ) and X J( d− ) can be
obtained respectively. They can then be used to calculate the number of image sources
used in Eq. (4.11). To illustrate this point, a normalised bar chart of X (j d+1) , X (j u ) and

X (j d ) for different positive values of j is shown in Fig. 4.4 where a typical geometrical
configuration of the source and receiver is used.

4.2.3 The sound field round a corner of a cross junction
The next task is to determine the sound field for a receiver that lies in the second street
round the corner. It is convenient to introduce image receivers to account for the
multiple reflections between the façade surfaces M1 and M-1 in the second street
canyon. The image receivers are generated in an analogous manner as with that for the
image receivers. Figure 4.5 shows a schematic diagram for these image receivers
which are denoted by R1, R2, R3 … located above the ground. The coordinates of these
image receivers are R± n = ( xr , y± n , zr ) where
y±=
YL + jB  B( j )
j

for j = 1, 2, 3, …

,

(4.22a)

where
 B − ( yr − YL
B( j ) = 
 yr − YL

)

if j is odd
if j is even

.

(4.22b)

Suppose that the receiver is located at the left branch of the street canyon, i.e. xr < 0. A
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close examination of the ray tracing diagram suggests that the image sources at the
right side of the first street canyon (i.e. S+m and S+m ) can only contribute to the
total sound field. On the other hand, the image sources at the left side of the first street
canyon ( S -m and S -m ) cannot contribute to the total sound field because direct
linkage between the image sources and image receivers cannot be established.

In this case, linking the image sources with image receivers allows the determination
of all possible ray paths for the calculation of the total sound field. It is then
straightforward to show that the pressure field is given by
=
P(ω )

ikD
ikD
1 ∞ ∞ 
e m ,n
e m ,n 
Γ
+
Γ
V
V


∑∑ m,n m,n D
m,n m,n
4π =n 1 =m 1 
Dm ,n 
m,n

,

(4.23)

where the source/receiver separations are now denoted by Dm ,n = D ( Sm | Rn ) and
Dm ,n = D ( Sm | Rn ) . The visibility factors are represented by Vm ,n and Vm ,n but, as

discussed in Sec. 4.2.2, these two visibility factors are identical.

In addition, the reflection factor Γ m ,n is determined by multiplying the corresponding
complex wave reflection coefficients for each interaction with L-1, L1, M-1 and M1. It
can be shown that

Γ m ,n = Γ ( Sm | Rn , m, QA , QB ) × Γ ( Sm | Rn , n, QC , QD ) ,
and
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Γ m=
QG × Γ ( Sm | Rn , m, QA , QB ) × Γ ( S m | Rn , n, QC , QD )
,n

,

(4.24b)

where QC ≡ Q ( Rn | Sm , βC ) is the spherical wave reflection coefficient with βC as
the specific normalised admittance for the façade surfaces M-1. Similarly,

QD ≡ Q ( Rn | Sm , β D ) and βD are the spherical wave reflection coefficient and the
specific normalised admittance for the façade surfaces M1 respectively.

Based on earlier analysis, the visibility factor can be established by determining the
sight-line planes. In the present situation, xr is located at the left side of the second
street canyon (i.e. xr < 0) and yr is replaced by the image receiver yn. The image
receiver is calculated by Eq. (4.22a) with n restricted to positive integers only. Hence,
the sight-line planes are modified from Eqs. (4.15a) and (4.15b) to
=
Ψ (nu ) : x y tan φn(u ) + ϒ (nu )

(4.25a)

=
Ψ (nd ) : x y tan φn( d ) + ϒ (nd )

(4.25b)

and

where the sight-line angles φn(u ) and φn( d ) are expressed in term of the slope by:
tan φn( u ) =

yn − (YL + B)
xr

tan φn( d ) =

yn − YL
xr

,

(4.26a)

and
.

(4.26b)

All sight-line angles vary between π/2 and π except φ1(u ) where it is bounded
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between 0 and π/2.

The respective x-intercepts, ϒ (nu ) and ϒ (nd ) , can be determined by

γ n(u ) =

− (YL + B ) xr
yn − (YL + B)

γ n( d ) =

−YL xr
yn − YL

,

(4.27a)

and
.

(4.27b)

If a sound ray is bounded by the sight-lines, Ψ (nu ) and Ψ (nd ) , it will be transmitted
through the opening of the second street canyon. On the other hand, some sound rays
pass through the opening of the first street canyon. This condition can be determined
by introducing the sight line plane joining the receiver to the lower edge of the
opening of the façade surface L1. Suppose that this sight line is denoted by Ψ (nh )
which can be determined by
=
Ψ (nh ) : x y tan φn( h ) + ϒ (nh )

(4.28a)

where the slope and x-intercept are given, respectively, as
yn − YL
xr − W

(4.28b)

ynW − YL xr
.
yn − YL

(4.28c)

tan φn( h ) =

and

γ n( h ) =

By a simple geometrical construction of the ray path, it can be seen that sound rays are
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bounded by Ψ1( d ) and Ψ1( h ) if φn( h ) is greater than φn( d ) . On the other hand, the
sound rays are bounded by Ψ1(u ) and Ψ1( d ) if φn( h ) is less than φn( d ) .

Since the study is interested in the possibility of a sound ray reaching the second street
canyon, the visibility factors can then be adapted from Eq. (4.15) to yield
if ϒ + ( n ) > xm >ϒ − ( n )

1
V=
V=

m,n
m,n
0

otherwise

,

(4.29)

where ϒ + ( n ) and ϒ − ( n ) are defined as follows:
if φn(u ) > φn( h )

 ϒ (nh )
ϒ+ ( n ) =
 (u )
 ϒ n

otherwise

,

(4.30a)

and

ϒ− ( n ) =
ϒ (nd )

.

(4.30b)

Substituting Eqs. (4.26), (4.27a) and (4.27b) into Eq. (4.20), it can rewrites the ray
series as
=
P (ω )

ikR
e m ,n
eik Rm ,n 
1 ∞ m+ ( n ) 
Γ
+
Γ
,
m
n

∑ ∑  m,n R
4π =n 1 =m m− ( n ) 
R m ,n 
m,n

,

(4.31)

where m− ( n ) and m+ ( n ) are obtained by comparing Eqs. (4.27a) and (4.27b) with
Eq. (4.1b) in order to determine whether an image source contribute to the total sound
field. The expressions for m− ( n ) and m+ ( n ) can be simplified considerably if the
source is located at the centre of the street canyon, i.e. xs = W/2. In this case, W(m) can
be set as W/2 in Eq. (4.1b). It is then straightforward to show that
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m− ( n ) =

− (W 2 + xr ) YL + W  nB − B( n )  2

(4.32)

[ yn − YL ]W

and
 ynW − YL xr
 ( y − Y )W
 n
L
m+ (n) = 
 − (YL + B) xr
[ yn − (YL + B)]W

if φn( u ) > φn(h)

.

(4.33)

otherwise

4.2.4 An incoherent model for noise transmission
Using the ray model described in the last two sections, the total sound intensity by
summing all contributory components incoherently can be calculated. For the receiver
located at the opposite end of the cross junction in a street canyon, the total sound
intensity, I, is given by

R
R 
=
I I ref ∑ Vm  m2 + m2 
m
 Dm Dm 

,

(4.34)

where Iref is the free field sound intensity of the source at 1 m from the source of unit
strength. Again, the visibility factor Vm is determined according to Eq. (4.18). The
respective distances from the source or image sources to the receiver R1 are denoted
by Dm = D ( Sm | R1 ) and Dm = D ( Sm | R1 ) . The reflection factors, Rm and Rm ,
are the combined reflection coefficient associated with the respective image source
S m and S m .

The reflection factors are calculated by using the absorption coefficients of the walls
(αA and αB respectively for the left and right façade of the first street canyon) and the
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ground (αG). The amplitude of Rm is reduced by a reflection factor (1 − α A ) for
each interaction with the left façade and a factor of (1 − α B ) for the right façade. In
addition to the corresponding interaction with the façade surfaces, an extra reduction
factor of (1 − α G ) is required for the amplitude of Rm as the rays hit the ground
surface.

In light of Eq. (4.34), the sound intensity for the receiver located in the second street
canyon can be calculated analogously to give
∞

=
I I ref ∑

 Rm ,n Rm ,n 
 2 + 2 
m− ( n ) 
 Dm ,n Dm ,n 

m+ ( n )

=
n 1=
m

∑

,

(4.35)

where Dm ,n = D ( Sm | Rn ) is the distance from the image source Sm to the image
receiver Rn and Dm ,n = D ( Sm | Rn ) is the distance from the image source S m to the
image receiver Rn. The parameters, Rm ,n and Rm ,n , are the respective reflection
factors due to multiple reflection from the four façade surfaces (with the respective
absorption coefficients of αA, αB, αC and αD) and the ground surface (with the
absorptive coefficient of αD). Again, these reflection factors are determined in the
same way as Rm and Rm .

4.3 Experimental validations
A full scale field measurement was conducted in a junction of an alley street in order
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to validate the theoretical models described in Sec. 4.2. The main street where the
source was located 3.1 m wide, 50 m long. The second street was 3.25 m wide and 70
m long. The surrounding buildings were about 65 m high, the façade surfaces were
decorated with hard mosaic tiles and the ground was constructed of concrete.

Initial measurements were conducted to characterise the acoustic impedances of the
boundary surfaces. In these measurements, the source was separated at a distance of 1
m from the receiver and both of them were placed at the same perpendicular distance
of 0.1 m from the respective boundary surfaces. The excess attenuation (EA) spectrum
was measured where EA is defined as the ratio of the total field above the boundary
surface to the free field at 1 m. See later in this chapter for the equipment used in these
measurements.

The corresponding acoustic characteristics of the façade and ground surfaces can be
deduced from the measured EA spectra. Again, Attenborough’s two-parameter model
[89] that mentioned in Chapter 2.3.1 was used to model the acoustic impedance of the
boundary surfaces in the present study. According to Attenborough’s model, the
normalised surface impedance is calculated by
Z = 0.538 σ e / f + i[0.538 σ e / f + 19.74α e / f ]
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where f

is the frequency of the acoustic excitation, σ e is the effective flow

resistivity and α e is the effective rate of change of porosity with depth. Essentially,

σ e and α e were deduced by obtaining the best agreement between the predicted and
measured EA spectrum. Figures 4.7(a) shows typical experimental results compared
with theoretical predictions based on best-fit parameters for the acoustical
characterisation of the façade surface. The best-fit parametric values for σ e and

α e were 50,000 kPa s m-2 and 500 m-1 respectively. The acoustical characterisation of
the hard ground is shown in Figure 4.7(b). The best-fit parametric values for σ e and

α e were 200,000 kPa s m-2 and 500 m-1, respectively.

It is remarkable that the one-third octave band absorption coefficients ( α ) of the
boundary surfaces are required for the incoherent model. They can be calculated from
the deduced impedance by using the following formula [54],

α=

Z −1
Z +1

2

(4.37)

The calculated absorption coefficients of the hard ground and the façade surfaces from
400 Hz to 8000 Hz in one-third octave bands are listed in Table 4.1.

A Renhus-Heinz type PN 61 self-powered loudspeaker and a Brüel & Kjær type 4189
pre-polarised free field 1/2” condenser microphone were connected to a PC-based
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maximum length sequence system analyser (MLSSA) [89]. A set of pseudo-random
signals was generated and broadcast through the loudspeaker. The signals received at
the microphone were then recorded and subsequently processed by MLSSA.

The source was situated at the centreline of the main street and at 1.235 m above the
ground. The co-ordinate of the source is given by (1.55, 0, 1.235). The receiver was
placed at 0.995 m above ground but it was moved along the centreline of the two
streets for different sets of measurements. The first set of measurements was
conducted where the receiver was placed along the main street in which the sight-line
contacts between the source and receiver was maintained. In this case, the receiver
location is given by (1.55, hy, 0.995) where hy is the horizontal distance measured
from the source plane to the reception point. The second set of measurements was
carried out when the receiver was placed in the second street at (hx, 6, 0.995) where
the horizontal distance hx is measured from the centreline of the main street to the
reception point along the second street. Figure 4.8 shows the experimental setup of the
outdoor measurements.

To illustrate the validity of the numerical models, the narrow-band EA spectra for
three different receiver locations are first compared. Figures 4.9 (a) and (c) show the
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measured EA spectra for the receiver locating along the main street before and after
the junction at (1.55, 3, 0.995) and (1.55, 12, 0.995) respectively. Figures 4.9 (b) and
(d) show the respective numerical predictions according to the coherent ray model
described in Secs. 4.2 (A) and (B). Figure 4.9 (e) and 9(f) display comparisons of the
corresponding EA spectra for the receiver located along the second street at (-4.45, 6,
0.995) where the numerical model is based on the coherent ray model discussed in Sec.
4.2.3.

As shown in the characterisation of the boundary surfaces (see Fig. 4.7), the façade
and ground used in the present study are relatively hard acoustically. Hence, the total
sound field in the street canyon is composed of many small ray terms with different
phase angles due to the effect of multiple reflections. The EA spectra are expected to
be highly oscillatory especially at high frequencies which are confirmed by the
measured data. As shown in Fig. 4.9, there are places where discrepancies between the
measured results and numerical predictions are significant. It is understandable
because a smooth and flat impedance plane is used to approximate the rather
complicated façade surfaces. For instance, downpipes, recess areas and large
scattering surfaces are present at the experimental test site as shown in Fig. 4.8.
Despite these apparent non-uniformities in the test site, the coherent ray model is able
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to predict comparable interference patterns and similar levels of fluctuations in the
excess attenuation spectra.

It is also useful to conduct octave-band analyses of the measured sound fields. These
results can be compared with the incoherent ray models described in Sec. 4.3.4. From
the narrow-band EA spectrum, it is possible to determine the sound pressure level
relative to the free field noise level measured at 1 m from the source. Suppose that
there are i narrow bands within an octave band, then the relative sound pressure level
(∆SPL) at this octave band is given by

EA
∆SPL=  ∑ pi2 ×10 i
 i

10






2
 ∑ pi 
 i


(4.38)

where p is the free field sound pressure and EA is the excess attenuation and the
subscript i represents the corresponding parameters at each of the narrow bands.

