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This paper is concerned with an experimental modal analysis of a loudspeaker system. Based
on Frequency Response Functions (FRFs) measured in about 500 points uniformly spaced on
the front panel of the loudspeaker system several vibrations modes, mainly of the loudspeaker
membranes, have been found. Then, the vibrations of the loudspeaker membranes were compared
with vibrations of the cabinet of the loudspeaker system. It has been shown that the vibrations
of the loudspeaker system cabinet were very small relative to the vibration of the loudspeaker
membranes. Thus, the loudspeaker system enclosure, which may be considered as a set of vibrating
plates is a source of rather week sound and may be neglected.

1. Introduction

1.1. What is modal analysis?

A term modal analysis refers to a process of characterising dynamic response of a
structure by describing its vibrational motion by means of a set of mathematical rela-
tionships, generally referred to as modal properties [1, 2, 13, 5]. Vibrational modes of
a structure can be obtained by means of one of two different approaches: mathematical
models or experimental analysis [4].

Mathematical models generally discretize a structure by dividing it into a number of
masses and springs, either by assuming a lumped mass and spring approach or by using
the Finite Element Method (FEM) where each element is considered as a mass-spring
system. A computer program, then, solves the eigenvalue extraction problem to obtain
the mass, frequency, damping and mode shapes of each eigenmode of the system. Once
the modal properties are determined the system is entirely described.

Experimental modal analysis on the other hand starts from a set of measured Fre-
quency Response Functions (FRFs) of a structure. The FRF is defined as a ratio of a
response signal spectrum and an excitation signal spectrum. Based on these functions
the modal properties (i.e. modal frequencies, modal damping and mode shapes) are cal-
culated without any specific assumptions concerned with the distribution of mass and
stiffness of the structure. The modal model, that consists of the modal properties, is ob-
tained by analytical curve fitting of one or more FRFs. The experimental modal analysis,
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based on FRFs measurements, may be used to describe a dynamic behaviour of any
vibrating object including a loudspeaker system,

In terms of modal analysis, the FRF for the response X;, at a point i, due to an
excitation force Fj applied at a point k [4, 13, 10, 11], has a form:
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where ;) — residue for r-th mode, s — Laplace variable, p, = o, + jw,, fork = 1, .
— eigenvalue or the pole of the FRF, o, — modal damping of the r-th mode, w, — modal
frequency of the r-th mode.
If all points ¢ and k are taken into consideration, then Eq. (1) takes form:
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The Laplace variable s in Eq. (1) has been replaced by the frequency w along the fre-
quency axis; p, and {u,} are complex quantities. Thus, each mode of vibration is defined
by a pair of complex conjugate poles (p,,p;) and a pair of complex conjugate mode
shapes ({u;}, {u;}); {u,}* and {u}}* are transpositions of {u,} and {u}} respectively.
A set of FRFs with indices 7 and k is usually arranged in a matrix called a modal matrix.

1.2. Assumptions

Modal analysis imposes following assumptions on the investigated object:

= The system is linear. It means that a response of the system is proportional to an
excitation. This assumptions has three following implications for FRFs measurements:

» Superposition. A measured FRF is not dependent on the type of excitation waveform
used.

e Homogeneity. A measured FRF is independent of the excitation level.

» Reciprocity. The FRF measured between any two points of the structure is inde-
pendent of which of them is used for excitation or response. Therefore, only one row
or column of the modal matrix needs to be measured in order to identify the modal
parameters of the structure. The only exceptions to the above statement are rows and
columns corresponding to components of the modal vector which are zero. These are
known as the nodal points of the mode shape.

= The structure is causal. It does not start to vibrate before it is excited.
= The structure is stable. The vibrations dies out when the excitation is removed.

= The structure is time-invariant. The dynamic characteristics do not change during
the measurements.

= Modes are defined in a global sense. Mode shapes are defined for all degrees of
freedom of the model. Frequency and damping of the mode do not vary significantly
from one part of the structure to another.

= Only one mode exists at each modal frequency.
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These assumptions can be satisfied in a large number of test situations. However,
accuracy of the resulting modal parameters depends largely on how closely the analysed
system follows them.

In many cases, to simplify calculations, it is necessary to assume that a loudspeaker
and a loudspeaker system are approximately linear systems. However, this assumption is
only reasonable true for small displacements of the structure. In this case loudspeaker
systems can be treated as linear systems in the whole explored frequency range. The
other conditions which modal analysis imposes on the investigated system, as causality,
stability and time-invariantness, are undoubtedly met by the loudspeaker system.

1.3. The role of modal analysis with respect to acoustics. Aim of the experiment

In classic experimental modal testing a structure is excited at one or more points
and the response is determined at one or more points. It was the reason that at the
beginning the modal analysis was used for dynamic investigation of large objects [3], like
cars, ships, aircrafts, buildings, mill elements, vibrating machines, etc. It was relatively
easy to excite the structure by a shaker or by an impact hammer with a force transducer
and to measure the response signal by means of an accelerometer attached at some key
points [7]. In this classic form experimental modal analysis is successfully used in acoustics
in the investigations of the dynamic behaviour of music instruments like violins, pianos,
guitars, handbells, etc. [3].

However, application of modal analysis to investigation of objects whose mass was
comparable to mass of accelerometer, like commonly encountered in electroacoustics
loudspeaker membranes, was almost impossible. It is possible to attach the accelerometer
to the loudspeaker membrane, but the response signal determined by the accelerome-
ter will not be the response of the membrane itself, but the response of the membrane
loaded by the accelerometer. Such a signal is rather useless in modal investigations. This
serious drawback has disappeared when a non-contact method of detection and measur-
ing the structure response signal has appeared. A laser velocimeter enables successful
measurements of the loudspeaker membrane response. It is not necessary to cover the
membrane by a reflective material, so the problem of unwanted mass attached to the
membrane does not exist.

Then, the use of the laser velocimeter is the only chance of successful modal analysis
of loudspeaker membranes and complete loudspeaker systems. However, some more
modifications of the classic experimental modal analysis technique have to be made too
(see next paragraph for details).

In this paper the modal analysis was used to analyse vibrations of a complete loud-
speaker system. The main purpose was to find, visualise and compare all vibrating areas
of the loudspeaker system including both the speakers and the cabinet of the system, It is
well known that the loudspeaker system cabinet vibration can influence the reproduced
sound by a loudspeaker system giving so-called “colouration” effect. The effect may be
simply due to the interference of reproduced sound from loudspeakers with unwanted
sound produced by thrilling surfaces or due to resonances of the cabinet. If areas with
unwanted significant vibrations are well known, it will be possible to eliminate them or,
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at least, to change their resonant frequency by attaching an additional mass, a damping
element or a stiffening element.

