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Chapter 1
Introduction
Environmental noise is unwanted or harmful sound, often generated by human activities [1].
According to the relevant noise authorities, World Health Organization (WHO) and European
Environment Agency (EEA), environmental noise is mostly caused by the operation of one of the
following sources: road traffic, railways, aircraft, industry, wind turbines, and leisure [2,3]. The WHO
marks environmental noise as “an important public health issue, featuring among the top environmental
risks to health”. This is also supported by the EEA, which states that environmental noise is one of the
major environmental health problems in Europe. Based on the EEA’s estimation, 113 million people in
the EU are affected by harmful road traffic noise, 22 million people are affected by harmful railway noise,
nearly 4 million people are affected by harmful aircraft noise and less than 1 million people are affected
by harmful industrial noise. Prolonged exposure to high levels of environmental noise can lead to serious
harmful health effects, such as hypertension and cardiovascular disease, sleep disturbance and annoyance.
Hypertension and cardiovascular disease are important risk factors for premature mortality, which means
that excessive environmental noise can indirectly reduce the lifespan of humans [4].
EEA’s report “Environmental Noise in Europe” [3] present an assessment of the population
exposed to high levels of environmental noise in Europe and it is based on the “Environmental Noise
Guidelines for the European Region” published by WHO [2]. Both documents define transport noise
i.e., traffic, railways and aircraft, as relevant sources of environmental noise. In addition to these three
sources of environmental noise, EEA also defines wind turbines and leisure, while WHO also defines
industry as additional relevant sources of environmental noise. It is interesting to notice that WHO
defines wind turbine noise and leisure among relevant sources of environmental noise, which has not
been considered in the report published by EEA, which is due to the fact that there are variations in how
environmental noise is defined as well as how the EEA defines environmental noise according to the
Environmental Noise Directive (END) [5].
Although considered the most dominant source of environmental noise in Europe, road traffic
noise is just one of many noise sources in urban environments. There are numerous other noise sources
of concern to citizens and policymakers, some of which primarily generate low–frequency noise. Some
examples would include entertainment premises i.e., noise from night clubs and discotheques, as well as
moored ships, which are considered as specific noise sources in this dissertation. Calculating the impact of
such noise on the environment differs from the case of road traffic noise, primarily regarding spectral
content and directional characteristics.
Generally speaking, an analysis of influence of a noise source in an environment considers three
basic elements: the source, the transmission path and the receiver. The first step in noise analysis is
typically to describe the noise emission of a source by using appropriate acoustical parameters. This
process is called characterisation of a noise source. The next step is usually to model noise propagation. In
this step, a propagation medium must be described as accurately as possible, with all its characteristic
parts such as obstacles, reflective and absorptive areas, and terrain data. Finally, results of noise
calculations lead to values of sound pressure levels at endangered receivers.
The calculation of noise propagation in an urban environment can be carried out by applying one
of many different prediction methods. Broadly speaking, the commonly utilisied methods are ISO 9613–
2, General Prediction Method, DAL 32, Cnossos‒EU, etc. These methods are implemented in noise
mapping software packages [6–8], which have been developed to facilitate the calculations as well as to
provide a detailed analysis accompanied by graphical presentations. The basic input parameter in these
methods is the sound power level of a source. The sound power level is a measure of the acoustic energy
emitted from a source of noise, expressed in decibels. It is independent of the environment, distance, or
direction. Sound power level can be determined experimentally through measurements of either sound
pressure or sound intensity, by applying appropriate measurement methods. These different methods are
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often defined by international ISO standards, e.g., [9,10], and differ in their accuracy, scope regarding
sources and environments, representation of sound power levels, etc. [11]. Also, characterisation of noise
sources is a frequency–dependant problem, so the choice of measurement method should be based on
the spectral content of the analysed noise. Characterisation of low–frequency noise sources is usually
different from characterisation of sources emitting middle–frequency and high–frequency noise, due to
properties explained in the next section.

1.1 Low–frequency Noise
In the literature, low–frequency noise is typically defined as noise in the frequency range
10–100 Hz [12]. This definition includes infrasound, which is usually sound below 20 Hz. Also, some
authors extend the upper limit of the low–frequency range up to 200 Hz [13,14]. Another example is The
Public Health Agency of Sweden, which defines low–frequency noise guidelines in one–third octave
bands 31.5–200 Hz [15].
Low–frequency noise is less tolerated and perceived as more annoying than middle–frequency
and high–frequency noise [16,17], mostly due to two reasons. First, density of equal–loudness contours
[18, Fig. 4–6] indicate that small changes of sound pressure level cause great changes in perceived
loudness at low frequencies. At middle and high frequencies, the density of equal–loudness contours is
lower and greater changes of sound pressure levels are thus needed in order to perceive changes in
loudness. This means that the low–frequency components of noise cause greater annoyance than other
frequency components when the noise varies in loudness. Second, low–frequency masking curves cover
a wide frequency range causing masking effects even at higher frequencies. This is especially pronounced
at higher sound pressure levels, meaning further noticeability of low–frequency components in
broadband noise. Furthermore, it is often difficult to locate low–frequency noise sources even if
annoyingly loud [17]. This occurs due to the fact that low–frequency noise annoyance occurs at levels
only slightly higher than the hearing threshold. Sound localisation by ear also breaks down at frequencies
below 100 Hz because of the relation between wavelength and the spacing of human ears. Being unable
to locate the noise source increases the perceived annoyance of listeners. Finally, it is difficult to control
this kind of noise. This originates from the fact that it is neither easy to perform a reliable measurement
nor to efficiently apply simple protection methods. The former is due to large uncertainties when
measuring low–frequency noise, while the latter occurs due to lesser attenuation of low–frequency sound
by typical building materials. Because of aforementioned, low–frequency noise has become a growing
concern in the urban environment.
Methods for the determination of sound power levels defined by the international ISO standards
[9,10] are complex and rather impractical if the investigated noise source has limited accessibility. This is
the case with many low–frequency noise sources. The requirement of a large number of measurement
positions at different heights and at larger distances from the source, as well as the use of a reference
sound source to determine the influence of surrounding reflecting objects are major practical
disadvantages of these methods. Also, these methods are mainly intended for indoor (i.e., laboratory)
noise measurements, while most low–frequency noise sources are located outdoors. Consequently, there
is a growing need for alternative measurement methods that could be used for the characterisation of
low–frequency noise sources in a more practical way, designed specifically to be suitable for outdoor
implementations.
Based on the facts described above, this dissertation has focused on the implementation of
different measurement methods and analyses of low–frequency noise sources located on the water,
floating river clubs and moored ships. Their specificity is reflected in the spectral content of the generated
noise as well as the fact that implementation of standardised measurement methods [9,10] is considerably
difficult due to their limited accessibility i.e., the fact that they are located on the water. Precisely because
of these specificities, this dissertation investigates possibilities of employing a simplified measurement
method while, at the same time, maintaining sufficient accuracy when compared to the existing ISO
measurement methods. Additionally, this dissertation investigates differences between sound power
2

levels determined by implementation of different measurement methods and measurements in a far–
field.

1.2 Protection methods
After characterisation of noise sources and calculations of their noise in an environment,
identifying an exceedance of noise levels requires introduction of appropriate protection methods. This
can be done e.g., by using building elements with high values of sound insulation around noise sources
as well as by placing noise barriers between noise sources and receivers. In the former case, rating of
sound insulation of building elements is often performed by comparing their single–number quantities.
These quantities are obtained by converting frequency–dependent descriptors of sound insulation.
However, in the conversion process, the information about efficiency of building elements against
different types of noise is lost. Therefore, spectrum adaptation terms are added to the single–number
rating to include the characteristics of particular sound spectra. The procedure of this conversion has
been described in the ISO 717–1 standard [19]. In the same standard, two different spectrum adaptation
terms are defined: C for noise sources inside the building (A–weighted pink noise) and Ctr for traffic (A–
weighted urban traffic noise). However, the spectral content of noise generated by entertainment
premises is expected to be concentrated in the low–frequency range, due to existence of subwoofers. The
existence of subwoofers requires introduction of a new sound spectrum and spectral adaptation term
when rating the efficiency of sound insulation in this case. It is expected that the new sound spectrum
will give a more realistic rating of the efficiency of building elements against the low–frequency
entertainment noise. The latter case, which refers to noise barriers, is explained in the next section.
1.2.1 Noise Barriers
Changes in the propagation path present the most common way of dealing with environmental
noise. Some typical examples would include noise barriers and urban planning. When noise sources
operate in an existing environment, urban planning is no longer an option thereby rendering noise
barriers as the most reasonable protection methods.
Noise barriers lower noise levels in the environment by changing the path of noise propagation.
On the one hand, noise barriers should provide sufficient sound insulation so that sound transmitted
through the barrier is not significant compared to the sound diffracted over the top. In order to design a
noise barrier with adequate attenuation, some common rules of thumb have been developed [20,21]. On
the other hand, noise barriers should provide adequate sound absorption in cases where reflections from
barriers can increase sound levels at receivers. This can usually be improved using absorbent materials,
redirection of specular reflections (e.g., by designing the shape of the barriers) and scattering of specular
reflections [22].
A review of noise barriers has been summarized in [23], where a surface weight of at least
10 kg/m2 has been recommended in order to achieve attenuations of more than 20 dB for screen‒type
(i.e., conventional) barriers. The attenuation of 20 dB is stated sufficient so as not to affect the overall
sound levels behind barriers caused by diffracted sound components. More recent findings on different
noise barrier shapes have been provided in [24]. In addition to conventional noise barriers, the
requirement for periodic structures as protection methods, the so–called sonic crystals (SCs), the geometry
of which could optimise the barrier efficiency, has emerged in the literature during the last two decades
[25]. Unlike conventional noise barriers employing the mass law, SCs utilise multiple scattering phenomena
in order to provide attenuation. Compared to conventional noise barriers, SCs do not necessarily require
foundations since they exhibit low resistance to wind. SCs are also lighter compared to traditional noise
barriers providing greater aesthetic potential. A downside is that only narrow‒band attenuation can be
obtained if only multiple scattering phenomena is used, without help of absorbing and/or resonant
structures. Therefore, additional mechanisms are usually used to improve the narrow‒band attenuation
properties of basic SCs. The recently developed concept of SCs as a noise protection method has recently
drawn attention from the research community and as such has been investigated in this dissertation.
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Some methods used to characterise the acoustic properties of noise barriers can be roughly
divided into three groups: theoretical calculations, scale‒model experiments and full‒scale experiments.
The first two groups often refer to oversimplified methods which provide indication rather than real data
of noise barrier acoustic properties. The full‒scale experiments yield more realistic data and indicate a
potentially bad workmanship during the installation process. They can be implemented either in special
laboratory facilities [26,27] or in situ [28,29]. Although widely used for certification purposes, laboratory
measurements involve testing of sound barriers in a diffuse sound field, which is rarely the case with
environmental noise. Therefore, in situ measurement methods have become increasingly accepted as
standardised measurements in some countries (e.g., in Belgium).
It has been indicated in the literature [30] that the existing laboratory measurement methods
[26,27] provide different results of acoustic properties of noise barriers compared to those obtained by
the in situ [28,29] measurement methods. Furthermore, the in situ measurement methods have been widely
applied to conventional noise barriers, but the applicability to SCs has not yet been sufficiently
investigated. Both aspects have been covered in this dissertation.

1.3 Objectives
In this dissertation, two of three basic elements of noise propagation analysis have been
investigated: the source and the transmission path, respectively. First, in situ characterisation of
entertainment noise (both indoor and outdoor) and noise from moored ships have been investigated.
Second, in situ characterisation of noise barriers has been investigated. Therefore, the dissertation has
been divided into two parts. Each chapter contains a theoretical introduction followed by specific
methods and experimental results. In that way, it is possible to read chapters independently from each
other, although they are interrelated.
The goal of the first part of this dissertation is to investigate different existing in situ measurement
methods and recommend the most optimal in case of floating river clubs, as a specific source of
entertainment noise which can be found in Belgrade, Serbia. They are located on the water i.e., in an
unfavourable environment, according to the implementing of the existing ISO standards [9,10]. For this
reason, a simplified measurement method used in Nordic countries, the Nordtest method [31], has been
introduced. A total of three pressure‒based measurement methods have been considered: ISO 3744 [9],
the Nordtest Sphere method and the Nordtest Box method [31]. First, the methods have been applied to a
scale model of a floating river club. Second, the methods have been applied to a cottage with a lightweight
façade and compared to the ISO 9614‒1 [10] sound intensity‒based measurement method. The cottage
presents a simplified case of floating river clubs since it is located on the hard ground. Finally, two floating
river clubs have been characterised by application of the Nordtest Sphere method, as the most optimal
measurement method in this case. The results of the characterisation have been compared to those
obtained by measurements in a far‒field. Additionally, indoor sound level spectra for different types of
entertainment premises have been investigated. Unlike two standardised sound spectra given by ISO 717‒
1 [19], a modified spectrum for discotheques with pronounced low‒frequency noise has been proposed
by the author. These results have been published in [32]. At the end of the first part, analysis of the
entertainment noise has been complemented with in situ measurements of moored ships, as another
specific noise source emitting low‒frequency noise. Both near‒field and far‒field measurements have
been applied to four ships around Stockholm, Sweden. As in the case of floating river clubs, far‒field
measurements have been used to validate measurements of sound power levels closer to the ships.
The goal of the second part of this dissertation is to investigate capabilities and limitations of
in situ test methods for measuring the airborne sound insulation and reflection properties of noise
barriers, EN 1793‒6 [29] and EN 1793‒5 [28]. The methods have been applied to two different types of
noise barriers. First, a conventional absorbing noise barrier installed along railway track in Knivsta,
Sweden, has been investigated. Second, an absorbing SC barrier made of micro–perforated cylinders filled
with rubber crumb installed in Valencia, Spain, has been investigated. The results in the latter case have
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been compared to results from SC investigated by other authors [33]. These experimental results have
been published so far in [34].

5

Part I
Characterisation of Specific Noise Sources
The first part of this dissertation starts with an overview of low–frequency noise of entertainment
premises and more specifically, floating river clubs (Section 2.1), followed by a series of key
characterisation standards and their principles (Section 2.2), and experimental results of their
implementation (Section 2.5). Next, a rating of sound insulation with single–number quantities and
spectrum adaptation terms (Section 3.1–3.2) has been introduced. Then, indoor sound level spectra of
different types of entertainment premises, as a result of an extensive monitoring, has been presented
(Section 3.4). Finally, measurement protocol for characterisation of moored ships, NEPTUNES, has
been presented (Section 4.2) together with experimental results of its implementation (Section 4.4).
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Chapter 2
Outdoor Noise of Floating River Clubs
2.1 Introductory Remarks
Amplified music from public entertainment premises has been increasingly causing annoyance in
the urban environment [35,36]. Bars, pubs, clubs, and discotheques have become an inevitable part of
urban areas, often incorporated as a part of residential buildings themselves. With powerful audio systems
capable of producing significant sound levels, especially at low frequencies, these sources of noise present
a challenge when suggesting an appropriate protection method.
Floating river clubs are typical representatives of specific entertainment noise sources in Belgrade,
Serbia (see Figure 1). They are one of the major touristic attractions and a true symbol of Serbia’s capital
[37,38]. At the same time, floating river clubs are significant noise sources generating a large–scale
ecological problem in the city. There are around 300 floating river clubs anchored on the banks of Sava
and Danube rivers, many of which are nightclubs. Regardless of the time of the year, they are open long
during night and often until early morning hours. Powerful audio systems for music reproduction are
common for most of floating river clubs, usually producing indoor equivalent sound levels in the range
90‒110 dBA. The high indoor sound levels are not sufficiently attenuated by their constructions which
are, as a rule, made of lightweight partitions (wood, gypsum boards, aluminium, tarpaulin, and similar).
Moreover, the average clubs’ construction is also characterised by very large windows and often
completely open segments, especially during summer. Consequently, sound generated inside the clubs
causes annoyance in the environment. Low‒frequency noise extends up to several kilometres away,
affecting some of the residential areas of the city.
Noise from floating river clubs has been characterised mainly by measuring indoor sound levels,
which is in accordance with the national regulations. Although this characterisation method has somehow
contributed to the noise control in the environment, it does not provide information about the sound
levels at receiver positions. In the recent years, a need to calculate the noise propagation from the clubs
in different scenarios has emerged due to development of new residential areas in their vicinity. In that
way, it is possible to predict noise levels at receiver positions as well as to suggest adequate noise
protection methods. In fact, the prediction of sound levels caused by the floating river clubs could be
done if their sound power levels were known. As mentioned earlier, sound power levels of a noise source
are the most critical input parameter in software tools for noise prediction.
Due to their specific location on the water, floating river clubs are not easily approachable. This
makes their outdoor characterisation more difficult and implies the use of vessels. Additional challenge
is the fact that the noise from floating river clubs does not consist of steady–state noise components,
which makes the characterisation with the actual music unreliable. Music usually varies between different
genres and between reproduction and live performances, making the characterisation even more
uncertain. Thus, a simple characterisation method is appreciated in order to characterise entertainment
noise from floating river clubs. In the next section, the most common characterisation methods,
ISO 3744 [9] and ISO 9614–1 [10], as well as Nordtest method [31] used in Nordic countries are
described and their applicability in case of floating river clubs is discussed.

2.2 Measurement Methods for Determination of Sound Power Levels
Assessment of impact of noise sources on the environment usually implies measurement of
sound pressure levels. However, sound pressure levels vary with measurement positions. In order to get
an objective assessment of the impact, it is necessary to determine sound power levels, which are
independent of the environment, distance or direction. Still, choosing a proper characterisation method
7

Figure 1. A cluster of floating river clubs along the Sava River in Belgrade, Serbia.

is not always an easy task. In general, several factors must be considered: type of noise, available
equipment, testing environment, noise codes, etc. [11]. Given the fact that characterisation of noise
sources is the first step in prediction of noise levels in the environment, its selection affects the accuracy
of the calculations on a large scale.
There are two ways to determine sound power of a noise source: through the measurement of
sound pressure [Pa] or sound intensity [W/m2]. On the one hand, determination of sound power through
the measurement of sound pressure is usually done for the purpose of certification measurements, which
are commonly done under specific environmental conditions (anechoic rooms or reverberation
chambers). On the other hand, measurement of sound intensity can be applied in the presence of other
noise sources since steady background noise does not influence the measured sound intensity. This kind
of approach often implies limited frequency range, time demanding measurement methods and
restrictions regarding the characteristics of the noise source.
In order to determine the sound power, the most common measurement methods are defined by
ISO standards. They include both sound pressure [9] and sound intensity [10] measurements. Regardless
of the chosen method, there are three different levels of accuracy:
•

Precision method – The precision method gives the most accurate results. The measurements
are performed in laboratory conditions with the most precise equipment available. While the
method provides the lowest uncertainty, it requires the most effort in order to perform
measurements.

•

Engineering method – The engineering method is the most common characterisation method
when it comes to noise analysis with the aim to suggest a protection method. It provides very
accurate results and considers both the environment and the source type. The measurements
can be performed in situ.

•

Survey method – The survey method gives the least accurate results but does not require the
most precise equipment. The results are used to compare characteristics of similar noise
sources but have limited usage in noise prediction.

The abovementioned ISO standards have limited applicability in terms of environment in which
measurements are implemented, type of noise they are intended for, the way in which the sound power
is presented., etc. Still, main disadvantages are large number of measurement positions at different heights
around the sound source and using a reference sound source in order to compensate for measurement

8

positions in the vicinity of reflective objects. Given the environment in which the floating river clubs are
usually found, those two disadvantages limit the application of the ISO standards in their characterisation.
Unlike ISO standards, Nordtest method [31] used in Nordic countries prescribes simplified
procedures for characterisation of noise sources. The method suggests less measurement positions as
well as well‒defined corrections in case when measurement positions are in the vicinity of reflecting
objects. Although the method specifies a source strength which is the part of source sound power (not
the sound power as in case of ISO standards), it is a part of the radiated noise which is relevant for the
calculation of sound pressure levels in the environment. This is very practical in case of the floating river
clubs, since they are usually located in the flat environment and the noise radiated upwards and under
large angles is not of general interest.
In the next three sections, ISO 3744, Nordtest (Sphere and Box) and ISO 9614‒1 characterisation
methods are presented in more details. The methods have been presented regarding implementation in
case of floating river clubs.
2.2.1 ISO 3744
The international ISO 3744 [9] standard specifies engineering methods (accuracy grade 2) for
determination of the sound power level of noise sources from sound pressure levels, for an essentially
free field over a reflecting plane. The method is suitable for all types of noise – steady, non–steady,
fluctuating, isolated bursts of sound energy, etc. Also, the method can be applied to all types and sizes of
noise sources. The sound pressure levels are measured on a surface enveloping the noise source (sphere,
box, cylinder, or combination of two surfaces). The sound power level can be then calculated directly
from measured sound pressure levels and areas of the surface. For general purposes, the frequency range
containing octave bands centred at 125 Hz – 8 000 Hz is employed. However, the frequency range can
be extended in case that the given noise source requires such modifications.
The first step in determining the sound power levels of noise sources is to define the reference box.
The reference box is the smallest right parallelepiped imaginary surface that encloses the source under
test. Here, parts protruding from the source, but not having an active role in noise emission, can be left
outside the reference box. The dimensions of the measurement surface are determined from the
characteristic source dimension d0. The characteristic dimensions and reference boxes in cases when the noise
source is located on one, two and three reflecting planes, are shown in Figure 2.
The second step in determining the sound power levels of noise sources is to choose an
appropriate measurement surface. The type of measurement surface is selected based on the shape and
size of the noise source. The general tendency is that all measurement positions are located at
approximately same distance from the noise source. Accordingly, there are four possible measurement
surfaces: the hemisphere (half‒hemisphere, quarter‒hemisphere), the right parallelepiped, the cylinder
(half‒cylinder, quarter‒cylinder) and a combination of any two previous segments. In this dissertation,
only ISO 3744 hemisphere measurement surface have been considered.
The hemisphere measurement surface has its origin at the position O and a measurement radius
r, which is at least twice the characteristic dimension d0. Distribution of microphone positions is shown
in Figure 3. The microphone positions are located at positions listed in Table 1. The method is used when
the purpose of the measurement is to determine the A‒weighted sound power level directly from
measurements of A‒weighted sound levels on a hemisphere.
Finally, the sound power level, 𝐿𝑊 , is calculated using equation:
LW = Lp + 10 log

S
dB
S0

(1)

where 𝑆 is the area of the measurement surface (m2), 𝑆0 is the reference area (1 m2), and 𝐿𝑝 is the surface
time–averaged sound pressure level defined as:
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O

O

(a) Reference box on one reflecting plane,

(b) Reference box on two reflecting planes,

𝑙1 2
𝑙2 2
𝑑0 = √( ) + ( ) + 𝑙3 2
2
2

𝑙2 2
𝑑0 = √𝑙1 2 + ( ) + 𝑙3 2
2

O

(c) Reference box on three reflecting planes,
𝑑0 = √𝑙1 2 + 𝑙2 2 + 𝑙3 2
Figure 2. Examples of characteristic dimensions (l1, l2 and l3) and reference boxes.

y

r

x

O

Measurement surface
Reference box

Figure 3. Distribution of measurement positions on a hemisphere measurement surface according to Annex F in
ISO 3744 [9]. Blue and orange circles represent measurement positions at two different heights, see Table 1.
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Table 1. Coordinates of microphone positions for hemisphere measurement surface.
Position number

x/ra

y/ra

z/r

z

1

𝒶

0

‒

1.5 m

2

0.707𝒶

‒0.707𝒶

‒

1.5 m

3

0

‒𝒶

‒

1.5 m

4

‒0.707𝒶

‒0.707𝒶

‒

1.5 m

5

‒𝒶

0

‒

1.5 m

6

‒0.707𝒶

0.707𝒶

‒

1.5 m

7

0

𝒶

‒

1.5 m

8

0.707𝒶

0.707𝒶

‒

1.5 m

9

0.65

‒0.27

0.71

‒

10

‒0.27

‒0.65

0.71

‒

11

‒0.65

0.27

0.71

‒

12

0.27

0.65

0.71

‒

a

The constant a depends on the measurement radius defined in Table 2.