Figure 4.10 shows the measured ∆SPL spectra for 5 receiver locations at (1.55, 3,
0.995), (1.55, 9, 0.995), (1.55, 12, 0.995), (-1.45, 6, 0.995) and (-4.45, 6, 0.995). It can
be seen that the numerical predictions according to the coherent ray model agree
reasonable well with experimental measurements. The incoherent model can estimate
the general trend of the measuring results. The agreement between numerical
predictions of the coherent model to experimental measurements is better than the
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incoherent model to the measurements. However, the average deviation of two
prediction models was about 3 dB.

Finally, Fig. 4.11 shows the variation of ∆SPL with the horizontal distance from a
source plane where it is either:
(i)

hy for the receiver located along the centreline of the main street at (1.55, hy,
0.995), or

(ii) hx for the receiver located along the second street at (hx, 6, 0.995).
Typical numerical results and measured data are presented for the source frequencies
at 2 and 4 kHz. Shown in the figure, both the coherent ray model and inherent model
tolerable agreed with the measuring results. The agreements between measurements
and numeral predictions of both models are similar.

4.4 Prediction of noise attenuation in street canyons with a
cross-junction
By referring to the Sec. 4.3 results, it can be seen that the coherent ray model suggests
better prediction than the incoherent model but the incoherent model still can predict
the general trend of the measurements. In order to speed up the following study, all
predictions in the current section are calculated by the incoherent ray model rather
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than the coherent model. In order to generalise the calculation, all distance units are
based on the width of the first street and shown as DWR (Distance to Width Ratio)
which can be calculated by dividing the source/receiver separation by the width of the
first street. In the following study, the width of the second street is assumed to be the
same as the first street, i.e. W = B . Both source and receiver are located in the centre
of the street but the source is located in 0.2 DWR above ground and the receiver is
located in 0.3 DWR above ground.

First, it is found that the sound fields within the same cross sections of the second
street and the after junction region of the first street are generally uniform except
when the receiver is very close to the junction. This is similar to what previous studies
obtained [56, 101]. For approximation, the sound fields within the same cross section
can be assumed as uniform in all four legs of a street junction. Since the prediction
results are similar to previous studies, simulation results are not shown here again.

On the other hand, it is interesting to find out the noise attenuation characteristics of
the junction location in the first street when the source/receiver separation is fixed. In
the simulation, the widths of both the first street and second street are the same. The
distance between the junction and the source was 1.5 DWR and increased to 4.5 DWR
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in step of 1 DWR. As shown in figure 4.12, basically, the noise level at the receiver do
not relate to the distance between the source and the junction.

Figure 4.13 shows the relationship between the absorption coefficient of both the
vertical/horizontal boundary surfaces and the noise attenuation in the after junction
region of the first street. Since it was confirmed that the distance between the junction
and source does not affect the noise level at the receiver, the source is fixed 1.5 DWR
away from the junction in the simulation.

By comparing the excess attenuation of a normal street canyon, it can be seen that the
opening of the second street is an efficient absorber when the receiver is close to the
junction. The sound field “absorbed” by the second street decreased as the separation
between the junction and receiver increased or the absorption coefficient of the
boundaries increased. This is an interesting characteristic but not difficult to
understand. First, the opening of the second street is assumed as a full absorber. The
sound field at the receiver decreased proportional as the area of absorber increased. In
other words, most of the sound field is absorbed by the opening of the second street
when the receiver is close to the junction but “averaged” absorption decreased as the
separation between the receiver and junction increased. On the other hand, part of the
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sound energy is absorbed by the boundary surfaces when sound wave travels in the
street canyon. The sound power absorbed by the opening of the second street becomes
less importance when the absorption coefficient of the boundary surfaces increased
and can be neglected when the absorption coefficient of the boundary surfaces is 0.35.

Fig. 4.14 displays the sound field in the second street which refers to the co-related
location of a normal street canyon. It is demonstrated that the sound field in the
second street is much smaller than the sound field in the co-related location of the
normal street canyon, especially when the receiver far away from the source. As
shown in the figure, the sound field in the second street is 2.5 dB smaller than in the
co-related location of a normal street canyon when the absorption coefficient is 0.05
and decreased to 26 dB when the absorption coefficient increased to 0.35. An effective
way to reduce the transportation noise in the second street is by increasing the
absorption coefficient of the boundary surfaces. Planting is one of the solutions.

The width of the second street is the other factor that affects the sound field in the
after junction region of the first street. The sound fields in the after junction region of
first street are simulated against the widths of the junction. In figure 4.15, the
prediction results are compared with the excess attenuation of a normal street canyon
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and the direct sound field between source and receiver with related ground reflection.
It can be seen that the excess attenuation of the after cross region of first street does
not relate to the width of the junction while the width of the junction is smaller than
the width of the first street. The sound field at the after cross region decreases as the
width of the second street increases. By comparing to the sound field of the sound and
receiver which is placed on a flat plane with the same configuration, it can be seen
that most of the sound rays go into the second street when the receiver is close to the
junction but the absorption of the junction becomes less important when the receiver
is far away from the junction.

4.5 Summaries
Transportation noise is one of the major issue in a high-rise city. A single point
transportation noise can be propagated through street canyons, cross junctions and flat
land before reaching the whole city. Although the propagation network of the
transportation noise includes street canyons, cross junctions and flat lands, the studies
related to sound field propagation in cross junctions are related limited. In the present
study, a coherent ray model has been developed to estimate the steady-state sound
fields and reverberation times for the four legs of a cross junction. An incoherent
model also has been mentioned in the study. It has been demonstrated that the
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predictions according to the coherent ray model agreed reasonably well with
experimental data obtained in a real application. The incoherent model can estimate
the “mean” value of the experimental data. The absorption effect of the second street
was studied by incoherent model. The second street can be considered as an effective
absorber when the receiver is close to the junction but the absorption power decreased
as the receiver/junction separation increased. The separation of source/junction does
not affect the steady-state sound field at the opposite end of the street canyon. For
simple consideration, the opening of the second street can be neglected if the receiver
is faraway from the junction.
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Tables
Frequency (Hz)

400

500

630

800

1000

1250

1600

0.028

0.03

0.036

0.041

0.046

0.052

0.059

0.011

0.013

0.014

0.016

0.018

0.020

0.023

2000

2500

3150

4000

5000

6300

8000

0.067

0.075

0.084

0.094

0.11

0.12

0.13

0.026

0.028

0.032

0.036

0.04

0.045

0.05

Absorption coefficient
of vertical façades
Absorption coefficient
of hard ground
Frequency (Hz)
Absorption coefficient
(Outdoor façade)
Absorption coefficient
of hard ground

Table 4.1: The estimated mean one-third octave band absorption coefficients of the
boundaries given in dB.
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Figures

Fig. 4.1: Schematic diagram showing the rectangular coordinate system and the
geometrical configuration of a junction in a street canyon.
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Fig. 4.2: Schematic diagram shows the relative locations of the receiver, the real
sound source (solid circle), image sources (open circle) and the corresponding
distances of the receiver (above and below the ground surface).
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Fig. 4.3: Schematic diagram showing the simplified 2-D geometrical configuration of
a junction in a street canyon with the point source and receivers locations.
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Fig. 4.4: Schematic diagram showing the number of term ( J + ) required while all
image sources go into the second street. The thick solid line is the value of X (j u ) , the
dashed thick line is the value of X (j d ) and the dashed thin line is the value of X (j d+1) .
The width of the first street and second street are 3 m. The second street crosses the
first street at 4.5 m away from the source. Both source and receiver are located at the
centre of the first street and separation is 20 m.
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Fig. 4.5: Schematic diagram to show the sound ray travelling path from image
receiver n to image sources when the receiver located in the second street canyon.
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Fig. 4.6: Schematic diagram to show the image sources which can reach the image
receivers when the source is located in the first street but the receiver locates is
located in the second street and both source and receiver cannot “see” each other.
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Fig. 4.7: The acoustic characterisation of (a) the vertical facades and (b) the hard
ground. The two-parameter model was used to characterise the surface impedances.
The solid lines are (--------) are theoretical predictions and the dotted lines (- - - - - ) are
experimental data.
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Fig. 4.8: Photograph showing the setup of the field measurement.
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Fig. 4.9: Comparisons of measured data with predicted excess attenuation by coherent
ray model for different receiver locations. Figures marked with (a), (c) and (e) are the
measured data and the (b), (d) and (f) are the predictions of the correlated location.
The detail location of the measurement pointed are given in Ch. 4.3.
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Fig. 4.10: The relative sound pressure level (∆SPL) verse frequency for various
receiver locations. The thick solid lines are experimental data, the thin solid lines are
predictions by the coherent ray model and the dashed thin lines are predictions by the
incoherent model. In (a) to (c), receivers were located in first street but fixed in second
street in (d) to (e), The detail source and receiver locations are listed out at Ch. 4.3.
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Fig. 4.11: The relative sound pressure level (∆SPL) is plotted versus the horizontal
distance. The source was fixed in the first street, 1.55 m away from both vertical
boundaries and 1.235 m above the ground. The receiver was located at centreline of
the first street in (a) and (b), 0.995 m above the ground. In (c) and (d), the receiver
was located at centreline of the second street and above the ground. The distance
shown in (c) and (d) is referenced to the centre point of the junction. The thick solid
lines are experimental data, the thin solid lines are predictions by the coherent ray
model and the dashed lines are predictions by the incoherent model. The lines with
open circles and squares are for the frequencies of 2 kHz and 4 kHz.
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Fig. 4.12: The excess attenuation (EA) against distance in DWR (distance to width
ratio). The widths of both the first street and second street are the same. Both source
and receiver are located at the centre of the street and the source is 0.2 DWR above
ground but the receiver height is 0.3 DWR. The thick solid line is the excess
attenuation of a normal street canyon. Thin solid line marked with open circles is the
EA when the second street crosses the first street at 1.5 DWR, thin solid line marked
with squares is 3.5 DWR, thin solid line marked with crosses is 5.5 DWR, thin solid
line marked with plus signs is 7.5 DWR and thin solid line marked with triangles is
9.5 DWR.
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Fig. 4.13: The attenuation against distance in DWR (distance to width ratio) of the
first street. The widths of both the first street and second street are the same. The
second street crosses the first street at 1.5 DWR away the source. Both source and
receiver are located in the centreline of the first street and the heights are 0.2 DWR
and 0.3 DWR respectively. The absorption coefficient of thin solid line marked with
open circles is 0.05, thin solid line marked with squares is 0.15, thin solid line marked
with crosses is 0.25 and thin solid line marked with plus signs is 0.35.
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Fig. 4.14: The relative sound pressure level (∆SPL) against distance in DWR
(Distance to Width Ratio) of the second street. The second street crosses the first street
at 1.5 DWR away the source. The source is located in the centreline of the first street
and 0.2 DWR above ground. The receiver is located in the centreline of the second
street and 0.3 DWR above. The absorption coefficient of thin solid line marked with
open circles is 0.05, thin solid line marked with squares is 0.15, thin solid line marked
with crosses is 0.25 and thin solid line marked with plus signs is 0.35.
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Fig. 4.15: The excess attenuation against distance in DWR (distance to width ratio) of
the first street. The second street crosses the first street at 2 DWR away from the
source. Both source and receiver are located in the centreline of the first street and the
heights are 0.2 DWR and 0.3 DWR respectively. The absorption coefficient of all
boundary surfaces is 0.05. The thick dashed line is the excess attenuation of a street
canyon without any cross junction. The width of the second street is 0.5 DWR of the
first street which is shown by the thin solid line marked with open circles, 1.5 DWG
by the thin solid line marked with squares, 2.5 DWR by the thin solid line marked
with crosses, 3.5 DWR by the thin solid line marked with plus signs, 4.5 DWR by the
thin solid line marked with triangles and thick solid line is the excess attenuation
between the source and receiver plus ground reflection.
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Chapter 5
Sound propagation in a long enclosure
with a T-intersection
5.1 Introduction
Both audibility and intelligibility are the well known factors in acoustic study.
However, audibility does not imply intelligibility. In order to deliver fire drills, verbal
warnings and general announcements, public address (PA) systems are normally
installed in long enclosures. Increasing the sound power output of the PA system will
increase the audibility but not necessarily improve the speech intelligibility directly. A
loud enough public address system can delivery audibility information to public but
the content of the information may not be totally identifiable. In other words, an
audible speech can be completely unintelligible when the speech is blurred by
reverberations and echoes. From a technical point of view, the audibility mainly relies
on the signal to noise ratio (speech to noise ratio) but the intelligibility is affected by
both the signal to noise ratio and reverberation times in long enclosures [1 - 2].
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The long enclosure is a total different acoustical environment meaning that the
classical Sabine theory is unsatisfactory [46]. Nowadays, the ray tracing technique [49]
and image source methods [47, 48] are two common models to fathom both
reverberation times and steady-state sound fields in long enclosures. The coherent
image source method was introduced to improve the prediction accuracy of the image
source method [51 – 54]. Apart from the straight long enclosure, there are other
variations: a long enclosure with a T-intersection and U-turn long enclosures are
commonly found in office buildings, shopping malls, residential houses and schools.
Bend and cross-junction long enclosures are frequently found in railway stations and
underground tunnels. This study focuses on the sound field propagation in branching
long enclosure. It has become necessary because the related studies are limited in
number and lacked of detail [39 – 41]. In the current study, a systematic formulation is
developed to predict the steady-state sound fields and reverberation times for the long
enclosure with a T-intersection. The formulation is based on the coherent image source
method.

5.2 Theory
5.2.1 The steady state sound field at a receiver
5.2.1.1 Sound field of a straight long enclosure
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In the current consideration, a long enclosure with width of a and height of h is
modelled as a rectangular enclosure but of infinite length. The branch of a
T-intersection is modelled as the other infinite length rectangular enclosure with the
same height of the main enclosure but with a width of b and which intercepts the main
enclosure perpendicularly in a distance of ya to the origin. The origin is chosen at the
left bottom corner of the cross section of the source plane. The x-y-z co-ordinate is
chosen so that the width of the enclosure a should be measured in the x-direction,
while the height of the enclosure h is measured in the z-direction. The y-axis is placed
along the direction of the main long enclosure. See Figure 5.1 for detail. Suppose that
the real source S0,0 is located at (xs, 0, zs) and that the source is placed at a distance of
xs away from left parallel wall and at zs above ground. The receiver R0 has a
co-ordinate of (xr, yr, zr).