2. Measuring setup and measuring conditions

A block diagram of a measuring system used in the investigation is presented in
Fig. 1. The object under investigations was a typical ZgP-40-8-85 “Tonsil” loudspeaker
system taken by chance from the manufacture. The system consisted of one woofer (GDN
20/40/12) and two tweeters (GDW 9/15/6 and GDW 5/40/9). The dimensions of the system
were: 256 x 456 x 210 mm. The loudspeaker system was mounted on a motor-step table
controlled by a computer, enabling its positioning.

. Optical Head
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Vibrometer Controler

O

| FFT Analy1zer ﬁ&epping Motor]
‘T-”“' e "‘l-z_J Controler

in out
Computer

Power Amplifier

Fig. 1. Measuring setup for modal analysis used in the investigations.

The system was excited by a constant voltage (RMS), flat spectrum, pseudo-random
noise. The frequency range of the signal was 0 —4 kHz. An example of the exciting signal
spectrum is shown in Fig.2. To preserve natural working condition of the system the
signal was delivered to the loudspeaker’s voice-coils. The signal was also delivered to one
channel of the dual channel spectrum analyser (ONO SOKKI CF 6400) which was the
main part of the measuring equipment.

The response signal from the vibrating body, ie. the changes of the velocity of a
vibrating point of the system, was measured in a non-contact way by means of a laser
velocimeter based on the Doppler effect. Velocity was measured in the parallel direction
to the main axes of symmetry of the loudspeakers. The velocimeter was fixed on a frame
and its position did not change during experiment. The signal from the velocimeter was
fed to the second channel of the analyser.

The spectrum of the excitation evoked by the stimulating pseudo-random noise was
broadband and contained discrete components whose frequencies corresponded to the
frequencies of analysis. A repeatable nature of the stimulating waveform enabled suc-
cessful application of time averaging procedure for FRFs. So the signal-to-noise ratio
was significantly improved.
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Fig. 2. The spectrum of the excitation signal used in the investigation.

The rectangular window, as the most appropriate for pseudorandom noise and tran-
sient signals, was used in both measuring channels. The analyser calculated FRFs based
on the Eq.(1). Then, FRFs were transferred via GPIB card to a computer and stored
for further analyse by means of the SMS STARModal® software.

Experimental modal analysis is based on a set of measured Frequency Response
Functions (FRFs). A distribution and a number of the measuring points applied to the
object are very important for the accuracy and the resolution of the analyse. They must
reflect the geometry of the investigated object in an optimal and the best possible way.
The maximum number of the data points that the STARModal® software could cope
with was 500. A measuring “net” consisting of 17 points placed along z-axis and 29 points
placed along y-axis was constructed. Thus, the loudspeaker system was characterised by
means of 493 points uniformly spaced on the front panel of the system. The distance
between two adjacent measuring points was approximately equal 1.5 cm. The distribution
of the measuring points, plotted in Cartesian coordinates is given in Fig. 3.

It would be the best if the majority of measuring points were placed in areas of the
most significant possible vibrations. However, as before the experiment positions of nodal
points were unknown we decided to distribute all available measuring points uniformly.
If some modes of a single loudspeaker were of the main interest then all points should
cover it.

In the carried out experiments it was necessary to adopt the classic modal analysis
to measurements performed directly on a loudspeaker [8, 9]. The classic modal analysis
assumes that the excitation signal is a force signal. However, in the presented experi-
ments the membrane was driven by the voice-coil. Thus, it was impossible to fulfil this
requirement because the value of exciting force was unknown. The voice-coil voltage was
taken as the input variable instead of the force.

For the carried out analysis a point excitation was assumed. The central point of the
woofer’s membrane was chosen as the stimulation point in all calculation. The only way
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Fig. 3. Measurement geometry of the front panel of the “Tonsil” loudspeaker system.

of measuring vibrations of the loudspeaker, that reflects a normal condition of its action,
is to excite the loudspeaker by means of its voice-coil. This necessity results from the
nature and the structure of the loudspeaker. On the other hand this assumption might
be a source of a certain error. This error can be estimated by means of the multi-point
excitation version of the modal analysis and is under investigation.

3. Results of modal analysis of the loudspeaker system

Based on the frequency response functions measured in all 493 points the modal
parameters (i.e. modal frequencies, modal damping and mode shapes) were calculated.
The results of modal analysis are listed in Table 1. Each cell of the table shows modal
frequency, the mode shape and the percentage of critical damping. The percentage of
critical damping is defined as [10]:

= —100%, 3
o Ve e
where o, — damping value in s~! for 7-th mode, w, — damped natural angular frequency
in s~ for 7-th mode.

The shape of the mode is simply a plot of motion in z direction expressed in a
linear scale, determined in each measuring point of the loudspeaker system for one



Table 1. Results of modal analysis for the complete loudspeaker system.
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particular phase of the vibrating movement. The units along z-axis are the same in each
cell in Table 1. The basic structure and a character of each of presented modes is roughly
constant. However, the shape of the plotted surfaces may somewhat vary as phase changes
from 0 to 360 degrees.

The frequency resolution of the measurements was equal to 10Hz (400 frequency
values equally spaced in the measuring frequency range). The spatial resolution was about
1.5cm. Therefore, positions of characteristic nodal circles and lines on the loudspeaker
membranes are difficult to identify. However, from the sequence of mode shapes shown
in the Table 1 it can be seen that at frequencies fy, f1 and f> only the woofer is working
and its vibrations relative to the vibrations of the rest of the cabinet are significant. At the
frequency fo = 90 Hz the basic rigid-body resonance of the woofer is visible; all points of
the woofer move in phase. The first mode of woofer’s vibration is observed at a frequency
fi = 580Hz. This mode has one nodal circle situated near the outer suspension. This
is a typical axisymmetric mode. The motion of membrane’s points inside the circle is
characterised by a smaller amplitude than the motion of the points outside of the nodal
circle. The phase of the movement inside the nodal circle is opposite relative to the phase
of the outer part of the membrane. At the frequency f, = 650Hz a high-amplitude
motion of woofer’s outer suspension can be noticed. All remaining modes from the
Table 1 can by analysed and described in a similar way. However, for higher system’s
modes identification of modes is more difficult and is based on some speculations [6,12].
For example, system’s mode number 3 corresponds probably to the first mode of the
mid-tweeter; the fifth system’s mode probably fits in the second mode of the woofer and
the basic resonance of the middle range tweeter; the eighth system’s mode is probably the
second mode of the mid-tweeter and so on. The higher frequency the more complicated
mode shape and it is rather difficult to distinguish nodal lines and circles on the vibrating
loudspeaker and to describe its vibrational patterns. Higher mode shapes of the complete
loudspeaker system show that “something is going on” but give no details. Therefore, to
obtain clear mode shapes, it is probably necessary to investigate the single loudspeaker
placed in the system.