Table 2. Values of the constant, 𝓪.
r [m]

𝒶

4

0.927

6

0.968

8

0.982

10

0.989

12

0.992

14

0.994

16

0.996

Lp = L′p(ST) − K1 − K 2

(2)

where 𝐿′𝑝(𝑆𝑇) is the mean time–averaged sound pressure level defined in (3), 𝐾1 is the background noise
correction defined in (4), and 𝐾2 is the environmental correction defined in (5).
The mean time–averaged sound pressure level is calculated according to:
NM

L′p(ST)

1
′
= 10 log [
∑ 100.1Lpi(ST) ] dB
NM

(3)

i=1

where 𝐿′𝑝𝑖(𝑆𝑇) is the frequency–band or A–weighted time–averaged sound pressure level measured at the
𝑖 th microphone position or 𝑖 th microphone traverse with the noise source under test in operation, in
decibels, and 𝑁𝑀 is the number of microphone positions.
The background noise correction, 𝐾1 , is calculated according to:
K1 = −10 log(1 − 10−0.1△Lp ) dB
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(4)

where △ Lp = L′p(ST) − Lp(B) in which 𝐿′𝑝(𝑆𝑇) is the mean frequency–band or A–weighted time–
averaged sound pressure level from the array of microphone positions over the measurement surface,
with the noise source under test in operation, in decibels, and 𝐿𝑝(𝐵) is the mean frequency–band or A–
weighted time–averaged sound pressure level of the background noise from the array of microphone
positions over the measurement surface, in decibels. Equation (5) is employed only if condition 6 dB ≤
△ 𝐿𝑝 ≤ 15 dB is fulfilled. If △ 𝐿𝑝 > 15 dB, K1 is assumed to be zero. If △ 𝐿𝑝 < 6 dB in at least one
one–third octave band, the accuracy is reduced and 𝐾1 to be applied is 1.3 dB.
The environmental correction, 𝐾2 , is is given by:
K 2 = L∗W − LW(RSS)

(5)

where 𝐿∗𝑊 is the environmentally uncorrected sound power level of the reference sound source, in
decibels, and 𝐿𝑊(𝑅𝑆𝑆) is the sound power level of the calibrated reference sound source under the
meteorological conditions of the test, in decibels.
2.2.1.1 Measurement Uncertainty
According to ISO 3374 [9], upper bound values of the standard deviations for most of the
applications are presented in Table 3. The values of the standard deviations are based on results obtained
from round robin tests [39,40] and refer to engineering method, e.g., accuracy grade 2.
Table 3. Standard deviations of measured sound power levels according to ISO 3374.
Frequency bandwidth

One–third octave

One–third octave mid–band

Standard deviation of

frequency

reproducibility

Hz

dB

100–160

3

200–315

2

400–5000

1.5

6300–10000

2.5

A–weighted per Annex E
a

1.5a

Applicable to noise sources which emit sound with a relatively “flat” spectrum in the frequency range 100–10000 Hz.

2.2.2 Nordtest Method
The Nordtest engineering method [31], part NT ACOU 080, defines procedures for measuring
sound pressure levels at defined positions around sound sources and calculating the source strength based
on the measured sound pressure levels. According to the method itself, the source strength is the defined
as part of the sound power level radiated between 0° and 20° above the horizontal plane, which is relevant
for the calculation of sound pressure levels at certain distances from the source. The sound radiated
vertically upwards is neglected. Measurements are performed in situ outdoors and data are primarily
intended for use as input in prediction methods. However, care must be taken to define acoustic centre
of the sound source, since it is regarded later as a point source in prediction models.
First, the reference box is determined from the size and the shape of the sound source, in a same
manner as described in the previous section. The reference box is imaginary parallelepipedal surface
enclosing all parts of the noise source under test that contribute to emission of sound energy. Afterwards,
the characteristic dimension d0 defined as half the diagonal of the box enveloping the reference box is
calculated (see Figure 2). Hereafter, one of the two measurement methods, Nordtest Sphere Method or
Nordtest Box Method (explained in more details in next sections), is chosen and the total source strength,
𝐿𝑤 , in each octave band is calculated according to:
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Lw = ̅̅̅
Lp + 10 ∙ log

S
[dB]
S0

(6)

where 𝑆 is the area of measurement surface, 𝑆0 is the reference area (1 m2), and ̅̅̅
𝐿𝑝 is defined as:
N

Lpi −Ki
1
̅̅̅
Lp = 10 ∙ log ( ∙ ∑ 10 10 )
N

(7)

i=1

where 𝑁 is the number of microphone positions, 𝐿𝑝𝑖 is the sound pressure level measured at microphone
position 𝑖, and 𝐾𝑖 is the environmental correction to be applied at microphone position 𝑖.
The source strength in (6) is calculated both as overall A–weighted value and octave band values
within the frequency range 63–8000 Hz. Octave bands centred at 31.5 Hz and 16 kHz are optional and
can be calculated in case when energy radiated by the source cannot be neglected in those bands. The
environmental correction 𝐾 in (7) is estimated based on theoretical and empirical considerations.
Following rules are applied (see Figure 4 for specific distances):
•

𝐾 is approx. 6 dB when b < 0.1λc ;

•

𝐾 is approx. 3 dB when λc < b < R ∕ 10;

•

𝐾 is approx. 0 when R′ > 2R;

•

When R ∕ 10 < b, b > λc and R′ < 2R, the value of 𝐾 is taken from Table 4.

Table 4. Environmental correction K due to a sound reflecting obstacle.
b/R [–]

< 0.10

0.1 – 0.3

0.3 – 0.5

> 0.5

K [dB]

3

2

1

0

Finally, the acoustic centre is determined, and data is used in prediction models. The acoustic
centre in the horizontal plane is usually defined as geometrical centre of the reference box, while the
acoustic centre in the vertical plane is defined either at a height of two thirds the height of the reference
box or as the position of dominating sound source (if such exists).

Figure 4. Specific distances to calculate the environmental correction 𝐾.
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2.2.2.1 Nordtest Sphere Method
The Nordtest Sphere Method defines microphone positions over part of a sphere which encloses
the sound source under test. In order to get as precise data at low frequencies as possible, sphere radius
must be quite large. Hence, the application of the sphere method is limited to favourable acoustic
environment. The term “favourable” refers to cases where it is possible to implement measurements at
distances from the source equal to at least twice the characteristic dimension of the source (R ≥ 2 ⋅ d0 ).
The key and additional measurement positions are shown in Figure 5, depending on the number of
reflecting planes the reference box terminates on. The centre of the measurement surface is the centre of
the reference box.

(a)

(b)

(c)
Figure 5. Spherical measurement surfaces and microphone positions around the reference box: (a) on one reflecting plane,
(b) at two reflecting planes, and (c) at three reflecting planes. Blue circles present key, while orange circles present additional
microphone positions.
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The key microphone positions are placed on a circular path at a height of 0.6 × R and a horizontal
distance from the sphere centre of 0.8 × R. The microphone height should be at least 1 m even if 0.6 ×R
< 1 m, and the microphone height is limited to 10 m in cases when 0.6 × R > 10m. There are 4 key
microphone positions. Key microphone position No. 1 is chosen as the position on the circular path at
which the highest value of the overall A–weighted sound pressure level occurs. In case of symmetry in a
horizontal plane, only one microphone position is needed. The rest of key positions are placed evenly
distributed on the circular path. In cases when the difference between any two values of the overall A–
weighted sound pressure level measured at the key microphone positions exceeds 6 dB, additional
microphone positions are required (see Figure 5).
The source strength is calculated according to (6). With this method, it is also possible to obtain
source–directional characteristics, △ 𝐿𝛷 :
△ LΦi = (Lpi − K i ) ∙ ̅̅̅
Lp + 3 ∙ n

(8)

where 𝐿𝑝𝑖 is the octave band sound pressure level at microphone position 𝑖 (after correction for
background noise), in dB, 𝐾𝑖 is the environmental correction in microphone position 𝑖, in dB, ̅̅̅
𝐿𝑝 is the
energy average sound pressure level in dB defined in (7), and 𝑛 = 0, 1, 2 when one, two or three reflecting
planes are present near the source, respectively.
2.2.2.2 Nordtest Box Method
The Nordtest Box Method defines microphone positions on the surface of the imaginary box
which encloses the sound source under test. The distance from the sound source can be quite small.
Hence, the application of the box method is applicable in “unfavourable” acoustic environment. The
term “unfavourable” refers to cases where background noise levels are high or in the presence of
reflecting object. With this method, it is not possible to obtain source–directional characteristics. The key
and additional measurement positions are shown in Figure 6, depending on number of reflecting planes
the reference box terminates on.
The distance between measurement surface and sides of the reference box 𝑎 must be larger than
0.15 m, but preferably as large as possible (distances larger than 1 m are recommended). According to
the method, small distance 𝑎 reduce the accuracy, especially at low frequencies. At the same time the
necessary number of microphone positions becomes large. If 𝑎 is shorter than half the smallest side
length of the reference box, extra microphone positions at the midpoint of each free edge of the
measurement surface are added. Following rules are applied:
•

The heights of the key microphone positions: h1 = (l3 + a)/2 and h2 = l3 + a;

•

The heights h1 and h2 should be at least 1 m and maximum 10 m;

•

If (l3 + a)/2 < 1 m, h1 is chosen in the interval 1 m ≤ h1 ≤ h2 ;

•

If l3 + a ≥ 10 m, h2 is chosen in the interval 1 m < h2 ≤ 10 m;

•

If (l3 + a)/2 > 10 m, 1 m < h1 ≤ 10 m

Additional microphone positions are required if the difference between the overall A–weighted
sound pressure levels measured at any two key microphone positions exceeds 6 dB and at the same time
the distance measured along the measurement surface between any two adjacent key microphone
positions exceed 2a (see Figure 6).
The total source strength, 𝐿𝑤 , in each octave band is calculated according to:
Lw = ̅̅̅
Lp − E + 10 ∙ log

S
[dB]
S0

where ̅̅̅
𝐿𝑝 , 𝑆 and 𝑆0 are same as in (6), and 𝐸 is correction due to near–field error defined in Table 5.
15

(9)

2.2.2.3 Measurement Uncertainty
Standard deviations of the Nordtest method [31] are presented in Table 6. According to the
Nordtest method, the standard deviations are based on measurements of sound strengths of broad band
industrial noise sources. One should bear in mind that the measurement uncertainty is expected to larger
if the noise contains pronounced discrete tones in on or more octave bands. Generally speaking, accurate
results are expected if a low background noise and a favourable environment combined with a large
measurement distance are provided.

(a)

(b)

(c)
Figure 6. Parallelepipedal measurement surfaces and microphone positions around the reference box: (a) on one reflecting
plane, (b) at two reflecting planes, and (c) at three reflecting planes. Blue circles present key, while orange triangles present
additional microphone positions.
Table 5. Correction, 𝐸, due to near–field error (𝑆 – area od measurement box surface [m2], 𝑆𝑟𝑒𝑓 – area of reference box
surface [m2]).
Sref ∕ S [dB]

E [dB]

0 < Sref ∕ S ≤ 0.4

0

0.4 < Sref ∕ S ≤ 0.7

1

0.7 < Sref ∕ S ≤ 0.9

2

0.9 < Sref ∕ S < 1

3

Table 6. Standard deviations of measured sound strength of broad band industrial sources according to Nordtest method.
Frequency [Hz]

63

125

250–500

1000–4000

8000

Total A–weighted

Standard deviation [dB]

4

3

2

1.5

3

2
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2.2.3 ISO 9614‒1
Unlike sound pressure–based measurement methods described in previous sections, ISO 9614–
1 [10] defines procedures for determination of sound power levels of a noise source from measurements
of sound intensity. As in case of sound pressure–based measurement methods, measurement of sound
intensity is done on a surface enclosing the source. The ISO 9614–1 is based on discrete–position
sampling of the intensity field. The main advantage of the measurement of sound intensity is that it can
be used in the presence of high levels of background noise generated by sources other than that under
investigation, since only a normal component of sound intensity is measured. Due to limitations of
measurement equipment, the measurements are usually restricted to one–third octave range 50–6300 Hz.
The normal sound intensity is measured on an initial measurement surface, which can be
parallelepiped, hemisphere, cylinder or hemi–cylinder. The measurements are made at minimum of one
position per square meter and at minimum of ten position distributed as uniformly as possible. If more
than fifty measurement positions are required, a reduction to one position per 2 m2 is allowed as long as
the total number of measurement positions is not less than fifty. The sound power level of the noise
source in each frequency band is calculated according to:
N

Lw = 10 ∙ log ∑
i=1

Pi
[dB]
P0

(10)

where 𝑃0 is the reference sound power (10–12 W), 𝑁 is the total number of measurements and segments,
and 𝑃𝑖 is the partial sound power for segment i calculated according to:
(11)

Pi = Ini ∙ Si

where 𝑆𝑖 is the area of segment 𝑖, and Ini = I0 ∙ 10XX∕10 is the signed magnitude of the normal sound
intensity component measured at position 𝑖 on the measurement surface. If the normal sound intensity
level 𝐿𝐼𝑛𝑖 for segment 𝑖 is expressed as XX dB, the value of 𝐼𝑛𝑖 is calculated from:
(12)

Ini = I0 ∙ 10XX∕10

If the normal sound intensity level 𝐿𝐼𝑛𝑖 for segment 𝑖 is expressed as (–)XX dB, the value of 𝐼𝑛𝑖 is
calculated from:
(13)

Ini = −I0 ∙ 10XX∕10
2.2.3.1 Measurement Uncertainty

Standard deviations of the ISO 9614–1 [10] are presented in Table 7. According to the ISO 9614–
1 method, the stated uncertainties account for random errors associated with the measurement
procedure, together with the maximum measurement bias error. Since there is no sufficient data below
50 Hz, but also bearing in mind limitations of measurement equipment, uncertainties are limited to one–
third octave bands 50–6300 Hz.
Table 7. Standard deviations of measured sound power levels according to ISO 9614–1.
One–third octave band centre frequencies

Standard deviations, s *
Engineering (grade 2)
[dB]

50–160

3

250–500

200–630

2

1000–4000

800–5000

1.5

6300

2.5

Octave band centre frequencies
63–125

The true value of the sound power level is to be expected with a certainty of 95 % in the range ±2s about the measured
value.
*
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2.3 Acoustic Scale Models
Acoustic scale models were first used in 1930s [41], but the main modelling principles have not
changed until today. The major improvements have been reflected mostly in testing equipment [42]
(e.g., miniature loudspeaker and other equipment working at ultrasound frequencies) and introduction of
digital signal processing [43]. Scale modelling has been used to investigate different acoustic phenomena,
such as phenomena in auditorium and architectural acoustics [44], traffic noise propagation [45], noise
propagation in factories [46] and urban areas [47], and many others. Recently, scale modelling techniques
were also used to assess the prehistoric acoustics (musical sounds and speech) of Stonehenge [48], among
other thigs.
The scaling technique is based on two fundamental equations:
Distance
(14)
= Frequency × Wavelength
Time
Since air is commonly used propagation medium in both full–size and scale models, the speed of
sound remains the same in both cases. Thus, distance and time are reduced by the scale factor in the
model, while the frequency is increased. This means that e.g., in a 1:10 scale model dimensions are
decreased, and frequency is increased by a factor of 10.
Speed of sound =

The main advantage of scale modelling is to be found in the fact that the majority of acoustic
phenomena in a scale model seem to be identical to phenomena in full–size models. However, certain
attention should be paid to material properties and absorption of the air. The former can be overcome
by careful selection of materials in the model which would match absorption characteristics of full–size
materials. In the case of acoustically hard surfaces, the properties of the material remain identical in both
scale models and full–size models. The latter could be eliminated by suitable choice of the scale factor,
making sure that air humidity is within certain limit [44].

2.4 Experimental Setup
2.4.1 Scale model experiment
The measured object was built of a solid wood and had parallelepiped shape with dimensions 0.6
× 0.55 × 0.3 m. It consisted of four 1" tweeters (two pairs) mounted in the centre of an acoustically hard
wooden base, with an angle between any two adjacent tweeters of approx. 45° (see Figure 7a). The first
pair consisted of two SB Acoustics SB26STAC–C000–4 tweeters that faced each other, while the second
pair consisted of two Peerless by Tymphany XT25TG30–04 tweeters aimed outwards. Since tweeters are
known to be very directional sound sources, this configuration was chosen in order to provide as uniform
sound dispersion in all directions as possible. Additionally, nine spherical shaped diffusers were mounted
on the ceiling in order to provide as diffuse sound field inside the object as possible, as well to further
support the uniform dispersion of sound energy radiated outwards.
According to specification sheets [49,50], both pairs of speakers had flat on axis frequency
response in the frequency range approx. 700 – 40000 Hz, providing sound levels of approx. 90 dB at 1 m
distance. In order to ensure safe operation of the speakers, two crossovers with crossover frequency of
500 Hz were designed and used with each pair of speakers. The crossovers were connected to the output
of a custom power amplifier, which had a flat frequency response up to 100 kHz. The amplifier was
connected to the output of Steinberg UR22 audio interface, which supported sampling frequencies of up
to 192 kHz. Microphone Brüel & Kjær type 4136, designed for high–frequency measurements, was used
for acquisition of sound pressure levels around the measured object.
The shape of the object was selected to match a typical shape of floating river clubs. Two parallel
side surfaces had openings with dimensions 0.1 × 0.1 m (windows), one side surface had opening with
dimensions 0.1 × 0.2 m (door), while the last side surface had no openings. The object was constructed
in a way so that ceiling and all side surfaces could disassemble, which allowed the characterisation of the
object in different scenarios:
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•

Scenario 1 (S1) – Speaker cluster in a free space at one reflective plane (Figure 7a),

•

Scenario 2 (S2) – Speaker cluster under reflective ceiling (Figure 7b), and

•

Scenario 3 (S3) – Speaker cluster in enclosed wooden box with openings (Figure 7c).

For each scenario, three measurement methods were applied: ISO 3744, Nordtest Sphere and Nordtest
Box. Application of the ISO 9614‒1 measurement method was not possible due to inability of the
intensity probe to cover the frequency range of interest. All measurements were performed in the open
yard of a summer cottage outside Belgrade, Serbia, with the closest reflecting object several meters away.
The acoustically hard wooden base with dimensions 2 × 2 m was used in order to support the
farthest measurement positions, which were located 1 m away from the centre of the measured object.
The flat wooden base played an important role in positioning the microphone at different measurement
positions. Distribution of measurement positions for different characterisation methods is presented in
Figure 8, together with corresponding heights.

(a)

(b)

(c)

(d)

Figure 7. Scale model of floating river club used in different scenarios: (a) S1– Speakers in a free–field, (b) S2 – Speakers
under reflective ceiling, (c) S3 – Speakers in enclosed wooden box with openings, and (d) Spherical shaped diffusers mounted
in the ceiling.

