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Summary
To more effectively apply acoustically absorbing materials, it is desirable to measure
angle-dependent sound absorption coefficients, preferably in situ. Existing measurement methods are based on an overall model of the acoustic field in front of the
absorber, and are therefore sensitive to deviations in the actual setup from the assumed measurement setup. In order not to be restricted to ideal measurement setups
only, two novel methods are developed with the research described in this thesis.
These methods, the Local Plane Wave (LPW) method and the Local Specular Plane
Wave (LSPW) method, are both based on a local field decomposition. It is assumed
that the acoustic field can be approximated locally with a combination of one incidentand one reflected wave. The LSPW-method encompasses the LPW-method, and is
therefore the most universal variant. This method requires measurement of two acoustic pressures or measurement of acoustic pressure and particle velocity in the surface
normal direction to determine the angle-dependent sound absorption coefficient.
The effect of area-averaging is investigated both numerically and experimentally. The
results show that area-averaging is effective in reducing undesirable effects, as for instance caused by reflections from the environment of the setup. In combination with
area-averaging, the LPW- and LSPW-method have potential for application in situ.
In addition, as many kinds of absorbing surfaces have an inhomogeneous structure or
material, an area-averaged sound absorption coefficient is a more appropriate indicator
than a point-based coefficient.
A very welcome spin-off from the present research is the development of a novel
type of 3D sound intensity probe. The application of 8 small MEMS-microphones,
and the chosen placement thereof, allow increased accuracy of sound absorption measurements that are performed with the LPW- or LSPW-method, in particular for
poorly absorbing surfaces. In addition, a novel free-field probe calibration method is
presented. An advantage of this method is that the directivity characteristics of the
sound source do not need to be known a priori.
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Samenvatting
Om akoestisch absorberende materialen effectiever in te kunnen zetten is het wenselijk hoekafhankelijke geluidabsorptiecoëfficienten te kunnen meten, bij voorkeur in
situ. De meeste bestaande meetmethoden zijn gebaseerd op een model van het gehele
geluidsveld voor het te meten oppervlak. Een nadeel hiervan is dat dergelijke methoden gevoelig zijn voor afwijkingen in de werkelijke- ten opzichte van de aangenomen
meetopstelling. Om deze reden zijn, met behulp van het in dit proefschrift beschreven
onderzoek, twee nieuwe meetmethoden ontwikkeld.
Deze methoden, de Local Plane Wave (LPW)- en Local Specular Plane Wave (LSPW)methode, zijn lokale veld-decompositie-methoden. Beide zijn gebaseerd op de aanname dat het geluidsveld lokaal benaderd kan worden door één invallende en één
gereflecteerde vlakke golf. De LSPW-methode omvat de LPW-methode en is daarom
de meest universele variant. Hierbij is meting van twee geluidsdrukken of combinatie
van één geluidsdruk en één deeltjessnelheid in normaalrichting van het oppervlak voldoende.
Ook het effect van oppervlaktemiddeling is zowel numeriek als experimenteel onderzocht. De resultaten laten zien dat oppervlaktemiddeling een effectieve methode is
voor het reduceren van ongewenste effecten, zoals veroorzaakt door bijvoorbeeld omgevingsreflecties. Met oppervlaktemiddeling bieden de LPW- en LSPW-methode daarom
potentieel voor toepassing in situ. Bovendien doet het concept van een oppervlaktegemiddelde absorptiecoëfficient meer recht aan de vaak voorkomende inhomogeniteit
in structuur en materiaal van veel typen absorberende oppervlakken.
Een welkom bijproduct van het onderzoek is de ontwikkeling van een nieuw type
3D intensiteitssonde bestaande uit 8 kleine MEMS-microfoons. De gekozen plaatsing
hiervan maakt het mogelijk de nauwkeurigheid van metingen uitgevoerd met de LPWof LSPW-methode te verhogen. Dit is in het bijzonder het geval voor zwak absorberende oppervlakken. Verder is voor deze sonde een nieuwe vrije veld kalibratiemethode
ontwikkeld, met als voordeel dat hiervoor het afstraalgedrag van de bron niet a priori
bekend hoeft te zijn.
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Chapter 1

Introduction
1.1

Sound and absorption of sound

Sound is everywhere. From a discussion with a colleague to listening to a classical
concert, perception of sound is essential in life. Thanks to our ears, healthy humans
can perceive a wide range of sounds. Human ears, indeed, are a pair of very sensitive
acoustic sensors; typically enabling one to hear sounds varying more than 6 orders
in magnitude. Unfortunately, this sensitivity makes us get annoyed by noise as well.
Traffic noise (road, railway and aircraft noise), neighbor noise, and industrial noise
are examples that affect millions of people worldwide. In fact, it has become hard to
find a place in the world where one is not subjected to emissions of man-made noise.
Whereas excessive noise levels can impair your ability to hear, the ongoing presence
of less loud noise can also be harmful to human health and well-being [38].
Besides sound transmission, absorption of sound is one of the key elements in reducing noise immission. Sound absorption takes place along the noise propagation
path, from the source to the receiving environment. Near the source, sound absorbing
materials are used to reduce noise emission, for example if machinery is encapsulated in
a sound insulating and absorbing housing. During propagation, attenuation of acoustic
waves in the air by atmospheric absorption takes place. If the location of immission is
a room, noise levels are influenced greatly by the amount of sound absorptive surfaces
in that room.
Secondly, sound absorbers are essential in creating a good acoustical climate for the
perception of speech. The location, type, and surface area of sound absorbing surfaces
are essential parameters in obtaining good speech intelligibility in classrooms and auditoria.
The last application of sound absorbing surfaces mentioned here is in rooms for musical performances. Sound absorption is one of the key quantities that determines the
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(a)

(b)

porous sheet

cavity

support
fabric
perforated plate

(c)
cavity

(d)

plate

cavity
plate with micro-perforations

Figure 1.1: Overview of different absorber types, based on Fuchs [19]. (a) porous absorber, (b) perforated or slotted absorber, (c) plate absorber, and (d) microperforated
absorber.

amount of reverberation. In concert halls, as well as in a local community center in a
small village, sound absorption plays a key role in obtaining a pleasant perception of
music.
Acoustic engineers and architects have the burden of selecting the appropriate solution from a wide range of commercially available absorber types. An indicative
overview of different absorber types is shown in Fig. 1.1. Porous absorbers undoubtedly form the most widely applied class of absorbers. Perforated- or slit-absorbers,
micro-perforated absorbers, and plate absorbers are other well-known absorber types.
Often, combinations of different types are used. An example of such a combination
is the application of a porous sheet in a perforated absorber, as shown in Fig. 1.1(c).
For an extensive overview of absorber types, and descriptions of modern absorbers,
the reader is referred to Fuchs [19]. It is pointed out that in selecting an absorber
type, other design criteria have to be considered as well. These criteria mostly stem
from building physics, and depend on thermal, humidity, and fire safety requirements.
In order to be able to select a suitable absorber for a certain purpose, or to be able
to perform room acoustic simulations, acoustic engineers have to know its absorptive
characteristics. Even if an accurate prediction of these characteristics is possible, the
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necessary calculations can be difficult and are often very elaborate. Therefore, the
absorptive characteristics are measured. Before discussing methods for doing so, a few
essential properties of sound absorbing surfaces will be elucidated first.

1.1.1

Acoustical behavior of surfaces

Depending on the way a surface responds to acoustic irradiation, its behavior can
be classified as locally reactive, extensively reactive, or non-locally reactive. Fig. 1.2
schematically indicates these three descriptions.

ZS = C

pi

θi

θr

ZS = f (θ)

pr

pi

θr

θi

ZS = f (r, θ)

pr

pi

pr,ns

pr,ns

(a)

(b)

pr,s
pr,ns
pr,ns

(c)

Figure 1.2: Classification of the acoustical behavior of absorbers and examples of their

realizations. The incident wave is indicated with pi . (a) Locally reactive - thin porous
absorber, (b) extensively reactive - suspended porous absorber with perforated cover
sheet, (c) non-locally reactive - periodic absorber.
Locally reactive surface. A surface is said to be locally reactive if one may assume
that the response of a certain point on that surface is independent of the response of
other points. That is the response of a point upon the surface only depends on the
local acoustic pressure. The normal acoustic surface impedance Zs is independent of
position and angle of incidence in this case. For porous materials, this implies that
the speed of sound inside the material must be much less than it is in air, as then,
the acoustic waves inside the material propagate in the direction of the surface normal
vector, see Fig. 1.2(a).
Although the local reaction assumption is widely applied, it is important to recognize where it falls short. Allard [6, p.35] states that “It is a good approximation for
several engineered materials such as honeycombs and acceptable for a number of thin
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porous materials.” Cases where the local reaction model is also not appropriate are
those involving large angles of incidence and porous materials with low flow resistivity.
Indeed, experiments carried out by Davies and Mulholland [16], and Klein and Cops
[23] showed that the assumption of local reaction is only valid for small angles of
incidence and thin layers of porous material.
Extensively reactive surface. In this case, the normal acoustic surface impedance
Zs depends on the angle of incidence. Inside porous materials, the angle of refraction
is accounted for, see Fig. 1.2(b). This angle is dependent on the angle of incidence.
Multiple models for describing the acoustical behavior of extensively reactive surfaces
are available. For a comprehensive overview of such models, the reader is referred to
the work by Allard and Atalla [6].
Non-locally reactive surfaces. This is the case if the acoustical behavior of the
surface cannot be adequately described with models that describe locally- or extensively reactive models. Generally, the normal acoustic surface impedance Zs becomes
a function of the space vector r and the angle of incidence θi . Examples are surfaces
that scatter sound, i.e. besides the specularly reflected wave pr,s , see Fig 1.2(c), other
waves pr,ns are reflected in other, non-specular, directions. An example of a scattering surface is a periodic absorber above its first cut-on frequency, as also shown
in Fig 1.2(c). An extreme case of a non-locally reactive surface would be a virtual
planar surface used to represent the diffuser shown in Fig. 1.3(a), along with its polar
response in Fig. 1.3(b). Also worth mentioning is the fact that diffusers can be good
sound absorbers, as shown by Mechel [26], Wu [39], and Yang [40].

(a)

(b)

Figure 1.3: (a) "Skyline" Diffuser. (b) 3D Polar response of the diffuser to the left for

normal incidence at 2 kHz. Both figures are reproduced from Cox [14].

It is pointed out that the naming of the extensively reactive surface assumption is not
consistent in the literature. Extensively reactive surfaces are sometimes also referred
to as bulk- [11], or laterally reactive surfaces [8]. Allard and Attala [6], and others,
refer to extensively reactive surfaces as non-locally reactive surfaces, thus not being
able to distinguish between surfaces that scatter sound and those that do not. For
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locally reactive surfaces, luckily, there seems to be a wide consensus. All authors follow
the definition as given above, in line with the description in the well-known textbook
on acoustics of sound absorbing materials by Zwikker and Kosten [41].

1.1.2

Scattering

h

h

λ >> h

h

λ≈h

λ << h

Figure 1.4: Dependency of the type of reflection of a structured surface with the
wavelength λ and characteristic surface dimension h.

The way acoustic waves are reflected by a non-flat or rough homogeneous surface is
determined by the characteristic dimensions of the geometric variations of that surface.
Figure 1.4 illustrates this dependency. For large wavelengths, specular reflection with
respect to the mean surface occurs (left picture). Scattering, or diffuse reflection,
occurs when the wavelength is of the same order of magnitude as the variations of
the surface geometry (center picture). At wavelengths that are much shorter than
the characteristic dimensions, individual parts of the surface will lead to a change in
reflection (right picture). Similarly to the concept of optical resolution, one may speak
here of acoustical resolution.

1.1.3

Diffraction

The final aspect discussed here is diffraction. The term diffraction is used when
referring to the apparent bending of acoustic waves around objects, as for instance
occurs in the acoustic field behind road noise barriers, see Fig. 1.5. Due to acoustic
diffraction, acoustic waves are present in the field behind the barrier, reducing its
effect. The term diffraction is often also used when describing the disturbance of a
sound field due to the presence of objects, as for instance occurs when a microphone
or intensity probe is placed in an acoustic field.
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y [m]

6

0
2

x [m]

10

Figure 1.5: Diffraction of acoustic waves over a screen placed on an acoustically hard

surface. The waves are produced by a line source at (x,y) = (-2,0.5)[m]. Frequency:
400 Hz. Dimensions of the screen: h x w = 3 x 0.15 m.

1.2

Measurement of sound absorption

1.2.1

The sound absorption coefficient

In room- and building acoustics, the amount of sound absorption in a room is often
expressed in terms of the surface area A of a perfectly absorbing surface. W.C.
Sabine [30] was the first to relate the reverberation time T60 with the volume V , and
absorbing area Sabs of a room:
T60 = 0.16

V
Sabs

(1.1)

The absorbing area Sabs is often expressed as the product of the totally available
surface area in a room, and an effective mean sound absorption coefficient αm :
Sabs = αm S

(1.2)

If this surface area approaches the maximum possible area, a room is said to be dry. On
the contrary, a value approaching 0 indicates a very reverberant room. The area Sabs
has been expressed as square meters of open window, or metric sabins, after W.C.
Sabine. This way of indicating Sabs is not very common anymore. The absorbing
area Sabs is rather worthless in evaluating the effectivity with which sound absorption occurs. Therefore, the more meaningful sound absorption coefficient (sometimes
called the sound power absorption coefficient) α is used, expressing the capability of
a surface to dissipate acoustic energy when exposed to a certain, well-defined incident
acoustic field. On a linear scale, a value of 1 indicates complete absorption, whereas
a value of 0 denotes complete reflection.
A number of methods is available for the measurement of sound absorption coeffi-
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cients, of which some have been standardized. In such methods, the measurement is
performed in an acoustic field that is both well-defined and reproducible. The sound
absorption coefficient of surfaces that are exposed to an undefined acoustic field is
called the effective sound absorption coefficient, see for instance Beranek [10]. An
example of such a coefficient is the average apparent sound absorption coefficient of a
room, as determined by measuring the reverberation time and application of Sabine’s
formula. Generally, the effective sound absorption coefficient is dependent on the
position of the sound source. Although effective sound absorption coefficients can
generally not be compared, one can obtain a useful indication of the effectiveness of
sound absorbers in the actual application in this way.
Sound absorption coefficients can be measured with laboratory- or in situ methods.
These are presented in the following two sections.

1.2.2

Laboratory methods

Figure 1.6: Inter-laboratory variation of the statistical sound absorption coefficient of

the same sample, tested in 19 different laboratories, after Cops et al. [13]

Despite more than a century of developments in acoustic measurement methods, measurement of the sound absorption coefficient of a sample is still non-trivial. Representative for this statement is the method for measurement of the statistical sound
absorption coefficient αs in a reverberation room according to ISO 354 [4]. A particular drawback of this method is the inter-laboratory variability in the obtained sound
absorption curve, as found in a round robin test in the early 1980s wherein 19 laboratories participated. Fig. 1.6 shows the range in which the measured statistical sound
absorption coefficient varied. Cops [13] investigated the sensitivity of the reverberation
room method to changes in the measurement setup, and showed that, among other
factors, the position of the source and the sample, as well as the presence of diffusers in
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the room can have a significant influence on the result. In addition, unphysical values
of the sound absorption coefficient greater than 1.0 are common for well-absorbing
materials [34]. Remarkably, P.E. Sabine (not to be confused with W.C. Sabine) already noticed some of these phenomena according to a paper dated back to the year
1929 [29].
The statement that standardization does not imply that a method is beyond dispute,
is also applicable to normal incidence measurements by means of the transfer function
method acc. to ISO 10534-2 [1]. This method, performed with an impedance tube
(also called a standing wave tube, plane wave tube, or Kundt’s tube in the literature),
is sensitive to the mounting conditions of the sample as shown by analyses by Cummings [15], and Vigran et al. [35].
A large class of free-field methods, though non-standardized, is available for measurement of the normal acoustic surface impedance. For those methods that assume a
locally reactive surface, a measurement under normal incidence suffices to also predict
the sound absorption coefficient for oblique incidence. Nevertheless, oblique incidence
measurements are required for extensively reactive surfaces, and are useful in verifying
whether a local reaction assumption could be valid.

h

θ

M1

s

M2

d

sample
rigid backing
w

Figure 1.7: Typical setup for oblique incidence measurement in a free field using two

microphones.

A typical two-microphone setup is shown in Fig. 1.7. There are also many methods
employing a pu-probe instead of a two-microphone setup. For a more detailed review
of laboratory methods, the reader is referred to the book by Cox and d’Antonio [14].
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9

In situ methods

The term in situ methods is mostly used to describe methods with which the normal
acoustic surface impedance (and sound absorption coefficient) can be measured for the
surface of interest in its actual state. The actual state here means that the surface is in
its actual mounting condition, but that it is irradiated with well-defined acoustic waves.
The latter aspect is important in enabling comparability of results between different in
situ measurements, or between an in situ measurement and a laboratory measurement.
Accordingly, a well-defined acoustic field is required, demanding absence of spurious
reflections and edge-diffracted waves. As a consequence, one must either perform the
measurement such that these unwanted waves cannot influence the measurement, or
remove these from the measurement. An example of the first case is the spot method
for reflective surfaces acc. to ISO13472-2 [5]. This method is merely a variation
of ISO 10534-2 [1] with the difference that the impedance tube is now placed upon
the surface of interest. In the second case, unwanted waves are removed from the
measurement by truncation of the measured impulse response. Standardized impulse
response-based methods are the so-called Adrienne method acc. to CEN/TS 17935 [3], and the extended surface method for road surfaces, acc. to ISO 13472-1 [2].
Other, non-standardized, impulse response-based in situ methods are those by Wilms
and Heinz [37], Garai [20], Mommertz [27], Nocke [28], and Dutilleux et al. [18]. As
measurements at low frequencies demand a sufficiently long time-window, such measurements can only be performed in large spaces, where spurious reflections are absent.
To avoid edge-diffracted waves, the sample size must be large as well. Nocke [28] calculated a minimum of 12 m2 for frequencies down to 80 Hz by considering Fresnel
zones. Kimura [22] experimentally found a minimum surface area of 16 m2 for frequencies down to 400 Hz.
In the case of ground surfaces, one typically has a semi-free field, so that removal
of spurious reflections is only necessary if the surface of interest is small. Examples
of measurement methods are the transfer function method by Kruse [24], or methods
relying on measurement of excess attenuation, see for instance the work by Attenborough [9] or Taherzadeh [31].
Although designated as in situ methods, the methods by Lanoye et al. [25], Alvarez and
Jacobsen [7], and by Tijs and Druyvesteyn [33] are actually free-field methods, principally demanding a semi-free field as previously discussed in Sec. 1.2.2. Hirosawa [21]
and Brandão [12] showed that the influence of edge-diffracted waves can be reduced
by choosing a small source distance and a small distance of the pu-sensor to the surface.
Finally, Takahashi et al. [32] used background noise as the sound source, assuming
plane waves and that this noise is diffusely incident. They obtained reproducible sound
absorption coefficient curves in different measurement environments up to 1500 Hz.
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For a very detailed discussion of in situ measurement methods, the reader is referred
to De Geetere [17].