When values of modal damping are examined it can be stated that all values of
damping are greater than these encountered for “normal” mechanical systems. In a con-
sequence, mode shapes are complex in their character. It means that phases of motion
of adjacent areas are not equal to 0 or 180 degrees, but they can possess any value from
the range of 0 to 360 degrees. Moreover the modes are not so “sharp” and “clear” as
they are in mechanics.

The shapes of the modes presented in the Table 1 express motion of all points in
the parallel direction to the main axes of loudspeakers. Generally, the greatest motion
is connected with the points situated on the membrane of the woofer, which is rather
expected in the investigated frequency range. Significant, non zero motion can be also
observed at areas corresponding to the tweeters, particularly for frequencies above 1kHz.
At some frequencies motion of the middle range tweeter was in phase while in others it
was in antiphase to the motion of the woofer. In this cases the mid-tweeter was mainly
excited electrically by the voice-coil since crossover frequency between the woofer and the
middle range tweeter was equal 3.5 kHz and the slope of the crossover filter characteristic
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was about 6 dB/octave. The crossover frequency between the mid-tweeter and the tweeter
was 10.5 kHz and the slope of the filter was 6 dB/octave. The amplitude of the tweeter’s
movement was only slightly higher than the motion of the cabinet. Due to frequency
range of measurement this result was not unexpected. Both tweeters were also excited
mechanically by the vibrations of the cabinet. However, due to small amplitudes of cabinet
vibrations and damping properties of the suspension of the membrane their influence on
membranes motion was rather small.

All active points situated on the front panel of the system correspond to the vibra-
tion of the speakers. The points beyond the membranes (excluding some points in the
adjacent area to the woofer) may be characterised by a near zero velocity. It means that
cabinet must be relatively rigid. It may transmit some vibrations (to excite the mem-
branes of the tweeters in some way) but it behaves quite calm. However, mode shapes
presented in the Table 1 are expressed in a linear scale. So it is difficult to asses the dy-
namic range differences between vibrations of the cabinet relative to the vibrations of the
membranes. To asses this differences some additional measurements were carried out.
These measurement were concerned with determination of the power spectrum of the
background noise, and the power spectrum of the response signal in all measuring points.
First, the power spectrum of the velocity was determined while exciting pseudo-random
noise was delivered to the loudspeaker system. Then, the signal was turned off and the
power spectrum of the velocity was determined again. The velocity measured in the later
case corresponded to the background noise vibrations, thus the power spectrum of the
background noise was determined.

Examples of the power spectra are presented in Figs.4a—g (the data presented in
these figures were collected in points which are shown in Fig. 3 by means of black dots).
Both curves are plotted in a logarithmic scale (in dB) and are scaled on a 20dB units.
Frequency is given in a linear scale on abscissa. The upper curve in each panel of the
figure shows the magnitude of response spectrum measured for the pseudo-random noise
excitation. Each bottom curve shows the power spectrum of background noise. The data
collected in Fig. 4 depict response signals of the front panel (including membranes) only,
since significant vibrations were observed on this plate only.

The level of the vibration connected with the stimulating signal is generally higher
than the level corresponding to the background noise particularly for the points placed on
the membranes and for all points situated no further than 3 cm from vibrating membrane
(see. Fig.4c and 4d). The largest difference, equal approximately 60 — 75dB in whole
frequency range, was observed in point no.4 (the membrane of the woofer) and in point
no.3 (the rim of the woofer). Next, the measuring point (no.2) placed on the plastic
ring of the woofer showed also significant vibrations, about 30dB above the background
noise (Fig. 4b). Significant vibrations were also observed in point no.6 situated on the
mid-tweeter membrane (Fig, 4f).

The data presented in Fig.4e suggest that point no. 5 situated between the woofer
and the middle range tweeter also vibrated significantly. These vibrations were about
20dB above the level of the background noise in the frequency range up to 3kHz. The
vibration observed on the mid-tweeter might came from the electric stimulation and were
not caused by vibrating air-volume bounded within the cabinet.
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It is worthwhile to say that this type of results were also gathered for all points placed
close (no further than 2 — 3cm) to the woofer. So the data presented in Fig.4e are
representative for whole area around the woofer. They suggest that in real conditions this
area vibrates significantly. However, the observed vibrations were approximately 40-50
dB below the vibration of the membrane of the woofer.

No vibrations were observed in points no. 1 and 7 (see Figs.4a and g) and in all
other points situated further than 3cm from the woofer. For these points there is a
small difference between power spectra of the signal and background noise in the low
frequency region. However, there was no measuring point that this difference was higher
than 5dB in the whole frequency range. Similar measurements have been carried out on
the back and side plates of the cabinet and very similar results have been obtained. On
the other hand it is necessary to say that there is a huge difference between vibrations
of the membrane and the vibration of points situated outside of the membranes. This
difference is at least 60 dB in whole frequency range. Thus, assuming that the front panel
of the loudspeaker system is a kind of vibrating plate, then its vibrations are 1000000
times smaller than the vibrations of the membrane of the woofer. It means that the front
panel is almost calm, its vibrations are very small and their contribution to the total
vibration pattern in the majority of cases can be neglected.

4. Conclusions

1) Spatial resolution of measurements performed on the front panel of the loud-
speaker system was rather rough. However, some modes of single loudspeakers were
found in the set of the system vibrational patterns. The most distinct, the most character-
istic and the best pronounced modes of vibration belong to one of the three categories:
axisymmetric, antisymmetric or mixed. Axisymmetric modes possess only nodal circles.
Antisymmetric vibration patterns have nodal diameters. Mixed modes exhibit nodal cir-
cles and nodal diameters.

2) The biggest vibrations measured on the front panel of the loudspeaker system are
related mainly to the vibrations of the membranes of the speakers. Vibrations of the
woofer and the middle range tweeter are at least 60 dB higher than vibrations observed
in the most points of the front panel of the cabinet.

