SOUND TRANSMISSION ANALYSIS BY SOUND INTENSIMETRY

by

Barend Gideon van Zyl

Submitted in partial fulfilment of the requirements for the degree of

Doctor of Philosophy, in the

Department of Electronic Engineering
University of Natal
1985

Pretoria
1985



ii

PREFACE

The experimental and theoretical research described in this thesis was
carried out by the author in the Acoustics Division of the National
Physical Research Laboratory (NPRL) of the South African Council for
Scientific and Industrial Research (CSIR) during the period September
1982 to April 1985. Work in this division was performed under the

supervision of Dr F. Anderson.

These studies represent original work by the author and have not been
submitted in any form to another University. Where use was made of

work carried out by others, it has been duly acknowledged in the text.



iii

ACKNOWLEDGEMENTS

The work presented in this thesis was carried out under supervision of
Professor A.D. Broadhurst of the Electronic Engineering Department,
University of Natal. I wish to thank Professor Broadhurst for his ad-

vice and guidance in the course of this study.

The experimental part of this study is based upon measurements perform-
ed by the author in the acoustical laboratories of the NPRL.
Permission by the CSIR to utilize the results of these measurements in
the compilation of this thesis is gratefully acknowledged. The support
and encouragement given by the Director of the NPRL, Dr G.J. Ritter, is

appreciated.

I am greatly indebted to my colleague, Mr P.J. Erasmus, for his help
and advice during all stages of the project. The precision and thor-
oughness of his approach contributed substantially to the reliability

of test results and the high quality of graphs and drawings in this
thesis.

Acknowledgement and a word of thanks are due to Mr J.F. Rossouw who has

sacrificed precious time to perform independent sound insulation tests
on the 220 mm brick filler wall.

The author wishes to thank Mrs I.T. Uytenbogeardt who, with great

efficiency and excellence, has converted the text from analog to digi-
tal.

This thesis would not have been possible without the encouragement and

positive attitude of my wife Jane, nor without the understanding and
patience of my children, Adéle and Deon.



iv

ABSTRACT

This thesis represents the development and evaluation of a theory for
sound transmission analysis by sound intensimetry. In the context of
this study sound transmission analysis is understood to embrace the

following:

(1) The measurement of sound reduction indices.
(2) Diagnostic analysis of sound transmission through panels and

structures.

The sound intensity method is examined against the theoretical back-
ground of the classic two-room method which forms the basis of current-
-1y used international standards. The flanking problem, which is one of

the principle limiting factors in the use of the classic method, is

analyzed.

The standard formulation of the intensity method is expanded to account
for leakage error, boundary interference effects and calibration mis-
match. It is shown that the commonly observed low-frequency discrepan-
cy between intensity and classic method results is resolved by applica-

tion of the Waterhouse correction.

Sound absorption by the test object on the receiving side is shown to
cause an error which increases with the flanking factor and with the
fraction of the receiving room absorption located on the surface of the

test object. Guidelines are developed for the assessment and control

of absorption error in practical situations.

Using the common mode rejection index as a performance rating for sound
intensity meters, the measurement of sound transmission in reactive
fields is investigated. Derivation of a formula for the reactivity
near the surface of a transmitting panel surrounded by a flanking

structure in a reverberant field, leads to the development of a theore-



tical framework and criteria for the planning and evaluation of test
arrangements for sound transmission analysis. Guidelines are given for
the calculation of minimum receiving room absorption and the microphone

spacing required in practical situations.

A study of the characteristic properties of sound intensity fields in
diffuse and non-diffuse environments is used as a basis in formulating
a new method of measuring directional diffusivity. Based on the rela-
tionship between reactivity and the degree of directional balance in a
sound intensity field, this method involves spatial averaging of the
pressure level and determination of the magnitude of the total
intensity vector at the point under consideration. A direct-reading
diffusivity meter has been developed and employed in assessing

diffusivity in practical situations.

The effect of a lack of directional diffusivity on the accuracy of
sound transmission analysis in reactive fields is examined. Criteria
for calculating minimum diffusivity requirements in the source and re-

ceiving room are developed and evaluated experimentally.
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CHAPTER 1
INTRODUCTION
1.1 THE ROLE OF THE AUTHOR IN THE DEVELOPMENT OF SOUND INTENSIMETRY

Sound power is a principle parameter in the radiation and transmission
of sound. Reliable information on the power-radiation characteris-
tics of sources such as musical instruments, household appliances, in-
dustrial plants and sound insulating partitions is constantly needed by
acoustic engineers in devising solutions to acoustic design and noise
control problems. In principle, since real sources are generally non-
isotropic, the sound power radiated by a source situated in a free
field has to be estimated by determination of the power per unit area
(sound intensity) at a number of points on a measurement surface enclo-
sing the source. In practice, sound power determination generally in-
volves a much more elaborate procedure, for until recently it had not
been possible to measure sound intensity directly. Even today, not-
withstanding considerable advances which are taking place in sound in-
tensimetry, standard methods of sound power determination are still
based on indirect determination of sound intensity by sound pressure
measurement. If the source is located in a reverberant or a semi-re-
verberant room, as for example when the sound transmission through a
wall is examined, sound power measurement is compounded by uncertain-

ties as to the actual relationship between sound intensity and sound
pressure.

The need for sound intensimetry is further accentuated by the appear-
ance of sound intensity and sound power as key parameters in the defi-
nitions of basic acoustic properties such as sound absorption, diffu-
sion and sound insulation. Realizing this, Olson [l] described the
principle of an instrument for measuring sound intensity in a patent
issued to him in 1932. The first attempt to construct such a device
was reported in 1941 by Clapp and firestone [2] who used a crystal mi-

crophone and a ribbon microphone to measure the sound pressure and par-

ticle velocity, respectively. The results showed promise, but lacking

the support of adequate electronic and microphone technology, this

principle failed to pass the threshold of practical viability. Two



further attempts by Baker [3] and Schultz [4] in 1955 and 1956, respec-
tively, marked the end of the first phase in the evolution of sound in-

tensimetry.

A year after he had joined the CSIR in 1971, the author had the oppor-
tunity to resume a project on sound power determination which had form-
ed the subject of his thesis in the final year of study for the B.Sc.
degree in electrical engineering at the University of Pretoria. It was
soon realized that a satisfactory solution to the problem of sound pow-
er determination would not be reached by further refinement of methods
based on sound pressure measurement. Under supervision of Dr J.F. Bur-
ger, the then head of the Acoustics Division of the NPRL, a research
project on the development of a practical sound intensity meter was

initiated.

Setting out with the aim to develop a self-contained portable sound in-
tensity meter with practically useful specifications, it was decided to
recommence with Olson's idea, taking full advantage of the technologi-
cal advances in electronics which had in the meantime taken place. The
first prototype, using a dynamic STC 4035 pressure microphone and an
STC 4038 velocity microphone, was battery-operated and self-contained
but had a very limited frequency range. Even so, the instrument was
used to demonstrate that sound power determination by sound intensity

measurement could be accomplished in any type of acoustic environment

[5]-

A considerable improvement in bandwidth was accomplished by using a
microphone assembly consisting of a 7 mm-diameter electret condenser
microphone mounted in front of the ribbon of an STC 4038 velocity
microphone, with the diaphragm facing the ribbon and spaced 2mm from
it. In a series of experiments conducted in 1973 [6,7], it was pos-
sible by using this instrument, to obtain experimental proof of Gauss'
theorem as applied to sound power determination [8]. In providing a
means for selective sound power determination, this principle lays the

foundation for sound transmission analysis by sound intensimetry.

These measurements, together with results obtained in field applica-



tions [9,10] removed all doubts as to the practical value of sound in-
tensimetry. But it also became evident that the instrumentation suf-
fered from fundamental limitations which disqualified it from further
development into a field instrument. The extreme sensitivity of the
dynamic velocity microphone to wind and mechanical vibration rendered
it unsuitable for general-purpose field work. This 1is rather
unfortunate inasmuch as the electronic instrumentation needed 1in
conjunction with a pressure and velocity-sensitive pair of microphones
is relatively simple and could easily have been developed into a

compact field instrument.

By making use of Schultz's method to derive particle velocity from two
pressure signals [4], a new series of instruments were developed. With
the first prototype completed in 1973, it was concluded that the two-
microphone principle, as it is called today, was basically sound and
suited to use in field instruments. Although a considerable amount of
development was still needed to perfect the intensity probe, the real
problem now resided in the design of the electronic equipment which be-
came much more involved, owing to the technical complexity of computing
particle velocity by the two-microphone principle. Initially, the ac-
complishment of sufficient accuracy, dynamic range and bandwidth in a
portable battery-operated instrument appeared to be beyond reach of
the available technology, but eventually the problem was largely solved
by careful arrangement of the sequence in which operations are executed
in regard to the computation of sound intensity. The theory in support
of this work as well as the findings of an experimental investigation
of the sound intensity method of sound power determination were

presented in an M.Sc. dissertation by the author in 1974 [6].

In 1978 the author was invited to participate in a large-scale project
conducted in the Netherlands to evaluate sound intensimetry and its ap-
plication to sound power determination. Using the model A77 SIM port-
able intensity meter which had then just been completed [11], it was
demonstrated that the principle of selective sound power determination
following Gauss' theorem was practicable for small as well as large
sources, such as factories and industrial plants [12,13]. Further re-
finement and optimization of the measurement system resulted in Model

AB0 SIM [14] and created the opportunity to participate in a project on



sound intensity measurement at Briel & Kjaer in Denmark. The latest
system, Model A83 SIM, is now being manufactured on a small scale at

the CSIR.

In the course of developing the CSIR-intensity meter, the author has
devoted himself to the development of new applications and to the en-
hancement of sound intensimetry in general [15-31]. Contributions have
thus been made to the development of the following applications of

sound intensimetry:

(1) The determination of the sound power radiated by small and

large sources[5—7,12,13].

(2) Determination of normal free-wave sound absorption coeffici-~
ents [23 ].

(3) Determination of random incidence sound absorption coeffici-
ents [24 ]

(4) Sound field mapping [15 ]

(5) The measurement of very low noise levels [5].
(6) The measurement of diffusivity [17-19].

(7) The measurement of sound insulation [22,25-29 .

Since the work of Schultz in 1956 no investigations other than those
conducted at the CSIR were reported, until 1975 [32] when a renewed in-
terest in sound intensimetry emerged. It is clear, in view of the ex-
ponential increase in the numher of papers and publications on the sub-
Ject, that sound intensimetry is now acquiring a standing of its own in
modern acoustics. Considerable progress has been made in the develop-
ment of new measurement techniques [33—68]. Today, practical sound in-

tensity measurement is accomplished primarily by either of the follow-
ing two methods:



(1) The cross-spectral density method [34] which can be imple-
mented with the aid of 2-channel FFT analyzers. This tech-
nique, which gives a frequency line spectrum, does not allow

real-time sound intensity measurement.

(2) Time domain processing by the sum-and-difference method
[6,48,49] . This principle, which is implemented by analog
processing in portable instruments and by digital processing
in larger systems, allows real-time sound intensity measure-

ment.

Although the computation is completely different in the aforementioned
cases, the methods are based on the same underlying principle, namely
the use of two pressure-sensitive microphones to sense the acoustic
phase gradient at the measurement point. Fundamental characteristics
such as directional response, frequency range and measurement error are

identical for measurement systems employing either of the two methods.
1.2 THE NEED FOR SOUND TRANSMISSION ANALYSIS

The measurement and control of sound insulation is one of the fundamen-
tal aspects of noise control engineering. Defined as ten times the
logarithm of the ratio of the sound power incident on one side of a
partition to the power transmitted to the other side, the sound reduc-
tion index R is a measure of the ability of that partition to attenuate
sound energy. Sound reduction indices of materials, partitions and
miscellaneous building elements are extensively used by acousticians in
controlling sound for such purposes as the prevention of hearing dam-

age, the creation of pleasant acoustic environments and for the en-
hancement of speech intelligibility.

In order to be of any practical use, a test method for determining

sound reduction indices must be applicable in the frequency range 100

Hz to 4kHz. In order to account for the dependence of sound insulation

on the angle of incidence, the test object must be exposed to a sound

field which is directionally diffuse. Moreover, since the sound insu-

lation is affected by the size and the mounting of the test object,



great care has to be taken‘in designing the test arrangement and in

using the test results in practical applications.

Apart from the necessity for a wel 1-founded basic test method, there is
a definite need for a more comprehensive technique of sound transmis-
sion analysis. The performance of a sound insulating element is almost
invariably counteracted by the occurrence of flanking transmission
through the surrounding building structure. By sound transmission
analysis it would be possible to distinguish quantitatively between di-
rect and flanking sources and to measure the relative amounts of sound

power transmitted by a composite test object.

The classic two-room method [69,70], which has been standardized by the
International Organization for Standardization (1S0) [71], involves
sound pressure measurement in the source room as well as the receiving
room. Whereas sound pressure is conditionally related to the magnitude
only of the power flux per unit area, it is impossible to distinguish
between different sources'of sound radiation in the receiving room, ex-
cept by sequential testing of constructions which respectively include
and exclude the source under consideration. The classic method 1is

therefore not considered to offer a practical solution to the problem

of sound transmission analysis.

The development of a portable sound intensity meter by the candidate at
the CSIR [5-7,9-31] and subsequent advances in sound intensimetry
[32-68] have now made it possible to perform sound insulation measure-
ments which no longer rely upon restricting statistical assumptions in
determining the sound power radiated by the test object [72]. Based on
a series of laboratory investigations [29]| this dissertation represents
the first known attempt to develop a comprehensive theory in respect of

sound transmission analysis by sound intensimetry.
1.3 THE PURPOSE AND SCOPE OF THIS THESIS

This thesis presents a theoretical and an experimental evaluation of

sound transmission analysis by sound intensimetry. In the context of

this study, sound transmission analysis is understood to embrace the



following:

(1) The determination of performance figures for sound insulat-
ing elements such as walls, partitions and building ele-
ments. (In this document the performance of sound insulat-
ing partitions is expressed in terms of the sound reduction
index R, while the term sound insulation refers to the phys-

ical property in general.)

(2) Diagnostic analysis of sound transmission through composite
structures. This involves the examination and measurement
of the relative amounts of sound power transmitted by the
test object, by flanking elements or by components of ei-
ther. The main applications of diagnostic analysis are the
detection of construction faults and the evaluation of the

design and construction of sound insulating elements.

For reasons which will be explained in Chapter 2, the classic two-room
method of determining sound reduction indices, albeit the most practi-
cal one available, is rather inflexible and limited in its applica-
tion. A considerable degree of simplification and improvement may be
accomplished if the sound power transmitted by the test object is de-
termined by direct measurement of sound intensity [72]. Diagnostic
sound transmission analysis, which is not feasible by techniques based
on the classic-method principle, may be accomplished by sound intensi-
metry. As yet, however, no comprehensive theoretical study has been

made to establish the limiting factors and the practical bounds of the
sound intensity method.

The evaluation of the sound intensity method presented in this thesis
involves the following:

(1) Because the sound intensity method of determining sound re-
duction indices has certain basic aspects in common with the
classic method, the theoretical basis of the classic method
is thoroughly examined. This also provides a basis for com-

parison of the two methods. An independent analysis is made



of estimation errors arising when the true sound reduction
index of a partition is determined by consecutive measure-
ment of the sound transmitted by the flanking structure a-
lone and that transmitted by the flanking structure whilst

containing the test object.

(2) Proceeding from principle formulations [72], a theory is de-
veloped for sound transmission analysis by sound intensime-
try. The main purpose of this theory, which pertains to the
measurement of sound reduction indices as well as diagnostic
sound transmission analysis, is to establish a basis and a

framework for the evaluation of the sound intensity method.

(3) A comparative study by means of experimental investigation
is made of the classic method and the sound intensity method

of measuring sound reduction indices.

(4) The application of sound intensimetry to diagnostic sound

transmission analysis is evaluated experimentally.

The classic two-room method and the sound intensity method for measur-
ing sound reduction indices are evaluated on a comparative basis. Upon
derivation of the classic method, it is shown in Chapter 2 that flank-
ing transmission is one of the major causes of error and uncertainty,
especially if the sound insulation of the test object is exceptionally
high. The sound intensity method is formulated in Chapter 3, whereupon
the advantages and the practical limitations of the method are investi-
gated. Originality is claimed for the formulation and the experimental
verification of fundamental equations relating the accuracy and validi-

ty of sound transmission analysis by sound intensimetry to the follow-

ing factors, some of which are interactive:

(1) The reactivity at the surface of the test object and the

common mode rejection index of the measurement system.

(2) The ratio of flanking power to direct power.



(3) The amount and distribution of sound absorption in the re-

ceiving room.

(4) Leakage due to incomplete coverage of the radiated power by
the measurement surface (non-compliance with the conditions

of Gauss' law).

In addition to these contributions, this thesis presents a new method
of measuring the degree of directional diffusivity in a sound field.
One of the principle preconditions of the classic method is that the
source room as well as the receiving room must be spatially and direc-
tionally diffuse. The sound intensity method, on the other hand, only
requires the source room to be diffuse. In the absence of practicable
methods of assessing directional diffusion, this property (although it
is presumably taken into consideration in the design of test rooms) is
usually not verified experimentally except by indirect observation of
the general performance of the test rooms. Since directional diffusion
relates to the directional distribution of the incident sound power, it
stands to reason that some relation should exist between the net sound
intensity and the degree of directional diffusion at a given point. In
order to establish whether sound intensimetry could be utilized in as-
sessing directional diffusion in test rooms, a study of the sound in-

tensity characteristics of diffuse fields was undertaken.

Whereas an exhaustive treatment of diffusion would amount to a disser-

tation in its own right, the scope of this investigation was confined
to the following:

(1) A study of the principles of diffusion as expounded in the
literature. Since the classic method and the sound intensi-
ty method are subject to the same requirements in respect of
diffusion in the source room, this study is presented as

part of the classic theory in Chapter 2.

(2) Formulation of a descriptive model of the sound intensity
field in various types of acoustic environment and develop-

ment of a new method for direct measurement of the degree of



(3)

(4)

(5)

10

directional diffusivity. As this work is based on sound in-
tensity techniques, it is presented as a section of Chapter
3 which pertains to sound transmission analysis by sound in-

tensimetry.

Application of the newly developed criterion for assessing
directional diffusion to sound transmission analysis by

sound intensimetry.

Development of an instrument for the direct measurement of
the degree of directional diffusivity, presented in Chapter
3'

Experimental evaluation of the new method, presented with
the rest of the experimental work of this thesis in Chapter
4.

The formulation of physical quantities in this thesis is consistent

with the International System of Units (SI). As far as possible, sym-

bols, notations and terminology are consistent with the general usage

observed in the literature. In further clarification of notations used

in this thesis, the following aspects should be noted:

(1)

(2)

Instantaneous values of quantities which vary with time or

distance are denoted by small roman letters.
E.g. - instantaneous sound pressure; pe.

Where considered necessary and meaningful, the variable of

the instantaneous quantity will be given in brackets.

E.g. - instantaneous pressure as a function of time; p(t).

- Instantaneous pressure as a function of distance;
p(r).
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(3) Root mean square (rms) values are denoted by roman capitals.

E.g. - rms sound pressure; P.

- rms sound pressure as a function of distance; P(r).

(4) Logarithmic (decibel) levels are denoted by the letter L.

Suffixes and subscripts are added to define the variable.

£.g. - sound level in general; L d8.

- sound pressure level ; LP dB.

(5) Where considered purposeful, averaged values will be denoted
by including the function in pointed brackets, with the

averaging variable denoted by a subscript.

E.g. - time-averaged pressure 3 <P O

- distance-averaged pressure; < p .

This notation will only be used when it is necessary to emphasize the
method by which the function is measured. Normally, in view of the
clumsiness of the notation it will be avoided by using the notation re-

ferring to the theoretical value of the quantity under consideration.

E.g. - LP will normally be used to denote the sound pressure

level, even though the time-averaged sound pressure

level may be implied.

Finally, to emphasize the sequence in which references are cited, a re-

ference number is given in bold type when it appears for the first time
and in normal type when it recurs.

E.q. - The reference [16, 18, 104 ] cites two references [16]
and [18] which have already occurred, and one refer-

ence [104] occurring for the first time.
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CHAPTER 2
THE CLASSIC TWO-ROOM METHOD
2.1 INTRODUCTION

Since the earliest reports on the development of test methods for
assessing the sound insulation of partitions [69, 73-78], sound mea-
surement technology has undergone considerable advances. The basic
procedure and the test arrangement, however, have remained virtually
unchanged. The determination of sound reduction indices requires a
skeleton test facility, the acoustical properties of which are dictated
by the peculiarities of sound transmission rather than the sophistica-
tion of the instrumentation or the physical parameters which are chosen
to be measured. First of all, since the sound insulation of a parti-
tion depends on the angle of sound incidence, the test object must be
subjected to sound approaching from all directions. The best way to
achieve this, while at the same time ensuring that the incident power
is constant everywhere on the surface of the test object, is to use a
directionally and spatially diffuse source room. The acoustic proper-
ties of the receiving room are established once the measurement parame-

ters have been decided on.

The classic two-room method [69,70 ] which has been standardized by ISO
[71] is based entirely on sound pressure measurement. In the source
room this is advantageous inasmuch as the well-defined statistic rela-
tionship between the average sound pressure in the supposedly diffuse
source room and the power per unit area incident on the boundaries,
simplifies the determination of incident power. On the receiving room
side, however, dependence on pressure microphones imposes a restriction

in that it dictates the use of a second diffuse room for determining
the transmitted sound power.

To ensure conformity of test results obtained in different laboratories
and to obtain figures which are applicable to conditions in actual
buildings, standardization of test facilities and measurement proce-
dures is imperative. According to IS0 140/1, which provides a state-

ment of laboratory requirements, it should in the First instance be en-
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sured that the two test rooms are diffuse. The latter condition may be
regarded as the corner-stone of the classic method and is almost inva-
riably emphasized in the treatment of sound insulation test princi-
ples. It is rather surprising therefore, that practical guidelines for
the accomplishment and for the assessment of diffusion are virtually
non-existent. IS0 140, for example, contends with a statement that
diffusing elements, if necessary, should be installed in the rooms to
obtain a diffuse sound field. It is recognized though, that this stan-
dard does provide for diffusion in that it specifies room conditions
which are conducive to diffusion. The ratios of room dimensions should
be such that the natural frequencies in the low-frequency region are
spaced as uniformly as possible. It is also required that the shape of
the two rooms be dissimilar and that the volumes differ by at least 10

o
Me

Error and uncertainty in sound transmission loss tests arise from a
number of factors, some of which cannot be considered as shortcomings
of the classic method per se. Guy et al. [79] and others [80-93]
have shown theoretically and experimentally that the sound reduction
index of a panel is dependent upon different boundary conditions.

Below the coincidence frequency the transmission loss decreases with

increasing panel dimensions.

Room dimensions and the ratio of test room sizes in particular, have
been found to influence test results. There is some measure of dis-
agreement, however, as to the nature and extent of influence observed
in practice [81,83,93]. The mounting-orientation and boundary condi-
tions of the panel not only affects the transmission properties of the

test panel, but it may have a considerable influence on the establish-
ment of flanking paths as well.

Thin panels mounted in thick walls create a niche towards one of the
two test rooms. Guy [79] found that the sound transmission loss of
such panels is generally higher when the panel is mounted on the source
room side with the niche facing the receiving room. It has been point-
ed out in Chapter 1 that the sound reduction index of a partition de-

pends upon the angle of d inci . i i i
p .2. .o..soun incidence Although this behaviour is

ile
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accounted for by subjecting the test panel to a diffuse incident field,
the application of test figures in acoustic designs may still be sub-
ject to uncertainties in regard to the expected performance of the pa-

nel in semi-reverberant non-diffuse environments.

Mariner [94] has shown that significant errors may occur in the case of
thin panels if the pressure level difference between the test rooms is
less than about 10 dB. This deficiency of the classic method results
in consequence of the ignorance of the energy exchange which takes
place between the two rooms when reverberation times are measured. At
high rates of energy exchange it is not possible to obtain a true esti-
mate of the total amount of sound absorption in the receiving room.
The error may be reduced, however, by adjusting the test room proper-

ties to obtain sufficiently large pressure level differences.

Since the classic method implicitly involves the determination of
transmitted power by the reverberation room method, results are subject
to the limitations of the latter method. Briel [95]and Larsen [96 ]
investigated the causes of error in sound power measurements and con-
cluded that inaccuracies in reverberation time measurements were mainly
responsible for the discrepancies often reported in the literature.
Larsen [97] pointed out that for sound insulation tests, this error was
nevertheless smaller than the estimation error in respect of the level
difference between the rooms. The reverberation time error may be
avoided by measuring the transmitted power by the substitution method,

which is based on the use of a reference sound power source.

The main deficiency of the classic two-room method is that it cannot
distinguish directly between direct and flanking power. IS0 140 is
based on the premise that flanking transmission is either suppressed to
negligible levels, or considered to be characteristic of the particular
combination of test object and flanking walls, which must resemble the
construction of the intended application. It is often impracticable to
suppress flanking transmission to negligible levels, especially if the
test object is small while having a high sound transmission loss.
Moreover, it is sometimes desirable to assess the performance of a test

object (such as a door) selectively. With the classic method this can
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only be achieved by successive testing of constructions which respec-
tively include and exclude the test object. In the majority of cases,
with sound reduction indices falling in the range 20-50 dB, this proce-
dure yields quite satisfactory results. It is shown in this thesis,
however, that the method becomes prone to uncertainty and error when-
ever the total amount of flanking power is approximately equal to, or
if it exceeds the amount of direct power radiated by the test object.
In practice, if the test object has an airborne sound insulation index
Ia > 55 d8 (double massive panels with air cavities, for example) great
difficulty may be experienced in controlling and assessing the amount
of flanking power as required for accurate determination of the true

sound reduction index of the test object.

In an attempt to overcome the limitations of the classic method and to
develop techniques which are more suitable to field tests, various me-
thods have been investigated. Some of these [98], being adaptions of
the classic method, do not comply with ISO 140; others are based on
different concepts altogether [99-103] . Methods based on correlation
techniques [99,100 ] as well as those making use of vibration transdu-
cers to measure the velocity of radiating surfaces [102], have certain
characteristics in common with the sound intensity method, the main
subject of investigation of this thesis. Unlike the intensity method,
these related techniques are rather specialized and cannot be consider-
ed as viable alternatives to the classic method in general purpose ap-

plications.
2.2 FORMULATION OF THE CLASSIC METHOD

This section presents the classic two-room method in its basic form
[70, 104-106 ). Practical considerations which may call for extension
of the basic formulation are treated in subsequent sections. Consider
a sound insulation test on a partition mounted in a test aperture be-
tween a source room and a receiving room as shown in Fig. 2.1. The
test object may be smaller than the test opening, in which case it is
mounted in a filler wall designed to have a sound insulation superior
to that of the test object. IS0 140 requires that flanking transmis-

sion be reduced to levels which are negligible compared with the sound
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source room
(diffuse)

receiving room
(diffuse)

Figure 2.1

Test arrangement used for the determination of sound reduction indices by the

classic two-room method.
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transmitted by the test object, unless the combination of test object
and flanking walls purports to resemble the situation in the intended
application of the test object. In the latter case the flanking power
is viewed as if radiated, in addition to the direct power, by the test
object. Hence, in formulating the basic method, flanking transmission
may be regarded as part of the direct transmission. The problem of

distinquishing between the two quantities will be considered in Section
2.8.