In case of Nordtest Sphere method, eight measurement positions at single height h = 0.6 m were
used (red circles in Figure 8), while Nordtest Box method encompassed sixteen measurement positions
at two heights, h1 = 0.2 m and h2 = 0.4 m (green circles in Figure 8). Therefore, each measurement
position marked in Figure 8 was used twice, for two different heights. It should be noticed that only
measurement positions 1–8 at h1 are marked in Figure 8. Measurement positions 9–16 at h2 can be
obtained by converting position 1 to 9, 2 to 10, etc. Finally, ISO 3744 method contained twelve
measurement positions at two different heights, eight measurement positions at h3 = 0.15 m (blue circles
in Figure 8) and four measurement positions at h4 = 0.71 m (orange circles in Figure 8). In other words,
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Nordtest Box (h1, h2)
Nordtest Sphere (h)
7
8

6

8
1

1

1

6

7

Windows

11

5

5

5

Door

9

2

3

2
2

ISO 3744 (h4)

6

12

8

2m

ISO 3744 (h3)

7

4
10

3

4
4

3

2m
Figure 8. Distribution of microphone positions around the scale model of floating river clubs for different characterisation
methods. Microphone heights varied between characterisation methods: Nordtest Sphere method (h = 0.6 m), Nordtest Box
method (h1 = 0.2 m, h2 = 0.4 m) and ISO 3744 (h3 = 0.15 m, h4 = 0.71 m).

both ISO 3744 and Nordtest Sphere methods contained different measurement positions on the
imaginary sphere with radius R = 1 m (see Section 2.2.1 and Section 2.2.2.1, respectively), while the
Nordtest Box contained measurement positions on the imaginary parallelepiped located at distance a =
0.1 m away from the object’s side surfaces (see Section 2.2.2.2).
In order to provide frequency range of interest (one–third octave bands with central frequencies
630 – 31500 Hz) as well as suitable signal–to–noise ratio, frequency band spectra power levels were
calculated from impulse responses recorded at different measurement positions. The measurements
employed logarithmic sine sweep excitation signals with length of 5.5 s. Each impulse response was
recorded by averaging three consecutive measurements. The sampling frequency of 192 kHz was used,
allowing calculation of frequency band spectral power levels up to the loudspeaker’s upper limit
(~40 kHz). The measuring platform EASERA (AFMG, Berlin, Germany) was used for both excitation
and data acquisition. The MATLAB (The MathWorks, Inc, Natick, Massachusetts, USA) computing
environment was employed for evaluation purposes. The excitation level as well as microphone sensitivity
were kept constant during all measurements. In that way, it was possible to make relative comparisons of
determined sound power levels for different scenarios and measurement methods.
2.4.2 Cottage with a Lightweight Façade
The measured object used in the experiment was a summer cottage with a structure equivalent to
most floating river clubs in Belgrade, Serbia (see Figure 9). Namely, the interior of the cottage consisted
of a single open–space area, with façade made of lightweight wooden boards in combination with doors,
single glass partitions and open areas. This led to a non–uniform radiation of sound from different façade
elements when noise source was operating inside the house, as in case of floating river clubs. The cottage
had dimensions 6 × 5.4 × 2.6 m which matched dimensions of the scale model presented in Section 2.4.1,
after rescaling them with the factor of 10. Additionally, the structure of the house was identical to scenario
S3 in the scale model (see Figure 7c). The house was built on the spacious flat surface which allowed for
easy implementation of different measurement methods, unlike the environment in which floating river
clubs are located.
The cottage was characterised by implementation of three sound pressure–based, ISO 3744 [9]
alternative hemispherical surface method , Nordtest Sphere and Nordtest Box methods [31], and one
sound intensity–based, ISO 9614–1 [10], measurement methods. Sound pressure–based measurements
were performed by using Norsonic Nor140 sound level meter with Nor1225 class 1 microphone. For sound
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Figure 9. Summer cottage made of lightweight wooden boards used in the experiment.

intensity–based measurements Brüel and Kjær PULSE system type 2270 with hand–held sound intensity
probe was used. A custom dodecahedron loudspeaker was used as a noise source in all measurements,
producing around 110 dBA indoors. The working range of the loudspeaker was limited to 100–3150 Hz.
Stationary pink noise with duration of 30 s was used as excitation signal. The loudspeaker was placed
approximately in the geometric centre of the house, at height 1.5 m above the floor. A window and
entrance door were left open during the measurements in order to match scenario S3 in the scale model
experiment, but also to resemble music performances on the floating river clubs. The measurement
positions’ distribution for all four measurement methods performed in this experiment are presented in
Figure 10.
For both ISO 3744 and Nordtest Sphere methods measurement positions on the imaginary
sphere with radius R = 10 m was used, but with different distribution. The ISO 3744 alternative
hemispherical surface method suggests twelve, while the Nordtest Sphere method suggests eight
measurement positions, as explained earlier (see Figure 8). The ISO 3744 method contained twelve
measurement positions at two different heights, eight measurement positions at h1 = 1.5 m (red circles
in Figure 10a), and four measurement positions at h2 = 7.1 m (blue circles in Figure 10a). For Nordtest
Sphere method, eight measurement positions at single height h = 6 m were used (see Figure 10b).
For the Nordtest Box method a parallelepiped with the distance of a = 1 m away from the house
was used as a measurement surface. Measurement positions were distributed at two heights, h1 = 1.8 m
and h2 = 3.6 m, as shown in Figure 10c. Total of 32 measurement positions were used. This
characterisation method is recommended method for sources situated in less favourable acoustic
environment, e.g., where the background noise level is high or in the presence of sound–reflecting
obstacles, as described in Section 2.2.2.2.
For the intensity–based measurement, each side of the object was divided into rectangular
elements with dimensions 1 × 1 m. Sound intensity measurements were performed in the centre of each
element, as shown in Figure 10d. Total of 84 measurement positions were used. First, sound power levels
of each individual side partitions were determined. Then the measurements were performed over the
roof area in the same manner. Finally, overall sound power level was determined by logarithmic average
of individual sound power levels for each partition.
2.4.3 The Case of Floating River Clubs
The Nordtest Sphere method was applied to two floating river clubs, hereinafter referred to as
‘Club 1’ and ‘Club 2’, by implementation of sound pressure level measurements with Norsonic Nor140
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(a)

(b)

(c)

(d)

Figure 10. Distribution and of measurement positions for different sound power measurements: (a) ISO 3744 alternative
hemispherical surface method, (b) Nordtest Sphere method, (c) Nordtest Box method, and (d) ISO 9614–1 sound intensity
method.

sound level meter and Nor1225 class 1 microphone. The sound pressure levels were measured at six
measurement positions around the clubs (blue circles in Figure 11 and Figure 13), at the distance of
approx. 30 m away from the closest outer surface. Three measurement positions were located at the bank
of the river, while the other three measurement positions were located on the river by help of a boat. The
distance between clubs and measurement positions was determined with a laser rangefinder. The
microphone was mounted at the adjustable rod, keeping the constant height of 10 m above the river
level. A pink noise excitation signal with the length of 30 s was generated from clubs’ audio systems at
every measurement position, producing approx. 110 dBA indoors. Due to proximity of surrounding
floating river clubs, measurements of sound pressure levels at two measurement positions between the
clubs (orange circles at Figure 11 and Figure 13), Club 1 and Club 2 and surrounding clubs, were not
performed. Instead, the sound pressure levels were calculated as logarithmic average of the sound
pressure levels measured at two closest measurement positions. All measurements were performed on
Sunday morning, which was the quietest period of the week. Although both floating clubs were located
in the vicinity to three bridges, the traffic over the bridges was low, producing background noise of
approx. 35 dBA. The temperature was 30–35 °C, with the wind speed approx. 2.5 m/s and relative
humidity 40–45 %.
Club 1 had a parallelopiped shape with dimensions approx. 25 × 15 × 5 m. Dance area was
concentrated in the part of the club towards the river, see Figure 11. Audio system consisted of eight
RCF ART 315 two–ways 15” speakers and six KV2 AUDIO VHD4.18 single 18” subwoofers, uniformly
distributed around the dance area. The club was built of a light wood and glass panels, with some
completely open segments during opening hours as well as during the measurements. The radius of the
imaginary sphere was approx. R = 42.5 m, assuming the position of acoustic centre in the middle of the
dance area. Appearance of the Club 1 with the surrounding is presented in Figure 12.
Club 2 had a parallelopiped shape with dimensions 20 × 30 × 9 m. Dance area was located at
the second floor of the club, at approx. 6 m above the river level, see Figure 13. Audio system consisted
of four custom designed three–way 15” speaker systems and four 18” subwoofers, with each
loudspeaker–subwoofer pair located in the corner of the dance area and aimed towards the centre. The
dance area was covered with a roof only partially, which made the audio system radiate sound energy in
a nearly free–field conditions. Since the height of the microphone was kept the same, 10 m above the
river level, this caused the microphone positions to be located approximately 4 m above the dance area.
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Figure 11. Illustration of the Club 1 located on the Sava river. Red area presents the entrance hall.

Figure 12. Photograph shows the boat with the measurement equipment in case of Club 1.

Therefore, the radius of the imaginary sphere was approx. R = 40 m, assuming the acoustic centre in the
middle of the dance area. Appearance of the Club 1 with the surrounding is presented in Figure 14.
In order to verify application of the Nordtest Sphere method to Club 1 and Club 2, sound
pressure levels were additionally measured at several control measurement positions in a far–field. The
far–field measurements were performed in the normal direction against the opposite bank, keeping the
same microphone height as in case of the Nordtest method i.e., 10 m above the river level. The measured
sound pressure levels in a far–field were then compared to those calculated according to:
̅̅̅
Lp = Lw − 20 ∙ log r − 8 dB [dB]

(15)

where 𝐿𝑤 is the sound strength level determined by implementation of the Nordtest method, 𝑟 is the
distance between measurement positions and acoustic centre of the clubs, while 8 dB correction is
applied to sound sources close to a flat surface (radiation of acoustical energy to half of a sphere). The
results are presented in the next section.
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Figure 13. Illustration of the Club 2 located on the Sava river. Red cubes present subwoofers, while black cubes present
three–way speaker systems.

Figure 14. Photograph shows the boat with the measurement equipment in case of Club 2.
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2.5 Experimental Result and Discussions
The measurement methods for sound power level determination, presented in Section 2.2, were
implemented in different scenarios. First, a scale model of a typical floating river club was built in order
to investigate possible differences in sound power levels when implementing different measurement
methods. The differences were further investigated in case of a cottage with a lightweight façade
equivalent to floating river clubs but located on the hard ground. In this way, practical difficulties related
to measurements in specific environment characteristic for floating river clubs were avoided. The purpose
of these investigations was to carry out a selection of an optimal sound power measurement method,
which would be in line with the existing standards, and can be further applied to the specific environment
of floating river clubs. Finally, the optimal measurement method was implemented in case of two floating
river clubs.
2.5.1 A Scale Model Experiment
Frequency band spectral power levels were calculated in one–third octave bands with central
frequencies 63–3150 Hz using (1) and (6). This frequency range corresponded to the frequency range
560–35500 Hz in the scale model experiment. The frequency range was chosen due to practical
limitations of measurement equipment. Results obtained for different scenarios (S1–S3) are presented in
Figure 15–Figure 17 along with standard deviations described in Section 2.2.1.1. Sound power levels
determined by implementation of the ISO 3744 method were used here as a reference. The choice of the
referent characterisation method was arbitrary, and the focus should be kept on relative differences
between different characterisation methods.
A good agreement between sound power levels obtained by implementation of different
characterisation methods in scenarios S1 and S2 was found. Most of the values presented in Figure 15
and Figure 16 lied within standard deviations of the ISO 3744 method, with few exceptions. The
ISO 3744 standard deviations were slightly exceeded at 400 Hz, 630 Hz, 800 Hz and 3150 Hz in case of
the Nordtest Sphere method, and at 630 Hz and 800 Hz in case of the Nordtest Box methods for scenario
S1. For scenario S2, the deviations were exceeded at 125 Hz, 630 Hz, 800 Hz, 2500 Hz and 3150 Hz in
case of the Nordtest method, as well as at 2500 Hz and 3150 Hz in case of the Nordtest Box method.
However, the exceedances were less than 1 dB in all cases except at 3150 Hz in S2, where exceedances
of about 1.7 dB were found for both the Nordtest Box and the Nordtest Sphere methods. Additionally,
relative differences in overall sound power levels for S1 between Nordtest methods and the ISO 3744
were only 0.5 dB and 0.7 dB for the Nordtest Box and the Nordtest Sphere method, respectively. For
S2, those differences were –0.2 dB and 0.2 dB for the Nordtest Box and the Nordtest Sphere method,
respectively.
Unlike first two scenarios, scenario S3 showed a different trend (see Figure 17). Namely, a good
agreement was obtained between the Nordtest Sphere and ISO 3744 methods. Here, all relative
differences between the methods lied within standard deviations of the ISO 3744 method. However,
relative differences between the Nordtest Box and the ISO 3744 methods diverged significantly after 315
Hz. This effect was even more pronounced at high frequencies starting from 1250 Hz. Still, a good
agreement at low frequencies below 200 Hz was found for all methods, where the Nordtest Sphere and
the Nordtest Box methods showed almost perfect match. While the overall levels for the Nordtest Sphere
and ISO 3744 methods were identical, the Nordtest Box method overestimated the overall sound power
level by 3.3 dB.
Three phenomena stood out from the presented results. First, a good agreement between all
characterisation methods, in all scenarios, was obtained at low frequencies below 250 Hz. This was
somehow unexpected in case of the Nordtest Box method, since the method itself cautions of reduced
accuracy at low frequencies due to distribution of measurement positions in a vicinity of measured
objects. Second, relative differences of sound power levels obtained in S2 suggested that all methods gave
satisfying results in the whole frequency range. The results indicated that the choice of a characterisation
method in case of floating river clubs with reflective roof and no side surfaces can be arbitrary. This
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Figure 15. Relative sound power level differences between Nordtest methods and ISO 3744 method for S1.

Figure 16. Relative sound power level differences between Nordtest methods and ISO 3744 method for S2.

Figure 17. Relative sound power level differences between Nordtest methods and ISO 3744 method for S3.
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indication was even applicable to S1. Finally, results obtained for S3, when both roof and side walls with
high insulation properties were combined with side openings (i.e., windows and doors), recommended
implementation of either ISO 3744 or Nordtest Sphere method. Implementation of the Nordtest Box
method in this scenario overestimated the sound power level, decreasing the accuracy with increasing
frequency from middle to high frequency range. In order to further investigate the overestimation of the
sound power level, frequency band spectral power levels at individual microphones for all characterisation
methods in S3 are presented in Figure 18–Figure 20.
The highest overall spectral power level at single microphone position in Figure 18– Figure 20
(mic. no. 1 in Figure 18) was normalized to 0 dB. All the other remaining overall spectral power levels
were normalized accordingly, in such a way so as to enable to make relative comparison between them.
The most noticeable feature of presented results was the shape of three curves in Figure 18, i.e., mic.
no. 1, mic. no. 3 and mic. no. 5. These three microphone positions exhibited significantly higher
frequency band spectral power levels in the high frequency region compared to other microphone
positions. Two microphone positions, mic. no. 1 and mic. no. 5, exhibited significantly higher frequency
band spectral power in the middle frequency range as well. This trend was noticed only in the case of the
Nordtest Box method. By analysing distribution of microphone positions in Figure 8, it was found that
these three microphone positions were located in front of side openings, i.e., two windows and the door.
However, the energy radiated through the openings seemed to be “smeared out” in both ISO 3744 and
Nordtest Sphere methods and thus the phenomenon was not captured. Different measurement positions
captured different radiation components, where directivity of the source played an important role.
Therefore, the overestimation of the sound power level in case of the Nordtest Box method in S3 was
most likely a consequence of near–field measurement positions.
Signal–to–noise ratio (SNR) for all three scenarios is investigated in Appendix A, where a range
of SNR values obtained at individual measurement positions as well as an average SNR for different
characterisation methods are presented. The SNR was found to be high, with average values higher than
30 dB for S1 and S2 and average values higher than 20 dB for S3. This was somehow expected, since
impulse response measurements with logarithmic sine sweep excitation are known for better SNR than
e.g., conventional measurements of sound pressure levels with pink noise excitation. Slightly lower SNR
values at frequencies above 1600 Hz in S3 can be explained by high insulation properties of the solid
wood used to build the model, in the given frequency range. The sound energy generated inside the object
was significantly attenuated by the side walls, and the energy was radiated mostly through the openings.
2.5.2 Cottage with a Lightweight Façade
The sound power level differences obtained by applying different characterisation methods to a
scale model of a typical floating river club, presented in the previous section, were further investigated in
case of the summer cottage outside Belgrade, Serbia. Nordtest [31] and ISO 3744 [9] methods used in
the scale model experiment were complemented with the ISO 9614‒1 [10] sound intensity measurement
in this case.
Sound levels were calculated in one–third octave bands with central frequencies 100–3150 Hz.
The frequency range was chosen due to practical limitations of the loudspeaker’s working range as well
as the intensity probe where 12 mm spacer between the two microphones was used. The results of sound
power levels obtained by implementation of different characterisation methods are presented in Figure
21, along with standard deviations of ISO 9614–1, described in Section 2.2.3.1. The diagram presents
relative differences between different characterisation methods where sound power levels determined by
implementation of ISO 9614–1 were used as a reference. The reasoning behind this was that sound
intensity measurements are least prone to impact of background noise and that the largest number of
measurement positions was used. However, the choice of the referent characterisation method can be
arbitrary, and the focus should be kept on relative differences between different characterisation methods.
Absolute sound power levels were not of interest here, since they strongly depend on the type of the
noise source operating indoors.
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Figure 18. Relative sound pressure levels at individual microphones for the Nordtest Box method (S3).

Figure 19. Relative sound pressure levels at individual microphones for the Nordtest Sphere method (S3).

Figure 20. Relative sound pressure levels at individual microphones for the ISO 3744 method (S3).

28

A good agreement between sound power levels obtained by implementation of ISO 9614–1 and
Nordtest Sphere was found. Most values of sound power levels obtained by implementation of Nordtest
Sphere presented in Figure 21 lied within or slightly exceeded standard deviations of ISO 9614–1. The
most noticeable exceedances occurred in the frequency range 250–500 Hz, with values between 0.7–
2.5 dB. In this frequency range, ISO 3744 exhibited slightly better matching with ISO 9614–1, where
relative differences in sound power levels were displayed around standard deviations of ISO 9614–1.
Additionally, a good agreement between ISO 3744 and ISO 9614–1 was obtained at frequencies below
250 Hz. However, compared to ISO 9614–1, ISO 3744 overestimated sound power levels at higher
frequencies, starting from 630 Hz and upwards. Relative differences in overall sound power levels
between Nordtest Sphere and ISO 9614–1 as well as between ISO 3744 and ISO 9614–1 were identical
and equal to 3.2 dB.
Unlike Nordtest Sphere and ISO 3744, Nordtest Box overestimated sound power levels obtained
by ISO 9614–1 at almost all frequencies. The deviations varied in the range 4.7–8 dB. The only exception
is 100 Hz, where sound power value obtained by Nordtest Box matched standard deviation of ISO 9614–
1. The overall sound power level obtained by Nordtest Box overestimated the sound power level obtained
by ISO 9614–1 by 6.4 dB.

Figure 21. Relative differences between sound power levels obtained by sound pressure–based measurements (ISO 3744 and
Nordtest methods) and ISO 9614–1 sound intensity measurement (taken as a reference).

The results presented in Figure 21 confirmed, for the most part, findings from scenario S3 in the
scale model experiment. On the one hand, Nordtest Box was found again to overestimate sound power
levels compared to Nordtest Sphere and ISO 3744. In this experiment, the overestimation of sound
power levels was further supported by comparison to ISO 9614–1. On the other hand, a good agreement
between Nordtest Sphere and ISO 3744 was found, where identical overall sound power levels were
obtained. The lowest sound power levels in case of ISO 9614–1 could be explained by the probe
orientation normal to the side walls. Consequently, contribution of sound energy radiated from other
directions was neglected.
In the scale model experiment, the roof and side partitions sound insulation was significantly
higher compared to the experiment with the cottage, given the insulation properties of the material used
to build the model and the frequency range of the excitation. However, in practice, materials with low
sound insulation properties are used and sound components transmitted through side partitions have a
greater contribution to sound levels outside the object, as in case of the cottage. In addition to this, the
ceiling sound insulation often has much better sound insulation properties than side partition.
Consequently, sound components radiated upwards are reflected towards side partitions and openings,
which further increase sound energy outside the object. This was confirmed by implementation of sound
intensity measurements above the roof, in the same manner as for side partitions. Obtained sound power
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level of the roof was approx. 10 dB lower compared to sound power levels of side partitions and the
overall sound power level of the object increased by 0.2 dB, making the contribution of the roof
negligible.
The differences of sound power levels demonstrated in Figure 17 and Figure 21 were a
consequence of applied measurement techniques. It is believed that the obtained differences occurred
due to specificity of the measured objects, primarily a non–homogeneity of its surface including some
completely open areas. Applied characterisation methods act differently to such specific noise radiation
where different distribution of measurement positions contributes differently to determination of sound
power levels. However, even under such circumstances, differences between Nordtest Sphere and
ISO 3744 lied mostly within standard deviations of ISO 3744.
2.5.3 Floating River Clubs
Results presented in Section 2.5.1 and Section 2.5.2 justified the implementation of Nordtest
Sphere in case of floating river clubs. The Nordtest method recommends a minimum number of
measurement positions compared to other methods, at the same time providing identical accuracy with
ISO 3744. Therefore, Nortest method has been applied to two different types of floating river clubs on
the Sava river in the central part of Belgrade, Serbia. The results of the characterisation have been further
investigated by measurements of sound pressure levels at control measurement positions in a far–field.
Sound strength levels were calculated in one–third octave bands with central frequencies 31.5–
3150 Hz. This frequency range was chosen to cover the specific noise from floating river clubs with
powerful audio systems. The standard frequency range 100–3150 Hz, often used in building acoustics,
was extended to account for low frequency noise from these objects. The results of sound strength levels
obtained by applying the Nordtest Sphere method to Club 1 and Club 2 are presented in Figure 22a and
Figure 22b, respectively. The diagram presents both A–weighted and C–weighted values. Background
noise correction was applied to all measurements.
The overall A–weighted and C–weighted sound strength levels for Club 1 were found to be
108 dBA and 121.7 dBC, respectively. For Club 2, the overall A–weighted and C–weighted sound
strength levels were found to be 114.8 dBA and 122 dBC, respectively. In both cases, the differences
between C–weighted and A–weighted sound strength levels indicate significant energy of the radiated
noise at low frequencies. Furthermore, the differences in sound strength levels between the clubs were
above all a consequence of different types and numbers of loudspeakers. Because of this and other
differences such as different constructions and dimensions, the clubs were analysed independently one
from another.
The sound strength levels were further used to calculate sound pressure levels at control positions
in a far–field. Namely, sound pressure levels were calculated by (15) and compared to those obtained
from far–field measurements. Unlike sound strength levels presented in Figure 22, calculated by averaging
sound pressure levels at all measurement positions around the clubs, the sound strength levels used to
calculate sound pressure levels at control measurement positions were calculated just from measurement
positions in the direction of the control measurement positions. Correspondingly, directional
characteristics of the clubs were taken into account. In this way, it was possible to validate the values
obtained by applying Nordtest Sphere and introduce necessary corrections. The results are presented in
Figure 23 for Club 1 and Club 2, respectively.
In case of the Club 1, a good agreement was found between measured and calculated sound
pressure levels starting from 80 Hz and upwards, at all measurement positions. Slightly larger differences
appeared in the middle frequency range 200–400 Hz, where calculated values of sound pressure levels
overestimated the measured ones. The differences varied between control measurement positions, but
they were most noticeable at distances d=80 m, d=185 m and d=215 m. At frequencies above 400 Hz,
the agreement was excellent at all frequencies and all distances except in the frequency range 2000–
3150 Hz at the distance d=215 m. In this frequency range, measured values of sound pressure levels
slightly overestimated calculated ones. Finally, the most noticeable feature of Figure 23 was higher values
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(a)

(b)
Figure 22. Sound strength levels obtained by implementation of the Nordtest Sphere method on: (a) Club 1, and (b) Club 2.

of measured sound pressure levels compared to calculated sound pressure levels at low frequencies below
80 Hz. Furthermore, differences between measured and calculated sound pressure levels expressed
general tendency to increase with the increment of a distance.
In case of the Club 2, a good agreement was found between measured and calculated sound
pressure levels starting from 125 Hz and upwards, at all measurement positions. Slightly larger differences
appeared in the frequency range 250–315 Hz at distance d=140 m, as well as in the frequency range 400–
500 Hz at distance d=175 m. As in case of the Club 1, a certain mismatch between measured and
calculated sound pressure levels was found at low frequencies. While a good agreement between the
measured and calculated sound pressure levels was found at low frequencies below 125 Hz at distance
d=175 m, except at 63 Hz, a mismatch was found at all frequencies below 125 Hz at distance d=140 m.
The values of sound pressure levels at control measurement positions in a far–field, presented in Figure
23 and Figure 24, were calculated under assumption that floating river clubs can be considered as point
noise sources, which is a very simple approximation of the complex noise sources such floating river
clubs are. Furthermore, all sound propagation phenomena such as sound refraction, air absorption,
influence of air humidity, etc., were not taken into account. Finally, the calculations of sound pressure
levels at control measurement positions were based on the sound strength levels calculated from
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(d)

(e)

(f)
Figure 23. Comparison of measured and calculated sound pressure levels at different control measurement positions in a far–
field for Club 1.
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(a)

(b)