3) Vibrations of the front panel of the loudspeaker (excluding the areas of the mem-
branes) are very week relative to the vibrations of the membranes. They are no higher
than 5dB above the background noise. The only exception is the area close to the woofer
where the vibrations were about 20 dB above the level of the background noise.

4) The contribution of the vibrations of the front panel of the investigated loudspeaker
system (excluding the membranes) to the sound field radiated by this system is rather
small and may be neglected.



EXPERIMENTAL MODAL ANALYSIS OF THE LOUDSPEAKER SYSTEM 127

Acknowledgments

We thank an anonymous reviewer for helpful comments on an earlier version of this
paper.

References

[1] D.J. Ewins, On predicting point maobility plots from measurements of other mobility parameters, J.Sound
and Vibration, 70, 69-75 (1980).

[2] D.J. Ewins, Modal Testing: Theory and Practice, RSP Ltd John Wiley & Sons Inc., London 1986.

[3] N.H. FLeTcHeR and T.D. RossING, The Physics of Musical Instruments, Springer-Verlag, New York
1991.

[4] K.D. MARSHALL, Modal analysis of a violin, J. Acoust. Soc. Am., 77, 695-709 (1985).
[5] H.G. NATKE, Einfuehrung in Theorie und Praxis der Zeitreihen- und Modalanalyse, Vieweg, Berlin 1992,

[6] M. SakamoTo, K. SaToH, K. SATOH and N. AToi, Loudspeaker with a new disc diaphragm, 64th
Convention of Audio Engng. Soc., New York, 1-31 (1979).

[7] E.B. Skropzka and E. HoJaN, Initial modal testing of a cantilever beam, Arch. Acoust., 19, 3, 355-365
(1993).

[8] E.B. Skropzka and H. FLEISCHER, Drgania strukturalne gloénikéw [in Polish], XLI Open Seminar on
Acoustics, Wroctaw-Szklarska Porgba, 415-418 (1994).

[9] E.B. SkroDzKA, H. FLEISCHER, T. DILLMANN and H. WINTER, Vibroacoustic investigation of a loud-
speaker, DAGA, Dresden, 553-556 (1994).

[10] STAR, The STAR System version 3.02D. Theory and application, [in:] User’s Manual, SMS (1990).

[11] T. UnL, W. Lisowsk1 and L. MIEKINIA, Wprowadzenie do analizy modalnej. Czesé I. Podstawy teoretyczne
[in Polish], Energetistic Methods in Vibroacoustics, IT School, Krynica, 95-114 (1993).

[12] W. WienudFER and H. SANDER, Bestimmung der Eigenformen von Wandlermembranen durch beriirung-
slose Messung und Analyse der Impulsantwort, DAGA, 513-516 (1988).

[13] K. ZAvERI, Modal Analysis of Large Structures-Multiple Exciter Systems, Bruel & Kjaer, Naerum 1985.



ARCHIVES OF ACOUSTICS
22, 2, 129-140 (197)
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The paper examines a new acoustic construction which differs from the classical Helmholtz
resonator. The proposed acoustic resonator consists of massive plates with a rectangular-shaped
slit of varied width. Sound-absorbing materials are not used in such a resonator, and the effect
of absorption is achieved due to the resonance qualities of such a construction.

In a theoretical model of such construction, both the main resonance and the overtones, i.e.
the odd harmonics, the impedance of the slit itself, the impedances of added air masses outside
and inside the slit, the impedance of the resonator air volume, and the radiation impedance are
taken into account.

On the basis of the formulas obtained, the change in the sound absorption depending on the slit
width and the distance between the slit and the rigid surface is computed. It has been established
that the absorption has a resonant nature and it is enhanced with the increase in the slit width.
When the slit width is 65 cm, the absorption area reaches almost 4m? at 60 Hz. The volume of
the resonator is significant. When the resonator’s height is increased to 150 cm and the slit width
is 30cm, the area of absorption is as large as 3.5m? at 35 Hz.

The dependence of the real and imaginary parts of the slit impedance and the radiation
impedance on the slit width is computed, as well as the dependence of the real and imagi-
nary parts of the resonator volume impedance on the slit width under constant distance to the
rigid surface of the ceiling.

1. Introduction

Certain quantities of sound-absorbing materials must be placed in music halls for the
optimization of their acoustics. These materials must have different acoustic characteris-
tics, i.e. sound must be absorbed differently at various frequencies. This is necessary in
order to obtain an optimum frequency characteristics of the hall reverberation time which
is one of the most important objective criteria of the hall acoustics. The reverberation
time depends on the intended purpose of the hall, its volume, the musical work being
performed, the listener’s location in relation to the sound source, and the quantity and
acoustic properties of the sound-absorbing materials.

The halls’ reverberation time usually requires reduction at low and medium fre-
quencies, whereas at high frequencies the reduction is practically unnecessary because
high-frequency are well-absorbed by the air itself. There are almost no materials show-
ing both considerable absorption of low frequency energy and poor absorption of high
frequency energy. Therefore special perforated acoustic structures are made employing
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an air gap which is usually filled with a sound-absorbing material. Such a structure is
represented by the classic Helmholtz resonator. A thin plate with varied perforation per-
centage is used in such a resonator with an air gap left behind it. The air gap is filled
with a sound-absorbing material.

The aim of this work is to design a resonant structure that would be characterized by
high absorption of low-frequency sound energy and poor absorption of the high-frequency
one. The essence of the structure is that, in contrast to the Helmholtz resonator, a thick
rigid plate without perforation is used, while the sound absorption effect is obtained
by employing variously-shaped slits several tens centimetres wide and made of planes
instead of small holes. These planes form the structure of the sound reflections which
is very important for obtaining good acoustics. It is impossible to create an adequate
sound reflection structure solely by using the classical Helmholtz resonant structure for
the ceiling. In order to apply the proposed acoustic structure for practical purposes one
must know how it absorbs sound at different frequencies and how does the absorption
depend on the geometric parameters of the resonator.

2. Theory

The sound absorption properties of Helmholtz-type resonators have been investigated
by many scientists in various countries. U. INGARD [1], F.P. MEcHEL [2], P. GuiG-
NOUARD [3], B. BRouaRrD [4], J.F. ALLARD [5] and others have examined the changes
in the sound absorption properties and impedances of thin, small-diameter, differently-
shaped perforated plates made of various materials depending on the plate thickness and
other parameters,

In the slit-shaped acoustic resonator, we will determine both the main resonance and
the overtones, i.e. the odd harmonics, the added air masses outside and inside the slit,
the energy losses in the case of a closed slit, and the effect of the resonator volume on
the sound absorption.