There is a limit of three source locations that need to be considered in the study,
(i)

the source is located in the main enclosure and the T-branch is located on the left

hand side of the source,
(ii) the source is located in the main enclosure and the T-branch is located on the
right hand side of the source,
(iii) the source is located in the T-branch.
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Actually, only the first situation needs to be focused on, when the source is located at
the main enclosure and the T-branch is located on the left hand side of the source. For
the second situation, when the T-branch is located on the right hand side of the source,
it can be considered as a mirror setup of the first situation. The source and receiver
locations can be converted as (a-xs, 0, zs) and (a-xr, yr, zr) and the formulation
developed for first situation can be used. The third situation, when the source is
located in the T-branch is out of the scope of the current study, so it will not be
discussed any further.

The challenge in the current study is to estimate the transmission of sound in different
locations of the enclosure. The image source method is one of the popular methods
used in earlier studies to predict the sound field in long enclosures but can not directly
be applied here since the receiver R0 is separated from the source S0,0 by a T-junction.

Figure 5.2 shows a schematic diagram of the relative locations of sources and receiver.
Based on the image source model, a row of image sources is created by the reflections
of the vertical boundaries and their images. The x-coordinates of these image sources
are given by
x±m = ma + a(m ) for m = 0, 1, 2, 3,…,
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where

a − x s
a( m ) = 
 xs

if m is odd

.

if m is even

(5.1b)

Similarly, infinite columns of image sources are formed due to the reflections of the
horizontal boundaries and their images. The z-coordinates of these image sources are
determined by
z ±n = nh + h(n ) for n = 0, 1, 2, 3,…,

(5.2a)

where

h − z s
h( n ) = 
 zs

if m is odd
if m is even

.

(5.2b)

The distance between the real source S0,0, image source Sm,n and receiver R0 can be
estimated by,
Lm ,n = L( S m ,n R0 ) = ( xm − xr ) 2 + yr2 + ( z n − z r ) 2 .

(5.3)

As shown in figure 5.2, the total sound field due to a monopole source of unit strength
in a straight long enclosure can be calculated by summing all contributions coherently
to give:
1
P(ω ) =
4π

∞

∞

ikLm , n

Qm ,n e
∑
∑
Lm ,n
m = −∞ n = −∞

(5.4)

where k (≡ ω / c) is the wave number, ω is the angular frequency of the source, c
is the speed of sound in air, Qm,n is the combined complex wave reflection coefficient
of the boundaries that the image source Sm,n travelled through to reach the receiver R0.
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The combined reflection coefficient Qm ,n due to the image source Sm,n can be
determined by multiplying the individual spherical wave reflection coefficient of each
vertical and horizontal boundary which image source Sm,n travelled through and is
obtained by,
Qm ,n = Qm × Qn

(5.5)

where Qx is defined as
x+ g ( x ) / 2

Qx = Q+

x− g ( x ) / 2

(5.6a)

Q−

and the functions g(x) is given by
1
g ( x) = 
0

if x is an odd integer
if x is an even integer

.

(5.6b)

The Q+ is the spherical wave reflection coefficient of the boundary surface located at
the positive side of the x-z co-ordinate system and Q− is the spherical wave
reflection coefficient of the boundary surface located at (0, 0, 0) of the x-y-z
co-ordinate system. The spherical wave reflection coefficient of individual surface is
determined by
Q = RP + (1 − RP ) F ( w)

(5.7)

where the plane wave reflection coefficient Rp is given by
RP =

cos θ − β
cos θ + β

(5.8)

and θ is the incident angle of the reflected wave measured from the normal of
impedance surface. The boundary loss factor F(w) of the surface is defined by
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F ( w) = 1 + i π we − w erfc(−iw) ,
2

(5.9)

and w is known as the numerical distance and is determined by
w = kD / 2 (1 + i )(cosθ + β ) .

(5.10)

5.2.1.2 Sound field at the opposite end of the main enclosure
When the receiver is located in the opposite end of the main enclosure, part of the
sound waves are transmitted into the side branch and are unable to reach the receiver.
The total sound field estimated by Eq. (5.4) cannot be directly applied in the current
case. In this situation, the junction between the side branch and the main enclosure can
be treated as an anechoic surface with perfect absorption since it is not possible for a
sound ray to reflect back to the main enclosure when it hits the junction. A visibility
factor Vm is added to Eq. (5.4) to represent the establishment of direct linking between
sources and receiver. The visibility factor is based on each image source and receiver
pair. It is set to 1 when a direct link can be established between the receiver R0 and the
image source Sm,n. Otherwise, it is zero. After the visibility factor is added to Eq. (5.4),
the total sound field due to a monopole source of unit strength is given by,
1
P(ω ) =
4π

∞

∞

ikLm , n

Q e
Vm m,n
∑
∑
Lm,n
m= −∞ n = −∞

.

(5.11)

Figure 5.3 shows the three dimensional view of the real source, image sources, real
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boundary surfaces, image boundary surfaces of the main enclosure and the receiver.
The anechoic surface is represented by a grid and the related images are represented
by a shadow. All boundary surfaces of the side branch and related images are not
shown for clarity. It can be seen that the side branch opening and their images create
columns opening in the main enclosure and their related images. When the connection
between the image source and receiver pass through the anechoic surface, whole
column image sources will hit that anechoic surface as well. Actually, the vertical
distance (in z-coordinates) between the image source Sm,n and the receiver R0 will not
affect whether sound wave pass through the side branch opening or not. The visibility
factor is only related to the x-y coordinates of the image source and receiver. In this
case, it is much easier to consider the visibility factor in 2-D rather than 3-D.

Figure 5.4 shows the top view of Fig. 5.3. Again, the anechoic surface is replaced by
an opening and the other boundaries of the side branch are not shown for clarity. It can
be seen that part of the sound waves hit the anechoic surface and are unable to reflect
back to the main enclosure, so the visibility factor is zero in this case. Now, the
coordinates should be determined of the two edges (named as E xF and E xN in
Figure 4) of the anechoic surface m as (aj( m ) , ya + b) and (aj( m ) , ya ) where
0
j( m) = 
m

if x is a odd integer
otherwise

.
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The intercept points, Fm and N m , of the sound rays which travel back from the
receiver and pass through the two edges of the anechoic surface m and then reach the
x-axes, are given by.
Fm =
Nm =

ayr j( m ) − ( ya + b) xr
yb
ayr j( m ) − ya xr
b + yb

,

(5.13)

.

(5.14)

As shown in figure 5.4, sound rays radiated from the image sources bounded between
Fm and N m on x-axes should go into the side branch opening and never reach the
receiver. The visibility factors of the bounded image sources should be set to zero. As
mention before, the visibility factor can be considered as 2-D rather than 3-D, so,
while the visibility factor of one image source is set to zero, the visibility factors of
whole column image sources (in z-coordinate) also can be set to zero. The visibility
factor becomes only dependent on the x-coordinate and gives,

0
Vm = 
1

if Fs > xm > N s

(5.15)

otherwise

where s is a integer between 0 to m. It is used to calculate the two edges of the
anechoic surfaces and then classify whether the image source m will hit the anechoic
surface or not. The visibility factor should be set to zero when any Fs is larger than xm
and the xm larger than the Ns when s increases/decreases from 0 to m
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Figure 5.5 shows the bounded area of Fs and Ns on x-axes. It is simple to see that the
bounded area is increasing simultaneously with the number of reflections on a vertical
surface increasing. For m > 1 , all image sources should go into the side branch when
Fm is larger than the Nm+2. The summation of Eq. (5.11) can be reduced to a limit, say
M+ rather than go to infinite since all the visibility factors for the image sources after
the boundary of M+ should be zero. By comparing Eq. (5.13) and (5.14), it can obtains
the M+ as,
M+ =

(2ayb + bxr )
ab

.

(5.16)

A similar case happens for m < 1 , as all image sources should hit the junction surface
when Fm is smaller than the Nm-1. The number of reflections on x-axes can be reduced
to,
M− =

(bx r − 2ay b )
ab

.

(5.17)

By combining Eq. (5.11), (5.16) and (5.17), the total sound field of the receiver which
is located at the opposite end of the main enclosure is given by,
1
P (ω ) =
4π

M+

∞

ikLm , n

Q e
Vm m ,n
∑
∑
Lm ,n
m = M − n = −∞

.

(5.18)

5.2.1.3 Sound field at the side branch
When the receiver is located at the side branch, there is no direct sight line contact
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between the real source and receiver. A similar case happens in the image receivers;
the sound rays emitted from the image sources are still unable to reach the receiver
without reflecting from the vertical boundary of the side branch. An image receiver is
a way to represent the multiple reflections on the vertical boundary of the side branch
[39, 40]. Figure 5.6 shows the top view of the coordinates of image receivers. It can be
seen that the coordinates of these images only change in the y-axes. The y-coordinates
of these image receivers are determined by
y±u = ya + ub + b(u ) for u = 0, 1, 2, 3,…

,

(5.19a)

where

b − ( yr − ya )
b( u ) = 
 yr − ya

if u is odd

.

if u is even

(5.19b)

As show in figure 5.6, the receiver is located on the right side of the source. There is
no direct link that can be estimated between the source and the receiver. Besides the
direct wave, there are only parts of the image sources that can create connections to
the image receivers. After a detailed study, only the image sources created on the right
side of the main enclosure ( m > 1 ) can link to the image receivers located at the upper
part of the 2-D view ( u > 1 ). Now, the contribution of the image sources that can
linked to the image receivers can be summed up and the total sound field is given by,
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1
P (ω ) =
4π

∞

∞

ikL

∞

Qu ,m ,n e u ,m ,n
V
∑∑
∑ u ,m L
u =1 m =1 n = −∞
u ,m ,n

(5.20)

where the distance between the image source Sm,n and image receiver Ru can be
obtained by,
Lu ,m ,n = L( S m ,n Ru ) = ( xm − xr ) 2 + yu2 + ( z n − z r ) 2

(5.21)

and the Qu ,m ,n is given by,
Qu ,m,n = Qu × Qm × Qn

(5.22)

where Qu , Qm and Qn are defined at Eq. (5.6).

By referring for consideration Section 5.2.1.2, only part of image sources can reach
the receiver when the receiver is located in main branch of the enclosure. The sound
waves of the remaining image sources should go into the side branch. When the
receiver is located in the side branch, similar consideration can be applied on the
prediction but the connection established between image source and image receiver
should pass through the anechoic surface. The x-coordinates of the two intercept
points that are projected from the image anechoic surface are determined as
Fu =

− ( y a + b ) xr
yb

Nu =

− y a xr
yb + b

,

(5.23)

.

(5.24)

The visibility factors then can be set according to Eq. (5.23) and (5.24) where
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if Fu > xm > N u

1
Vu ,m = 
0

(5.25)

otherwise

By combining Eq. (5.23), (5.24) and (5.25), it can be seen that only the image sources
located between the Fu and N u can reach the image receiver Ru . In other words,
image sources located outside the range of Fu and N u can not link to the receiver
in anyway. The visibility factor in Eq. (5.20) becomes unnecessary. The Eq. (5.20)
now can be rewritten as
1
P (ω ) =
4π

∞

M + (u )

ikL

∞

Qu ,m ,n e u ,m ,n
∑
∑ ∑ L
u =1 m = M − ( u ) n = −∞
u ,m ,n

(5.26)

where M + (u ) and M − (u ) are the upper and lower limits of the range of the image
sources that can establish a connection and pass through anechoic surface. The

M + (u ) and M − (u ) can be obtained by dividing the Fu and N u by the width of
the main enclosure and gives,
M − (u ) =

− y a xr
a ( yb + b )

M + (u ) =

− ( y a + b ) xr
ayb

(5.27)
.

(5.28)

5.2.2 Reverberation time in a long enclosure with a “T” intersection
5.2.2.1 Reverberation time of a straight long enclosure
Apart form the signal to noise ratio, reverberation time also plays an important role in
the speech intelligibility. To determine the reverberation time, we should start from
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measuring or predicting sound decay curve in receiver. For both measuring and
predicting the sound decay curve, reference should be made to the arrival time of the
direct wave or first arrival [102, 103]. Then, the initial time t = 0 should be set to the
time of first arrival. The source switch on time becomes negative since it should be
switched on earlier than the initial time and gives
t s = − L0, 0 / c

(5.29)

where L0, 0 can be determined by Eq. (5.3) and c is the speed of sound. According to
Eq. (5.29), the arrival time of image source Sm,n is determined by
t m ,n = ( Lm ,n − L0, 0 ) / c

.

(5.30)

Then the separation between the real source and image source Sm,n is given by
d ( t ) = ( xm − xr ) 2 + ( z n − z r ) 2 .

(5.31)

Actually, there are more than one image sources arrival at time t m ,n . All image
sources obtained the same source/image source separation as image source Sm,n should
arrival R0 be at the same time. In order to simplify the calculation, it can be assumed
that both source and receiver are located at the centre of the long enclosure,
i.e. xs = xr =

a
h
and z s = zr = . The Eq. (5.31) can be rewritten as
2
2

d (2t ) = (am) 2 + (hn) 2 .

(5.32)

It can be seen that the separation between the real source and of all image sources Sm,n
which belong to
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m ∈ [0,± d / a ]

and n = ±

(5.33)

1
d 2 − (am) 2
h

(5.34)

are the same. Then, the transient energy from time t = 0 to t = t d can be determined
by,
1
P(t ) =
4π

d /a

1 2
d −( am ) 2
h

ikLm , n

Qm,n e
∑
∑
Lm,n
m=( − d / a ) n = − 1 d 2 −( am ) 2

.

(5.35)

h

The arrive time t d can be determined straightforwardly,
t d = ( Ld / a , 0 − L0, 0 ) / c

.

(5.36)

The reverberation time of an enclosure can be represented by T60, T30 and EDT. T60 is
the time for the signal level to decay 60 dB after the source is terminated.

T30 is the

doubled decay time of the signal reduced from -5 to -35 dB. In some noisy
environment, long enclosure being a typical example, the sound source may not reach
35 dB higher than the background noise. Early Decay time (EDT) is the other way to
determine the reverberant time which focuses on the early part of the decay process. It
can be obtained by taking the time from the sound energy decay from zero to -10 dB
then multiplying by 6.

To determine the reverberation time, we should calculate the total sound energy
received from time t to infinity after the source is turned off. The total sound energy
can be obtained by summing up the contributions from image sources arrival on and
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after time t. There is an alternate method available. The total sound energy arrival
from time t to infinity can be deduced from subtracting the total steady-state sound
energy by the energy arrival from initial time to time t and gives,

P(*t ) = P( w) − P(t )

.

(5.37)

Then, it can determine the energy decay by

L(t ) = P(*t ) / P( w)

.