The sound reduction index R of the test object, defined in terms of the

incident power Wyy and the transmitted power Wp, is
R = 10 log (Wyy/Wp)  dB . (2.1)

To account for the dependence of sound insulation on the angle of inci-
dence and to attain constant average incident intensity everywhere on
the surface of the test object, the source room is made directionally
and spatially diffuse. Directional diffusion prevails if the rate of
incidence of sound energy at a given point is_ the same for all direc-
tions, while spatial diffusion refers to a condition of constant energy
per unit volume (constant energy density) throughout the field: The

average incident intensity at the boundaries of a diffuse source room
is [107]

Iy = Sic/4 (2.2)

where &) is the space-and-time averaged energy density in the source
room and ¢ is the velocity of sound in air. The power incident on a

test object which has a surface area A, is
Win = (8)c/4)A . (2.3)

The classic method is based on sound pressure measurement. In terms of

the space-and-time averaged rms sound pressure P1 in the source room,
Eq. (2.3) becomes
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Wiy = (P5/4pc)A (2.4)

where p is the static density of air. In the receiving room the sound
insulation test implicitly involves the determination of the transmit-
ted power Wp by means of sound pressure measurement. The most practi-
cal solution, considering the size of the test object, is to use the
reverberation room method. It is for this reason that the classic me-
thod requires the receiving room to be diffuse as well. In terms of
the space-and-time averaged sound pressure P, in the receiving room,

the transmitted power is given by [105]

Wp = PaRg /boc (2.5)

where Ry is the room constant of the receiving room, defined as
Ry = Sa/(1 - a) . | (2.6)

5 is the total internal surface, o is the average absorption coeffici-
ent and Sa represents the total absorption, also known as the effec-
tive absorption area of the receiving room. The sound reduction index

is obtained by substituting Eqs. (2.4) and (2.5) into Eq. (2.1).
Hence,

R = 10 log (P;/P5) + 10 log (A/Ry ) . (2.7)

In terms of the sound pressure levels LPl and LP2 in the source and re-

ceiving rooms, respectively,
R =LPL - LP2 + 10 log (A/Ry ) . (2.8)

It now remains to derive a method by which Ry can be determined with
the aid of a pressure-sensitive microphone. Sabine realized that when
a sound source in a room is turned off, the rate of decay of enerqgy
density depends on the amount of absorption in the room [76,77]. This
led to the standard practice of measuring the reverberation time T, de-
fined as the time required for the energy density to fall to a level 60

dB below its steady state value [108,109]. The power balance in a re-
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ceiving room of volume V the moment before the source is turned off, is

given by

W(l - a) (2.9)

v s(t) v S5 st
at 4

(Rate of energy ) (Power absorbed) _ (Power delivered to)
build-up or decay at boundaries / ~ ‘reverberant field

where 6(t) is the instantaneous energy density in the room. In the
steady state the first term in Eq. (2.9) tends to zero. Note that Eq.
(2.9) pertains to the reverberant field only; hence the use of Sa
rather than Ry in the absorption term. When the source is turned off

the power input term falls away. Division by V then yields

d c Sa _
= 6(t) + o §(t) = 0 . (2.10)

Laplace transformation of Eq. (2.10) gives [110]

SA(s) - 8(D +) + Casa A(s) = O (2.11)

where § (0 +) is the value of the energy density at the moment when the

source is turned off. The solution for A(s) is
A(s) = 8§(0 +)/(S + ¢ Sa/4V) . (2.12)
The time-domain solution, obtained by inverse Laplace transformation is

§(t) =6(0 +) e-(c Sa/bv)t (2.13)

At t = T the energy density has fallen to a level 60 dB below 6(0 +).
Hence,

§(0 +) e~(c Sa/4V)T _ 10-65(0 4+) . (2.14)

The solution for Sa results in the Sabine reverberation formula

Sa =24V [ 1n (10) |/c T = 0,16 V/T . (2.15)
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The constant 0,16 is valid in the temperature range 6 - 43 °C. Note
that Eq. (2.8) calls for Ry rather than Sa. An expression for Ry in
terms of reverberation time T is obtained by multiplying the numerator
and the denominator of Eq. (2.6) by S and by substituting Eq. (2.15)

into the result. This yields
Re = SaS/(S - Sa) = S/(TS/0,16V - 1) . (2.16)

In terms of practically measurable parameters the sound reduction in-

dex, obtained by substituting Eq. (2.16) into Eq. (2.8), is
R = LP1 - LP2 + 10 log [AS/(1S5/0,16V - 1)] . (2.17)

Since the receiving room is presumably diffuse, a K1 and Ry = Sa.

Hence it has become standard practice to use

R = LP1 - LP2 + 10 log (A/Sa) . (2.18)
Substitution of Eq. (2.15) into Eq. (2.18) gives

R = LP1 - LP2 + 10 log (AT/0,16V) . (2.19)

In terms of Eq. (2.19), the classic two-room method and for that matter

also the IS0 140-test procedure [71], involves measurement of the fol-
lowing parameters:

(1) The space-and-time averaged sound pressure level LP1 in the
source room.

(2) The space-and-time averaged sound pressure level LP2 in the
receiving room.

(3) The reverberation time T of the receiving room.

It is possible by using a reference sound source, to determine the ef-~

fective absorption area Sa of the receiving room by sound pressure, in-

stead of reverberation time measurements [97].
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2.3 RECEIVING ROOM ABSORPTION

The physical meaning of the average absorption coefficient a in Eg.
(2.6) and the significance of the related quantities Ry, Sa and T in
Eqs. (2.8) to (2.19) deserves further attention. In the first place,
a is not only determined by boundary absorption, but by absorption of
sound energy in the air as well. As a result of air attentuation my
per metre and as a result of the effective boundary absorption coeffi-

cient ay, o attains a value given by [105]
a = 4mgV/S + ag . (2.20)

Moreover, it is evident by inspection of the Sabine formula, Eq.
(2.15), that the true absorption coefficient a, of the boundary sur-
faces, which can only take on values in the range 0 € ay, < 1, cannot be
regarded as o in calculating the effective room absorption Sa. For an
anechoic room (T + 0), this would yield a finite value for Sa and
therefore, by Eq. (2.15), a reverberation time T # 0. The danger of
misinterpretation arises in Eq. (2.9) in that the discrete nature of
sound absorption owing to the mean free path traverses between reflec-
tions, is not accounted for. If absorption is considered to occur in
discrete steps, assuming that the absorption taking place at each re-

flection is ap, the effective boundary absorption coefficient becomes
[105]

ag = -1n(1l - o) . (2.21)
The average absorption coefficient

a = 4myV/S - In(l - ap) (2.22)
and the corresponding ahsorption area

Sa = S[4ngV/S - 1n(1l - ag)] = 0,16V/T . (2.23)
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For the condition {a €« 1 and V = 50 - 100 m’} implied in the classic
two-room method, - In(l - a,) = a and 4myV/S = 0 so that for all prac-
practical purposes the Sabine formula may be used as in Section 2.2,
assuming a = ap. The meaning of a as explained in this section attains
greater significance if sound reduction indices are determined by sound
intensimetry, since in that case the receiving room is allowed to be

comparatively absorptive.
2.4  SPATIAL AVERAGING OF THE REVERBERANT ENERGY DENSITY

2.4.1 Criteria relating to direct-field error

In formulating the classic method, it was implicitly assumed in Egs.
(2.2) to (2.5) that the contribution to the total energy density in
each room by direct field radiation was negligible. In reality, the
total energy density § is given by the sum of the reverberant energy
density &6 and the direct energy density §4. In the source room the
total sound power incident on the test object Wiy is the net result of
a reverberant component WijNp and a direct component Wipng. Summation in

the latter order yields

WIN = A W1/Rq1 + £I[WIQ(9)/4nr2(9)]dA (2.24)
where A = Surface area of the test object;

W) = total power input, source room;

Rql = room constant, source room;

Q(8)= directivity factor of the source;

8 = angle at which direct sound impinges on the test object;

r(6)= distance between the source and a point on the test object

in a direction 6.

The direct field contribution to Wiy is undesirable, as it defeats the
purpose of diffusion. To avoid this, the source must be situated at a
safe distance rg from the surface of the test object. For the purpose
of calculating ry, the direct-power term may be expressed in terms of a

fixed angle of incidence 63 for which Q(8y) = Qp and
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2
Wind = AWyQo/4mro . (2.25)

The direct-field contribution to Wyy will be less than Le dB if

Le/10
AWy /Ryy > [(Aleo/anr%)/(lU o/ - 1] . (2.26)

In the source room the minimum distance between source and test object,

as implied in Eq. (2.26), is

Le/10 a,5
rg > 0,28 [QoRy1/(10 -] . (2.27)
Likewise, the minimum distance rpo between the measuring microphone and

the source, implied by the condition

10
&p > ad/(loLe/ - 1) , (2.28)

is

Le/10 0,5
Pmo > 0,14[ QoRyy /(10 - 1] . (2.29)
Example 2.1. The minimum distances between an omnidirectional source
and the test object and between the source and the microphone in a
source room of volume V = 100 m® and T = 2 seconds, for a direct field

error Le < 1,0 dB, are shown in Table 2.1 for various positions of the
source in relation to the room boundaries.

Table 2.1

Minimum distances to be maintained between (a) the source and the test
object and (b) between the source and the microphone in a source room

of volume V = 100 m and T = 2 s.

(a) (b)

Source position Qg rg (m) Tpo (M)
Centre of room 1 1,58 0,78
Near wall 2 2,26 1,10
Two-wall corner 4 3,20 1,56
Three-wall corner 8 4,53 2,20
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This example illustrates the danger of direct-field error if the source
is located in a corner of the source room. It is advisable when using
a directional loudspeaker source, to direct it away from the test ob-

Ject.

In the receiving room, the direct field is set up by the sound power Wp
emanating from the surface of the test object. At the surface of the
test object the total energy density, assuming plane-wave radiation, is
given by [105,106]

5§ =64+ 68y = WD/C A + 4MpcRy . (2.30)
The variables were defined in Section 2.2. _The condition

10
5> 65/(10" 0 - 1) (2.31)

yields

Le/10
Re/A > 4(10 o/ -1) . (2.32)

For Le > 1 dB this requirement becomes R, > 4A. Donato [111] showed
that the direct enerqgy density falls more or less by an exponential law
with the distance from the test object. Hence, the criterion implied

in Eq. (2.32) accounts for the maximum direct-field error.

2.4.2 Criteria relating to interference effects

It stands to reason that the number of measurements and the spacing be-
tween measurement points required to obtain the average energy density
in a room with a specified accuracy, depends on the spatial variation
of the sound pressure field. Cook [112] has shown that the cross-cor-

relation coefficient of the sound pressures at points separated by a
distance r in a random field is given by

Ri,2 = (sin kr)/kr (2.33)

where k is the wave number.
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It follows by examination of Eq. (2.33) that the measured values at two
points will be statistically independent if the points are at least \/2
apart. Waterhouse [113] showed that the energy density near reflect-
ing boundaries is distributed into interference patterns exhibiting the
same characteristic as R1,2, though at twice the repetition rate. The

energy density near a wall
§ = 8o[1 + (sin 2kr)/2kr] (2.34)

where r is the distance from the wall and é§; is the asymptotic value of
the enerqgy density at a remote point. The energy densities at a wall,
in a two-wall corner and in a three-wall corner are respectively 3 dB,
6 dB and 9 dB above the average level at the centre of the room. Stan-
dard sound insulation test procedures are based on spatial averaging of
the energy density around the centre of the room. To obtain this aver-
age with an error of less than 1 dB, the microphones should not be lo-
cated closer than 0,7 XA from corners and edges and 0,25 X from the
walls of the room. Strictly speaking, an estimate of the average ener-
gy density in the room should also take into account the energy stored
in the interference field. This may be accomplished by adding the Wa-

terhouse correction 10log(l + AS/8V) to the average sound pressure le-

vel obtained by measurement near the centre of the room [113]. In
practice, however, the Waterhouse correction for the source and receiv-
ing rooms have negligible net effect on the results of sound insulation

tests because of their mutually opposing effect when introduced in Eq.
(2.19).

Crocker [114] presents a criterion for calculating the number of

measurements N required to sample the sound pressure in a reverberant

field which has a variance ¢?. Ffor a sampling error e and a confidence

level of 98.75 %, the number of measurements

N> (2,5 o/e)? (2.35)

An approximation of the variance given by Crocker [114] is

o = 1/[1 + B(F)1/6,9] (2.36)
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where B(f) is the signal bandwidth and T is the reverberation time of
the room. In order that the values are statistically independent, the
points must be separated by a distance of at least A/2 (Eq. (2.33)).
In the third-octave band centred at 100 Hz, assuming T = 2 seconds and
allowing a maximum error of 1 dB, this criterion requires N » 7 for
measurement points separated by 2,2 m. In addition to increasing the
signal bandwidth and the reverberation time of the room, the spatial
variance may be reduced by using a moving reflector, by using a fre-
quency-modulated signal and by varying the position of the source-
[115]. Continuous averaging with a moving microphone does not yield a
variance as low as that obtained by discrete measurements at points

separated by A/2, but the method is commonly used in practice for two

reasons:

(1) It is a time-saving method.
(2) Consistent application of the A/2-criterion would require a
different set of measurement points for each third-octave

band, a procedure which is impracticable in most applica-

tions.

IS0 140/1I1 [71] specifies a minimum distance between the microphone
and reflecting surfaces of 0,7 m and allows continuous averaging, using
a rotating microphone with a sweep radius between 1,0 m and 1,5 m and

an averaging time of at least 30 s.

The well-defined behaviour of the energy density interference pattern
at the walls and in the corners of a reverberant room suggests that the
spatial average of the energy density be determined by sound pressure
measurement close to the walls or in the corners and by applying the
appropriate Waterhouse correction. Bartel [116] found that the varia-
tion in energy density and in reverberation time was much less among

corners than among interior locations, for frequencies below the 200 Hz
third-octave band.

140.

This practice, however, is not recommended in 1S0
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2.5 DIFFUSION

2.5.1 Definition and purpose of diffusion

Ideally, a diffuse sound field is defined as one which has the follow-

ing two characteristics:

(1) The energy density is constant throughout the field.
(2) The rate of energy incident on an elemental sphere at any
given point in the field is constant for all directions of

incidence.

In bringing this definition within closer reach of practical realities,
it should be borne in mind that the behaviour of real sound fields can-
not be fFully described in terms of a model whereby sound energy is pro-
pagated in completely uncorrelated rays. A more practical definition
of a diffuse sound field is as follows [108,113,114]:

(1) Sound energy is distributed uniformly throuhout the field.
This condition is defined as spatial diffusion.

(2) On a time-average basis, an elemental sphere at any given
point in the field receives the same average energy per se-
cond from each element of solid angle by sound waves of ran-
dom amplitude and phase distribution. The sound field is

said to be directionally diffuse.

The specification of diffuse source and receiving rooms in the formula-
tion of the classic two-room method serves a twofold purpose. In the
source room a diffuse field is employed in order that a practically
meaningful estimate be obtained of the sound insulation of the parti-
tion, a property which depends on the angle of sound incidence. In the
receiving room a diffuse field is implied by employment of the reverbe-
ration room method as the most practical and cost-effective means of
determining the sound power radiated by the typically large surface of
the test object. Commitment to diffusion is built into Egs. (2.2),
(2.5) and (2.13). It is rather difficult to make any specific predic-

tions in regard to the consequences of a lack of diffusion. In gene-
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ral, however, it may be stated that a lack of diffusion in the source
room would result in non-uniform distribution of sound energy across
the surface of the test object as well as non-uniform directional dis-
tribution at some points on the surface. The sound reduction index
thus obtained would not represent the true surface-averaged and direc-
tionally-averaged performance of the test object. In the receiving
room a lack of diffusion would affect the accuracy and validity of

sound pressure as well as reverberation time measurements.

There is no absolute criterion for the formulation of a quantitative
measure of diffusion. As a practical rule, spatial diffusion may be
regarded as adequate for classic room tests if the standard deviation
of the sound pressure level in the internal field (at least A/2 from
the nearest boundary) is less than 1 d8. This criterion is implied,
for instance, by the requirements for test room qualification for sound
power measurements in reverberation rooms according to IS0 3741. As
to be explained in Section 2.6, various criteria have been employed in
methods for evaluating directional diffusion. Most of these, however,
do not yield results which can be quantitatively related to the degree

of directional diffusivity and cannot be used on a comparative basis.

De Bruijn [117] investigated the influence of diffusivity on the trans-
mission loss of a single-leaf panel. It turns out that diffusion is
quite important below coincidence where a change in diffusivity could
cause a shift of up to 5 d8 in the sound insulation-curve. No gignifi-

cant effect was observed at coincidence, while no specific trend could
be identified above coincidence.

2.5.2 Practical considerations

A highly reverberant sound field is not necessarily diffuse; there are
quite a number of factors which affect the distribution of sound energy
in a room. Consideration of these factors in the following discussion

leads to the conclusion that a state of diffusion, even as implied in

the "practical definition” given in the previous section, can never be

fully realized in practice. Fortunately, however, it is not too diffi-
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cult to achieve a state of diffusion which is completely adequate for
practical purposes. The purpose of the remainder of this section is to
examine the factors which effect and affect diffusion and which should

be considered in planning measurements in existing test facilities.

(a) Room size and shape The baseline condition for diffusion is that
the room be large enough to have sufficiently high modal density at the
lowest frequency of interest. Using a modal overlap index Mg = 1/3,

the room cut-off frequency is given by [114]
Fe = 680(T/V) P> . (2.37)

For fo = 100 Hz, Eq. (2.37) yields V/T = 46. Provided the modal densi-
ty is high enough, the shape of the room is of secondary importance;
cubical shapes, though, should be avoided [79,114, 118].

(b) Room modes If a sound source exciting a diffuse field is turn-
ed off, the classic reverberation formula (Eq. (2.13)) predicts an ex-
ponential discharge of energy equivalent to the situation when a capa-
citor is discharged through a resistor. In reality, the sound energy
is not stored in a single capacitive volume but rather in a large num-
ber of independent resonators associated with the normal modes of the
room [105]. A wide band source will excite narrow bands of frequencies
centred at the normal frequencies, the bandwidths depending on the
damping associated with each mode. Hence, when the source is turned
off, each mode discharges at its own exponential rate, giving a net re-
sult which is no longer accurately described by Eq. (2.13).

Modal density may be increased by using irregularly shaped rooms and by
making use of modal enrichment panels [108,114]. At low frequencies it
may be necessary to increase the amount of absorption in the room.
This has the effect of extending the bandwidth of individual modes and
of increasing modal overlap. As a first line of approach, boundary ab-
sorption should be uniformly distributed to attain constant damping for

all modes. However, the damping is determined, not only by the amount
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of absorption, but by the mean free path and the angle of incidence as
well [96]. At low frequencies, reverberation 1is primarily controlled
by axial modes on account of their relative abundance and on account of
the fact that their damping constants are smaller than those of tangen-
tial and oblique modes. The relatively low damping of axial modes is
due to their longer than average mean free path and due to the fact
that minimum absorption occurs at normal incidence. Uniform
distribution of boundary absorption will therefore not guarantee

perfectly uniform damping at all frequencies.

A limit is set to modal-damping control by the increase of spatial va-
riance with increasing absorption. In addition to the risk of direct-
field error (Section 2.4.1), increased absorption tends to cause a neg-
ative energy density gradient from the centre of the room towards the

boundaries [119]. A maximum absorption coefficient of 0,16 is a com-

monly used criterion.

(c) Boundary characteristics It has been shown theoretically [108]
that boundary reflection according to Lambert's law results in an iso-
tropic reverberant field with homogeneous energy density; that is to
say, the sound field in a room with diffusely reflecting boundaries is
itself diffuse. Carrol has shown [120] that the reverberant portion of
the wall intensity in such a room is uniform, even if the absorption is
not uniformly distributed. If the absorption is uniform, the reverbe-

rant field is diffuse irrespective of the source location.

In practice, diffuse reflection according to Lambert's law can only be
attained to a very limited degree; even roughly surfaced walls exhibit
specular rather than diffuse behaviour. Notwithstanding this, diffu-
sion is not affected too seriously by a large degree of specular re-
flection, provided the boundary absorption is kept low [108]. Fujiwa-
ra [121] has recently shown that variation of the specular content of
boundary reflection could result in a 1,2 dB variation in the energy
density and could have a noticeable effect on the directional distribu-
tion of sound energy. It has also been demonstrated [122] that the er-
ror due to inadequate description of steady-state conditions by classic

theory only becomes significant in rooms with highly non-uniform dis-

tribution of absorption. This situation is hardly ever encountered in
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laboratory measurement of sound insulation.

(d) Diffusers Failure to achieve diffuse boundary reflection by

room and boundary design may be compensated by introducing sound re-
flecting panels in the room. The use of irregularly curved stationary
diffusers suspended randomly in a room effects a significant improve-
ment in diffusivity, especially at low frequencies where additional mo-
des are created below the cut-off frequency of the room. The panels
must have a weight of at least 4,8 kg/mZ and must have dimensions com-
parable with the wavelength of the lowest frequency of interest [114].
Balachandran [123] has indicated that the presence of diffusing panels

makes the positions of the source and the microphones less critical and

enhances diffuse energy decay.

(e) Coupling to other rooms The effect of coupling is to add a re-
verberation term which in general has a different damping constant than
the test room. This may affect the decay curve in a variety of ways,
resulting in false estimates of the reverberation times of the test
room [108]. The effect of energy exchange between source and receiving
rooms has been examined by Mariner [94]. At high rates of energy ex-
change estimation of room absorption by measurement of reverberation
times becomes inaccurate. It turns out that significant errors in es-
timates of sound reduction indices occur if the level difference be-
tween the test rooms is less than 10 dB. Some control of this error is

possible by adjustment of room properties in order that the level dif-
ference between the test rooms is increased.

(f) Interference effects The notion of a spatially diffuse field is
only conceivable by a model of geometrical room acoustics. It is evi-
dent from the discussion in Section 2.4.2 that a perfectly homogeneous
energy density field can never be realized in practice due to the wave
nature of real fields. Sufficiently accurate estimation of the average

energy density in the field can be accomplished though, by following
the rules set out in Section 2.4.2.

(g) . Direct-field influence The inevitable presence of the direct

field in the steady state, as discussed in Section 2.4.1, is another
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factor which rules out the realization of a perfectly diffuse field.
The direct field has an adverse effect on diffusivity in that it causes
a gradient in the energy density field as well as a distortion of the
directional distribution of sound energy. The direct-field influence
is minimized by keeping a safe minimum distance between the source and
the test object as well as between the source and the microphone, as

explained in Section 2.4.1.

2.6  TECHNIQUES FOR MEASURING DIFFUSION

2.6.1 Assessment of diffusion by the directivity method

Thiele and Meyer [124—126] developed a criterion for the assessment of
directional diffusion which can be directly related to the definition

of this property. The percentage directional diffusion d is defined as

[«
n

100(1 - M/Mg) % (2.38)

where

=
1]

(1/¢n<I'>4n)ff|I' - <, |de . (2.39)

The factor M is the average absolute deviation of the incident intensi-
ty I' in a solid angle d Q, from the average intensity <I'>4; in a
solid angle 4n. Normalization is accomplished by the factor Mg, the
value given by Eq. (2.39) in a free field. This criterion yields
d=0% in a free field and d = 100 % if the incident energy distribu-

tion is completely uniform in three dimensions.

Practical implementation of this method involves measurement of the in-
cident "intensity" I' in a large number of evenly distributed direc-
tions at each point of interest. Two principle limitations of this me-
thod are that it is extremely cumbersome and that the result depends on
the directional characteristics of the microphone. Results may there-
fore only be compared if obtained by measurement with similar micro-
phones. Directional discrimination has been accomplished by using a

microphone situated at the centre of a large parabolic reflector
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[124]. Broadhurst [127] developed an acoustic telescope based on a
beamforming technique whereby the output signals of an array of micro-
phones are spatially filtered. Using an array of 25 microphones, a
half-power bandwidth of 32 © was obtained in the 1 kHz octave band. A
big saving in microphones was shown to be possible by using a sparse-

array configuration [128]-

2.6.2 The correlation method

It has been demonstrated [108,112] that the variation with distance of
the cross-correlation coefficient of the steady-state sound pressures
p1 and pp at two points separated by a distance r, has a characteristic
value if the sound field is diffuse. The cross-correlation coefficient

is defined as

2 2
Ri,2 = < p1p2 >¢/( <p1 > < pz2 >p)%"° . (2.40)
For three-dimensional diffusion
R1,2(3 d) = (sin kr)/kr . (2.41)

The case of two-dimensional diffusion serves to define a reference con-
dition for R1,2- (A field with uniform directional distribution but
with all the waves travelling along lines parallel to a single plane is
said to be diffuse in two dimensions.) If both measurement points lie
in the aforementioned plane, then
2n

R1,2(2 d) = (l/2n)£ cos (kr cos g)dz - Jg(kr) (2.42)
where ¢ is the angle of incidence relative to the line connecting the
two measurement points. Jy is the zero order Bessel function. Compu-
tation of R1,2 according to Eq. (2.40) does not require too special-
ized equipment, though it is essential to use reasonably well matched

microphones and preamplifiers. A phase mismatch error of e radians re-
sults in

Ri,2(e) = [sin(kr + €)]/kr (2.43)
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To limit the error at zero-crossings (kr = nm ; n = 1,2,...) to 0,02,

the phase mismatch error should not exceed 3,6 o,

The correlation method has been applied with success to study some of
the factors which control diffusion. Balachandran [123] has demonstra-
ted that the correlation method may be used to examine diffusion in the
steady state as well as the decaying state of a reverberant field. In
the latter case it was found that the initial portion of the decay

curve was the most suitable for performing correlation measurements.

Although the correlation method is not quite as time-consuming as the
directivity method discussed in the previous section, it is still too
elaborate for general-purpose use. It has also been pointed out [117,
129] that the sensitivity of the correlation method in finding defici-
encies in diffusivity is restricted; only the zero-crossing points of
the correlation curve are suitable to indicate the extent of devia-
tion. Although the (sin kr)/kr - characteristic is implied by diffu-
sion, it has not yet been established if the converse is true; does
compliance with the (sin kr)/kr - condition prove perfect three-dimen-
sional diffusion? Neither is it clear how many measurements are re-

quired to assess threedimensional diffusion.

2.6.3 Indirect indicators of the state of diffusion in a field

In the absence of simple methods for direct measurement of diffusion,
the state of diffusion in a room is often assessed by observation of
its secondary effects. The condition yielding the highest values of
sound absorption coefficient by the reverberation room method has been
suggested as a measure to indicate optimum diffusion [130]. The varia-
tion in the steady-state sound pressure level with frequency has also
been considered as a possible measure of the lack of diffusion in a
room [131]. Bolt [132] observed that improvement of the diffusivity in
a8 room results in a reduction of the roughness of the steady-state
transmission curve (pressure as a function of frequency).

The inter-
pretation of the results obtained by this method is difficult.
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2.7 MICROPHONE CALIBRATION

Sound pressure levels in the source and receiving rooms should be mea-
sured with the same microphone or with microphones having the same re-
lative calibration. As the sound reduction index is calculated from
the difference between these two levels, absolute calibration is not

required.
2.8  FLANKING |25-31]

2.8.1 The need to distinguish between direct and flanking transmission

Determination of sound reduction indices in accordance with IS0 140
[71] requires that the total amount of flanking power be reduced to a
level well below the level of the direct power transmitted by the test
object, unless the flanking structure is considered to be part of the
test object. Hence, in formulating the classic method, it was assumed
in Section 2.2 that the sound pressure level in the receiving room is
caused by direct transmission only. In some applications great diffi-
culty is experienced in attaining sufficient suppression of flanking
transmission in order to justify this assumption. The filler wall con-
taining the test object and the surrounding permanent structure are not
perfect sound insulators and moreover, their combined surface area may
be a few times larger than that of the test object. In such cases, if
only the performance of the test object per se is of interest, the ap-

parent sound transmission of the test object must be corrected by sub-

traction of the flanking portion.

2.8.2 Formulation of flanking parameters

Consider the case depicted in Fig. 2.2 where the total power W entering

the receiving room consists of two parts; the direct power Wp trans-
mitted by the test object

Wp = hW (2.44)

and the flanking power Wf transmitted by the surrounding structure
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The contribution of direct power Wy and flanking power Wg to the total power W,
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Wp = (L - h)W (2.45)
where

h = (direct power)/(total power) = Wp/W . (2.46)

Since the total rms sound pressure in the receiving room P; is main-
tained by the sum of the direct power and the flanking power, the sound
reduction index of the test object R, if calculated by Eq. (2.8)
without applying any correction for flanking, is underestimated. The

estimation error is
Le = 10 log h dd . (2.47)

Although the permanent structure of the test facility may in extreme
cases contribute significantly to the flanking power, the flanking pro-
blem may usually be attributed to the filler wall. In the following,
flanking transmission will be accounted for in terms of the flanking
reduction index RF of the flanking structure which has a surface area
Ap. Unless otherwise indicated, Rp is understood to be the sound re-
reduction index of the filler wall. As the flanking surface and the
surface area A of the test object are exposed to the same average inci-

dent intensity Iy, h as defined in Eq. (2.46) becomes

-R/10 ~-R/10 -Rf/10
h=(IgyA 10 )/(11NA 10 + L1y AF 10 ) (2.48)

and upon simplification

Ar _ ~(Re - R)/10
h=l/(K£lO(F / £ 1) . (2.49)

It is also useful to define the flanking ratio
hp = (flanking power)/(direct power) = Wp/Wp (2.50)
which is given by

~-(RF - R)/10
b = (ap/my10 NF TR (2.51)
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The relationship between h and hf is
h = 1/(hf + 1) (2.52)

or

he = (1 - h)/h . (2.53)

2.8.3 Determination of the sound reduction index of a test object in

the presence of flanking transmission

Selective determination of the sound reduction index of a test object
in the presence of flanking transmission calls for two consecutive
sound insulation tests. The first test is preformed on the flanking
structure alone to determine the flanking reduction index Rf; the

second test, performed on the flanking structure whilst containing the

test object, yields an apparent sound reduction index R', calculated by

attributing the total transmission power W to the surface area A of the
test object. Thus,

R' = 10 log (WIN/W) dB. (2.54)

The true sound reduction index of the test object, taking note of Eq.
(2.47), is

R=R'"-Le = R'-10 logh dB. (2.55)

By substitution of Eq. (2.49) into Eq. (2.55) and upon simplification
it is found that the true sound reduction index R is given in terms
of R' and Rf by

-R'/10 Af __-Rf/10
R = -10 log (10 - T F/ )

x dB. (2.56)

The corresponding solution for R' is

-R/10 AF _ -Rf/10
R' = -10 log (10 + 10 F/ ) dB.