(c)
Figure 24. Comparison of measured and calculated sound pressure levels at different control measurement positions in a far–
field for Club 2.
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measurement positions at height of 10 m above the river level i.e., under a specific radiation angle. Yet,
the angle of the radiated noise was different at control measurements positions, since the microphone
height was kept the same. All this might have had an influence on the differences between calculated and
measured sound pressure levels at control measurement positions. However, the simple calculation
model was chosen with intention to facilitate the calculation of noise from floating river clubs as much
as possible in order to easily implement it in the practice. Therefore, the differences were considered only
for those initial assumptions.
It is important to mention that sound pressure levels at far–field measurement positions for the
Club 2 were calculated for acoustic centre between two back loudspeaker–subwoofer pairs. The absence
of the roof excluded existence of a diffuse sound field, leading to directional radiation of back and front
loudspeaker–subwoofer pair and their different contribution to sound levels measured at far–field
measurement positions. The orientation of two front loudspeaker–subwoofer pairs, i.e., those closer to
the far–field measurement position, made their contribution at far–field measurement positions
negligible.
In order to make results presented in Figure 23 and Figure 24 more evident, relative differences
between measured and calculated sound pressure levels at control measurement positions in a far–field
are presented in Figure 25a–b for Club 1 and Club 2, respectively. The relative differences are presented
together with standard deviations of the Nordtest Sphere method, earlier explained in Section 2.2.2.3.
Despite all calculation simplifications described above and characteristic properties of the clubs described
in Section 2.4.3, the differences between measured and calculated sound pressure levels at control
measurement positions in a far–field lied mostly within or around standard deviations of the Nordtest
method for both clubs. However, two phenomena were visible: a slight mismatch between measured and
calculated sound pressure levels at middle frequencies and higher values of the measured sound pressure
levels at low frequencies. Slightly higher sound pressure levels at frequencies 2000–3150 Hz for distance
d=215 m in case of the Club 1 were probably obtained due to a background noise since the measurement
under the actual measurement. Still, the mismatch at high frequencies has not been found to be a trend
but rather an isolated case, therefore not requiring further discussion.
A mismatch between measured and calculated sound pressure levels at middle frequencies was
further investigated in terms of interferences between direct and water reflected sound at control
measurement positions. Namely, due to significantly higher density than air, water is considered as
acoustically reflective surface and can produce strong reflections. A phenomenon called ‘comb filter’
occurs when direct sound interferes with strong reflections, causing constructive and destructive
interference. On the one hand, destructive interference occurs at frequencies at which a path difference
between the direct and reflected sound equals an odd product of half of the wavelength. On the other
hand, constructive interference occurs at frequencies at which a path difference between the direct and
reflected sound equals an even product of half of the wavelength. For both the Club 1 and Club 2,
frequencies at which positive and negative interferences would be expected were calculated and compared
with differences presented in Figure 25. Nevertheless, no visible effect of comb filtering was found at
expected frequencies. A possible reason for this could be the fact that the large number of loudspeakers
produced multiple reflections which either shifted or masked the effect of comb filtering. Additionally,
sound pressure levels at control measurement positions were recorded in one–third octave band which
can further masks the effect of comb filtering, especially if comb filtering effect occurred in narrowband
frequency region. As explained earlier, a mismatch at middle frequencies could have occurred due to
different radiation angles between measurement positions under implementation of Nordtest Sphere and
measurements in a far–field. Additional reason could be different influence of openings on measurement
positions in the vicinity of the object and at larger distances.
Differences between measured and calculated sound pressure levels at low frequencies were even
more pronounced than differences at middle frequencies. Measurements showed approx. 10 dB higher
values compared to calculations in a wider frequency range. The differences were more noticeable in case
of the Club 1, where sound pressure levels were measured at more control measurement points compared
to case of the Club 2. In the former case, the differences were obtained in frequency range 31.5–63 Hz.
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(a)

(b)
Figure 25. Relative differences between measured and calculated sound pressure levels at different control measurement
positions in a free–field for (a) Club 1, and (b) Club 2.

In the latter case, the differences were obtained in the frequency range 50–100 Hz. The differences
expressed general tendency to increase with the increment of a distance in case of the Club 1. The same
trend was observed in case of Club 2 at 63 Hz, but the differences were contained in a narrower frequency
range in this case. Since possible endangered receivers will mostly be located at the opposite side of the
river, control measurement positions at larger distances should be used as a reference here.
Despite abovementioned frequency–dependant discrepancies between measured and calculated
sound pressure levels at control measurement positions, lower discrepancies between total soundpressure
levels were obtained. The absolute differences in total sound pressure levels lied in the range 0.5–2.1 dB
at all control measurement positions in case of the Club 1, while the differences in case of the Club 2 lied
in the range 0.1–1.9 dB.
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Chapter 3
Indoor Noise of Entertainment Premises
In the previous section, floating river clubs were introduced as an example of specific sources of
entertainment noise and characterisation of their outdoor noise was presented. The characterisation of
the outdoor noise is important when assessing their influence in an urban environment. However, in
order to account for transmission of the entertainment noise through building partitions into surrounding
objects and environment, a character of their indoor noise must be known. Also, there is a correlation
between the indoor and outdoor noise, i.e., one can be calculated from another if properties of building
partitions are known. For that reason, analysis of the indoor sound level spectra for different types of
entertainment premises, including floating river clubs, has been presented in this section. Additionally,
the sound level spectra have been used to rate airborne sound insulation of building elements with single–
number quantities and spectrum adaptation terms. The analysis has been based on the results of a
monitoring performed in typical representatives of those premises. The results presented in this section
have been published in [32].

3.1 Introductory Remarks
Frequency–dependent descriptors are used for rating the airborne sound insulation, which are
further converted into single–number quantities according to ISO 717–1 standard [19]. The single–
number quantities are followed with their spectrum adaptation terms, C and Ctr, calculated from two
different sound level spectra. The former describes noise sources inside the building (A–weighted pink
noise), while the latter describes traffic outside the building (A–weighted urban traffic noise). As stated
by the standard itself, spectra of the most common indoor and outdoor noise sources lie in the range
between those two spectra.
Single–number quantities and spectrum adaptation terms are calculated using one–third octave
bands within the range 100–3150 Hz. However, a wider frequency range 50–5000 Hz is often used to
account for noise sources capable of emitting low–frequency noise. It has been demonstrated [16,17] that
low–frequency noise is less tolerated and perceived as more annoying than other types of noise. Since
the low–frequency hearing threshold differs between individuals, an objective method which calculates
the average of the hearing thresholds included in standards and in the literature is suggested [51] in order
to assess the noise annoyance. Also, the low–frequency content is important for better correlation with
a subjective assessment of sound insulation [52]. Therefore, an enlarged frequency range is particularly
important when rating the sound insulation with respect to entertainment noise. Using a limited
frequency range or wrong reference spectrum could lead to inappropriate rating of sound insulation and
underestimation of possible protection methods.
Recently, a study [53] investigated that even reference spectra of modern home audio systems
with bass music exceed that of urban traffic noise. This is in sharp contrast with the classification
presented in the ISO 717–1 standard [19], namely, the standard suggests Ctr as a relevant spectrum
adaptation term when rating airborne sound insulation against disco music. It is, however, reasonable to
assume that many entertainment premises produce noise with strong bass content, the spectrum of which
might introduce higher sound levels at lower frequencies than those which had been suggested.
Additionally, the term “disco music” suggested by the ISO standard [19] is a more general term and
requires further classification regarding the type of premise where the noise is originating from.
In order to authentically reproduce recorded music at low frequencies, modern audio systems in
discotheques usually employ several subwoofers. Generally, subwoofers operate in the frequency region
between 20 and 200 Hz, but in audio systems they are adjusted to reproduce the sound below 100 Hz.
Also, there is a general tendency to enhance the listeners’ experience by setting the sound spectral level
in the low–frequency region higher than in other frequency regions. This logic is supported by the
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technical guidelines provided by Dolby laboratories [54], where a 10 dB higher subwoofer level than in
the rest of the frequency region is proposed.

3.2 Spectrum Adaptation Terms According to ISO 717–1
The international ISO 717–1 standard [19] defines single–number quantities for airborne sound
insulation in buildings and of building elements, take into consideration two typical sound level spectra
(noise sources inside a building and traffic outside a building) and gives rules for determining those
quantities from both laboratory and in situ measurements of sound insulation. To take the characteristics
of particular sound spectra into account, single–number values are presented together with spectrum
adaptation terms. Reference values for sound insulation to calculate single–number values and sound
level spectra to calculate the adaptation terms are presented in Table 8 below. The values of sound level
spectra presented in Table 8 are A–weighted and the overall spectrum level is normalized to 0 dB. They
are also given for enlarged frequency range, since those are valid for characterizing the acoustic property
of a building element against low–frequency noise. However, frequency range for which spectrum
adaptation terms are calculated can be easily adjusted, taking care that the overall spectrum for adjusted
frequency range is still normalized to 0 dB.
Table 8. Reference values for airborne sound insulation and sound level spectra to calculate the adaptation terms for enlarged
frequency range [19].
Spectrum No. 1

Spectrum No. 2

to calculate C

to calculate Ctr

dB

dB

50

–41

–25

63

–37

–23

80

–34

–21

Frequency

Reference values

Hz

dB

100

33

–30

–20

125

36

–27

–20

160

39

–24

–18

200

42

–22

–16

250

45

–20

–15

315

48

–18

–14

400

51

–16

–13

500

52

–14

–12

630

53

–13

–11

800

54

–12

–9

1000

55

–11

–8

1250

56

–10

–9

1600

56

–10

–10

2000

56

–10

–11

2500

56

–10

–13

3150

56

–10

–15

4000

–10

–16

5000

–10

–18
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First, frequency–dependant descriptors (such as R, R’, Dn, DnT, etc.) obtained from measurements
are compared to reference values presented in Table 8. The reference curve is shifted in increments of
1 dB towards the measured curve until the sum of unfavourable deviations i.e., when the result of
measurements is less than the reference value, is as large as possible but no more than 32 dB. Then the
single–number value presents the value, in decibels, of the reference curve at 500 Hz after shifting it in
accordance with previously described procedure.
Second, spectrum adaptation terms are calculated from values given in Table 8 from following
equations:
(16)

Cj = XAj − XW

where 𝑗 denotes the sound spectra (No. 1 or No. 2), 𝑋𝑊 denotes the single–number value, and 𝑋𝐴𝑗 is
calculated from:
XAj = −10 log ∑ 10(Lij−Xi )∕10 dB

(17)

in which 𝑖 denotes the subscript for the one–third–octave bands, 𝐿𝑖𝑗 are the levels given in Table 8, and
𝑋𝑖 denotes frequency–dependant descriptor at the measuring frequency 𝑖, given to one decimal place.
The resulting spectrum adaptation term is an integer, and it is written as C or Ctr, when calculated
with spectrum No. 1 and spectrum No. 2, respectively. Since spectrum adaptation terms can be calculated
for different frequency ranges, this should also be stated as a subscript (e.g., Ctr, 50–5000). To choose
appropriate spectrum adaptation term, Table 9 is used as a guideline to assess the sound insulation with
regard to different noise sources.
At the end, the calculated spectrum adaptation terms are presented together with the single–
number values. The common way of doing this is by using parentheses, as shown below:
Rw (C; Ctr) = 35 (0; –2)
Requirements in building codes are usually defined as the sum of single–number value and the
relevant spectrum adaptation term. One possible application of spectrum adaptation term C is when
calculating airborne sound insulation between apartments within the same building, while application of
spectrum adaptation term Ctr is when calculating airborne sound insulation of facades.
Table 9. Different types of noise source attached to the spectrum adaptation terms C and Ctr [19].
Type of noise source

Relevant spectrum adaptation term

Living activities (talking, music, radio, TV)
Children playing
Railway traffic at medium and high speed

C

Highway road traffic at >80 km/ha

(spectrum No. 1)

Jet aircraft, short distance
Factories emitting mainly medium– and high–frequency noise
Urban road traffic
Railway traffic at low speeds
Aircraft, propeller driven

Ctr

Jet aircraft, large distance

(spectrum No. 2)

Disco music
Factories emitting mainly low and medium frequency noise
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3.3 Experimental Setup
Noise monitoring was conducted in 17 entertainment premises located in Belgrade, Serbia and
Stockholm, Sweden. The majority of measurements have been performed in order to illustrate a case of
recorded music, while three of them were performed during live performances. The study was focused
on three main types of premises:
(1) Bars and pubs,
(2) Clubs, and
(3) Discotheques.
A total of five entertainment premises of type (1) and a total of six entertainment premises for
each of types (2) and (3) were monitored. This classification has been introduced for the purpose of this
study, and it is based solely on the type of dominant noise source in the entertainment premises. Bars
and pubs were selected in a way that they were part of a residential building, presenting a real–life scenario.
The music played from audio systems producing moderate background noise levels mixed with the noise
of patrons talking to each other was common for all bars and pubs [55]. It was the people, i.e., patrons’
conversations that presented a dominant source of noise in this type of entertainment premises. Contrary
to that, clubs and discotheques selected for this study produced significant music sound levels, while the
patrons’ noise contribution was negligible. The main difference between these two types of entertainment
premises was that discotheques had more complex audio systems with several independent subwoofers
producing significant sound levels at low frequencies. Namely, the audio system in discotheques was
configured for recorded music with pronounced low–frequency content. On the other hand, clubs had
audio systems configured for linear reproduction of music, which is usually employed in live
performances. So, while the focus in discotheques was on enhanced patron’s experience, the focus in
clubs was on the music reproduction accuracy.
Three measurements in clubs were performed during live performances, with two of them being
weddings. The music bands in the weddings used similar type of audio systems found in other
measurements performed in clubs. Two measurements in discotheques were performed on floating river
clubs which, as a rule, do not have walls but rather open side surfaces. Except for those two special cases,
all entertainment premises under study comprised heavyweight partitions.
The measurements were performed during busy hours, mostly on weekends, where sound levels
of produced music were expected to be significant. No attentional changes of produced sound levels
were perceived during the measurements. The measurements were performed in agreement with clubs’
owners, thus making sure that there was no fear of inspection among employees and hence no potential
reduction of sound levels.
For monitoring purposes, a Norsonic Nor140 sound level meter with a Nor1225 class 1
omnidirectional microphone (Norsonic AS, Tranby, Norway) was used. The integrated averaged sound
pressure level, Leq, was recorded in a 1 h period with time resolution of 1 s. The microphone positions
were carefully chosen in the areas with patrons in which the quality of the reproduced music had been
tuned by sound engineers, in case of clubs and discotheques. The distance of the microphone in reference
to loudspeakers of the audio system varied between venues but was never closer than 3 m. The
microphone was set at the height of 1.2–1.5 m.
In order to investigate the influence of different sound spectra on spectrum adaptation terms,
these terms were calculated for four different types of building elements (BE) together with the single–
number quantities. The BEs used in the study were the following:
(1) Heavy partition (BE 1) – Concrete panel with thickness of 200 mm and surface mass of 468
kg/m2,
(2) Light partition (BE 2) – 2 × 12.5 mm gypsum board, acoustic steel studs (stud spacing 450 mm),
mineral wool (60 kg/m3) with thickness of 95 mm, 2 × 12.5 mm gypsum board,
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(3) Heavy and light partition combined (BE 3) – Concrete panel with thickness of 200 mm, acoustic
steel studs (stud spacing 450 mm), mineral wool (60 kg/m3) with thickness of 95 mm, 2 ×12.5
mm gypsum board, and
(4) Cinema partition (BE 4) – 3 × 15mm gypsum board, 100 mm glass wool, 210 mm air gap,
100mm glass wool, 3 × 15mm gypsum board.
Sound reduction indices, Rw, were calculated in the standardised frequency range 100 – 3150 Hz,
while Rw indices, presented together with spectrum adaptation terms, were calculated for the extended
frequency range 50–5000 Hz.

3.4 Experimental Results and Discussions
Sound level spectra of recorded indoor entertainment signals were calculated for the extended
frequency range, i.e., in one–third octave bands with central frequencies 50–5000 Hz. The spectra were
A–weighted and normalized to 0 dB, as described in the ISO 717–1 standard [19]. The recorded sound
level spectra were compared with two reference spectra, for noise sources inside the building (Spectrum
No. 1) and traffic outside the building (Spectrum No. 2), also defined by the same standard. The results
are shown in Figure 26.

Figure 26. Sound level spectra of different entertainment premises to calculate spectrum adaptation terms. Spectra are A–
weighted and normalized to 0 dB. [32]

The results presented in Figure 26 show diversity among recorded sound spectra. Most of the
recorded spectra are located around two standardised sound spectra, Spectrum No. 1 and Spectrum
No. 2, with few of them displaying large deviations at lower frequencies below 160 Hz. As a special case,
the measurements “Discotheque 4” and “Discotheque 5” were performed on floating river clubs with
no wall partitions. The absence of wall partitions in this case might have influenced the indoor sound
field; however, pronounced low–frequency content still prevailed. All other measurements were
performed in enclosed premises in accordance with descriptions given in Section 3.3. Additionally, the
measurements “Club 1,” “Club 5,” and “Club 6” were performed during live performances of music
bands.
In order to better understand diversity of recorded signals, sound spectra were averaged for
different types of entertainment premises included in the study. The results are shown in Figure 27. An
average sound level spectrum for bars and pubs corresponded to the reference spectrum for noise sources
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Figure 27. Average sound level spectra for different types of entertainment premises. Spectra are weighted and normalized
to 0 dB. [32]

inside the building up to one–third octave band with the central frequency of 1600 Hz, see Figure 27a.
This has been expected to a certain extent since human speech was the dominant source of noise in this
type of entertainment premises. The peak at 630 Hz supported this statement. No sources of low–
frequency noise, such as subwoofers, were found in any of the bars and pubs included in the study. On
the other hand, an average sound level spectrum for clubs corresponded to the reference spectrum for
urban traffic, see Figure 27b. This result supported the recommendation of the ISO 717–1 standard [19]
for disco music. The term disco music, suggested by the standard, is rather general and could lead to a
misinterpretation in terms of reference sound level spectra if different types of entertainment premises
were considered. The same type of low–frequency music could be reproduced in different types of
entertainment premises, but it is mainly an audio system that will determine the shape of noise level
spectra. Even though the same type of music was reproduced in some clubs and discotheques used in
the study, results indicated strong differences at low frequencies. Therefore, the average sound level
spectrum for discotheques followed the sound level spectrum for urban traffic noise starting from a one–
third octave band with the central frequency of 160 Hz, but there were strong deviations in lower one–
third octave bands, see Figure 27c.
The average sound level spectrum for discotheques shown in Figure 27c can be explained by a
characteristic detail: a pronounced peak in the frequency region around 80 Hz. This made a noticeable
difference when compared to the other spectra. The shape of a peak was recognized as a typical frequency
response of a subwoofer used in audio systems [54]. Based on those facts as well as measurement results
shown in Figure 27c, a new sound level spectrum for discotheques has been proposed and shown in
Figure 28. Its shape was a combination of two sound level spectra. In the case of the above 125 Hz level,
the average spectrum measured in discotheques was approximated by the standardised sound level
spectrum for urban traffic noise proposed by ISO 717–1 [19]. The only difference between the modified
spectrum shown in Figure 28 and the standardised level spectrum above 125 Hz was in the frequency
range 500–2000 Hz, where the modified spectrum exhibited a flat tendency. In the frequency range below
125 Hz, a pronounced peak in the modified spectrum was shaped according to the proposed
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Figure 28. Proposed sound level spectrum for discotheques. Spectrum is A–weighted and normalized to 0 dB. [32]

characteristics of a subwoofer loudspeaker in audio systems, as presented in the Dolby manual [54]. Thus,
an approximate 10 dB higher spectral level of subwoofer reproduction has been proposed relative to the
spectral level of higher frequencies. At the same time, care was taken that the overall sound level of the
modified spectra was still normalized to 0 dB, as in the case of two standardised spectra. The values of
the proposed spectrum are presented in Table 10.
In Table 11, the results of the influence of different sound level spectra on spectrum adaptation
terms for four partitions specified in Section 3.3 are presented. The results shown in Table 11 indicated
the possible miscalculation of single–number quantities if the wrong sound level spectra were used. The
influence of the calculated spectrum adaptation terms on the sound reduction index Rw was significant.
Differences between Rw values calculated for spectrum adaptation term Ctr suggested by the ISO 717–1
standard [19] and Csub calculated from average sound level spectrum presented in Figure 28 varied 4–
11 dB between different BEs.
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Table 10. Sound level spectrum to calculate the spectrum adaptation terms Csub. Spectrum is A–weighted, normalized to 0 dB
and presented in enlarged frequency range. [32]
Frequency

Spectrum to calculate Csub

Hz

dB

50

–18

63

–12

80

–9

100

–12

125

–18

160

–18

200

–16

250

–15

315

–14

400

–13

500

–12

630

–12

800

–12

1000

–12

1250

–12

1600

–12

2000

–12

2500

–13

3150

–15

4000

–16

5000

–18

Table 11. Comparison of single–number quantities with different spectrum adaptation terms. Values are presented in dB. [32]
Partition

Rw

C50–5000

Ctr, 50–5000

Csub, 50–5000 *

Rw + Csub, 50–5000 *

BE 1

59

–1

–6

–10

49

BE 2

57

–11

–24

–35

22

BE 3

71

–4

–17

–26

45

BE 4

77

–4

–17

–26

51

*

Spectrum adaptation term Csub was calculated by using proposed sound level spectrum for discotheques shown in Figure 28.
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Chapter 4
Outdoor Noise of Moored Ships
In this section, characterisation of noise from moored ships, as another source of low‒frequency
noise, has been investigated. The characterisation has been performed by help of the NEPTUNES
measurement protocol [56], which combines near‒field and far‒field measurements to fully characterise
the noise from moored ships. The NEPTUNES protocol has been explained and applied to four moored
ships in the area of Stockholm, Sweden. The results of the characterisation have been discussed from the
aspect of the low–frequency noise produced by funnel outlets of the auxiliary engines, as the most
dominant low–frequency noise source on a ship. Finally, a need for corrections in the low–frequency
range when applying near‒field measurements has been pointed out.

4.1 Introductory Remarks
In the recent years, expansion of marine traffic, development of residential areas and increased
interest of people to live around ports have led to concerns of authorities regarding airborne noise
emissions from ships and their determination to take actions. In some cases, arrival terminals lie in central
parts of cities and present a challenge when it comes to low–frequency noise annoyance in residential
areas around the ports, especially if there has been a need for an increased number of ships. In order to
investigate the influence of increased marine traffic on surrounding in different scenarios, a consistent
characterisation method between ports is needed.
The measurement methods to determine sound power level of a noise source [9,10,31], described
in Section 2.2, are rather general and can be applied to different types of noise sources, and so in the case
of moored ships. However, these methods can be applied merely to common noise sources on board
(e.g., ventilation inlets/outlets, containers, etc.), while an additional measurement method for
characterisation of funnel outlets [57], as the most dominant low–frequency noise sources, is also
required. Besides measurements on board, the low–frequency nature of funnel outlets entails additional
measurement positions in a far–field, from which a correction to near–field measurements can be applied.
In order to standardise characterisation of moored ships, the international project NEPTUNES
(Noise Exploration Program to Understand Noise Emitted by Moored ships) [56] has been initiated by
eleven ports in Northwest Europe, Australia and Canada. A new measurement protocol, which refers to
different types of ships, has been developed. Recently, noise labels were proposed based on
measurements of 29 moored ships by following the NEPTUNES measurement protocol [58]. The noise
labels give ports opportunity to define port fees and implement appropriate measures in residential areas
around the ports.