1.2.4

Practice in measurement of oblique incidence sound absorption coefficients

For oblique incidence measurements, free-field methods are the standard. For most in
situ methods this holds as well, as the truncated impulse response represents a freefield measurement. Furthermore, locally reactive surfaces are generally assumed. By
doing so, a single measurement of the normal acoustic surface impedance (typically
at normal incidence) is sufficient to be able to predict the oblique incidence sound
absorption coefficient.
All measurement methods are based on an overall model of the acoustic field in front
of the surface of interest. The adjective overall is used here to express that the model
can be used to calculate the whole acoustic field. Such overall models describe either plane- or spherical wave incidence upon a planar, locally-, or extensively reactive
surface of infinite extent in an otherwise free field. Accordingly, any deviation in the
actual field compared to the assumed field may lead to errors in the obtained results.
A number of possible causes for such errors is summarized in the following list.
• Incident waves are different from the assumed type of waves, mostly plane or
spherical waves.
• The surface model may be inadequate. A surface may be extensively- or nonlocally reactive instead of locally reactive.
• Finite sample size leads to edge-diffracted waves.
• Spurious reflections are present.
The above causes lead to errors that are, in fact, induced by the use of an overall model
of the acoustic field above the sample. In addition, measurement errors may occur.
Examples of such errors are positioning errors, and phase- and amplitude mismatch
errors.

1.3

Objective, approach and scope

Applying existing measurement techniques, the sources of error listed in Sec. 1.2.4,
lead to inaccuracies in the measured sound absorption coefficient. This is a dissatisfying situation, in particular for in situ measurements, as edge-diffraction and non-locally
reactive surfaces often cannot be avoided. Therefore, it makes sense to develop an
alternative approach that does not put stringent requirements on the measurement
setup. That is, a method that can be applied in non-ideal acoustic fields, where, in

1.3. Objective, approach and scope
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this context, ideal refers to acoustic fields that are computable. Therefore, the objective of the present work is formulated as follows:
Development of a novel method for the measurement of the normal- and
oblique incidence sound absorption coefficient, suitable for application in nonideal sound fields.
Research approach. In order to determine the sound absorption coefficient, the
incident acoustic intensity and active acoustic intensity must be known. To be able
to do this, the acoustic field must be separated or decomposed in such a way that
the amplitude of the incident waves can be determined. Actually, there is no need to
employ an overall model of the acoustic field for this purpose. Following the original
idea by Wijnant, Wijnant et al. [36] showed that a local decomposition may suffice.
This is the approach followed in this thesis.
A second aspect of the research approach is the concept of area-averaged measurements, which was also introduced in the same paper by Wijnant et al. [36]. Measurement of an area-averaged sound absorption coefficient instead of a point-based sound
absorption coefficient is useful for two reasons. The first reason is the fact that the
sound absorbing capacity of inhomogeneous or structured surfaces is more functionally
expressed in an area-averaged sense. The second reason is related to the presence of
disturbing waves, such as room reflections or edge-diffracted waves. A point-based
measurement is more likely to be influenced by the presence of such waves than one
that is area-based. Therefore, the concept of area-averaging might be helpful in performing measurements in non-ideal, or even in situ, acoustic fields. For these reasons,
the concept of area-averaging is investigated as well.
Scope. The scope of the present research is confined to stationary acoustic fields
and linear acoustics. Application of the developed method(s) in non-ideal acoustic
environments is targeted.
The resulting method(s) will ideally be capable of determining the sound absorption
coefficient for a wide variety of surfaces. These may be of the locally-, extended-, or
non-locally reacting type. It is not the objective of this work to also determine the
acoustic surface impedance. Accordingly, the obtained results can be used in quality
control or in ray-based room acoustic simulations, but not in boundary element- or
finite element simulations. The latter also holds for outdoor sound propagation models that require the acoustic surface impedance of the ground as an input parameter.
Further applications are quality control and engineering measurements.
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Outline

The present research has led to 4 research papers, each of which is presented in a separate chapter. The advantage of this way of presentation is that one may read a single
chapter without missing information as the papers are self-contained. However, as
the papers partly share some content, redundancies in the presentation of information
could not be avoided. The author apologizes for any inconvenience in this respect.
Chapter 2: In this chapter, the characterization of a novel 3D MEMS-microphone
based sound intensity probe is presented. Although this subject differs quite a
lot from that of the following chapters, the realization of this 3D probe has been
indispensable in obtaining the experimental results in this work. This chapter
describes the design of the probe, and presents a novel free-field calibration
method with which its relative amplitude and phase errors can be determined.
Chapter 3: The first measurement method that has been developed is the Local Plane
Wave (LPW) method. This method inherited its name from the underlying local
plane wave assumption, and is suitable for near-normal incidence. The incident
acoustic intensity at a certain point in the field can be determined by local
measurement of the acoustic pressure and particle velocity. Accordingly, a puor pp-probe can be applied. The LPW-method is investigated numerically in
this chapter. The effect of area-averaging is investigated for different absorbers,
in the presence of reflected waves from an adjacent boundary. The results are
compared with an existing point-based method. Finally, the sensitivity of the
sound absorption coefficient to the measurement distance is investigated.
Chapter 4: Following the conclusions of the preceding chapter, further investigations
on the influence of the measurement distance are carried out. An approach is
developed to compensate for the amount of active acoustic power that leaks
away from, or that enters the space between the measurement surface and the
material surface. To be able to include this compensation in measurements, the
probe described in chapter 2 is applied. The effectiveness of the compensation
is investigated by performing experiments on two different surfaces. In addition,
the effect of variation of the area of the measurement surface is investigated.
Chapter 5: For measurement of the normal- or oblique incidence sound absorption
coefficient, a different field assumption has been conceived. This assumption is
referred to as the Local Specular Plane Wave assumption, hence, the method
is called the LSPW-method. Except for the underlying assumption, the LSPWmethod is identical to the LPW-method. This chapter presents the theory of
this method, along with experimental results.
Chapter 6: This chapter presents the conclusions of the present research. Finally,
recommendations for further work on this topic are given.

References
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Chapter 2

Development and calibration
of a MEMS-microphone
based 3D sound intensity
probe1
Abstract
This paper describes a novel three-dimensional sound intensity probe consisting of 8
MEMS (micro-electromechanical systems) microphones and a novel free-field calibration method. The use of MEMS-microphones allows for a very compact design
compared to probes that employ 1/2-inch condenser microphones. A novel free-field
calibration method, based on the principle of microphone interchange, is developed to
determine the relative amplitude- and phase errors. An advantage of this method is
that is does not require knowledge of the radiation characteristics of the sound source.
By repeating the calibration at different positions from the source, a relative amplitude
accuracy of less than 2% and relative phase accuracy of less than 0.2◦ are obtained
between 1300 and 3000 Hz. Using the calibration results, the measured cross-spectral
density matrix can straightforwardly be corrected. Such a correction is useful up to
3000 Hz, as above this frequency, probe-induced diffraction becomes noticeable.

1 Reproduced from: E.R. Kuipers, Y.H. Wijnant, and A. de Boer, Development and calibration of
a MEMS-microphone based 3D sound intensity probe. Submitted to Applied Acoustics
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Introduction

With the advent of micro-electromechanical systems (MEMS) in consumer electronics, the application of MEMS-microphones in acoustical engineering is now advancing
as well. Relative to their size and cost (typically less than $3 per piece), modern
MEMS-microphones offer an excellent performance. Despite their small size, MEMSmicrophones have a self-noise level that is comparable to that of 1/4”-condenser measurement microphones. A further advantage of MEMS-microphones is their lower
sensitivity to vibration compared to condenser measurement microphones or electret
condenser microphones [13]. Application is critical a) in cases of high sound levels,
due to the occurrence of high harmonic distortion, and b) in cases involving low sound
levels at low frequencies.
Their low cost and small size gives them a considerable advantage over condenser
measurement microphones, in particular when applied in microphone arrays, as for
instance described by Arnold et al. [3], and Hafizovic et al. [9]. Another application of MEMS-microphones that could benefit in terms of cost and size is in sound
intensity probes. In this paper, we present such a probe. It is a 3D probe consisting
of 8 digital MEMS-microphones, referred to as 8p-probe in the following. The term
digital emphasizes that these microphones produce a digital output signal, as opposed
to those that produce analog output signals.
3D intensity probes can be used for many purposes. Besides the measurement of
sound intensity and -power, such probes can be used as energy density sensors [6, 19]
and used for source localization [10]. The envisioned purpose of the 8p-probe is in measurement of the sound absorption coefficient, as reported by Kuipers et al. [15, 14, 16].
Nevertheless, this probe can be used for the aforementioned purposes as well.
Minimization of relative amplitude- and phase errors is of high importance in accurately determining sound intensity, as discussed by Jacobsen and De Bree [11]. One
possible way to calibrate the probe is to use an impedance tube. However, the dimensions of the 8p-probe require a tube with an inner diameter of at least 10 cm, causing
the maximum frequency of the calibration to be lower than 2000 Hz. This value is
much lower than the desired maximum calibration frequency of 6000 Hz.
Therefore, a free-field method is considered to be a better alternative. Miah and Hixson [17] applied such a method for a 3D intensity probe consisting of 7 microphones.
Calibration of their probe was straightforwardly performed by aligning all microphones
on a single plane. After absolute amplitude calibration of the center microphone with a
reference microphone, the relative amplitudes and phases are determined using a freefield measurement. As the microphones of our 8p-probe cannot easily be brought into
one plane, this approach cannot be followed. Nagata et al. [18] used a combination
of a reference intensity probe and rotation of the probe in front of a loudspeaker to
determine the phase errors. A disadvantage of this approach is that the accuracy of the
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calibration depends on the amplitude- and phase errors of the reference intensity probe.
For a pu-probe, Jacobsen and Jaud [12] applied a free-field method using different
source types. Basten and De Bree [4] performed calibration measurements in an anechoic room using a speaker in a spherical housing. Both approaches have in common
that the behavior of the source has to be known a priori. Deviations from the assumed
radiated sound field therefore lead to inaccuracies in the calibration. To overcome the
aforementioned issues, we have developed a novel free-field calibration method. This
method is based on the concept of microphone interchange as employed in the transfer
function method for normal incidence absorption measurements using an impedance
tube [7, 2].
This paper is structured as follows: First, the design of the probe is presented in
Sec. 2.2. This section is followed by a discussion of the determination of the sound intensity vector in Sec. 2.3. The calibration method is elucidated in Sec. 2.4 after which
a few factors influencing the accuracy of the calibration are discussed in Sec. 2.5. The
results of the calibration are discussed in Sec 2.6.

2.2

Description of the 8p-probe

Holder

z
y
x

Microphone (8x)
Spacer
Detail in Fig. 2

Spacer

Figure 2.1: Prototype 3D sound intensity probe.

A prototype of the 8p-probe is shown in Figs. 2.1 and 2.2. It consists of 4 electronic
prints, each of which carries 2 MEMS-microphones. The microphone spacing equals
20.0 mm in the x- and y-directions, and 23.1 mm in the z-direction. Two precisely
manufactured spacers with a dimensional tolerance of less than 0.1 mm are used to
maintain the spacing. The main features of the probe are the small microphones,
enabling measurements close to the surface of a sample in sound absorption measurements, and its slender design, to minimize probe-induced diffraction.
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20
.0

mm

Figure 2.2: Detail of Fig. 2.1.

The microphones are type ADMP441 produced by Analog Devices [1]. These microphones are bottom-ported; i.e. the acoustic waves enter the microphone port through
a small hole in the electronic print. The small diameter of this port (0.25 mm)
ensures an omnidirectional characteristic. The dimensions of the microphones are
4.72x3.76x1.00 mm. The main specifications of the microphones, listed in [1], are
shown in Table 2.1.
Sensitivity at 94 dB SPL
Frequency response (60-15000 Hz)
Signal to noise ratio (SNR)
Equivalent input noise (EIN)
Maximum sound pressure level
THD at 104 dB SPL
Dynamic range
Sample rate

-26
-3/+2
61
33
120
3
87
48

dBFS
dB
dB(A)
dB(A)
dB
%
dB
kHz

Table 2.1: Microphone specifications, after [1]

2.3

Theory

In this section, the determination of the active acoustic intensity vector with the 8pprobe is presented. The most straightforward way to determine this vector is to proceed
similarly as for a 3D probe that consists of three pairs of 2 microphones (a 6p-probe).
This way, one can apply the theory for a unidirectional pp-probe for each orthogonal
direction separately. In the following, linear acoustics and pure tones are assumed,
i.e. the sound field fulfills the Helmholtz-equation. We use the eiωt convention, i.e.
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p(r, t) = Re[P (r)eiωt ], capitals denote quantities in the frequency domain, and bold
printed letters indicate vectors or matrices.

z
5

7
8
1
front side

rear side

6 y
3

2

4 x
sy

Figure 2.3: Numbering of the microphones.

The origin of the coordinate system
coincides with the geometric center of the probe.
The theory is shown for the y-direction as an example. For the other directions, one can
proceed likewise. Figure 2.3 shows the definition of the directions, and the numbering
of the microphones. As an example, we consider the active acoustic intensity in the
positive y-direction. To this purpose, we define a front (f) and a rear (b) side (both
indicated with gray color), see Fig. 2.3. The front acoustic pressure is the acoustic
pressure at the square marker, defined as the average of the acoustic pressures of
microphones 1, 2, 7, and 8. Accordingly for the rear acoustic pressure, microphones
3, 4, 5,and 6 are used. The spectral density of the active acoustic intensity in the ydirection can be determined using the formulation for a unidirectional pp-probe given
by Fahy [8]:

Iac,y (ω) =

− Im[Gfr (ω)]
,
ρ0 ωsy

(2.1)

where ρ0 is the mass density of air, ω the radial frequency, and sy the microphone
spacing in the y-direction. According to the definition by Bendat and Piersol [5, p.71],
Gfr is the single-sided cross-power spectral density of the complex acoustic pressures
Pf and Pr , obtained by averaging over nq data segments:

Gfr =

nq
2 X
(Pf )q (Pr )q ,
nq T q=1

(2.2)

where q is the index of the data segment, nq the total number of data segments in one
measurement, T the duration of one data segment, and the overbar denotes complex
conjugation. The dependence on ω is omitted for brevity. Pf and Pr are the finite
Fourier Transforms of the acoustic pressures in data segment q. The mean acoustic
pressures at the front- and rear side are given by
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1
(P1 + P2 + P7 + P8 ) ,
4
1
Pr = (P3 + P4 + P5 + P6 ) .
4
Pf =

(2.3)
(2.4)

The calculation of Gfr in Eq. (2.2) using expressions (2.3) and (2.4) results in averaging
of 16 cross-spectral densities. As the active acoustic intensity is also to be determined
for the other two orthogonal directions, it is useful to use the cross-spectral density
matrix. This matrix is defined as
C=

nq
2 X H
P Pq ,
nq T q=1 q

(2.5)

where Pq = [P1 . . . P8 ]q is a row vector containing the finite Fourier Transforms of
data segment q for a certain frequency ω. The superscript H indicates the Hermitian
transpose. Then, the multiplication of the two terms in brackets in Eq. (2.2) results in
simply taking the mean of the corresponding 16 elements of the cross-spectral density
matrix:

Gfr =

1
×[
16
C13 + C14 + C15 + C16 +
C23 + C24 + C25 + C26 +
C73 + C74 + C75 + C76 +
C83 + C84 + C85 + C86 ].

(2.6)

The spectral density of the reactive acoustic intensity in the y-direction for the 8p-probe
becomes
Ire =

Gff − Grr
,
2ρ0 ωsy

(2.7)

where Gff and Grr are the average auto-power spectral densities of the acoustic pressures measured at front and rear side, respectively.

2.4

Calibration procedure

In this section, a novel free-field method for the amplitude- and phase calibration
of the 8p-probe is presented. This procedure can also be applied for calibration of
other probes that consist of multiple microphones. The calibration setup consists of
two configurations, shown in Figs. 2.4(a) and (b). Configuration A shows a sound
source with the probe at position y = h on the axis of the source. The second
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configuration, B, is identical to configuration A, but the microphone positions are
interchanged by a 180o rotation of the probe. This rotation has to be performed
about the geometric center of the probe, indicated by the black dot in the figure. It is
assumed that the source has a radially symmetric directivity characteristic, so that the
amplitude and phase of the acoustic waves is equal at all microphones that lie upon a
plane at a distance h from the source.
M4

M2

M3

M1

sx
y

sy

A

h

(a)
M1

M3

M2

M4

sx
y

sy

B

h

(b)
Figure 2.4: Calibration setup. (a) Configuration A. (b) Configuration B.

First, a measurement is performed in configuration A. Then, the probe is rotated and
a measurement in configuration B is carried out. The cross-spectral density matrix obtained by the first measurement in configuration A, is designated by C0A . Accordingly,
the cross-spectral density matrix for the second measurement is designated by C0B .
The prime indicates that these matrices still contain amplitude and phase errors. The
0
(A)
measured cross-spectral density between channel m and n in configuration A, Cmn ,
can be expressed as the product of a complex error term and the true cross-power
(A)
spectral density Cmn :
0

(2.8)

(A)
(A)
Cmn
= M̂m M̂n ei(φn −φm ) Cmn
,

where M̂m and M̂n are the amplitude errors of microphones m and n, and φn − φm
is the relative phase error between microphones m and n. Normalization of this
expression with the measured auto-power spectral density of channel 1 yields
0

0 (A)

C11
0

(A)

(A)

(A)

(A)

Cmn

= M̂m M̂n ei(φn −φm )

Cmn

0 (A)

C11

.