A (2.57)
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The accuracy of the R-estimate depends upon hp and upon the accuracies
by which Rg and R' are determined. Consider the estimation error lLep
resulting from an error Lef dB in the measured value of Rp. The esti-

mated value of R given in Eq. (2.56) is

_R'/10  Ar  -(Rp + Lep)/10
R +leg = - 10 log (10 - _%.10 FEEEETEENY ®. (2.58)

The estimation error is

R/10. ~R'/10 Af 0—(RF + Lefp)/10

Leg = - 10 log (10 [10 Er—l 1) d8.(2.59)

For the purpose of planning sound insulation tests and for assessing
the adequacy of filler walls it is useful to express Leg in terms of R
and Rp. By substitution of Eq. (2.57) into Eq. (2.59) and by rear-

rangement of the terms, the estimation error becomes

-LeF/lD Af lo-(RF - R)/10

leg = - 10 log [1 + (1 - 10 ] &B. (2.60)

Substitution of Eq. (2.51) into Eq. (2.60) yields the following
result:

An error Lef dB in the measured flanking reduction index Rf results in

an error LeR dB in the estimated value of the true sound reduction in-
dex R, where

-LeF/IO

Ler = - 10 log [1 + hp(1 - 10 )] ®B. (2.61)

Eq. (2.61) is plotted in Figs. 2.3(a) and 2.3(b).
may be shown that:

In the same way it

An error Legt dB in the measured apparent sound reduction index of the
test object R' results in an error Leg dB in the estimated value of the
true sound reduction index R, where

-Lert/10
LeR = - 10 log [(l + hf)10 Rt/ - hF] aB. (2.62)
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Eq. (2.62) is plotted in Figs. 2.4(a) and 2.4(b). In practice Lefp and
Legr occur concurrently. The maximum total error is obtained if Lef
and Leg: have opposite signs. It is reasonable to assume that the mag-
nitudes of the two errors are approximately equal and to define a
single error Le = Lef = - Legt. Using this value, the measured sound
reduction index Rm is obtained by introducing le into Eq. (2.56).

Hence,

Rm = - 10 log [10-(R' — Le)/10 _Ap )5=(Rf + Le)/10)

dB. (2.63)
A

The total error Legy in the estimated value of R, obtained by subtrac-
tion of Egs. (2.63) and (2.56), is given by

— ! —
1o-R'/10 A | -Re/10

Lery = Rm - R = 10log| A ].(2.64)
1o-(R' - Le)/10 _ %E_lo—(RF + Le)/10

It follows by inspection of Eqs. (2.52) and (2.55) that
R' = R + 10 log (1/(hf + 1)) . (2.65)

Substitution of Eq. (2.65) into Eq. (2.64) and simplification yields
the following result:

The total error Legy in the estimated value of the true sound reduction
index R as a net result of an error Le dB in the measured flanking re-

duction index RF and an error - Le dB in the measured apparent sound
reduction index of the test abject R' is

Le/10 -Le/10

Lert = - 10 log [(1 + hf)lO - hfl0 ] dB. (2.66)
The plots of Eq. (2.66) given in Figs. 2.5(a) and 2.5(b) illustrate how
difficult it is to obtain an accurate estimate of R in the presence of
flanking transmission, particularly in the case of high-performance
test objects. If the test object has a high sound insulation index,

while at the same time it has a surface area small in relation to the

flanking surface, it may prove extremely difficult, if not impossible
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to determine R with sufficient accuracy.

Note that the estimation errors given in Eqs. (2.61), (2.62) and (2.66)

become infinitely large in the following cases:

Leg » = if Lep < - 10 log (1 + 1/hf) dB (2.67)
Leg » = if Legr » 10 log (1 + 1/hf) dB (2.68)
LerT » © if Le < - 10 log (1 + 1/hp)9> aB (2.69)
Example 2.2 Consider a sound insulation test performed on an

experimental window to evaluate the effectiveness of its design. The
latter is aimed at attaining a sound reduction index R = 56 dB at 400
Hz. Consider the consequences of measurement inaccuracies 1if the
window (surface area A = 2,0 mz) is mounted in a special brick cavity
wall used as a filler in a 10,0 m’ test aperture between two test
rooms. The filler wall (AF = 8,0 m2) has a sound reduction index
RF = 60 dB at 400 Hz. The estimated measurement accuracy is t 1,0 dB.

The expected error in the estimate of R is summarized in Table 2.2
Table 2.2

Analysis of the problem in Example 2.2

Eq. (2.51) hrp = 1,59
Eq. (2.61), using LeF\ <1,0d | -1,2dB<Leg < 2,3 dB
Eq. (2.62), using LeR-| <1,0d8 | -2,2dB<Lleg < 3,3 dB

Eq. (2.66), using Le| <1,0d8 | - 3,0 dB < Legy < 12,5 dB
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In order to limit the total error to Legy dB, the measurement error

must comply with

[10‘LeRT/10 + (1072L8RT/10 4 4(1 + hF)hF]0’5]

|Le| < 10 log T

(2.70)

or the flanking transmission should be reduced to a level at which

he < [10-(LeRT + Le)/10 _ 170 - lO-ZLe/IO) (2.71)

Using
RF = R - 10 log (hp A/Af) , (2.72)

It follows that the sound reduction index of the flanking structure

must be

Re > R + lOlog[%E (1 - 1072710y /[ (1o~ (LerT *+ Le)/10 _ 1y1 (5 73y

In the previous example the sound insulation of the already special
filler wall is inadequate for the purpose of the test. In order that
|LeRT| < 1,5 d8, a filler wall is required which has a sound reduction

index of at least 69 dB at 400 Hz, a figure which is extremely diffi-
cult and costly to attain. Note that according to Eq. (2.69) Legy + =

if |Le| > 1,1 dB.
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CHAPTER 3

SOUND TRANSMISSION ANALYSIS BY SOUND INTENSIMETRY
3.1 INTRODUCTION

It is clear from the analysis in Chapter 2 that the applicability of
the classic two-room method is restricted by conditions arising from
the implicit use of the reverberation room method in determining the
transmitted sound power. A fundamental limitation of this method is
that it gives no indication of either the relative amounts or the ori-
gins of the components contributing to the total transmitted power.
For light-weight partitions the direct portion of the transmitted power
can be determined with sufficient accuracy by supression of the flank-
ing portion. In the case of high-performance test objects mounted in
filler walls it is sometimes appropriate to consider the flanking por-
tion as inevitable and to combine it with the direct portion. In many
applications, however, it is essential to distinguish between direct
transmission through the test object and flanking transmission through
the filler wall in order to assess the performance of the test object
per se. In addition, there is also a need for a technique by which

sound transmission through composite panels may be analyzed in finer
detail.

The decision to apply and to evaluate sound intensimetry as a means of
performing sound insulation tests at the NPRL ensued from difficulties
encountered in testing newly developed doors and windows intended for
applications demanding exceptionally good sound insulation. The sound
intensity method of measuring sound reduction indices was first intro-
duced by Crocker [133,134]. The principles and advantages of this new
method have since been demonstrated by several investigators by com-
parison with the classic method [14,29, 135,136 ]. It has been shown
that the intensity method can be used very effectively for selective
determination of sound reduction indices of different parts of a compo-
site panel [29,134, 137 ] and that the direct transmission can be de-
termined in the presence of flanking transmission [29, 138 ]. The in-

tensity method has been used with success to determine sound
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reduction indices selectively for flanking factors hf > 15, whereas the
classic method was found unreliable if hg > 1 [27]. McGary [139] ex-
tended the sound intensity method and developed a technique for separa-

ting airborne and structureborne noise in propeller-driven aircraft.

Using the intensity method on a comparative basis with the classic two-
room method to investigate the influence of room design and mounting
conditions on the sound insulation of test objects, Cops et al. [140,
141] found that the sound insulation index could vary by as much as 5
d8, depending on the placement of the test panel in the niche. This
stresses the point that sound insulation test results can be affected
by factors bearing no relationship to the use of sound pressure or

sound intensity as the basis of measurement.

While it is generally accepted that the intensity method does not re-
quire a diffuse receiving room, a certain degree of wariness is observ-
ed in the literature with regard to the use of reverberant receiving
rooms. Investigators almost invariably state without explanation that
the receiving room should be made relatively absorbent or that it had
been made absorbent for the purpose of their investigations. This cau-
tiousness is understandable, considering that no guidelines have yet
been established for the assessment of receiving room adequacy. Al-
though it is known that the accuracy of sound intensity measurement in
reactive fields depends on phase mismatch errors introduced by the mea-
surement system [6,138], no attempt has yet been made to relate minimum

receiving room requirements to intensity meter performance figures.

It is the purpose of this chapter to identify and to define the princi-
ples involved in using sound intensimetry for sound transmission anal-
ysis in reactive fields, and to develop a theoretical framework for the
assessment of the validity and accuracy of the intensity method in any
given application. Section 3.2 begins by reviewing the principles of

sound intensimetry with emphasis on the methods employed in conducting

the experimental work in support of this thesis. The general charac-

teristics of sound intensity meters are considered, followed by a
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thorough treatment of sound intensity calibration.

The analyses in the remainder of this chapter represent original con-
tributions by the author towards the development of a comprehensive
theory on sound transmission analysis by sound intensimetry. The ap-
plication and meaning of theoretical derivations are explained by exam-

ples presented in the course of the chapter.

The sound intensity method of determining sound reduction indices is
formulated in Section 3.3. The method derived here, although basically
identical to the one commonly referred to in the literature [133],
gives account of factors which have until now been disregarded. These

are:

(1) The effect of a difference in the surface area of the test object
exposed to radiation in the source room and that -of the measure-
ment surface needed to cover the radiation from the surface of
the test object into the receiving room completely.

(2) The storage of reverberant energy in the interference field near
the boundaries of the source room.

(3) Calibration mismatch between the sound pressure aﬁd sound inten-
sity measurement systems employed in determining sound reduction

indices.

Section 3.3 proceeds to consider the leakage error resulting from the
common practice of using a plane measurement surface at a finite dis-
tance from the surface of the test object and concludes with an exami-
nation of the effect of sound absorption by the test object on the ac-
curacy of the intensity method.

The principles and theory of sound transmission analysis in reactive
fields are developed in Section 3.4. Beginning with the problem of
sound intensity measurement in reactive fields, the author identifies
two types of phase error in measurement systems and shows that the in-
tensity error is different in the two cases. In order to account for
sound intensity meter limitations, the common mode rejection index is

defined and used in conjunction with the concept of reactivity [142] in
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assessing the validity of sound intensity measurements in sound trans-
mission analysis. First, a general expression is derived for predict-
ing the reactivity at the surface of a test object in a reverberant re-
ceiving room. It is then shown how the minimum amount of absorption in
the receiving room, or the minimum microphone spacing may be calculated
for any given application of the intensity method. Finally, the appli-
cation of the theory to the assessment of flanking transmission is con-

gidered.

Section 3.5 presents a new method based on sound intensimetry, of
assessing the degree of directional diffusivity in sound fields. Upon
consideration of the general characteristics of the sound intensity
field in relation to the sound pressure field in the vicinity of a
point source located in various types of acoustic environment, a des-
criptive model of the intensity field in reverberant rooms is derived.
This model is then used as a basis in developing a criterion for the
assessment of the degree of diffusivity at a point on basis of sound
intensity measurement. It is shown that either reactivity, or a diffu-
gsivity factor derived from the latter, can be used as a measure of the
degree of diffusivity. A formula for calculating this factor is con-
structed and scaled to attain the best possible agreement between the
intensity method 'and the directivity method discussed in Section
2.6.1. Finally, the influence of a lack of directional diffusivity on
the accuracy of the intensity method is analyzed in terms of the cri-
teria developed in the first part of Section 3.5.

3.2 PRINCIPLES OF SOUND INTENSIMETRY

3.2.1 Definition. The sound intensity in a specified direction is de-
fined as the rate of acoustic energy flow per unit area normal to that

direction. Hence; the instantaneous sound intensity
i(t) = acoustic power/unit area = w(t)/A (3.1)
where from elementary mechanics

w(t) = force x velocity = f(t)eu(t) . (3.2)
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And since f(t)/A = pressure, substitution of Eq. (3.2) into Eq. (3.1)
yields the instantaneous intensity as a function of the instantaneous
sound pressure p(t) and particle velocity u(t). Thus,

i(t) = [F(t)eult)]/A = p(t)eu(t) . (3.3)

The desired quantity for practical purposes is the time-averaged inten-
sity

I = <i(t)>g = <p(t)su(t)>y . (3.4)

As sound power is propagated in a specific direction, sound intensity

is a vector quantity specified in terms of its magnitude and direction.

3.2.2 Measurement techniques. Various schemes have been devised for

sound intensity measurement, of which only a few proved to be practi-
cally viable. Considerable effort has been made to find solutions for
particle velocity measurement. One approach is to obviate particle ve-
locity measurement by manipulating the mathematical formulation of I to
dispose of u(t) in its explicit form [34,35]. This has in fact result-
ed in new methods with totally different instrumentation requirements.
The essence of the problem, however, is not changed by mathematical
transformation; particle velocity is a function of the phase gradient,
the principle and unavoidable parameter in sound intensity measure-
ment. The two most widely used methods for sound intensity measurement

are the cross-spectral density method and the direct method.

Croas-spectral density method [34]. Sound intensity as defined in
Eq. (3.4) may be determined from the imaginary part of the cross-spec-
tral density of two pressure microphone signals. This follows by not-
ing that the time-averaged intensity may be expressed as a function of
the cross-correlation between the two pressure signals and that the
Fourier transformation of the latter results in the cross-spectral den-

sity S12(w) of the pressure signals. The expression for the time-
averaged sound intensity becomes
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I=- 1 In{Sy2(w)} (3.5)
pw Ar

where Ar is the distance between the two pressure microphones. The
main advantage of this technique is that it can be implemented on gene-

ral purpose dual-channel FFT analyzers. There are two disadvantages:

(1) Measurements cannot be performed in real-time.
(2) The result is presented as a frequency line spectrum which has to

be converted to octave or third-octave band levels by computa-

tion.

Direct method [6,48] This method is based on direct computation of

particle velocity by solving Euler's equation

ap(t) _ _  du(t)

3.6
or ot ( )

for u(t). the time-averaged sound intensity, obtained by substituting
the solution of u(t) into Eq. (3.4), is

1=¢-1 [p(t)f a_p(t)dt] >t (3.7)
P ar

If the pressure differential in Eq. (3.7) is approximated by the dif-
ference p;(t) - p,(t) between the sound pressures at two microphones
spaced by a distance Ar and if the sound pressure p(t) is estimated by

[p1(t) + pa(t)]/2, the time-averaged sound intensity becomes

1
L= <o oo gpi®) + po(0) fIpa(t) - pa(t)lat >y (3.8)
Equation (3.8) may be executed by analog computation [6] or by digital
signal processing [48]. The experimental part of this investigation
was performed with two sound intensity meters which both employed the

direct principle; one by analog computation, the other by digital
signal processing.
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3.2.3 Fundamental characteristics of sound intensity meters

The fundamental characteristics of all sound intensity meters utilizing
two pressure microphones are identical; frequency and directional
characteristics are primarily governed by the distance Ar between the
microphones. In addition to this limitation, practically all other er-
rors are caused by phase mismatch errors distorting the true acoustic

phase difference between the two microphones.

Directional characteristicsa The directional response of a sound in-

tensity meter is given by [6]
H(y) = 10 log ‘[sin{(kAr + e)cosY}/kArj| dB (3.9)

where y is the angle of incidence at the acoustic centre of the probe,
measured with respect to the direction of maximum sensitivity, y = 0°

and ¢ is the phase error introduced by the ingtrument.

Frequency characteristics In a plane wave the fundamental intensity

error due to the finite distance Ar between the microphones is | 6]

[sin(kAr)J

Lle = 10 lo
g kAr

dB (3.10)

where kAr represents the true acoustic phase difference in radians be-

tween the microphones. If, due to phase mismatch, the measurement sys-
tem introduces an additional phase shift e radians, the error becomes

at low
frequencies
sin(kAr + e)J

Le = 10log| =
r

€
= 1010 1 —_ (B- .
g(l + kAr) (3.11)

The finite distance approximation kAr is accurate at low frequencies
but causes an error which increases with frequency. For all practical
purposes the low frequency error is caused by the phase error ¢ only.
Using the approximation sin kAr = kAr, which is valid at low frequen-
cies, Eq. (3.11) may be solved to find the minimum spacing arg (m) re-

quired to limit the error in a plane wave to Le dB. With ¢ in degrees
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and using ¢ = 346 m/s, the result is

Le/10
ary = (0,96e/fF)/(10 - 1) (3.12)
where f is the frequency in Hz. The lowest third-octave band of inte-
rest for general-purpose sound insulation tests is 100 Hz. The minimum
microphone spacing required to limit the plane wave error at 100 Hz to
-1,0 d8 if the measurement system has a phase error ¢ = - 0,3°, is Ar

= 14 mi.

Equations (3.11) and (3.12) are valid for a plane wave. Analysis of
the sound intensity method in this thesis is based on the assumption
that the receiving room is allowed to be reverberant. For a fixed mi-
crophone spacing Ar, the acoustic phase difference in a reverberant
field is only a fraction m of the value in a plane wave. Accuracy re-

quirements for sound intensity measurement in reactive fields is exam~

ined in Section 3.4.

The high-frequency error is primarily determined by the microphone spa-
cing. In order to limit the error Le in Eq. (3.11) to - 1,0 dB at
5kHz, a microphone spacing Ar = 12 mm is required. Frequency and di-
rectional characteristics measured for the NPRL sound intensity meter

are presented in Appendix Al.

3.2.4 Calibration of sound intensity meters

Consistency of acoustic reference levels In applied acoustics sound

power W is usually converted to a logarithmic scale. The sound power
level in decibels is defined as

LW = 10 lag (W/Wg) ds (3.13)

where the reference power level Wo = lpW. Likewise, the sound intensi-

ty level for a sound intensity I is defined as

LI = 10 log (I/Iy) dB (3.14)
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where Ig = lpW/mz. If sound intensity is expressed in terms of the rms

sound pressure P, the intensity level defined in Eq. (3.14) becomes
LI = 10 log [ (P?/pc)/I¢] @B (3.15)

where pc is the specific acoustic impedance at the temperature and at-
mospheric pressure prevailing at the point under consideration. Like-

wise, in terms of the rms particle velocity U,

LI = 10 log [(uzpc)/lo] 3. (3.16)
Using the standard consistent set of reference levels
Sg = {Io = 1pW/m?;Py = 20uPa; Uy = 50 nm/s; pocg = 400 mks rayls}(3.17)

it follows that

2 2
Po/poCo = Vo‘)oCo = 10 . (3-18)

If calibration complies with the set Sy, Eq. (3.15) becomes

2
LI = 10 log [ (P?/pc)/(Pg/pocy)] . (3.19)
If pc = pgeg, Eq. (3.19) reduces to
L1 = 10 log (P2/P5) = LP B. (3.20)

The assumption pc = pycg, which is almost invariably made when acoustic
power is related to sound pressure, implies that LP = LI in a plane

wave. Since in reality pc = pgcg, there will be a small difference
Lep = LPm - LI = 10 log (pgcy/pc) dB (3.21)

between the reading LPm given by a sound level meter calibrated accord-~
ing to Eq. (3.20) and the true intensity level LI, defined in Eq.

(3.14), at the measurement point. The specific acoustic impedance at

the prevailing temperature T (K) and atmospheric pressure B (mb) may be
calculated from
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oc = 6.98 BT . (3.22)

Calibration of sound intensity meters is complicated by a lack of prac-
tical techniques to generate accurately known intensity reference le-

vels. Three calibration techniques will now be considered.

Method 1. (LP re 20 y Pa; LI re lpW/m? by free-field calibration)
This involves standard pressure calibration of both microphones, fol-

lowed by adjustment of the relative gain LI-LP such that
LI = LP + 10 log (pgcg/ppCy) d8 (3.23)

with the probe positioned in the far field of a small sound source lo-
cated in an anechoic chamber. This calibrates the system for correct
intensity level reading re lpw/m2 for pc = ppcp, the specific acoustic
impedance at the temperature T, and atmospheric pressure B, prevailing

during calibration.

If a sound intensity meter calibrated for Tp and By is used at T and B,

an error lLei will occur. Some caution is required in calculating Lei.
Consider the measurement of sound intensity according to Eq. (3.7).
Computation by this formula yields a result of the form

I=-(1/p)(1/c)< F{p(t)} >¢ = =Gy G, < F{p(t)} >pe (3.24)

At calibration conditions T, and B, sound intensity is measured faith-
fully as

I = - (2.873 T,/B.)(1/20,05 VT, )< f{p(t)} >¢e (3.25)

The presence of p in the gain factor G, originates from Euler's equa-

tion (Eq. (3.6)) where p appears as a constant. The speed of sound c
in G is generated by the operation ap(t) i

. n Eq. (3.7). Hence, if en-
vironmental conditions change from Tp and By to T and B, respectively,
I would be measured as

In = - (2.873 T,/B;)(1/20,05 YT)< f{p(t)} >ye (3.26)
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The qain factor Gz is seen to follow the change in temperature, while

G, remains constant. The intensity measurement error

Lei = LIm - LI = 10 log (%I%J 3. (3.27)
r

Method 2. (Pressure compensation method). The calibration procedure
recommended by the manufacturer of the B & K 3360 analyzer, which has a
fixed gain GjG, set for Tpg = 293 K and Bpg = 1013 mb, is to off-set
the pressure calibration by a factor Bro/Br' In this way Lei reduces
to

Lei = 10 log (Tpo/Tp) = 10 log (293/Tp) aB. (3.28)

It should be borne in mind that the sound pressure calibration is
slightly off-set by this procedure. If a system calibrated in this way

is used for sound pressure level measurements, it will give a reading

LPm = LP + 10 log (1013/B;) dB (3.29)

where Lp is the sound pressure level obtained by standard calibration
re 20 u Pa.

Method 3. (Lp re 20 u Pa; LI re lpW/m? by electronic calibration).
The Model A83 SIM sound intensity meter has an adjustable gain G; which
may be set during calibration with the aid of an electronic calibrator,
Model A83 CAL 2. This instrument generates two signals with an accu-
rately defined time delay between them. In this way it is possible to
calibrate LP and LI independently. For a time delay t (s) intensity

calibration for conditions T, and B, is obtained by adjusting G, to ob-
tain a reading

LI

LP + 10 log (400/ppcy) (3.30)

where cr = Ar/t is the speed of sound implied by the time delay t be-

tween the calibration signals, if a microphone spacing Ar is to be

uged. By inspection of Egs. (3.24) to (3.26) it is concluded that, in
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addition to pressure calibration re 20 uw Pa, Gy should be adjusted to

obtain

T
LI = LP + 10log[ (400)(2.87T,/B,)(1/cy)] = LP + lOlog(ll49B£Zr)dB (3.31)

with the electronic calibrator connected to the intensity meter. An
instrument calibrated by this procedure measures LP re 20 u Pa and LI
re lpW/m? at a temperature T, (K) and atmospheric pressure By (mb).

(This method is equivalent to, though more accurate and faster than
Method 1.)

3.3 DETERMINATION OF SOUND REDUCTION INDICES BY THE SOUND INTENSITY
METHOD

3.3.1 Derivation of a test procedure based on sound intensimetry

The intensity method is based on the test arrangement shown in Fig.
3.1. The desired properties of the two rooms and a practical measure-

ment procedure may be derived from the definition of sound reduction;
R = 10 log (WiNy/Mp) = 10 log (IpNA/IpAz). (3.32)

WiN = IINA is the acoustic power incident on the surface area A of the
test object and Wp = IpA, is the power transmitted by the test aobject.
It is not assumed at this stage that A = A;; A, being any surface sub-
tended by the test object and which receives an average sound intensity
Ip from it. The use of sound intensimetry in determining Wiy and Wp
will now be investigated. Note that a sound intensity meter measures

the net component of the acoustic power flow per unit area in the di-
rection in which the microphone is pointed.

Source room: incident power. In the source room the nature of the
sound field is dictated by the practical requirement that the sound re-
duction index should be valid for random sound incidence. To ensure
that all surface elements of the test object are exposed to the same
level of net incident intensity, it is essential to have constant ener-

gy density in the source room and to ensure omnidirectional sound inci-
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dence everywhere on the surface of the test object. These two require-

ments imply that the room should be diffuse.

The sound intensity field at the SUrfacd.of the test object in the
source room is depicted in Fig. 3.2. The réflected sound, which in re-
ality is contained in the same half-space as the incident sound, is
depicted separately. The collective effect of all the waves incident
on the elemental surface dA may be described by a single vector Ij
normal to the surface of the partition, and the corresponding vector
for reflected waves by I,. The total power incident on surface A, as

required for implementation of Eq. (3.32) is
WiN = [[1i dA. (3.33)
A

The sound intensity meter, however, does pot distinguish between I;
and I.; it responds to the vector sum Ij+ I;. The net power obtained

by surface integration of the sound intensity measured on the surface
A, would be

Wo = [[(Ij + 1) dA =0 if a = 0. (3.34)
A

Thus, if the sound absorption coefficient of the test object a = 0, the
sound intensity meter should indicate zero net acoustic power flow;
the measurement surface contains no sources or sinks. Although Ipy
could be determined by sound intensity measurement at an open window
provided temporarily in the dividing wall, the author found that the
method was impracticable. The generally accepted procedure is to mea-
sure the sound pressure P; in the source room and to make use of the

relationship in Eq. (2.4) repeated here as

Wiy = (P3/apc)A. (3.35)

Hence, as regards the determination of the incident power, the intensi-

ty method is identical to the classic two-room method; it requires a

diffuse source room and the incident power is determined by sound pres-
sure measurement.
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Receiving room: transmitted power. As shown in Fig. 3.2. the sound
field in the receiving room contains a relatively strong direct inten-
gity component I4 normal to the measurement surface, originating from
the surface of the test object. The measurement surface A, includes
the test object, which acts as a sound source, but excludes the flank-
ing as well as all the mirror sources in the reverberant receiving
room. Hence, by Gauss' theorem [8], surface integration of the normal
component of the sound intensity on A, yields the total power transmit-
ted by the test object; the power from extraneous sources.does not af-

fect the result. The net power flowing through the surface A, is

Wo = [J(I3 + Ip + Ig)dA = [[(If + I)dA + [[I4 dA. (3.36)
Az A2 Az

By Gauss' theorem, if a = 0,

Wo = [JIq dA = Wp = IpA, . (3.37)
Az

3.3.2 Formulation of the intensity method

The standard formulation of the intensity method is
R=LPl-LI -6 3. (3.38)
If the sound reduction index R is determined by the procedure developed

in the preceeding section, Eqs. (3.32), (3.35) and (3.37) may be com-
bined, giving

2
R = 10 log (AP]/4pcA,lp), (3.39)

or in terms of the average sound pressure level in the source room LP1

and the average intensity level at the surface of the test object in
the receiving room LI,

R =LPL - LI +10 log (A/A;) - 6 8. (3.40)

Equation (3.40) does not account for the additional energy stored in
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the interference field at the boundaries of the source room. Partial
cancellation of the Waterhouse correction factors due to the difference
LP1 - LP2 appearing in the cléssic formula, does not occur at all for
the sound intensity method. Disregard of this correction results in
underestimation of R at low frequencies, a phénomenon which in fact
seems to appear in most results reported in the literature [25,26,134,
136-138,140]. By inclusion of the Waterhouse correction factor, Eq.
(3.40) expands to

R = LP1 - LI + 10log(A/A;) + 10log(l + XS5,;/8V}) -6  dB (3.41)

where A = wavelength (m);
Sy = internal surface area of the source room (m?);
V, = source room volume (m®).

The final consideration in formulating the intensity method concerns
calibration of the systems used for measuring LPl and LI. As pointed
out in Section 2.7, calibration in the case of the classic two-room me-
thod is greatly simplified because of the cancelling effect of the dif-
ference term LP1l - LP2. The sound intensity method involves two diffe-
rent types of measurement. The incident intensity is determined with a
sound pressure level meter calibrated with respect to a reference level
Po = 20 u Pa, while the measurement of transmitted intensity is based
on sound intensity calibration. To account for discrepancies - -between
pressure and intensity calibration references, a calibration correction

term Lc is introduced in Eq. (3.41). Hence,

R = LP1 - LI + 10log(A/A;) + 10log(1l + A5,/8V,) + Lc - 6 dB.(3.42)

In practice, Lc depends on the calibration technique used with the

equipment employed in the tests. The general expression for Lc is

Le = [(LPIm - 6) - LIm] - [(LP1 - 6 + 10log 400y _ LI] dB. (3.43)
pcC

where (LPlm - 6) and LIm are the measured levels of the incident and

transmitted intensities, respectively and (LP1 - 6 + 10log 400

5o ) and LI




62

are the true levels re lpw/mz. For instruments calibrated according to
the procedures discussed in Section 3,2.4, the following corrections
which presume that calibration values T, and B, correspond to environ-

mental conditions prevailing during measurement, should be used in Eq.
(3.42):

Method 1 (LP re 20 u Pa; LI re lpH/nz; free-field calibration).
Lc = 10 log (pc/400) = 10 log [Bp/(57.31 /Tp)] d8. (3.44)
Method 2 (Pressure compensation method)

1013 T ecC —
Le = 10 log ( x ——_ x —) = 10 log (¥T,/16.58) dB.  (3.45)
Bp 293 400

Method 3 (LP re 20 p Pa; LI re lpW/m?; electronic calibration)

Lc = 10 log (pc/400) = 10 log [B,/(57.31/T,)]. (3.46)

3.3.3 Selectivity of the intensity method

Determination of sound reduction indices involves measurement of the
power radiated by the test object into the receiving room. The funda-
mental difference between the sound intensity method and the classic
two-room method resides in the principles employed in determining the
transmitted power. The limitations and inflexibility of the classic
method are inherent to the reverberation room method of sound power de-
termination. The simplicity and versatility of the intensity method on
the other hand, are effected by validation of Gauss' theorem in deter-

mining sound power by surface integration of the normal component of
the sound intensity vector.