4.2 Neptunes Measurement Procedure
The NEPTUNES measurement protocol [58] establishes a uniform and worldwide applicable
measurement procedures to implement noise measurements on individual ships. In this way, it is possible
to perform noise measurements in a same manner and compare results obtained from different ports and
by different persons. More specifically, the measurements are performed as a combination of sound
emission measurements on board of the ships i.e., near–filed measurements, and at certain distances from
the ships i.e., far–field measurements. The following ship types are particularly interesting in
measurements:
(a) Container ships,
(b) Cruise ships,
(c) Tankers,
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(d) RoRo / RoPax,
(e) Bulk carriers, and
(f) General cargo / service vessel.
In general, individual noise sources that can be found on board of the ships are diverse. Some
noise sources exist at all ship types, while others exist only at certain ship types. The most common noise
sources to be measured are:
(1) The funnel outlet of the auxiliary engines,
(2) The opening of engine room ventilation inlet and outlet,
(3) The opening of the cargo holds ventilation and air conditionings inlet and outlet,
(4) The opening of the ventilation and air condition of passenger rooms,
(5) Cooled containers / reefers,
(6) Pumps on deck, and
(7) Water pumps on deck.
It should be noted, however, that measurements of sound radiation from the ship’s hull, water falling
from the ship into the sea and cars driving over a ramp are optional and based on the subjective
assessment.
Basically, all moored ships are equipped with at least one main and two auxiliary engines. On the
one hand, main engines are used to drive ships and mostly used in the course of docking and sailing out.
On the other hand, auxiliary engines are used to run electrical consumers on board (e.g., pumps, air
conditioners, etc.) when ships are moored. While almost all individual noise sources described above can
be characterised by using some of the measurement methods already described in Section 2.2, funnel
outlets of auxiliary engines present the most dominant low–frequency noise source on a ship and require
a special approach which is described below.
4.2.1 Characterisation of the Funnel Outlet in a Near–Field
The measurement of sound power levels of funnel outlets is implemented according to
DIN 45635–47 [57]. As presented in Figure 29, sound pressure levels are measured at two measurement
positions, M1 and M2. The measurement positions can be distributed arbitrarily in the horizontal
direction since directivity is expected to be same in that direction. The distance from the wall of funnel
outlets is 1 m. If possible, additional measurements at greater distances from the funnel outlet (e.g., 5–
10 m) are performed and compared to that at the distance of 1 m. Surface areas 𝑆1 (hemisphere above
the horizontal plane of the funnel outlet) and 𝑆2 (hemisphere below the horizontal plane of the funnel
outlet), shown in Figure 29, are calculated according to:
S1 = 2 ∙ π ∙ rs 2

(18)

S2 = 2 ∙ π ∙ rS ∙ √rs 2 − rk 2

(19)

and

with rS = r0 + 1m, 70° ≤ 𝓋1 ≤ 80°, and 100° ≤ 𝓋2 ≤ 110°.
The sound power level of funnel outlets is calculated separately for measurement surfaces 𝑆1 and
𝑆2 according to:
LWA = LAeq − K + 10 ∙ log
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S
dBA
S0

(20)

where 𝐿𝐴𝑒𝑞 is the A–weighted equivalent continuous sound pressure level averaged over the
measurement surface area S (m2), 𝑆0 is the reference surface of 1 m2, and 𝐾 is the correction factor for
background noise.
Then, the total sound power level of the funnel outlet is:

M1
M2

Figure 29. Measurement positions for determination of sound power levels of funnel outlets.
LWA,1
10

LWA,funnel = 10 ∙ log (10

LWA,2
10 )

+ 10

dBA

(21)

where 𝐿𝑊𝐴,1 and 𝐿𝑊𝐴,2 are the sound power levels calculated for two measurement positions from Figure
29, M1 and M2, according to (18), (19) and (20).
4.2.2 Measurements in a Far–Field
The measurement of sound pressure level at a certain distance from the ship serve to assess the
overall sound emission of the ship. Additionally, they indicate the presence of the low–frequency
components which are not detected from the measurements on board. It is possible to introduce
necessary corrections in the sound power level calculations by means of comparing two measurements.
These corrections are mostly expected when calculating sound power levels of funnel outlets, as the most
dominant low–frequency noise source.
The measurements at a certain distance from the ship should be performed at three measurement
positions:
MP1 – Sideways from the funnel outlet,
MP2 – In the middle of the ship bow and the centre of the ship, and
MP3 – Sideways from the stern or behind the stern of the ship.
Different positions for MP2 and MP3 should be chosen in case when funnel outlet lies within
less than 10 m to MP2 and MP3. All positions should be chosen in a way that there is a clear line of sight
between microphone and funnel outlets. The placement of the measurement positions is illustrated in
Figure 30 below. The height of the measurement positions should be at least hm = 6 m above the quay
ground. Also, the measurement position MP1 is chosen in a way that the angle (α) between the direct
distance to the funnel outlet (dc ) and the horizontal distance (dh ) lies in a range 5° ≤ α ≤ 20°. The
measurement duration at each measurement position should be longer than 2 min.
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(a)

(b)
Figure 30. Measurement positions at a certain distance from the ship: (a) Placement of the measurement positions at
horizontal distance dh. (b) Relative position of position MP1 to the funnel outlet in operation.

4.3 Emission Measurement Methods
The sound emission measurements were applied to four moored ships by following the
NEPTUNES measurement protocol [56], described in the previous section. The measurements took
place in ports around and in the city area of Stockholm, Sweden. Technical specifications of the ships
included in the study are presented in Table 12.
Table 12. Technical specifications of the ships characterised by the NEPTUNES measurement protocol [56].

Name

Type

Number of
auxiliary
motors

Active
auxiliary
motors
when
moored

Power of
moored
ship

Width

Length

[m]

[m]

Capacity

[kW]

Ship 1

RoRo/RoPax

3

2

650

30.5

219

192

Ship 2

RoRo/RoPax

3

1

770

26.6

161

1300

Ship 3

RoRo

2

1

230

22.7

139

12

Ship 4

Cruise ship

4

2

9400

51.7

325

3963
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Near–field and far–field measurements of sound pressure levels were performed during ships’
normal operational conditions when they were moored i.e., with only auxiliary engines in operation. First,
the near–field measurements were used to calculate sound power levels of funnel outlets according to
(18), (19) and (20). Then, the near–field sound power levels were used to calculate sound pressure levels
at measurement positions in a far–field. This was performed by employing the SoundPLAN noise
software [6], together with the ISO 9613–2 [59] calculation method. In the calculation model, funnel
outlet was considered a point source radiating acoustical energy in all direction i.e., full sphere radiation.
The calculations were performed with three reflections. Terrain between ships and far–field measurement
positions was considered acoustically reflective. Terrain data was obtained from a service for laser terrain
mapping. Finally, the calculated sound pressure levels in a far–field were compared to measured sound
pressure levels at the same measurement positions.
The near–field measurements were performed at distances approx. 1–2 m from the funnel outlets,
except in case of Ship 4 where distance of approximately 15–20 m was used. The reason for this is the
fact that the funnel outlet in case of Ship 4 was an outlet cluster with dimensions of approx. 18 × 15
× 15 m, compared to single outlets in case of other ships. The far–field measurements were performed
at distances 65–380 m from the ships, depending on their position and terrain configuration. The distance
between the far–field measurement positions and ships was determined with a laser rangefinder.
Whenever it was possible, the far–field measurement positions were chosen in such way so that a
contribution of other noise sources was minimised i.e., performing measurements on the side of ships
where no or very few other noise sources had been detected. The height of a microphone during far–
field measurements was 6 m above the ground, as recommended by the NEPTUNES measurement
protocol [56]. Although there were other noise sources operating on board, the most dominant low–
frequency and, in most cases, mid–frequency noise source was assessed to be funnel outlet of the auxiliary
engine.
In case of Ship 1, two measurements positions, MP1 and MP3, were chosen at distances
approximately 120 m from the ship, just on the opposite sides of the ship. Both measurement positions
were located at hM=6 m, while the funnel outlet was located at approx. hC=37 m. In case of Ship 2, two
measurement positions, MP1 and MP2, were chosen at distances approx. 110 m and 135 m from the
ship, respectively. Both measurement positions were located on the same side of the ship. Position MP1
was located at hM=11 m, while MP2 was located on a hill at hM=25 m. The funnel outlet was located at
approx. hC=50 m. In case of Ship 3, two measurement positions, MP1 and MP2, were chosen on the
same side of the ship at distances approx. 65 m from the ship. Position MP1 was chosen sideways from
the funnel outlet at hM=11 m. Position MP2 was chosen sideways of the bow at hM=13 m. The funnel
outlet was located at approx. hC=26 m. In case of Ship 4, two measurement positions, MP1 and MP2,
were chosen on the same side of the ship at distances 380 m and 330 m from the ship, respectively. Same
height hM=6 m was used for both measurement positions.

4.4 Experimental Results and Discussions
The measured and calculated sound pressure levels at measurement positions in a far–field are
presented in Figure 31–34. The sound pressure levels were calculated for each ship in two scenarios: with
only funnel outlet in operation, and with funnel outlet and other noise sources in operation. In this way,
it was possible to investigate the influence of other noise sources on sound pressure levels at
measurement positions in a far–field. Sound power levels of all noise sources for individual ships, which
contributed to sound pressure levels at measurement positions in a far–field, are presented in
Appendix B.
In three cases, funnel outlets emitted a pronounced low–frequency noise from a single outlet
(Figure 31–34), where three characteristic regions were observed. First, the low–frequency region 25‒
40 Hz, where measured sound pressure levels exhibited greater values compared to calculated. Second, a
generally good agreement between measured and calculated sound pressure levels was obtained in the
frequency range approximately 50–1000 Hz, 50–400 Hz and 50–800 Hz for Ship 1, Ship 2 and Ship 3,
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(a) Measurement position MP1

(b) Measurement position MP3

Figure 31. Comparison of measured and calculated sound pressure level in far–field obtained at different measurement positions for ship 1.

(c) Measurement position MP1

(d) Measurement position MP2

Figure 32. Comparison of measured and calculated sound pressure level in far–field obtained at different measurement positions for ship 2.
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(a) Measurement position MP1

(b) Measurement position MP2

Figure 33. Comparison of measured and calculated sound pressure level in far–field obtained at different measurement positions for ship 3.

(c) Measurement position MP1

(d) Measurement position MP2

Figure 34. Comparison of measured and calculated sound pressure level in far–field obtained at different measurement positions for ship 4.
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respectively. Finally, a large disagreement between measured and calculated sound pressure levels was
obtained in the higher range in all three cases, when only funnel outlets were used for calculation of the
sound pressure levels in a far–field. When all noise sources on a ship were included in the calculations,
the agreement between measured and calculated sound pressure levels was significantly improved. In the
last case presented in Figure 34, funnel outlet emitted a broadband noise from an outlet cluster rather
than a single outlet. For this reason, this has been considered as isolated case compared to other three
cases.
Relative differences of measured and calculated sound pressure levels at measurement positions
in a far–field are presented in Figure 35 so as to make results in Figure 31–34 more evident. Furthermore,
the results presented in Figure 35 showed that most near–field measurements in case of Ship 1, Ship 2
and Ship 3 underestimated sound power levels of the ships by 4–14 dB in the frequency range 25–40 Hz.
The differences were obtained in case when sound pressure levels at measurement positions in a far–field
were calculated with all noise sources in operation. A possible explanation for this lies in the fact that in
the region very close to funnel outlet the sound field is uncertain, and the funnel outlet cannot be
considered a point source at such close distances. With the aim of considering funnel outlet a point
source, measurements should be carried out at distances several wavelengths away. In case of low–
frequency noise produced by funnel outlets the distance become larger than 7 m for frequencies below
50 Hz. This distance is significantly larger than the distance recommended by the NEPTUNES
measurement protocol. In the frequency range approximately 50–1000 Hz, 50–400 Hz and 50–800 Hz
for Ship 1, Ship 2 and Ship 3, respectively, a good agreement was obtained in all three cases with few
exceptions. The exceptions were most noticeable in case of Ship 3, where deviations between measured
and calculated sound pressure levels at measurement points in a far–field were most likely a consequence
of inability to perform near–field measurements at positions M1 and M2 (see Figure 29) due to safety
reasons. Namely, the funnel outlet in this case was aimed at an angle of 90° (not upwards as in all other
cases) and the near–field measurement was performed opposite to direction of the noise radiation (at an
angle of 180°), where the exit to the roof was located. Therefore, sound pressure levels in a far–field were
measured for different radiation angles. In this case, the directivity of the funnel outlet in the observed
frequency range might have played a significant role. Finally, a good agreement between measured and
calculated sound pressure levels in a far–field at higher frequencies was obtained for most measurement
points when all noise sources were included in the calculations. Here, other activities in the ports (e.g.,
other ships, transportation vehicles, human activities etc.) might have interfered with far–field
measurements and led to deviations obtained at MP3 in Figure 35a as well as MP1 in Figure 35c. Higher
values of measured sound pressure levels than calculated goes in favour of that.
In the fourth case, presented in Figure 34 and Figure 35d, a good agreement between measured
and calculated sound pressure levels was obtained in the whole frequency range. Here, a size of the funnel
outlet was large, and the position of acoustical centre was unclear. Therefore, a near–field characterisation
was performed at distance approximately 20 m away from the funnel outlet. It is important to mention
that the near–field characterisation was performed in the direction of the bow, not sideways towards
measurement positions in a far–field. Moreover, far–field characterisation was performed at distances
330 m and 380 m from the ship, which is significantly larger compared to other three ships. Additionally,
the far–field measurement positions were located in a very quiet area, far away from other potential noise
sources. As a result, a good agreement between far–field and near–field sound pressure levels was
obtained in the whole frequency range and hence no need for introducing any corrections.
The results presented in Figure 31–34 showed the importance of the measurement position in a
far–field and indicated a need to introduce a low–frequency correction in the near–field measurements.
This is also in agreement with results obtained in Section 2.5.3. Selection of measurement positions in a
far–field affects the values of low–frequency corrections and should be done carefully. In addition to
measurement positions in a far–field, one or more control points can be used to monitor the operation
of ships during their characterisation. In that case, a change in operation conditions can be detected and
necessary corrections can be applied. The NEPTUNES measurement protocol is the first and important
step for further analyses of noise from moored ships i.e., for calculation of their noise in different
scenarios as well as for taking measures.
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(a) Ship 1

(b) Ship 2

(c) Ship 3

(d) Ship 4

Figure 35. Relative differences between measured and calculated sound pressure levels in far–field obtained for different ships and measurement positions.
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Part II
Protection Methods
The second part of this dissertation starts with an overview of acoustic properties of noise barriers
(Section 5.1), followed by key measurement standards and their principles: in situ (Section 5.2) and
laboratory (Section 5.3) measurement methods. Noise barrier are the most common protection method
in urban environments against noise from road traffic, railway traffic, industry, etc., and therefore
investigated in this dissertation. Then, the measurement methods are applied to two different types of
noise barriers – a conventional sound absorbing barrier and a prototype of sound absorbing sonic crystal
(Section 5.4). The research of sonic crystals as noise barriers has emerged in the literature during the last
two decades and therefore investigated in this dissertation as protection method in case of noise from
specific noise sources. Finally, the results are presented as both frequency–dependant and single–number
values of sound insulation and sound reflection (Section 5.5).
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Chapter 5
Acoustic Properties of Noise Barrier
5.1 Introductory Remarks
The most common type of noise barriers is screen‒type (i.e., conventional) noise barrier. This type of
noise barriers is built as a continuous and rigid flat wall made of materials such as concrete, steel, wood,
methacrylate, etc. The acoustic performance of such noise barriers is mostly dependant on its shape [60],
height [61] and density [62]. A drawback of this type of noise barriers is the fact that foundation costs
significantly increase with increment of barrier height. Another disadvantage is high resistance to air and
water flow, together with loss of sunlight and visual dominance [63]. Additionally, barrier panels are
connected by using posts, which are often responsible for leakage and therefore cause a drop in acoustic
performance of the barrier [30]. Finally, they must be very weight and tall in order to be efficient against
the low–frequency noise. In order to improve sound insulation and absorption properties of conventional
noise barriers at low frequencies, resonant elements are used [64].
As an alternative to conventional noise barriers, a special type of noise barriers called sonic crystal
(SC), has been investigated in the last two decades. This type of noise barriers consists of sound scatterers
periodically arranged in a lattice. Their most important characteristic is ability to prevent sound
propagation in certain frequency bands, called band gaps. This is possible due to a mechanism called Bragg
scattering, which is the destructive interference between the sound reflected from different scatterers in
the lattice. Experimental characterisation of acoustic band gaps was first investigated in 1995 within a
kinematic sculpture made by Eusebio Sempere, which is exhibited at the Juan March Foundation in
Madrid [65]. A few years later, the results were confirmed in a laboratory environment [66,67], where the
existence of complete and partial band gaps was associated with the lattice symmetry and its filling
fraction. Afterwards, wider and frequency–tuneable band gaps were shown to be feasible by changing
the spatial arrangement and the mechanical properties of scatterers [68,69].
Compared to conventional noise barriers, SCs do not necessarily need foundations since they
show almost no resistance to air and water flow. However, a word of caution regarding this property is
warranted. When the velocity of air is above a certain cut–off, the generated flow noise can quench the
band gaps [70]. SCs are also lighter compared to traditional noise barriers and have great aesthetic
potential. Additionally, there are no posts in case of SCs and thus no weaknesses in their acoustic
properties in that sense. Nevertheless, there are very few practical implementations of SCs outside
laboratory environments [71,72], mostly because of fabrication costs. However, the costs could be
substantially reduced through mass production.
Experimental data show that a periodic arrangement of metallic cylinders in air provides sound
attenuation of up to 25 dB [66,71–75], which could compete with traditional noise barriers. At band gap
frequencies, simultaneous low transmittance and high reflectance are expected due to Bragg scattering.
Unfortunately, the band gaps produced by SCs made of rigid cylinders are confined to a relatively narrow
band of frequencies. Outside the band gaps, attenuation is very poor, making the use of SCs infeasible
against broadband noise. Hence, additional physical mechanisms should be involved in order to achieve
broadband attenuation. In that sense, the use of absorbing material covering the scatterers and local
resonant phenomena have been recently proposed [75–82]. In this way, it is possible to obtain barriers
whose frequency–dependent attenuation is more uniform and, in some cases, to enhance their overall
performance.
There are numerous different ways to characterise noise barriers, especially when it comes to SCs.
In most of the investigated research, this was done by implementing different non–standardised
measurement techniques. One possible way of characterisation is presented in [65,71], where finite size
barrier samples are characterised in anechoic chambers. However, the transmitted component was not
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isolated in these examples since diffraction components over the barrier’s top edge and around its sides
were included. This means that the measured attenuation values should be considered as indicative rather
than precise. This could have been avoided if a time–windowing technique was used. This approach was
employed in [80], but under reverberant field conditions. A time window length of 6 ms was used, which
was not enough to exclude diffraction over the top of 1 m long barrier sample. Also, one of the most
common way to characterise noise barriers is to employ traditional ISO 140–3 [83] and ISO 354 [84]
laboratory measurements. These two versions are recently replaced with their supplemented versions
relevant for noise barriers, 1793‒2 [85] and EN 1793‒1 [86], respectively. Although widely used to define
specification of noise barriers, these methods are implemented under diffuse field conditions which
contrasts with directional sound field under which noise barriers are usually exposed. Additionally, some
researchers [87–89] claimed that the sound absorption coefficient measured in a reverberation room
could be strongly affected by the sample size.
Apart from characterisation methods presented above, a research project name Adrienne (1995‒
1997) [90] was funded by the European Commission to develop a new test method for measuring intrinsic
properties of noise reducing devices in situ. During the 3‒years project, research team managed to
produce innovative techniques to test airborne sound insulation and sound reflection of noise barriers,
but also to reduce the lowest reliable frequency from 400 Hz to 200 Hz. After this, verification of the
methods was performed [30,91] and a first version of European standard was released [92]. This very
first version included methods for determining both in situ airborne sound insulation and sound reflection
properties of noise barriers. More recently, QUIESST research project (2009‒2012) [93] provided
examples of best practices and recommendations on these in situ methods. Finally, the test method for
determining in situ values of airborne sound insulation, EN 1793‒6 [29], and the test method for
determining in situ values of sound reflection, EN 1793‒5 [28], were issued as independent European
standards. By applying an appropriate windowing technique, EN 1793–6 [29] accounts for transmitted
components only, while dismissing diffracted and sound reflected components from the ground and
other objects located nearby. Similarly, the windowing technique in the case of EN 1793–5 [28] excludes
components other than those reflected from the barrier itself.
The above‒mentioned in situ measurement methods have many advantages over traditional
EN 1793‒1 [26] and 1793‒2 [27] laboratory measurements. As mentioned before, the laboratory
measurements have been developed for testing building elements and require measurements to be done
inside specially designed rooms under diffuse sound field conditions. In contrary, in situ measurements
are mostly performed in front of noise barriers and use directional sound field. The latter is expected to
be more realistic since noise barriers are rarely installed in diffuse field conditions. An exception are semi–
or fully closed spaces such as tunnels [94]. Although results obtained by implementation of laboratory
and in situ measurement techniques are not directly comparable, some correlation between them was
discovered [30,95,96]. In general, laboratory measurements exhibit lower sound insulation and higher
sound absorption values compared to in situ measurements.
The in situ methods have thoroughly been tested with traditional noise barriers [30,91,96–101],
while their applicability in the case of SCs is still uncertain. Recently, Morandi at al. [33] characterised an
SC noise barrier made of polyvinyl chloride (PVC) rods with a lattice constant of 0.2 m, by implementing
standardised EN 1793–5 [28] and EN 1793–6 [29] methods. They showed that the values of the sound
insulation index (SI) and the reflection index (RI) strongly depend on the measurement configuration,
attaining maximum values of about 24 dB for SI and around 1 (on the decimal scale) for RI in the Bragg
band gap. While the EN 1793–6 [29] method allows calculation of the intrinsic airborne sound insulation,
the method itself restricted the applicability to SCs with no more than three rows of cylinders in the
lattice. This is due to inability of the temporal window to include all reflections with a significant spectral
content. For sound reflection measurements, correlation between the number of rows and the measured
data was found to be poor, according to [33, Fig. 7]. Another example of implementation of in situ
methods on SCs is investigated in [102]. In this case, a real–sized SC sample with three rows of SC
elements made of six concentric resonant PVC pipes was characterised in an anechoic chamber according
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to EN 1793–6 [29]. It was shown that by including resonant elements, instead of solid cylinders, an
overall performance of the SC barrier was improved. However, it should be noted that sample size of 2
× 1 × 0.5 m allowed for diffraction around its sides, although a time–windowing technique was employed.
This part of dissertation is organized as follows. First, a description of in situ methods employed
to characterise two noise barriers, a conventional and a SC noise barrier, has been presented in
Section 5.2. Laboratory methods used to obtain acoustic properties of the conventional noise barrier,
which are later compared with those obtained by the in situ methods, have been described Section 5.3.
Then, a comprehensive report on the experimental results for these two types of noise barriers has been
presented in Section 5.5. Although results of a sound reflection measurement for the conventional noise
barrier presented in Section 5.5.1.2 had previously been investigated in [103], measurement results
presented in this work have been obtained for different barrier element. Additionally, results presented
here have been used to complement sound insulation measurements presented in Section 5.5.1.1. The
main results of this part of dissertation have been presented in Section 5.5.2, where results of
characterisation of a sonic crystal barrier have been described. These results, together with detailed
theoretical analysis, have been published in [34].