(5.38)

Now, the energy decay curve can be determined by Eqs. (5.36), (5.37) and (5.38).
According to the energy decay curve, T60, T30 and EDT can be obtained respectively.

5.2.2.2 Reverberation time of the opposite end of the long enclosure
When the receiver is located at the opposite end of a long enclosure, the direct link
between the real source and receiver still can be maintained. The theory developed in
Section 5.2.2.1 can be directly applied here but the visibility factor which was
developed in Section 5.2.1.2 should be included in the Eq. (5.35) since only part of
image sources can reach the receiver. By combining Eq. (5.11) and (5.35), the
transient energy of a receiver located in the opposite end of a long enclosure from time
t = 0 to t = t d is given as

1
P(t ) =
4π

d /a

1 2
d −( am ) 2
h

ikLm , n

Q e
Vm m,n
∑
∑
Lm,n
m=( − d / a ) n = − 1 d 2 −( am ) 2

(5.39)

h

where Vm is determined by Eqs. (5.13) to (5.15). The total sound energy arrival from
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time t to infinity and the sound decay curve can be obtained by Eqs. (5.37) and (5.38).
Then, reverberation time can be estimated accordingly.

With reference to the Eqs. (5.16) to (5.18), there are limited image sources that can
reach the receiver. All image sources outside the range of M + and M − are going
into the side branch and are not able to be reflected back to the main enclosure except
by reflecting from the ceiling and floor. By plotting the sound decay curve, it can be
seen that the sound decay curve of the after junction area drops down much faster than
for the receiver located in a similar location of a straight long enclosure. The
reverberation time of the after junction region of a long enclosure with T-branch is
shorter than in the co-related location of a straight long enclosure.

5.2.2.3 Reverberation time of the side branch
When the receiver is located in the side branch, there is no direct link that can be
established between source and receiver. All theories developed in Section 5.2.2.1 can
not be applied in this situation, so everything should start from zero. First, the initial
time needs to be defined by finding out the shortest path between image sources and
image receivers that can pass though the side branch opening. By referring to a
previous study [104], the shortest wave path between the image sources and image
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receivers which can pass though the side branch opening should lie 450 on the x-axes
and the distance should be double the distance of the real source and receiver. By
setting the initial time to zero, the arrive time of image source Sm,n to image receiver
Ru is given by
tu ,m,n = ( Lu ,m,n − 2 L0, 0 ) / c

(5.40)

By taking the same assumption in section 5.2.2.1, both source and receiver are
assumed to be located at the centre of the enclosure, then the distance between image
receiver Ru and image sources Sm,n is given by

d (2t ) = [ ya + b(u + 0.5)]2 + (am) 2 + (hn) 2

(5.41)

Then, all image receivers and image sources belong to
u ∈ [1, (d − ya − 0.5b) / b]
m ∈ [1,
and n = ±

,

(5.42)

1
d 2 − { ya + b(u + 0.5)}2 ]
a

(5.43)

1
d 2 − { ya + b(u + 0.5)}2 + (am) 2
h

(5.44)

are same. Then, the transient energy from time t = 0 to t = t d can be determined by,
1
P (t ) =
4π

1
d 2 −[ ya +b ( u +0.5 )]2
( d − ya −0.5b ) / b a

∑
u =1

∑
m =1

1 2
d −[ ya +b ( u +0.5 )}2 +( am ) 2
h
1
n=−
h

ikL

Qu ,m ,n e u ,m ,n
V
∑
u ,m
Lu ,m ,n
d 2 −[ y +b ( u +0.5 )}2 +( am ) 2

(5.45)

a

where Vm is given by

1
Vu ,m = 
0

if M + (u ) > m > M − (u )
otherwise

.

(5.46)

The M + (u ) , M − (u ) , Qu ,m ,n and Lu ,m ,n are given by Eq. (5.21), (5.22), (5.26) and
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(5.27). The arrive time t d can be calculated by
t d = ( Lu ,m,n − 2 L0, 0 ) / c

.

(5.47)

By Eqs. (5.37) and (5.38), the total sound energy arrival from time t to infinity and the
sound decay curve can be obtained. Then, reverberation time can be estimated
accordingly.

5.2.3 Sound field and reverberation time by incoherent model
Besides the coherent summation used in section 5.2.1 and 5.2.2, the incoherent model
also provides reasonable prediction [47, 48]. The difference between the coherent and
incoherent model is the phase relationship of each arrival wave. In the coherent model,
it sums up all arrival waves with the phase relationship while the incoherent model
does not. For the receiver located at the same end of the main long enclosure, the total
sound field p obtained by incoherent model is given by
p = P0

∞

∞

Rm ,n

∑ ∑L

m = −∞ n = −∞

(5.48)

2
m ,n

where P0 is the free field sound field of 1 m away from the source, Lm ,n is the
distance between receiver and image source S m ,n and can be calculated by Eq, (5.3),
Rm ,n is the combined reflection coefficient and can be obtained by.
Rm ,n = Rm × Rn

(5.49)

where Rx is defined as
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Rx = (1 − α + )

x+ g ( x ) / 2

(1 − α − )

x− g ( x ) / 2

(5.50a)

and the functions g(x) is given by
1
g ( x) = 
0

if x is an odd integer
if x is an even integer

(5.50b)

where α + is the absorption coefficient of the boundary surface located at the positive
side of the x-z co-ordinate system and α − is the absorption coefficient of the
boundary surface located at (0, 0, 0) of the x-y-z co-ordinate system. Then, the
steady-state sound field of the receiver located at the opposite end of the main
enclosure can be calculated by
p = P0

M+

∞

∑ ∑V

m = M − n = −∞

m

Rm ,n
L2m ,n

(5.51)

where M + , M − and Vm are given by Eqs. (5.16), (5.17) and (5.13) to (5.15).
Similarly, the sound field of the receiver located at the side branch is shown as
∞

p = P0 ∑

M + (u )

∞

Ru ,m ,n

∑ ∑L

u =1 m = M − ( u ) n = −∞

(5.52)

2
u ,m ,n

where M + (u ) and M − (u ) are shown in Eqs (5.27) and (5.28).

On the other hand, the incoherent model also can be used to calculate the transient
energy from time t = 0 to t = t d . When both source and receiver are located at the
same end of the main enclosure, the transient energy obtained at the receiver is given
by
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p(t ) = P0

d /a

∑

1 2
d −( am ) 2
h

Rm ,n
L2m ,n

∑

m =( − d / a ) n = − 1 d 2 −( am ) 2
h

(5.53)

and the energy decay curve can be determined according to Eqs. (5.36), (5.37) and
(5.38). Similarly, when the receiver is located at the opposite end of the main
enclosure, the transient energy can be calculated by
p( t ) = P0

d /a

∑

1 2
d −( am ) 2
h

∑

m=( − d / a ) n = − 1 d 2 −( am ) 2
h

Vm

Rm,n
L2m,n

.

(5.54)

When the receiver is located at the side arm, the transient energy from time t = 0 to
t = t d is given by
p( t ) = P0

1
d 2 −[ ya +b ( u +0.5 )]2
( d − ya −0.5b ) / b a

∑
u =1

∑
m =1

1 2
d −[ ya +b ( u +0.5 )}2 +( am ) 2
h

∑

1
n = − d 2 −[ ya +b ( u +0.5 )}2 +( am ) 2
h

Vu ,m

Ru ,m ,n
L2u ,m ,n

(5.55)

and the time t d can be obtained by Eq. (5.47).

5.3 Experimental validations
In order to validate the proposed theories, field measurements were conducted in a
model tunnel and in a corridor both with a T-branch.

5.3.1 Model tunnel with T-branch
A model tunnel with a T-branch was built for experimental measurements in the
current study. The model was built with varnished plywood boards 20 mm in
thickness and placed in an anechoic chamber. The model was 0.58 m wide, 0.61 m in
175

Numerical Models for Sound Propagation in Long Spaces

height and 5.4 m long. The T-branch opening was located at the left vertical boundary
and the distance between the side branch opening and the source was chosen as 2.5 m.
The cross-section area of the T-branch was the same as the main tunnel and the
T-branch had a length of 3.0 m.

A Tanny driver fitted with a 25 mm-diameter brass tube was used as a point source in
the experiment. The brass tube was 1 m long and used to minimise the reflection of
sound from the Tannoy driver. A Brüel and Kjær type 4189 ½” free field microphone
was employed as the receiver. A computer-based maximum length sequence system
analyser (MLSSA) was used as both signal generator and data logger [89]. MLSSA
was also employed as a data analyser and provides the detail of measured SPLs and
reverberation times which are displayed in the following comparisons. Actually,
similar measuring method was used is Chapter 2.3.1.

The acoustic impedance of the plywood board was determined in the anechoic
chamber before the model was built. During the determination, a point source and a
receiver were placed 0.1 m above the boundary surface and separated at a distance of
1 m. The excess attenuation (EA) spectrum of the boundary surface is obtained from
deducing the measured spectrum by the free field measurement at 1 m distance.
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Actually, the acoustic impedance of the hardwood board cannot be measured in this
way directly or indirectly but it can use Attenborough’s two-parameter model [89] to
simulate that. According to Attenborough’s model, the normalised surface impedance
is calculated by
Z = 0.538 σ e / f + i[0.538 σ e / f + 19.74α e / f ]

(5.56)

where f is the frequency of the acoustic excitation, σ e is the effective flow resistivity
and α e is the effective rate of change of porosity with depth. Both parameters, σ e
and α e were deduced by the best match between the predicted and measured excess
attenuation spectrum. Figures 5.7 displays the typical measured EA spectrum
compared with theoretical predictions where the impedance is calculated by the Eq.
(5.56). The best-fit parametric values for σ e and α e were 200,000 kPa s m-2 and 50
m-1 respectively. Furthermore, the one-third octave band absorption coefficients ( α )
normally required for the incoherent model prediction also can be deduced from the
normalised surface impedance and they are given by [54]

α=

Z −1
Z +1

2

(5.57)

The calculated absorption coefficients of the plywood board from 500 Hz to 8000 Hz
in one-third octave bands are listed in Table 5.2.

Figure 5.8 shows the comparison of predicted narrow-band excess attenuation
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spectrum with the field measurement. The predicted excess attenuation spectrums are
calculated by the coherent image source model. The EA shown in all figures are a
reference to the noise level measured at 1 m free field from the source. The source was
fixed in one end of the main enclosure, 0.29 m away from both sidewalls and 0.295 m
above the ground. The receiver was moving around in the centreline of both the main
enclosure and T-branch. The height of the receiver was the same as the source. In Fig.
5.8a, both source and receiver were located in the same arm of the main enclosure and
separated by 1 m. Figure 5.8b displays the excess attenuation while source and
receiver are separated by the T-branch junction and in 4 m separation. Figure 5.8c
demonstrates the measured EA when the receiver is located in the T-branch and 1.5 m
away from the centre of the junction. The receiver locations are designed according to
the three legs of a long enclosure with a T-intersection.

With reference to the figure 5.8, it can be seen that the fluctuation of the experimental
data in three receiver locations are more than the numerical predictions. The
difference between the experimental data and numerical prediction is caused from the
locations of the source and receiver. While designing the experiment, both source and
receiver are assumed to be place on the centreline of the enclosure. This setup can
help to minimise the path difference between the reflections from both vertical
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boundaries and minimise the fluctuation of the measured data. Unfortunately, the
model T-branch tunnel is so small, both source and receiver cannot be placed exactly
on the centreline. The fluctuation of the experimental data is much more than the
predictions. Besides the amplitude of the fluctuation, it can be seen that the numerical
predictions agree tolerably well with the experimental data. The interference patterns
match reasonable well in all three receiver locations. Compared with the three set
measurements, the high frequency prediction of the receiver located at the T-branch is
relatively poorer than the others. This is caused from the diffraction at the edges of the
T-junction.

Apart from the narrow analysis shown in figure 5.8, octave-band analyses are also
useful, easy to understand and much used for comparison. The narrow-band EA
spectrum can be converted to octave band by [104]


EA / 10  
∆EA = ∑ pi2 × 10 i  / ∑ pi2 
 i
  i


(5.58)

where ∆EA is the relative excess attenuation converted from narrow band spectrum,
i is the narrow band frequency within the octave band, p is the narrow band free field
sound pressure.

Figure 5.9 shows the converted ∆EA spectrum for both experimental and predicted
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results. It also compares them with the prediction results of incoherent model
described in Section 5.2.3. It demonstrates that, first, the difference between numerical
prediction and experimental data is much easier to identify by octave band rather than
the narrow band. Second, the numerical predictions according to coherent image
source model provide generally good agreement to the experimental data. Both curves
show similar interference patterns and comparable magnitude. Furthermore, the
coherent model’s predictions provide better agreement than the incoherent model,
especially in the high frequency range. Third, predictions according to the incoherent
model are generally smooth curves and the predicted EA decreased as the source
frequency increased. The magnitude fluctuation due to phase interferences cannot be
displayed in the predictions. Besides the magnitude fluctuation due to phase interfaces,
the predicted EA of the incoherent model is smaller than the experiment data and the
predictions of coherent model generally. However, the predictions of incoherent model
consistent with the general trend of the experimental data. On average, the incoherent
model’s predictions are 1 to 3 dB smaller than the predictions of the coherent model in
different cases.

Besides the excess attenuation, reverberation time is also important in acoustic study
since reverberation time is one of the key elements in clarity of hearing and sound
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transmission index (STI). Figure 5.10 displays the measured EDT in three receiver
locations. Figure 5.10 also displays the numerical predictions according to coherent
and incoherent image source model. It notes that the prediction results obtained from
the coherent image model provides similar interference patterns and comparable
magnitude to experimental data. The predictions of incoherent image source model
only laid on the general trend of the experimental data. Apart from the interference
patterns, both coherent and incoherent image models can reasonable estimate the EDT
it obtained from the experiment.

5.3.2 Field measurement
A full scale field measurement was carried out in a corridor with a T-branch. The
width and the height of the corridor were 2.37 m and 2.5 m respectively. The width
and height of the T-branch were the same as the main corridor. The length of the main
corridor was 28 m and the T-branch was longer than 15 m. The floor of the main
corridor was covered with a hard concrete surface. The walls were constructed with
bricks furnished with a smooth layer of plaster covered with paint. The ceiling was
constructed with 600 mm x 600 mm gypsum boards. The materials used to construct
the T-branch were the same as the main corridor. In the current study, the floor and
ceiling of the main corridor and T-branch were treated effectively as flat and smooth
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surfaces. The acoustic impedances of the ceiling, ground surface and vertical
boundaries were obtained by the same way described in Section 5.3.1. The detail is
not shown here again but the effective flow resistivity and effective rate of change of
porosity with depth of all boundary surfaces are listed in Table 5.1. The calculated
absorption coefficients of all surfaces in one-third octave bands are listed in Table 5.2.