By using sound intensimetry, the principles of sound power determina-
tion by the intensity method take effect [7]. In regard to the deter-
mination of sound reduction indices and to sound transmission analysis,
these principles have the following implications:
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1. The sound power radiated from any source may be determined selec-
tively by defining the measurement surface in such a way that it
includes only the source under consideration. This means that
the sound transmission characteristics of the test object, the
flanking walls, or of any part of either, may be determined in
reverberant environments.

2. Strictly speaking, no absorption should be allowed to take place
within the volume contained by the measurement surface.

3.,  There are no restrictions to the shape of the measurement sur-
face, provided the normal component of sound intensity is measur-
ed by directing the intensity probe perpendicularly to the mea-
surement surface.

4. Measurements may be performed in the near field of the source.

The advantages implied by Gauss' theorem are applicable to the result
obtained by surface integration; not to the sound intensity vector at
discrete points on the surface. Examination of the sound intensity
vector as a means of assessing the radiation characteristics of a test
object should therefore be practised with caution. If the receiving
room is not diffuse, the net contribution of the reverberant intensity
will vary over the surface of the test object. The net sound intensity
measured at specific points near the surface of the test object can
therefore not be attributed exclusively to radiation from the test ob-
ject. This does not detract much, however, from the value of sound in-
tensimetry in performing diagnostic sound transmission analysis. Pro-
vided that small variations are ignored, examination of the general
characteristics of radiation fields by inspection and mapping of the
sound intensity vector is a very powerful method of detecting leaks and
of evaluating the relative performance of various components of a com-
posite test object. An effective technique in this regard is to mea-
sure the sound intensity vector at equally spaced points on a straight

line extending across the regions of interest.

3.3.4 The measurement surface

In practice, the condition relating to the use of a closed integration

surface is often violated in that the sound intensity is usually mea-
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sured on a plane surface parallel to the surface of the test object.
The implicit intention in doing this is to measure the sound intensity
in the plane of the radiation surface. As a result of the finite mini-
mum distance from the probe centre to the surface of the test object,
the measurement surface is in reality always located some small dis-
tance from the radiation surface. Since the leakage gap created be-
tween the two surfaces almost invariably extends along physical bounda-
ries, diffraction may generate a component of sound power entering the
enclosed volume through the gap, yet leaving through the plane measure-
ment surface. Depending on the design of the intensity probe and on
the microphone spacing used, it may be necessary to perform sound in-
tensity measurements on the leakage surface to prevent leakage error.
It is for this reason that the areas A and A; in Eq. (3.42) were not

taken to be identical as is usually assumed in the literature.

Consider the composition of the total direct power Wy and the total
flanking power Wp in relation to the measured power W, as depicted in
Fig. 3.3. Wy represents a fraction of Wp diffracted through the leak-
age gap towards the measurement surface. Wrp is another fraction of Wp
reaching the measurement surface, in this case via the test object.
Wp2 represents a fraction of Wp transmitted through the leakage gap.
W)  represents the main portion of the flanking power, which is

totally excluded by the measurement surface, while Wp1 represents the

main portion of the direct power which is transmitted through the plane

measurement surface.

If sound intensity is integrated over a closed surface, the only com-
ponent which is not eliminated from the measured result Wy is ¥pp
which has to be treated as part of Wp. If sound intensity measurement

is only performed on a plane surface located at a distance rp from the
the test object as shown in Fig. 3.4, the sound reduction index of the

test object R will be estimated with an error

Le = Rp - R = 10 log [Wp/(Wp - Wpp + Wrp)] aB. (3.47)

Equation (3.47) is based on the assumption that Wrp is regarded as a

part of Wp. Assuming as a worst-case precaution that tie average power
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flow per unit area across the leakage surface dA is of the same magni-

tude as that across the plane measurement surface A, the leakage error

becomes
Le = 10 log [A/(A £ dA)] dB (3.48)

where dA and -dA respectively represent the cases Wp2» Wpz and Wp2» Wr2
The latter case causes the largest error. If a maximum leakage error
Lem dB is specified, the corresponding minimum distance rp, assuming a

square surface A = b x b, is found to be

0
oy < _2(1 S0 . (3.49)

Example 3.1. The maximum distance allowed between a plane measurement
surface and a window of 1,4 m x 1,4 m if the leakage error is not to

exceed - 1 dB, is rpy = 72 mm.

In practice, even for small microphone spacings, it is difficult to ob-
tain r, < 40 mm, especially if the sound intensity is averaged by a mi-
crophone-scanning procedure. Leakage error becomes particularly impor-
tant if the sound radiation from small or narrow surfaces is determin-

ed. This occurs, for example, if the sound radiated by the frame of a
window is to be isolated from the total radiation of the window and
flanking walls. In such cases it is often not essential, however, to
perform proper rsound power measurements; sufficient information may be

obtained by examination of the intensity vector along carefully chosen
paths.

3.3.5 The effect of sound absorption by the test object.

One of the conditions for the elimination of background noise by Gauss'
theorem is that the integration surface should not include any sinks as
this would cause a net flow of background noise power to the enclosed
volume. Sound absorption by the test object on the receiving room side

constitutes such a sink. The flux of absorbed power substracts from

the flux of power radiated by the test object, thus creating the im-

pression that the test object is transmitting less than the actual pow-
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er. The sound reduction index is therefore overestimated by the inten-
sity method if sound absorption takes place at the surface of the test

object.

Consider the estimation error due to sound absorption by the test ob-
ject if the latter is surrounded by flanking surfaces as depicted in
Fig. 3.5. If the average sound absorption coefficient of the surface A
is ap, the apparent sound reduction index of the test object obtained

by the intensity method is

R' = 10 log (Wyy/M') = 10 log [Wpn/(IpA - AaplR)] (3.50)
where Wiy = incident power, receiving room;

W' = apparent transmission power;

Ip = average direct intensity transmitted into receiving room;

I = average intensity incident on the test object from the re-

verberant field in the receiving room.

Although the formulation of the intensity method does not presume a
diffuse receiving room, a reasonable estimate of the average intensity
incident from the reverberant field is obtained by making use of the

classic-room relationship

2
Ig = P3/bpc . (3.51)

The sound pressure in the receiving room P2 depends upon the total pow-

er W transmitted into the room and upon the total sound absorption Sap
in the room, where

2
P2 = &dpc/Sa . (3.52)

Since W is the sum of the direct power Wp = hW and the flanking power
(1 - h)W, Eq. (3.52) becomes

2
P2 = 4Ip Apc/hSa (3.53)
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By substitution of Eq. (3.53) into Eq. (3.51),
Ig = IpA/hSa . (3.54)
The apparent sound reduction index becomes
R' = 10 log [Wpn/IpA(l - Aap/hSa)] . (3.55)

The estimation error, obtained by inspection of Egs. (3.32) and (3.55)
and by using A = Ap, is

le = R' =R = - 10 log (1 -~ Aap/hSa) dB. (3.56)

By using the relationship given in Eq. (2.52), the estimation error due

to sound absorption at the surface of the test object

le =-10log [ 1 - (1+ hr)gﬁA ] . (3.57)
a

Equations (3.56) and (3.57) are plotted in Figs. 3.6(a) and (b),
respectively. In the extreme case if all the sound absorption in the
receiving room is located on the surface of the test object and if no

flanking transmission is taking place (h = 1), Eq. (3.56) yield
Le = - 10 log (1 - 1) » = (3.58)

which is the expected result, since all the power radiated into the re-

ceiving room is continually absorbed at the radiation surface.

Example 3.2. Consider the estimation error due to sound absorption by
the test object if the sound reduction index of a 12 mm thick fibre pa-
nel is determined by the sound intensity method in a standard two-room
test facility. The receiving room of volume 215 m® has a reverberation
time of 5,5 s at 250 Hz. The panel of 9,0 m? is estimated to have an
average sound absorption coefficient ay = 0,15 at 250 Hz.  Flanking
transmission is assumed to be negligible (h = 1). The total sound

absorption in the room, including that of the test panel is
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Sa = 0,16V/T + Aay = 6,25 + 1,35 m* . (3.59)

The estimation error for Aap/Sa = 0,18 , obtained from the graph in
Fig. 3.6(a), is Le = 0,8 dB.

For most sound insulation tests in practice the error due to sound ab-
sorption by the test object is likely to be negligible; sound insulat-
ing panels usually have low absorption coefficients. But the problem
needs further consideration to assess the risk of absorption error if
the intensity method is used to measure the sound reduction indices of
flanking walls such as the filler wall containing the test object dur-
ing the primary test. Equations (3.56) and (3.57) may be applied to
any part of the test structure by defining the area under consideration
as A and by considering the power radiated by the remainder of the
structure surrounding the test area as flanking power. In this context
it is necessary to consider the broader meaning of hg, namely hp =

(power radiated by surrounding structure)/(power radiated by component

under test)

The point to be made is that the relatively high level of sound trans-
mission through the test object in the primary test now constitutes a
high flanking level which, according to Eq. (3.57), increases the risk

of absorption error.

Example 3.3. Consider a test arrangement comprising a 6 mm single-
glazed window with a surface area of 2,8 m? mounted in a brick filler
wall in a test aperture of 10,0 m?. The sound reduction index of the
window is 29 dB at 500 Hz while the mass law predicts an index of 41 dB
for the filler wall. The sound absorption coefficient of the plaster-
ed, yet unpainted filler wall is estimated at a = 0,03. The receiving
room has a volume of 210 m> and a reverberation time of 4,2 s at 500 Hz
with the test object installed. The question is whether the sound re-

duction index of the filler wall can be determined by sound intensime-
try in this test arrangement.

The expected estimation error due to sound absorption at the surface of

the filler wall is calculated by assuming that the window is respons-
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ible for all the flanking power.

From Eq. (2.51) : hp = (2,8/7,2)107(29 = 41)/10 _ 45 g

Furthernore, Axy/Sa = (7,2)(0,03)/19Ll§léZlgl = 0,027

’
The estimation error predicted by Eq. (3.57) is Le = 2,6 dB8. The sound
reduction index of the filler wall would be overestimated by 2,6 dB.
This example illustrates that a significant absorption error may occur
if the sound intensity method is applied to the filler wall, notwith-
standing the low values of sound absorption coefficient exhibited by
typical filler wall constructions. The minimum amount of absorption
Sa normalized with respect to the absorption Aap of the test sur-
face, required to limit the absorption error to Le dB is obtained by
solving Eq. (3.57) for Sa/Aay. The result is

Sa/Aay > (1 + he)/(L - 10758710y (3.60)

In the previous example Le < 1,5 dB would require Sa > 12,4 m2; rever-

beration time T < 2,7 s.

The effect of sound absorption considered in this section pertains to
the result of the sound insulation test; an error is caused in the es-
timated value of the sound reduction index. This does not imply at all
that the measured values of sound intensity are inaccurate or false.
Sound transmission analyses by sound intensimetry gives an acéurate ac-

count of the net energy field constituted by the total assembly of

sources and sinks in the test arrangement*.

* It is assumed that the fundamental requirements in relation to the

microphone spacing and phase matching are observed. The accuracy of

sound transmission analysis in reactive fields is considered in Section
3.4.
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3.4  SOUND TRANSMISSION ANALYSIS IN REACTIVE FIELDS

3.4.1 The measurement of sound intensity in reactive fields

Sound insulation tests and transmission analysis by intensimetry invol-
ve sound intensity measurement near the surface of the test object. If
the receiving room is reverberant, the intensity level in this region
imay be much lower than the pressure level. Accurate measurement of
sound intensity under such conditions imposes minimum requirements in
regard to the dynamic range and accuracy of the sound intensity meter.
Conversely, if optimum use is made of the capabilities of a given sound
intensity meter, it is necessary to ensure that conditions at the sur-
face of the test object are within reach of these capabilities. This
section examines the relationship between intensity meter limitations

and requirements relating to the acoustic properties of the receiving

roome.

The main purpose of sound intensity measurement is to detect energy
flow in reactive fields. A suitable criterion for assessing the per-

formance of practical intensity meters is the common mode rejection in-
dex LRm, defined as

LRm = LP - LIm dB. (3.61)

LIm is the residual intensity level indicated by the intensity meter if
the probe is placed in a purely reactive Field where the sound pressure
level is LP dB. An expression for LRm is obtained by considering the
derivation of sound intensity by means of the two-microphone technique.

According to Euler's equation the particle velocity up in a direction r
is related to the sound pressure p by

1 ap
up = - = [ 2P gt
r > / " (3.62)

where p is the static density of air. Consider a field where the sound
pressure at a radian frequency w is

p = P(r)ed 8(w,r) (3.63)
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where P(r) is the rms value of the pressure at a distance r. The par-

ticle velocity

1o0w, ) . ap(r)eje(w’r)]dt. (3.64)

__1 o€
up = ; I[P(r)ar T

The result is

L [P(r) 36(w,r) jo(w,r) _ _j 3P(r) eje(“’r)] (3.65)

k pc ar k pc or

where k = w/c is the wave number and c is the velocity of sound in
gir. It is clear from Eq. (3.65) that the general expression for the

complex sound intensity I will consist of two terms
I = pup* = Ip +j IR. (3.66)
The real part I, which is the desired active intensity, is given by

_P%(r) 28(w,r)

(3.67)
k pc ar

Ip = Re{pup*} =

The imaginary part Ig represents the reactive intensity which does not

contribute to the average energy flow.

IR = Im{pup*} = P(r) 3P(r) . (3.68)
k pc ar

It is observed from Eqs. (3.67) and (3.68) that

(a) there can only be a net active intensity component if the sound
pressure has a finite phase gradient; a gradient in pressure am-

plitude does not contribute to active intensity flow;

(b) a gradient in the pressure amplitude constitutes a reactive com-
ponent of sound intensity.

The following analysis of the effects of phase mismatch errors pertain

to the direct method described in Section 3.2.2. For the purpose of

this analysis, the measurement system is divided in two stages as shown
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in Fig. 3.7. Stage I comprises the microphones, preamplifiers, filters
and signal conditioning circuits leading to the inputs of the differ-
ence amplifier. The block diagram in Fig. 3.7 corresponds to the de-
sign of the Model A83 SIM analog sound intensity meter used in this in-
vestigation. The unconventional order of integration and differentia-
tion gives a considerable improvement in the overall dynamic range of
the measurement system in reactive fields [6]. Contrary to standard
practice, the octave filters are located in Stage II, retaining only
the bandlimiting and noise-rejection filters in Stage 1. This
configuration is used since it yields a better overall performance in

reactive fields than the conventional configuration.

Stage I. If sound intensity is measured with an instrument which
derives %E(w,r) from the phase difference A® between two pressure
microphongs spaced by a distance Ar, any phase mismatch error € radians
introduced in Stage I of the measurement system would cause an error in

the measured intensity [6,67]
Le = 10 log (1 + €/46) ds. (3.69)

Since the acoustic phase difference A8 detected by the measurement sys-
tem is directly proportional to the microphone spacing, A® in a reac-
tive field may be expressed as a fraction m of the phase difference kAr
in a plane wave,

8O = mkAr . (3.70)

Using this expression,

Le

10 log (1 + e/mkAr) dB. (3.71)
At 25°C and with € in degrees, the intensity error

Le = 10 log (1 + 0,96 ¢/mfAr) dB. (3.72)

Le may therefore be controlled by adjustment of Ar. The microphone
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spacing required to limit the intensity error in a reactive field to Le
dB, obtained by solving Eq. (3.72) for Ar, is

Le/10 _

Ar = (0,96 e/mf) /(10 1) = Aro/m (3.73)

where, according to Eq. (3.12), Arg is the spacing required for the

game error in a plane wave, with € in degrees.

Gain mismatch, on the other hand, would not cause any principal errors
in the measured intensity since the pressure amplitude gradient only
relates to the reactive intensity. Equation (3.65) shows, however,
that gain mismatch would directly affect the magnitude of the particle
velocity signal. If gain matching is ignored, very large errors may be
introduced in the particle velocity channel of the measurement system.
tspecially in the case of analog instruments this could result in a re-

duction of the dynamic range and hence also the common mode rejection

index of the system.

In a purely reactive field an instrument with a phase error of € radi-

ans would read

[PZ(I‘)E

LIm = 10 log
k pcAr

/ o] dB. (3.74)

The common mode rejection index defined in Eq. (3.61) becomes

2
LRm = 10 log [P2(r)/Po?] - 10 log [P /1 ] (3.75)
k pcAr

where Po = 20 x 10-® pa and Io = 10-'%w/m? = Po2/400. Assuming pc
= 400, Eq. (3.75) reduces to

LRm = 10 log (k Ar/e) dB. (3.76)
At 25°C and with € in degrees

LRm = 10 log (1,04 far/e) dB. (3.77)

LRm may be determined by measuring the sound pressure and the sound in-
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tensity levels LP and LIm in a rigidly terminated standing wave tube

excited by broadband noise.

Stage 1I. The effect of phase mismatch on sound intensity meter per-
formance is different for phase errors in Stages I and II in Fig. 3.7.
The reason for this is that the phase error € in Stage I affects the
accuracy of the differential of two signals which is a function of the
sine of the acoustic phase A8, while a phase error B in Stage II af-
fects the accuracy of the product of two signals which is a function of
the cosine of the angle A¢ between sound pressure and particle veloci-

ty.

In terms of the rms sound pressure P and particle velocity U, the low-
pass filtered multiplier output corresponding to the active sound in-

tensity is
Ip = PV cos A¢ . (3.78)

In a reactive field an instrument with a phase error B in Stage II
would indicate

LIm = 10 log [PV cos(a¢ + B)/Ig] dB. : (3.79)

instead of

LI = 10 log [(PV cos 4¢)/1,] dB. (3.80)

The measurement error

Le = 10 log [223552_1_51]

cos A¢ ®B. (3.81)

In contrast to the error due to phase mismatch in Stage I (Eq. 3.71)),
the error due to phase mismatch in Stage II of the system in Fig. 3.7

depends on neither the frequency nor the microphone spacing Ar.

Hence, by shifting the octave filters from Stage I to Stage II, the
major contributor to phase error, excepting the microphones, is removed
from the critical input stage and placed in a section where phase

mismatch is much less detrimental to overall system performance. This
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not only lessens the risk of measurement error but simplifies the

design of the filters as well.

The relationship between 48 and A¢ is obtained by equating the active
components of sound intensity given in Egs. (3.67) and (3.78). Ffor the

purpose of the present consideration it is appropriate to use P(r) = P

AB
and Eg(w,r) = — . Hence,
ar Ar
P? A8
= PV cos A¢ . (3.82)
kpc Ar

Solving for cos A¢ and substituting Z = specific acoustic impedance =

P/V, gives

cos A = 1 88 (3.83)
pc kAr

Using the formulation of A6 in Eq. (3.70),
cos Ay = mZ/pc . (3.84)

The effect on Le of phase mismatch in Stages I and II of the system de-
picted in Fig. 3.7 may be examined for the type of reactive field pre-
vailing at the surface of the test object by considering a reactive
field (A¢ > 0) in which LP = LV (Z = pc). For the case considered,
Ay = cos-l(m). The intensity error due to a phase error B in Stage
II, given by Eq. (3.81), becomes

-1
Le = 10 log [C08 (C08 (m) + B}y 45,
m

(3.85)

The corresponding error due to a phase error e degrees in Stage I is

given by Eq. (3.72). Consider the case B = € = -1,0° for Ar = 50 mm

at f = 250 Hz in a reactive field of m = 0,1. Using these values,
Eqs. (3.72) and (3.85) yield

Le (Stage I ) = -6,3 dB
and Le (Stage II) = 0,7 ®B.
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The common mode rejection ratio defined in Eq. (3.61) becomes

LRm = 10 log (P2/P3) - 10 log [PV cos(90 + 8)/I,] . (3.86)

If calibration complies with the set Sy of Eq. (3.17) and if LP = LV,

LRm = 10 log [1/cos(90 + B)] = - 10 log sin B &B. (3.87)
For the values used in the previous calculation of Le (8 = ¢ = -1,0 9;
Ar = 50 mm; f = 250 Hz), the common mode rejection indices given by

Eqs. (3.77) and (3.87) for phase mismatch in Stages I and II, re-

spectively, are

LRm (Stage I )
and LRm (Stage II)

11,1 d8
17,6 &B.

To attain LRm (Stage I) = 17,6 dB at 250 Hz for Ar = 50 mm, € must be
limited to e < 0,23°.

3.4.2 The concept of reactivity [142]

The reactivity in a sound field where the sound pressure and sound

intensity levels are LP and LI, respectively, is defined as
LR = LP - LI dB. (3.88)

or equivalently,

LR = 10 log ( / lﬁ.) dB. (3.89)

0

= %

A general expression for LR is obtained by substituting Eq. (3.67) into

] a0 A6
Eq. (3.89), using E—Kw,r) = Z—-and pc = 400. The result is
r r

LR = 10 log ( P’ / P a8
= og ( = — ) = - 10 log (A6/kAr) dB. (3.90)
Po Iokpc Ar
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At 25°C, with A8 in degrees,
LR = 10 log (1,04 f Ar/A0) dB. (3.91)
Upon substituting Eq. (3.70) into Eq. (3.90), LR reduces to
LR = 10 log (1/m) dB. (3.92)

Equations (3.84) and (3.92), assuming Z = pc, yield

m = cos Ap = 10-LR/10 | (3.93)

In persuance of the terminology used in electrical engineering, m is
concluded to be the power factor of the sound intensity field. Sub-

stitution of Eq. (3.93) into Egs. (3.72) and (3.85) and solving for €
and B, respectively, yield the phase mismatch errors which will cause

an error Le dB in a field of reactivity LR dB. Hence,

e = 1,04 f Ar 10-LR/10 (10Le/10 _ 1) (degrees) (3.94)

and

™
t

= cos"l[l[](Le - LR)/10] - cos ! (10-LR/10) (degrees) . (3.95)

Eq. (3.94) is presented graphically in Fig. 3.8(a) - (f) for Ar = 9,
15, 60, 6, 12 and 50 mm respectively, for an intensity error Le = 2,0
dB. Equation (3.95) is plotted in Fig. 3.9.

3.4.3 Reactivity at the surface of the test object

If the sound power transmitted into the receiving room is determined by
2

sound intensity measurement, it has to be ensured that LRm > LR at the

surface of the test object. O0f the total amount of acoustic power W

radiated into the receiving room, only a fraction h is transmitted di-

rectly by the test object. The average direct intensity at the

surface of a test object of area A is
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Phase mafch error €° in Stage I of the system depicted in figure 3.7 which will result in an
intensity measurement error of 2dB for a mic-spacing Ar and a sound field reactivity LR dB.
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(Continued on next page).
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intensity measurement error of 2dB for a mic-spacing Ar and a sound field reactivity LR dB.
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Ip = hW/A. (3.96)

The reactivity at the surface is

LR = 10 log (Bi / Ip)- (3.97)
pc

The total sound pressure at the surface of the test object P results
from the direct pressure Pp and the reverberant pressure Pg. In
deriving an expression for Pp it will be assumed that plane wave
radiation is taking place. This is a reasonable assumption as the
sound intensity is measured very close to the relatively large surface

of the test object. For plane wave radiation

P02 = hWpc/A . (3.98)

The receiving room, although not necessarily diffuse, is assumed to be

reverberant. The reverberant pressure at the centre of the room
PRo> = WW(1 - a)pc/Sa (3.99)

where o is the average sound absorption coefficient of the total inter-
nal surface area S of the receiving room. As a result of interference
patterns the reverberant pressure at the surface of the test object

will exceed that at the centre of the room by 3 dB. Hence, assuming

uncorrelated random noise,

P2 = Pp2 + 2 Ppy2. (3.100)

If Egs. (3.98) and (3.99) are substituted into Eq. (3.100) and if it is
assumed that o« € 1, the total pressure becomes

P2 = (h/A + B/Sa)W pc . (3.101)

Upon substitution of Egs. (3.96) and (3.101) into Eq. (3.97), the

reactivity at the surface of the test object is found to be

LR = 10 log (1 + 8A/hSa) (3.102)
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In terms of the flanking ratio hp = (flanking power)/(direct power) =

(1 - h)/h, and using the approximation: room constant R, = 5a,
LR = 10 log [1 + 8 (hg + 1)A/Sa] . (3.103)
This relationship is plotted in Fig. 3.10. By examination of Egs.

(3.70), (3.92) and (3.103) it is concluded that the power factor of the

intensity field at the surface of the test object is given by

m=_—_=1/[1 + 8(hg + 1)5_] . (3.104)
kAr Sa

3.4.4 Minimum requirements for sound transmission analysis in reactive
fields

Consider the control of sound intensity error in a reactive field. If

the error is not to exceed a specified value Lem dB, then

10 log [1 ¢ 10{R - LRm/10) |Len| (3.105)
where Lem > 0 if € adds to the acoustic phase A6 and Lem < 0 if € sub-
tracts from A8. The condition in Eq. (3.105) will be met if the comnon
mode rejection index of the measurement system exceeds the reactivity

at the measurement point by at least AL dB:
LRm - LR > AL  dB. (3.106)
£gs. (3.105) and (3.106) yield

Lem/10

AL > - 10 log (10 1); Lem >0 (3.107)

and AL > - 10 log (1 - 10-™10y, |on ¢ 0. (3.108)

Equation (3.108) gives the more unfavourable result of the previous two
equations for numerically equal values of Lem. When performing sound

transmission analysis it is important to check whether the condition
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stated in Eq. (3.106) is true at the surface of the test object. If
necessary, LRm may be increased by using a larger spacing Ar, or LR may
be reduced by adding sound absorption to the receiving room.The minimum
value required for Ar, using the former approach, is obtained by sub-
stituting Egs. (3.76) and (3.103) into Eq. (3.106). At 25 oC, with ¢

in degrees .

ar > (9;2%ELQAL/10)[1 + 8 (he + 1)A/Sq] : (3.109)

If it is decided to reduce LR in order to meet the requirement in Eq.
(3.106), a minimum number of absorption units Sa will be required in
the receiving room. Substitution of Eq. (3.103) into Eq. (3.106)and

solving for Sa/A gives

LR/10

Sa/A > 8(hg + 1)/(10 = 1) = 8(hp + 1)/(10(R™ = 8L/10_ 4y (5 110)

The minimum number of absorption units normalized with respect to the
surface of the test object is plotted in Fig. 3.11 as a function of the
intended reactivity LR = LRm - AL. At 25 °c, with € in degrees

Sa/A > 8 (hc + 1)/(1s084 fAr 4= AL/10 _
€

. (3.111)

Example 3.4. Consider a sound insulation test performed on a door
(A = 2m?) contained in a filler wall with a surface area Ar = 6m%. The
wall is known to have a sound reduction index R of 34 dB at 125 Hz
and 41 dB at 500 Hz, while the door is expected to yield approximate
sound reduction indices R of respectively 33 and 36 dB. The power
transmitted into a reverberation room of volume 210 m® is to be deter-
mined with a sound intensity meter which has phase mismatch errors of
0,10 and 0,25 degrees at 125 Hz and 500 Hz, respectively.
error of 2,0 B is allowed.

A maximum
The question is whether a microphone spac-
ing of 12 mm could be used in this application if the receiving room

has reverberation times of approximately 7,0 s. Analysis of the prob-

lem leads to the result summarized in Table 3.1.
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Number of absorption units (normalized with respect to surface area of
test object A) required in receiving room to maintain a reactivity LR at
the surface of the test object. A safety margin LR = LRm - AL should
be maintained to limit the intensity error to Lem dB. AL is calwulated
from Egs. (3.107) and (3.108).

heg = (flanking power)/{direct power)
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Table 3.1
Analysis of the problem in Example 3.4
AF = 6,0 m?; A = 2,0 m*; V=210 m°; T =7,0 s; Lem = 2,0 B
AL = 4,3 dB.
Frequency (Hz) 125 500
Sound reduction: Flanking wall Rf 34 41
door R 33 36
Flanking ratio hp  Eq. (2.51) 2,4 1,0
Predicted reactivity LR Eq. (3.103) 10,9 8,8
Microphone spacing Ar 12 mm 50 mm [ 12 mm 50 mm
Intensity meter LRm Eq. (3.76) |11,9 18,1 |14,0 20,2
Minimum absorption Sa Eq. (3.110)|11,3 2,3 3,8 0,8
Maximum reverbera- T 3,0 14,4 8,9 40,6
tion time

The flanking ratio, assuming that the filler wall is the predominating
radiator of flanking power, is given by Eq. (2.51).