(2.9)

As C11 = M̂12 C11 , where M12 is the squared amplitude error of channel 1, the above
expression can be formulated as
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0

(2.10)

(A)
(A)
Hmn
= Emn Hmn
,

where
0

0

(A)
Hmn

=

(A)

Cmn

,

(2.11)

,

(2.12)

0 (A)

C11

(A)

(A)
Hmn
=

Cmn

(A)

C11

and
Emn =

M̂m M̂n ei(φn −φm )
M̂12

,

(2.13)

is element (m, n) of the error matrix E containing the relative amplitude and phase
(A)
errors. Hmn in Eq. (2.10) is element (m, n) of the true normalized cross-spectral
matrix.
For configuration B, Eq. (2.10) becomes
0

(B)
(B)
Hmn
= Emn Hmn
.

(2.14)

Because the microphone positions are interchanged in configuration B, the following
equality holds:
(B)
Hmn
=

1
(A)

Hmn

.

(2.15)

This expression relates Eq. (2.10) with Eq. (2.14), so that one can solve for Emn to
obtain
q
Emn =

0 (A)

0 (B)

Hmn Hmn .

(2.16)

In this way, the matrix E containing the relative amplitude and phase errors is obtained
from the element-wise product of the two measured transfer function matrices for
configurations A and B. In matrix form, Eq. (2.16) reads:
E=

p

H0 (A) ◦ H0 (B) ,

(2.17)

where the operator ◦ denotes the Hadamard product, indicating element-wise multiplication, the square root sign indicates taking the element-wise square root, and
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0

0

H (A) =

C (A)
0 (A)

C11

,

(2.18)

.

(2.19)

0

0

H (B) =

C (B)
0 (B)

C11

With Eq. (2.17), one can readily evaluate the relative amplitude and phase errors of
the probe by solely considering the first row of E, as channel 1 was chosen to be the
reference channel.
To further reduce the influence of random errors, it is proposed to spatially average matrix E by repeating the procedure above at multiple positions y, see Fig. 2.4,
according to
Eav =

2.4.1

N
1 X
E
N j=1

(2.20)

Correction of the cross-spectral density matrix

Once the spatially averaged matrix Eav , according to Eq. (2.20), containing the relative amplitude and phase errors, is known, one can employ it to correct the crossspectral matrix with which the sound intensity vector is calculated. From Eq. (2.9)
and Eq. (2.13), it follows that element (m, n) of the measured cross-spectral matrix
can be expressed in terms of the true cross-spectral density matrix by
0
Cmn
= M̂12 Emn Cmn .

(2.21)

Solving for Cmn , and switching to matrix form, it follows that the true cross-spectral
matrix can be calculated with
C=
where the star

∗

1
M̂12

E∗av ◦ C0 ,

(2.22)

indicates taking the element-wise reciprocal value:
∗
Emn
=

1
Emn

.

(2.23)

The only remaining unknown in Eq.(2.22) is the amplitude error of microphone M̂1 .
Determination of this quantity is only required if one is interested in absolute sound
intensity levels, and can be performed with a reference microphone or with a plane
wave tube. However, for purposes where only relative quantities are of interest, for
instance when measuring sound absorption or localizing sources, this is not necessary.
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Considerations on accuracy

In this section, we discuss a few possible sources of error in the calibration method.
First, a possible rotation of the probe in a plane wave field is considered. A deviation
in the orientation of the probe in either one of the configurations A or B, see Fig. 2.5,
is not problematic, as long as the probe is rotated from this state about 180o in the
other configuration. If, in only one of the configurations, an orientation error (angle
θ) is present, significant phase errors may result. In Fig. 2.5, a rotation about a small
angle θ leads to a phase difference ∆φ = k∆x ≈ ksx θ between microphones 1 and 2.
This implies that, for a spacing sx = 20 mm, a rotation of about 1o already leads to
a phase difference of 0.37o at 1000 Hz. On the contrary, the rotation-induced phase
error between microphones 1 and 3, or 2 and 4, is much smaller, only 0.003o .
θ

2

4
sx
1
∆x

3
sy

Figure 2.5: Rotation of the probe about its geometric center, plane waves are incident

from the right.

Following this analysis, one should ensure that the probe rotation between configurations A and B matches 180o as well as possible. That is, only allowing for a very small
◦
tolerance, say 180±0.3 to ensure that the maximum rotation-induced phase difference
does not exceed 0.2o at 1000 Hz.
If one does not succeed in achieving such narrow tolerances, it is advisable to limit the
phase calibration to those channels that are not on the same y-plane as the reference
microphone. For the configuration shown in Fig. 2.5, this implies that only the relative
phase errors of microphones 3 and 4 with respect to microphone 1 are determined. In 3
dimensions, this would be microphones 3, 4, 5, and 6, see Fig. 2.3. To determine the
relative phase errors of the remaining microphones, one has to repeat the calibration
procedure two times, each time with a differently oriented probe, resulting in a total
of 6 series of measurements. In our setup, we used 2 machined parts to ensure that
the rotation of the probe would match 180o . Accordingly, the results of our calibration
in Sec. 2.6 were obtained with only 2 measurements.
Incidence of non-plane waves is another aspect that can lead to a reduction of the
accuracy. If this is the case, the phase difference between a microphone located at
y = h and one located at y = h+sy will not exactly equal ksy , see Fig. 2.6. Figure 2.7
shows the phase error between microphones 2 and 4 caused by spherical- instead of
plane wave incidence as a function of the distance to a point source for three different
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M4

M2

sx
M3

M1

L4

L2
Q
x

sy

h

Figure 2.6: Configuration A, in which the source is replaced with a point source Q.

frequencies. At 10 kHz, the phase error can easily be reduced to below 0.1o by choosing
a source distance y ≥ 0.32 m.
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Figure 2.7: Phase error caused by spherical- instead of plane wave incidence between

two microphones that are both 10 mm off-axis and having a spacing of 20 mm.

A further source of error is instationarity of the environmental conditions. Although
the calibration method does not require knowledge of the speed of sound or mass
density of air, for validity of Eq. (2.15), it is important that the properties of the
medium do not change with time. Therefore, favorable setups are those that allow a
rapid switch to both measurement configurations.

2.6

Calibration results

The novel calibration method presented in Sec. 2.4 has been verified experimentally,
using the setup shown in Fig. 2.8. In addition, a separate amplitude calibration measurement has been performed using an impedance tube. In the absence of an anechoic
room, the free-field measurement setup is located in a large well-absorbing room with
dimensions 6x6x5 m3 . As other equipment was also present in this room, the setup
was placed such that a minimum distance of 2 m to the equipment was maintained.
To reduce reflections from the grid floor and a panel in the corner of the room, sheets
of 50 mm thick melamine resin were used to partly cover these. This foam has a
diffuse incidence sound absorption coefficient αS greater than 0.95 for frequencies
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above 1000 Hz. Therefore, it is reasonable to assume free-field conditions above this
frequency.

XY-positioning robot
Loudspeaker
Front-end
Probe

84 cm

Figure 2.8: Setup for amplitude and phase calibration.

The probe to be calibrated, shown before in Fig 2.1, is mounted on a PC-controlled
xy-positioning robot. The probe is aligned such that its direction of movement, and
its geometric center, coincide with the axis of the loudspeaker, in accordance with
Fig. 2.4(a). The robot has a positioning accuracy better than 1.0 mm.
We used a small loudspeaker driven with white noise as a sound source. This loudspeaker is radially symmetric with respect to its axis and has a housing 80 mm in
diameter. Its membrane diameter equals 23 mm. Due to its small size, low frequencies were hardly radiated, causing the coherence between the microphone signals to fall
below 0.95 for frequencies below 1300 Hz. Correspondingly, results are shown above
this frequency. Data-acquisition is realized with a 40-channel digital front-end that is
connected to a PC.
The calibration measurement is performed as follows. First, 21 measurements are
recorded at 21 different distances from the loudspeaker. After a 180o rotation of the
probe about its geometric center, this procedure is repeated. The probe moved 25
mm per step, so that a total distance of 0.5 m was covered. The initial distance of
the probe h to the membrane of the speaker was 0.84 m.
The 8 acoustic pressure signals from the probe were recorded at a sample rate of
48 kHz. By using FFT-blocks of 4096 samples, we obtained a frequency resolution of
11.7 Hz. During each measurement, data was recorded during 10 s. Including probe
reversal, performing two series of 21 measurements took about 30 min. Ambient pressure, temperature and relative humidity were monitored during the measurements, and
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|H11| [−]

did not show any changes on the monitoring device during the measurement, so that
the environment can be considered stationary.
Following the procedure in Sec. 2.4, the relative amplitude and phase errors were
obtained. Figure 2.9, shows the relative amplitude error vs. frequency for channels
1-4. Figure 2.10 contains the curves for channels 5-8. Channel 1 was chosen as
the reference channel, and its absolute amplitude error was left undetermined as we
only require a relative calibration. Therefore, the curve of channel 1 is set to a value
of 1. The gray curves represent the data obtained in the free-field, and the black
curves were obtained with an impedance tube. The latter were only determined for
channels 3, 5, and 7. The diameter of the impedance tube equaled 100 mm, so that
the first transversal mode is cut-on at approx. 2000 Hz. Therefore, these results are
only shown up to 1900 Hz.
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Figure 2.9: Amplitude errors for Ch. 1-4.

The curves obtained with the impedance tube agree well with those obtained with
the quasi free-field method. A comparison of the results obtained with the impedance
tube indicates that the accuracy of the amplitude calibration is better than 2% or
0.17 dB between 1300 and 1900 Hz. All relative amplitude errors are within ±10%, or
0.83 dB. These errors represent the combined effect of production variation and the
whole data-acquisition chain.
Up to ca. 3000 Hz, the amplitude errors seem to be independent of frequency. Above
3000 Hz, some curves become distorted. As the curves of the unevenly numbered
channels seem to show less distortion than those of the evenly numbered channels, we
suspected that this distortion is caused by acoustic diffraction of the sound waves by
the probe itself. To verify this, we simulated acoustic diffraction with an acoustic FEmodel of the probe with the FE-software package COMSOL. This simulation model
represented the setup shown in Fig. 2.4. Cables, screws, and components smaller
than 2 mm were not modeled. We performed a scattering analysis, assuming plane
wave incidence. In Fig. 2.11, the magnitude of the simulated transfer function H12 is
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Figure 2.10: Amplitude errors for Ch. 5-8.
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Figure 2.11: Measured and simulated amplitude error of channel 2 with respect to

channel 1.

compared with the measured relative amplitude error between channels 1 and 2. Up
to 4 kHz both curves agree very well. The deviation between the measured- and the
simulated curve above 4 kHz, is likely to be caused by missing details in the model,
such as the cables. The scattered wave at 4 kHz is shown in Fig. 2.12. From this
figure, it becomes clear that the main cause for scattering at this frequency is the
holder of the probe, see Fig. 2.1. We conclude that the distortion of the amplitude
error curves in Figs 2.9 and 2.10 is indeed caused by acoustic diffraction.
The relative phase errors are shown in Fig. 2.13 for channels 1-4 and in Fig. 2.14
for channels 5-8. The original curves (solid gray) are overlaid with a smoothed curve
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Figure 2.12: Scattered wave at 4000 Hz. The incident plane waves have amplitude 1

[Pa] and propagate in the y-direction. In this figure, the pressure minimum (blue) is
-0.44 [Pa], the pressure maximum (red) equals 0.24 [Pa].
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Figure 2.13: Phase errors for Ch. 1-4.

(solid black) that is obtained with a 20-point moving average filter covering all discrete
frequencies in a 234 Hz wide band. The smoothed curve still contains random-like
amplitude variations. These variations are approx. ±0.2o .
The relative phase error curves are almost straight up to 3000 Hz. Similar to the
relative amplitude error curves, the curves become more distorted above this frequency, due to acoustic diffraction. Using the aforementioned acoustic FE-model of
the probe, we also calculated the diffraction-induced phase error between channels 1
and 2. Figure 2.15 shows the measured and the simulated phase error. Although the
curves do not match exactly, they certainly follow the same trend.
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Figure 2.14: Phase errors for Ch. 5-8.
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Figure 2.15: Measured and simulated phase error of channel 2 with respect to channel 1.

Despite probe-induced diffraction, the maximum relative phase error stays under 3o for
frequencies up to 6000 Hz. Below 3000 Hz, a maximum relative phase error of 1.3o is
observed.
Small variations in the microphone spacing may also cause the relative phase error
curves to be non-flat. Such variations lead to linear trends. If one switches to a linear
frequency scale for channel 3 in Fig. 2.13, a linear trend is clearly visible. Apparently,
the spacing between microphone 1 and 3 is slightly smaller than 20.0 mm. Nevertheless, including small spacing errors and diffraction, the maximum relative phase error
equals 1.3o up to 3000 Hz. Between 3000 and 6000 Hz, this error can rise up to 3o .
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The curve of channel 7 in Fig. 2.14 is very flat, and is hardly distorted by diffraction. The explanation for this behavior lies in the symmetry of the probe with respect
to the xy-plane, see Fig. 2.3, so that diffraction will have the same effect on channel 7
as it has on channel 1 for incidence in the y-direction. The flatness of the curve of
channel 7 indicates that all used MEMS-microphones are probably tightly matched,
but that diffraction reduces the degree of matching of the other microphones to microphone 1.
1
Max.
Min.
0.5

[dB]

0

−0.5

−1

−1.5
1300

1600

2000

f [Hz]

2500

3000

Figure 2.16: Error bounds for the sound intensity level accounting for relative amplitude

errors up to 2% and phase errors up to 0.2o .

In Sec 2.4.1, it was shown that, using the calibration results, the measured crossspectral density matrix can be corrected. Doing so, and accounting for the remaining
error after calibration of 2% in the relative amplitude and 0.2o in the relative phase,
one can calculate the maximum and minimum bounds of the active sound intensity.
Doing so for a single component of the sound intensity vector, and following a worstcase approach, we obtained the error bounds for the sound intensity level shown in
Fig. 2.16. The effect of the finite difference error sin(ks)/ks as described by Fahhy [8]
is also included in this figure. The maximum error of the intensity level occurs at
3000 Hz and equals -1.1 dB. Excluding the finite difference error, the maximum error
is equal to 0.3 dB.

2.7

Conclusions

In this paper, a novel design for a 3D sound intensity probe is presented. It is shown
that MEMS-microphones can be used to build a cost-effective, compact, and slender 3D intensity probe (8p-probe). The compactness of this probe makes it possible
to perform measurements of the sound absorption coefficient close to the surface of
interest. The active intensity vector is determined by considering the mean acoustic
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pressure of each side of the probe, so that each orthogonal component of the active
intensity vector requires the calculation of 16 cross-spectra.
Furthermore, a novel amplitude- and phase calibration method is presented. This
method can be applied for sound intensity probes that consist of multiple microphones.
It is a free-field method and employs the principle of microphone interchange, known
from measurement of the sound absorption coefficient in an impedance tube. Reduction of random errors is realized by repeating the measurements at different spatial
positions. Using this calibration method, the relative amplitude- and phase errors in
the cross-spectral density matrix can be compensated for. If absolute intensity levels
are required, an additional absolute calibration of a single microphone of the probe is
required.
Comparison with results obtained with an impedance tube indicates that the accuracy of the amplitude calibration is better than 2% or 0.17 dB. By using a moving
average filter, the variations of the phase error curves are reduced to ±0.2o . The
remaining amplitude- and phase errors lead to a maximum deviation of ±0.3 dB in
the sound intensity level of a single component of the intensity vector for frequencies
1300-3000 Hz, compared to the theoretical case of a perfectly calibrated probe.
The results of the calibration measurements indicate that the probe is suitable for
measuring sound intensity accurately up to approx. 3000 Hz. Above this frequency,
the amplitude- and phase errors increase due to probe-induced diffraction.
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Chapter 3

A numerical study of a
method for measuring the
effective in situ sound
absorption coefficient1
Abstract: The accuracy of a method [Wijnant et al., “Development and application
of a new method for the in-situ measurement of sound absorption”, ISMA 31, Leuven,
Belgium (2010)], for measurement of the effective area-averaged in situ sound absorption coefficient is investigated. Based on a local plane wave assumption, this method
can be applied to sound fields for which a model is not available. Investigations were
carried out by means of finite element simulations for a typical case. The results show
that the method is a promising method for determining the effective area-averaged in
situ sound absorption coefficient in complex sound fields.

3.1

Introduction

Measurement of the in situ sound absorption coefficient is hardly possible in small
enclosures, such as cars or small rooms. This difficulty originates from the definition
of the in situ sound absorption coefficient: it is the sound absorption coefficient for a
specified angle of incidence for the in situ structure in a semi-anechoic field. See, for
example, Brandão [2]. Accordingly, in situ sound absorption measurement methods
are intended for measurements in semi-anechoic fields [2, 1, 3, 9, 8]. Exceptions are
methods that employ a time-windowing technique [7, 10, 11]. However, in small enclosures, measurements at low frequencies cannot be performed as the length of the
1 Reproduced from: E.R. Kuipers, Y.H. Wijnant, and A. de Boer, A numerical study of a method
for measuring the effective in situ sound absorption coefficient, J. Acoust. Soc. Am. 132(3) (2012)
EL236-EL242.