The air gaps between the planes may be examined as holes. The calculated diagram
for these gaps is shown in Figure 1.

The sound absorption of such a resonator may be calculated by the formula (1).

A= g oS, (1)
where pg is the air density; ¢ is the speed of sound in the air; 5, is the area of the
resonator; Z is the impedance of the hole; Z, is the radiation impedance.

It is seen from the formula that in order to obtain the resonator’s sound absorption,
the impedance of the hole itself Z and the radiation impedance Z, must be found.
The radiation impedance of the resonator can be computed from the formula:

2r 7/2+jo00

k& .
Z, = 90604—73253/dcp f |D(7, @)|*siny dy, (2)
0 0

where kg is the wave number; D(7, ) is the radiation directivity pattern.
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Fig. 1. The calculated diagram for the suspended ceiling with a slit-shaped hole. a) bottom view; b) front view.

The angles of the radiation directivity pattern 7y and ¢ can be determined from the

diagram shown in Figure 2.
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Fig. 2. The diagram for determining the angles ~ and ¢ of the radiation directivity pattern.

In the rectangular hole with the sides a and B, the axis X will be directed along the
side @ and the axis Y along the side B. Then the radiation directivity pattern will be

computed by the formula:

D sin[k! cos(r, z)] sin[kd cos(r, y)]

kl cos(r,z)

kdcos(r,y) ’ @)

where r is the line connecting the origin of the coordinates with the observation point P.
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Now we will make the substitutions cos(r, ) = sin+y cos ¢ and cos(r, y) = sin 7 sin p.
Then the radiation impedance of the resonator may be written as follows:

w/24+j00
7. = QOCO_SZ/ /‘ sin’[k sin y cos ¢] sin [kdsm~ys1n ] o
k22siny cos? ¢ k2d?sin’ y sin® ¢

inydy. (4)

Let us separate out the real part Re Z, and the imaginary part Im Z, of the impedance.
The real part of the impedance can be calculated then from the formula:

Re 7, = roo—-SZf / sin[kl sin 7y cos ] sin’[kd siny sm go] iy 5)
k212sin®y cos? ¢ k2d?sin®y sin® ¢

and the imaginary part from the formula:

2r m/2+jo0

_ 0oco Kk} sin’[kl su:l’ycos ] sin’[kd sm7 sin ]
Ier = —4—0252/(1

k212sin*y cos? @ k2d?sin® y sin® SO 40)
0 ®/2+j0
In order to evaluate the form of the hole, we make the following substitution: u =
m/2— j¥; du = —j dv. Then the lower integration limit will be equal to zero and the
upper one equals —oo. Thus cos jz = coshz. Upon integrating from 0 to —oo, the
imaginary radiation impedance will be equal to:

Im Z, QO.CO ko SZ/dcp

/ sinz[kl cos ¢ cosh u] sin®[kd sin ¢ cosh u]
k212 cos? p cosh® u  k2d?sin’ ¢ cosh? u

cosh u(—J du). @)

When integrated from 0 to oo, the imaginary radiation impedance is:

2r o0
2 - 2 5 5
il = s kOZSEfdcpjsm [kloosgaooslzlu] sin [kds;ut,ooosl;u] . ®)
4m ) k212 cos? pcosh®u  k2d2sin® ¢ cosh® u

This is a numerical integration procedure.
In order to calculate the sound absorption area of the resonator, one must find the
impedance of the hole itself. It consists of four parts and is expressed as:

L =lpo+ Lma+ Zmi + 72, , (9)

where Z,, is the impedance of the hole itself; Z,,, is the impedance of the added air
mass outside the hole; Z,,; is the impedance of the added air mass inside the hole; Z,
is the impedance of the resonator volume,
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Fig. 3. The lay-out diagram for the hole impedances.

The location of the impedances of the air masses added to the hole are shown in
Figure 3.

The fluctuation of the air in the hole may be considered to be of plunger-type provided
the velocities of the air particles are uniform over the whole area of the hole. Then the
impedance of the hole itself will be equal to:

pot [87 . 1 8n
Dot S f— g — 1
'm0 2rg Qow + jwoot (1 + e S (10)

The real part of this impedance determines the friction losses that arise when the air
moves through the hole. Similar losses must occur on both sides of the hole. Then the
impedance of the added air mass outside the hole will be equal to:

_ 00At, ’ }
Zma S ZR + = 27'0 (11)

The impedance of the added air mass inside the hole will be equal to:

004t } /
= + jwoos— 2,,0 (12)

The added radiation mass that is determined during the calculation of the radiation
impedance Zr must also be included. The radiation impedance Zg is expressed in the
following way:

ZR = Rr +jwmr -~ Rr +jw907'0, (13)

where R, is the resistivity of the radiation losses.
Upon inserting the formulas (10), (11) and (12) into (9), we obtain the hole impedance:

uw+(t+u/r
——%—3:—-—/——2 ;gw + ooco(koaes) + Bru

: u/t+u/m [ 8y
eS 0l i v 8 4
+ jwoo lt+2At+ as. guw] + Z,, (14)

I =
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where koa.; = %kod for the long slit of width 2d. Then the final impedance of the long
slit of width a is equal to:

u+(t+u/T) 8n T
TQO aw + 20¢o (Ekod) + fru

. u/t+u/m | 8n
+ TN LTS M R G L
Jwé’n[ 45, Py

where 7 is the air viscosity; u is the slit perimeter; w is the angular frequency; /3, is the
coefficient measuring the friction losses and ry is radius of the hole.

The impedance of the air volume of the resonator must also be determined. It can
be obtained from the formula:

Zy =

+2Z,, (15)

ZycothkoH + £0Co Siaff
QoCoCOthk[)H+Z1 L

Zy = poco (16)
where Z is the impedance of the rigid surface of the ceiling; ko is the wave number; H
is the height of the resonator; V' is the volume of the resonator.

The last factor of this formula represents the relationship between the air column
formed along the length of the hole and the volume of the resonator, It arises because
the pressure in the air column is a variable and depends on the impedance of the added
air mass inside the hole. This member characterizes the transfer of pressure to the whole
volume of the resonator since the pressure undergoes changes over the whole resonator.