It is clear that a microphone spacing Ar = 12 mm would be insufficient
at 125 Hz, unless the amount of absorption in the reverberation room is
‘increased. Obviously, it would be more sensible to use a larger
microphone spacing, leaving the room as it is. By using Ar = 50 mm the
absorption requirement is relaxed to Sa > 2,3 m* (T < 14,4 s) at 125 Hz
and Sa > 0,8 m® (T < 40,6 s) at 500 Hz, respectively.

3.4.5 Sound transmission analysis at flanking surfaces

The criteria which have been developed here could just as well be ap-
plied to the measurement of flanking transmission. The only difference

is that the flanking surface would then be regarded as the test object
and vice versa as shown in Fig. 3.12.

Example 3.5. Consider the feasibility of sound transmission analysis

by sound intensimetry applied to the flanking wall in the sound insula-

tion test described in Example 3.4. Analysis of the problem leads to

the result summarized in Table 3.2.
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Designation of A, Ag, R and Rg for sound transmission
analysis at flanking surfaces.
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Table 3.2
Analysis of the problem in Example 3.5

AF = 2,0 m?; A = 6,0 m; V = 210 m’; T = 7,0 85 Lem = 2,0 oB;
AL = 4,3 dB.
Frequency (Hz) 125 500
Sound reduction: Filler wall R 34 41
door Rf 33 36
Flanking ratio hg  Eq. (2.51) 0,4 1,1
Predicted reactivity LR Eq. (3.103) 11,8 13,3
Microphone spacing Ar 12 mm 50 mm | 12 mm 50 mm
Intensity meter LRm Eq. (3.76) |11,9 18,1 |14,0 20,2
Minimum absorption Sa Eq. (3.110)]14,2 2,9 |[11,9 2,6
Maximum reverbera- T 2,4 11,4 2,8 12,8
tion time

For the room as given, a microphone spacing Ar = 12 mm would be inade-
quate at 125 Hz as well as 500 Hz. By using Ar = 50 mm, it would not
be necessary to add absorption to the receiving room in order to per-

form sound transmission analysis on the filler wall.

It should be emphasized that this thesis is primarily concerned with
sound transmission analysis in reactive fields, hence the consistent
use of the approximation Ry, = Sa. For situations where the receiving
room has an average boundary absorption coefficient a > 0,2, Sa should

be replaced by R, in the equations derived in this Chapter.

3.4.6 Estimation of the total amount of flanking power transmitted into

the receiving room by sound transmission analysis

For most sound insulation tests the flanking power transmitted by the
permanent structure of the test facility may be assumed negligible com-
pared to the direct power transmitted by the test object and the flank-
ing power transmitted by the filler wall. The situation is different,
however, if high-performance sound insulating elements are tested.

Although this poses no problem to the sound intensity method, it may be
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of interest to know the total amount of flanking power, especially if
comparative tests are conducted by the intensity method and the classic

two-room method.

The total amount of flanking power radiated into the receiving room may
be determined by selective determination and by addition of the sound
powers radiated by each of the flanking elements constituting the total
flanking surface. In most cases this would require a large number of
measurements. A much simpler method may be derived by taking cogni-
zance of the relationship between the reactivity at the surface of the
test object LR and the flanking factor hr as formulated in Eq. (3.103).
If the test object is mounted in a filler wall, it may be presumed as
in the examples considered in the preceeding sections, that the filler
wall is responsible for practically all the flanking power transmitted
into the receiving room. Strictly speaking, however, the flanking
power implied in the definition of hg in Egs. (2.50) and (2.51), and in
subsequent formulae containing hg, is the total power radiated by all
flanking surfaces. Solving Eq. (3.103) for hg yields the ratio
(flanking power)/(direct power),

he = g%(loLR/lo S -1 . (3.112)

The ratio h = (direct power)/(total power), obtained by substituting
Eq. (3.112) into Eq. (2.52), is

h o= BA (1olR/10 _

oo 1) . (3.113)

It is concluded that an estimate of hg or h may be obtained by measur-
ing LR at the surface of the test object as well as the reverberation
times of the receiving room. Equations (3.112) and (3.113) are depict-

ed graphically in Figs. 3.13(a) and (b), respectively.
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Assessment of flanking conditions by measurement of the reactivity LR
at the surface of the test object

Se = the total absorption in receiving room; A = area of test object,
(a) hg = (flanking power)/(direct power)

{b) h = (direct power)/{total ppwer)
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3.5 DIFFUSION

3.5.1 Sound pressure and sound intensity in diffuse fields

Consider a simple sound source which radiates continuous broadband ran-

dom noise into a room which has the following properties:

1. The room is large and irregularly shaped so that the number of
normal modes is practically infinite.

2. The inner surface of the room is homogeneous with respect to
sound absorption and the absorption coefficient is small but fi-

nite.

It is clear that the total sound field is constituted by the simulta-
neous presence of the direct and reverberant fields. The direct field
results from an undisturbed, continuous flow of sound energy from the
source towards the boundaries. (A boundary is any surface at which
acoustic energy is reflected and may for instance be a diffuser.) The
reverberant field is constituted by that part of the radiated energy
which is continuously traversing the space between boundaries. This
results in a constant average amount of stored or reverberant energy
which, at any point inside the room, appears to be dispersing radially

in all directions.

The total mean-squared pressure in the farfield of the source is given

by the sum of the direct and the reverberant pressure fields. Thus
P = Woc/bnr? + [Wpc(l - o)]/Sa] (3.114)

where r is the radial distance from the source, which has a sound power
output W. The direct intensity is

2
Ip = W/4nr . (3.115)
In a large irregularly shaped room, assuming homogeneous boundary ab-

sorption, the rate at which reverberant energy arrives at any internal

point will be the same from all directions; there can be no net flow
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of reverberant energy through such a point. By closed surface integra-

tion of the incident reverberant intensity vectorlfr,
I, = (1/A) [fI,+dA=0 (3.116)
A

and the total net sound intensity I, at any internal point

1, = Woarr? . (3.117)

3.5.2 Descriptive model of the sound intensity field in reverberant

rooms

Consider the sound field in the vicinity of a simple source when placed
in various acoustic environments, ranging from a free field on the one
extreme to a diffuse room on the other. In a free field the mean-
squared pressure, as well as the intensity, will vary in accordance
with the inverse square law as shown in Fig. 3.l4(a). If reflecting
surfaces are added, departure from the free-field behaviour will be ob-
served and the sound intensity is expected to behave differently from

the sound pressure due to the following considerations:

1. Since energy density is a measure of the total energy per unit
volume, regardless of the directions in which reflected waves are
travelling, an increase of reflected energy will result in an in-

crease of the mean-squared pressure.

2. Sound intensity on the other hand, is a vector quantity and the
net infensity is determined by the magnitudes, as well as the di-
rections of the incident energies. Since reflections will in
some regions add to and in other regions subtract from the in-
verse square law characteristic of the direct field, the sound
intensity in a semi-reverberant field is expected to fluctuate

around the free-field curve as shown in Fig. 3.14(b).

If the reflectivity of the environment is progressively increased, the

sound pressure will increase and tend to become independent of dis-
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tance. The sound intensity will oscillate around the inverse square
law curve because of specular reflection or uneven scattering taking
place at the boundaries as depicted in Fig. 3.1l4(c). A special case a-
rises if, in addition to providing for a high degree of reflectivity,
care is also taken to ensure that all directions of sound propagation
are equally probable, namely, that the net sound intensity will again
take on the free-field inverse square law characteristic as shown in
Fig. 3.14(d). This condition is achieved in a reverberation room con-
forming to the classic room model in that the reverberant part of the

sound field is directionally diffuse.

Since the reverberant part of the total sound field does not contribute
to the net acoustic energy flow in the room, it becomes "translucent”
to the sound intensity meter which only observes the net energy flow
due to the direct field. It is concluded that the total net sound in-
tensity field in the vicinity of a source in a diffuse room is identi-
cal to that in a free field.

3.5.3 Formulation of diffusivity in terms of sound intensity

The net sound intensity at a point in a room could serve as an indica-
tor of the state of directional diffusion at that point; for perfect
directional diffusion the incident intensities would balance out to
give zero net intensity flow through the point. A lack of directional
diffusion is manifested as an imbalance in the directional distribution
of the incident intensity, which can be detected by sound intensity
measurement. The difference between the reverberant sound pressure le-
vel LP and the net sound intensity level LI, defined by Eq. (3.88) as
the reactivity LR, would depend upon the energy balance and could

therefore serve as a measure of the degree of directional diffusivity.

The formulation of a criterion by which the degree of directional dif-
fusivity can be expressed as a percentage deserves some consideration.

In developing such a criterion, the following must be borne in mind:

1. There is no absolute definition of the degree of directional dif-

fusivity.
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2. There is no direct correspondence between the net sound intensity
and the quantity measured by the directivity method of Thiele and
Meyer discussed in Section 2.6.1. The parameter I' implied in
Eq. (2.39) is the incident intensity, whereas a sound intensity
meter measures the net result of all components present. More-
over, the quantity measured with a highly directional microphone
is not unconditionally equivalent to the real incident inten-
sity. The microphone is essentially sensitive to pressure rather
than intensity. It is therefore impossible to attain perfect
conformity between the sound intensity method derived here and
the directivity method. Notwithstanding this, the formulation of
the intensity method will be aimed at attaining maximum agreement
between the two methods.

3. Since the correlation method discussed in Section 2.6.2 gives a
qualitative assessment of the state of diffusion in a sound
field, it cannot be compared directly to either of the aforemen-
tioned methods. The three methods are based on different princi-
ples altogether.

The degree of directional diffusivity d may be defined in terms of the
reactivity LR by

d=(1-f{LR}) x 100 % . (3.118)

In order to arrive at a suitable formulation of f { LR } it is
expedient to consider the cases for which conformity between the sound

intensity method and the directivity method is desirable. These cases
are

(1) A plane wave in a free-field.

(2) Diffuse incidence on a perfect absorbing plane (open window).
(3) A perfectly diffuse field.

The results obtained by the directivity method depend upon the direc-

tional characteristics of the microphone. In the following examination

of the directivity method the microphone is assumed to have a pencil-
beam directivity
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where y is the angle of incidence with respect to the direction of max-

imum microphone sensitivity.

(a) General case. Consider the result of the directivity method in the
general case depicted in Fig. 3.15(a). The distribution of the inci-

dent intensity I' is uniform and confined to the solid angle Q@ = Q; sr,
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The average incident intensity in the solid angle @ = 4n sr is

A'>gy = %Q . (3.121)
all

By Eq. (2.39) the average absolute deviation of the incident intensity

from <I'>4y is

M= (4 /T ) (L/4m) g1 - ! Q0| + (r - 99)|(0) - L Q0|].(3.122)
4n 4n

Upon simplification,

Q '
M=2[1-20] | | (3.123)
4w

The normalization factor My is obtained by letting Q; +» 0 in Eq.

(3.123). Hence, My = 2. The general expression for the degree of di-

rectional diffusion, defined in Eq. (2.38), becomes

d = 100Q1 - 2[1 - %%]/2) = 100(%%) % . (3.124)

(b) Plane wave in a free field. This case, depicted in Fig. 3.15(b),
occurs if Qg + 0 in Eqs. (3.121) - (3.124). The result is

[ Iy =03 M=M =2;d=02% |} . (3.125)

(¢) Uniform distribution at an open window. This case, depicted in

Fig. 3.15(c), occurs if Q; = 2n in Egs. (3.121) - (3.124).
is

The result
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[ <IDgp =1/2 3M=135d=50% } . (3.126)

(d) Uniform distribution; no absorption. This case, depicted in
Fig. 3.15(d), occurs if Q¢ = 47 in Eqs. (3.121) - (3.124). The result

is
{ <I'">gg =1 ;M=0;d=100% } . (3.127)

If the degree of directional diffusivity for the intensity method is

defined as

d = 100(1 - 10- LR/20) % | (3.128)

the following result is obtained:
Plane wave in a free field: { LR = 0 dB; d = 0 % } . (3.129)
Uniform distribution at open window: { LR = 6 dB; d = 50 % } .(3.130)
Uniform distribution; no absorption: {LR = - = dB; d = 100 %} (3.131)

It is therefore suggested that either of the following measures be

employed in the assessment of the degree of directional diffusivity:

(1) Assessment of directional diffusivity in terms of the intrinsic

reactivity of the sound field
LRd = LP - LId dB (3.132)

at the point under consideration when the room is expected to be dif-
fuse. LRd is determined by measuring the pressure level LP and the in-
trinsic intensity level LId with the room excited with a random noise
source in the absence of any direct field, such as transmitted by the
test object during the sound transmission test. The residual intensity
level may be determined by searching for the maximum intensity level
LId in a solid angle @ = 4w, or by measuring the components of sound
intensity LId,, LIdy and LId, along mutually perpendicular x, y and 'z

coordinates. The total intensity level is given by
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LId = 5 log (1a-19x/5 4 10t19y/5 o 1019277y . (3.133)

(2) The percentage directional diffusivity d defined as

d = 100(1 - 107-R9/20y

. (30134)
Equation (3.134) is plotted in Fig. 3.16.

3.5.4 The effect of a lack of directional diffusion on the accuracy of

sound transmission analysis in reactive fields

Consider the intensity error due to a lack of directional diffusion in
the type of sound fields encountered in sound transmission analysis.

The reactivity in a particular field
LR = LP - LI dB (3.135)

where the intensity level LI represents the flow of sound energy con-
stituted by the sound transmission process being investigated. If the
field has an intrinsic reactivity LRd dB, an error component will be
added to LI. The measured intensity would become

LIm = 10 log [lU(LP - LR)/10 q(LP - LRd - ALP)/lO]

dB.(3.136)

where ALP

LP - LPr is the difference between the total pressure level
LP in the field and the reverberant pressure level LPr. (Note that
LId = LPr - LRd). Equation (3.136) may also be written as

LIn = LI + 10 log [1 + 10{tR = LRd —ALPY/LD), g (5 159

Equations (3.136) and (3.137) are based on the worst-case assumption

that LId and LI have the same direction. The intensity error

Le = 10 log [1 + 10{tR = LRd - ALPY/10) (3.138)

If a maximum error Le d3 is allowed, the minimum requirements for di-
rectional diffusion are obtained by solving Eq. (3.138) for LRd, giving

LRd = LR = ALP + 10 log [1/(10Le/10 - 1] aB. (3.139)

e? T
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And, by substituting Eq. (3.139) into Eq. (3.134)

LR - ALP}/20y ., Le/10 _ l)o,s] "

d = 100[1 - (10‘{ )(10 (3.140)

Consider the diffusivity requirements in the source and receiving rooms

for sound transmission analysis by sound intensimetry.

(a) Diffusivity in the source room. Determination of sound reduction
indices by sound intensimetry requires a diffuse field in the source
room. The average intensity incident on the surface of the test object

from the reverberant field
LI = LP - 6 dB. (3.141)

The incident portion of the diffuse field has a reactivity LR = 6 dB.
Inasmuch as the direct intensity flux absorbed by the test object is
comparatively small in relation to LI, the difference ALP in the source
room may be disregarded. The minimum requirements for directional

diffusivity in the source room are therefore given by

LRd > 6 + 10 log [1/(10Le/10 _ 1)] (3.142)
and
d » 100[1 - g,5(10Le/10 _ 1)0,5] 4 (3.143)

For a maximum error Le < 1,0 dB, Eqs. (3.142) and (3.143) yield

{Lrd>12d8 ;d> 75 %) . (3.144)

(b) Diffusivity reduirements in the receiving room. First, consider
the difference ALP = LP - LPr at the surface of the test object.
It follows by inspection of Eqs. (3.98) - (3.100) that

_ UWpe hWpce UWpc
ALP = 10 log | + / dB.
See A » (3.145)

Upon simplification and using h = 1/(hp + 1), Eq. (3.145) becomes
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Sa

2% ] dB. (3.146)
8A(hp + 1)

ALP = 10 log [1 +

Subtraction of Eq. (3.146) from (3.103) yields

LR - ALP = 10 log [8(hf + 1)%_] 8. (3.147)
Q

The diffusivity requirement at the surface of the test object in the
receiving room follows by substituting Eq. (3.147) into Eq. (3.139).

Hence, the minimum intrinsic reactivity

LRd > 10 log [8(hf + 1)%_ /ot 1y @, (3.148)
a

By substituting £q. (3.147) into Eq. (3.140) the minimum degree of
directional diffusivity is given by

Le/10

d > 100[1 - ({ 10 ~1}/8{ h + 1 }g_)o’s] 5 . (3.149)
a

The requirements derived here do not apply to the determination of
sound reduction indices by sound}intensimetry; the sound intensity me-
thod does not require a diffuse field in the receiving room. Ffor the
purpose of diagnostic analysis an error of 2,5 dB is usually toler-

able. For Le = 2,5 dB, Egqs. (3.148) and (3.149) become

LRd > 10 log [10,28(hf + 11%_] dB. (3.150)
a
and
d > 100{1 - (0,1/{ hf + 1 }g_ 051 ¢ . (3.151)
pele

Example 3.6. Consider the diffusivity requirements for sound transmis-

sion analysis for the case examined in Example 3.4, if

(a) the error in estimating the sound reduction index of the door,
due to a lack of directional diffusion, is not to exceed 2,0 dB;
(b) the intensity radiation field at the surface of the.test door has

to be mapped with a maximum error Le = 2,5 dB;
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(c) the intensity radiation field at the surface of the filler wall

containing the door has to be mapped with a maximum error
Le - 2,5 CBo

The results, summarized in Table 3.3, give an indication of the quanti-

tive significance of the criteria developed in this section in regard

to diffusivity requirements for sound transmission analysis in reactive

fields by sound intensimetry. The sound intensity method for assessing

diffusivity and for specifying diffusivity requirements is seen to

offer the following advantages over the directivity method and the cor-

relation method discussed in Sections 2.6.1 and 2.6.2, respectively:

(1) The intensity method is far more simple and quicker in providing

(2)

an estimate of the degree of directional diffusivity at a point,
than any of the other two methods. The principle parameter,
namely the net sound intensity vector at the point, is determined

by taking only three measurements, rather than a whole series as

required by the other two methods.

Only by the sound intensity method is it possible to derive sim-
ple and quantifiable criteria for minimum requirements of direc-
tional diffusivity in practical situations. It is not possible,
for example, to specify the minimum degree of directional diffu-
sivity required for sound transmission analysis in reactive
fields, in terms of either the mean absolute deviation defined in

Eq. (2.39), or the cross-correlation function of Eq. (2.40).
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V=210m; T=7,0s.

Frequency (Hz) 125 500
(a) Source room; diffusivity requirements

fFor sound insulation test; le < 2,0 dB
Reactivity, incident portion LR 6,0 dB 6,0 dB
Minimum intrinsic reactivity LRd Eq. (3.142)| 8,3 dB 8,3 dB
Minimum directional diffu-
sivity d Eq. (3.143) 62 % 62 %
(b) Receiving room; diffusivity requirements

for mapping of radiation field at surface

of test door; Lle < 2,5 dB

(A = 2,0 o®; Af = 6,0 n?)
Flanking ratio hF Table 3.1 2,4 1,0
Absorption A/Sa 0,42 0,42
Reactivity; door surface LR Table 3.1 10,9 &8 8,8 d8
Minimum intrinsic reactivity LRd Eq. (3.150)| 11,7 dB 9,4 B
Minimum directional diffu-
sivity d Eq. (3.151) 74 % 65 %
(c) Receiving room; diffusivity requirements

for mapping of radiation field at surface

of filler wall; Le < 2,5 dB

(A = 6,0 m%; Af = 2,0 n?)
Flanking ratio hf Table 3.2 0,4 1,1
Absorption A/Sa 1,25 1,25
Reactivity at filler wall
surface LR Table 3.2 11,8 dB 13,3 dB
Minimum intrinsic reactivity LRd Eq. (3.150) 12,6 dB 14.3 dB
Minimum directional diffu-
sivity d Eq. (3.151)| 76 % 80 %
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3.5.5 A direct-reading diffusivity meter

The degree of directional diffusivity defined in Eq. (3.134) may be
computed from the spatially-averaged sound pressure level in the room
and the net sound intensity level at the point of interest. To simpli-
fy this determination, a direct-reading diffusivity meter has been de-
veloped. The instrument, shown block diagramatically in Fig. 3.17, is
used in conjunction with a Model A83 SIM portable sgound intensity.

meter.

The spatial average of the sound pressure level is first determined by
linear averaging while the microphone is moved through the room. The
result is stored for all octave bands in the diffusivity meter, which
is then ready to give a direct indication of the degree of directional
diffusivity at the point where the intensity probe is placed. The dif-

fusivity is taken to be the minimum reading obtainable at the point un-
der consideration.
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CHAPTER 4
EXPERIMENTAL WORK

4.1 INTRODUCTION

4.1.1 Background

This chapter presents the results of case studies and laboratory inves-
tigations designed to apply and evaluate the principles and theory of
sound transmission analysis developed in Chapter 3. The majority of
investigations evolved from authentic sound insulation tests conducted

on industrial products at the NPRL.

Difficulties encountered in assessing the sound insulation characteris-
tics of high-performance acoustic building elements by employment of
the classic two-room method presented a golden opportunity to apply and
to evaluate the sound intensity method on a comparative basis with the
classic method. for purposes of product development it was required to
obtain selective estimates of the sound reduction indices of certain
test objects which, owing to their small size, had to be mounted in
comparatively large filler walls in the test aperture. Since the
creation of a niche was considered to be undesirable, the maximum fil-
ler wall thickness was limited in each case to the thickness of the
test object. The unfavourable surface ratio Ap/A and the thickness
constraint in conjunction with the outstanding efficiencies of the test
objects made it practically impossible to reduce flanking transmission
to negligible levels as required by ISO 140. Hence, the sound reduc-
tion indices had to be determined by sequential testing of the filler
wall and the filler wall-test object combination. This technique, how-

ever, failed completely, despite painstaking efforts to optimize mea-
surement accuracy and precision.

In view of these difficulties it was decided to perform selective sound

transmission analysis by employment of the sound intensity method.

This proved to be successful in more than one way: not only were the

problems associated with flanking transmission solved, but it had now
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become possible to analyze the behaviour and performance of test ob-

jects by diagnostic sound transmission analysis as well.

A further opportunity to apply the concepts of sound transmission anal-
ysis and the assessment of diffusion by sound intensimetry, arose when
the NPRL was requested to undertake the commissioning of the new acous-
tic laboratories oﬁ the South African Bureau of Standards (SABS) in
Groenkloof, Pretoria in 1985. Diffusivity was examined by employment
of the sound intensity approach developed in Section 3.5, using a digi-
tal sound intensity analyzer as well as a direct-reading diffusivity
meter developed by the candidate. Sound transmission analysis was used
to assess the efficiency of the acoustic doors used in the test facili-
ty. One of these doors fortuitously happened to be a production unit
from a series of prototypes which had previously been tested at the
NPRL. Since this unit served as an entrance door between a
reverberation room and a highly absorbent lobby, the sound intensity
method oceuld be applied under conditions less stringent than those
which had prevailed in the highly reverberant receiving room of the

NPRL when the prototypes were tested.

4.1.2 Test room properties

Except for the field tests, all experimental work was conducted in the
sound transmission test rooms of the NPRL. Test objects were installed
in a test aperture between a reverberation room containing a large num-
ber of stationary diffusers and an irregularly shaped highly reflective
transmission room. Although most of the results reported here have
been obtained by using the transmission room as the source room, the
roles of the two rooms were frequently reversed, using different sets
of measuring equipment as a measure of detecting and eliminating syste-

matic errors. The physical and acoustical properties of the NPRL test
rooms are summarized in Table 4.1

4.1.3 Description of the test objects

The greater part of the experimental work reported here is based on



Physical and acoustical properties of the NPRL test rooms

Table 4.1
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T = reverberation times; Sa = total absorption, rooms empty.

REVERBERATION ROOM | TRANSMISSION ROOM
Frequency (Hz) T S a T S a
(s) (m?) (s) (m?)
100 5,9 11,2 3,1 4,2
125 6,9 9,6 3,3 3.9
160 5,5 12,0 3.4 3,8
200 5,6 11,8 3,8 3,4
250 5,1 13,0 2,4 5,4
315 5,1 13,0 2,7 4,8
400 5,2 12,7 2,7 4,8
500 5,1 13,0 2,7 4,8
630 5,4 12,3 2,5 5,2
800 5,5 12,0 2,4 5,4
1 000 5,6 11,8 2,2 5,9
1 250 5,5 12,0 2,1 6,2
1 600 5,1 13,0 2,0 6,5
2 000 4,7 14,1 1,9 6,8
2 500 4,0 16,6 1,8 7,2
3 150 3,2 20,7 1,6 8,1
4 000 2,6 25,5 1,5 8,6
Volume (m®) 414 81
Internal surface area (m?) 340

Test aperture size = 8,8 m2.
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sound insulation tests conducted on a number of high-quality acoustical
doors and windows and on brick filler walls which contained the test
objects in the test aperture between the two test rooms. For the sake
of brevity, alpha-numeric codes are used to describe window and
filler~wall constructions. The numbers in the codes represent cross-
sectional dimensions in mm, while the letters and brackets have the

following meanings:

S = solid

L = laminated

A = absorptive treatment
P = plastered

() = air cavity

Sound insulation tests and sound transmission analyses were performed
on the following elements:

(a) Experimental door (Door A). A steel door filled with sound damp-
ing material and hinged in a steel frame. The threshold was sealed
with a soft rubber seal extending around the perimeter of the door.
The door, including the metal frame with a total surface area of 2,0 m2

was installed in a 220 mm brick filler wall as shown in Plate 4.1.

(b) Windows and Filler walls. The windows and the filler walls which

contained them, are specified in Table 4.2. The same set of steel
Table 4.2

Window and corresponding filler-wall construction

WINDOW CONSTRUCTION BRICK FILLER WALL
9,5 L (200 A) 10 S 220

9,5 L (500 A) 10 S P 220 P (150A) 110 P
12 S (500 A) 10 S P 220 P (150A) 110 P
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Plate 4.1

Test arrangement for sound transmission analysis on a door mounted in a
brick filler wall.
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frames and seals were used in all three cases. Frame dimensions are

shown in Fig. 4.1, while the construction and mounting of the windows
are illustrated in Fig. 4.2. The window surface area, including the
frame, was 2,13 me.

(¢c) Panels. These will be described when referred to in the text.

4.1.4 Instrumentation

(a) Sound source. The door and the filler wall which contained it
were tested with the source room being excited with two sound sources,
each comprising a loudspeaker driven by a power amplifier. The two
power amplifiers, fed with third-octave band filtered random noise,
each delivered 15 W rms electrical power to the loudspeaker connected

to it.

In order to cope with the exceptionally high sound insulation of the
windows at high frequencies, a third sound source was added. Also
driven with third-octave band filtered random noise, this source served

the purpose of boosting the sound pressure level in the frequency range
from 3,15 kliz upwards.

(b) Sound pressure analysis. Sound pressure levels were analyzed with
the aid of a Briel & Kjaer type 4417 Building Acoustics Analyzer using
two sets of Briel & Kjaer type 4165 condenser microphones in conjunc-
tion with B & K type 2619 preamplifiers. Sound pressure level averag-
ing was accomplished by means of the B & K 4417 analyzer, taking at
least 6 spatial averages with a rotating microphone (360 © rotation
with a radius of 1,5 m). Microphone calibration was performed with the
aid of a B & K 4220 pistonphone and a B & K 4230 sound level calibra-

tor. Spot checks were regularly made of the sound pressure levels,
using hand-held sound level meters.

(c) Reverberation times and room absorpfion. Reverberation times and

equivalent absorption areas were determined with the aid of a B & K

4417 analyzer. Tests were repeated whenever a change in the test ar-
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rangement had been made, but also at regular intervals during prolonged

testing.

(e) Sound intensity analysis. Sound intensity analysis was performed

with the aid of two sound intensity meters.

(1) A Model A83 SIM portable analog sound intensity meter developed
by the candidate at the NPRL. A microphone spacing of 15 mm was
used in all measurements. Low-frequency results (100 Hz - 500
Hz) were checked and corrected if necessary, by using a 60
mm-Spacer.

(2) A Briel & Kjaer 3360 digital sound intensity analyzer. A micro-
phone spacing of 12 mm was used in all measurements. Low-
frequency résults were checked and corrected if necessary, by

using a 50mm-spacer.

Whereas the B & K 3360 analyzer only became available after completion
of the first part of this investigation, sound intensity measurements
perfofmed on Door ‘A and the 220 mm brick wall were made with the NPRL-
instrument only. The measurements involving the windows and their cor-

responding filler walls were made by using the two instruments simulta-

neously.

(f) X-Y measurement frame. The sound intensity probes were mounted in
a computer-controiled X - Y measurement frame shown in Plate 4.2 which
facilitated accurate and repeatable positioning of the sound intensity
probe. The frame was also used in diagnostic sound transmission analy-

sis to scan the microphone along predetermined measurement paths.