38

Chapter 3. Numerical study of the LPW-method

time-window needs to be very short to gate out spurious reflections.
A measurement concept that is likely to function well in small enclosures, is the method
described by Takahashi et al. [13]. Here, the normal surface acoustic impedance is
measured while the sample is exposed to environmental ambient noise (EA-noise).
Otsuru et al. [12] and Din et al. [5] analyzed this method in more detail, and showed
that accurate results can be obtained, even at low frequencies. Otsuru et al. conclude
that ensemble averaging over multiple spatially distributed incoherent sources is an
effective means of reducing the undesirable effects of edge-diffracted waves and other
interfering waves.
Instead, one could consider the concept of area-averaging to reduce the aforementioned effects. This is the approach followed by the measurement method discussed in
this paper, as presented firstly by Wijnant et al. [14]. This method is based on a Local
Plane Wave assumption, and is therefore hereafter referred to as the LPW-method.
This method is devised for use in stationary sound fields, and generally yields the effective in situ sound absorption coefficient, being an indicator of the sound absorbing
performance of an in situ structure in the actual sound field. Although the effective
area-averaged in situ absorption coefficient is not directly comparable with laboratory
coefficients, we believe that it is of practical value. Purposes are quality control or the
evaluation of the absorbing performance of an absorber in the actual sound field, for
instance, if room-acoustic performance indicators are out of specification.
In this paper, the accuracy of the LPW-method is investigated. To this purpose,
we performed an acoustic finite element analysis to simulate the determination of the
effective area-averaged sound absorption coefficient for a sound field with multiple
reflections. Influences of the distance of the measurement surface to the surface of interest, the size of the surface area, and the surface impedance, were investigated. The
results are compared with those obtained by an existing measurement method. The
theory of the LPW-method is introduced in Sec. 3.2. The results of the investigations
are presented and discussed in Sec. 3.3.

3.2

Theory

In this section, we introduce the LPW-method through a concise presentation of the
theory given by Wijnant et al. [14]. The LPW-method has been devised for stationary
sound fields, and therefore the theory will be shown for the case of pure tones. The
objective of the LPW-method is to determine the effective area-averaged sound absorption coefficient αLP W (ω) of a measurement surface S 0 at a distance d from the
material surface Sm , see Fig. 3.1. It is reasonable to assume that this coefficient is
an accurate estimate if d is sufficiently small. Therefore, it is not necessary to have
an overall sound field model with which the surface impedance at the material surface
can be calculated.
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αLP W (ω) is defined as the ratio of the active and incident sound power with respect
to surface S 0 :
R
αLPW (ω) =

Iac (r, ω) · n dS
,
I (r, ω) dS
S 0 in

SR0

(3.1)

where Iac (r, ω) is the active sound intensity vector, Iin (r, ω) is the incident sound
intensity perpendicular to the surface S 0 , vector r indicates the spatial position, ω
is the radial frequency, and the direction vector n = −nS where nS is the surface
normal. Determination of the active sound power is possible by using existing sound
intensity measurement techniques [6, 4], and is therefore not discussed in this paper.
It is the determination of the incident power that is addressed by the LPW-method.
To this purpose, we formulated the local plane wave assumption, from which the
LPW-method inherited its name: in any point on S 0 , its location defined by r, and
in direction n, we locally approximate the sound field by an incident plane wave with
complex amplitude A(r, ω) traveling towards Sm , and an oppositely directed reflected
plane wave with complex amplitude B(r, ω). According to this assumption, the sound
pressure and particle velocity in direction n can be written as
P (r, x, ω)
U(r, x, ω) · n

= A(r, ω)e−ikx + B(r, ω)eikx ,

1 
=
A(r, ω)e−ikx − B(r, ω)eikx ,
ρ0 c0

(3.2)
(3.3)

where x is a spatial coordinate aligned with n, ρ0 is the density, c0 the speed of sound,
and k is the wavenumber. Setting x = 0 at the point of consideration and solving for
both A(r, ω) and B(r, ω) yields:
1
A(r, ω) =
[P (r, ω) + ρ0 c0 U(r, ω) · n] ,
(3.4)
2
1
[P (r, ω) − ρ0 c0 U(r, ω) · n] ,
(3.5)
B(r, ω) =
2
A(r, ω) and B(r, ω) generally vary with position. Associating the incident sound
intensity with the incident wave, the incident sound intensity becomes:
2

Iin,n,LPW (r, ω) =

|A(r, ω)|
.
2ρ0 c0

(3.6)

The reflected sound intensity can be determined by replacing A(r, ω) by B(r, ω) in Eq.
(3.6). After completion of a series of point measurements, the incident sound intensity
distribution over S 0 is obtained. Together with the distribution of the active sound
intensity, the effective in situ area-averaged sound absorption coefficient αLP W (ω) is
calculated with Eq. (3.1). This coefficient becomes a regular in situ sound absorption
coefficient for measurements in semi-anechoic sound fields where plane waves are
normally incident upon a locally reacting surface.
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3.3 Investigation of the accuracy of the
LPW-method
In this section, the accuracy of the LPW-method is investigated by applying an acoustic
finite element analysis for the configuration shown in Fig. 3.1(a). This configuration is
chosen for two reasons: a) a measurement with existing methods [2, 1, 3, 9, 8, 7, 10, 11]
is not possible for this configuration and b) the incident intensity can be calculated
analytically so that the accuracy of the LPW-method can be evaluated. The LPWmethod is applied to estimate the effective area-averaged sound absorption coefficient
of the square surface section Sm . The surface impedance ZS , the side length a, and
the distance d are varied to study their effect on the accuracy.
Reflecting boundary
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(a) Geometry of the studied configuration

Integration surfaces

(b) Geometry of the FE-model

Figure 3.1: Configuration and FE-model: A point source Q is located at height h =

1 m. above a semi-infinite impedance plane. A square section with side length a of
this plane is defined as the material surface Sm . The measurement surface S 0 also has
side-length a, and has a distance d to Sm . A semi-infinite reflective wall is located at
x = −0.5 m.
To demonstrate what happens if a semi-anechoic measurement method is applied to
the (non-semi-anechoic) sound field studied here, we have also calculated the effective
sound absorption coefficient with an existing in situ method, being the two-microphone
method by Allard and Sieben [1]. This calculation is performed for a single point,
(x, y, z) = (0, 0, −1) m, on the material surface Sm . The acoustic pressures used for
the calculation were taken at distances of 25 mm, (x, y, z) = (0, 0, −975) mm, and
50 mm, (x, y, z) = (0, 0, −950) mm, above the material surface.
The finite element model only represents half of the domain, making use of symmetry, see Fig. 3.1(b). To resemble a semi-infinite sound field, the boundary condition
at the outer spherical boundary was set to a plane wave radiation condition. Preliminary simulations were carried out to determine the dimensions of the domain to ensure
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that reflections from this boundary will be negligible. The model consists of 154368
quadratic tetrahedral elements, yielding a total number of 215574 degrees of freedom.
The maximum overall element size was set to 0.1 m, resulting in a minimum of 4.8
nodes per wavelength at 1500 Hz. In a region enclosing the integration surfaces, at
least 23 nodes per wavelength are present. Spatial integration of the incident and
active sound intensity is performed over the integration surfaces shown in figure 1(b).
The accuracy of the numerical spatial integration was ensured by carrying out preliminary simulations for different mesh sizes of a modified model, in which the boundary
condition of the plane z = −1 [m] was set to a radiation condition.
Simulations were performed for two values of the specific acoustic surface impedance
ZS , chosen such that they resemble a surface with a medium and low sound absorption coefficient. The first value is ZS = 2Z0 (1 + i), and the second value equals
ZS = 20Z0 , where Z0 = ρ0 c0 . ZS is chosen to be independent of frequency so that
variations of the resulting sound absorption coefficient curves are only caused by variations in the sound field. The simulations were carried out in the frequency range from
100 to 1500 Hz, in steps of 25 Hz. To analyze the accuracy of the LPW-method, the
exact incident sound power is compared with the estimated sound power as obtained
with LPW-method. The exact incident sound power is calculated by spatial integration of the incident sound intensity over surface Sm , Eq. (3.7). This expression was
obtained analytically by mimicking the effect of the reflective wall by a mirror source.
2

Iin,n (r1 , r2 , ω)

h |C(ω)|
2Z0



1
1
+ 3 + cos[k(r1 − r2 )]
r13
r2

 2
r + r2
.
sin[k(r1 − r2 )] 1 3 32
kr1 r2

= −



r1 + r2
r12 r22


+
(3.7)

−ikr1
Where C(ω) is the complex amplitude of the point source so that P (r1 , ω) = C(ω)
r1 e
for a free field, r1 and r2 are the respective distances to the point source and the mirror
source. The estimated incident sound intensity is obtained by Eqs. (3.4) and (3.6),
where P (r, ω) and Uz (r, ω) are taken from the finite element model. Both quantities
are also used to calculate the active sound power flowing through surface S 0 by spatial
integration of the active intensity in the negative z-direction, given by:

h
i
1
Iac,n (ω) = − Re P (ω)Uz (ω) ,
2

(3.8)

where the minus sign originates from the chosen direction of n. The distribution of the
exact incident intensity Iin,n (ω) over a section of the material surface at a frequency
of 1500 Hz is shown in Fig. 3.2(a). Note that this distribution must be independent of
the surface impedance. Figures 3.2(b) and 3.2(c) show the estimated incident sound
intensity distributions obtained by applying the LPW-method at a distance d = 25 mm
(a measurement at exactly d = 0 mm is not possible in practice) for ZS = 2Z0 (1 + i)
and ZS = 20Z0 , respectively. The agreement between the estimated distributions in
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(a) Exact

(b) Estimated, ZS = 2Z0 (1 + i)

(c) Estimated, ZS = 20Z0

Figure 3.2: Distribution of the exact incident sound intensity at surface S 0 at d = 0

mm, graph (a), and the estimated incident sound intensity as determined with the
LPW-method for ZS = 2Z0 (1 + i) and ZS = 20Z0 , graphs (b) and (c), both at
d = 25 mm.

Figs 3.2(b) and 3.2(c) and the exact distribution in Fig. 3.2(a) is very good. Instead
of comparing the estimated and exact incident sound powers, we have chosen to
evaluate the estimated and exact sound absorption coefficients, being the quantities
one is ultimately interested in.
Figure 3.3 shows the exact (black) and the estimated (LPW-method, blue) curves
versus frequency of the effective, area-averaged, sound absorption coefficient vs. frequency for different combinations of a, the side length of the square integration area,
and d, the distance. Although physically not measurable, the curves for distance d = 0
mm are shown to illustrate the theoretically optimal case. The other distance values
(25 and 50 mm) were chosen because they are more representative for a measurement
using a pp-probe. With a pu-probe, the sound pressure and the particle velocity can
be measured within a few millimeters of the surface, correspondingly the curves for
d = 0 mm may be taken to represent such a measurement. The left column of graphs
was obtained for ZS = 2Z0 (1 + i), the right column for ZS = 20Z0 . Both top graphs
also show the effective sound absorption coefficient obtained with the two-microphone
method by Allard and Sieben [1].
Figures 3.3(a), 3.3(c) and 3.3(e), for ZS = 2Z0 (1 + i), show that the curves of
the estimated effective area-averaged sound absorption coefficient obtained with the
LPW-method agree well with the exact curves for small distances d. The influence of
the distance d increases for decreasing surface integration area. One explanation for
this observation is that propagation of acoustic energy towards or from the volume
between the measurement surface and the material surface is not entirely captured
since a part of the acoustic energy will pass through the circumferential area between
both surfaces. This area is significant: for d = 50 mm and a = 0.25 m, it equals 80%
of the measurement surface area. It is expected that this increases for large incidence
angles and for increasing ratios ad . Therefore it is advantageous to minimize the distance d between the material and measurement surface.
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Figure 3.3: Exact (black) and estimated (LPW-method, blue) area-averaged sound

absorption coefficient α as a function of frequency, evaluated for different integration
area sizes and distances. Left column: ZS = 2Z0 (1 + i). Right column: ZS = 20Z0 .
Both top figures also contain the curves obtained with the two-microphone method.
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An increase of the surface integration area (larger value of a) leads to a smoothing of
the exact curves in Figure 3.3 due to area-averaging of local interferences. However,
this increase leads to a reduced spatial resolution if local variations of the sound absorption coefficient are investigated. For ZS = 20Z0 , Figs. 3.3(b), 3.3(d) and 3.3(f),
show that accurate estimates for the effective area-averaged sound absorption curves
are only obtained when the distance d is very small. A distance of less than 10 mm
seems to be required in this case. Furthermore, the sensitivity of the effective areaaveraged sound absorption curves with respect to the distance d and integration area
is increased compared to the graphs for ZS = 2Z0 (1 + i) in the left column. Finally,
it is observed that the effective area-averaged sound absorption curves obtained with
the LPW-method lie close to the theoretical values of the sound absorption coefficient
for purely normal incidence, being 0.62 and 0.18, respectively.
The effective sound absorption coefficient obtained with the two-microphone method
in Figs. 3.3(a) and 3.3(b) follows the LPW d = 50 mm curve partly. Interferences near
1200 Hz result in a negative effective sound absorption coefficient. Possible causes for
this effect are a) that the actual sound field is different from the sound field assumed
by the two-microphone method, and b), that interference effects cannot be reduced by
area-averaging with a point-measurement. As such, the calculated surface impedance
is strongly dependent on the local sound field near the two microphones.

3.4

Conclusions

The LPW-method is capable of estimating the incident sound intensity without a priori
knowledge of the sound field, therefore an overall sound field model is not required.
Acoustic finite element simulations for a typical case show that the accuracy of the
method increases with decreasing distance to the surface of interest and with increasing surface area. The sensitivity of the accuracy on both parameters is influenced by
the specific acoustic surface impedance. We conclude that the LPW-method, employing area-averaging, is a potentially useful technique to determine the effective
area-averaged in situ sound absorption coefficient in sound fields with multiple reflections.
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Chapter 4

Measuring sound absorption:
considerations on the
measurement of the active
acoustic power1
Abstract
Using a local plane wave assumption, one can determine the normal incidence sound
absorption coefficient of a surface by measuring the acoustic pressure and the particle velocity normal to that surface. As the measurement surface lies in front of
the material surface, the measured active and incident acoustic power will generally
deviate from those at the material surface, leading to a possibly inaccurate sound absorption coefficient. This phenomenon is particularly pronounced for poorly absorbing
surfaces if sound is not normally incident over the whole material surface. Based on
an analytical model, it is shown that the accuracy can be improved by extending the
measurement surface upon which the active acoustic power is measured. Experimental
results demonstrate the usefulness of this approach, in particular for poorly absorbing
surfaces.

1 Reproduced from: E.R. Kuipers, Y.H. Wijnant, and A. de Boer, Measuring sound absorption:
considerations on the measurement of the active acoustic power. Submitted to Applied Acoustics
2013.
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Introduction

For the measurement of the sound absorption coefficient, a large number of methods
are available. These methods have in common that all of them rely on an overall
sound field model. Examples are the diffuse sound field model in the reverberation
room method according to ISO 354 [3] and the plane wave model in the tube-based
methods according to parts 1 and 2 of ISO 10534 [1, 2]. Whereas these methods
are based on an overall plane wave assumption and a directional pattern, methods for
measurement in a semi-free field generally rely on a typical sound field model that is
more restrictive.
This sound field model consists of a semi-free field that is bounded by a planar,
locally-reacting, surface, as for instance described by Attenborough [5]. It will be
referred to as the reference model hereafter. A number of methods [4, 8, 26, 11] assume plane wave incidence, whereas other methods consider spherical wave incidence
[14, 22, 23, 17, 21, 7, 27, 12]. A different approach is applied in the in situ method
by Takahashi et al. [26], further studied by Otsuru [24], and Din [11]. Although this
method yields good results for a large variety of sound fields, it also relies on an overall
model, comprising a planar, locally reacting surface subjected to diffuse incidence of
plane waves.
The use of an overall reference model is likely to lead to inaccuracies if the actual sound
field deviates from the model. The first cause for such a deviation may be the presence
of reflections other than from the specimen, such as room reflections. A strategy to
eliminate these, is to gate these so-called parasitic or spurious reflections out from
the impulse response by employing a time-windowing technique [14, 22, 23, 17, 12].
For methods that do not use an impulse response, one may place the source near the
surface [15] so that the relative amplitudes of the unwanted reflections are reduced.
Although such strategies can also be used to gate out, or reduce the effect of, edgediffracted waves, the use of an overall sound field model may still lead to inaccuracies,
even if the measurement is performed in a semi-anechoic room. Possible causes are
multiple, for instance non-omnidirectionally radiating sound sources, samples that are
non-locally reacting, or samples having a non-planar surface. Fitting the reference
model parameters to the measurement results will then typically lead to sound absorption coefficients that are inaccurate to a greater or lesser extent. [7, 10].
Therefore, we developed a measurement method that can deal with non-ideal sound
fields. This novel measurement method employs a Local Plane Wave Assumption,
and is therefore called the LPW-method. It yields the analytical sound absorption
coefficient for normally incident plane waves, but also yields accurate results for nearnormal incidence, even if additional reflections are present [28, 18, 20, 19]. By using
the LPW-method, at a small distance from the surface of interest, one can straightforwardly determine the local, or, the area-averaged sound absorption coefficient. In
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the case of non-plane waves and not purely normal incidence, one obtains an effective
sound absorption coefficient.
Numerical investigations [19] showed that accurate estimates for the normal incidence sound absorption coefficient can be obtained, even in the presence of interfering
reflections. Hence, area-averaging seems effective in reducing the effects caused by
such reflections. However, it was also observed that the measurement surface preferably needs to lie within 1 cm from the surface of interest to obtain accurate results,
in particular for poorly absorbing surfaces. Measuring at such a small distance is not
always possible or practical, considering, for instance, the dimensions of typical electroacoustic transducers, or non-flatness of the material surface.
In this paper, we investigate the influence of the measurement distance for a poorly
absorbing surface on the measured sound absorption coefficient and propose an approach to produce accurate results for practical values of the measurement distance.
To first familiarize the reader with the LPW-method, the theory, with formulations for
pu- and pp-intensity probes, is presented in Section 4.2.1. This section is followed by
a theoretical investigation of the sound field in front of an acoustically hard surface
in Section 4.3. This investigation shows that measurements at a larger distance are
possible if the measurement surface, upon which the active acoustic power is determined, is extended with the circumferential surface surrounding the volume between
the material- and the measurement surface. Experimental results that demonstrate
the effect of the proposed approach are shown and discussed in Section 4.4. Finally,
in Section 4.5, conclusions and recommendations for further work are given.