The same set of measuring equipments mentioned in Section 5.3.1 was employed for
the current measurement except for the sound source. A Brüel and Kjær
omni-directional speaker type 4296 was used as a point source. The source was fixed
in the same location during the experiments. It was mounted at the centre of the main
corridor, 1.37 m above the ground and 10 m away from the centre of the T-junction.
There are three receiver locations displayed in the coming figures, the first one was
located in the same arm of the source and 5 m away from the source, the second one
was located in the opposite end of the main corridor and 15 m away from the source,
and the third one was located in the T-branch and 5 m away from the centre of the
T-junction. The height of the receiver was the same as the source. Receiver locations
were designed to be similar with the measurements conducted in the model tunnel
with a T-intersection.
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Figure 5.11 shows the measured EA compared with the predictions of the coherent
image source model. Although the fluctuation of measured data is larger than the
prediction, the predictions still generally agreed with measurements. The interference
patterns of the experimental data are also similar to the predicted results. The coherent
image source model is believed to be accurate enough to approximate the sound fields
in a long enclosure with a T-intersection. Again, the narrow band predictions of the
coherent model are converted to wideband and compared with the predictions of
incoherent model and experimental data. As shown in figure 5.12, the prediction of
coherent model agreed well with experimental data. The predicted EAs of the
incoherent model are generally smaller than the experiment data and the predictions of
the coherent model. On average, the incoherent model’s predictions are 0.5 to 2 dB
smaller than the predictions of the coherent model.

Figure 5.13 displays the EDT predictions of coherent and incoherent models. It also
shows the measured EDT in three receiver locations. It can be seen that the predictions
of the coherent model match with the experimental data and provide better agreement
than the predictions of the incoherent model. However, the “averaged error” of the
two theoretical models is similar.
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5.4 Summaries
For safety concern, speech intelligibility is a key issue when constructing long
enclosures. In the current study, systematic formulation for predicting the sound fields
and reverberation times in a long enclosure with a T-intersection is developed. The
formulation is based on the coherent image source method. By using the developed
formulation, it can estimates the excess attenuation and reverberation time when
source and receiver are located in a regular long enclosure, in a long enclosure but
separated by a T-branch opening, and the receiver is located in a T-branch but the
source is still maintain in the main enclosure.

The proposed theory is verified by two field measurements, one in an indoor model
and the other one in a real application. The prediction result of the incoherent model is
also displayed in the comparison. It can be seen that the prediction according to
coherent image model agreed generally well with the experimental data. The formulae
developed in the current study can be applied in real applications. On the other hand,
the estimations of incoherent model can consistent with the general trend of the
measured excess attenuations but laid on the general tren of the reverberation times.
The averaged difference between the predictions of the coherent and incoherent
models are 0.5 dB to 3 dB in two case studies. The different of two reverberation time
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prediction models is not much on average.
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Tables
σ e / kPa s m-2

α e / m-1

200,000

50

8

1

Floor of corridor

20,000

450

Sidewall of corridor

500,000

450

Plywood board used in model T-branch Tunnel
Ceiling of corridor

Table 5.1: The best fit parametric values of the effective flow resistivity ( σ e ) and the
effective rate of charge of porosity with depth ( α e ) of the boundary surfaces used in
in-house and outdoor experiments.
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Frequency (Hz)

400

500

630

800

1000

1250

1600

0.016

0.018

0.02

0.023

0.026

0.029

0.032

0.49

0.463

0.432

0.401

0.37

0.34

0.31

0.023

0.026

0.030

0.033

0.046

0.038

0.042

0.008

0.009

0.01

0.011

0.013

0.014

0.016

2000

2500

3150

4000

5000

6300

8000

0.036

0.04

0.045

0.051

0.057

0.063

0.071

0.28

0.26

0.236

0.21

0.193

0.174

0.156

0.048

0.054

0.068

0.076

0.086

0.096

0.108

0.018

0.020

0.023

0.026

0.029

0.032

0.036

Absorption coefficient
0f hard plywood
Absorption coefficient
of corridor’s ceiling
Absorption coefficient
of corridor’s floor
Absorption coefficient
of corridor’s sidewall
Frequency (Hz)
Absorption coefficient
of hard plywood
Absorption coefficient
of corridor’s ceiling
Absorption coefficient
of corridor’s floor
Absorption coefficient
of corridor’s sidewall

Table 5.2: The estimated mean absorption coefficients of the boundary surfaces given
in dB.
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Figures

Fig. 5.1: Schematic diagram showing the rectangular coordinate system and the
geometrical configuration of a long enclosure with a T-branch.
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Fig. 5.2: Schematic shows the relative locations of the receiver, the real sound source
(solid circle), image sources (open circle) and the corresponding distances of the
receiver.
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Fig. 5.3: Schematic diagram displays the locations of T-branch opening (in grid) and
related image T-branch opening (in shadow).
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Fig. 5.4: Schematic diagram showing the simplified 2-D geometrical configuration of
the main enclosure of a long enclosure with a T-branch. The solid lines are the vertical
boundaries of the enclosure, the dash lines are the image boundaries and the junction
of T-branch is represented by openings in the figure.
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Fig. 5.5: Schematic diagram displays the image sources that will go into T-branch and
cannot reach the receiver in simplified geometrical configuration (top view). The solid
lines are the vertical boundaries of the enclosure, the dash lines are the image
boundaries and the junction of T-branch is represented by openings in the figure. The
real sound source and real receiver are represented by solid circles. Image sources are
represented by open circles. The thick solid lines are the ranges of the image sources
that cannot reach the receiver.
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Fig. 5.6: Schematic diagram showing the geometrical configuration (top view) of a
long enclosure with T-branch and related image boundaries. The solid lines are the
vertical boundaries of the enclosure, the dash lines are the image boundaries and the
openings are the images of junction of T-branch. The real sound source and real
receiver are represented by solid circles. Image sources and image receivers are
represented by open circles. The thick solid lines are the ranges of the image sources
that can reach the image receivers.
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Fig. 5.7: The acoustic characterisation of the plywood board. The two-parameter
model was used to characterise the surface impedances. The solid lines (--------) are
theoretical predictions where σ e and α e were 200,000 kPa s m-2 and 50 m-1
respectively and the dotted lines (- - - - - ) are experimental data.
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Fig. 5.8: Comparisons of measured EA with predicted excess attenuation by coherent
image source method for different receiver locations in model tunnel with T-branch.
The dotted lines are for experimental data and the solid lines are for predictions by the
coherent image source method. In (a) and (b), both source and receiver were located in
the main enclosure but receiver was located in the T-branch in (c). Details setup of the
experiments is listed in Ch. 5.3.1.
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Fig. 5.9: The relative excess attenuation (∆EA) is plotted versus frequency for various
receiver locations in model tunnel with T-branch. The thick solid lines are for
experimental data, the thin solid lines are for predictions by the coherent image source
method and the dotted lines are for predictions by incoherent image source method.
The source and receiver locations are same as Fig. 5.8.
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Fig. 5.10: The reverberation time, EDT, is plotted versus the source frequency in a
model tunnel with T-branch. All source/receiver locations and the keys for the lines
show in the figure are the same as in Fig. 5.9.
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Fig. 5.11: Comparisons of measured and predicted narrow band excess attenuation in
a corridor with T-branch. All keys for the lines show in the figure are the same as in
Fig. 5.8. The source was fixed at the centre of one end of the main corridor. Receiver
was located 5 m, Fig. 5.11(a), and 15 m, Fig. 5.11(b), away from the source. Fig.
5.11(c) shows the comparisons of the receiver located in T-branch and 5 m away from
the centre of the junction. Details setup of the experiments is listed in Ch. 5.3.2.
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Fig. 5.12: The relative excess attenuation (∆EA) is plotted versus frequency for
receivers located in the corridor with T-branch. The source and receiver locations are
the same as Fig. 5.11. The keys for the lines show in the figure are the same as in Fig.
5.9.
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Fig. 5.13: The reverberation time, EDT, is plotted versus the source frequency in the
corridor with T-branch. All source/receiver locations are the same as in Fig. 5.11 and
the keys for the lines shown in the figure are the same as in Fig. 5.9.
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Chapter 6
Constructing a dipole source
6.1 Introduction
Simple monopole is the most common sound source. However, many sound sources
are directional and do not behave as a simple monopole. Dipole source is the next
most important sound source besides the monopole. Many noise sources such as noise
radiated from railway vehicles [66] and from ventilating fans [76] are best modelled
as a dipole source. In previous studies, Hu and Bolton [105] used an unbaffled
loudspeaker as a dipole source in their experiments while Li et al. [106] have used
piezoceramic disks as dipole sources to conduct impedance plane measurements.

In the current study, characteristics of dipole sound source are reviewed. The review is
extended to focus on the dipole sources used in previous studies. The limitations of
the available dipole sources are also mentioned. In order to prepare suitable dipole
sources for the experimental measurements conducted in the next chapter, models for
improving the performance of existing dipole sources are also studied. By using the
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proposed model, both sound power output and directivity pattern of constructed dipole
sources are improved.

6.2 Acoustic dipole
A dipole sound source is a pair of monopoles with equal acoustic power but in
antiphase, separated by a small distance then coupled together. As shown in figure 6.1,
the relative sound pressure levels (SPLs) of dipole source at θ = 900 and 2700 are zero
since the two sources contribution at those points are equal and totally cancel each
other out. However, with maximum magnitude on the axis, since the receiver is nearer
to one source than the other, then the cancellation is reduced. The sound field of
distance r and at an angle θ to the dipole axis is given by [65],
Pd (r , θ , t ) =

cos θ 1 ∂F F
{
+ }
4π cr ∂t r 2

(6.1)

where F is the dipole field strength. It can be seen that the dipole sound field is a
variant that is based on two terms; one falls off with the inverse square of distance and
the other is linear. The term with the inverse square dependence clearly dominates the
field near source; it is termed ‘near field’. The other falls off linearly as the distance is
mainly dominant at far away distance; it is termed ‘far field’. The difference between
near field and far field behaviours of sources must always be borne in mind; one
decreases inversely with the square of the distance but the other falls off linearly. In
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the present study, the receiver is assumed to be far away from the source, so the near
field characteristics are neglected in the study. All the directivity patterns presented in
the current study are with the understanding that the data were taken from far field
condition and the SPLs are decreasing linearly with distance increased.

In general, dipole source is a sound field constructed by two antiphase monopoles,
provides maximum magnitude on axis and θ = 1800 but zero power radiates on 900
and 2700.

The main difference between monopole and dipole is that the dipole has a

near field characteristics but monopole does not.

6.3 Existing dipole sources
The diaphragm of an unbaffled loudspeaker can be considered as a rigid circular
piston in an infinite baffle [5, 108]. Lets consider the directivity pattern of a rigid
circular piston in an infinite baffle. The directivity pattern of a rigid circular piston is
dependent on the ka, where k is the wave number (k=w/c or 2π/λ, w is the angular
frequency, c is the speed of sound, λ is the wave length) and a is the radius of the
piston. Since the wave number k varies with frequency, the directivity pattern of a
rigid circular piston varies with frequency also. At the low frequency band, ka < 1, the
radiation of a rigid circular piston is almost independent of direction and the piston

203

Numerical Models for Sound Propagation in Long Spaces

behaves essentially like a monopole. When the frequency increases, the directivity
pattern becomes narrow and highly directional after ka is greater than three. Assuming
that the speaker diaphragm behaves as a rigid piston, the directivity characteristics of a
speaker should be determined by the ratio of diaphragm diameter to wavelength of the
emitted sound (ka = 2πa/λ). Decreasing the ratio of the diaphragm diameter to
wavelength can improve the angle of radiation. The front and back sides of a vibrating
diaphragm can be considered as two individual sound sources and two sources are
radiated in anti-phase. At the low frequency band, both sources can be treated
individually and non-directional. So, the unbaffled loudspeaker is commonly
described as a dipole. Hu and Bolton [105] used a “Radio Shack” 40-1289 as a dipole
source in their study. The diaphragm diameter of 40-1289 was 7 cm and the usable
frequency was between 1500 to 4500 Hz. The ka of the loudspeaker was between 1 to
3. However, Hu and Bolton found it necessary to include substantial monopole
components when comparing their numerical predictions with measurements.
Beauvilian et al. [107] used an “Infinity” RS 2000 unbaffled loudspeaker as a dipole
source (ka equal to 0.3) to conduct measurements. The one metre free field SPL of RS
2000 was 78 dB on 250 Hz pure tone.

Figure 6.2 shows the basic format of an unbaffled loudspeaker. As shown on the figure,
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the speaker diaphragm is suspended at front and rear by compliant suspension which
allows the diaphragm to move on its axis. The diaphragm is called a “cone” in the
speaker structure. Assuming that the diaphragm behaves as a rigid piston and is
mass-controlled, the sound power output response is relies on two factors, ka and fo.
fo is the principle resonant frequency of the speaker. The relationship of the sound
power output and ka of an unbaffled loudspeaker is displayed in figure 6.3. It can be
seen that unbaffled speaker can provide a flat frequency response when the ka is larger
than 1. If ka is less than 1, the sound power output is decreased by 6 dB per octave
and further rolls off to 18 dB per octave when the frequency fall down to below the
principle resonant frequency. In principle, the directivity pattern of an unbaffled
loudspeaker can be improved by decreasing the operating ka. In the mean time, the
sound power output of the loudspeaker also has been decreased. The acoustic power
of the dipole source that is created by an unbaffled loudspeaker should be less than the
designed loudspeaker output power. The output power will be even less when the
operating frequency is further reduced to improve the directivity. Worse still, the
structure of the diaphragm front and back is assumed as two individual sources that
vibrates in the anti-phase while the diaphragm structure is totally different in front and
back parts. The directivity patterns radiated from two sides of a loudspeaker should
not be fully symmetrical. Obtaining a perfect dipole sound source field from an
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unbaffled loudspeaker is not an easy matter. Lucky, an unbaffled loudspeaker can
perform as a perfect dipole, so its acoustic output power should be less than the
designed value.