4.1.5 Test procedures for determining sound reduction indices

(a) The classic two-room method Implementation of the classic two-
room method was accomplished by measuring sound reduction indices in
accordance with IS0 140 and recommendation R717, 1968(E), except that
flanking transmission was accounted for by correcting the apparent
transmission for the effect of flanking transmission through the filler
wall. This involved two sound insulation tests in each case, namely

one on the filler wall and one on the filler wall whilst containing the
test object.
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Plate 4.2

Computer-controlled frame used to position the sound intensity probe in

sound transmission analysis.
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(b) Intensity method In the case of Door A, sound reduction indices
were determined by taking sound intensity measurements at 20 equally
spaced microphone positions on a plane measurement surface situated at
a distance of 80 mm from the surface of the door in the receiving
room. A total of 37 and six measurement points were used for the win-

dows and for the filler walls, respectively.
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4.2 DETERMINATION OF SOUND REDUCTION INDICES IN THE PRESENCE OF FLAN-
KING TRANSMISSION

4.2.1 Sound insulation tests on Door A mounted in 220 mm brick filler
wall

A 220 mm unplastered brick wall was first built into the 8,8 n’ test
aperture and the sound reduction indices Rp determined by.the classic
two-room method, using Eq. (2.19). An opening was made in the wall and
the door installed in it. The sound insulation test was repeated to
determine the apparent sound reduction indices R' of the door, using
Eq. (2.19) again. Finally, using Eq. (2.56), the true sound reduction
indices R(clas) were computed by correcting R' for the contribution of
the flanking wall.

Great care was taken to minimize measurement errors and to achieve the
highest possihle deqree of accuracy and precision. The final results
reported here are the averages obtained from 12 estimates, six of which
were made with the reverberation room acting as source room and the
transmission room as receiving room. The other six estimates were ob-

tained with the roles of the two rooms reversed.

Sound reduction indices were also determined by the sound intensity me-
thod and calculated by using Eq. (3.38). (The effect of the differen-
ces between Eqs. (3.38) and (3.42) will be examined in subsequent
sections.) The results are listed in Table 4.3 and shown graphically
in Fig. 4.3. The flanking factor hf was calculated by Eq. (2.51) using

A = 2,0 n” and Af = 6,8 % and by substituting the indices R(int) ob-
tained by the intensity method for R.

The discrepancies between the indices given by the methods are ascribed

to the following factors:

(1) Classic method failure to distinguish between direct and flanking

transmission by means of sequential testing.

(2) Possible changes in filler wall properties due to installation of
the door.
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In Table 4.4 the measurement error Lef = - Leg' = Le dB which is likely
to have caused the observed discrepancy R(clas) - R(int) was calculated
by Eq. (2.70), using R = R(int). Inspection of the Le values shows
that the large discrepancies R(clas) - R(int) in the Ffrequency range
200 - 500 Hz seem to have occurred despite the attainment of good accu-
racy in determining R' and Rp by the classic method. These results are
in agreement with the findings which emanated from the theoretical
analysis in Section 2.8, namely that the classic method is not suited
to selective determination of sound reduction indices in the presence
of flanking transmission, even if sequential tests are performed to

account for the flanking portion.

The flanking problem in this case is further illustrated by considering
the minimun requirements imposed on the sound insulation of the filler
wall in order to enable distinction between direct and flanking power
by sequential testing of the filler wall and the filler wall - test
object combination. The minimum sound reduction indices Rp(min) re-
quired for the filler wall in order to limit the overall error to
lLeRTl < 1,5 dB for a measurement accuracy \Lel < 1,0 dB, were computed
by Egs. (2.71) - (2.73) and listed in Table 4.4. It is seen that in
the case under consideration, the sound insulation of the 220 mm brick
wall was inadequate for the purpose of assessini] the sound transmission

loss of the door by the classic method. The sound intensity method
appears not to be affected by the flanking transmission.
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Sound reduction indices for Door A, mounted in a 220 mm brick wall.

Rf = brick wall index (classic method);
R! = apparent index, Door A;
:Rﬁclas) = index Door A, corrected for flanking;
R(int) = index Door A, intensity method;
hf = (flanking power)/(direct power)
Third-octave Classic method Intensity method Flanking
? factor
fao RF R R(clas) R(int) hp
(Hz)
100 36,3 30,5 40,3 23,5 0,2
125 40,2 29,4 30,8 30,8 0,4
160 42,3 34,6 38,3 37,7 1,2
200 41,3 35,7 47,7 37,3 1,4
250 43,5 36,3 40,8 39,0 1,2
315 46,0 40,6 57,7 41,2 1,1
400 47,8 40,8 45,7 42,2 a,9
500 51,5 44,2 48,6 44,0 0,6
65U 55,5 45,4 48,6 48,6 1,1
800 55,2 47,5 51,2 49,0 0,8
1 000 58,5 49,0 51,1 49,0 0,4
1 250 60,2 48,5 49,6 47,2 g,2
1 600 61,1 51,0 52,8 50,3 0,3
2 000 63,7 53,0 54,5 50,0 g,1
2 500 65,7 54,0 55,1 53,7 0,2
3 150 65,6 51,4 52,0 53,5 0,2
4 000 64,3 52,8 54,0 - -
Ia (dB) 54 47 50 47
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Table 4.4

Error analysis of sound insulation test on Door A; classic method.

he = flanking ratio, Eq. (2.51);

Lert = total error = R{clas) - R, using R = R(int);

|Le| = error in Rp and R' estimates which would have

caused Lepy, according to Eq. (2.70);
RF(min) = Rp required for filler wall to guarantee \LeRT‘< 1,5 dB
if the measurement error |Le|< 1,0 dB.
Rp = sound reduction indices of 220 mm brick wall.
Third-octave|Analysis of measured Filler wall
results Required index |220 mm brick
fo b LeRy |Le| Rp (min) RF

(Hz) (d8)  (dB) (dB) (dB)

100 0,2 16,8 -3,8 36,1 36,3

125 0,4 0,0 0,0 43,4 40,2

160 1,2 0,6 0,2 50,3 42,3

200 1,4 10,4 1,1 49,9 41,3

250 1,2 1,8 0,4 51,6 43,5

315 1,1 16,5 1,4 53,8 46,0

400 0,9 3,5 0,9 54,8 47,8

500 0,6 4,6 1,4 56,6 51,5

630 1,1 0,0 0,0 61,2 53,5

800 0,8 2,2 0,7 61,6 55,2
1 000 0,4 2,1 1,0 61,6 58,5
1 250 0,2 2,4 1,5 59,8 60,2
1 600 0,3 ' 2,5 1,3 ‘ 62,9 61,1
2 000 0,1 ° 4,5 3,0 62,6 63,7
2 500 0,2 1,4 0,9 66,3 65,7
3 150 0,2 -1,5 1,2 66,1 65,6
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4.2.2 Window 9,5 L (200A)10S in 220 mm brick filler wall

The window was installed in an unplastered 220 mm brick filler wall.
Sound reduction indices were determined by the classic method, correct-
ing the apparent transmission of the window for the flanking transmis-
sion through the filler wall, and by the sound intensity method. The
sound reduction indices Rp of the filler wall were determined in the

test described in the previous section.

The sound reduction indices obtained by the two methods are given in
Table 4.5 and shown graphically in Fig. 4.4. In this case the flanking
ratios are considerably higher than those obtained for the door in the
previous test. As expected, the discrepancies between the two methods
have increased accordingly. The classic method result is evidently
unreliable; at 100 and 400 Hz the sound reduction indices of the
window appear to be infinitely high. Analysis by the approach used in

the previous section yield the results given in Table 4.6.

As in the previous case, the errors in the individual estimates of R'
and Rf obtained with the classic method seem to be well under control;
the large errors in the eventual estimates of R are inevitable, consid-
ering the requirements implicitly involved in this method. In order to
limit the total error to |LeRT‘ < 1,5 a8 forlLe| < 1,0 dB, the filler
wall requirements (see Table 4.6), became totally unrealistic.
Conversely, if the 220 mm brick wall with its comparatively inferior
performance is used, the accuracy requirements imposed on the indivi-
dual R' and RF determinations for |L9RT| < 1,5 d8 become practically
unattainable. Ffor example, the required accuracies in the case under
consideration at 250, 315, 400 and 500 Hz, computed by Eq. (2.70), are
|Le| < 0,10, 0,09 , 0,04 and 0,07 dB, respectively.

At this stage there is no proof of the validity of the results obtained
by the intensity method except for the observation that the sound insu-
lation curve is well-behaved. The local minimum observed at 1,6 kHz is
in agreement with the theoretical coincidence frequency for glass of 10

mm thickness. The validity of the results will be assessed later in

this chapter on basis of the criteria developed in Chapter 3.
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Sound reduction indices for Window 9,5 L (200A) 10S mounted in a 220 mm

brick wall.
Rf = brick wall index (classic method);
R' = apparent index, window;
R(clas) = window index, corrected for flanking;
R(int) = window index, intensity method;
hp = (flanking power)/(direct power)
Third-octave Classic method Intensity|Flanking
method factor
fo RF R R(clas)| R(int) hp
(Hz)
100 36,3 35,0 oo 40,4 8,1
125 40,2 30,3 32,0 42,9 5,9
160 42,3 36,9 47,2 43,8 4,4
200 41,3 36,2 51,7 | 41,2 3,1
250 43,5 37,8 45,9 | 46,2 5,9
315 46,0 38,8 42,8 | 49,2 6,6
400 47,8 43,6 ot 54,8 15,8
500 51,5 46,2 57,6 55,9 8,7
630 53,5 47,6 54,8 | 60,2 14,7
800 55,2 48,2 52,5 58,3 6,4
1 000 58,5 49,4 51,5 58,0 2,8
1 250 60,2 50,0 51,6 54,2 0,8
1 600 61,1 51,1 52,7 53,2 g,5
2 000 63,7 52,1 53,2 54,8 0,4
2 500 65,7 52,9 53,7 58,4 0,6
3 150 65,6 54,2 55,3 62,4 1,5
4 000 64,3 55,6 58,0 64,9 3,6
Ia (dB) 54 48 - 54

.* R incalculable; measuréd values RF and R'"result in logarithm of a
negative number in (Eq. 2.56). |
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Sound reduction R of window 9,5L(200A)10S mounted in 220mm
brick wall
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hg = (flanking power)/(direct power).
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Error analysis of sound insulation test on Window 9,5L(200A)105;

classic method

flanking ratio, Eq. (2.51);

hf =

Legt = total error = R(clas) - R, using R = R(int);

|Le| = error in Rf and R' estimates which would have

caused Lepr, according to Eq. (2.70);
Rp(min) = Rp required for filler wall to guarantee \LeRT\< 1,5 dB
if the measurement error ‘Lel< 1,0 dB.
RF = sound reduction indices of 220 mm brick wall.
Third-octave| Analysis of measured Filler wall
results Required index [220 mm brick
fo hr LerT ‘Le| Rp (min) RF

(Hz) (d8)  (dB) (dB) (d8)

100 8,1 ® 0,3 52,7 36,3

125 5,9 -10,9 3,4 55,2 40,2

160 4,4 3,4 0,2 56,1 42,3

200 3,1 10,5 0,6 53,5 41,3

250 5,9 -0,3 0,0 58,5 43,5

315 6,6 -6,4 1,0 61,5 46,0

400 15,8 © g,1 67,1 47,8

500 8,7 1,7 0,1 68,2 51,5

630 14,7 -5,4 0,4 72,5 53,5

800 6,4 -5,8 0,9 70,6 55,2
1 000 2,8 -6,5 2,1 70,3 58,5
1 250 0,8 -2,6 1,3 66,5 60,2
1 600 0,5 -0,5 0,3 65,5 61,1
2 000 0,4 -1,6 1,0 67,1 63,7
2 500 0,6 -4,7 3,1 70,7 65,7
3 150 1,5 -7,1 3,6 74,7 65,6
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4.2.3 Window 9,5L(500A)10S in P220P(150A)110P brick filler wall

The 220 mm brick filler wall used in the previous two tests was plas-
tered on both sides and the frame containing the 10 mm solid pane re-
moved, leaving the 9,5 mm laminated pane in position. A 110 mm brick
wall, plastered on one side, was erected 150 mm from the existing one
and the dismantled frame installed in this second wall. The cavity be-
tween the walls was filled with mineral wool. With the 10 mm solid
pane in the new position the interpane distance now became 500 mm, as

shown in Fig. 4.2.

Since the test object was only available for a limited period of time,
it was decidéd to determine Rf by sound intensity measurement rather
than by the classic method, which would have involved complete
dismantling of the test object and bricking up of the opening, before

measurements could have been resumed.

Sound reduction indices obtained by the classic method as well as the
sound intensity method are listed in Table 4.7 and shown graphically in
Fig. 4.5. The flanking ratios were calculated by Eq. (2.51), using
R = R(int), A = 2,13 m? and Af = 6,7 m?.

These results and the analysis given in Table 4.8 are consistent with
the general conclusions which emanated from the previous two investiga-
tions. It would appear that selective determination of sound reduction
indices by the classic method becomes unreliable when the flanking fac-
tor hy approaches or exceeds unity. The cavity brick-wall construction
with an Ia value of 66 dB is totally inadequate Ffor the purpose of

assessing the window insulation by sequential application of the clas-
sic method.



Sound reduction indices For Window 9,5 L (500A) 105 mounted in a
P220P(150A)110P brick

*

* %

wall.

Table 4.7

RF = brick wall index (intensity method);
R' = apparent index, window;
R(clas) = window index, corrected for flanking;
R(int) = window index, intensity method;
hr = (flanking power)/(direct power)
Third-octave|Intensity | Classic method |Intensity|Flanking
method method factor
fo RF R R(clas)| R(int) hf
(Hz)
100 50,6 40,7 42,4 44,8 0,7
125 48,8 43,0 50,6 45,8 1,6
160 55,3 48,5 53,1 53,7 2,2
200 51,7 46,3 56,6 52,5 3,8
250 54,1 50,4  w* 56,4 5,3
315 < 58,0 52,7 64,1 58,2 3,3
400 59,3 55,6  w* 61,3 5,0
500 65,0 60,3  «* 66,2 4,1
630 69,6 64,1 73,6 72,2 5,7
800 73,5 66,8 71,6 73,5 3,1
1 000 73,9 67,3 72,4 72,9 2,5
1 250 72,6 66,9 75,0 69,8 1,7
1 600 76,0 66,8 68,9 69,8 0,8
2 000 77,0 68,6 71,2 70,9 0,8
2 500 ** 71,0 *x 74,6 -
3 150 *x 74,6 *x 80,6 -
4 000 ** 77,5 *x 85,6 -
Ia (dB) - 61 - 66

R incalculable;

negative number (Eq. 2.56).

Sound source power rating inadequate to achieve measurable
receiving room levels.
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measured values Rp and R' result in logarithm of a
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Sound reduction indices of Window 9,5L(500A)10S mounted
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Table 4.8

Error analysis of sound insulation test on Window 9,5 L(500A)10S;

classic method

hf = flanking ratio, Eq. (2.51);
Lert = total error = R(clas) - R, using R = R(int);
'Lel = error in Rp and R' estimates which would have
caused Legy, according to Eq. (2.70);
RF(min) = Rp required for filler wall to guarantee |LeRT|< 1,5 dB
if the measurement error \Le|< 1,0 dBj
RF = sound reduction indices of P220P(150A)110P brick wall.
Third-octave| Analysis of measured fFiller wall
results Required index |[Practical wall
fo hF Lert |Le| Rp (min) RF
(Hz) (dB) (dB) (dB) (dB)
100 0,7 -2,4 1,2 57,1 50,6
125 1,6 4,8 0,7 58,1 48,8
160 2,2 -0,6 g,1 66,0 55,3
200 3,8 4,1 0,3 | 64,8 51,7
250 5,3 o 0,4 68,7 54,1
315 3,3 5,9 0,4 70,5 58,0
400 5,0 o 0,4 73,6 59,3
500 4,1 o 0,5 78,5 65,0
630 5,7 1,4 0,1 84,5 69,6
800 3,1 -1,9 0,3 85,8 73,5
1 000 2,5 -0,5 0,1 85,2 73,9
1 250 1,7 5,2 0,2 82,1 72,5
1 600 0,8 -0,9 0,4 82,1 76,0
2 000 0,8 Q,3 0,1 83,2 77,0
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4.2.4 Hardboard panel of 6 mm thickness mounted in a 220 mm brick Fil-

ler wall

A comparison between the classic two-room method and the sound intensi-
ty method for low levels of flanking transmission was made by conduct-
ing a test on a 0,5 m? hardboard panel of 6,0 mn thickness mounted in a

metal frame in the 220 mm brick filler wall used in the previous tests.

The results given in Table 4.9 and plotted in Fig. (4.6) show good
agreement between the two methods, owing to the comparatively low
levels of flanking power. Considering the small effect (R' - R(clas))
of the flanking correction, it is evident that selective assessment of
the panel insulation was in this case effected by suppression of flank-

ing transmission rather than by distinguishing between direct and

flanking transmission.

It is interesting to note that the causative error |Le| obtained by the
analysis given in Table 4.10 is small and very similar in magnitude to
those obtained in the previous cases. This indicates that good accu-
racy can be attained by the classic method, provided flanking is well-
supressed. Yet the method is not suited to selective determination of

the sound reduction indices of relatively efficient panels.
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Sound reduction indices of a 6 mm hardboard panel mounted in a 220 mm
brick wall.

RF
Rl

R(clas)
R(int)

he

brick wall index (classic method);

apparent index of hardboard panel;

= index, hardboard panel, classic method;

(flanking power)/(direct power)

index, hardboard panel, intensity method;

Third-octave Classic method Intensity|Flanking
method factor
feo RF R! R(clas)| R(int) hf
(Hz)
100 36,3 17,6 18,7 18,1 0,29
125 40,2 16,1 16,4 14,5 0,07
160 42,3 18,6 18,9 17,3 0,08
200 41,3 21,1 21,8 20,5 0,19
250 43,5 18,8 19,1 18,9 0,06
315 46,0 22,8 23,2 22,4 0,09
400 47,8 22,4 22,6 21,7 0,05
500 51,5 24,7 24,9 25,2 0,04
630 53,5 26,4 26,5 26,0 0,03
800 55,2 27,4 27,5 27,4 0,03
1 ooo 58,5 29,3 29,4 30,3 0,02
1 250 60,2 30,3 30,4 29,9 0,02
1 600 61,1 32,2 32,3 32,7 0,02
2 000 63,7 32,8 32,9 33,7 0,01
2 500 65,7 33,5 33,5 33,9 0,01
3 150 65,6 31,8 31,8 32,2 0,01
4 000 64,3 28,7 28,7 29,2 0,00
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Sound reducfion indices of 6mm hardboard panel mounted
in a 220mm brick filler wall.
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Error analysis of sound insulation test on 6 mm hardboard panel;

clasic method

hp = flanking ratio, Eq. (2.51);

Legy * = total error = R(clas) - R, using R = R(int);

'Lel. : = error in RF and R' estimates which would have

. caused Lepy, according to Eq. (2.70);
RF(min) = Rp required for filler wall to guarantee |LeRy|< 1,5 di
if the measurement error \Le|< 1,0 dB.
RF = sound reduction indices of 220 mm brick wall.
Third-octave| Analysis of measured Filler wall
results Required index |220 mm brick
fo hr Lert ‘Le| Rp (min) RF

(Hz) (dB)  (dB) (dB) (dB)

100 0,29 0,6 0,4 37,6 36,3

125 0,07 1,9 1,6 34,0 40,2

160 0,08 1,6 1,3 36,8 42,3

200 0,19 1,3 0,9 40,0 41,3

250 0,06 0,2 0,2 38,4 43,5

315 0,09 0,8 0,7 41,9 46,0

400 0,05 0,9 0,8 41,2 47,8

500 0,04 -0,3 0,3 44,7 51,5

630 0,03 0,5 0,5 45,5 53,5

800 0,03 0,1 0,1 46,9 55,2
1 000 0,02 -0,9 0,9 49,8 58,5
1 250 0,02 0,5 0,5 49,4 60,2
1 600 0,02 -0,4 0,4 52,2 61,1
2 000 0,01 -0,8 0,8 53,2 63,7
2 500 0,01 -0,4 0,4 53,4 65,7
3 150 0,01 -0,4 0,4 51,7 65,5
4 000 0,00 -0,5 0,5 48,7 64,3




139

4.2.5 Sound insulation test on an open window

The previous tests covered a range of conditions extending from ex-
tremely unfavourable flanking conditions to normal applications. To
complete the range, comparative sound insulation tests were performed
on an open window. This consisted of a 2,05 x 0,89 m opening cut into
the 220 mm brick filler wall used in the previous tests. Measurements
were performed in octave bands with centre frequencies from 125 to
4 kHz.

(a) Classic methad The classic method was applied in the usual way,

using Eq. (2.19), but the room absorption was determined in two ways.

(1) In the first experiment, reverberation times measured with the
open window in position, were used directly in Eq. (2.19) to com-

pute the sound reduction indices Rl listed in Table 4.11.
Table 4.11

Sound reduction indices of an open window, determined by the classic
method (Rl and R2) and by the intensity method (R3). Reverberation
times used in calculating Rl were subject to source - receiving room
interaction; those for R2 not.

Octave band Classic method Intensity method
centre f
(Hz) R1 R2 R3
125 6,4 4,1 3,0
250 4,3 1,5 2,1
500 2,5 -0,7 0,6
1 000 3,0 -0,5 1,4
2 000 3,3 0,5 0,5
4 000 2,9 1,0 2,0
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It can be assumed that failure to obtain 0 dB transmission loss was
caused by acoustic coupling between the two test rooms due to the pre-
sence of the open window in the dividing wall. This presumably caused
the sound decay-process in the source room to interact with that in the

receiving room, which resulted in false reverberation times.

(2) In the second experiment the test aperture containing the brick
wall with the open window was shut off with steel doors. This
allowed determination of receiving room reverberation times in
the absence of source room interference. Since equivalent ab-
sorption areas calculated from these reverberation times did not
account for absorption by the open widow, the measured reverbera-

tion times Tm were corrected as follows:

Receiving room absorption, excluding the area of the open window, is
Sam = 0,16 V/Tm . (4.1)
The total absorption, including that of the 1,8 m? open window, is
Sa = 0,16 V/Tm + 1,8 y (4.2)
which corresponds tolan equivalent reverberation time
T=0,16 V/Sa = 0,16 VIm/(0,16 V + 1,8 Tm) . (4.3)

Sound reduction indices R2 in Table 4.1] were calculated by substitut-

ing Eq. (4.3) into Eq. (2.19). The indices obtained in this way are

in agreement with the expectations for an open window. Owing to its

finite size, the opening tested here did not exhibit perfect open-win-
dow behaviour at low frequencies.

(b) Sound intensity method The sound intensity method was applied in

the usual way without any corrections. Sound reduction indices R3 in

Table 4.11, calculated by using Eq. (3.38), are in good agreement



141

with R2 obtained by the classic method. The theory developed in Sec-
tion 3.3.5 indicates that the intensity method is expected to overesti-
mate the sound insulation of an open window as a result of the sound

absorbed by the latter from the reverberant field in the receiving

room. This effect will be examined in Section 4.6.
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4.3 SELECTIVE DETERMINATION OF FLANKING TRANSMISSION BY SOUND INTEN-
SIMETRY

4.3.1 Brick filler wall containing Door A

The sound reduction indices of the 220 mm brick filler wall used in the
sound insulation test on Door A (Section 4.2.1), were determined by the

following two methods:

(a) Classic method; before installation of the door The brick wall

was built into the test aperture and tested by the classic two-room me-
thod according to ISO 140.

(b) Sound intensity method; after installation of the door A 2,0 m?
opening was cut into the wall and Door A installed in it. Sound reduc-
tion indices for the wall were determined selectively by application of
the sound intensity method, using six microphone positions to determine
the average intensity transmitted through the wall.

The results given in Table 4.12 and Fig. 4.7 show fair agreement be-

tween the two methods. The differences can be ascribed to the
following two factors:

(1) The wall is likely to have sustained small cracks during instal-
lation of the test object, causing a slight deterioration of
sound insulation at high frequencies.

(2) The natural frequencies and the stiffness of the original square

wall had presumably changed as a result of the reduction in wall
area.

The relatively small number of measurement positions used in this case
was justified by the uniformity in sound radiation exhibited by the
brick wall, a phenomenon which is characteristic of well-demped mate-
rials. Partitions having low internal damping are characterized by
non-uniform radiation patterns caused by reactive acoustic power ex-

change between surface elements vibrating in anti-phase.



Selective determination of sound reduction indices of a 220 mm

Table 4.12

brick wall by sound intensimetry.

Rl : Classic method; 8,8 m? test aperture containing wall only.

R2 : Intensity method;
2,0 m? test object.

test aperture containing wall, including
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Third-octave Classic method Intensity method
fe
(Hz) R1 R2
100 36,3 37,0
125 40,2 39,8
160 42,3 37,5
200 41,3 44,4
250 43,5 44,9
315 46,0 48,5
400 47,8 50,1
500 51,5 51,9
630 53,5 55,5
800 55,2 58,6
1 000 58,5 57,3
1 250 60,2 58,1
1 600 61,1 60,6
2 000 63,7 60,0
2 500 65,7 63,5
3 150 65,6 62,3
4 000 64,3 64,6
Ia 54 55
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Figure 4.7

Sound insulation test on 220mm brick wall.
o (lassic merhod; 8,8m2 test opening containing wall only.

o Intensity method; selective measurement of wall insulation
affer installation of a 2,0mZ door.
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4.4 THE EFFECT OF INTERFERENCE PATTERNS

In the foregoing evaluation of the sound intensity method the standard
formula, Eq. (3.38), was consistently used in calculating the sound re-
duction index. The effect of interference patterns at the source room
boundaries, accounted for in Eq. (3.42), have thus been ignored. The

Waterhouse correction
LWC]. = 10 log (l + A 51/8V1) dB, (4.4)

which should be added to indices obtained by Eq. (3.38), is given as a
function of frequency in Table 4.13. As for the classic method, the
source room correction Lyg) is partially cancelled by the receiving
room correction Ly.p as a result of the difference LP1 - LP2 taken in

Eq. (2.19). The net correction
Lwel - Lwe2 = 10 log [(1 + A 5,/8V))/(L + A Sp/8Vy)] B (4.5)

which is generally disregarded, is also given in Table 4.13. The sig-
nificance of these corrections is illustrated in Fig. 4.8 for the sound
insulation test on the 6 mm hardboard panel which was considered in
Section 4.2.4. Introduction of the Waterhouse correction terms is seen
to yield a general improvement in the agreement between the two me-
thods, a result which is also obtained for the open window test. In
fact, the author suspects that the slight low-frequency discrepancy
generally observed in respect of comparative results presented in the
literature [134,137,138,141], can be ascribed to this factor.



Waterhouse corrections for NPRL test rooms.

Table 4.13
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Lwel = source room correction, applicable to the intensity
method;
Lwcl - Lwe2 = net effect of source and receiving room corrections,
applicable to the classic method.
Third-octave Classic method Intensity method
fo Lwcl Licl - Lwc2

(Hz) (dB) (dB)

100 2,5 1,3

125 2,1 1,1

160 1,8 0,9

200 1,5 0,8

250 1,2 0,6

315 1,0 0,5

400 0,8 0,4

500 0,6 0,4

630 0,5 0,3

800 0,4 0,2

1 000 0,3 0,2

1 250 0,3 0,2

1 600 0,2 0,1

2 000 0,2 0,1

2 500 0,1 0,1

3 150 0,1 0,1

4 000 0,1 0,1
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The effect of interference pattern errors on the results given by the
and the sound intensity method (o——a)

tlassic two-room method { o——o )

for the émm hardboard panel of Section 4.2.4

(a) Sound reduction indices without Waterhouse corrections.

(b) Sound reduction indices corrected for inferference effects by
application of Waterhouse corrections
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4.5 LEAKAGE ERROR

4.,5.1 Window 125(500A)10S mounted in P220P(150A)110P filler wall

The sound insulation of Window 125(500A)105 was determined by the in-
tensity method using a plane measurement surface situated at a distance
of 40 mm from the window. The sound reduction Rl was first determined

without taking leakage into account, using
R1 = 10 log (Wiy/Ip A) ' (4.6)

where Ip is the average intensity normal to the plane measurement sur-
face of area A equal to that of the window under test.The sound power
transmitted through the leakage gap along the perimeter of the plane
surface was then determined by measuring the intensity I4q normal to

the leakage surface dA. The sound reduction index R, accounting for
the total transmission through the window was calculated as

R = 10 log [Win/(Ipn A + IgpdA)] . (4.7)

The leakage error Le = Rl - R in Table 4.14 emphasizes the point that
the intention to measure "in the plane" of the radiating surface is
foiled in practice by the physical construction of the intensity probe,
the surface profile of the test object and by requirements of micro-
phone mobility. The usage of a plane measurement surface thus results

in a leakage gap which in some cases may cause a significant leakage
error.



Table 4.14
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Leakage error due to the use of a plane measurement surface situated at

a distance of 40 mm from Window 125(500A)10S.