4.2

Theory

4.2.1

Theory of the LPW-method
d
nS(r)

n(r)

Sg

S

Sp

Sc

Figure 4.1: A general, arbitrarily shaped, surface Sg , with the surface of interest S
(hatched) and Sp , being the projection of S at a distance d. S and the circumferential
surface Sc are shown separately for clarity. nS is the surface normal of S, and n is
the surface normal vector of Sp (directed towards S).

In the following, we assume that the sound field satisfies
equation.
 the Helmholtz

Furthermore, the eiωt -convention is used, i.e. p(t) = Re P (ω)eiωt . Vector quanti-
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ties are bold-faced, and the explicit dependence of ω is omitted for quantities in the
frequency domain.
The theory is presented based on the configuration shown in Fig. 4.1. We want
to obtain an accurate estimate for the area-averaged normal incidence sound absorption coefficient of the surface area S, being a part of a general surface Sg . To this
purpose, we define a projected surface Sp , being the projection of S at a distance d.
As the space between S and Sp is generally source-free, it is reasonable to assume that
the normal incidence sound absorption coefficient of S can be accurately estimated if
the distance between both surfaces is small and sound incidence is normal or at least
near-normal.
The area-averaged sound absorption coefficient α is defined as the ratio of active
and incident acoustic sound power
Wac
,
Win

α=

(4.1)

where Wac and Win are the frequency-dependent active and incident acoustic power.
Formally, α is the effective area-averaged sound absorption coefficient if sound incidence occurs not purely normal over the surface area of interest. Both powers in
Eq. (4.1) can be calculated by surface integration of their associated intensities over
this surface area:

Z
Wac

=
Sp

Z
Win

=
Sp

Iac · n dS,

(4.2)

Iin · n dS,

(4.3)

where Iac is the active acoustic intensity vector, and n is the surface normal vector
of Sp , see figure 4.1. Iin is the incident acoustic intensity vector, being the active
acoustic intensity vector in the same position, but in a free-field, i.e. without the
sample. Measurement of the active acoustic intensity in direction n can be performed
with a pu- [9], or a pp-sound intensity probe [13]. However, the incident acoustic
intensity normally cannot be determined directly from said measurement as the incident
acoustic field cannot be distinguished within the acoustic field in front of the sample.
To be able to estimate this quantity without the need for a separate measurement
in a free-field, or without employing an overall sound field model, the acoustic field
is locally approximated by employing a local plane wave assumption, as illustrated
in Fig. 4.2. In any point on Sp , the acoustic field is approximated by an incident
plane wave with complex amplitude A, traveling in direction n, and a reflected plane
wave with complex amplitude B, traveling in the opposite direction. Accordingly, the
approximated field consists of a spatial distribution of A and one of B.
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Figure 4.2: Upper part: arbitrary acoustic field in front of a material surface S; Lower
part: approximated field using the local plane wave assumption.

Accordingly, in each point, defined by its spatial coordinate r, upon Sp , the complex
acoustic pressure P (r) and complex particle velocity in direction n, Un (r) = U(r) ·
n(r), can be written as

P (r)

= A(r, n) + B(r, n),
1
[A(r, n) − B(r, n)],
Un (r) =
ρ 0 c0

(4.4)
(4.5)

where k = ω/c0 is the (real-valued) wavenumber, c0 denotes the speed of sound, and
ρ0 the mass density of the acoustic medium. Solving for A(r, n) and B(r, n) yields:

A(r)

=

B(r)

=

1
[P (r) + ρ0 c0 Un (r)],
2
1
[P (r) − ρ0 c0 Un (r)],
2

(4.6)
(4.7)

where the dependency on n has been removed, as n = n(r). From Eqs. (4.6) and (4.7)
it follows that A(r) and B(r) can be determined by measurement of the acoustic
pressure and the component of the particle velocity in direction n. Once A(r) and
B(r) are known, the incident- and reflected acoustic intensity in directions n and −n,
respectively, can be calculated by
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Iin (r)

=

Irefl (r)

=

|A( r)|2
,
2ρ0 c0
|B( r)|2
.
2ρ0 c0

(4.8)
(4.9)

The active power, given by Eq. (4.2), is determined by spatial integration of the
well-known expression for the active acoustic intensity [13]:
Iac (r) =

1
Re[P (r)Un (r)].
2

(4.10)

Summarizing, using the LPW-method, the area-averaged sound absorption coefficient
can be determined using a unidirectional sound intensity probe. Accordingly, formulations for pu- and pp-probes are given in the following two sections, and are presented in
terms of power spectral densities, allowing a straightforward implementation on signal
processing level.

4.2.2

Formulation for a pu-probe

As the LPW-method is already defined in terms of acoustic pressure and particle
velocity, Eqs. (4.6) and (4.7) can be substituted directly into Eqs. (4.8) and (4.9) to
obtain the incident and reflected acoustic intensity. Then, by following the procedure
outlined in appendix 4.A, the spectral density of the incident and reflected acoustic
intensity can be expressed as:

Iin =
Irefl =



1 Gpp
+ ρ0 c0 Guu +
4 ρ 0 c0


1 Gpp
+ ρ0 c0 Guu −
4 ρ 0 c0

1
Re (Gpu ) ,
2
1
Re (Gpu ) ,
2

(4.11)
(4.12)

where Gpp (r), Guu (r), and Gpu (r) are single-sided auto- and cross-power spectral
densities of the acoustic pressure and particle velocity. The explicit dependence on the
spatial coordinate r is omitted here for readability. The spectral density of the active
acoustic intensity [13] is:
Iac = Re(Gpu ),

(4.13)

so that the last term in the right-hand side of Eqs. (4.11) and (4.12) equals to 12 Iac .
One can prove that Iac can never exceed Iin , thus α ≤ 1. The active and incident
acoustic power can now be calculated by spatial integration of both intensities over
the projected surface Sp , and the area-averaged sound absorption coefficient is readily
obtained by equation (4.1). One can also use the local active- and incident acoustic
intensity to calculate a local sound absorption coefficient, αloc (r) given by
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|B( r)|2
,
|A( r)|2
Irefl (r)
=1−
,
Iin (r)

αloc (r) = 1 −

4.2.3

(4.14)

Formulation for a pp-probe

Using the setup in Fig. 4.3, a pp-probe can be used to determine the acoustic pressure
and particle velocity in the surface normal direction upon the measurement surface Sp .
Typically, the following equations are used to estimate the complex acoustic pressure
P (r) and the complex particle velocity Un (r) at the probe center [13]:
1
P (r) ≈ [P1 (r) + P2 (r)],
2
i
Un (r) ≈
[P2 (r) − P1 (r)],
ρ0 ωs

(4.15)
(4.16)

S

Sp

d

n(r)
P2(r)

s

P1(r)

Figure 4.3: pp-probe with microphone spacing s.

where s is the microphone spacing, and P1 (r) = P (r − 2s n) and P2 (r) = P (r + 2s n),
where r is the spatial coordinate of the probe center. By substitution of Eqs. (4.15)
and (4.16) in Eqs. (4.13) and (4.11), the spectral density of the active and incident
acoustic intensity becomes:
− Im (G12 )
,
ρ0 ωs
1
=
×
16ρ0 c0 (ks)2

[(ks)2 + 4][G11 + G22 ]

(4.17)

Iac,FD =
Iin,FD

2

+

2[(ks) − 4] Re(G12 ) − 8ks Im(G12 ) ,

(4.18)

where G11 , G22 , and G12 are single-sided power spectral densities of the acoustic
pressure signals p1 (t) and p2 (t), and the subscript FD indicates that both intensities
are calculated using the finite-difference approximation for the particle velocity acc.
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Eq. (4.16).
For sound incidence in the direction of the axis of the pp-probe, one can derive a
different formulation. In line with the local plane wave assumption, we can relate the
complex acoustic pressures P1 (r) and P2 (r) to A(r) and B(r) as follows:

P1 (r) =A(r)eiks/2 + B(r)e−iks/2 ,

(4.19)

−iks/2

(4.20)

P2 (r) =A(r)e

+ B(r)e

iks/2

,

After solving for A(r) and B(r), substitution into Eqs. (4.8) and (4.9), application of
the procedure in Appendix 4.A, one obtains the spectral densities of the incident and
reflected intensity:


G11 + G22 − 2 Re G12 e−iks
Iin =
,
(4.21)
4ρ0 c0 sin2 (ks)


G11 + G22 − 2 Re G12 eiks
Irefl =
,
(4.22)
4ρ0 c0 sin2 (ks)
where the dependence on r is again omitted. By evaluating the complex acoustic
pressure and particle velocity in terms of A(r) and B(r) at the probe center, and
using Eq. (4.10), it follows that the spectral density of the active acoustic intensity
equals

Iac =

− Im (G12 )
.
ρ0 c0 sin(ks)

(4.23)

Eq. (4.23) matches with Eq. (11) in [25] for the active acoustic intensity in a plane
wave sound field in a duct. For ks << 1, the term sin(ks) may be replaced by ks,
and, as expected, Eq. (4.17) is obtained again.
The effect of using the sin(ks)-formulation in Eqs. (4.21) and (4.23) versus the
FD-formulation in Eqs. (4.17) and (4.18) is clearly visible in Fig. 4.4. In this figure
the sound absorption curves are shown for both formulations, for normal plane wave
incidence, and a microphone spacing s = 20 mm. The FD-curves rapidly deviate from
the exact value (α = 0.5) with increasing frequency. Of course, for normal incidence,
the sin(ks)-curves are exact, except at 8.6 kHz where a singularity occurs.
This singularity is caused by the presence of the sin2 (ks)-term in the denominator
of the incident acoustic intensity in Eq. (4.21) and occurs if the wavelength equals
twice the microphone spacing s. One may, of course, choose a smaller microphone
spacing, but the sensitivity to phase-mismatch errors at low frequencies will increase,
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similar to measurement of the active acoustic intensity with a pp-probe [13]. For the
FD-formulation, the absolute error may exceed 0.01 for frequencies above 1500 Hz.
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Figure 4.4: Sound absorption coefficient determined using the FD- and the sin(ks)-

formulation for normal incidence. Curves are calculated for 20 different phases of the
reflected wave where the phase of the incident wave remained constant. Parameters:
magnitudes
of the complex amplitude of the incident and reflected wave: 1 Pa, and
√
1
2
Pa.
ρ
= 1.2 kg/m3 , c0 = 343 m/s, and s = 20 mm.
0
2
Although the sin(ks)-formulation was derived for incidence in the direction of the ppprobe, similar calculations showed that this formulation leads to an absolute error of
less than 0.01 for all frequencies below 5000 Hz even at an incidence angle of 10◦ .
Considering that the LPW-method is applied for normal or near-normal incidence, we
have chosen to use the sin(ks)-formulation and have therefore applied Eqs. (4.21) and
(4.23) in the preparation of the experimental results shown in Section 4.4 of this paper.
A somewhat more general comparison of the sin(ks)- and FD-formulations for obliquely
incident plane waves is given in Appendix 4.B.

4.3 Analysis of the sound field in front of an
acoustically hard surface
Previously [19], numerical investigations were performed to investigate the accuracy of
the LPW-method. It was found that the accuracy increases with decreasing distance
of the measurement surface to the material surface. A high accuracy over the whole
simulated frequency range up to 1500 Hz was reached if the acoustic pressure and
particle velocity were both determined within 1 cm from the material surface.
Furthermore, it was found that the accuracy decreased if the ratio RS = Ap /Ac
of the area Ap of the projected surface to the area Ac of the circumferential surface
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decreased. This effect was more pronounced when the material surface had a high
acoustic surface impedance. From these observations, it is expected that the flow of
acoustic power through the circumferential area Sc , see Figure 4.1, can be significant,
particularly for poorly absorbing material surfaces. To investigate this hypothesis, we
have analyzed the following theoretical example.

ZS = ∞

d
Sc,3

z

S

Sc,2

w

y

Sp

x
w

h
Q
Sc,4

Sc,1

Figure 4.5: Point source Q located in front of an acoustically hard surface (white).

Upon this surface, a material surface area S (dark-gray) is defined; its projected surface
at distance d is Sp . The x- and z-axis both lie upon S, whereas the y-axis points into
the material.

We consider a semi-free field bounded by a planar material surface with infinite acoustic
surface impedance ZS , subjected to incident sound generated by a point source, see
Fig. 4.5. In this case, the (area-averaged) sound absorption coefficient of the material
surface area S equals zero per definition. Following a mirror-source approach, the
sound field can be calculated analytically. The area-averaged effective sound absorption
coefficient was determined analytically for a square surface area Sp with dimensions
w x w = 256 x 256 mm2 for different distances d and a source distance h = 1 m. It
is shown in Fig. 4.6 for three different values of the distance d.
Although one would expect values near zero in Fig. 4.6, values of α up to 0.37 can be
obtained at low frequencies if the distance d is 5 cm. The cause for this behavior lies
in the fact that there is a net outflow of acoustic power through the circumferential
surface, as illustrated in Fig. 4.7.
To obtain an accurate estimate of the area-averaged sound absorption coefficient of
S, we have to include the active acoustic power passing through the circumferential
surface. I.e., we use the acoustic power balance for the source-free volume between
Sp and S:
Wac = Wac,p +

4
X
j=1

Wac,c,j ,

(4.24)
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Figure 4.6: Analytical area-averaged effective sound absorption coefficient of a plane

measurement surface, at distance d from a plane acoustically hard surface, irradiated
by a point source at a distance of 1 m.
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Figure 4.7: Distribution of the active acoustic intensity over the xy-plane within 5

cm from the material surface. Upper graph: 1000 Hz. Lower graph: 5000 Hz. The
material surface is located at the line y = 0 m.
where Wac is the active acoustic power absorbed by the material surface S, and the
other powers are defined acc. Fig. 4.8. If measured accurately, Wac must equal zero,
and thus α = 0.
As the contribution of the active acoustic power passing through the whole circumferential surface can be accounted for in this way, the question arises whether this
approach should also be followed for the acoustic power that is incident upon this
surface. For normal or near-normal incidence, it is expected that the contribution of
the power incident upon Sc , Win,c , will be small compared to the power Win,p incident
upon Sp . To verify this, the analytical expressions for both powers were derived:
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Wac,c,2

Wac,p

Wac,c,3

Wac,c,1

Wac,c,4

Figure 4.8: Active acoustic powers of each surface; each power is positive in the

directions shown.
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(4.25)
(4.26)

(4.27)

where C is the complex amplitude
of the acoustic pressure of a point source, as in
p
P (r, ω) = Cr e−ikr with r = x2 + (y + h)2 + z 2 . By evaluating these expressions,
the ratio Win,c /Win,p can be calculated. This ratio is a measure of the relative contribution of power incident upon the circumferential surface Sc . Fig. 4.9 shows this
ratio for two source distances: h = 0.5 m and h = 1 m. As expected, the relative
contribution of Win,c decreases for an increasing source distance h. Furthermore, an
approximately linear dependency on d can be observed.
The measurements described in Section 4.4 were all performed with d = 0.02 m and
h = 1 m. According to Fig. 4.9, Win,c then equals ca. 4% of Win,p . Correspondingly,
α will overestimate the area-averaged effective sound absorption coefficient of S by ca.
4% if Win,c is neglected. Although this percentage is significant, for poorly absorbing
material surfaces having a sound absorption coefficient below 0.25, the absolute error
will remain below 0.01. In such cases, where the source distance is sufficiently large,
it is justified to ignore the contribution of the acoustic power that is incident upon the
circumferential surface.
Therefore, for the measurement of poorly absorbing surfaces using the configuration
shown in Fig. 4.5, we propose to determine the active acoustic power upon Sp and
Sc , and determine the incident acoustic power upon Sp only.
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Figure 4.9: Ratio of Win,c and Win,p , as a function of w and the distance d.

4.4

Experiments

4.4.1

Introduction

In this chapter, the LPW-method is applied to determine the area-averaged normal
incidence sound absorption coefficient of a poorly- and a well-absorbing surface. The
effect of the proposed extension of the measurement surface, upon which the active
acoustic power is determined, is investigated. In addition, the influence of the area of
the measurement surface is analyzed.

4.4.2

Aluminum plate

The first sample is a 10 mm thick aluminum plate with dimensions 125 x 74.5 cm.
The plate was positioned vertically in a well-absorbing, but not anechoic, room with
approximate dimensions 6x6x5 m. The measurement was performed with a newly developed 3D pp-probe, consisting of 4 pp sound intensity probes each having 2 MEMSmicrophones spaced 20 mm apart, see Fig. 4.10. These omnidirectional microphones
(ADMP441, Analog Devices, 4.7x3.8x1.0 mm) offer a signal-to-noise ratio of 61 dB(A)
and have a dynamic range of 87 dB. Data acquisition is performed using a 40-channel
front-end and a PC.
The advantage of using very small microphones is that the acoustic center of a single
microphone can be placed at only 10 mm from the plate surface while having sufficient
play to avoid any collisions during movement of the probe. Despite the slenderness
of the electronic prints and the spacers, calibration measurements showed that some
diffraction occurs between 4 and 6 kHz. This diffraction is probably caused by the
holder upon which the prints are mounted.
The measurement of the active acoustic intensity upon the four parts of the cir-
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Holder

Spacer
Spacer

Microphone (8x)

Figure 4.10: 3D sound intensity probe in front of an aluminum plate.

cumferential surface was performed using the four microphones of the probe that are
nearest to the plate. As an example, Fig. 4.11 shows how microphones M3 and M4
are used to determine the active intensity upon Sc,3 .
Sc,3

s

s
M1

S

M4

M3

n

d

n Sc,1
Sp

M2

Figure 4.11: Schematic top view of 3D intensity probe in front of a planar surface.