If the rigid surface of the ceiling is characterized by the absorption factor a, then

1+vV1l-a
= ly———. 17
P ey al

The final impedance of the rectangular slit is obtained for the case when the angle of
the sound wave incidence is normal. If this angle 6 is not equal to 0°, the sound reflection
coefficient must be computed from the formula:

Z()— Z[)COSG

Rren = Zo + Zycost

(18)
and from the sound absorption factor & = 1 — |Rpa|* which depends on the angle of
the sound wave incidence 6. In the case of a diffusional sound field, this angle must be
averaged over all angles of incidence, i.e. integrated for all angles of incidence from 0°
to 90°.

The slit may be covered with various materials with different density and air resistance.
Then the loss impedance will be expressed by the formula:

Z, =R, +3Y,, (19)

where R, is the real part of the loss resistivity; Y,, is the imaginary part of the loss
resistivity. '
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The real part of the resistivity of losses is equal to:

o0f —0.754
R, = opco [1 * (—) '0.0571] ‘ (20)
Tdin
The imaginary part of the resistivity of losses is equal to:
—0.0732
Y, = ooco-0.087 (M> 1)
Tdin

where 7g4;, is the air resistivity.
The air resistivity is characterized by the lowest frequency starting from which the
loss resistivity increases as \/_T :

3. Results of computations

It was established by computation how do the sound absorption area of the resonator,
the imaginary parts of the slit impedance and the radiation impedance, and the real and
imaginary parts of the resonator volume impedance change with changes in the slit width
and the distance to the rigid surface. The thickness of the plate was chosen as 2cm. The
minimal sound absorption factors of the ceiling surface were assumed, i.e. 0.02 — 0.04
through the whole frequency range. 100 points are taken for the calculation of each curve.
It is assumed in all the computations presented that the angle of incidence of the sound
wave is normal.

A, m?
4

35
3
25
2
15
1

F, Hz

Fig. 4. Dependence of the sound absorption of the slit-shaped isolated acoustic resonator on the width
of the slit. The distance to the rigid surface 50cm. 1, 2, 3, 4, 5 - slit width 5, 20, 35, 50, 65 cm, respectively.



136 V. STAUSKIS

Figure 4 shows the changes taking place in the sound absorption of the resonator
with changing slit width. The length and the width of the resonator were assumed to be
200cm each, while the slit width was increased every 15cm. The height of the resonator,
i.e. the distance to the rigid surface was taken as 50 cm. A computer program has been
developed that allows free variation of the geometric parameters of the resonator.

The computations show that the sound absorption is strongly dependent on the width
of the slit. When the width is as small as 5cm, the absorption value is very low too.
The absorption increases rapidly with the increase in the slit width and reaches almost
4m? at the slit width of 65cm. The absorption has a distinct resonant character, It
reaches a maximum at 40 — 50 Hz, i.e. at very low frequencies. When the width of the slit
increases, the absorption and the width of the resonant curve increases too. At medium
and high frequencies — starting from 350 Hz, — the absorption is lowered and repeated
resonances are pronounced in this range. They are influenced by the interaction between
the impedances of the slit, of the added air masses and of the resonator volume as well
as by the overtones determined in the computations.

A quite different character of absorption is obtained when the height of the resonator
H is changed, at a remaining constant slit width. When the slit width is only 5cm and
the height changes from 5cm to 105cm at 25cm intervals, the sound absorption area is
as small as 0.3 m? and does not depend on the slit width. The absorption has a maximum
at 30Hz and decreases uniformly with the increase in frequency.

It is also important to know how the resonator sound absorption changes w1th changes
in the resonator’s height and volume if the slit width is kept constant. The results of
computations are shown in Figure 5.

4

0.5 —t + — i —t
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Fig. 5. Dependence of the sound absorption of a slit-shaped isolated acoustic resonator on the distance to the
rigid surface. Slit width 100cm. 1, 2, 3, 4, 5 — distance to the rigid surface 50, 75, 100, 125, 150 cm, respectively.

Sound absorption has a quite different character when the volume of the resonator
is changed. At low frequencies, the absorption is practically independent of the height
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of the resonator. It has a maximum at 37Hz and achieves as much as 3.5m?. As the
frequency increases, the absorption value decreases sharply and in the remaining part of
the frequency range it is determined by the repetitive air volume resonances.

The results of the computations show that an isolated acoustic resonator, whose
dimensions are 200 x 200cm and the slit width is only 30cm, absorbs as much as
3.5m? of sound energy. The resonator is made of a rigid material whose sound ab-
sorption coefficients are very small. Consequently, sound energy is only absorbed by the
rectangular-shaped slit which is only 30 cm wide and 0.6 m? in area. Thus, a slit of 0.6 m?
in area absorbs as much as 3.5 m? of the sound energy.

The sound absorption coefficient of acoustic materials used in practice is always
smaller than one. In our case the coefficient is very large — 5.8. Such coefficient is obtained
under resonance only, when, in the frequency range of one to two octaves, the absorbing
surface grows in area considerably and the sound absorption is therefore increased. This
happens because the air velocity decreases due to friction when the air moves close to
the rigid surface. The air flows around the entire plate, but the velocity of fluctuations
and sound absorption are the largest in the slit; they are much larger than on the plane.
When the wavelength is substantial, then the velocity of fluctuation of air particles is very
low far from the slit and no sound absorption takes place on the plane. Sound is only
absorbed by the environment close to the slit.

Up to the present, the sound absorption was examined in the case when the angle
of incidence of the sound wave is a right one. Figures 6 and 7 show the changes in the
sound absorption under other angles of incidence.
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Fig. 6. Diagramm of the angle of incidence of the sound wave to the resonator.

When the angle of incidence of the sound wave is small, i.e. 20°, 23° and 50°, the
increase in absorption is insignificant — from 2m? to 2.5m?. The resonance frequency
gradually moves towards higher frequencies. When the angle of incidence is large, i.e.
65° and 80°, the absorption rises to 3 — 3.5 m?, while the resonance frequency moves to
70 and 150 Hz.

In the formulas, a distinction between the imaginary and the real parts of the imped-
ance was made. The imaginary part of the impedance shows the reradiation energy which
is equal to zero during resonance. The impedance dynamics is shown in Figure 8.