Apart from using unbaffled loudspeaker, Li et al. [106] used piezoceramic disks as
dipole sources in their measurements. During anechoic chamber measurements, Li
found that piezoceramic disks of the type used as ultrasonic transducer elements
radiate as a dipole near their resonant frequencies with the main lobes normal to the
disk faces. Two piezoceramic disks with measured resonance frequencies of 2915 and
4069 Hz were used in their experiments. The main limitation of using piezoceramic
disk to conduct measurements is sound power output. As shown in Li et al.’s
experiments [106], the free field SPLs provided by the piezoceramic disks were less
than 30 dB. Furthermore, operating frequency range is the other limitation since
piezoceramic dipole is functioned at a fixed frequency.

6.4 Dipole source constructed by two loudspeakers
By referring to figure 6.1, it can be seen that the radiation pattern of a dipole source
can take the form often described as a “figure-of-eight” characteristic. The positive
and negative signs indicate the relative phase or polarity of the sources, as well as the
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relative phase of the sound radiation from front and back. By locating two
non-directional sound sources close together but powered by anti-phase with equal
amplitude, it can be described as a dipole source also.

The directivity pattern of a baffled loudspeaker or so called loudspeaker is
non-directional at a low frequency band. By placing two loudspeakers together and
powered by anti-phase, it is possible to construct a dipole sound source at a low
frequency range. A loudspeaker radiation pattern measurement has been conducted in
an anechoic chamber of internal dimensions of 6 x 6 x 4 m3 (high) to source a
non-directional speaker. A Renkus-Heinz PN 61 self-powered loudspeaker was used
as the source and a “B&K” 4189 pre-polarised free-field 1/2 in. condenser
microphone was used as the receiver. “Renkus-Heinz” PN 81 is a two-ways active
loudspeaker that equipped with a 175 w 8” low frequency driver, a 40 w 1” high
frequency driver, a power amplifier and a crossover. A PC-based maximum length
sequence system analyser (MLSSA) was used as both signal generator and data
analyser of the measurements [90]. The MLSSA came with a special software module
that can be used to measure the directivity patterns of loudspeakers directly. The
anechoic chamber measurement result of the directivity pattern at 200 Hz is shown in
figure 6.4(a). It can be seen that the directivity pattern of PN 81 at 200Hz is still not

207

Numerical Models for Sound Propagation in Long Spaces

fully non-directional. In practical terms, constructing a perfect non-directional
monopole by a loudspeaker is possible in theory but difficult in practice.

During the study, a few speakers were been measured but the directivity patterns still
were not good enough to perform as a perfect monopole. The possibility of
constructing a dipole source by two non-perfect monopoles should be taken into
consideration. Lets consider the directivity pattern of a loudspeaker in two parts;
sound wave radiates from the front part and the back part. When two loudspeakers are
setup close to each other and powered by anti-phase, sound power radiated on back
part of one loudspeaker should be cancelled out by the other one. If the sound power
radiating from the front part of the loudspeaker is larger than the back part, the
interaction between the sound powers radiating from the back to the power radiating
from the front of the other loudspeaker becomes less important. This is because the
amount of sound power that can be cancelled out is less than the amount of the
speaker radiated. The directivity pattern of the back part of the speaker becomes less
important. With two loudspeakers with non-perfect monopole directivity it should be
possible to construct a perfect dipole source.

Figure 6.4 displays the one-third octave band directivity patterns of the
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“Renkus-Heinz” PN 81 self-powered loudspeaker at 200 Hz and 2 kHz. Figure 6.4(a)
shows the directivity pattern at 200 Hz and figure 6.4(b) shows at 2 kHz. The front to
back SPL differences are 13 dB at 200 Hz and 28 dB at 2 kHz. Figure 6.5 shows the
one-third octave band directivity patterns of the dipole source which is constructed by
two PN 81s. The same set MLSSA was used again. Since the size of the dipole was
relatively large, the directivity patterns were measured 2 m away from the centre of
the source rather than 1 m in normal directivity measurements. As shown in the
figures, the directivity patterns of the dipole constructed by two PN 81s are reasonably
good enough. The front-to-back SPL differences of the dipole source were 0.5 dB at
200 Hz and 0.1 dB at 2 kHz. The dipole also quite powerful; it provided up to 87 dB
at 200 Hz and 107 dB at 2 kHz. The setup of the dipole source is shown in figure 6.6.
Since PN 81 is a self-powered loudspeaker and the dimension of the speaker is much
larger than unbaffled loudspeaker, this is the main limitation of using this dipole in
field experiments. The size of the dipole was 0.28 m in width, 0.5 m in height and 0.7
m in depth. It is suitable for large scale measurements such as measurements in traffic
tunnels, pedestrian subways but it is too large for corridors. In order to construct a
suitable dipole source for small scale measurements, the size of the dipole source must
be reduced.
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The directivity pattern of unbaffled loudspeaker is dipole like but it is very difficult to
obtain a perfect dipole shape. It was shown that with two non-perfect monopoles it is
possible to construct a perfect dipole. It may be possible to construct a perfect dipole
with two unbaffled loudspeakers as well. When two unbaffled loudspeakers are faced
back to back and close to each other and then powered by anti-phase, the sound power
radiated from the backside of the loudspeakers may be totally cancelled out by the
other one. The sound fields radiated from the front part of two unbaffled loudspeakers
can be coupled together and performed as a dipole source.

Figure 6.7 shows the directivity patterns of 800 Hz and 1 kHz of a 20 w unbaffled
loudspeaker in one third octave band. Figure 6.7(a) is the directivity pattern of 800 Hz
and figure 6.7(b) is 1 kHz. The speaker size was 4” (100 mm) and the diaphragm size
was 94 mm (the ka approximately equal to 0.7 at 800 Hz and 0.87 at 1 kHz). As
shown in the figures, the directivity patterns of the unbaffled loudspeaker at 800 Hz
and 1 kHz are similar to the dipole but totally non-perfect. After the setup of two
unbaffled loudspeakers together with a separation of 54 mm and power by anti-phase,
the directivity patterns of both frequencies is must improved. See figure 6.8(a) and
6.8(b). The maximum 1 m free field sound pressure levels were 68 dB at 800 Hz and
67 dB at 1 kHz. The front-to-back SPL differences of this dipole at both frequencies
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were 0.4 dB. The sound power output is the main limitation when applying this source
for experimental measurements. It is limited to 68 dB at both frequencies.

In order to prepare a much powerful dipole source for experimental studies in the next
chapter, the other dipole source was constructed by two 5.5” 50 w unbaffled speakers.
The diaphragm diameter of this dipole was 114 mm (the ka was 0.84). Figure 6.9
shows the directivity pattern of 800 Hz in the one third octave band. Compared with
the dipole source constructed by two 4” unbaffled loudspeakers, the new source
provided up 80 dB at 800 Hz but the front-to-back SPL different was 0.6 dB. In order
to minimise the front-to-back SPL difference of this dipole source, two loudspeakers
were driven by two different signal levels. After adjusting the signal levels on two
loudspeakers, the front-to-back SPL difference of this dipole was reduced to 0.1 dB.
Figure 6.10 shows the directivity pattern of the dipole after adjusting the signal levels
on two speakers. The dipole source setup arrangement is shown in figure 6.11.

6.5 Summaries
Both unbaffled loudspeaker and piezoceramic disk were used as dipole sources by
previous authors [105 - 107]. The limitations of using an unbaffled loudspeaker
include the sound power output, the directivity pattern and limited sound power output.
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By using a piezoceramic disk, the directivity pattern of the created dipole source can
be optimised and made nearly perfect but the sound power output is very limited. In
the present study, dipole sources were constructed by two baffled or unbaffled
loudspeakers where two speakers were located close to each other, faced back to back
and powered by anti-phase.

Experiment results show that the directivity patterns of the dipole sources constructed
by two speakers were close to a perfect dipole source. Compared with the dipole
source that was constructed by a single unbaffled loudspeaker, the directivity patterns
are greatly improved. Apart from the directivity pattern, the operation frequency range
of the dipole source constructed by the proposed model is much higher then the dipole
constructed by a single unbaffled loudspeaker. The dipole source constructed by two
5.5” unbaffled loudspeakers can worked at 800 Hz one third octave band compared to
only 250 Hz pure tone by a single 6” unbaffled loudspeaker in previous studies [107].
Furthermore, the sound power output of the dipole source constructed by two
loudspeakers is much higher than in previous studies [105 - 107].

In general, all directivity patterns, operating frequency ranges and output power can
be improved by constructing dipole from two loudspeakers. The proposed model is an
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alternative to preparing a dipole source for experiments.
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Figures

Fig. 6.1: The dipole sound field
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Fig. 6.2: The structural assembly of a loudspeaker.
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Fig. 6.3: The loudspeaker sound power output related to ka.
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(a)

(b)

Fig. 6.4: The directivity patterns of a “Renkus-Heinz” PN 81 self-powered
loudspeaker compare with a perfect monopole at (a) 200 Hz and (b) 2 kHz. The solid
lines (------) are the directivity pattern of a perfect monopole and the circles (O) are the
measured directivity pattern of the PN 81.
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(a)

(b)

Fig. 6.5: The directivity patterns of the dipole source constructed by two out-of-phase
“Renkus-Heinz” PN 81 self-powered loudspeakers compared with a perfect dipole at
(a) 200 Hz and (b) 2 kHz. The solid lines (------) are the directivity pattern of a perfect
dipole and the circles (O) are the measured directivity pattern of the dipole source
constructed by two out-of-phase PN 81.
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Fig. 6.6: The arrangement of the dipole source constructed by two “Renkus-Heinz”
PN 81 self-powered loudspeakers.
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(a)

(b)

Fig. 6.7: The directivity patterns of a 4” unbaffled loudspeaker compared with a
perfect dipole at (a) 800 Hz and (b) 1 kHz. The solid lines (------) are the directivity
pattern of a perfect dipole and the circles (O) are the measured directivity pattern of
the 4” unbaffled loudspeaker.
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(a)

(b)

Fig. 6.8: The directivity patterns of the dipole source constructed by two out-of-phase
4” unbaffled loudspeakers compare with a perfect dipole at (a) 800 Hz and (b) 1 kHz.
The solid lines (------) are the directivity pattern of a perfect dipole and the circles (O)
are the measured directivity pattern of the dipole source constructed by two
out-of-phase 4” unbaffled loudspeakers.
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Fig. 6.9: The directivity patterns of the dipole source constructed by two out-of-phase
5.5” unbaffled loudspeakers compare with a perfect dipole at 800 Hz. The solid lines
(------) are the directivity pattern of a perfect dipole and the circles (O) are the measured
directivity pattern of the dipole source constructed by two out-of-phase 5.5” unbaffled
loudspeakers.
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Fig. 6.10: The directivity patterns of the dipole source constructed by two
out-of-phase 5.5” unbaffled loudspeakers which are powered by different signal level
on two loudspeakers compared with a perfect dipole at 800 Hz. The solid lines (------)
are the directivity pattern of a perfect dipole and the circles (O) are the measured
directivity pattern of the dipole source constructed by two out-of-phase 5.5” unbaffled
loudspeakers.
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Fig. 6.11: The arrangement of the dipole source constructed by two 5.5” inch
unbaffled loudspeakers.
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Chapter 7
Noise propagation in a long enclosure
due a dipole source
7.1 Introduction
Reverberation time and signal to noise ratio are two key factors in speech
intelligibility [2]. To predict speech intelligibility, previous studies were mainly
focused on either sound field propagation or reverberation time predictions [44, 47,
54]. In these studies, the sound sources were usually assumed to be a monopole.
However, it is well known that many noise sources have distinct directional
characteristics. For example, noise radiated from railway vehicles [66] and ventilating
fans are best modelled as a dipole [76]. The current study presents a numerical model
to predict the sound field due to a dipole source in a long enclosure. The experimental
dipole source was constructed by a pair of identical loudspeakers. The sound field due
to a non-symmetrical dipole source is studied afterwards.

225

Numerical Models for Sound Propagation in Long Spaces

7.2 Theory
A dipole sound source can be modelled as a pair of monopoles with equal acoustic
power but in anti-phase, separated by a small distance then coupled together. Based on
this assumption, two experimental dipole sources were constructed by two unbaffled
loudspeakers as in the previous chapter. By referring to figure 7.1, the on-axis
one-metre free field sound pressure level (SPL) of a dipole source (SPLdipole) that is
created by two out-of-phase monopoles can be calculated by,

SPLdipole = 10 log{10[ SPLmono+ − 20 log(1− ∆d )] / 10 − 10[ SPLmono− − 20 log(1+ ∆d )] / 10 }

(7.1)

where SPLmono is the one metre free field SPL of monopole. The plus sign and minus
sign following the SPLmono indicate the phase relationship between the monopole and
dipole. SPLmono + shows that the sound field of the monopole is the same phase with
the dipole at the measuring point and otherwise is anti-phase with the dipole. Δd is the
distance between the acoustic centre of the monopole and of the dipole. The one metre
free field SPL of the equivalent monopole can be obtained by,
SPLmono = SPLdipole + 10 log10 [

(1 − ∆d ) 2 (1 + ∆d ) 2
]
4∆d

(7.2)

In the real world, most of dipole sources are not fully symmetrical. The sound power
radiated from the dipole front should not be the same as the sound power radiated
from the dipole back. The free field SPL of two equivalent monopoles should be
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calculated separately.

In this study, a long enclosure is modelled as a rectangular enclosure which is
constructed by two vertical side walls, two horizontal surfaces and is infinitely long.
All boundary surfaces are assumed as totally reflective and diffusion effect is ignored.
The width of the enclosure is a and the height is b. The left button corner of the source
plane is chosen at the origin of three-dimensional rectangular co-ordinate system (see
figure 7.2). The width of the enclosure is measured in x direction, height in z direction
and the separation between source and receiver should be measured in y direction. The
monopole source is located at a distance of Sa away from the left sidewall and Sb
above the ground, i.e. (Sa, 0, Sb). Based on the image source method, a row of image
sources is created by the reflections of the vertical sidewalls and their related images.
The x-coordinates of the image sources are given by
x±m = ma + a(m ) for m = 0, 1, 2, 3,…,

(7.3a)

where

a − S a
a( m ) = 
S a

if m is odd

.

if m is even

(7.3b)

Due to the reflections of the ground, the ceiling and their related images, infinite
columns of image sources are formed similarly. The z-coordinates of those image
sources are given by
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z± n = nh + b(n ) for n = 0, 1, 2, 3,…,

(7.4a)

where

b − Sb
b( n ) = 
S b

if m is odd
if m is even

.