A square measurement grid of 21x21 points with dimensions 256x256 mm was defined
upon the plate, resulting in a point spacing of 12.8 mm. An automated scanning
system with a positioning accuracy better than 1 mm was used to move the probe
along over the surface of the plate. To approximate a point source, a small Eurofysica loudspeaker (membrane diameter 23 mm, mounted in a cylindrical housing with
a diameter of 80 mm) was chosen as a sound source. This speaker was driven by
white noise in wide frequency band, but due to its small dimensions, it hardly radiated
sound at frequencies below 1 kHz. As a consequence, results are not shown below this
frequency.
The source was positioned at 1 m from the plate, and oriented such that normal
incidence occurs at the geometric center of the measurement region. Temperature,
ambient pressure and relative humidity were recorded at the start of the scanning
session. At each grid point a measurement of 10 s at a sample rate of 48 kHz was
taken. The data was processed in data blocks of 4096 points, with 80% overlap. The
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frequency resolution ∆f of all results equals 11.7 Hz.
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Figure 4.12: Area-averaged effective sound absorption coefficient of an aluminum plate.

Figure 4.12 shows the area-averaged sound absorption coefficient, determined using
Eqs. (4.21) and (4.23). If the flow of active acoustic power through the circumferential area is not accounted for, the solid gray curve is obtained. This curve matches
the theoretical, dashed gray, curve for d = 0.02 m taken from Fig. 4.6 quite well.
The black curve in Fig. 4.12 shows the same result, but now the measurement of the
active acoustic power was extended with the circumferential surface. Up to 3.5 kHz,
this curve represents zero sound absorption on average, as expected. The variations
of both curves may be caused by edge-diffracted waves, acoustic radiation induced by
modal response of the plate, or room reflections. Although the room is well-absorbing,
such reflections could be induced by large mechanical equipment located in the room.
The interferences caused by these phenomena may give rise to negative active acoustic
power at some frequencies, therefore negative absorption values are present.
The black curve in Fig. 4.13 shows the active acoustic power flowing into Sp . The gray
curve represents the active acoustic power flowing out of the circumferential surface,
i.e. oppositely to the definition in Fig. 4.8. Theoretically, for an acoustically hard
material surface, both curves should coincide. This is approximately the case up to
ca. 3 kHz; however, above this frequency, the active power flowing into Sp rapidly
decreases and even becomes negative. As a result, the sound absorption curves in
Fig. 4.12 show a dip between 3.5 and 5 kHz. The occurrence of negative active acoustic power in Fig. 4.13 can possibly be explained by amplitude and phase errors caused
by the aforementioned diffraction between 4 and 6 kHz of the probe. Jacobsen [16]
found that measurement of the active acoustic intensity in reactive sound fields is very
sensitive to such errors.
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Although not explicitly noticeable, the gray curve in Fig. 4.13 may be influenced
by probe diffraction effects as well. A further possible source of inaccuracy of the
active acoustic power flowing through the circumferential surface is the spatial integration of the active acoustic intensity. This integration becomes inaccurate when the
variation of the active acoustic intensity with the y-coordinate cannot be represented
by a linear function anymore between y = 0 and y = d. Looking at Fig. 4.7, this will
already be the case for frequencies starting at a frequency somewhat below 5000 Hz
if d = 20 mm.
−10
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x 10
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Figure 4.13: Active acoustic power flowing into Sp and out of the side surfaces.

The influence of the dimensions of the projected surface was investigated by performing the same analysis as above, but for reduced surface areas, i.e. reduced point sets.
Fig. 4.14 shows the area-averaged effective sound absorption coefficient for three different sizes of Sp . This graph clearly illustrates that a larger surface leads to fewer
variations in the sound absorption curve. The same behavior was observed in [19]. The
explanation for this effect is that interferences (room reflections, diffracted waves) are
averaged out more strongly as the surface area increases. All three curves in Fig. 4.14
represent the theoretical value α = 0 up to 3.5 kHz, on average, quite well.

4.4.3

Foam sheet

As a second example, an experiment was performed for a 50 mm thick sheet of
melamine resin foam. Its dimensions are 625 x 1250 mm, and it was attached to the
previously analyzed 10 mm thick aluminum plate using double-sided adhesive tape.
The measurement procedure was identical to the procedure described in the preceding
section. Figure 4.15 shows the area-averaged effective sound absorption coefficient
for three cases: 1) only for the projected surface Sp using the sin(ks)-formulation, 2)
as proposed in section 4.3 with the extension of Sp with Sc for the active acoustic
power using the sin(ks)-formulation for both surfaces, and 3) with the extension, but
using the FD-formulation for Sc and the sin(ks)-formulation for Sp . The latter curve

63

4.4. Experiments

1
25 pts 64x64 mm
121 pts 128x128 mm
441 pts 256x256 mm

0.8
0.6
0.4

α [−]

0.2
0
−0.2
−0.4
−0.6
−0.8
−1
1

2

3

4

5

6

f [kHz]

Figure 4.14: α for three different surface areas.

is included as the sin(ks)-formulation becomes inaccurate for combinations of large
incidence angles and high frequencies, see Appendix 4.B.
The difference between the black curve for Sp and those for Sp and Sc , is smaller
than observed for the aluminum plate. This can be explained by the orientation of the
active acoustic intensity vector. This vector will mostly be parallel to the circumferential surface for a well-absorbing surface subjected to near-normal incidence, and hence
the amount of active power passing through the circumferential surface is relatively
less important. Furthermore, it is observed that the FD-formulation indeed leads to a
different curve at frequencies exceeding 3 kHz.

Figure 4.16 shows the area-averaged effective sound absorption coefficient for three
different sizes of surface Sp where the active acoustic power flowing through the circumferential surface was determined using the FD-formulation. As observed for the
aluminum plate, the curves become smoother with increasing surface area. The lowering of the curves with decreasing surface area is probably caused by the variation of
the angle of incidence over the surface. The smallest surface area experiences almost
only normal incidence, whereas for the largest surface area the incidence angle reaches
up to 7◦ , resulting in a somewhat different sound absorption coefficient.
The dips in the curves at approximately 2.27 kHz, and a similar one at 6.08 kHz
(not shown) are somewhat atypical for the sample under analysis. To investigate their
cause, the local absorption coefficient αloc acc. Eq. (4.14) was determined for all grid
points for both frequencies and mapped spatially in Figs. 4.17 and 4.18.
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Figure 4.15: Area-averaged effective sound absorption coefficient of an area of 256x256

mm of a rigidly backed foam sheet.
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Figure 4.16: Influence of the surface area.

Both figures, but particularly Fig. 4.18, indicate that absorption locally deviates in the
vertically oriented zone coinciding with with one strip of adhesive tape that was used
to attach the foam. Inspection of the foam after the measurement revealed that it had
locally loosened from the adhesive tape. Hence, a small cavity may have been present
during the measurements, leading to local change of the sound absorption coefficient.
The spatial extent of the absorption deviation is much larger at 2273 Hz than at 6082
Hz. This might be related to the acoustical resolution, being dependent on the wavelength. By performing normal incidence sound absorption coefficient measurements
for a sample within the affected zone and for a sample outside this zone, in a plane
wave tube, it was verified that the variation in the local sound absorption coefficient
was not caused by a variation of the material properties of the foam itself.
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Figure 4.17: αloc at 2273 Hz

4.5

Figure 4.18: αloc at 6082 Hz

Conclusions and further work

In this paper, application of the LPW-method for sound absorption measurements is
presented. Formulations of the LPW-method for pu- and pp-probes are given. It is
shown that the area-averaged effective sound absorption coefficient increasingly rapidly
deviates from the theoretical value with increasing distance from the material surface
for an acoustically hard surface. It is proposed to compensate for this effect by additionally measuring the active acoustic power that passes through the circumferential
surface.
In the determination of the active acoustic power passing through the circumferential
surface, the FD-formulation should be preferred over the sin(ks)-formulation as the active acoustic intensity vector generally is not oriented normally or near-normally to the
circumferential surface. Furthermore, at the circumferential surface, the measurement
grid should be sufficiently dense to avoid spatial integration errors. This requirement
theoretically confines the usable frequency range to ca. 4-5 kHz for an acoustically
hard surface with the chosen set-up, provided that diffraction of the probe is absent
as it may lead to amplitude and phase errors.
Experimental sound absorption measurement of a thick aluminum plate confirms the
effectiveness of the proposed approach. The accuracy of the effective area-averaged
sound absorption coefficient is increased for this sample. Experimental results for a
foam sample showed that the proposed extension is less important for well-absorbing
surfaces
Finally, we recommend that further investigations with respect to amplitude and phase
errors be included in future work and that in situ measurements are conducted to gather
experience with the method presented in this paper.
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4.A Formulations in terms of power spectral
densities
The process of switching from a formulation in terms of single-sided spectra to one in
terms of single-sided power spectral densities is elucidated in this appendix. We start
with Eq. (4.10) in which the dependency on the spatial coordinate r is omitted for
briefness:
Iac =


1
Re P U .
2

(4.28)

This expression is based on the convention p(t) = Re(P eiωt ) and u(t) = Re(U eiωt ).
In these conventions, the complex spectra P , U , and Iac are single-sided Fourier
transforms. To obtain the single-sided power spectral density (PSD) of the active
acoustic intensity, we use the definition for the single-sided cross-power spectral density
given by Bendat and Piersol [6, p.55]:
i
2 h
E Xk (f, T )Yk (f, T ) .
T →∞ T

Gxy (f ) = lim

(4.29)

where Xk (f, T ) and Yk (f, T ) are the double-sided finite Fourier transforms over the
k th record of length T . To be able to apply this expression, Eq. (4.28) must first be
formulated in terms of double-sided spectra. Following Parseval’s Identity, P = 2Pds ,
U = 2Uds , and Iac = 2Iac,ds where the subscript ds denotes a double-sided spectrum.
Eq. (4.28) then becomes:

Iac,ds = Re Pds Uds ,

(4.30)

where the conjugation order has been reversed. The power spectral density of Iac,ds (r)
is now obtained by application of Eq. (4.29):

lim

T →∞


2
2  
E {Iac,ds } = lim
E Re Pds Uds ,
T
→∞
T
 T

2 
= Re lim
E Pds Uds ,
T →∞ T
= Re [Gpu ] ,

(4.31)
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where the latter expression is generally simply expressed as: Iac = Re [Gpu ] [13].
Therefore, the relation between the single-sided spectra P and U , and the single-sided
cross-power spectral density is:
P U ≈ 2Gpu .

(4.32)

where the approximate equal sign can be replaced with an equal sign, under the
assumption that the Gpu is obtained by taking the average of a sufficient number
of measurements of an ergodic process. The above procedure may be followed to
re-formulate any similar product in terms of single-sided power spectral densities.

4.B Accuracy of measurement of the active
acoustic intensity for oblique incidence
y

q

P2
s

x
s cos(θ)
θ

P1

Figure 4.19: A unidirectional pp-probe (microphones represented by the two black dots)

oriented at an angle θ with respect to the propagation direction q of a plane wave.

Equation (4.23) for the active acoustic intensity using the sin(ks)-formulation, is exact
for a set of two plane waves, traveling in direction n and −n. In this appendix, the
accuracy of this expression for oblique incidence is analyzed for the case of a single
plane wave with complex amplitude C, propagating at an angle θ with respect to the
y-axis, see Fig. 4.19. The acoustic pressure and particle velocity can be written as:
P = Ce−ik[x sin(θ)+y cos(θ)] ,
Uy =

cos(θ)
−ik[x sin(θ)+y cos(θ)]
.
Z0 Ce

(4.33)
(4.34)

The true active acoustic intensity associated with this wave in the y-direction is equal
to:
Iac,true =

|C|2
cos(θ).
2ρ0 c0

(4.35)

Using the sin(ks)-formulation in Eq. (4.23), the estimate for the active acoustic intensity becomes:
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Iac =

|C|2 sin[ks cos(θ)]
.
2ρ0 c0
sin(ks)

(4.36)

Defining the relative error of Iac as εsin(ks) = (Iac − Iac,true )/Iac,true , one obtains:
εsin(ks) =

sin[ks cos(θ)]
− 1.
sin(ks) cos(θ)

(4.37)

Similarly, for the finite-difference (FD) formulation, using Eq. (4.17), it becomes:
εFD =

sin[ks cos(θ)]
− 1.
ks cos(θ)

(4.38)

Figure 4.20 shows both relative errors as a function of frequency and incidence angle
for a pp-probe with a microphone spacing of 20 mm. Whereas the FD-formulation
leads to an underestimation, the sin(ks)-formulation overestimates the active acoustic
intensity. For a combination of normal incidence and high frequencies, the sin(ks)formulation is more accurate than the FD-approach. At large angles of incidence and
high frequencies the opposite holds.

Figure 4.20: Rel. error εFD and εsin(ks) of the active acoustic intensity vs. frequency

and incidence angle for the FD-formulation (upper graph) and the sin(ks)-formulation
(lower graph). Data omitted for relative errors greater than ±0.2.
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Chapter 5

Measuring oblique incidence
sound absorption using a
local plane wave
assumption1
Abstract
In this paper, a method for the measurement of the oblique incidence sound absorption
coefficient is presented. It is based on a local field assumption, in which the acoustic
field is locally approximated by one incident- and one specularly reflected plane wave.
The amplitudes of these waves can be determined with a unidirectional sound intensity
probe. The local active- and incident acoustic intensity are straightforwardly obtained.
The area-averaged sound absorption coefficient is calculated after spatial integration
of these quantities over the surface area of interest. Alternatively, one may use a threedimensional intensity probe. In that case, the determination of the amplitudes of the
plane waves can be formulated as a least-squares problem. Measurements performed
for a sound absorbing foam demonstrate that accurate results can be obtained, even
under non-ideal acoustic conditions. Measurements carried out for a periodic absorber
show that the method is accurate below the cut-on frequency of scattering as long as
the amplitude of the evanescent surface waves is significantly smaller than that of the
specularly reflected wave.

1 Reproduced from: E.R. Kuipers, Y.H. Wijnant, and A. de Boer, Measuring oblique incidence
sound absorption using a local plane wave assumption. (Submitted to Acta Acustica united with
Acustica)
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Introduction

Multiple methods [5, 2, 9, 21, 22, 17, 12, 23] can be applied to determine the oblique
incidence sound absorption coefficient. These methods mostly determine the specific
acoustic surface impedance or the complex sound pressure reflection coefficient, using
a model that typically describes the overall acoustic field in front of a planar surface
of infinite extent in a semi-free field. In addition, plane- or spherical wave incidence,
and a local- or extended reaction surface is assumed. For overviews of acoustic field
models the reader is referred to two recent works, by Liu and Li [19] and Li and Liu [18].
As a result of using an overall model, the directivity characteristics of the source
have to be known, large sample sizes are required, and room reflections have to be
absent. Whereas the latter requirement can be reasonably fulfilled by measuring in
a semi-anechoic room or by employing a time-windowing technique, it is difficult to
obtain pure plane- or spherical wave incidence. Furthermore, the finite dimensions of
the sample put a limit on the lowest frequency at which results can be obtained, and
the sample’s edges give rise to the presence of diffracted waves. Finally, a used localor extended reaction assumption may not be valid. Therefore, a high chance exists
that the actual acoustic field deviates from the ideal field represented by the model,
and the obtained acoustic surface impedance or sound absorption coefficient may be
inaccurate to a greater or lesser extent.
A possible strategy to reduce the susceptibility of a measurement method to the aforementioned aspects, is to apply area-averaging. In an earlier paper [14], we numerically
showed that this approach is effective in reducing the influence of room reflections.
It is in contrast to currently available methods which rely on measurements using a
spatially fixed set up, being more susceptible to local deviations in the acoustic field
that may be caused by edge-diffracted waves or room reflections. Practical use of
area-averaging for measurements in a non-ideal acoustic field has firstly been reported
by the authors [16]. In that paper, the LPW-method (Local Plane Wave method)
[24, 13, 15, 14] was used. This method is suitable for normal and near-normal incidence.
To also be able to perform area-averaged oblique incidence measurements in non-ideal
acoustic fields, we have developed a novel method. This method is the substance of
this paper. It is based on a local field assumption, and is referred to as the LSPW
(Local Specular Plane Wave) assumption. Accordingly, the novel method is called
the LSPW-method. The use of the LSPW assumption allows determining the oblique
incidence sound absorption coefficient without using an overall field model.
This paper is structured as follows: first, the theory will be presented in Sec. 5.2. Details about the specific implementation for a three-dimensional sound intensity probe,
as used by the authors, are given in Sec. 5.3. In Sec. 5.4, measurement results for
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an extended reaction sound absorbing foam and a periodic absorber will be presented.
Finally, conclusions and recommendations for further work are given in Sec. 5.5.

5.2

Theory of the LSPW-method

In the following, we assume that the acoustic field satisfies
the Helmholtz equation.

The eiωt -convention is used, i.e. p(t) = Re P (ω)eiωt , vector quantities are boldfaced, and the explicit dependence of ω is omitted for quantities in the frequency
domain.
S

z0

d
y0

w

x0
Sp

w

Figure 5.1: A square, planar material surface S (dark gray), with the measurement

surface Sp (light gray) at a distance d. the y 0 -direction points normally into the
material surface.

The theory is presented based on the configuration shown in Fig. 5.1. We want to
obtain an accurate estimate for the oblique incident sound absorption coefficient of
the material surface S. To this purpose, we define a measurement surface Sp , at a
small distance d from the material surface S.
The effective, area-averaged, oblique incidence sound absorption coefficient for the
surface Sp is defined as the ratio of the active (absorbed) acoustic power and the
incident power:
α=

Wac
,
Win

(5.1)

where Wac and Win are the active- and incident acoustic power, respectively. α is an
effective sound absorption coefficient, as the angle of incidence typically varies over
the measurement surface when a spatially fixed source is used. To obtain the areaaveraged oblique incidence sound absorption coefficient α(ψ) for a well-defined angle
of incidence ψ, one must either realize plane wave incidence over the whole surface
area of Sp , or determine the active- and incident acoustic power associated with a
sub-area of Sp , at which the angle of incidence lies within small tolerances of the
desired angle of incidence.
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In the following, it is assumed that the sound source is spatially fixed, and that the
source distance and the dimensions of Sp are chosen such that the angle of incidence
ψ only varies minimally over the surface Sp of interest, and we define ψ̃ to be the spatially averaged angle of incidence. Then, the active- and incident acoustic power for
angle of incidence ψ are obtained by spatial integration of the corresponding intensities
over surface Sp :
Z
Wac (ψ̃) =

Iac (ψ) dS,

(5.2)

Iin (ψ) dS,

(5.3)

Sp

Z
Win (ψ̃) =
Sp

where Iac (ψ̃) and Iin (ψ̃) are active- and incident acoustic intensity in direction n. The
local angle of incidence ψ is a function of the spatial position, defined by a spatial
vector r in an overall coordinate system, of the measurement point: ψ = ψ(r). The
measurement of the active acoustic intensity can be performed using a unidirectional
sound intensity probe, typically being either a pu-probe [6], or a pp-probe [8].
To determine the incident acoustic intensity, one could perform a prior, separate,
measurement in a free field. However, such an approach demands a stable power
output of the source, and requires that this measurement is performed at the same
position relative to the sound source. To avoid this additional effort, one must determine the active- and incident acoustic intensity from a single measurement. Whereas
the measurement methods referred to in the introductory section of this paper employ
an overall field model, we propose that a local field assumption is used.