The imaginary parts of the slit increase with growing slit width and decrease along
with the increase in frequency. At high frequencies, repetitive resonances are pronounced.
The imaginary parts of the radiation impedance decrease as the slit width increases; they
also grow along with the increase in frequency, but only at low frequencies.
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Fig. 7. The relationship between the sound absorption of a slit-shaped resonator and the angle of incidence
of the sound wave. Distance to the rigid surface. Slit width 30cm. 1, 2, 3, 4, 5 - sound wave incidence
angles 20°, 35°, 50°, 65°, 80°, respectively.
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Fig. 8. Dependence of the imaginary part of the slit impedance and the imaginary part of the radiation
impedance on the slit width in a slit-shaped isolated acoustic resonator. The distance from the slit to the rigid
surface 50cm. 1, 3, 5, 7, 9 - the imaginary parts of the slit impedance when the slit width is 5, 20, 35, 50,
65 cm, respectively. 2, 4, 6, 8, 10 — the imaginary parts of the radiation impedance when the slit width is 5, 20,
35, 50, 65 cm, respectively.

~ Figure 9 shows the changes in the real and imaginary parts of the resonator’s volume
impedances.
Energy losses are shown by the real parts of the impedance. Their dynamics is shown

in Fig. 9.
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Fig. 9. Dependence of the real part of the slit impedance and the real part of the radiation impedance on the
slit width in a slit-shaped isolated acoustic resonator. The distance from the slit to the rigid surface 50 cm.
1,3, 5,7, 9 - the real parts of the slit impedance when the slit width is 10, 30, 50, 70, 90cm, respectively.
2,4, 6, 8, 10 — the real parts of the radiation impedance when the slit width is 10, 30, 50 70, 90 cm,
respectively.

The real part of the slit impedance is independent of the slit width and frequency,
while the real part of the radiation impedance increases with the increase in frequency
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Fig. 10. Dependence of the real and imaginary parts of the volume impedance on the slit width in a
slit-shaped isolated acoustic resonator. The distance to the rigid surface 50cm. 1, 3, 5, 7, 9 - the real parts of
the volume impedance when the slit width is 5, 20, 35, 50, 65 cm, respectively. 2, 4, 6, 8, 10 — the imaginary
parts of the volume impedance when the slit width is 5, 20, 35, 50, 65 cm, respectively.
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but only up to medium frequencies. As the slit width increases, the real part of the
impedance increases too.

The resonator’s sound absorption is greatly influenced by its volume. The changes in
the imaginary and the real parts of the volume impedance are shown in Figure 10.

The increases in the imaginary and the real parts of the volume impedance produced
by the increase in frequency and slit width are almost the same. The impedances are
influenced by the elasticity of the resonator’s air which is determined by the volume and
height of the closed air mass. The fluctuating air mass is determined by the air in the slit
and the added air mass, which is given by the imaginary part of the radiation impedance.
When the air elasticity is equal to the fluctuating air mass, the resonance takes place.

4. Conclusions

1. A large isolated resonator with a rectangularly-shaped slit absorbs sound energy
well at low frequencies. The sound absorption increases rapidly with the increase in the
slit width, while the frequency at which the maximum absorption is reached changes a
little. Greater sound absorption is obtained when the height of the resonator, but not
the slit width is increased.

2. The real parts of the slit impedance depend on the slit width and frequency, whereas
the imaginary parts are little frequency-dependent. The imaginary and the real parts of
the resonator’s volume impedance depend only on the frequency and the slit width up to

medium frequencies. As frequency increases the impedances are determined by repetitive
resonances.
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THE INFLUENCE OF A CROSS-SHAPED RESONANCE CEILING
ON THE HALL ACOUSTICS

V. STAUSKIS

Vilnius Gedimino Technical University
(Saulétekio al. 11, 2040 Vilnius, Lithuania)

The results of investigations of the influence of a suspended ceiling with cross-shaped slits on
the hall reverberation time, sound absorption coefficients, sound absorption of the entire hall,
acoustic centre of gravity and musical sound clarity index C 80 are presented.

The investigations were conducted in a scaled physical model of the hall M 1 : 25. The se-
lection of the scale and materials of the model is substantiated. The main characteristics of the
spark sound source and the analogue-code transducer are quoted.

The investigations revealed that 100cm wide slits between the suspended ceiling planes located
100cm from the rigid surface of the ceiling reduce the reverberation time by 1.14s at resonant
frequencies of 200Hz and 250Hz. An increase of the height of the suspended ceiling up to 400 cm
is of importance only at low frequencies.

The sound absorption coefficients show a maximum increase at the resonant frequencies of
200Hz and 250 Hz, the increase being proportional to the decrease in the height of the suspended
ceiling. When the height equals 400 cm, the absorption coefficients tend to decrease rather than
increase throughout the whole frequency range except for the resonant frequencies.

The overall sound absorption of the hall is increased to 60 m? only at the resonant frequen-
cies and at the ceiling height of 100cm. At the height of 400cm, the absorption is reduced by
60 — 100m? throughout the frequency range, though the reverberation time is also reduced.

The resonant suspended ceiling affects the acoustic centre of gravity and the music sound clar-
ity index.

The changes in all the above-mentioned acoustic indicators are determined solely by the
cross-shaped slits between the ceiling planes. No additional sound-absorbing materials were used.

1. Introduction

For the optimization of the reverberation time in a hall, a certain quantity of sound-
absorbing materials with apropriate acoustic characteristics must be used. The reduction
of the reverberation time is most often necessary only at low frequencies because at
medium and high frequencies the sound is well absorbed by the audience and the air.
There exist acoustic materials that are characterized by an easy sound absorption at low
frequencies, however, at the same time they absorb sound also at medium and high
frequencies which is often undesirable.

A resonant suspended ceiling with cross-shaped slits formed by the space between
the ceiling planes may constitute a sound-absorbing structure. The slits may be quite
wide, reaching one metre or more, while the suspended ceiling itself may be located at
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various distances from the rigid surface. Such a ceiling structure both absorbs the sound
energy and reflects sound waves of various length from the planes. This is useful for
the formation of the hall reflection structure. Furthermore, slits between planes may be
found also in real halls. Therefore the knowledge of how such resonant ceilings absorb
sound energy is very important.

The resonant suspended ceiling was examined theoretically earlier [1, 2, 3]. The aim
of the present paper is to determine the influence of the resonant suspended ceiling on
the acoustic indicators of the hall by means of studies conducted with a physical model
of the hall.

2. The peculiarities of modelling of the hall

To the factors influencing the hall acoustics belong the width and form of the slits
of the suspended ceiling, the distance between the ceiling and the rigid surface, the
absorption of the hall walls and the absorbing material that may be placed above the
plane of the suspended ceiling. There are thus many variables. It is absolutely clear that
there exists no possibility for determining the acoustic effect of such variables in a real
hall. The best results are therefore expected from the investigation of acoustic processes
in the physical model of a hall.