(7.4b)

Then, the image source coordinate is given by S m , n = ( xm ,0, zn ) . The receiver is
positioned at a distance Ra from the left sidewall, Rb above the ground and separated
by the horizontal distance along the y-axis is yr to the source. Figure 7.3 displays
the distance Dm,n between an image source (m, n) and the receiver, and the distance
can be calculated,
Dm , n = ( xm − Ra ) 2 + yr2 + ( zn − Rb ) 2 .

(7.5)

The related sound pressure level (RSPLm,n) contributed by image source (m, n) at the
receiver is,
RSPLm, n = RSPLmono + 10 log(

m+n

(1 − α )
2
Dm, n

) − α a Dm, n

(7.6)

where RSPLmono is the 1 m free field sound pressure level of the monopole source
which is referenced to 20 µPa . α is the averaged absorption coefficient of boundary
surfaces, α a is air absorption factor which can be obtained from Ref. 85 for different
frequencies.

The related steady-state SPL due to a monopole source at the receiver is given by,
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m+n

(1 − α )
∑
2
Dm , n
m = −∞ n = −∞
m=∞ n=∞

RSPLTm = RSPLmono + 10 log( ∑

m=∞ n=∞

) − αa ( ∑

∑D

m = −∞ n = −∞

m, n

) . (7.7)

Dipole source can be modelled as two out-of-phase monopoles. The steady-state
sound field contributed by a dipole source can be calculated by subtracting the total
sound field contributed by two equivalent monopoles since two monopoles are totally
out-of-phase. The related steady-state sound pressure due to a dipole is given by
RSPLTd = RSPLTm + − RSPLTm −

.

(7.8)

7.3 Field measurements
7.3.1 Full scale field measurements - a long corridor
Filed measurements were conducted in a corridor in the Department of Mechanical
Engineering, Hong Kong Polytechnic University. The corridor was 35.6 m long, 1.85
m width and 2.45 m height. The floor was covered with carpet and the ceiling was
made up of perforated panels filled with fibreglass. The vertical partition walls were
finished with plaster and wooden doors. The absorption coefficients of four boundary
surfaces were reused from the previous experimental data since the same location was
used to conduct measurements as before [54]. The single absorption coefficient used
in the current study is an averaged value of all boundary surfaces on their area
proportion. The averaged absorption coefficients from 200 Hz to 4000 Hz are listed in
Table 7.1.
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The dipole source constructed by two 5.5” unbaffled loudspeakers was used as the
source. The front-to-back SPL different was 0.1 dB in 800 Hz. The field strength was
reconfirmed by separate measurements. The measurements were conducted in an
anechoic chamber to measure the free field sound pressure level at 1 m away from the
source. The diversity pattern of the dipole is shown in figure 7.4. Same as Chapter
2.3.1, a software based maximum length sequence system analyser (MLSSA) [90] was
employed for the current study. MLSSA was run on a personal computer and worked
with a special sound card. The test signal was generated from the PC sound card and
fed to a power amplifier and then connected to the dipole. The receiver was a “B&K”
4189 pre-polarised free field 1/2” inch condenser microphone and the signal was
amplified by a “B&K” Nexus preamplifier then fed into the sound card. The source
was fixed at 0.45 m away from the right vertical wall and 0.6 m above ground. For the
receiver, it was allocated at 1.2 m above ground and varied between 0.45 and 0.9 m
from the right vertical wall (see figure 7.5).

Figure 7.6 shows the variation of the steady-state SPLs at 800 Hz with the horizontal
separation. The receiver was located at 1.2 m above the ground and 0.45 m away from
the right vertical wall. Since a dipole source is a directional source, two source
directions were involved in the measurements. The dipole was facing to vertical
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sidewalls and facing the end of the corridor during the measurements. The measured
spectra are compared with the numerical predictions according to the proposed
formulation. In the graphs, the experimental data agreed reasonably well with the
numerical predictions. The maximum prediction error appeared at 1 m source/receiver
separation. Although the gap of two equivalent monopoles was assumed as 15 mm in
the measurement, actually, the gap of two acoustical centers was tolerated to the
designed value. When the receiver closed to the source, direct sound field was
dominated. The tolerated locations of two equivalent monopoles caused prediction
error. It is suggested that the proposed model only apply to the situation when the
source/receiver separation is great the width and the height of the enclosure. The
proposed formulation can predict the general trend of the experimental data. The
average discrepancies at 800 Hz were found to be 1.74 and 2.72 dB for two source
directions respectively.

Next, figure 7.7 shows the variation of the 800 Hz steady-state SPLs with the
horizontal separation in the other set measurement. The source location was the same
as before but the receiver was moved to 0.9 m away from the right vertical but at same
height. Again, the numerical predictions according to the proposed formulation show
tolerably good agreements with the measurements in both source directions. In general,
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the proposed formulations can predict the average level of measured related
steady-state SPLs over the range of interest.

7.3.2 Indoor measurements – a model tunnel
A 28.5 m long, 1.16 m wide and 1.45 m high model tunnel was made for verification
of the formulation developed in pervious section. The tunnel sidewalls, floor and
ceiling were fully covered by gypsum board. The surface impedance Z of the gypsum
board was characterised by two-parameter model [89]. By conducting a short-range
propagation measurement which placed both source and receiver 0.1 m above the
boundary surface and separated by 1 m, the excess attenuation of the gypsum board
was obtained. The parametric values of the effective flow resistivity σ e and the
effective rate of change in porosity with depth α e were deduced by comparing the
measured spectrum to a free field measurement in same source/receiver separation.
The best-fit parametric values of σ e and α e are 30,000 kPa s m-2 and 50 m-1 (see
figure 7.8). The converted one-third octave band absorption coefficients (α ) [54] of
the boundary surfaces are listed in table 7.1.

The same set of equipment using in the previous section was employed to conduct the
measurements in the model tunnel. The 4” dipole source developed in the previous
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chapter was used as the source but the front-to-back SPL different at 800 Hz was
adjusted to 0.3 dB. The directivity pattern of the dipole source is shown in figure 7.9.

Figure 7.10 displays the measurements in three source/receiver locations. They were
sound level decay curves in the model tunnel with (a) the source was located at 0.3 m
away from the right vertical wall, 0.2 m above the ground and the receiver was located
at the centre of the width of the cross-section, i.e. 0.58 m from both vertical walls and
0.8 m above the ground, (b) same source location but the receiver was located at 0.86
m away from the right vertical wall and 1.2 m above the ground, and (c) the source
was located at 0.86 m away from the right vertical wall, 0.2 m above the ground and
the receiver location was the same at (b). There was only one source direction
involved in the measurements and the dipole source was always facing the vertical
sidewalls of the tunnel. In the graphs, the experimental results are compared with
numerical predictions according to the proposed formulation. The measured and
numerical predictions agree tolerable well with each other in all three source/receiver
locations. The maximum discrepancy between the measurements and numerical
predictions was only 2.5 dB found in 1 m separation of the source and receiver located
in (a). The average discrepancies in the one-third octave bands were found to be better
than the corridor experiments.
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7.4 Propagation of non-prefect dipole source in a long
enclosure
The prediction model of dipole source propagation developed in section 7.2 was
verified by two field measurements with one conducted in a long corridor and the
other one conducted in a model tunnel. In both field experiments, the measured data
and numerical predictions agreed reasonably well with each other in two source
directions. There was some interesting findings when comparing two field
measurement results. Although both sizes of the enclosures and absorption coefficients
of two experimental sites were similar, propagation loss of dipole sound field in the
corridor was much more than in the model tunnel in the same source/receiver
separation. As shown in figure 7.6, the propagation loss in the corridor was 10 dB in
10 m source/receiver separation but only 5 dB in the model tunnel (see figure 7.10).
Since the same set of measurement equipment was used in both experiments and the
experiment results agreed well with numerical predictions, the difference of the
propagation loss between two experiments should not be caused by experimental error.
Noise sources should be the key affecter of the propagation loss in the experiments
since the front-to-back SPL different of the dipole source used in corridor was only
0.1 dB but 0.3 dB in the model tunnel. In previous studies, noise radiated from railway
vehicles and ventilating fans were best modelled as dipole sharp but the directivity
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patterns of those sources were tolerable with a perfect dipole [66, 76]. As shown in
Hodgson and Li study [80], the front-to-back SPL difference of the noise generated
from a computer cooling fan was varied between 0.1 dB to 3 dB on different supply
voltages. Similar results were reported in Thomson and Jones’ study [74]. The
wheel/rail noise of railway vehicles was modelled as a dipole which better modelled
than a monopole in axial motion. However, the directivity pattern of wheel/rail noise
was not exactly the same as a dipole. Although there is no exact figure quoted on the
noise generated from a ventilation fan, it is not difficult to imagine that the directivity
pattern of fan noise is tolerant with a perfect dipole source. The propagation loss of
non-symmetrical dipole source in long enclosure should be further studied.

7.4.1 Propagation loss of non symmetrical dipole source
The theoretical sound field study of a non symmetrical dipole source was conducted
by comparing the propagation loss of different non-symmetrical dipole sources. The
comparison included the propagation loss of a monopole source. By reference to the
propagation loss of monopole source, the characteristics of non-symmetrical dipole
sources are much easier to understand. In the theoretical study, the steady-state
contribution of the monopole was calculated by the image source method.
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The simulation took place in a long enclosure with the width of 1.5 m and height of
2.5 m. The absorption coefficient of all boundaries was assumed as 0.1. The source
was located at 1.3 m above the ground and 0.8 m away from left vertical wall, receiver
was placed at 1.2 m above the ground and 0.7 m from the same vertical wall. The
front-to-back SPL different of the dipole source is set to (a) 0 dB, i.e. fully
symmetrical, (b) 0.1 dB, (c) 0.3 dB, (d) 0.5 dB and (e) 1 dB.

Figure 7.11 displays the propagation losses of dipole sources with different
front-to-back SPL differences and of a monopole source. In the figure, the free field
source pressure levels of all sound sources were set to 0 dB. It can be seen that the
propagation loss of a fully symmetrical dipole source is much more than a monopole.
This is the same as the well known characteristics of dipole source; dipole source is a
non effective radiator [65]. If a dipole source is not fully symmetrical and the
front-to-back SPL difference is 0.1 dB, the propagation loss is reduced more than 19
dB on 10 m source/receiver separation. While the front-to-back SPL differences of the
dipole source increased to 0.3 dB, the propagation loss of the said dipole is very
similar to a monopole. When the front-to-back SPL differences are further increased,
the propagation loss of the dipole is further reduced and becomes even less than a
monopole. This is a very interesting dipole characteristic since the dipole source is
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assumed as a weaker radiator than a monopole although it is not difficult to
understand. When converting a dipole source to two out-of-phase monopoles, the free
field SPL of the converted monopole should be larger than the dipole. For example,
the sound field of the converted monopole was 12 dB larger than the dipole in the
studied case. Since the free field SPL of one of converted monopoles is larger than the
other, the contributed sound field from the larger monopole should be larger than from
the other one. The sound field can be cancelled out and should become smaller. After
the front-to-back SPL difference of the dipole source is further increased, one of the
converted monopoles should be much stronger than the other one and the sound field
contributed by the weaker monopole can be neglected. The propagation characteristic
of a non-symmetrical dipole source is very similar to a monopole now but much
stronger. This is because the sound field of the converted monopole is stronger than
the corresponding monopole.

7.4.2

Experimental measurements

In order to verify the theoretical study in section 7.4.1, experimental measurements
were conducted in the model tunnel. In order to compare the propagation loss of
non-symmetrical dipole and monopole source, both sources were involved in the
measurements. The dipole source was the source constructed by two 4” unbaffled
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loudspeaker with 0.4 dB front-to-back SPL difference at 1 kHz. A “Renkus-Heinz” PN
61 self-power loudspeaker was used as a monopole source. Besides the sound sources,
the same set of equipment used in section 7.3.1 and 7.3.2 was employed in the
measurements again. In the experiment, both sources were located at 0.3 m away from
the right vertical wall and 0.2 m above the ground. The receiver was placed at 0.8 m
above ground and 0.3 m away from the same wall. The distances between source and
receiver were adjusted between 1 to 9 m. During the measurements, the dipole source
was always facing the vertical boundaries.

Figure 7.12 displays the experimental data and numerical predictions of both
monopole source and dipole source along the model tunnel. It is shown that the
numerical predictions agreed well with experiment data. On average, the difference
between the numerical predictions and experimental measurement was around 1 dB
for both sources. By compared the results displayed in figure 7.12, it can be seen that
the propagation loss of a non symmetrical dipole source with 0.4 dB front-to-back
SPL difference was very close to a monopole. The propagation loss of the dipole
source was 3 dB less than the corresponding monopole only.

By referring to the experiment results, it can be seen that the theoretical consideration
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of the propagation loss of a non-symmetrical dipole source agreed with the
experimental data. The concept of dipole source as a less efficient radiator than the
corresponding monopole can not be applied in a long enclosure. The front-to-back
SPL difference of a dipole source is the key element affecting the excess attenuation
of the source.

7.5 Summaries
Apart from acoustic monopole, dipole source is one of the other common noise
sources. Noise radiated from railway vehicles and ventilating fans is best modeled as
dipole but the study of dipole source propagation in the long enclosures is very limited.
A simple prediction model is proposed in the current study, with a dipole source is
modeled as two monopoles. The dipole source contribution in a long enclosure can be
represented by the difference of the contributions from two monopoles.

Experimental measurements were carried out in two locations to verify the proposed
theory and they reported good agreement between predictions and measurements. In
practice, most of the dipole noise sources should not be fully symmetrical. The
propagation characteristics of non-symmetrical dipole sources were studied. It is
found that the propagation loss of a prefect dipole source is the same as the well
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known dipole characteristic; a dipole source is a less efficient radiator than the
corresponding monopole. If a dipole source is not fully symmetrical, the propagation
loss is reduced and it is even less than the corresponding monopole source. Field
measurements showed that the characteristics of non-symmetrical dipole agreed with
the theoretical consideration. This is a new concept of dipole source characteristics in
long enclosures and totally disagreed with the well known dipole source studies.
Normally, dipole noise source is assumed to be a less efficient radiator than the
corresponding monopole and it is neglected in the background noise study. As shown
in the current study, the propagation loss of dipole sources is varied by the
front-to-back sound pressure level difference of the source. The background noise
created by a dipole source may be even higher than the corresponding monopole.
Dipole source is a non-neglected noise source in the background noise study.
Furthermore, the dipole source prediction model can be used to determine the
maximum fan noise allowed to be generated when Noise Criteria is given in acoustic
design.
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Tables
Frequency (Hz)

200

250

315

400

500

630

800

0.021

0.025

0.029

0.034

0.040

0.047

0.054

0.029

0.032

0.036

0.041

0.046

0.051

0.058

1000

1250

1600

2000

2500

3150

4000

0.063

0.072

0.084

0.095

0.11

0.12

0.14

0.065

0.072

0.081

0.091

0.10

0.11

0.13

Absorption coefficient
(Corridor)
Absorption coefficient
(Model tunnel)
Frequency (Hz)
Absorption coefficient
(Corridor)
Absorption coefficient
(Model tunnel)

Table 7.1: The estimated mean absorption coefficients of the boundary surfaces of
corridor and model tunnel given in dB.