S
Sp

n
A B

nS

A
ψ

B

d
A

ψ ψ

B

ψ

ψ ψ
Figure 5.2: A planar material surface S, with the measurement surface Sp at a distance

d. nS is the surface normal of S, and n is the surface normal vector of Sp (directed
towards S). In each point upon Sp , the acoustic field is locally approximated with
two waves with complex amplitudes A and B, where ψ is equal to the local angle of
incidence.

This assumption is illustrated in Fig. 5.2. In each point upon Sp , the acoustic field
is locally approximated by an incident plane wave with complex amplitude A, and
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a specularly reflected plane wave with complex amplitude B, as shown in Fig. 5.2.
Variations of the angle of incidence, and of the complex amplitudes with space are
explicitly allowed.

S
z
y

nB

φ
θ

d

x

θ

φ
nA

Figure 5.3: Convention of the propagation direction vectors of A and B.

For three dimensions, the direction convention is shown in Fig. 5.3. It follows that the
angle of incidence of the incident wave propagating in direction nA with respect to
the outward surface normal nS (See Fig. 5.4) equals:
ψ = arccos(sin φ cos θ),

(5.4)

so that the propagation directions nA and nB are separated by an angle 2ψ, see Fig.
5.4. If, at the measurement point defined by a spatial vector r, the angle of incidence
ψ(r) is known, one can determine A and B by using a unidirectional pu- or pp-probe.
For a pu-probe, we demand that, in every spatial point upon Sp , the approximated
field, represented by A(r) and B(r), yields the same acoustic pressure and particle
velocity as in the actual field. Hence, we obtain
"
#
 

1
1
A(r)
P (r)
=
,
(5.5)
cos(ψ)
− cos(ψ)
B(r)
Un (r)
Z0
Z0
where Z0 = ρ0 c0 is the specific characteristic acoustic impedance of air. A(r) and
B(r) become:


Un (r)
1
P (r) + Z0
,
2
cos ψ(r)


1
Un (r)
B(r) =
P (r) − Z0
.
2
cos ψ(r)
A(r) =

(5.6)
(5.7)

For a pp-probe with microphones M1 and M2 , spaced a distance s apart, see Fig. 5.4,
we equate the acoustic pressures of the approximated- and the actual field, and obtain
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S

n
M2
Un

s

d

Sp
M1
nA

ψ

ψ

nB

−n
Figure 5.4: Orientation of the propagation directions of wave A and wave B with

respect to the surface normal of surface Sp . The positions of the microphones M1
and M2 are depicted by the circular markers.

"

s

s

eik 2 cos(ψ)

e−ik 2 cos(ψ)

e−ik 2 cos(ψ)

eik 2 cos(ψ)

s

s

#

A(r)
B(r)




=

P1 (r)
P2 (r)


,

(5.8)

where k is the wavenumber, and P1 (r) = P (r − 2s n) and P2 = P (r + 2s n) are the
complex acoustic pressures measured by microphones M1 and M2 , respectively. It
follows that

i
D
i
B=
D
A=



P2 exp(−ik 2s cos ψ) − P1 exp(ik 2s cos ψ) ,

(5.9)



P1 exp(−ik 2s cos ψ) − P2 exp(ik 2s cos ψ) ,

(5.10)

where D = 2 sin(ks cos ψ). The solutions for A(r) and B(r) become singular for
frequencies
fq =

q c0
,
2s cos ψ

(5.11)

where q = 1, 2, 3, . . .. For a microphone spacing s = 20 mm, the lowest frequency f1
at which the singularity occurs equals ca. 8600 Hz for normal incidence. f1 increases
with increasing angle of incidence. Having determined the complex amplitudes A(r)
and B(r) either with a pu- or a pp-probe, the incident acoustic intensity in the direction
n (towards the material surface S) and the reflected acoustic intensity in the opposite
direction, can be calculated according to
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2

Iin (r) =

|A(r)|
cos ψ,
2ρ0 c0

Irefl (r) =

|B(r)|
cos ψ.
2ρ0 c0

(5.12)

2

(5.13)

The active acoustic intensity in direction n can be calculated with the well-known
formula by Fahy [8]:
Iac (r) =

1
Re[P (r)Un (r)].
2

(5.14)

Whereas application of this equation is straightforward for a pu-probe, for a pp-probe
it is less obvious. If we would use the finite difference (FD) approximation to determine
the particle velocity for use in Eq. (5.14), see Fahy [8]:

Un (r) ≈

i
[P2 (r) − P1 (r)],
Z0 ks

(5.15)

our formulation would become inconsistent. One can use the FD-approximation in
Eq. (5.15) and then use Eq. (5.14) to determine the active acoustic intensity, but then
one should have used Eq. (5.6) to determine A(r) using the formulation for a pu-probe
to calculate the incident acoustic intensity. However, in that case, both the activeand the incident acoustic intensity will suffer from the finite difference error, known
for pp-probes [8].
Instead, we determine the particle velocity at the geometric center of the pp-probe in
direction n using the complex wave amplitudes A(r) and B(r) according to the LSPW
assumption:
Un (r) =

cos(ψ)
[A(r) − B(r)],
Z0

(5.16)

so that, with Eq. (5.14), it follows that the active acoustic intensity equals the
difference between the incident- and reflected acoustic intensity:
Iac (r) =

|A(r)|2 − |B(r)|2
cos(ψ).
2Z0

(5.17)

Having estimated the active- and incident acoustic intensity by the above procedure,
the area-averaged oblique sound absorption coefficient can straightforwardly be calculated with Eq. (5.1) after spatial integration of both intensities according to Eqs. (5.2)
and (5.3), respectively. It is pointed out that the estimated intensities will be exact if
the actual acoustic field matches with the field described by the local specular plane
wave assumption.
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Implementation

The measurements presented in this paper were performed using a newly developed
3D pp-sound intensity probe, see Fig. 5.5. The 8 microphones used in this probe are
digital, omnidirectional, MEMS-microphones (ADMP441, Analog Devices, 4.7x3.8x1.0
mm). They have a signal-to-noise ratio of 61 dB(A) and a dynamic range of 87 dB.
The microphones are spaced 20.0 mm in the x- and y-direction, and 23.1 mm in the
z-direction. As reported in an earlier paper [16], some diffraction effects between 4 and
6 kHz were observed during a series of calibration measurements. The resulting phaseand amplitude errors at these frequencies can, particularly for poorly absorbing samples,
result in noticeable inaccuracies in the sound absorption curve, as observed in the same
paper. However, the samples described in Sec. 5.4 are good sound absorbers, and the
obtained absorption curves do not seem to be influenced by phase- and amplitude
errors.

Holder

z
y
x

Spacer
Microphone (8x)

Spacer

Figure 5.5: 3D sound intensity probe in front of a plate. The y-direction points normally
into this plate.

Due to the particular design of the probe, we have chosen an implementation of the
LSPW-method that is somewhat different from the theory in the preceding section.
The first aspect of this implementation is the application of a least-squares method to
obtain the complex amplitudes A and B. Instead of using Eq. (5.8), we have chosen
to solve A and B from the following set of equations:
Mv = P
in which


M11
 ..
M= .
MN 1




P1
M12


..  , v = A , P =  ..  ,
 . 
. 
B
MN 2
PN

(5.18)
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where N is the number of microphones. The elements of the first and second column
of the matrix M are given by
Mj1 = e−ik[xj sin φ sin θ+yj sin φ cos θ+zj cos φ] ,
Mj2 = e

−ik[xj sin φ sin θ−yj sin φ cos θ+zj cos φ]

,

(5.19)
(5.20)

where xj , yj , and zj are the spatial coordinates of microphone j relative to the
geometric center of probe according to Fig. 5.5. One can solve the overdetermined
system of equations in Eq. (5.18) for the complex amplitudes in v in a least-squares
sense [3] by pre-multiplication of the left- and right-hand side with the Hermitian
transpose MH , and then solving for v, according to:
−1 H
v = MH M
M P.

(5.21)

By doing so, the real-valued, semi-positive definite functional
H

F = (Mv − P) (Mv − P) ,

(5.22)

being the sum of all squared errors, is minimized. That is, the above procedure tries to
determine A and B, such that a least-squares fit to the measured acoustic pressures is
obtained. The above solving procedure has to be repeated for every discrete frequency
in the complex spectrum P that falls within the frequency range of interest.
The second aspect of our implementation is an adaption of the system of equations
(5.18). The measurement of the acoustic pressures in Sec. 5.4 is performed without
a reference signal. Therefore, spectral averaging of the complex spectrum of each of
the acoustic pressures P1 . . . PN is useless. In such cases, one defines one of the data
channels to be the reference signal and calculates the transfer functions or cross-power
spectra, which are suitable for spectral averaging. Without loss of generalization, we
have defined channel 1 as the reference signal. If cross-power spectra are used, the
system of equations (5.18) can be formulated as


M11
 ..
 .
MN 1




P1 P 1
M12
 0 


..
..  A
,
.
.  B0 = 
MN 2
P1 PN

(5.23)

where A0 = P1 A and B 0 = P1 B, the overbar denotes complex conjugation, and the
explicit dependence on r has been omitted. As the solving procedure now yields A0
and B 0 instead of A and B, one has to divide the right-hand side of Eqs. (5.12),
(5.13) and (5.17) by the auto-power spectrum of the reference channel |P1 |2 to obtain
the correct incident, reflected, and active intensity, respectively. Once the active- and
incident intensity are known, one can proceed to calculate the area-averaged sound
absorption coefficient, as outlined in Sec. 5.1.
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5.4

Measurements

5.4.1

Sample 1: sound absorbing foam

The measurements described in this section were performed for a 50 mm thick sheet
of melamine resin foam, Basotect G, backed by a 10 mm thick aluminum plate, see
Fig. 5.6. The dimensions of the foam sheet are 1250x625 mm, whereas the dimensions
of the aluminum plate are slightly larger. The foam was attached to the plate using
double-sided adhesive tape.

Figure 5.6: Probe in front of foam sample backed by a thick plate. The scanning area
is indicated in white.

The sample was positioned vertically in a well-absorbing, but not anechoic, room
with approximate dimensions 6x6x5 m. The measurement was performed using the
3D sound intensity probe shown in Fig. 5.5. The probe was moved along the surface of the sample by means of a PC-controlled scanning system, maintaining a distance d = 20 mm of the geometric center of the probe to the surface of the sample.
The positioning accuracy of the scanning system is less than 1 mm. A square, equidistant grid of 21x21 points spaced at 12.8 mm was defined upon the foam surface,
resulting in a measurement surface of 256x256 mm2 . At each point, the acoustic
pressures were recorded during 10 s. After each moving step of the scanning system,
sufficient time was allowed for residual vibration to dampen out before the start of a
new recording.
A small loudspeaker, with a membrane diameter of 23 mm and a circular housing
having a diameter of 80 mm, served as a sound source. It was positioned at 1 m from
the plate such that the desired angle of incidence occurs at the geometric center of
the measurement region. Temperature, ambient pressure and relative humidity were
recorded at the start of the scanning session. Data acquisition is performed using
a 40-channel digital front-end and a PC. The signals were processed in data blocks
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of 4096 points, with 80% overlap. The frequency resolution ∆f of all results shown
hereafter, equals 11.7 Hz. The lower frequency limit of the results is set to 1300 Hz
as the small speaker did not radiate sufficient acoustic power to maintain a coherence
between the microphone signals above 0.9.
Two measurements were carried out: a normal incidence and a 45o incidence measurement. To verify the results, the Delany-Bazley model [7] is used. First, the
model is fitted to normal incidence sound absorption curve by varying the flow resistivity. Then, the normal specific acoustic surface impedance of the rigidly backed
foam layer is calculated with the model. Having obtained this impedance, we calculated two predictions of the sound absorption curve for the second measurement, i.e.
for 45o incidence. One prediction assumes local reaction, and the second prediction
assumes extended reaction. Both predicted curves are compared with the curve for
45o incidence obtained with the LSPW-method.
In the first, normal incidence, measurement, the effective area-averaged sound absorption coefficient was determined with the LSPW-method while accounting for the
variation of the angle of incidence with position. The maximum angle of incidence
equals 10o , occurring at the corners of the square measurement grid. A separate
analysis, for subsets of points having the same angle of incidence, showed that the
variation of the area-averaged sound absorption coefficient with incidence angle was
not noticeable, as expected. Therefore, the effective area-averaged sound absorption
coefficient can be interpreted as the result of a purely normal incidence measurement.
Figure 5.7 shows the sound absorption curve obtained with the LSPW-method, a
theoretical curve based on the model by Delany and Bazley [7], and impedance tubebased data from the manufacturer of the foam. The theoretical curve was determined
by fitting the Delany-Bazley model to the measurement results by varying the flow
resistivity, being the case for a flow resistivity σ of 8000 Ns/m4 . This value is realistic as Garai and Pompoli [10] reported an average of ca. σ = 10000 Ns/m4 from
an inter-laboratory test (round robin) for a Basotect foam with a mass density of
10 ±1.5 kg/m3 , whereas the Basotect G foam in our measurements is specified as having a mass density of 9 +2/-1 kg/m3 . Furthermore Kino et al. [11] reported σ = 6197
Ns/m4 for Basotect TG with a mass density of 8.77 kg/m3 . Please note that we have
extrapolated the theoretical curve obtained with the Delany-Bazley model up to 12
kHz, whereas Delany and Bazley indicated validity of their model up to f /σ = 1,
being 8 kHz in our case.
The black solid curve in Fig. 5.7 is obtained with the LSPW-method. The distinct
dips in this curve at 2273 and 6080 Hz are related to a variation of the local sound
absorption coefficient within a part of the area of the measurement surface. This
variation is caused by local detachment of the foam from the adhesive tape, and was
analyzed more in detail by the authors in [16].
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Figure 5.7: Normal incidence sound absorption coefficient vs. frequency, measured with

the LSPW-method, calculated with the model of Delany and Bazley (DB-model), and
measured with an impedance tube acc. ISO 10534-2 [1] for a layer thickness of 51 mm
(manufacturer data, 1/3-octave values).

The Delany-Bazley model predicts the measured curve very well, and agreement with
the impedance tube results is quite good. The strong dip at 8625 Hz in the measured curve is caused by the singularity of A and B in Eqs. (5.9) and (5.10). At this
frequency, one-half wavelength equals the microphone spacing in the surface normal
direction, i.e. the y-direction in Fig. 5.5.
The Delany-Bazley model will now be used to predict the sound absorption curve
for the second measurement having 45o incidence. To this purpose, the specific normal acoustic surface impedance for the rigidly-backed foam layer is calculated first,
using
ZS = −iZc cot(kc t),

(5.24)

where t is the thickness of the layer of foam. Zc and kc are the characteristic specific
acoustic impedance and complex wavenumber of the foam obtained from the DelanyBazley model, respectively. We will now use the calculated specific normal acoustic
surface impedance obtained with Eq. (5.24) to predict the sound absorption coefficient
for 45o incidence. This prediction allows us to verify the sound absorption coefficient
measured with the LSPW-method for that angle in the second measurement. Two
predictions, αLR and αER , are calculated, where the subscripts indicate locally- or
extended reaction. The first prediction assumes a locally reacting surface, so that the
following equation can be used to calculate the sound absorption coefficient:
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αLR (ψ) =

4 Re(ZS0 ) cos ψ
2

[1 + Re(ZS0 ) cos ψ] + [Im(ZS0 ) cos ψ]

2,

(5.25)

where ZS0 = ZS /Z0 . The second prediction is performed for an extended reaction
surface and hence, we first have to calculate the normal specific acoustic surface
impedance for oblique incidence. To this purpose we use Eq. (8) in Davies and Mulholland [5] for an isotropic rigidly-backed absorbing layer, originating from Brekshovskikh
[4]:

ZS0 (ψ) =

Zc
i
h
i×
Z0 1 − ( k sin ψ)2
kc
 
1/2 
cot kc t 1 − kkc sin ψ
.

(5.26)

The second prediction, αER (ψ), is then calculated by substituting ZS0 (ψ) obtained
with Eq. (5.26) in Eq. (5.25).
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Figure 5.8: Oblique incidence sound absorption coefficient for 45o incidence vs. fre-

quency, measured with the LSPW-method, predicted for a locally-reacting surface
αLR , and predicted for an extended reaction surface αER .