Third-octave

feo R Le

(Hz) (dB) (dB)

125 40,0 0,6

250 50,2 0,7

500 60,5 0,7

1 000 59,2 0,8

2 000 66,1 0,2

4 000 79,2 0,1
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4.6 THE EFFECT OF SOUND ABSORPTION BY THE TEST OBJECT

4.6.1 Comparative measurements on a brick wall with and without absorp-

tive cladding

The effect of sound absorption by the test object on the result of the
sound intensity method was examined by measuring the sound reduction
indices of a 220 mm brick filler wall containing a panel. In this ex-
periment the wall was defined as the test object with the panel acting
as a source of flanking power. The flanking panel consisted of 12 mm
wood, 180 mm air cavity and 6 mm hardboard, 1i.e. 12W(180)6H. The sound
absorption of the wall was controlled by cladding it with 75 mm thick
glass-wool panels. The effect of sound absorption on the estimated
sound insulation of the wall is shown in Table 4.15 which compares the
error predicted in Eg. (3.57) and the actual error, taken as the
difference between the indices measured with, and without absorptive
cladding on the wall. The amount of absorption added was determined by

the reverberation room method. The effect on the sound insulation
curve is shown in Fig. 4.9.

The effect of sound absorption by the test object is to cause an over-
estimation of the sound reduction index, exaggerated in this case by
the use of excessive amounts of absorption. The accuracy of the
predicted error is limited by the accuracy of the experimentally
determined estimate of the amount of absorption added to the surface of
the test object and by the sensitivity of the error function when large
errors are induced (see Fig. 3.6). The accuracy of the measured error

Lem was presumably affected by the high levels of reactivity at the
wall surface.



Table 4.15

The effect of sound absorption by the test object on the estimated

value of the sound reduction index.

Test object:

8,3 m? brick wall containing 0,5 m

2

flanking panel.
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Sa = receiving room absorption, including additional amount
Aap attached to the wall.

Le = predicted error, Eq. (3.57);

Lem = measured error.

Octave
feo Sa Aap hp LR Le Lem
(Hz) (m?) (m?) (dB) | (dB) (dB)
250 17,4 7,8 0,06 9,3 2,8 2,4
500 23,2 10,2 0,12 14,7 3,0 8,2

1 000 21,8 10,0 0,51 23,3 5,1 8,4

2 000 24,0 9,9 3,2 24,0 In2Ip | Ia2Ip

4 000 35,9 10,4 2,4 27,6 18,2 20,9
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Figure 4.9

The effect of sound absorption by the test object on the sound reduction
index of a 220mm brick wall defermined by the intensity method.

o 8,3m2 wall uncladded

(o]

wall cladded with 83m2 glass wool of 75mm thickness (predicted)
s wall cladded with 8,3mZ glass wool of 75mm thickness (measured)

%  absorbed intensity I, > transmitted intensity Ip
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4.6.2 Absorption error : open window

The effect of sound absorption by the test object is further illustrat-
ed by considering the sound insulation test on an open window, describ-
ed in Section 4.2.5. Ideally, an open window has zero sound reduction,
while all the sound incident on it from the reverberant field in the
receiving room is absorbed. In the case under consideration (A = 1,82
m; A =7,0m; R=0d8; R > 30 dB), flanking may be regarded as

F F
negligible.

The predicted error Le in Table 4.16 was calculated by Eq. (3.57),
using hf = 0 and ap = 1,0 for all frequencies. The values used for Sa
are those determined in the experiment described in Section 4.2.5(a)
(2). Correction of the sound reduction indices R3 of Table 4.11 for
the effect of sound absorption by the open window results in the

indices R4 listed in Table 4.14. These corrected values,

R4 = R3 - Le aB, (4.8)

are seen to be closer to the theoretical value R = 0 d and are in good
agreement with the values R2 of Table 4.11 obtained by the classic two-
room method. Note that in the experiment under consideration, the

transmission room was used as receiving room, hence the small values of
Sa.
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Table 4.16

The effect of sound absorption by the test object on the sound reduc-
tion index of an open window, determined by the sound intensity method.

Test object: 1,82 m? open window in 220 mm brick wall.

Sa = receiving room absorption, including Aay = 1,8 m? of the
open window.

Le = predicted error, Eq. (3.57);

hf = 0.

Octave
feo Sa Le R3 R4 R2
(Hz) (m?) () | Table 4.10 |Eq.(4.8)| Table 4.10
125 5,6 1,7 3,0 1,3 4,1
250 6,8 1,4 2,1 0,7 1,5
500 7,0 1,3 0,6 -0,7 -0,7

1 000 6,8 1,4 1,4 0,0 -0,5

2 000 7,6 1,2 0,5 -0,7 0,5

4 000 10,1 a,9 2,0 1,1 1,0
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4.6.3 Absorption error: windows and filler walls

In practice the sound absorption coefficients of test objects and flan-
king walls are generally very low. This, however, does not completely
eliminate the absorption error, since the latter also depends upon the
flanking factor. Hence, no matter how low the absorption coefficient
(as long as it is finite), Eq. (3.57) shows that a flanking factor can
be found for which the sound intensity result would become unreliable.
It is therefore of interest to consider the risk of absorption error
for the sound insulation tests conducted on some of the test objects

and filler walls described in Sections 4.2 and 4.3.

(a) Window 9,5L(200A)10S and 220 mm brick filler wall The sound in-
tensity method was used to determine the sound insulation of Window
9,5L(200A)10S (Section 4.2.2) as well as the filler wall (Section
4.3.1). The question is whether the absorption error was negligible.
Using Eq. (3.57), the predicted error is found to be well below 1,0 dB,
as shown in Table 4.17. The values used for ay were obtained from
tables in the literature [105, 143].

Table 4.17

Predicted absorption error for Window 9,5L(200A)10S and 220 mm brick
wall.
Window area = 2,1 m2; wall area = 6,7 m?.
Sa = receiving room absorption, including Aap of the test ob-
Ject;
Le = predicted error, Eq. (3.57);
hr = (flanking power)/(direct power).

Octave Window 9,5L(200A)10S 220 mm brick filler wall
feo Sa Aap hg Le Sa Aap hg Le
(Hz) (m?)  (m?) (dB) (m?)  (m?) (dB)

125 2,9 0,09 5,86 0,3 9,9 0,13 0,17 0,1
250 9,7 0,09 5,86 0,3 9,7 0,13 0,17 0,1
500 13,1 0,06 8,66 0,2 13,2 0,20 0,12 0,1
1 000 11,9 0,06 2,80 0,1 12,1 0,27 0,36 0,1
2 000 14,1 0,04 0,28 0,0 14,4 0,34 3,57 0,5
4 000 25,5 0,04 0,74 0,0 25,8 0,34 1,36 0,1
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(b) Window 9,5L(500A)10S5 and P220P(150A)110P filler wall As in the
previous case, the absorption error in Table 4.18 is seen to be well
below 1,0 dB. Consider the conditions which would cause an absorption
error Le > 1,5 dB in the estimated sound reduction index of the wall at
1 kHz, if the sizes and absorption properties of the window and the

wall remain unchanged. Solving Eq. (3.57) for hp yields

Sa
he < =— (1 - 10

AaA

-Le/10y _, (4.9)

For the window test (Sa/Aap = 188), this requirement becomes hg < 54.
The requirement for testing the wall whilst containing the window is hf
< 12.

Table 4.18

Predicted absorption error for Window 9,5L(500A)105 and P220P(150A)110P
filler wall.

Window area = 2,1 m2; wall area = 6,7 m?.

Sa = receiving room absorption, including Aap of the test ob-
Jject;
Le = predicted error, Eq. (3.57);
he = (flanking power)/(direct power).
Octave Window 9,5t (500A)10S Brick filler wall
feo Sa Aap hr Le Sa Aap hr Le
(Hz) (m?)  (m?) (dB) (m?)  (m?) (d8)
125 9,9 0,09 1,58 0,1 9,9 0,13 0,63 0,1
250 9,7 0,09 5,34 0,3 9,7 0,13 0,19 0,1
500 13,1 0,06 4,15 0,1 13,2 0,20 0,24 0,1
1 000 11,9 0,06 2,50 0,1 12,1 0,27 0,40 0,1
2 000 14,1 0,04 0,77 a,0 14,4 0,34 1,30 g,2
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4.7 REACTIVITY AT THC SURFACE OF THE TEST OBJECT

The validity of the formula derived for the reactivity at the surface
of the test object in Section 3.4.3, was examined by comparing the re-
activity levels measured at the surface of test objects to those pre-
dicted by Eq. (3.103). Predicted and measured values of LR for Window
9,5L(200A)105 mounted in a 220 mm brick filler wall and for Window
9,5L(500A)105 mounted in wall P220P(150A)110P, are presented in Table
4.19. The results are in support of the theory developed in Section
3.4.3.

Table 4.19

Predicted and measured reactivity levels LR at the surface of two test

objects.

Lase 13 WLNUOW Y,5L {(ZUUA)LUD MOUNTEU 1N 4ZU A DCICK TLLLler wall.

Case 2: Window 9,5L(500A)10S mounted in P220P(150A)110P brick filler

wall.
T = reverberation times of receiving room;
hp = ratio: (power through filler wall)/(power through test object)
Third-octave| T Case 1 Case 2
fe (Hz) hr LR(dB) hp LR(dB)

predicted measured predicted measured
100 5,91 8,1 11,7 10,2 0,7 5,6 10,3 |

125 6,9 5,9 11,3 11,7 1,6 7,5 7,4

160 5,5 4,4 9,4 11,4 2,2 7,5 10,3

200 5,6] 3,1 8,4 8,4 3,8 9,0 8,4

250 5,11 5,9 10,1 10,5 5,3 9,7 8,9

315 5,1 6,6 10,4 8,3 3,3 8,3 7,2

400 5,2]15,8 13,7 11,4 5,0 9,6 9,6

500 5,1 8,7 11,4 8,5 4,1 8,9 9,3

630 5,4114,7 13,6 10,5 5,7 10,2 10,3

800 5,5| 6,4 10,6 9,0 3,1 8,4 10,3

1 000 5,6| 2,8 8,2 8,9 2,5 7,9 9,3

1 250 5,5| 0,8 5,5 6,8 1,7 6,9 6,7

1 600 5,1 0,5 4,8 5,6 0,8 5,3 5,7

2 000 4,71 0,4 4,3 4,5 g,8 5,1 5,5

2 500 4,0| 0,6 4,3 4,8 - - -

3 150 3,21 1,5 4,9 4,5 - - -

4 000 2,6 3,6 6,1 6,0 - - -
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4.8 ASSESSMENT OF THE VALIDITY OF SOUND INSULATION TESTS BY THE IN-
TENSLITY METHOD BY EMPLOYMENT OF THE CRITERIA FOR MINIMUM RECEIV-
ING ROOM REQUIREMENTS

4.8.1 General

It has been shown in Section 3.4.4 that for a given measurement system
the receiving room should contain a certain minimum amount of sound ab-
sorption. This is to ensure that the reactivity LR at the measurement
surface is kept within the dynamic range (common mode rejection index
LRm) of the measurement system. Since the latter figure depends on the
ratio (microphone spacing Ar)/(phase mismatch error e€), the minimum
amount of absorption Sa required in the receiving room can be reduced
by using a larger microphone spacing. Practical sound intensity meters
usually provide three fixed gain settings corresponding to microphone
spacings of approximately 6 mm, 12 mm and 50 mm. The use of a 100 mm
gpacer for sound insulation tests is not considered to be practical, as
it would set an upper frequency limit of only 250 Hz. Hence, to cover
the frequency range from 100 Hz to 4 kHz, measurements would have to be

repeated for three different microphone spacings, rather than two.

The practical implications of the criteria developed in Section 3.4.4
in respect of minimum receiving room absorption in relation to the per-
formance of the measurement system, will now be examined by analysis of
various test cases presented in the foregoing sections. The validity
of results obtained by the intensity method will be examined for each
test by calculating the minimum amount of sound absorption Sa (maximum
reverberation time T) required in the receiving room, assuming that the
sound insulation test is conducted with the aid of a Model A83 SIM por-
table intensity meter, using microphone gpacings of 15 mm and 60 mm.
The analysis is performed in each case for selective determination of

sound reduction indices of the test object as well as the filler wall
containing it.

The results given in Tables 4.20 to 4.27 were obtained as follows:



Reverberation time T

Sound reduction RF
Sound reduction R
Flanking ratio hf 3

Reactivity predicted LR

Reactivity measured LR

Phase mismatch €

CMRI LRm :

Minimum absorption Sa :

Maximum reverberation T :
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Average reverberation times measured in the

receiving room.

The sound reduction index of the flanking
structure; the filler wall index if the

panel is under test and vice versa.

The sound reduction index of the component

under test.
(Flanking power)/(direct power); Eq. (2.51)

Reactivity near the surface under investiga-
tion predicted by Eq. (3.103).

Reactivity measured near the surface under

investigation.

The phase error introduced by the measure-
ment system, including the microphones; me-
asured with the microphones placed in a
rigidly terminated standing-wave tube

excited with random noise.

The common mode rejection index of the mea-

surement system; Eq. (3.77).

The minimum receiving room absorption (m2)
required to reduce the intensity error for a
given set of instrument performance figures

(CMRI) to 2,0 dB; Eq. (3.110), AL = 4,3 dB.

The maximum reverberation times allowed in
the receiving room to reduce the intensity
error for a given instrdment to 2,0 dB; T =
0,16 V/(minimum Sa).
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4.8.2 Case 1l: sound insulation test on Door A mounted in 220 mm brick
wall

The analysis in Table 4.20 shows that the reverberation times which
prevailed during the test were well below the maximum values required
for an error of less than 2,0 dB8, even if the low-frequency measure-
ments (125 - 500 Hz) were performed with a spacing Ar = 15 mm instead
of 60 mm, which is normally used in reactive fields. For the test
under consideration the intensity method could be used with very little
sound absorption in the receiving room. Note that the common mode
rejection index of the intensity meter amply exceeds the reactivity

level expected at the surface of the test object.

4.8.3 Case 2: sound insulation test on 220 mm brick wall containing
Door A

This test, applied selectively to the filler wall containing the door
of the previous test, is described in Section 4.3.1. The analysis
given in Table 4.21 shows that the minimum requirements for the filler
wall test are more stringent than that for the door; the reactivity at
the surface of the wall is considerably higher than at the door. In
this case it is imperative to use the 60 mm spacer at 125 Hz, since Ar
= 15 mm would require a reverberation time T < 1,9 s. In the 2 kHz
third-octave band, for which Ar = 60 mm is too large (finite distance
approximation error > 2 dB), Eq. (3.110) calls for a maximum reverbera-
tion time T < 4,6 s, while the receiving room actually had a reverbera-
tion time T = 4,7 s. Strictly speaking, a small amount of absorption
should have been added to the reverberation room to reduce its reverbe-
ration time. The 3,7 dd difference at 2 kHz between the results given
by the classic two-room method and the intensity method (Fig. 4.7) is

believed to be partly due to intensity meter error in the highly reac-
tive field.



Table 4.20
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Validity of intensity method results according to the criteria for min-

imum receiving room absorption (maximum reverberation time) of Section

3.4.4. Case 1:
brick wall.

sound insulation test on Door A mounted in 220 mm

Constants: Af = 6,8 m2; A=2,0 m2; V = 414 m°
Analysis based on requirement Lem < 2,0 dB; AL > 4,3 dB
Third-octave centre frequency (Hz) 125 250 500 1000 2000
Test conditions
Reverberation times T 6,9 5,1 5,1 5,6 4,7
Sound reduction: Wall R 40,2 43,5 51,5 58,5 63,7
Door R 30,8 39,0 44,0 49,0 50,0
Flanking ratio hp 0,4 1,2 g,6 0,4 0,1
Reactivity: predicted LR 5,2 5,7 4,7 4,6 3,6
Instrumentation
Phase mismatch (degrees) > 0,11 0,06 0,10 0,31 0,49
CMRI (Ar = 15 mm) LRm 12,5 18,1 18,9 17,0 18,0
CMRI (Ar = 60 mm) LRm 18,5 24,1 24,9 - -
Minimum requirements
Minimum Sa (Ar = 15 mm) 4,0 1,5 0,9 1,2 0,8
Minimum Sa (Ar = 60 mm) 0,9 0,4 0,2 - -
Maximum T (Ar = 15 mm) 16,6 43,4 72,2 53,0 81,9
Maximum T (Ar = 60 mm) 75,5 179,4 296,0 - -




Table 4.21
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Validity of intensity method results according to the criteria for min-

imum receiving room absorption (maximum reverberation time) of Section

3.4.4.

Door A.

Case 2:

sound insulation test on 220 m brick wall containing

Constants: Ap = 2,0 m%; A = 6,8 m>; V = 414 n°
Analysis based on requirement Lem < 2,0 dB; AL > 4,3 dB
Third-octave centre frequency (Hz) 125 250 500 1000 2000
Test conditions
Reverberation times T 6,9 5,1 5,1 5,6 4,7
Sound reduction: Door RF 30,8 39,0 44,0 49,0 50,0
Wall R 40,2 43,5 51,5 58,5 63,7
Flanking ratio hg 2,6 0,8 1,7 2,6 6,9
Reactivity: predicted LR 13,3 9,4 10,8 12,5 15,0
Instrumentation
Phase mismatch (degrees) € o,11 0,06 0,10 0,31 0,49
CMRI (Ar = 15 mm) LRm 12,5 18,1 18,9 17,0 18,0
CMRI (Ar = 60 mm) LRm 18,5 24,1 24,9 - -
Minimum requirements
Minimum Sa (Ar = 15 mm) 34,7 4,3 5,2 11,1 19,0
Minimum Sa (Ar = 60 mm) 7,6 1,0 1,3 - -
Maximum T (Ar = 15 mm) 1,9 15,4 12,8 6,0 4,6
Maximum T (Ar = 60 mm) 8,7 63,6 52,7 - -
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4.8.4 Case 3: sound insulation test on Window 9,5L(200A)10S mounted in
220 mm brick wall

It has been shown in this thesis that the classic two-room method is
not suited to selective determination of sound reduction indices if the
flanking factor exceeds a value of approximately 1,0. This was practi-
cally demonstrated by the result of the sound insulation test on Window
9,5L(200A)105S (See Fig. 4.4).  The validity of the intensity method in
this case may be assessed by the analysis presented in Table 4.22. Ex-
cept for the 125 Hz third-octave band for which the 60 mm spacer is

needed, the 15 mm spacer could safely be used in this highly reverbe-

rant receiving room.

Unlike the classic two-room method, the validity of the intensity me-
thod does not depend essentially upon the flanking factor hg, but ra-
ther on the reactivity at the measurement surface. As stated in Eq.
(3.103), LR is determined by hy as well as the ratio A/Sa. Hence, al-
though hg in the test under consideration is generally larger than that
in Case 2 of Section 4.8.3, the present case is handled with greater
ease and with a smaller risk of error, owing to the relatively low

levels of reactivity prevailing at the window surface.

4.8.6 Case 4: sound insulation test on 220 mm brick wall containing
Window 9,5L(200A)10S

This test has not actually been performed but the analysis in Table
4.23 shows that no difficulties should arise provided the 60 mm spacer
is used in the 125 Hz third-octave band.



Table 4.22
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Validity of intensity method results according to the criteria for min-

imum receiving room absorption (maximum reverberation time) of Section

3.4.4. Case 3:

in 220 mm brick wall.

sound insulation test on window 9,5L(200A)10S mounted

Constants: Ar = 6,67 m%; A = 2,13 m%; V = 414 m°
F

Analysis based on requirement Lem < 2,0 dB;

AL > 4,3 dB

Third-octave centre frequency (Hz) 125 250 500 1000 2000
Test conditions
Reverberation times T 6,9 5,1 5,1 5,6 4,7
Sound reduction: Wall Rr 40,2 43,5 51,5 58,5 63,7
Window R 42,9 46,2 55,9 58,0 54,8
Flanking ratio hg 5,9 5,9 8,7 2,8 0,4
Reactivity: predicted LR 11,3 10,1 11,4 8,2 4,3
measured LR 11,7 10,5 8,5 8,9 4,5
Instrumentation
Phase mismatch (degrees) € 0,11 0,06 0,10 0,31 0,49
CMRI (Ar = 15 mm) LRm 12,5 18,1 18,9 17,0 18,0
CMRI (Ar = 60 mm) LRm 18,5 24,1 24,9 - -
Minimum requirements
Minimum Sa (Ar = 15 mm) 20,8 5,0 5,9 3,7 1,1
Minimum Sa (Ar = 60 mm) 4,6 1,2 1,4 - -
Maximum T (Ar = 15 mm) 3,2 13,2 11,3 18,1 62,8
Maximum T (Ar = 60 mm) 14,4 54,4 46,4 - -
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Table 4.23

Validity of intensity method results according to the criteria for min-
imum receiving room absorption (maximum reverberation time) of Section
3.4.4. sound insulation test on 220 mm brick wall containing
Window 9,5L(200A)10S.

Case 4:

Constants: Af = 2,13 m®; A = 6,67 m%; V = 414 m3

Analysis based on requirement lem < 2,0 dB; AL > 4,3 dB
Third-octave centre frequency (Hz) 125 250 500 1000 2000
Test conditions
Reverberation times T 6,9 51 51 5,6 4,7
Sound reduction: Window Rf 42,9 46,2 55,9 58,0 54,8
Wall R 40,2 43,5 51,5 58,5 63,7
Flanking ratio he 0,2 0,2 g,1 0,4 2,5
Reactivity: predicted LR 8,8 7,6 7,5 8,5 11,5
Instrumentation
Phase mismatch (deqgrees) € 0,11 0,06 0,10 0,31 0,49
CMRI (Ar = 15 mm) LRm 12,5 18,1 18,9 17,0 18,0
CMRI (Ar = 60 mm) LRm 18,5 24,1 24,9 - -
Minimum requirements
Minimum Sa (Ar = 15 mm) 11,2 2,7 2,1 4,1 8,2
Minimum Sa (Ar = 60 mm) 2,5 0,7 0,5 - -
Maximum T (Ar = 15 mm) 5,9 24,5 31,1 16,2 8,1
Maximum T (Ar = 60 mm) 26,9 101,33 128,0 - -
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4.8.6 Case 5: sound insulation test on Window 9,5L(500A)10S mounted in
P220P(150A)110P brick wall

In contrast with the complete failure of the classic two-room method
(Fig. 4.5) due to unfavourable flanking conditions (hg > 1), the analy-
sis in Table 4.24 shows that the situation presents no difficulties at
all in using the intensity method. Reactivity levels are much lower
than the common mode rejection indices of the intensity meter, even for
Ar = 15 mm. It is therefore not necessary in this case to use the 60

mm spacer at low frequencies.

4.8.7 Case 6: sound insulation test on P220P(150A)110P brick wall con-
taining Window 9,5L(500A)10S

The analysis in Table 4.25 shows that no difficulties should arise with
the intensity method, provided that the 60 mm spacer is used in the 125
Hz third-octave band. The method may be applied selectively to either
the window or the filler wall without having to increase the amount of

absorption in the reverberation room.



Table 4

.24
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Validity of intensity method results according to the criteria for min-

imum receiving room absorption (maximum reverberation time) of Section

3.4.4.
in P220P(150A)110P brick wall.

Case 5:

sound insulation test on Window 9,5L(500A)10S mounted

Constants: Af = 6,67 m2; A=2,13 m2; V = 414 m3
Analysis based on requirement Lem < 2,0 dB; AL > 4,3 dB
Third-octave centre frequency (Hz) 125 250 500 1000 2000
Test conditions
Reverberation times T 6,9 5,1 5,1 5,6 4,7
Sound reduction: Wall RF 48,8 54,1 65,0 73,9 77,0
Window R 45,8 56,4 66,2 72,9 70,9
Flanking ratio hr 1,6 5,3 4,1 2,5 0,8
Reactivity: predicted LR 7,5 9,7 8,9 7,9 5,1
measured LR 7,4 8,9 9,3 9,3 5,5
Instrumentation
Phase mismatch (degrees) € o,11 0,06 0,10 0,31 0,49
CMRI (Ar = 15 mm) LRm 12,5 18,1 18,9 17,0 18,0
CMRI (Ar = 60 mm) LRm 18,5 24,1 24,9 - -
Minimum requirements
Minimum Sa (Ar = 15 mm) 7,8 4,7 3,1 3,6 1,3
Minimum Sa (Ar = 60 mm) 1,7 1,1 0,8 - -
Maximum T (Ar = 15 mm) 8,5 14,2 21,2 19,7 49,8
Maximum T (Ar = 60 mm) 38,3 58,8 87,1 - -




Table 4.25
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Validity of intensity method results according to the criteria for min-

imum receiving room absorption (maximum reverberation time) of Section

3.4.4. Case 6:

containing Window 9,5L(500A4)10S.

sound insulation test on P220P(150A)110P brick wall

Constants: Af = 2,13 m2; A = 6,67 m2; V= 414 nd

Analysis based on requirement Lem < 2,0 dB; AL > 4,3 dB
Third-octave centre frequency (Hz) 125 250 500 1000 2000
Test conditions
Reverberation times T 6,9 5,1 5,1 5,6 4,7
Sound reduction: Window R 45,8 56,4 66,2 72,9 70,9
Wall R 48,8 54,1 65,0 73,9 77,0
Flanking ratio he 0,6 0,2 0,2 0,4 1,3
Reactivity: predicted LR 10,0 7,7 7,9 8,6 9,9
Instrumentation
Phase mismatch (degrees) € 0,11 0,06 0,10 0,31 0,49
CMRI (Ar = 15 mm) LRm 12,5 18,1 18,9 17,0 18,0
CMRI (Ar = 60 mm) LRm 18,5 24,1 24,9 - -
Minimum requirements
Minimum Sa (Ar = 15 mm) 15,6 2,7 2,4 4,2 5,4
Minimum Sa (Ar = 60 mm) 3,4 0,7 0,6 - -
Maximum T (Ar = 15 mm) 4,2 24,2 28,0 15,7 12,2
Maximum T (Ar = 60 mm) 19,2 100,0 115,0 - -
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4.8.8 Case 7: sound insulation test on 6 mm hardboard panel mounted in
220 mm brick wall

Considering the small thickness of the panel as compared to that of the
brick filler wall, it stands to reason that the panel will strongly
beam direct sound into the receiving room. This is confirmed by the
very low reactivity levels predicted near the panel surface. As
indicated by the large values of maximum reverberation time in Table

4.26, the test could be conducted in extremely reverberant conditions.

4.8.9 Case 8: sound insulation test on 220 brick wall containing 6 mm

hardboard panel

The relatively strong radiation from the flanking panel together with
the reverberant nature of the receiving room, constitute extremely
unfavourable conditions for the measurement of the sound intensity ra-
diated by the brick wall. Reactivity levels in the vicinity of the
wall are expected to exceed the common mode rejection index of the mea-
surement system for Ar = 15 mm. Upon examination of the minimum re-
quirements for receiving room absorption given in Table 4.27, it is
concluded that the intensity method could only be employed in this case
by using Ar = 60 mm at frequencies below 2 kHz and by increasing the

amount of absorption in the receiving room.
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Table 4.26

Validity of intensity method results according to the criteria for min-
imum receiving room absorption (maximum reverberation time) of Section
3.4.4, Case 7: sound insulation test on 6 mm hardboard panel mounted
in 220 mm brick wall.

Constents: Af = 8,3 m%; A = 0,5m’; V= 4l4 n’
Analysis based on requirement Lem < 2,0 dB; AL > 4,3 dB

Third-octave centre frequency (Hz) 125 250 500 1000 2000

Teast conditions

Reverberation times T 6,9 5,1 5,1 5,6 4,7
Sound reduction: Wall RF 40,2 43,5 51,5 58,5 63,7
Panel R 14,5 18,9 25,2 30,3 33,7
Flanking ratio hf 0,0 0,1 0,0 0,0 0,0
Reactivity: predicted LR 1,6 1,2 1,2 1,3 1,1
Inastrumentation
Phase mismatch (degrees) € o,11 0,06 0,10 0,31 0,49
CMRI (Ar = 15 mm) LRm 12,5 18,1 18,9 17,0 18,0
CMRI (Ar = 60 mm) LRm 18,5 24,1 24,9 - -

Minimum requirements

Minimum Sa (Ar = 15 mm) 0,7 0,2 0,1 0,2 0,2
Minimum Sa-(Ar = 60 mm) 0,2 0,0 0,0 - -
Maximum T (Ar = 15 mm) 88,6 363,0 446,0 286,0 369,0

Maximum T (Ar

60 mm) 402,0 1497,0 1832,0 - -
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Table 4.27

Validity of intensity method results according to the criteria for min-
imum receiving room absorption (maximum reverberation time) of Section
3.4.4. Case 8: sound insulation test on 220 mm brick wall containing

6 mm hardboard panel.