241

Numerical Models for Sound Propagation in Long Spaces

Figures

Fig. 7.1: Schematic diagram showing the relative distances of the dipole source and
the related monopoles. The solid lines (------) are the source field of dipole source, the
dotted lines (- - - - - ) are the sound field of corresponded monopole which is the same
phase with the dipole, and dot-dashed lines (--- - ---) are the sound field of
corresponded monopole which is anti-phase with the dipole.
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Fig. 7.2: Schematic diagram showing the rectangular coordinate system and the
geometrical configuration of a long enclosure.
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Fig. 7.3: Schematic diagram showing the relative locations of the receiver, the point
source (solid circle), image sources (open circle) and the corresponding distance Dz
between an image source (m, n) and the receiver.
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Fig. 7.4: The directivity pattern of the dipole source coupled by two out-of-phase 5.5”
unbaffled loudspeakers with 0.1 dB front-to-back SPL different at 800 Hz compares
with a perfect dipole. The solid lines (------) are the directivity pattern of a perfect dipole
and the circles (O) are the measured directivity pattern of the dipole with 0.1 dB
front-to-back SPL difference.
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Fig. 7.5: Photograph displaying the set-up of the full scale field measurements in a
long corridor.

246

Numerical Models for Sound Propagation in Long Spaces

85

Steady State Sound Pressure Level (dB)

80
75
70

~
~
80
75
70
65
60

1

2

3

4

5
6
Distance, (m)

7

8

9

10

Fig. 7.6: The sound pressure level is plotted versus the horizontal distance. The source
was located at 0.6 m above the ground and at 0.45 m from the right side of the vertical
wall. The receiver was placed at 1.2 m above the ground and 0.45 from the same wall.
The thick solid lines are experimental data and the thin solid lines are predictions by
the proposed formulations. (Open circles: dipole faced to side wall; plus signs: dipole
faced to end of the corridor).
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Fig. 7.7: The sound pressure level is plotted versus the horizontal distance. The source
located is the same as Fig 7.6. The receiver was placed at 1.2 m above the ground and
0.9 from the right side of vertical wall. The thick solid lines are experimental data and
the thin solid lines are predictions by the proposed formulations. The keys for the lines
show in the figure are the same as Fig. 7.6.
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Fig. 7.8: The acoustic characterisation of the gypsum board. The two-parameter model
was used to characterise the surface impedances. The best-fit parametric values for

σ e and α e were 30 000 kPa s m-2 and 50 m-1. The solid lines are (--------) are
theoretical predictions and the dotted lines (- - - - - ) are experimental data.
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Fig. 7.9: The directivity pattern of the dipole source coupled by two out-of-phase 4”
unbaffled loudspeakers with 0.3 dB front-to-back SPL different at 800 Hz compare
with a prefect dipole. The solid lines (------) are the directivity pattern of a prefect dipole
and the circles (O) are the measured directivity pattern of the dipole with 0.3 dB
front-to-back SPL difference.

250

Numerical Models for Sound Propagation in Long Spaces

85

Steady State Sound Pressure Level (dB)

80
75

~
~

(a)

85
80

75

~~
85

(b)

80

(c)

75
70

1

2

3

4

5
6
Distance (m)

7

8

9

10

Fig. 7.10: The sound pressure level is plotted versus the horizontal distance. The
source and receiver locations were (a) the source was located at 0.2 m above the
ground and at 0.3 m from the right side of the vertical wall, receiver was placed at 1.2
m above the ground and 0.45 from the same wall, (b) same source location of (a) but
the receiver was located at 0.86 m away from the right vertical wall and 1.2 m above
the ground and (c) the source was located at 0.86 m away from the right side wall and
0.2 m above the ground and same receiver location of (b). The thick solid lines are
experimental data and the thin solid lines are predictions by the proposed
formulations.
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Fig. 7.11: The sound pressure level is plotted versus the horizontal distance. The
source was located at 1.3 m above the ground and at 0.8 m from the right side of the
vertical wall. The receiver was placed at 1.2 m above the ground and 0.7 from the
same wall. The thick solid line with star signs are excess attenuation of monopole
source and the thin solid lines are excess attenuation of dipole sources. (Open circles:
fully symmetrical dipole source; cross signs: dipole with 0.1 dB front-to-back SPL
different; squares: dipole with 0.3 dB front-to-back SPL different; plus signs: dipole
with 0.5 dB front-to-back SPL different; asterisks: dipole with 1 dB front-to-back SPL
different).
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Fig. 7.12: The excess attenuation is plotted versus the horizontal distance. The source
was located at 0.2 m above the ground and at 0.3 m from right side of the vertical wall.
The receiver was placed at 0.8 m above the ground and 0.3 from the same wall. The
thick solid lines are experimental data and the thin solid lines are predictions by the
proposed formulations. (Open circles: monopole source; plus signs: dipole source).
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Chapter 8
Conclusion and suggestions for future
work
8.1 Conclusion
Long enclosure is a common feature in built-up areas. For instance, an underground
train station and its platform, a road or railway tunnel, a pedestrian subway and a
corridor in buildings. Normally, acoustic consideration is not placed in the first
priority when constructing long enclosures. Cost consideration and associated
maintenance problems drive engineers to use fewer sound absorption materials for
noise reduction. The associated acoustic problems in a long enclosure are high
ambient noise and lack of speech intelligibility. The public address (PA) system is
normally installed in a long enclosure for delivery announcements especially for fire
drills and verbal warnings. However, increasing the sound power output of the PA
system can improve the audibility but not necessarily speech intelligibility. The
objective of this study is to simplify the prediction of sound field in a long enclosure
in order to improve the speech intelligibility.
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On the other hand, traffic noise is one of the most cited environmental factors in
high-rise cities. A simple steady-state noise level and reverberation time evaluation
formula can help to assess the effectiveness of noise control. By treating the flanking
façades as a pair of parallel side walls, the road pavement is taken as the floor, and the
opening at the top is represented by a perfectly absorptive ceiling, and a street canyon
can be considered as a category of a long enclosure. This study is started by
developing a simple formula to estimate steady-state noise levels and reverberation
times of a straight street canyon. The formula is developed from the image source
method. By replacing the discrete image sources with an effective line source, an
integral formulation is proposed in the study. The formulation is validated by
comparing the predictions with published data conducted in a town street, and with
indoor and outdoor experimental data obtained in the present study. It has been
demonstrated that the predictions according to the integral formulation agreed
reasonably well with both published data and all experimental data obtained in the
present study. The average discrepancies of steady state sound field between
experimental data and theoretical prediction were within 3 dB. The integral
formulation can be used to provide an efficient model for predicting noise levels and
the reverberation effect in a street canyon. Since the proposed integral formulation is a
simple closed form solution, it is much useful than the other theoretical numerical
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models in practice especially for daily application.

The concept developed in chapter 2 was further applied in predicting steady-state
sound fields in a long enclosure. By considering the discrete image sources in a long
enclosure as effective area sources, an analytical formula has been developed to
estimate the steady-state sound fields. The prediction accuracy of the analytical
formula was validated by comparing the numerical predictions with indoor model
measured data and full-scale outdoor experimental results. The average discrepancies
between the measurement and prediction were less than 3 dB. By using this single
formula, it is believed accurate enough for predicting the steady-state sound field in a
long enclosure.

Apart from the straight long enclosure, there are other variations. A cross junction, a
long enclosure with a T-intersection, and U-turn long enclosures are some typical
examples. A theoretical model is proposed for estimating the steady-state sound fields
and reverberation times for a junction of a street canyon. The theoretical model can
applied to both coherent and incoherent image source methods. By comparing with
field measurements, it was shown that the sound fields and reverberation times in four
legs of a street’s junction can reasonably be computed. Although the predictions of the
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coherent model provided better agreement than the predictions of the incoherent
model to the experimental data, the calculations of incoherent model still laid on the
general trend of the measurements. Actually, the average different between
measurements and calculations of two prediction models was within 2 dB. The sound
fields in the opposite ends of the street canyon have been studied by using the
incoherent ray model. By comparing to a straight street canyon, the opening of a
junction can help to reduce the traffic noise only when the receiver is close to the
junction. The distance between the source and junction do not affect the noise level at
the receiver. The efficient way to reduce the traffic noise in the opposite end of the
street is increased the width of the junction.

The model is extended to predict the steady-state sound fields and reverberation times
in a long enclosure with a T-intersection. The prediction capability of the proposed
model integrated with the coherent image source method and incoherent method were
displayed by comparing with experiments conducted in a model tunnel with a
T-intersection and in a corridor. It can be seen that the predictions by the proposed
model integrated with coherent image source method agreed reasonable well with
measured data and provided better agreement than using the proposed model
integrated incoherent method. However, the predictions of incoherent model
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consistent with the general trend of measured excess attenuations and laid on the
general trend of the reverberation times.

In all previous acoustical studies related to a long enclosure, most studies are focused
on a monopole sound source. Apart from non-directional noise source, many noise
sources in a long enclosure are directional. Both train noise and fan noise are
classified as dipole rather than non-directional monopole. In order to study the
characteristics of directional noise sources, a review of available dipole sources was
conducted. It was shown that both sound power output and frequency range are the
limitations to use the available dipole sources to conduct experimental study in long
enclosure. A numbers of dipole sources were constructed afterwards. The dipole
sources were constructed by pairs of identical loudspeakers which were powered by
anti-phase, placed by back to back and close to each other. By using the dipole source
constructed by two loudspeakers, both sound power output and frequency range were
much improved. In this study, the maximum sound power output of the constructed
dipole was 107 dB and the usable frequency was 2 kHz.

A theoretical study of propagation due a dipole sound source was conducted. By
modelling a dipole source as a pair of monopoles but in anti-phase, the sound field
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contributed from a dipole source can be obtained by subtracting the contribution from
two equivalent monopoles since two equivalent monopoles are totally out-of-phase.
Field measurements were conducted in a model tunnel that was built in an anechoic
chamber and a corridor in an office building. It can be seen that numerical predictions
according to the proposed theory agreed with experimental data at both sites. The
propagation loss of a prefect dipole source is much more than the corresponding
monopole. Perfect dipole source is a less efficient radiator than the corresponding
monopole. Furthermore, the propagation characteristics of non-symmetric dipole
sources have also been studied. It was demonstrated that the source field contributed
from a non non-symmetric dipole is similar or even larger than a corresponding
monopole source. Dipole source is a non-neglected noise source in long enclosures.

8.2 Limitations of developed models
In this study, all sound field propagation models are developed from the image source
method. The limitations of the image source method also applied to this study. They
are included but not limited to
1. For an indoor space, the geometry of a long enclosure should be arranged such
that one of the dimensions is much larger than the remaining two dimensions.
Furthermore, these two remaining dimensions are still relatively greater than
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the acoustic wavelength of interest. The proposed theory can also be applied to
outdoor long spaces when the length is much larger than the wide. In practice,
it is suggested that the length of the long space is greater than six times the
width and the height (indoor only) [94].

2. The boundary surfaces of the long space are assumed to be acoustically
“smooth”. In other words, the sound fields in the long space are dominated by
the reflective sound fields. The theories developed in this study cannot apply in
the long space with many irregular boundary surfaces. It is because sound
wave reflected from irregular boundaries cause diffused sound fields.

8.3 Suggestions for future work
Owing to the time limit in this study, there are still other research problems waiting to
be explored. The following areas are recommended for further exploration:
1.

Closed form solutions have been developed to simplify the sound field
prediction in street canyons and long enclosures. The models need to be
extended to cover the sound fields in a junction of a street canyon and also
in a long enclosure. This can help to reduce the calculation time and speed
up the design.
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2.

Transportation noise is a major issue in a high-rise city. Studies of noise
propagation through a segment of a straight street canyon and a junction of a
street canyon were conducted in the present study. In real applications,
studies of noise propagation in a city should focus on an area rather than a
segment. The noise studies in street canyons and junctions need to be
combined together. The combined model can be used to study the noise
propagation in a district and prepare noise maps in a city.

3.

Studies for predicting the sound fields in a straight long enclosure and a
long enclosure with a T-intersection have been conducted in the study. Apart
form the straight long enclosure and long enclosure with a T-intersection,
long enclosure with an L-shaped section and U-turn long enclosures are
commonly found in office buildings and shopping malls. Although sound
field in L-shaped section and U-turn enclosure is possible predicted by
image source method [39 – 41], there is still no any detail formulation
reported in related studies. In the current study, it is recommended to extend
research to predict the sound fields in a long enclosure with an L-shaped
section and U-turn long enclosure. This extension would help to consider
the realistic aspects of a sound field in a building environment.
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4.

When the public address (PA) system is installed in a long enclosure, it is
not limited to one speaker. Increasing the numbers of speakers can improve
the even distribution of sound fields in the covered area but also increase the
reverberation fields and echoes. In this case, increasing the numbers of
speakers does not necessarily improve the speech intelligibility and can even
degrade the speech intelligibility. Studies of multi source distribution in long
enclosure therefore become necessary. Furthermore, closed form solution is
much useful than the theoretical model.

5.

Regarding long enclosure with end walls, this was not limited to the current
study. The long enclosure is assumed to be infinitely long in most long
enclosure’s studies. In the real situation, a long enclosure should be limited
in length and the sound wave would be reflected back by terminations. The
termination is either a solid object such as hard wall or wooden door, or
impedance mismatched boundary. The sound wave reflected from
termination would increase both usable and non-usable sound fields. The
reflected sound wave can be considered as a sound source (image source) in
the enclosure. The effect of end termination should be further studied by
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closed form solutions.
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