Both predictions, and the curve for 45o incidence determined with the LSPW-method,
are shown in Fig. 5.8. The measurement result indicates that the melamine resin
foam is rather of the extended reaction type than of the locally reacting type, which
is plausible as its flow resistivity is low. The measured curve agrees quite well with
the extended reaction prediction. Although the qualitative course of the predicted
and measured curve match very well, the frequencies at which maximum absorption
occurs, do not coincide. This could indicate that the angle of refraction inside the
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material is smaller in reality than predicted by the extended reaction model.
The measured (black) curve rapidly already starts to deviate from its expected course
above 8 kHz. However, the singularity in the complex amplitudes A and B occurs
only at 12.2 kHz. The cause of the deviation lies in the presence of phase errors of the
probe. The sensitivity to such errors increases with an increasing angle of incidence.
To obtain accurate results at large angles of incidence, a microphone spacing larger
than 20 mm is necessary given the phase errors of the probe. However, a larger spacing
causes the frequency at which singularity occurs to decrease, so that accurate measurements that involve combinations of large angles of incidence and high frequencies
are difficult to realize.
Besides the purpose of the prediction of the sound absorption curve for the second measurement, we can also use the calculated specific normal acoustic surface
impedance according to Eq. (5.24) to demonstrate that area-averaging is also useful
when measuring the specific normal acoustic surface impedances in non-ideal fields.
To this purpose, the complex wave amplitudes A and B, obtained with the LSPWmethod, are used to determine the specific normal acoustic surface impedance of the
rigidly-backed layer of foam.
First, the local normal specific acoustic surface impedance at the geometric center
of the probe is determined. Using the LSPW assumption, this impedance can be
expressed in terms of A0 and B 0 , as obtained by solving the system of equations in
Eq. (5.23):

ZM =

Z0 A0 + B 0
.
cos(ψ) A0 − B 0

(5.27)

Assuming plane wave propagation between the measurement surface and the material
surface, the specific normal acoustic surface impedance can be calculated from ZM ,
using Eq. (4) in [2] by Allard et al.:



Z0
ZM cos ψ − iZ0 tan(kd cos ψ)
ZS (ψ) =
.
cos ψ Z0 − iZM cos ψ tan(kd cos ψ)

(5.28)

Figure 5.9 shows the specific normal acoustic surface impedance as calculated with
the Delany-Bazley model, using Eq. (5.24), and as determined from the measurements
using Eq. (5.28). The gray bands indicate the envelope that contains the curves for
all 441 measurement points. The agreement of the mean value of these sets of curves
(solid black line) with the calculated curve (dashed line) is very good, for both the
real and imaginary part. Hence, we conclude that area-averaging is also effective in
measuring the normal acoustic surface impedance in non-ideal fields.
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Figure 5.9: Normal specific acoustic surface impedance, measured with the LSPW-

method and calculated with the model of Delany and Bazley. Upper graph: real part.
Lower graph: imaginary part.

5.4.2

Sample 2: periodic absorber

The second sample is a periodic absorber, see Fig. 5.10. This type of absorber was
chosen to investigate how the LSPW-method deals with acoustic fields that locally
differ strongly from the field assumed by the LSPW assumption. This is the case for the
periodic absorber investigated here. Periodic absorbers are characterized by discrete
frequencies at which scattering of so-called radiating harmonics at non-specular angles
is cut-on. At- and beyond the first cut-on frequency, the acoustic field consists of an
incident wave, a specularly reflected wave, and one or multiple scattered waves. In
addition, evanescent surface waves are present in the near-field.

5 cm
10 cm

Figure 5.10: Probe in front of periodic absorber.

The dimensions of the sample are 120x120 cm. The wooden ribs are 50 mm wide and
are spaced 50 mm apart. The thickness of the wooden ribs varies between 46.5 and
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Figure 5.11: Normal incidence sound absorption coefficient vs. frequency, measured

with the LSPW-method, predicted using a full model including scattering, and predicted using a model that only includes the specularly reflected wave.

48.5 mm. The melamine resin foam that has been analyzed in the preceding section
is used to fill the slots between the ribs, where a thickness of 47.5 mm was chosen.
The backing of the whole plate can be considered to be rigid. It consists of 2 layers
of a 12 mm thick MDF-board (medium density fiber board).
Two measurements were performed: a normal incidence and a 30o incidence measurement. A square scanning area, centered on the sample’s surface, with a width of
0.2 m (2 spatial periods) was defined. All other parameters of the setup are identical to the setup described in Sec. 5.4.1. In this section, results are presented up to
7000 Hz as there is no point in extending this frequency for the phenomena that we
are discussing in this section. The predictions are based again on the model by Delany
and Bazley [7] where σ = 8000 Ns/m4 .
Figure 5.11 shows the area-averaged normal incidence sound absorption coefficient
along with two theoretical predictions. Both predictions were calculated using the
approach by Mechel [20] for a semi-free field bounded by a periodic absorber that is
subjected to plane wave incidence. The first prediction, indicated by the dashed gray
curve, accounts for scattered waves and includes radiating harmonics up to 4th order.
The second prediction only includes the first order radiating harmonic and thus only
accounts for specular reflection. It is represented by the solid, light gray curve.
Up to 2 kHz the agreement is very good. Beyond this frequency, the measured curve
deviates from the predicted curves. This deviation is almost certainly caused by the
presence of evanescent surface waves that exist for every order of the radiating harmonics below their cut-on frequency. Consequently, the estimates for both the activeand incident acoustic intensity will be more or less inaccurate as the probe is located
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in the near-field. This field is very different from the set of two waves assumed by the
local specular plane wave assumption.
At 3450 Hz, oblique scattering into the far-field occurs. The LSPW-method is quite
accurate at this frequency, although the acoustic field differs much from the local
specular wave assumption. Even in the presence of two obliquely scattered waves, the
LSPW-method seems to be capable of determining the amplitude of the specularly
reflected wave as the measured curve agrees well with the specular wave-based prediction up to 3900 Hz. It is pointed out that the amplitude of the next order evanescent
surface waves is still relatively low in this frequency range, but steadily increases with
increasing frequency up to the frequency at which a new radiating harmonic is cut on.
1
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0.5
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Figure 5.12: Sound absorption coefficient vs. frequency for 30o incidence, measured

with the LSPW-method, predicted using a full model including scattering, and predicted using a model that only includes the specularly reflected wave.

Figure 5.12 shows the same curves for 30o incidence. The observations stated for
normal incidence up to the cut-on frequency, 2300 Hz, of the first scattered wave also
seem to be valid here. Above this frequency, however, the measured curve agrees
less well with the specular reflection-based prediction (light-gray curve) than for the
normal incidence case. This can be explained by the relatively higher amplitude of
the evanescent surface waves compared to the normal incidence case, as verified by
the model. To obtain an accurate estimate for the sound absorption coefficient, the
complex wave amplitudes A and B must be determined in the far-field.
From the results, we conclude that the LSPW-method works well as long as scattering does not occur and as long as the measurement is not influenced by evanescent
surface waves. To be able to measure the sound absorption coefficient of the periodic
absorber up to the first cut-on frequency, the measurement has to be performed at a
greater distance d from the sample’s surface. Furthermore, the results seem to indicate
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that the LSPW-method is also capable of determining the amplitude of the specularly
reflected wave above the first cut-on frequency, provided that the measurement is not
influenced by evanescent surface waves.

5.5

Conclusions

In this paper, the LSPW-method for the measurement of the area-averaged oblique
incidence sound absorption coefficient is presented. Its underlying assumption assumes
that, locally, the acoustic field can be approximated by a set of two plane waves that
represent local specular reflection. There is no need for an overall model of the acoustic field in which one has to account for the physical behavior of the sample and/or
for the directivity characteristics of the source.
To ensure that the angle of incidence is about constant over the measurement surface, the dimensions of the measurement surface must be significantly smaller than
the source distance. If this is not the case, one obtains an effective sound absorption
coefficient. The LSPW-method does not account for geometrical spreading of the
waves between the measurement surface and the surface of the sample, so that a large
source distance is also helpful in reducing errors that may be caused by neglecting
geometrical spreading.
Measurements performed for a foam sample subjected to normal and 45o incidence
show that the LSPW-method yields accurate results, although these measurements
were performed in a non-ideal acoustic field. Effects that typically negatively influence the results of single point-based measurements, such as the presence of room
reflections, are effectively reduced by employing area-averaging. It is also shown that
the LSPW-method can be used to determine the specific normal acoustic surface
impedance, and that area-averaging is also useful for this purpose. Measurements for
a periodic absorber indicate that the LSPW-method can be used up to the cut-on frequency of scattering, provided that the measurement is not performed in the near-field
of the absorber due to the presence of evanescent surface waves.
We conclude that the LSPW-method is a useful alternative for measuring the oblique
incidence sound absorption coefficient while avoiding the effort of generating an overall
model of the acoustic field.
Future work may include investigations for large angles of incidence and investigations of the effects of phase- and amplitude errors of the probe.
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Chapter 6

Conclusions and
recommendations
6.1

Conclusions

The present research has led to new insights in the way sound absorption measurements can be performed. It has led to the development of two novel sound absorption
measurement methods, the development of a novel 3D sound intensity probe, and new
insights with respect to the role of area-averaging in sound absorption measurements.
These elements are described and discussed in four research papers [1, 2, 3, 4].
In the first paper, reproduced in chapter two, a novel intensity probe, consisting of
eight MEMS-microphones, is described. Due to its compactness, it allows for measuring the 3D acoustic intensity vector nearer to surfaces than would be possible with
conventional 3D sound intensity probes based on 1/2-inch microphones. It is shown
that the intensity vector can be straightforwardly calculated once the cross-spectral
matrix is obtained from the measurement. In addition, a novel calibration method has
been developed. In order to determine the source characteristics, calibration measurements are performed at multiple distances from the source in a non-anechoic room.
It is shown that the effects caused by room reflections are reduced by averaging over
multiple measurement points.
Chapter three introduces a first new method, the so-called Local Plane Wave method
or: LPW-method, for the measurement of the sound absorption coefficient that is
based on a local field assumption only. By numerical analyses, it is shown that the
spatial distribution of the incident acoustic intensity can be recovered accurately, even
in the presence of another reflective surface near the surface of interest. The obtained
area-averaged sound absorption coefficients are, in fact, effective sound absorption
coefficients as the field is not well-defined. Nevertheless, these coefficients approach
the theoretical values of the surface of interest for normal incidence very well. It is
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observed that for a poorly absorbing surface, the distance between the measurement
surface and the material surface has a greater influence on the accuracy of the sound
absorption coefficient than for a well-absorbing surface. Accordingly, it is advantageous to minimize the distance of the measurement surface to the material surface.
The effect of the distance of the measurement surface to the material surface has been
investigated in chapter four. In this chapter, it is shown that leakage of acoustic power
through the circumferential surface, surrounding the space between the measurementand material surface, leads to an overestimation of the sound absorption coefficient
of the surface of interest. This phenomenon is particularly significant for poorly absorbing surfaces. By additionally measuring the active acoustic power passing through
the circumferential surface, this error can be compensated for. Near-normal incidence
measurements performed for an acoustically hard surface showed the usefulness of
this approach. Experiments performed for both samples showed that an increase of
the area of the measurement surface leads to smoother results, confirming that the
effectiveness of area-averaging increases with increasing surface area.
The LPW-method is well-suited for near-normal incidence measurements. However,
the estimated incident acoustic intensity becomes increasingly inaccurate for increasing angles of incidence. To be able to also perform measurements for larger angles of
incidence, a different local assumption was conceived: the local specular plane wave
assumption. The method that is based on this assumption, the LSPW-method, is
described in chapter five. A least-squares method is used to determine the amplitudes of the incident and reflected wave using the intensity probe described in chapter
two. Measurements performed for a well-absorbing porous absorber showed that the
LSPW-method is capable of producing credible results. Measurements performed for
a periodic absorber also confirm this, at least up to frequencies where the amplitude
of evanescent waves near the absorber’s surface is smaller than those of the incidentand specularly reflected wave.
Summarizing, it is concluded that the objective of this research has been met. With
the development of the LPW- and LSPW-method in this work, two new methods are
available that do not require an overall model of the acoustic field in front of the
sample. The LPW-method is suitable for normal- and near-normal incidence, whereas
the LSPW-method can be applied for normal- and oblique incidence measurements.
The local approaches adopted in both methods allow for measurements in non-ideal
acoustic fields. Due to the chosen approach, the obtained sound absorption coefficient
is that of the measurement surface, lying at a small distance to the material surface.
For non-plane wave incidence, or reflection of non-plane waves, it is advisable to account for leakage of active acoustic power through the circumferential surface. The
newly developed 3D sound intensity probe is of great utility for this purpose. Its design
allows for measuring the active acoustic intensity that passes through the circumferential surface that surrounds the space between the measurement- and material surface.

6.2. Recommendations and outlook
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Furthermore, the concept of area-averaging has proven to be very useful in reducing unwanted effects caused by room reflections and edge-diffracted waves. It has
been shown that this concept is also effective when measuring the normal acoustic
surface impedance assuming plane wave propagating between the measurement- and
the material surface. Considering area-averaging, the measurement methods developed
in this work have the advantage of ease and rapidity over currently existing methods
that employ iterative fitting procedures, as the computational effort associated with
the latter can already be significant for a single measurement point.
Finally, this research demonstrates the effectiveness of using a local approach. In
a general sense, one can conclude that when a field assumption can locally approximate the acoustic field well, it can also be used to locally decompose a field into
incident and reflected waves. As such, there is no need for establishing an overall
model of the acoustic field.

6.2

Recommendations and outlook

The two new methods developed in this work show that it is possible to determine
the sound absorption coefficient without the use of an overall model, and thus without the need for a well-defined measurement setup. The LSPW-method encompasses
the LPW-method and should therefore be taken as a starting point for further research. Currently open questions that demand further investigations are presented in
the following list.
• Amplitude- and phase errors are bias errors that are known to strongly influence
the accuracy of acoustic intensity measurements. It is therefore recommended
to analyze their influence on the accuracy of the sound absorption coefficient.
• Without dedicated models, it is, currently, hardly possible to determine the (areaaveraged) sound absorption coefficient of non-locally reactive surfaces. Investigations on application of the LSPW-method or development of other methods
to this purpose is therefore desired.
• The LSPW-method has been applied for angles up to 45◦ . It is recommended
to investigate application of the LSPW-method for larger angles of incidence. A
particular issue herein is that, for low frequencies, the phase difference between
the measured acoustic pressures will decrease, thus making the measurement
more sensitive to phase errors.
• Quantitative analysis of the effect of area-averaging in different environments
and for different surface types is necessary to be able to relate the attainable
accuracy with the dimensions of the measurement surface.
• Application of the LSPW-method would be more convenient if a manual scanning
process could replace the current automated sequence of point measurements.
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Therefore, it would be useful so investigate the accuracy of a manual scanning
procedure.
• The concept of area-averaging is a beneficial factor in reducing the influence
of reflections from surfaces other than from the surface of interest. Therefore,
the LSPW-method is a good candidate for in situ measurements as well. Investigations of application of this method in situ, including even more or less
reverberant rooms, first have to be performed in order to evaluate the potential
for this purpose.
Finally, it is stressed that the LPW- and LSPW-method in fact are elementary realizations of the general concept of local wave decomposition. This concept allows
the inclusion of more waves, provided that the acoustic pressure is measured at a
sufficient number of spatially distributed points, and advanced numerical solving techniques are applied to solve the resulting system of non-linear equations. The expected
development of commercially available arrays of MEMS-microphones will certainly be
very beneficial to this purpose. By doing so, the measurement of the area-averaged
oblique incidence sound absorption coefficient of non-locally reactive surfaces, such as
diffusers or periodic absorbers, may become possible in the near future without having
to establish dedicated overall field models.
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Nomenclature
Greek
α
αER
αLR
αm
αS
∆f
λ
φ
ψ
ψ̃
θ
ρo
σ
ω

sound absorption coefficient
sound absorption coefficient for a locally reactive surface
sound absorption coefficient for an extensively reactive surface
effective mean sound absorption coefficient
statistical sound absorption coefficient
frequency resolution
wavelength
angle of incidence w.r.t. y-axis
angle of incidence
average angle of incidence
angle of incidence w.r.t. to z-axis
mass density of air
flow resistivity
radial frequency

[-]
[-]
[-]
[-]
[-]
[Hz]
[m]
[rad]
[rad]
[rad]
[rad]
[kg/m3 ]
[Ns/m4 ]
[rad/s]

distance
speed of sound
distance
frequency
distance
acoustic wavenumber
(complex) acoustic wavenumber of porous material
acoustic pressure
counter
microphone spacing
distance
complex amplitude of incident wave
complex amplitude of reflected wave
Functional

[m]
[m/s]
[m]
[Hz]
[m]
[rad/m]
[rad/m]
[Pa]
[-]
[m]
[m]
[Pa]
[Pa]
[Pa2 ]

Scalars
a
c0
d
f
h
k
kc
p
q
s
w
A
B
F
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G
Iac
Iin
Ire
Irefl
N
P
S
Sabs
Sp
T
T60
Un
V
Wac
Win
Z
Z0
Zc
ZS
ZS0

single-sided power spectral density
directional active acoustic intensity (or its spectral density)
directional incident acoustic intensity (or its spectral density)
directional reactive acoustic intensity (or its spectral density)
directional reflected acoustic intensity (or its spectral density)
counter
complex acoustic pressure
surface
absorbing surface area
projected surface
time duration
reverberation time
particle velocity in direction n
volume
acoustic power
incident acoustic power
specific acoustic impedance
characteristic specific acoustic impedance of air
characteristic specific acoustic impedance of porous material
normal specific acoustic surface impedance
normalized normal specific acoustic surface impedance

[Pa2 /Hz]
[W/m2 ]
[W/m2 ]
[W/m2 ]
[W/m2 ]
[-]
[Pa]
[m2 ]
[m2 ]
[m2 ]
[s]
[s]
[m/s]
[m3 ]
[W]
[W]
[Ns/m3 ]
[Ns/m3 ]
[Ns/m3 ]
[Ns/m3 ]
[-]

Vectors and matrices
n
nA
nB
r
Iac
Ire
M
P
U

normal surface direction
propagation direction of incident wave
propagation direction of reflected wave
spatial position vector
active acoustic intensity vector
reactive acoustic intensity vector
matrix containing phase relationships between acoustic pressures
vector of measured complex pressures
particle velocity vector

Abbreviations
8p-probe
pp-probe
pu-probe

sound intensity probe consisting of 8 microphones
2-microphone sound intensity probe
sound intensity probe consisting of one microphone and one
particle velocity sensor
DB-model Delany-Bazley model
dBFS
dB Full Scale

[m]
[m]
[m]
[m]
[W/m2 ]
[W/m2 ]
[-]
[Pa]
[m/s]

Nomenclature
EIN
LPW
LSPW
MEMS
SNR
SPL
THD

Equivalent Input Noise
Local Plane Wave
Local Specular Plane Wave
Micro-Electro Mechanical Systems
Signal-to-Noise Ratio
Sound Pressure Level
Total Harmonic Distortion
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