5.2 Measurement Methods
5.2.1 In Situ Measurement Methods
European standards EN 1793‒6 [29] and EN 1793‒5 [28] specify measurement methods for
in situ assessment of sound insulation and reflection performance, respectively, of road traffic noise‒
reducing devices. The methods are used to check intrinsic characteristics of airborne sound insulation
and sound reflection of noise‒reducing devices to be installed along roads and those already in place.
They are also applied to examine barrier design specifications, verifying long‒term barrier performance,
and facilitating interactive designing of new products. Such measurements are widely accepted as a
common way of noise‒reducing device characterisation. One of the advantages of the in situ methods
over traditional laboratory measurements, EN 1793‒1 [26] and EN 1793‒2 [27], is that they can be
undertaken in the presence of traffic background noise. This is possible by using deterministic excitation
signals in combination with impulse‒response measurement techniques. Also, in situ measurements
assume a directional sound field compared to a diffuse field in the case of laboratory measurements, since
the former is more realistic. Thus, the results are comparable but not identical [30,95,96].
In situ methods use the same principles and equipment for both sound insulation and reflection
measurements. The main principles of the methods are explained in more details below, in connection
with the actual SC barrier sample whose characterisation results are presented in Section 5.4.2. However,
the principles are identical for the conventional barrier sample presented in Section 5.4.1.
5.2.1.1 In Situ measurements of Airborne Sound Insulation of Noise Barriers
Two impulse‒response measurements are the basis of the in situ insulation method. The first is
performed in a free‒field without a noise barrier and the second with a noise barrier (see Figure 36). Both
measurements are carried out keeping the same loudspeaker‒to‒receiver distance, calculated by summing
the loudspeaker‒to‒barrier (dS) and barrier‒to‒receiver (dM) distances with the thickness of the noise
barrier (tB). Both loudspeaker‒to‒barrier and barrier‒to‒receiver distances are defined by the method
itself and the values are 1 m and 0.25 m, respectively. The receiver consists of a 3 × 3 microphone grid
(M1–M9), with any two adjacent microphones spaced 0.4 m apart.
When performing a measurement in the presence of a noise barrier, the sound emitted by the
sound source is partly reflected, partly absorbed, partly transmitted, and partly diffracted by the barrier
itself. To calculate the intrinsic characteristic of the barrier, all sound components, except those directly
transmitted through the barrier, are discarded. This refers to both diffracted and ground‒reflected sound
waves (see Figure 36b). It is achieved by applying a specially designed temporal window called the Adrienne
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Figure 36. Illustration of experimental setup for implementation of standardised EN 1793‒6 [29] measurement method at
the microphone position M5: (a) without a noise barrier; (b) in the presence of a noise barrier.

temporal window. Finally, the energies of the time windowed impulse responses are calculated and
compared to those from the free‒field measurement. The measured data are averaged over all nine
microphones and a specific quantity called the sound insulation index (SI) is evaluated from:
2

n
∫∆f |F[ht,k (t) ∙ wt,k (t)]| df
1
j
SIj (dB) =‒ 10 ∙ log { ∑
}
2
n
(t)
(t)]|
∙w
df
∫ |F[h
k=1 ∆fj

i,k

(22)

i,k

where ℎ𝑖,𝑘 (𝑡) is the free‒field impulse‒response at the k‒th microphone position, ℎ𝑡,𝑘 (𝑡) is the impulse‒
response at the k‒th microphone position with the barrier in between, 𝑤𝑖,𝑘 (𝑡) and 𝑤𝑡,𝑘 (𝑡) are the time
windows (Adrienne temporal windows) for the free‒field and the transmitted components, respectively,
at the k‒th microphone position, and 𝐹 denotes the Fourier transform. Finally, index j denotes the j‒th
one‒third octave frequency band with bandwidth ∆𝑓𝑗 and the integer n (n = 9) defines the number of
microphone positions.
Adrienne temporal window consists of a leading edge having a left‒half Blackman‒Harris shape
with a fixed length of 0.5 ms, a flat portion and a trailing edge having a right‒half Blackman‒Harris shape
(see Figure 37). The lengths of the flat portion and the right‒half Blackman‒Harris portion should have a
ratio of 7:3. The position where the flat portion of the Adrienne temporal window begins is called the
marker position (MP). Adrienne temporal window is placed so as its MP begins 0.2 ms before the direct
component peak of the measured impulse response. This is done for each single microphone in the
microphone grid. Changing the microphone position, MP is placed at slightly different time instants.
The size of the barrier affects the width of the Adrienne temporal window as well as the lowest
reliable frequency fMIN at which the barrier can be characterised. On the first hand, this stems from the
fact that the low‒frequency limit of the EN 1793‒6 [29] in situ insulation method is inversely proportional
to the width of the Adrienne temporal window. As an indication of the low‒frequency limit, the first notch
in the magnitude spectrum of the Adrienne window is used [96]. On the other hand, the width of the
Adrienne window depends on the temporal delay between direct sound and diffracted/ground reflected
sound. The size of the barrier will affect the temporal delay and, thus, the width of the Adrienne window
and low‒frequency limit fMIN. The larger barrier sample, the lower fMIN, hence the wider frequency range
of SI is investigated. The influence of the size of the barrier is well explained in [104]. To calculate the
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Figure 37. Adrienne temporal window with length of 7.9 ms, with marker position MP.

width of the Adrienne temporal window, the lowest latencies between the diffracted and ground‒reflected
sound need to be determined relative to the transmitted sound, for all individual microphone positions.
To simplify the calculation of the width of the Adrienne temporal window, it is assumed in this dissertation
that all sound components at three individual microphones in the same row of the microphone grid
arrived at the same time.
Single‒number ratings are calculated in addition to the frequency‒dependent SI indices defined in
(22). The single‒number ratings are defined by EN 1793‒6 [29] standard and present a standard way of
rating the performance of noise barriers. They were introduced because there was a need to categorise
the airborne sound insulation performance of noise barriers. In that way, formulation of acoustic
requirements in noise barrier specification was simplified. In general, three single‒number values are
derived: One for acoustic elements, one for posts, and a global rating. A post is defined here as a pillar
holding two adjacent acoustic elements together. The single‒number rating for barrier elements DLSI,E,
in decibels, is defined as:
0,1Li
∑18
∙ 10‒0,1SIE,i
i=m 10
DLSI,E =‒ 10 ∙ log [
]
0,1Li
∑18
i=m 10

(23)

where 𝑆𝐼𝐸,𝑖 is the sound insulation index measured in the ith one‒third octave band, m = 4 is the number
of the lowest reliable one‒third octave frequency band, and 𝐿𝑖 is the value of the normalized traffic noise
spectrum, defined in EN 1793‒3 [105], in the ith one‒third octave band.
In the same manner, the single‒number ratings across posts DLSI,P, in decibels, is defined as:
0,1Li
∑18
∙ 10‒0,1SIP,i
i=m 10
DLSI,P =‒ 10 ∙ log [
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where 𝑆𝐼𝑃,𝑖 is the sound insulation index measured in the ith one‒third octave band, m = 4 is the number
of the lowest reliable one‒third octave frequency band, and 𝐿𝑖 is the value of the normalized traffic noise
spectrum, defined in EN 1793‒3 [105], in the ith one‒third octave band.
To calculate the global single‒number rating for a barrier sample DLSI,G, a logarithmic average
between single‒number ratings for the barrier element and the post is calculated according to:
10‒0,1DLSI,E + 10‒0,1DLSI,P
DLSI,G =‒ 10 ∙ log [
]
2

(25)

where 𝐷𝐿𝑆𝐼,𝐸 is the single‒number rating for barrier elements and 𝐷𝐿𝑆𝐼,𝑃 is the single‒number rating for
posts.
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In addition to single‒number ratings, it is a common practice to categorise the airborne sound
insulation performance of a noise barrier. This is done by using categories defined by the EN 1793‒6
[29] standard, as listed in Table 13 below. The purpose of categories is further simplification of rating the
performance of noise barriers, besides single‒number ratings. It is often used in tender documentation,
having an important market role in many projects where noise barriers are needed as a protection method.
Table 13. Categories of airborne sound insulation according to [29].
Category

Single‒number rating [dB]

D0

Not determined

D1

<16

D2

16 to 27

D3

28 to 36

D4

>36

5.2.1.2 In Situ measurements of Sound Reflection of Noise Barriers
The measurement of sound reflection is also based on two impulse‒response measurements, but
for different configurations (see Figure 38). Namely, both loudspeaker and microphone grid are placed
on the same side of the sample being tested (tB), at distances dS = 1.5 m and dM = 0.25 m from the sample,
respectively. The windowing technique in this case is applied in a similar manner as described in
Section 5.2.1, but unlike the SI measurement, only the ground‒reflected sound wave is discarded
(see Figure 38b). By comparing the energies of the reflected component of the impulse response taken
in front of the sample and the incident component of the free‒field impulse responses this method
defines a specific quantity called the reflection index (RI):
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where ℎ𝑖,𝑘 (𝑡) is the incident reference component of the free‒field impulse response at the 𝑘‒th
measurement position, ℎ𝑟,𝑘 (𝑡) is the reflected component of the impulse response taken in front of the
sample at the 𝑘‒th measurement position, 𝑤𝑖,𝑘 (𝑡) and 𝑤𝑟,𝑘 (𝑡) are the time windows (Adrienne temporal
windows) for the free‒field and the reflected components, respectively, at the 𝑘‒th microphone position,
𝐹 denotes the Fourier transform, 𝑗 is the index of the 𝑗‒th one‒third octave frequency band, nj is the number
of microphone positions on which to average (nj ≥ 6), and ∆𝑓𝑗 is the width of the 𝑗‒th one‒third octave
band frequency band. For the 𝑘‒th microphone position, 𝐶𝑔𝑒𝑜,𝑘 is the correction factor for geometrical
divergence and 𝐶𝑑𝑖𝑟,𝑘 is the correction factor for sound source directivity. Finally, 𝐶𝑔𝑎𝑖𝑛,𝑘 is the
correction factor to account for any change in the amplification settings of the loudspeaker and the
sensitivity settings of the individual microphones, when the measurement configuration is changed from
free‒field to in front of the sample or vice versa, with frequency range ∆𝑓𝑔 expressed in one‒third octave
frequency bands between 500 Hz and 2 kHz.
The signal subtraction technique [100] is applied to separate a reflected component on each
microphone of the grid. The technique disregards direct sound waves from both the free‒field and the
measurement with the barrier. It is also important to point out that the RI index is a quantity different
from the sound absorption coefficient obtained by the laboratory method EN 1793‒1 [26]. However,
these two quantities can be converted into each other, taking the complement to one. Even though the
two methods imply different sound fields (directional field in the in situ and diffuse field in the laboratory
method), there is a certain correlation between them, as described in [30,95,96].
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Figure 38. Illustration of experimental setup for implementation of standardised EN 1793‒5 [28] measurement method at
the microphone position M5: (a) without a noise barrier; (b) in the presence of a noise barrier.

As in the case of the sound insulation measurement, a single‒number rating DLRI is delivered in
addition to the frequency‒dependent RI indices presented in (26) to indicate the performance of the
product. The individual sound reflection indices are weighted according to the normalized traffic noise
spectrum defined in EN 1793‒3 [105]. The higher single‒number rating, the higher reflective properties
of the barrier. The single‒number rating of sound reflection DLRI, in decibels, is defined as:
0,1Li
∑18
i=m RIi ∙ 10
DLRI =‒ 10 ∙ log [
]
0,1Li
∑18
i=m 10

(27)

where 𝑅𝐼𝑖 is the sound reflection index measured in the ith one‒third octave band, 𝑚 is the number of
the lowest reliable one‒third octave frequency band, and 𝐿𝑖 is the value of the normalized traffic noise
spectrum, defined in EN 1793‒3 [105], in the ith one‒third octave band.
5.2.1.3 Calculation of Signal‒To‒Noise Ratio
According to EN 1793‒6 [29] and EN 1793‒5 [28], the effective signal‒to‒noise ratio (SNR)
should be greater than 10 dB over the frequency range of measurements. The calculation of the effective
SNR is needed to ensure that SI and RI measurements are not influenced by the background noise. This
is mainly important in cases when measurements are implemented in the presence of the existing traffic
noise.
One possible way to calculate SNR is proposed in [100], where SNR is calculated according to
formula:
2
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where ℎ𝑘 (𝑡) is the measured impulse‒response at the k‒th microphone position, 𝑤𝑠𝑖𝑔𝑛𝑎𝑙,𝑘(𝑡) is the
Adrienne temporal window used for evaluation of the “signal” segment of the impulse response (identical
to that used for evaluation of SI), 𝑤𝑛𝑜𝑖𝑠𝑒,𝑘(𝑡) is the Adrienne temporal window used for evaluation of the
“noise” segment of the impulse response (placed between 0 ms and 3.5 ms), 𝐹 denotes the Fourier
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transform, while index j denotes the j‒th one‒third octave frequency band with bandwidth ∆𝑓𝑗 . Finally,
the integer k defines the microphone position (k = 1,..,9).
On the one hand, the energy of the “signal” segment of the impulse response in (28) is calculated
from the transmitted component (see Figure 39a). On the other hand, it should be noted that the
calculation method of SNR proposed in [100] recommends placement of the Adrienne temporal window
between 0 ms and 3.5 ms (the moment of arrival of the transmitted component of the impulse response)
for calculation of energy of the “noise” segment, which limits the investigated SNR from one‒third
octave bands centred at 400 Hz. In order to improve the low‒frequency limit, another calculation method
is presented in [101]. Here, the “noise” segment is taken from the impulse response tail (see Figure 39b).
In this case, the length of the Adrienne temporal window is same as in SI and SNR evaluation, making the
investigated frequency range same.

(a)

(b)
Figure 39. Application of signal‒to‒noise ratio (SNR) calculation for SI measurements presented in [101] for: (a) “signal”,
and (b) “noise” segment of the impulse response.

Calculation of the effective SNR according to (28) is done for each one‒third octave frequency
band at individual microphone positions. However, SNR could be calculated as a single–number for each
microphone position just by applying summation in the whole frequency range instead of in each one‒
third octave frequency band. Additionally, a single–number value of SNR for the whole measurement
can be calculated as logarithmic average of single–numbers.
While the effective SNR in SI measurements is influenced by the low magnitude of transmitted
sound components in case of highly insulating noise barriers, SNR in RI measurements is influenced by
the low magnitude of the reflected sound components in case of highly absorptive noise barriers. The
energy of the “signal” segment of the impulse response in RI measurements is calculated from the
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reflected component (see Figure 40), while the energy of the “noise” segment is taken from the impulse
response tail in a same manner as in case of SI measurements.

Figure 40. Application of signal‒to‒noise ratio (SNR) calculation for RI measurements for “signal” segment of the subtracted
signal.

5.2.2 Laboratory Measurement Methods
European standards EN 1793‒2 [27] and EN 1793‒1 [26] specify laboratory measurement
methods for qualifying the intrinsic sound insulation and absorption performance, respectively, of road
traffic noise‒reducing devices to be used in reverberant conditions. While in situ methods described in
the previous section are used to determine intrinsic characteristics for noise reducing devices to be
installed on roads in non‒reverberant conditions, the laboratory methods are used for noise reducing
devices to be installed e.g., inside tunnels, deep trenches and under covers. Both methods are in
accordance with the previous versions ISO 140–3 [83] and ISO 354 [84]. The main principles of the
methods are explained below.
5.2.2.1 Laboratory Measurement of Airborne Sound Insulation of Noise Barriers
Averaged sound pressure levels in two adjacent rooms, called the source room and the receiving room,
are the basis of the laboratory airborne sound insulation method. The rooms are separated by an opening
where the test specimen is inserted. The test specimen should be mounted in the same manner as it is
used in practice. In other words, same connections and seals between element components are employed.
The leakage of sound on flanking paths is suppressed by using edge supports. At least one post
connecting two adjacent panels is included, where posts are used in practice. The length of the panel on
one side of the post must be at least 2 m long. The side of the panel facing the traffic should face the
source room.
A loudspeaker in the source room is used to produce a continuous broadband excitation signal.
At least two loudspeaker positions are recommended. For each loudspeaker positions, sound pressure
levels at minimum five measurement positions are measured in both the source and the receiving room.
Finally, average sound pressure levels in both rooms are obtained and a specific quantity called the sound
reduction index, R, is evaluated from:
R(dB) = Lp,1,j − Lp,2,j + 10 ∙ log

S
Aj

(29)

where 𝐿𝑝,1,𝑗 is the average sound pressure level in the source room (dB), 𝐿𝑝,2,𝑗 is the average sound
pressure level in the receiving room (dB), 𝑆 is the area of the test specimen (m2), 𝐴𝑗 is the equivalent
absorption area in the receiving room (m2) and index j denotes the j‒th one‒third octave frequency band
from 100 Hz to 5000 Hz.
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A single‒number rating, DLR, is calculated in addition to frequency‒dependent noise reduction
indices in order to indicate the performance of the test element:
DLR = −10 ∙ log |

0,1Li
∑18
∙ 10−0,1Ri
i=1 10
|
0,1Li
∑18
i=1 10

(30)

where 𝑅𝑖 is the sound reduction index measured in the ith one‒third octave band, and 𝐿𝑖 is the value of
the normalized traffic noise spectrum, defined in EN 1793‒3 [105], in the ith one‒third octave band.
The single‒number rating of airborne sound insulation is investigated after being rounded to the
nearest integer. In addition to the single‒number rating, sound insulation performance is categorised by
using categories listed in Table 14 below. This is done from the same reasons as stated in Section 5.2.1.1.
Table 14. Categories of airborne sound insulation [27].
Category

DLR [dB]

B0

Not determined

B1

<15

B2

15 to 24

B3

25 to 34

B4

>34

5.2.2.2 Laboratory measurements of Sound Absorption of Noise Barriers
Two measurements of average reverberation times, with and without the test specimen, are the
basis of the laboratory sound absorption measurement. The measurements are performed in a
reverberation room, which closely approximates a diffuse sound field condition. Hence, sound–
absorbing characteristic of the specimen is obtained as average over all angles of incidence i.e., at random
incidence. A specific quantity called the sound absorption index, αS, is evaluated from:
AT
S
1
1
) − 4V(m2 − m1 )
AT = 55.3V (
−
c2 T2 c1 T1
αS =

(31)
(32)

where 𝐴𝑇 is the equivalent sound absorption area of the test specimen (m2), 𝑆 is the area of the test
specimen (m2), 𝑐1 and 𝑐2 are the propagation speeds of sound in air at the temperature 𝑡1 and 𝑡2 ,
respectively, 𝑇1 and 𝑇2 are the mean reverberation times of the room in each frequency band without
and with the test specimen, respectively, 𝑉 is the volume of the empty reverberation room (m3), and 𝑚1
and 𝑚2 are the power attenuation coefficients calculated according to ISO 9613–1 [106] using the climatic
conditions that have been present in the empty reverberation room during the measurements. The sound
absorption index αS is presented in one‒third octave frequency bands from 100 Hz to 5000 Hz. Accurate
measurements in lower one‒third octave frequency bands, below 100 Hz, are difficult due to modal
density of the reverberation room.
Reverberation time is calculated by using either direct method or indirect method. The direct method
i.e., the interrupted noise method, is result of a statistical process and several decay curves are averaged
at one microphone/loudspeaker position. In contrary, indirect method i.e., the integrated impulse
response method, is not prone to statistical deviations and hence no averaging is needed. The total
number of spatially independent decay curves should be at least 12, which is obtained by using at least
three microphone and two loudspeaker positions.
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5.3 Experimental Setup
The measuring equipment used to carry out both airborne sound insulation and sound reflection
measurements consisted of a Roland Studio‒Capture multichannel sound card, Mackie SRM150 single driver
loudspeaker, and nine NTI Audio M4261 microphones supported by a custom‒made aluminium frame.
The measuring platform EASERA (AFMG, Berlin, Germany) was used for both excitation and data
acquisition. The MATLAB (The MathWorks, Inc, Natick, Massachusetts, USA) computing environment
was employed for evaluation purposes. Car battery was used as power supply in case where no electricity
was available.
Measurements were performed by using logarithmic sine sweep excitation signals with a length
of 5.5 s. Each impulse response was recorded by averaging three consecutive measurements. In order to
record as good quality of impulse responses as possible, the highest sampling frequency of 96 000 Hz
supported by the sound card was used.
Measurement procedures described in Section 5.2.1 are based on ratios of power spectra obtained
from impulse responses measured under same conditions and with same equipment for individual noise
barriers. Therefore, high accuracy measurement equipment is not needed. However, according to
EN 1793‒6 [29] and EN 1793‒5 [28] measurement standards, sound source should consist of a single
loudspeaker driver, have a smooth magnitude of the frequency response throughout the measurement
frequency range and impulse response with a length not greater than 3 ms. In order to check these
requirements, free‒field measurement was performed. Results are shown in Figure 41 below.

(a)

(b)
Figure 41. Characteristics of sound source measured under free‒field conditions: (a) impulse response; (b) magnitude of
frequency response in the measurement frequency range (100 Hz – 5000 Hz).
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5.3.1 Conventional Noise Barrier
5.3.1.1 Outdoor installation
A barrier system which consisted of two different sections, one made of an absorptive (only the
side towards the railway is sound absorbing) and the other one of a reflective transparent polyacrylic
panel, was installed in 2014 along the railway near Knivsta station in Knivsta, Sweden. The barrier was
720 m long. The focus in this dissertation was just on the absorptive section of the barrier, while detailed
description and results of the characterisation of the transparent polyacrylic panel is presented in [107].
The absorptive barrier panel was made in aluminium, coated with polyester‒powder and filled
with mineral wool, see the cross section of the panel in Figure 42. A 40 mm thick mineral wool layer was
inserted in the 1.3 mm thick aluminium frame, with 15 mm air gap at the front and 65 mm air gap at the
back. Therefore, the total thickness of the panel was 122.6 mm. Front side of the panel was perforated
enabling noise to interact with the mineral wool, while the back side was non perforated. A barrier
element was made by assembling eight panels with height of 0.5 m and width of 3.96 m on top of each
other. Hence, the total size of the barrier element was approx. 4 × 4 m. However, due to uneven ground
on‒site, measured height was 3.75 m, making the total size of the barrier element slightly lower. The
elements were separated from each other by steel posts.