Constants: Af = 0,5 m2; A =8,3 m2; V= 414
Analysis based on requirement Lem < 2,0 dB; AL > 4,3 dB

Third-octave centre frequency (Hz) 125 250 500 1000 2000

Test conditions

Reverberation times T 6,9 5,1 5,1 5,6 4,7
Sound reduction: Panel Rp 14,5 18,9 25,2 30,3 33,7
Wall R 40,2 43,5 51,5 58,5 63,7
Flanking ratio hgp 22,4 17,4 25,7 131,8 60,2
Reactivity: predicted LR 22,1 19,8 21,4 28,7 24,6
Instrumentation
Phase mismatch (degrees) € 0,11 0,06 0,10 0,31 0,49
CMRI (Ar = 15 mm) LRm 12,5 18,1 18,9 17,0 18,0
CMRI (Ar = 60 mm) LRm 18,5 24,1 24,9 - -

Minimum requirements

Minimum Sa (Ar = 15 mm) 277,9 52,7 63,4 498,0 180,0
Minimum Sa (Ar = 60 mm) 61,3 12,8 15,4 - -
Maximum T (Ar = 15 mm) 0,2 1,3 1,0 0,1 0,4

Maximum T (Ar

60 mm) 1,1 5,2 4,3 - -
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4.9 DIAGNOSTIC SOUND TRANSMISSION ANALYSIS

4.9.1  Window 9,5L(200A)105

The relative amounts of sound power radiated by the frame, the seal and
the window pane were examined by sound intensity measurement along a
line extending -across the window and part of the wall. The distance

between the microphone and the window surface was 50 mm.

Sound intensity levels LI and sound pressure levels LP are presented
graphically in Fig. 4.10. The sound intensity levels show a marked
difference with regard to the sound transmission of the wall and that
of the window in the 2kHz third-octave band; a result which tallies
with the sound reduction indices obtained previously (Table 4.5). Note
that the LP curve, which gives some indication of the sound level per-
ceived by auditive inspection close to the radiation sufaces, shows a
rather inconclusive increase in sound level if the microphone is moved

from the wall towards the centre of the window.

The result in Fig. 4.10 which was obtained by measuring at 60 mm dis-
tance intervals, indicates that the frame-and-seal combination is very
effective; the radiation from this region is well below the level ob-

served at the window pane.

A more detailed analysis of sound radiation from the frame was obtained
by sound intensity measurement at 10 mm distance intervals as shown in
Fig. 4.11. Upon examination of LI it is concluded that the gradual
level increase across the width of the frame should be seen as a natu-
ral transition resulting from interference between the low sound power
level at the wall and the higher level at the window pane. A leak any-

where on the frame would have caused a sharp level increase in the LI
curve.

The analyses given in Tables 4.17, 4.22 and 4.23 indicate that reliable
sound intensity measurements could be performed without any difficulty
at the surfaces of the window and the filler wall under consideration.
The measured levels L} in Figs. 4.10 and 4.11 may therefore be regarded

as an accurate account of sound radiation along the path AA'.
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Figure 4.10

Diagnastic <ound transmission apalysis at the surface of window 951 [700A) 10
and flanking brick wall. Sound pressure levels LP and sound intensity levels

L1 measured along line AA’ with intensity probe directed normally to the window
surface. f=2kHz; distance between probe and window = SOmm.
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Figure &4.11

Examination of frame and seal insulation, Window 9,5L (200A) 10S. Sound

pressure levels LP and sound infensity levels LI measured along line AA’

with intensity probe directed normally to window surface f=2kHz
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4.9.2 Window 9,5L(500A)10S

The efficiency of the seal used in this window was assessed by
examination of the sound intensity level along two paths extending
lengthwise along the seal at a distance of 50 mm from the window

surface.

The results in Fig. 4.12(a) seem to point at non-uniformity in the
sound insulation of the seal in the lkHz third-octave band. In this
case, however, where the sound radiation from the seal is low in
relation to the total radiation from the window, the observed variation

is of little consequence.

It would also appear that the seal is slightly more efficient along the
section AA' (LI average = 20,0 d8) than along BB' (LI average = 22,0
dB). The result obtained in the 2kHz third-octave band (Fig. 4.12(b))
shows a similar difference in efficiency (12,2 d8 and 14,7 B,

respectively).

4.9.3 Diagnostic analysis of the performance of a door

The sound insulation test on Door A described in Section 4.2.1 was
performed in the laboratory on a prototype of a newly developed door.
A production unit of this design was at a later stage encountered in a
building where it was suspected of falling short of the performance at-
tained by the prototype. Since the room containing the door was rever-
berant, it was decided to measure the sound insulation of the door with
the source located in the reverberant room and with the relatively ab-
sorbent hallway adjacent to it acting as the receiving room. The mea-

surement was performed with a B & K 3360 sound intensity analyzer,
using Ar = 12 mm.

The result of the field test in Fig. 4.13 confirmed the suspicion that
there was something wrong with the door; the decline in sound insula-
tion at high frequencies indicated that the seal was probably leaking.
Upon examination of the intensity field with a hand-held moving probe

the leak was located at the bottom section of the seal.
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Figure 4.12

Sound intensity levels LI measured on lines AA' and BB’ extending
lengthwise along the seal of a window 9,5L (500A} 10S.

fa) Third-octave band centre frequency = 1kHz

(b) Third-octave band centre frequency = 2kHz.
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Sound reduction R of a door determined by the sound intensity method.

o Laboratory measurement on prototype door
o Fietd measurement on production unit with faulty seal

A Field measurement on production unit, upper part only
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Since the top section of the seal appeared to be intact, it was decided
to assess the performance of the door as if the leak did not exist, by
selective measurement of the sound insulation of the upper quarter sec-
tion of the door. The result in Fig. 4.13 shows that, disregarding the
defective seal, the production unit conformed to the performance stan-

dard set by the prototype in the laboratory test.
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4.10 ASSESSMENT OF DIFFUSIVITY BY SOUND INTENSIMETRY

4.10.1 The characteristics of sound intensity fields in diffuse and

non-diffuse rooms

A Briel & Kjaer type 4204 reference sound source was successively plac-
ed in five acoustically different rooms, and the sound pressure and
sound intensity levels were measured as functions of the radial dis-
tance from the source. Sound intensity was measured in octave bands
using a model A80 SIM analog sound intensity meter with a microphone

spacing of 15 mm.

The rooms were selected to cover the following range of acoustical
properties, extending from a free field to an environment believed to
be diffuse: *

(1)  anechoic room (free field);

(2) anechoic room containing a 1,2 x 2,5 m reflector (semi-free
field);

(3) empty laboratory with absorbent ceiling (semi-reverberant);

(4) empty entrance hall, linked to staircases, passages and other
rooms (reverberant, not expected to be diffuse);

(5) a reverberation room of the NPRL containing stationary diffu-

sers (reverberant, expected to be diffuse).

Sound intensity and sound pressure levels in the 500 Hz-octave band as
functions of distance from the reference source are shown in Fig.
4.14. The broken line, passing through the (1.0 m ; 0 dB) coordinate,
depicts the inverse square law. All sound levels are normalized with
respect to the value measured at a 1 m distance.

The intensity fluctuations observed in Fig. 4.14(b), (c) and (d) indi-
cate a lack of directional diffusion in the corresponding ordinary
rooms, while the inverse-square-law decay obtained in the reverberation
room is in agreement with the expectation that, in this case, the re-

verberant sound field would be directionally diffuse. The reverberant

part of the total sound field does not contribute to the net acoustic

energy flow in the room and thus becomes "translucent" to the sound in-
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tensity meter which only observes the net energy flow due to the direct
sound field. In reverberant test-room practice, direct exposure of the
test object to source radiation should be avoided in order to escape
the distorting effect of the direct intensity field on the directional-
ly balanced reverberant field. In this study of diffusion, intensity
measurements were deliberately made in the well-defined direct field of
a point source, using the apparent distortion of the reference field as
an indicator for directional imbalance in the reverberant field. Thus,
by sound intensity measurement, directional diffusion was examined by
means of an inverse-square-law test, similar to that commonly used to

check free-field conditions in anechoic rooms.

4.10.2 Diffusivity measurements in the vicinity of an open window in a

reverberation room wall

The diffusivity meter described in Section 3.5.5 was used to investi-
gate the degree of directional diffusivity along a line extending
across a brick filler wall in the test aperture between the transmis-
sion test rooms employed in the previously described sound insulation
tests. The filler wall contained an open window of 915 x 545 mm. Mea-
sured values of the degree of directional diffusivity d in the 125, 250
and 500 Hz octave bands, obtained with a microphone spacing Ar = 60 mm,
are shown graphically in Fig. 4.15. These measurements were performed

on the reverberation room side of the test aperture with absorptive ma-
terial added to the adjacent room.

In a perfectly diffuse field the diffusivity would attain values d =
100 % at the wall and d = 50 % at an ideal open window. These values
are well-approximated by the measured data, considering that d is ex-

pressed as a percentage. Differences between measured and theoretical
values are caused by:

(a) @ lack of perfect directional diffusion in the reverberation
room;

(b) failure to simulate a perfect open window;

(c) the finite common mode rejection index of the sound intensity
meter (Model A83 SIM).
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4.10.3 Application to sound transmission analysis by intensimetry

It has been shown in Section 3.5.4 that diffusivity requirements are
different for sound insulation tests than for diagnostic transmission
analysis by intensimetry. In the former case diffusivity is only im-
portant in relation to the source room, whereas diagnostic analysis of
the transmitted power also requires a certain degree of directional

diffusivity in the receiving room.

The significance of the diffusivity criteria developed in this thesis
was examined by applying it to the sound transmission analyses conduct-
ed on Window 9,5L(200A)10S and described in previous sections of this
chapter. Minimum requirements with respect to the intrinsic reactivity
LRd and the degree of directional diffusivity d were calculated for
sound insulation tests as well as diagnostic transmission analysis on
the window and the 220 mm brick wall containing it. These figures are
compared with the states of diffusivity which actually prevailed during

the tests, determined by direct measurement with the portable

diffusivity meter described in Section 3.5.5.

(a) Source room The minimum requirements with regard to LRd and d
are given in Egs. (3.142) and (3.143), respectively. For sound
insulation tests ‘Le| < 1,0 dB yields

{ LRd > 12 dB; d > 75 % }

For the purpose of diagnostic transmission analysis ILe| < 2,5 dB will
usually suffice, giving

{LRd> 7 dB; d»>56%}

The degree of directional diffusivity measured in the source room that
was employed in the actual tests is shown in Fig. 4.16 for five posi-

tions at a height of 1,5 m above the floor in the centre region of the

room. These positions lie within the volume traversed by the pressure

microphone during sound insulation tests. The point (X ; Y) = (2 ; 0)

lies at a distance of 2,0 m from the source which was situated on
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Degree of directional diffusivity d(%) measured at a height of 1,5m above the floor
of the source room used for sound insutation tests on window 95L{200A)10S.
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the floor. A microphone spacing Ar = 60 mm was used at . 125 and 500 Hz

while Ar = 15 mm was used at 2 kHz.

At low frequencies the diffusivity of the small room (v = 81 m3) with
its limited modal density is noticeably lower than at the higher fre-
quencies. In the 125 Hz octave band the source room does not meet
the diffusivity requirements to ensure |Le| < 1,0 dB for sound insula-

tion tests. The average values measured in the room are

{ 125 Hz : LRd = 10,7 dB; =71 %}
{ 500 Hz : LRd = 13,4 dB; d = 79 % }
{2 kHz : LRd = 14,6 dB: d = 81 % }

(b) Receiving room Diffusivity requirements for diagnostic analysis
of the power transmitted into the receiving room are given in Tables
4.28 and 4.29 for measurements near the surfaces of Window
9,5L(200A)10S and the associated 220 mm brick filler wall, respective-
ly. Equations (3.148) and (3.149) were used to calculate LRd and d,
respectively. These requirements are compared in the tables with the
actual values measured in the receiving room at the filler wall in the
absence of any transmission of sound from the source room. The room
safely meets the requirements for diffusivity at all frequencies. The
degree of directional diffusivity in the relatively large reverberation
room (V = 414 m3) with its large number of stationary diffusers is seen

to be appreciably higher than in the source room which did not contain
any diffusers.
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Table 4.28

Receiving room diffusivity requirements for diagnostic sound transmis-
sion analysis by sound intensimetry, compared with values measured in
NPRL reverberation room.

Test object : Window 9,5L(200A)10S in 220 mm brick filler wall.
Maximum error |Le| < 1,0 dB; A = 2,13 m?.

Octave-band centre frequency (lz)

125 250 500 1000 2000
flanking ratio hg 59 5,9 8,7 2,8 0,4
Room absorption (m?) Sa 9,6 13,0 13,0 11,8 14,1
Intrinsic reactivity LRd
Required; Eq. (3.148) 16,7 15,4 16,9 13,3 8,2
measured (average near wall) 18,0 20,1 20,6 22,0 25,0
Directional diffusivity d %
Required; Eq. (3.149) 85 83 86 78 61
measured (average near wall) 87 90 91 92 94
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Table 4.29

Receiving room diffusivity requirements for diagnostic sound transmis-

sion analysis by sound intensimetry, compared with values measured in

NPRL reverberation room. '

Test object : 220 mm brick filler wall containing Window
9,5L(200A)10S.

Maximum error |Le| < 1,0 dB; A = 6,7 m‘.

Octave band centre frequency (Hz)

125 250 500 1000 2000
Flanking ratio hr o,17 0,17 0,11 0,38 2,5
Room absorption (m“) S« [ 9,6 13,0 13,0 11,8 14,1
Intrinsic reactivity LRd
Required; Eq. (3.148) 14,0 12,7 12,5 13,8 17,1
measured (average near wall) 18,0 20,1 20,6 22,0 25,0
Directional diffusivity d%
Required; Eq. (3.149) 80 77 76 80 86
measured (average near wall) 87 90 91 92 94
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CHAPTER 5
CONCLUSIONS
5.1 INTRODUCTION

This thesis presented a critical examination of sound transmission ana-
lysis by sound intensimetry, which involves the measurement of sound
reduction indices and diagnostic analysis of sound transmission through
panels and structures. Since the intensity method of determining sound
reduction indices has certain basic aspects in common with the classic
two-room method, the latter was examined theoretically and applied on a

comparative basis with the intensity method.

The standard formulation of the intensity method has been expanded to
account for leakage error, interference effects and calibration mis-
match. A theoretical framework has been developed for the evaluation
of sound transmission analysis by intensimetry. Application of the
newly developed criteria to practical situations demonstrated the ver-
satility of the intensity method, but it also emphasized the importance
of acoustical evaluation of test arrangements in view of the perform-

ance limitations of practical measurement systems.

Determined by the accuracy of phase matching, the common mode rejection
index of the sound intensity meter is the principle limiting factor in
regard to the applicability of the intensity method. In assessing the
validity of test results in a given application, this property must be
weighed up against the minimum requirements for the situation, calcula-
ted according to the criteria developed in Chapter 3. These require-
ments, which depend upon the flanking factor, the reflectivity of the
receiving room and the phase matching of the measurement system, may be
brought within reach of the intensity meter performance, if necessary,

by adjustment of either the microphone spacing or the amount of absorp-
tion in the receiving room.

Diffusion is a fundamental requirement of the classic two-room method

and, albeit to a lesser extent, of the sound intensity method as well.
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Assessment of the diffusivity of test rooms is often neglected because
of a lack of practical measurement techniques for this purpose. A new
method of measuring the degree of directional diffusivity has been
developed and demonstrated in this thesis. Based on sound
intensimetry, this technique gives a direct indication of diffusivity

in terms of the intrinsic reactivity of the sound field.
5.2 THE CLASSIC TWO-ROOM METHOD

Most aspects of the classic two-room method have been thoroughly inves-
tigated in the literature. The unsuitability of this method to dis-
tinguish between direct and flanking transmission, however, is seldom
referred to. The reason for this, presumably, is that standard mea-
surement practice based on the classic two-room method requires that
flanking transmission is either suppressed to negligable levels, or re-
garded as part of the direct transmission. In certain applications,
namely if selective determination of the performance of highly effici-

ent sound insulating elements is required, the latter approach is inad-

equate.

Confirmed by experimental observation, error analyses showed that se-
lective determination of direct transmission by subtraction of the
experimentally determined flanking power from the total power, becomes
exceedingly difficult if the flanking factor exceeds a value of
approximately 1,0. This lack of sensitivity also renders the classic

two-room method unsuitable for diagnostic sound transmission analysis
of composite test objects.

5.3 FORMULATION OF THE INTENSITY METHOD

The standard formulation of the sound intensity method of determining
sound reduction indices

R =1LPlL -LI -6 dB (5.1)

has been expanded to
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R = LPL - LI + 10 log (A/Az) + 10 log (1 + 15,/8Vy) + Lc - 6 dB. (5.2)

In order of appearance, the terms introduced into Eq. (5.1) to obtain

Eq. (5.2) account for the following:

(1)

(2)

(3)

The difference between the commonly used plane measurement sur-
face A and the measurement surface A, needed to fully cover the
radiation from the surface of the test object towards the re-
ceiving room. If a plane measurement surface is used, the re-
sulting leakage error should be minimized by locating the mea-
surement surface as close as possible to the radiation surface.

Taking this precaution, the error is usually less than 1,0 dB.

The storage of reverberant energy in the interference field con-
stituted at the boundaries of the source room. At low frequen-
cies, sound reduction indices obtained according to the standard
formulation of the intensity method are generally lower than
those obtained by the classic method. Introduction of the
Waterhouse correction term improves the accuracy of the estimate
for the average energy density in the room. At low frequencies,
where it could make a difference of more than 2 dB, application
of this correction was found to resolve the commonly observed
discrepancy between intensity and classic method results. As
for the classic two-room method, the Waterhouse correction is of

less importance in view of the partial cancellation of the

source and receiving room terms.

Calibration mismatch between the sound pressure and intensity
measurement systems employed in determining sound reduction in-
dices. The effect of calibration mismatch is usually less than
1,0 dB but being a systematic error, it should be eliminated.
The calculation or elimination of this error depends on the de-

sign of the measurement system and its calibration procedure.
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5.4 SOUND ABSORPTION BY THE TEST OBJECT

Sound absorption by the test object on the receiving room side consti-
tutes a sink within the Gaussian surface of integration. The flux of
absorbed power subtracts from the flux of power radiated by the test
object, creating the impression that less than the actual amount of
power is transmitted. The sound reduction index is therefore overesti-

mated as a result of sound absorption by the test object.

In most applications, owing to the typically low sound absorption ex-
hibited by test panels, the error is negligible. However, since the
flux of absorbed power not only depends on the absorption coefficient,
but on the flanking factor as well, the following situations could give

rise to large absorption errors:

(1) Sound insulation tests and diagnostic analysis of highly effici-

ent elements mounted in filler walls.

(2) Sound insulation tests and diagnostic analysis of flanking walls

containing thin panels or inefficient elements.

In the aforementioned cases the absorption error may attain large val-
ues, even though the test object may be a solid hard panel such as a
brick wall with an absorption coefficient of 0,04 or less. Sound ab-
sorption by the test object not only affects the accuracy of sound in-
sulation tests; it may also create a false impression of the transmis-
sion characteristics of composite structures. It should be borne in
mind that the sound intensity meter (if used within its limitations),
gives an accurate account of the net situation which may simultaneously
involve radiation and absorption of sound. A well-damped panel in a
filler wall would radiate a uniform flux of power into an anechoic re-
ceiving room. If the receiving room is made reverberant, the panel may
appear to behave quite differently in that the net radiation may appear
to become smaller or even negative. The reason for this is that the
rate at which sound energy is absorbed from the reverberant field,
which may be excited predominantly by flanking sources, becomes compar-

able with the power radiated by the panel.
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The risk of absorption error in a given application of sound transmis-
gion analysis may be assessed with the aid of the criteria presented

graphically in Fig. 3.6.

5.5 MINIMUM REQUIREMENTS FOR SOUND TRANSMISSION ANALYSIS IN REACTIVE
FIELDS

Sound insulation tests in reverberant receiving rooms require detection
of low intensity levels in reactive fields. The common mode rejection
index LRm has been defined in order to relate the performance of the

measurement system to the reactivity LR of the sound field.

The reactivity near the surface of a test object facing a reverberant
receiving room may range from = 1 dB to more than 20 dB. In most
cases, however, LR is found to lie within the range 6 - 12 dB. Using
matched pairs of high-quality condenser microphones with a spacing of
12 mm, LRm has a typical value of 12 dB at 125 Hz, increasing to 18 dB
or more at frequencies » 500 Hz. By increasing the spacing to 50 mm, a
further 6 dB may be gained at all frequencies. Hence, even with a
spacing of only 12 mm, it is possible to perform reliable sound
transmission tests in reverberant rooms. However, in view of the
extremities which may be encountered, it is important to assess each

situation to eatablish the minimum acoustical requirements.

The reactivity near the surface of a test object in a given application
may be predicted with the aid of Fig. 3.10. In order to limit the
intensity error to a specified value, a safety margin LRm - LR > AL,

calculated by Eq. (3.108), must be maintained. This is accomplished by
either of the following methods:

(1) Control of LRm by using a large enough microphone spacing. In
some applications this may involve the use of more than one spa-
cer to cover the frequency range of interest. The spacing re-
quired for a particular value of LRm may be determined by cali-
bration of the measurement system in a rigidly terminated stand-

ing wave tube, or if the phase-match error is known, by using
Eq. (3.109).
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(2) Control of LR by increasing the amount of absorption in the re-
ceiving room. The minimum amount of absorption may be determin-
ed with the aid of Fig. 3.11 or by means of Eq. (3.1l1).

These criteria may be applied to any part of the structure, as long as
the surface under investigation is consistently viewed as the test ob-
ject, while the remainder of the structure is regarded as a flanking
path.

5.6 DIFFUSIVITY

It has been shown that the sound intensity field in the vicinity of a
source in a diffuse room is identical to that in a free field. The
reason is that the sound intensity in the reverberant part of a diffuse
field is characterized by uniform directional distribution and zero net
flow at any point. If not deflected, the direct field maintains its
free-field characteristic. The extent to which the total intensity
field (direct plus reverberant) approximates the free-field characte-
ristic of the source may be used as an indicator of the degree of di-

rectional diffusivity in the reverberant field.

A quantitative method of measuring the degree of directional diffusi-
vity has been developed and evaluated. Based on the relationship be-
tween reactivity LR and the degree of directional balance in the
intensity field, this method involves the measurement of the average
sound pressure level in the room as well as the magnitude of the total
intensity vector at the point under consideration. A direct-reading
diffusivity meter, used in conjunction with a portable sound intensity

meter, has been developed and utilized in assessing diffusivity in test
environments.

The main adventage of the intensity method over the directivity and
correlation methods, is its comparative simplicity and directness.
Moreover, being directly related to the net energy imbalance at the
point under consideration, the result of the intensity method may be

used quantitatively in assessing the effect of a lack of diffusivity on

acoustical tests performed in a reverberant roonm.
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The effect of a lack of directional diffusivity on the accuracy of
sound transmission analysis in reactive fields has been investigated.
Criteria for calculating minimum diffusivity requirements in the source
and receiving rooms have been developed. In short, these amount to the

following: (LRd = intrinsic reactivity; d = % directional diffusivity)
(1) Source room For a maximum error of 1,0 dB, the requirement is
{LRd>»12 B ;d>»75%} (5.3)

(2) Receiving room Due to the elimination of extraneous noise by
closed-surface integration of sound intensity, a diffuse
receiving room is not required for the determination of sound
reduction indices by intensimetry. For the purpose of
diagnostic transmission analysis, however, a certain degree of
diffusivity is required. The figure, according to Eq. (3.151),
increases with the surface area of the test object and with the

flanking factor, and decreases with the amount of absorption in

the receiving room.
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APPENDIX Al

DESCRIPTION AND SPECIFICATIONS OF SOUND INTENSITY METER MODEL A83 SIM

Al.1 GENERAL DESCRIPTION

Al.l.1 Physical description MHodel A83 SIM, shown in Plate Al.l, is a

battery-operated portable sound intensity meter developed at the NPRL
of the CSIR. The dimensions of the ingtrument are 335 x 185 x 90 mm
and it has a weight of 3,0 kg.

Al.l.2 Measurement principle Particle velocity is derived from the

signals of two pressure microphones in accordance with the relationship
defined in Euler's equation. The sequence of differentiation and inte-
gration, however, differs from the usual order in that subtraction is
preceeded rather than followed by integration. Sound pressure is de-
termined by averaging of the two microphone signals and the sound in-
tensity by multiplication of the pressure and particle velocity sig-
nals. The measurement of sound intensity as shown diagrammatically in

Figure Al.l, is performed by analog electronic computation.

Al.1.3 Modular composition The main functions of the system are

grouped and contained in 11 modules, as shown in Fig. Al.2.

Al.1.4 Filters The system incorporates two sets of matched filters,
each comprising eight octave filters (centre frequencies from 63 Hz to
8 kHz) as well as dBA and LINEAR networks. dBA-weighting complies with
IEC recommendation 179 in the frequency range 10 Hz to 10 kHz. Octave

filters meet requirements for ANSI Class II filters.

Al.1.5 Averaging facilities In addition to using FAST or SLOW meter

response, averaging may be performed by linear integration of the in-

stantaneous intensity signal over fixed periods of either 10 s or 32 s.

Al.1.6 Signal output/input (record/playback) facilities. Input/output
facilities provided at various stages

in the computation process
simplify calibration, test, recording and playback procedures.
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Al.1.7 Functions The following functions may be selected:

(1) Sound intensity level (re 1071 2y/m?)

(2) Particle velocity level (re 50 x 10~%nn/s)

(3) Pressure level, microphone A (re 20 x 107 Pa)
(4) Pressure level, microphone B (re 20 x 107 pa)

Al.1.8 Intensity probe Model A83 SIM is used with either of the fol-

lowing two probes:

(1) Briiel & Kjaer type 3519 sound intensity probe.

(2) NPRL intensity probe comprising two sets of phase-matched
Briel & Kjaer type 4165 condenser microphones and 2619 pre-
amplifiers contained in an adjustable clamp. Cylindrical
spacers are used to stabilize the microphones in their spac-
ed positions and to reduce interference effects. The NPRL-

probe is shown in Plate Al.2.

Performance figures presented in this appendix were measured with the

intensity meter fitted with the latter probe.

Al.2 CALIBRATION

Al.2.1 Regular calibration The microphones are calibrated with the aid

of a pistonphone. This ensures calibration of all functions, provided

system gain setting corresponds with selected microphone spacing.

Al.2.2 Optional adjustment of relative calibration level Particle

velocity gain can be adjusted to attain calibration for pc # 400 mks
rayls, if required. Calibration is performed by means of an electronic

calibrator A83 CAL 2 which generates two accurately defined phase-shif-
ted signals.

Al.2.3 System performance checks Special functions and facilities are

incorporated in the system to enable accurate in situ assessment and

optimization of system performance. This ensures accurate differentia-
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Plate Al.2

Sound intensity probe used with sound intensity meter

Model A83 SIM
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tion and integration and provides for optimum gain and phase matching

of the electronic system.

Al.3 SPECIFICATIONS

Al.3.1 Ffrequency response The frequency response curves of the

complete system shown in Fig. Al.3(a) - (c) were determined in an
anechoic room with the intensity probe placed at a distance of 0,75 m
from a loudspeaker driven by a sine-wave signal. A reference
microphone and a compressor-feedback system were used to attain a

frequency - independent sound pressure level at the measurement point.

Al.3.2 Directional response The directional characteristics of the

sound intensity meter as measured in an anechoic chamber are shown in
Fig. Al.4.

Al.3.3 Common mode rejection index The common mode rejection indices

LRm of the system listed in Table Al.l were obtained by measuring the

sound pressure level LP and the sound intensity level LIm in a rigidly

terminated standing wave tube excited with broad-band random noise.
LRm was calculated from

LRm = LP - LIm ds (Al.1)

Table Al.l

Cominon mode rejection indices LRm of model A83 SIM sound intensity

meter for different microphone spacings Ar.

Ar Octave band centre frequency (Hz)

(mm) 63 125 250 500 1000 2000 4000 8000

9 60 10,3 15,5 17,0 15,0 16,0 18,0 15,0
15 8,2 12,5 18,0 19,0 17,0 18,0 20,0
60 14,1 18,6 24,0 25,1 23,0
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Figure A13

Frequency response of sound intensity meter Model A83 SIM.
Intensity probe: 2X B&KL165 microphones + 2X B&K2619 preamplifiers.
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Figure Al4

Directional intensity response of model A83 SIM.
Probe: 2X B&K4165 microphones + 2X B&K2619 preamplifiers.
Ar = 15mm.
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Al.3.4 Dynamic range The maximum level (pressure, particle velocity

and sound intensity) is 140 dB relative to standard reference levels Py
= 20 x 10™® pa, Up = 50 x 10”° nm/s and 15 = 107'%W/n’.  Minimum
levels measured with the probe placed in a quiet anechoic chamber are
listed in Table Al.2.

Table Al.2
Sound intensity meter Model A83 SIM
Equivalent octave-band sound pressure level LP, particle velocity level

LV and sound intensity level LI (dB) due to inherent system noise

(microphones included). Ar = microphone spacing.

Ar |Function Octave band centre frequency (Hz)
(mm) 63 125 250 500 1000 2000 4000 8000
9 LP 25 20 a5 <15 <15 <15 <15 <15
LV 58 49 4] 33 26 21 17 16
LI 30 20 <15 15 <15 <15 <15 <15
15 Lv 54 45 37 29 22 17 <15 -
LI 25 18 <15 (15 <15 <15 <15 -
60 LV 42 <15 <15 <15 <15 - - -
LI 20 <15 (<15 (15 <15 - - -
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