Figure 42. Section and perforation type of the absorptive panel installed in Knivsta, Sweden.

As described in Section 5.2.1, EN 1793‒6 [29] and EN 1793‒5 [28] measurement methods were
used in order to determine in situ sound insulation and sound reflection properties of the barrier element.
For the given size of the barrier element, calculated low‒frequency limits were fMIN,SI = 191 Hz and
fMIN,RI = 180 Hz. Hence, the results of the standardised in situ characterisation were investigated in one‒
third octave bands, starting from the one with central frequency of 250 Hz, for both sound insulation
and sound reflection measurements. The values in lower one‒third octave bands were retained for
presentation purposes, as recommended by the in situ measurement methods.
The results for airborne sound insulation measurement were investigated for two configurations,
in front of the panel and in front of the post, as shown in Figure 43. In the former, the middle column
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(a)
(b)
Figure 43. Measurement setup in case of the absorptive barrier for two different configurations: (a) In front of panel; (b) In
front of post.

of microphone grid faced the centre of the panel, whereas in the latter, it faced a centre of the post. The
results of sound reflection measurements were investigated just in front of the panel. Both loudspeaker
and central microphone (M5) were placed at height of approx. 1.88 m.
5.3.1.2 Laboratory Installation
Acoustic properties of the barrier element consisting of identical panels, as described in the
previous section, was also measured and evaluated under the laboratory conditions. Sound insulation and
sound absorption measurements were implemented according to ISO 140‒3 [83] and ISO 354 [84], as
described in Section 5.2.2. The measurements were performed on a test element consisting of twelve
panels, with a total size of 3.94 × 2.99 m. A post, arranged asymmetrically, was used to separate two
sections of the test sample. Dimensions of the sections were 1.545 × 0.5 m and 2.46 × 0.5 m, with
respective masses 11.6 kg and 19.0 kg. The test assembly in the wall test stand is shown in Figure 44. The
cross section of the panel was same as shown in Figure 42.

Figure 44. Laboratory test element of the absorptive barrier in the wall test stand.
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5.3.2 Sonic Crystal
The SC barrier, which is shown in Figure 45a, was made of a total of three rows, each having 30
cylindrical units with a height of 3 m and an external radius of 8 cm. The lattice period was 0.22 m and
the corresponding filling fraction of the scatterers was 41.5%. The actual size of the barrier sample was
6.54 × 0.6 × 3 m. The cylinders were placed on a metal base, which was located at about 0.17 m from
the ground. Given the value of the lattice period, the Bragg band gap was expected to be centred at approx.
780 Hz, where the lattice period equals one‒half wavelength. Keeping in mind that results of
characterisation were shown in one‒third octave bands, Bragg band gap were expected in one‒third
octave band with a central frequency of 800 Hz.
Figure 45b shows the internal cross‒section of the upgraded cylindrical building units comprised
of rubber crumb as the porous core and an MP aluminium shell as the outer layer. The porous core
consisted of rubber crumb inserted into a perforated steel cylinder with a radius of 4 cm and a thickness
of 1 mm. The diameter of the perforations on the steel cylinder was 3 mm and the cylinder perforation
ratio was 32.6%, making the cylinder acoustically transparent [76]. Thus, it allowed sound to interact with
the rubber crumb. The purpose of the inner core was to dissipate high‒frequency components of the
acoustic energy penetrating the micro‒perforations of the external aluminium shell.
The outer MP layer was made of an aluminium plate with a thickness of 1 mm and a perforation
ratio of 3.3%. Since the micro‒perforations were punched, the resulting pore geometry was complex.
However, according to research with similar plates [108] , the perforations of the MP layer can be
modelled as rectangular apertures with an effective length of 1.11 mm and effective width of 95 µm.
Characterisation of this type of MP plates in an impedance tube revealed broadband reflection and
absorption spectra [72].
For the given size of the SC barrier, the calculated low‒frequency limit was fMIN = 259 Hz. Hence,
the results of the standardised characterisation were presented in one‒third octave bands, starting from
a central frequency of 315 Hz. The values in the lower one‒third octave bands were retained for
presentation purposes, as recommended by the EN 1793‒6 [29] and EN 1793‒5 [28] standards. The
results for both reflection and airborne sound insulation measurements have been investigated for the
two configurations represented in Figure 46. In configuration A, the middle column of microphone grid
faced the centre of a cylinder, whereas in configuration B, it faced a space between two adjacent cylinders.
Considering the distance of 0.4 m between microphones in the microphone grid and the lattice parameter
of 0.22 m, the spacing between the microphones was not a multiple of the lattice constant.

(a)

(b)

Figure 45. Sonic crystal (SC) barrier sample implemented on the campus of Universitat Politècnica de València:
(a) Appearance of SC barrier sample made of three rows of absorbing cylindrical units, along with experimental setup;
(b) internal cross‒section of a cylindrical unit, consisting of a porous core made of rubber crumb and outer micro‒perforated
aluminium shell [34].
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(b)

(a)

Figure 46. Positions of the microphone grid in two different configurations: (a) Configuration A, the middle column of
microphones faces the centre of the cylinders; (b) configuration B, the middle column of microphone grid faces the centre of
the space between two adjacent cylinders [34].

5.4 Experimental Results and Discussions
In this section, results of implementation of the in situ measurement methods explained in
Section 5.2.1 have been presented. First, the in situ measurements have been applied to conventional
noise barrier explained in Section 5.3.1.1. The results of the in situ measurements have been compared to
results of application of the laboratory measurements (Section 5.2.2) to identical barrier element
(Section 5.3.1.2). The results from the laboratory measurements have been obtained from the
manufacturer. Second, the in situ measurements have been applied to sonic crystal (SC) barrier explained in
Section 5.3.2. These results have been compared to results from SCs investigated by another author [33].
5.4.1 Conventional Noise Barrier
As explained in Section 5.1, a correlation between laboratory and in situ measurements exists,
although sound fields are different. For comparison purposes, results from laboratory measurements
were compared with those obtained in situ. Since in situ and laboratory measurements were calculated for
different frequency ranges, 250–5000 Hz and 100‒5000 Hz respectively, frequency range used in
laboratory measurements was reduced in order to match that in the in situ measurement, and single‒
number ratings were recalculated.
5.4.1.1 Sound Insulation
The results of the standardised EN 1793‒6 [29] measurement of sound insulation indices SI for
the absorptive barrier element described in the Section 5.3.1.1, computed according to (22), are shown
in Figure 47. Results are presented for two configurations, in front of the post and in front of the barrier
element, as shown in Figure 43. Additionally, results of corresponding laboratory measurement of the
identical barrier sample (see Section 5.3.1.2) are added for comparison purposes. It should be kept in
mind that sound insulation indices SI shown in Figure 47 were result of averaging over nine microphones.
In order to investigate possible areas on the barrier where leakage has occurred, more detailed
investigation is presented later in this section.
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Figure 47. Sound insulation index (SI) of the absorptive noise barrier measured in two different configurations. Results are
compared with laboratory measurement of the identical barrier sample. Sound insulation indices SI are result of averaging
over nine microphones.

The maximum SI value measured in front of the barrier element was 45.3 dB at 1250 Hz, while
the maximum SI value measured in front of the post was 42.2 dB at 2500 Hz. Values of sound insulation
indices SI measured in front of the post were lower than values measured in front of the barrier element
in almost whole measurement frequency range. The only exception was one‒third octave band centred
at 2500 Hz, where SI index of the post had a slightly higher value. According to results obtained from a
range of noise barriers investigated in [30], a tendency for lower SI values in front of posts was observed
in many cases, especially at high frequencies. Although the difference at high frequencies between two
configurations in Figure 47 existed, it was not significant compared to differences at other frequencies.
The reason was that the barrier elements themselves were made of joint panels and allowed for leakage
at high frequencies due to imperfect connections between them. In general, those imperfections are
mostly characteristic of connections between barrier elements and posts. In the same research [30],
authors emphasized the importance of workmanship, design of connections and efficient sealing in order
to avoid a potential leakage. They also stated that laboratory measurements are more similar to in situ
measurements in front of posts, which was also the case with the absorptive barrier element presented
in this dissertation. Namely, two curves had identical values except in two frequency ranges, 1000–2000
Hz and 3150–5000 Hz. This is believed to be due to a leakage, where the former refers to a leakage caused
by the presence of the post and the latter to a leakage in connections between different panels. It was
also noticeable that drop in the SI curve at 1600 Hz was more pronounced in in situ measurements but
prevailed in both laboratory and in situ measurements. This was somehow expected since laboratory test
samples are usually assembled with more attention than those in situ. A drop in the SI curve in frequency
range 3150–5000 Hz supported the last statement.
In order to further investigate leakage between different panels of the barrier element and in
element/post connection, Figure 48 shows values of sound insulation indices SI measured at individual
microphone positions for both configurations. Values of sound insulation indices SI measured in front
of the barrier element (Figure 48a) did not differ significantly between different microphones. However,
expected increment of SI values with frequency was not visible at high frequencies, which indicated a
potential leakage between panels forming the barrier element. Strong position‒dependent characteristics
of the EN 1793‒6 [29] in situ measurement method was more obvious in front of the post (Figure 48b).
This was especially pronounced at high frequencies, where three microphones (M3, M6 and M9) showed
a significant drop in sound insulation properties of the barrier element compared to other microphones.
Although problems in element/post connections were not discovered by visual inspection, asymmetrical
drop in sound insulation properties indicated a leakage at one side of the post. This undesirable effect
was somehow expected since posts are often marked as weak positions for most noise barriers. Impulse
responses at individual microphone positions M1–M9 for configuration A and B are presented in Figure
A.5 and Figure A.6 (see Appendix C), respectively. Maximum values of the free–field impulse responses
are normalised to 1.
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(a)

(b)
Figure 48. Sound reflection index (RI) of the absorptive noise barrier measured at individual microphone positions M1–M9.
Thick black curve shows the averaged SI values over all nine microphones. (a) Sound insulation index SI in front of barrier
element; (b) Sound insulation index SI in front of post.

Single‒number rating of EN 1793‒2 [27] laboratory measurement of airborne sound insulation
properties was DLR,100‒5000 Hz = 25 dB. To compare this result with the result of in situ measurement,
thesingle‒number rating was recalculated for the frequency range 250‒5000 Hz. The new single‒number
rating was DLR,250‒5000 Hz = 27.3 dB. Finally, single‒number ratings of EN 1793‒6 [29] in situ measurements
for two configurations, in front of a post and in front of a barrier element, were DLSI,250‒5000 Hz = 27.5 dB
and DLSI,250‒5000 Hz = 31.9 dB, respectively.
5.4.1.2 Sound Reflection
The results of the standardised EN 1793‒5 [28] measurements of sound reflection indices RI for
the absorptive barrier element described in the Section 5.3.1.1, calculated according to (26), are shown in
Figure 49. Unlike results of sound insulation measurements presented in the previous section, results of
sound reflection measurements are presented only for configuration in front of a barrier element, see
Figure 43a. In general, sound reflection properties for configurations in front of posts are not of interest.
As in case of sound insulation measurements, sound reflection indices RI presented in Figure 49 were
results of averaging over nine microphones. Additionally, results were averaged over six microphones in
order to be presented in extended frequency range. In order to investigate reflection properties for
different incident angles, investigation of RI at individual microphone positions is presented later in this
section.
The measurements of RI evaluated by averaging over six and nine microphones were identical.
Therefore, discussions have been made only for the latter case, while results for the former case were
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Figure 49. Sound reflection index (RI) of the absorptive noise barrier measured in front of barrier element.

Figure 50. Normalized traffic and railway noise spectrum according to EN 1793‒3 [105] and EN 16272‒3‒2 [109],
respectively. Spectra are A‒weighted and normalized to 0 dB.

kept for presentation purposes. The minimum measured RI value was 0.07 at 2500 Hz. This was exactly
at the frequency where normalized railway noise spectrum shows a maximum value, see Figure 50. The
result justified efficiency of the barrier, which had been designed to be efficient against a railway noise.
Normalized traffic spectrum in Figure 50 is presented just for comparison purposes.
In order to investigate sound reflection for different incident angles, Figure 51 shows values of
RI measured at individual microphone positions. Values of RI measured in front of the barrier element
varied between different microphones, but curves showed a similar trend. This trend was observed in
almost all one‒third octaves band, except in those with central frequencies of 4000 Hz and 5000 Hz.
However, deviations at high frequencies were not unusual having in mind different incident angles. Value
of sound reflection index RI in one‒third octave band centred at 5000 Hz at microphone position M1
was unusually high, probably due to wrong data acquisition. Therefore, results in Figure 49 were
recalculated without microphone M1 and presented with intersected curves. Impulse responses at
individual microphone positions M1–M9 for configuration A and B are presented in Figure A.7 (see
Appendix C). Maximum values of the free–field impulse responses are normalised to 1.
Results of comparison between in situ and laboratory measurements of identical barrier samples
(see Section 5.3.1.1 and Section 5.3.1.2) are shown in Figure 52. While EN 1793‒5 [28] in situ
measurements give information about sound reflection index RI, traditional ISO 354 [84] laboratory
measurements give information about conventional sound absorption coefficient αS. In order to compare
them, sound reflection indices were converted to conventional sound absorption coefficients by taking
the complement to one. Absorption coefficients obtained under laboratory conditions were higher than
those from in situ measurement in the whole frequency range, except at 2500 Hz where curves approached
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Figure 51. Sound reflection index (RI) of the absorptive noise barrier measured at individual microphone positions M1–M9
in front of the barrier element. Thick black curve shows averaged RI values over all nine microphones.

Figure 52. Sound absorption of the absorptive noise barrier. Results are compared with laboratory measurement of the
identical barrier sample.

each other. The differences between laboratory and in situ measurements occurred due to three reasons.
First, diffuse sound field in case of the laboratory measurement differs significantly from directional
sound field in case of the in situ measurement. Second, sampling and averaging of the sound field for two
measurements are different. Finally, the steady state excitation signal in case of laboratory measurement
differs from the excitation signal used in case of the in situ measurement.
Single‒number rating of the ISO 354 [84] laboratory measurement of sound absorption
properties was DLα,100‒5000 Hz = 12 dB. To match the frequency range of in situ measurement, the single‒
number rating was recalculated for the frequency range 250‒5000 Hz. The new single‒number rating was
DLα,250‒5000 Hz = 13 dB. Single‒number ratings of the EN 1793‒5 [28] in situ measurement averaged over
nine and six microphones were DLRI,250‒5000 Hz = 5.1 dB and DLRI,250‒5000 Hz = 4.9 dB, respectively. However,
in order to compare it with the result of laboratory measurements, single‒number ratings were
recalculated for sound absorption values shown in Figure 52. The recalculated single‒number rating of
sound absorption DLα,250‒5000 Hz = 5 dB was same when averaged over nine and six microphones.
5.4.1.3 Signal‒To‒Noise Ratio
The results of the effective SNR for SI measurements, calculated according to (28), are presented
in Figure 53. The calculations were done for individual microphone positions. The effective SNR
calculation method presented in [101] was employed. This calculation method takes an advantage over
the calculation method presented in [100], because of the extended frequency range in which the results
are investigated (see Section 5.2.1.3).
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The results in Figure 53 are presented for SI measurements in the presence of the barrier.
Although the sound transmission through the barrier was attenuated by the barrier itself, SNR values
were still high. This stems from the fact that measurements were performed between train passages i.e.,
when the background noise was low.
The results of the effective SNR for RI measurement are presented in Figure 54. As in case for
SI measurement, SNR values were high and even more consistent between different microphone
positions. As explained in Section 5.2.1.3, the effective SNR was calculated for reflected sound
components. This case was more critical compared to SNR calculated for direct sound component, since
reflection from the barrier was significantly attenuated.

Figure 53. Frequency–dependant signal‒to‒noise ratio (SNR) of the absorptive noise barrier measured at individual
microphone positions M1–M9 for SI measurement.

Figure 54. Frequency–dependant signal‒to‒noise ratio (SNR) of the absorptive noise barrier measured at individual
microphone positions M1–M9 for RI measurement.

5.4.2 Sonic Crystal
A sonic crystal (SC) noise barrier consisting of a square distribution of empty micro‒perforated
(MP) cylindrical shells was constructed and characterised by researchers of Universitat Politècnica de
València (UPV) in 2011 [72]. The building units of the barrier investigated in this dissertation are slightly
different to those employed in [72], but their space arrangement remained the same (see Section 5.3.2).
Namely, the barrier presented in [72] consisted of empty MP cylindrical shells, while the barrier presented
in this dissertation consisted of MP cylindrical shells and additional inner core filled with rubber crumb.
To better quantify the effects of micro‒perforations on the barrier performance, measured data were
compared with those resulting from the standardised characterisation of the SC barrier made of three
rows of rigid polyvinyl chloride (PVC) cylinders [33]. The results presented in this section are published
in [34].
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5.4.2.1 Acoustic Bands
In order to better understand phenomena behind SC barriers, a single unit cell was modelled in
COMSOL Multiphysics (The COMSOL Group, Stockholm, Sweden) and band diagram of a square lattice
of rigid cylinders was computed (see Figure 55). This cell comprises a single cylinder in a squared domain
of air whose dimension was defined by the lattice constant. Floquet conditions were configured on the four
external boundaries of the unit cell and an eigenfrequency analysis was performed at wave vectors
contained along the principal directions in the lattice.
The dark and light grey stripes in Figure 55 define complete and partial band gaps, respectively.
The first complete band gap covers the frequency region of 850–970 Hz while the second covers the
interval from 2890 Hz to 2965 Hz. In addition to the complete band gaps, four partial band gaps or
pseudo gaps appear along the direction ΓΧ. This is the preferred direction for efficient acoustic barrier
design, as implemented in [71–77].

Figure 55. Acoustic bands of a square lattice of rigid cylinders embedded in air [34]. Dark stripes indicate complete band gaps
and light grey stripes define the partial gaps. The inset plots the reciprocal lattice together with high symmetry positions that
define the irreducible region.

5.4.2.2 Sound Insulation
The results of the standardised EN 1793‒6 [29] measurements of sound insulation indices SI for
the SC barrier with absorptive MP cylinders described in Section 5.3.2, computed according to (22), are
shown in Figure 56. Results are presented for both configuration A and configuration B, as explained in
Figure 46. The SI peak values in both configurations corresponded to a complete band gap, as predicted
from the lattice constant (see Figure 55). Those values were determined to be 18.6 dB and 16.9 dB for
configuration A and B, respectively. In general, a good match between two configurations was obtained,
with a larger deviation in one‒third octave band centred at 1000 Hz. Keeping in mind that SI values
shown in Figure 56 were result of averaging over nine microphones and a strong position‒dependant
behaviour of SCs [33,34], detailed investigation is presented below.
In order to emphasize the contribution of MP and inner core filled with rubber crumb, Figure 57
shows the comparison of results corresponding to the standardised characterisation of the SC barrier
with absorptive MP cylinders and SC barrier with rigid PVC cylinders provided in [33], calculated in the
same manner. Even though the lattice constants were slightly different, 0.22 m in the case of SC with
absorptive MP cylinders and 0.2 m in the case of SC with rigid PVC cylinders, Bragg gaps were expected
to be within the same one‒third octave band centred at 800 Hz. Indeed, SI values in the complete band
gap were similar to those of SC with rigid PVC cylinders, just slightly lower. This is believed to be due to
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the absorptive nature of the building units, which slightly dampens the effect of the Bragg scattering.
However, SI curves around the complete band gap were wider in case of SC with absorptive MP cylinders
because of the absorption mechanism introduced by the MP layer, showing a significant difference at low
frequencies. Additionally, the SI peak in configuration B was ‘smeared out’ towards the 1000 Hz region,
making the difference in the complete band gap between the two SC barriers even more obvious.

Figure 56. Sound insulation index (SI) of SC barrier with micro‒perforated (MP) cylinders [34] measured in two different
configurations. Curves are result of averaging over nine microphones.

(a)

(b)
Figure 57. Sound insulation index sound insulation index (SI) of SC barrier with micro‒perforated (MP) cylinders [34]
measured in two different configurations. Results are compared with those of standardised characterisation of SC barrier with
PVC cylinders presented in [33, Fig. 6]. (a) Sound insulation index SI, configuration A; (b) sound insulation index SI,
configuration B. Curves are result of averaging over nine microphones.
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The presence of the absorbing MP layer was even more noticeable in the frequency region 1250–
5000 Hz, showing a maximum difference of 14.4 dB in the one‒third octave band centred at 1600 Hz,
in the case of configuration A. Low SI values at twice the Bragg frequency measured for the SC barrier
with rigid PVC cylinders, negative in configuration A and around zero in configuration B, significantly
differed from those measured for the SC barrier with MP cylinders. Around this frequency, the first
diffracted mode became propagative, according to the band diagram in Figure 55. However, this was
barely visible only in configuration A. The reason was that the SI curve was the result of averaging over
nine microphones. This was most evident when SI values were investigated at individual microphone
positions, as shown in Figure 58. Although high SI values were measured at as many as six microphones
at 1600 Hz in configuration A, the contribution of low SI values at the same frequency to the overall SI
values was disregarded after averaging. A similar effect was noticeable at 3150 Hz in configuration B
where a new diffracted mode started propagating, but this time it was more apparent in the averaged SI
curve. Impulse responses at individual microphone positions M1–M9 for configuration A and B are
presented in Figure A.8 and Figure A.9 (see Appendix C), respectively. Maximum values of the free–field
impulse responses are normalised to 1.

(a)

(b)
Figure 58. SI values measured at individual microphone positions M1–M9 [34]. Thick black curve shows the averaged SI
values over all nine microphones. (a) Sound insulation index SI, configuration A; (b) Sound insulation index SI,
configuration B.

The maximum SI value of 23.2 dB at the Bragg frequency in configuration A was measured for
microphone position M5. In configuration B, the maximum SI value of 21.5 dB at the Bragg frequency
was measured for microphone position M6. However, these values were not the maximum values for all
microphone positions and frequencies. The maximum SI value of 27.6 dB in configuration A was
measured for microphone position M3 at 1600 Hz. In configuration B, the maximum SI value of 22.8
dB was measured for microphone position M7 at 3150 Hz, which was also near the cut‒off frequency of
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the diffracted mode. The diverse SI curves between individual microphone positions in both
configurations were a consequence of the occurrence of different modes above the diffraction limit.
Asymmetry of absorption properties of different cylinders, but also inherently imperfect positioning of
the microphone grid, might have been additional reasons. Despite the differences in the SI values between
different microphone positions, characteristic frequency phenomena like the Bragg gap and diffracted
modes were still easily noticeable. The method itself will average out all large deviations between the SI
values in the same frequency range, providing overall information about the effectiveness of the SC
barrier. It is still very important to be aware of the strong position‒dependent insulation behaviour of
SCs.
As explained in Section 5.2.1.1, a single‒number rating, DLSI, has been introduced by the
EN 1793‒6 [29] standard in order to categorise the airborne sound insulation performance of noise
barriers. Since there were no posts in the case of SCs, only one single‒number rating was calculated,
without any global rating. Single‒number rating values were calculated for different low frequency limits,
fMIN = 315 Hz in the case of SC with absorbing MP and fMIN = 400 Hz in the case of SC with rigid PVC
cylinders. Low‒frequency limits influenced the calculated single‒number values, since they were obtained
for different frequency ranges. The calculated single‒number values of SC with absorbing MP cylinders
were DLSI, Conf‒A = 12.3 dB and DLSI, Conf‒B = 12.2 dB, while the values of SC with rigid PVC cylinders
were DLSI, Conf‒A = 3.7 dB and DLSI, Conf‒B = 5 dB.
Requirements for sound attenuation and frequency span of the SC barrier needed in practice are
a matter of type of noise as well as sound levels for which the barrier is used for. According to
categorisation of airborne sound insulation presented in EN 1793‒6 [29], there are five possible
categories (see Table 13). For given single‒number values of SC with absorbing MP cylinders, DLSI, Conf‒
A = 12.3 dB and DLSI, Conf‒B = 12.2 dB, the SC barrier is categorised as D1 against the traffic noise. To
rate the SC barrier against other types of noise, appropriate spectrum should be used for calculation of
single‒number values.
5.4.2.3 Sound Reflection
The results of the standardised EN 1793‒5 [28] measurements of reflection index RI for the SC
barrier described in Section 5.3.2, computed according to (26), are shown in Figure 59. Results are
presented for both configuration A and configuration B, as shown in Figure 46. A good match between
two configurations was obtained, except in the one‒third octave band with a central frequency of 4000
Hz. In this one‒third octave band, configuration B exhibits significantly greater RI value compared to
configuration A, which is further investigated below.

Figure 59. Sound reflection index (RI) of SC barrier with micro‒perforated (MP) cylinders [34] measured in two different
configurations. Curves are result of averaging over nine microphones.
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For the sake of comparison, the results of characterisation of the SC barrier with absorptive MP
cylinders were also compared with those of the SC barrier with rigid PVC cylinders [33], see Figure 60.
The maximum RI values in the Bragg gap were well defined in both configurations of SC with rigid PVC
cylinders, with values approx. 0.9 higher than of SC with absorptive MP cylinders. The reason was that
absorptive units played a significant role in damping the effect of Bragg scattering. Compared to rigid
PVC cylinders, which provided only reflection mechanism, absorptive cylinders highlighted the
absorption mechanism combined with Bragg scattering, leading to a pronounced reduction of the barrier
reflective properties.

(a)

(b)
Figure 60. Sound reflection index (RI) of the SC barrier with MP cylinders [34] measured in two different configurations. The
results are compared with results of the standardised characterisation of SC barrier with PVC cylinders presented in [33, Fig. 7]
(a) Reflection index RI, configuration A; (b) Reflection index RI, configuration B. Curves are result of averaging over nine
microphones.

While SC barrier with rigid PVC cylinders showed a remarkable difference between RI values
evaluated in two configurations, SC barrier with MP cylinders showed a similar trend. Namely, both
configurations displayed a local maximum in the one‒third octave band centred at 800 Hz and increased
at higher frequencies. Small differences were visible in two frequency ranges: (i) In the one‒third octave
bands with the central frequency of 1250 Hz and 1600 Hz, and (ii) in the one‒third octave bands, higher
than the one centred at 2500 Hz. In both cases, the values were higher in configuration B. Compared to
the barrier based on rigid PVC cylinders, RI values in the case of SC made of absorptive MP cylinders
were significantly lower in nearly all one‒third octave bands. The only exception was the one‒ third
octave band centred at 4000 Hz in configuration B, where a higher RI was obtained for the barrier with
absorptive cylinders. To investigate possible differences between different microphones, RI values were
calculated at individual microphone positions, as shown in Figure 61. It was observed that microphone
M7 exhibits an extraordinarily high value in the one‒third octave band centred at 4000 Hz in
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configuration B, probably due to a wrong data acquisition. For that reason, results in Figure 60 were
recalculated without microphone M7 and presented with blue and green intersected curves for
configurations A and B, respectively. The higher RI value found in SCs with MP cylinders at 4 kHz still
prevailed, although after removing the effect of microphone M7, the difference was lower. The slightly
higher reflectance was due to the reflectance of the barrier with rigid PVC cylinders, which abruptly
decreased at this specific third‒octave band as a consequence of an interference phenomenon. An
additional factor behind this behaviour might be given by the fact that the temporal window in the case
of SC with PVC cylinders was centred on the arrival of the direct sound, not on the arrival of the first
reflection as it is suggested by [33]. In that way, multiple scattering components coming from the
surrounding cylinders were most likely windowed out. Also, two barriers were completely different, one
being absorptive and the other one being completely reflective. This means that multiple scattering
components did not contribute to the overall energy of reflections in the same way for two barriers.
While authors in [33] highlighted the importance of the first reflection in RI measurements, it was the
scattered energy that made a significant contribution to the overall energy of the reflections in case of the
SC with MP cylinders. Impulse responses at individual microphone positions M1–M9 for configuration
A and B are presented in Figure A.10 and Figure A.11 (see Appendix C), respectively. Maximum values
of the free–field impulse responses are normalised to 1.
As explained in Section 5.2.1.2, a single‒number rating, DLRI, has been introduced by the
EN 1793‒5 [28] standard in order to indicate the performance of the product. The calculated values in
the case of SC with absorptive MP cylinders were DLRI = 6.9 dB and DLRI = 6.3 dB for configuration A
and B, respectively. The corresponding values in the case of SC with rigid PVC cylinders were DLRI
= 0.8 dB and DLRI = 0.5 dB for configuration A and B, respectively.

(a)

(b)
Figure 61. RI values measured at individual microphone positions M1–M9 [34]. Thick black curve shows the averaged RI
values over all nine microphones. (a) Reflection index RI, configuration A; (b) Reflection index RI, configuration B.
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5.4.2.4 Signal‒To‒Noise Ratio
The results of calculations of the effective SNR for SI measurement, calculated according to (28),
are presented in Figure 62. As in case for the conventional noise barrier, the calculations of the effective
SNR were calculated for individual microphone positions according to calculation method presented in
[101]. More detailed explanation of the calculation method is presented in Section 5.2.1.3.
The results in Figure 62 are presented for SI measurements in the presence of the SC barrier.
Although the sound transmitting through the barrier was attenuated by the barrier itself, SNR values
were still high. This stems from the fact that the barrier was located in the university campus, far away
from any possible noise source. Additionally, high levels of the excitation signal were used in order to
achieve the high SNR values.
The results of calculations of the effective SNR for RI measurement are presented in Figure 63.
The effective SNR was calculated for reflected sound components, as explained in Section 5.2.1.3.
Although the reflected sound components were significantly attenuated by the SC barrier itself, SNR
values were still above defined threshold of 10 dB in the whole measurement frequency range.

Figure 62. Signal‒to‒noise ratio (SNR) of sonic crystal noise barrier measured at individual microphone positions M1–M9
for sound insulation measurement performed in presence of the barrier.

Figure 63. Frequency–dependant signal‒to‒noise ratio (SNR) of the SC barrier with MP cylinders measured at individual
microphone positions M1–M9 for RI measurement.
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Chapter 6
Conclusions
In this dissertation, two of three elements that can be recognised in noise annoyance analysis have
been investigated: the sound source and the transmission path. First, characterisation methods of specific
noise sources in urban environments, such as entertainment premises and vessels, have been investigated.
Noise from entertainment premises has been investigated from the aspect of floating river clubs which
present culturally‒specific floating structures typical for the Balkan region. Noise from vessels has been
investigated from the aspect of moored ships, primarily due to increased traffic of cruise and cargo vessels
and their stay in ports in the vicinity of residential areas. These noise sources have rarely been the subject
of research and mostly subjected to control performed as a result of noise complaints. Second, noise
barriers have been investigated from the aspect of their possible application as protection methods against
these types of noise sources.
As the first goal of this dissertation, characterisation of outdoor noise emitted by two low–
frequency noise sources on the water, floating river clubs and moored ships, have been investigated.
These two noise sources are considered as specific in this dissertation, due to their low–frequency spectral
content, directional characteristics, and limited accessibility. After the evaluation of the standardised ISO
measurement methods, a simplified measurement method used in Nordic countries, the Nordtest
method, has been introduced. More precisely, two different Nordtest measurement methods, Nordtest
Sphere and Nordtest Box, have been applied together with the most common standardised measurement
method, ISO 3744, in two cases. In the former case, the methods have been applied to a 1:10 scale model
of a typical floating river club in different scenarios. In the latter case, the methods have been applied to
a cottage made of lightweight partitions, which present a simplified case of floating river clubs due to its
location on a hard ground. In both cases, the results have shown that differences in obtained values of
sound power levels between Nordtest Sphere and ISO 3744 lie mostly within standard deviations defined
by ISO 3744. Moreover, the results have shown that the Nordtest Box method overestimates sound
power levels compared to the ISO 3744 measurement method. Therefore, the Nordtest Sphere method
has been suggested in this dissertation as optimal measurement method in case of floating river clubs,
which was the main goal of this dissertation.
In the next step, the Nordtest Sphere measurement method has been applied to two floating river
clubs in Belgrade, Serbia. Moreover, the results of measured sound power levels have been further used
to calculate sound pressure levels in a far–field, at distances 80–215 m from the floating river clubs. The
sound pressure levels have been calculated under assumption that floating river clubs can be considered
a point noise source, as defined by the Nordtest method. The calculated sound pressure levels have been
then compared to those obtained from measurements at the same measurement positions. It has been
shown that application of the Nordtest Sphere method underestimates sound power levels by
approximately 5–15 dB in the frequency range 31.5–100 Hz. Additionally, a good agreement between the
calculated and measured sound pressure levels has been observed in the frequency range 125–3150 Hz.
In addition to characterisation of the outdoor entertainment noise, indoor entertainment noise
has been also investigated in this dissertation. The reason for this is the fact that noise annoyance in
outdoor environments is often caused by indoor entertainment noise transmitted through building
partitions. Hence, indoor sound level spectra for different types of entertainment premises, including
floating river clubs, has been investigated. The indoor sound spectra can be also used to improve rating
of sound insulation of building elements against this type of noise. As a result of the investigation, a new
sound spectrum for discotheques i.e., entertainment premises with complex audio systems with several
independent subwoofers, has been proposed. The proposed spectrum has not been investigated in the
literature, and therefore, represents contribution of this research. Spectrum adaptation term calculated
from the proposed sound level spectrum has been named CSUB. Additionally, a classification of sound
spectra based on a type of audio systems has been proposed. As an illustration, the application of the
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proposed sound spectrum to rating of sound insulation has been tested by using four common building
elements. Differences of up to 11 dB have been obtained between spectrum adaptation terms calculated
by using the spectrum for disco music suggested by the ISO 717–1 international standard (Ctr)and the
one for discotheques proposed in this dissertation (CSUB), with higher values in the former case. The
proposed sound level spectrum for discotheques presents a more realistic assessment of the sound
insulation against a pronounced low–frequency entertainment noise.
Finally, sound power levels of funnel outlets, as the most dominant low–frequency noise sources
on moored ships, have been investigated by implementation of both near–field and far–field
measurements. The far–field measurements, performed at distances 65–380 m from the ships, have been
used to validate near–field sound power levels and to introduce necessary corrections. Corrections of
approx. 4–14 dB in the limited frequency range 25–50 Hz have been obtained from the far–field
measurements. The obtained corrections refer to cases of single funnel outlets, where sound power levels
have been calculated from measurements of sound pressure levels at distances 1–2 m. In one case, sound
power levels of a cluster of funnel outlets have been determined from measurements of sound pressure
levels at distance of approx. 20 m from the cluster. In this case, a good agreement between near–field
and far–field sound power levels has been obtained in the whole frequency range.
As the second goal of this dissertation, application of the EN 1793‒5 and EN 1793‒6
standardised in situ method to determine acoustic properties of noise barriers to two different barrier
types has been investigated. Fist, the in situ methods have been applied to an absorbing screen–type i.e.,
conventional noise barrier. The results have been compared to those obtained by application of
laboratory measurements to an identical barrier sample. On the one hand, the results have shown
generally higher values of sound insulation indices in case of application of the in situ measurement
methods in front of a barrier element than in front of a barrier post, which is in line with results found
in the literature. On the other hand, a good agreement has been obtained below 1000 Hz in case of the
laboratory and in situ measurements in front of a barrier post, with lower values of sound insulation
indices at higher frequencies in the latter case. Both in situ measurements, in front of a barrier element
and in front of a post, have expressed deterioration of sound insulation at frequencies 3150–5000 Hz,
indicating bad workmanship. This phenomenon has not been observed in case of the laboratory
measurements. The results have indicated underestimation of sound insulation properties of the noise
barrier when measured in the laboratory environment, which is the common way to rate acoustic
properties of noise barriers. Second, the in situ methods have been applied to a noise barrier based on
sonic crystals. Application of in situ methods to noise barriers based on sonic crystals has not been
sufficiently investigated in the literature, since there are very few such practical implementations outside
laboratory environments. The results have shown a strong dependency of sound insulation indices on
microphone positions, which have not been obtained in case of the conventional noise barrier. The
diverse sound insulation values at individual microphone positions have been mainly a consequence of
complex pressure patterns above diffraction limit. Because of this strong position–dependable behaviour,
but also keeping in mind the ﬁxed distance between adjacent microphones defined by the in situ
measurement methods, a need for adjustment of their applicability to barriers based on sonic crystals has
been indicated.
The use of noise barriers as protection methods against low‒frequency noise from floating river
clubs is questionable for two reasons. First, there is no efficient way to rate their acoustic properties in
the low‒frequency range of interest. On the one hand, the low‒frequency range limitation in case of in
situ measurement methods, investigated in this dissertation, occurs due to the size of the barrier i.e., to
obtain values of sound insulation and sound reflection indices below 100 Hz a barrier sample larger than
6 × 6 m is needed. On the other hand, the low‒frequency range limitation in case of conventional
laboratory measurements occurs due to the size of the laboratory facility. Namely, large measurement
facilities are needed to avoid the influence of strong room modes below 100 Hz. Because of the room
modes, deviations of measurement results in the low‒frequency range are large, making the measurement
results uncertain. Second, because of the distance between floating river clubs and residential areas, which
are usually a few hundred meters, noise barriers should be placed very close to floating river clubs. Placing
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them at larger distances from floating river clubs would make them inefficient. Residential buildings are
usually located on the opposite side of the river to floating river clubs, which means that noise barriers
should be places on the same floating foundation as the floating river clubs. This could compromise the
stability of floating river clubs, since thick and heavy noise barriers are required in order to attenuate the
low‒frequency entertainment noise.
Due to the above-mentioned reasons and fact that most floating river clubs in Belgrade operate
in the existing environment, the most reasonable protection methods in case of floating river clubs are
those at the noise source. They include limitations of sound levels indoors and use of building elements
with high values of sound insulation indices. As explained earlier, the sound level spectrum proposed in
this dissertation is a step forward towards more accurate rating of sound insulation in case of the
pronounced low–frequency entertainment noise. Additionally, the proposed spectrum could be used to
calculate the noise from floating river clubs and more generally, for entertainment premises with complex
audio systems with several independent subwoofers, outwards and thus improve the accuracy of noise
predictions in their vicinity. The spectrum proposed in this dissertation has been accepted by
SoundPLAN, widely used software for the prediction of environmental noise, and incorporated in the
internal library as suggested noise spectrum for entertainment premises such as clubs.

6.1 Scientific contributions
Based on the results presented in this dissertation, the initial hypotheses have been confirmed
and following scientific contributions have been made:
•

Application of simplified measurement methods in case of floating river clubs has been
investigated and validated as alternative to complex measurement methods defined by
international ISO standards.

In order to determine sound power level of floating river clubs, a simplified measurement method
used in Nordic countries, Nordtest Sphere, has been suggested as an alternative to the commonly
employed standardised measurement method ISO 3744. The results presented in the dissertation have
shown that differences between the Nordtest Sphere method and the ISO 3744 method are found within
or around standard deviations suggested by ISO 3744. By utilising the Nordtest Sphere method, it is
possible to facilitate a characterisation of floating river clubs and at the same time, preserve a sufficient
accuracy.
•

The relevant scientific contribution refers to suggested corrections to sound power levels at low
frequencies obtained from measurements at distances closer to the noise sources, which were
obtained by measuring sound pressure levels at larger distances from floating river clubs and
moored ships.

The results presented in the dissertation have shown that measurements of sound pressure levels
at distances closer to noise sources underestimate values of sound power levels at low frequencies. In
case of floating river clubs and moored ships, those differences varied mostly between 5–15 dB and 4–
14 dB at frequencies below 100 Hz and 50 Hz, respectively. Sound pressure levels at control measurement
positions have been measured at distances 80–215 m and 65–380 m from floating river clubs and moored
ships, respectively. The presented corrections allow for more accurate predictions of the low–frequency
noise at larger distances from the noise sources.
•

A new sound level spectrum for entertainment premises with audio systems configured for
recorded music with pronounced low–frequency content has been proposed.

The results presented in the dissertation have indicated overestimation of sound insulation of
building elements against pronounced low–frequency entertainment noise if spectra suggested by current
version of the ISO 717–1 are used. A new sound level spectrum to rate building elements against the
low–frequency entertainment noise has been proposed. The proposed spectrum allows for more realistic
rating of sound insulation by single–number ratings and spectrum–adaptation terms. Such spectrum has
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not existed in the literature. Additionally, a classification of sound level spectra regarding types of audio
systems has been indicated.
•

A need for adjustment of application of the standardised in situ methods to determine acoustic
properties of noise barriers, EN 1793–5 and EN 1793–6, to barriers based on sonic crystals, has
been indicated.

When applied to sonic crystals, in situ sound insulation measurements exhibit a strong dependency
on microphone positions. The diverse sound insulation values at individual microphone positions are
mainly a consequence of complex sound pressure patterns above diffraction limit. The deviations of
sound insulation at individual microphone positions in case of screen–type noise barriers have another
meaning i.e., indicate a bad workmanship. Because of the strong position–dependable behaviour, but also
keeping in mind the ﬁxed distance between adjacent microphones suggested by the in situ methods,
adjustment of their applicability to barriers based on sonic crystals requires further investigation.

6.2 Future work
The research presented in this dissertation can be extended in several different directions.
Measurement methods described in this dissertation have been applied to a limited number of objects. A
prospective source of future research may be directed towards better defining of deviations between the
methods, and investigation of uncertainty and variance could be performed accordingly. This could
include more objects with different geometries, but also repeated measurements at same measurement
positions. Also, different measurement methods define different distribution of measurement positions
on the same imaginary measurement surface. Investigation of choice of measurement positions and
differences in sound power levels between different choices could account for sound power levels at a
specific angle.
As another possible direction, investigations regarding noise simulations and noise predictions
from floating river clubs and funnel outlets could be performed. Since in the dissertation, a simple
calculation model has been utilised, it would imply that representation of low–frequency noise sources,
floating river clubs and funnel outlets, should be carried out by a point source i.e., acoustic monopole.
However, generally speaking, more complex representations could lead to potentially more accurate noise
predictions. As an example, it would be interesting to see comparison between representations of the
low–frequency noise sources by area and point noise sources. Directivity patterns for different geometries
of floating river clubs as well as different audio setups indoors would be interesting to know.
Furthermore, an analysis of noise from a cluster of floating river clubs could be investigated. It would be
reasonable to assume that such clusters radiate noise closely to line sound sources. Different distribution
of low–frequency noise sources in the cluster could be analysed as well.
Measurements of indoor entertainment noise have been performed by using a single microphone
position. Hence, a measurement method which employs several measurement positions could be
developed and implemented. Also, the proposed sound level spectrum for discotheques has been
obtained from limited number of measured spectra, and it is due to this finding that, a more
comprehensive study including more venues and a greater variety of geographical locations ought to be
undertaken if the standardisation should occur. Moreover, further classification regarding e.g., music
types, different geometries, etc. could be developed.
Finally, when applying in situ methods to determine acoustic properties of noise barriers, size of
a barrier sample limits the frequency range in which values of sound insulation (SI) indices are presented.
This could be improved e.g., in case of noise barriers based on sonic crystals, by making a scale model of
the barrier. In that case, it is possible to make a model of a barrier sample large enough to allow
representation of SI in a wider frequency range and rate the barrier against a low–frequency noise.
Additionally, a new methodology to apply in situ measurement to noise barriers based on sonic crystals
could be developed. At the end, the majority of sonic crystals have been optimised against the traffic
noise. Hence, an optimization against a low–frequency noise could also be made.
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Appendix A – Scale Model Experiment, Signal–to–Noise Ratio

Figure A.1. Signal–to–noise ratio (SNR) for scenario S1.

Figure A.2. Signal–to–noise ratio (SNR) for scenario S2.

Figure A.3. Signal–to–noise ratio (SNR) for scenario S3.
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Appendix B – Moored Ships, Sound Power Levels of Individual Noise Sources

(a)

(b)

(c)

(d)

Figure A.4. Sound power levels of all noise sources for individual ships: (a) Ship 1, (b) Ship 2, (c) Ship 3, and (d) Ship 4.
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Appendix C – Noise Barriers, Impulse Responses at Individual Microphones

Figure A.5. Impulse responses at individual microphone positions M1 – M9 for conventional barrier characterised according to EN 1793–6, configuration A.
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Figure A.6. Impulse responses at individual microphone positions M1 – M9 for conventional barrier characterised according to EN 1793–6, configuration B.
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Figure A.7. Impulse responses at individual microphone positions M1 – M9 for conventional barrier characterised according to EN 1793–5.
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Figure A.8. Impulse responses at individual microphone positions M1 – M9 for sonic crystal barrier characterised according to EN 1793–6, configuration A.
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Figure A.9. Impulse responses at individual microphone positions M1 – M9 for sonic crystal barrier characterised according to EN 1793–6, configuration B.
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Figure A.10. Impulse responses at individual microphone positions M1 – M9 for sonic crystal barrier characterised according to EN 1793–5, configuration A.
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Figure A.11. Impulse responses at individual microphone positions M1 – M9 for sonic crystal barrier characterised according to EN 1793–5, configuration B.
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