If the model is similar to the original by its geometrical parameters and is executed on
a linear scale, n;, then, upon meeting the corresponding initial and boundary conditions,
one may expect a similarity of the acoustic processes in the air volume of the model and
the original hall. From the condition n; = n it follows that the similarity will occur in
the model at frequencies f, = forn~1.

2.1. Scale and materials of the model

A recording studio hall of a symphony orchestra was chosen for the investigation. Its
dimensions are 34 x 22 x 12.7m. The model scale of 1 : 25 was selected for such big a hall.
Consequently, the frequencies of both the model and the original must meet the condition
fm = forn~1, i.e. model frequencies must be 25 times higher than those of the original.
When investigating the real hall acoustics, the frequency range of 100—4000Hz was used.
If the scale of 1 : 25 is used, the frequency range must be expanded to 2500 — 100000 Hz,
occupying a large ultrasound area.

There exist difficulties in the area of boundary conditions. In the cases when the
planes in the original hall are made of isotrophic materials, in which energy losses are
incurred due to internal friction, these materials may be characterized by the Young and
shift modules. The boundary conditions mean that the model structures must be executed
to the scale and complex modules of both the original and the model and must be equal
at certain frequencies. Consequently, at certain frequencies the loss coefficients must be
equal for the model and the original. In practice, such requirements may be fulfilled
only in a few materials, e.g., in concrete, and solely for the frequency range in that the
loss coefficients are not frequency-dependent. It is impossible to make a model of such
materials; therefore materials used for the model are different from those of the original.
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While the surfaces of the original are characterised by the complex impedance Z,.,
which does not depend on the sound wave incidence angle, the boundary conditions for
the internal planes of the model must satisfy the condition that the impedances of the
original and the model are equal at frequencies of f,, and f,, respectively, i.e.

Zn(for nzl) = Zor(for)- (1

In practice, the reverberational sound absorption coefficients are chosen for the
model’s materials in such a way that they equal approximately the original’s absorp-
tion coefficients at corresponding frequencies f,, = f,r+n;'. However, these are not
exact boundary conditions.

In the model, all wall and floor planes are made of a fabric-based laminate. Its
absorption coefficient at 10Hz is 0.15 [4]. The suspended ceiling is made of plywood
6 mm thick, lacquered three times along the entire contour. Its absorption coefficients
were close to those of the fabric-based laminate. The orchestra dais was closed with a
5mm thick flannel, the absorption coefficient of which being about 0.5-0.6.

2.2. Sound absorption in air

Difficulties arise when, conducting investigations in a model, one must estimate the
sound absorption in air because the frequency range embraces an ultrasound area in that
the sound absorption is very large. The sound wave that is transmitted in the model over
a fixed distance loses part of its intensity. This may be characterized by the multiplier
e~™7 where m is the attenuation index. It consists of two components m; and m,. The
first one describes the density and the heat conductivity of the air. It is proportional to
the frequency square and depends on the temperature of the air. The second component
characterizes the molecular absorption in air. It reaches its maximum when w = 1/7,
where 7 is the process relaxation time, i.e. the time per which the pressure is reduced e
times. The relative humidity of the air has a considerable influence on this component;
when it increases, the index m is also increased and the sound absorption is determined by
the molecular absorption. WINKLER [5] has established that sound absorption increases
with the increase in frequency, while the absorption maximum moves towards greater
relative humidity. The condition of similarity of absorption in the air of both the model
and the original will be satisfied when, under the corresponding frequencies, m,, =
Mo -0z . The sound absorption in air may be reduced by making the model hermetic
and filling it with a gas of lower attenuation index, e.g. nitrogen. Then there would be no
molecular absorption up to 100kHz — it is clear that such conditions are hardly feasible.

All the results obtained from the examinations made within this work are relative
ones.

3. Methods of investigation

A special flow chart was used for recording the acoustic signals in the model. It
consists of a sound source, a microphone, a microphone amplifier, an analogue-code
transducer and a computer signal-analyzing program.
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A spark impulse was used as sound source. It was formed by a spark generator with
preset technical parameters specially produced by us. Its main acoustic characteristics
include the impulse duration, power, spectrum and form. The duration of the impulse
may be regulated from 0.36 ms to 0.14 ms. The power and the spectrum maximum of the
impulse may also be altered. Under the maximum power, the spectrum maximum is at
16kHz, while at minimum power the maximum is reached at 31kHz. At the maximum
impulse power, the sound energy radiated is eight times greater than that radiated at
minimum power. A maximum impulse power was chosen for the investigation because
the maximum radiated sound energy is concentrated on lower frequencies. In this case,
the radiation of high frequencies is worse; therefore insufficient dynamic range is ob-
tained when determining certain acoustic indices. The spark impulse results in a spheric
directivity diagram. The impulses emitted by the generator are stable, the automatic and
remote control over them being possible.

A 1/4” microphone was used for the investigations. Its sensitivity up to 100kHz is
sufficient and its frequency characteristics are flat in the frequency range 0.1-70kHz. In
order to improve the directivity diagram at high frequencies, the microphone was erected
vertically using a hole in the floor.

The analogue-code transducer was constructed according to preset characteristics. Its
purpose is to convert analogue signals for their further processing into a digital form,
The nominal level of the incoming signal is £1 V. The resolution of the transducer is 12
bits; the time of conversion is 2 s and the time of quantization is 5us. The quantization
frequency is 200 kHz.

For the purpose of analysis of the investigation results, the lower frequency limit of
50Hz was chosen instead of 100 Hz. In the model’s scale of 1 : 25 this would be 1250 Hz
instead of 2500 Hz. The aim is to determine how resonators absorb sound energy at very
low frequencies because the range of low frequencies is very important and the most
interesting physical processes usually take place in it. The upper limit of the frequency
range was chosen as 2000Hz, or 50kHz in the model. This has been done for two
reasons: at the quantization frequency of 200kHz and the upper limit of the frequency
range of 50kHz, the Nyquist frequency ratio is equal to 4.0, and more exact results are
obtained when this frequency ratio is higher; too low a dynamic range is obtained when
approximating the attenuation of the sound field at frequencies exceeding 2000 Hz. In
my opinion, however, such upper range limit is quite acceptable because just at the low
and medium frequencies the resonant ceiling will have the greatest impact on the hall
acoustics.

The main acoustic indices of the model were analyzed by means of a specialized
computer program developed by our own efforts.

The sound-absorbing material flannel was spread in the floor area occupied by the
orchestra players. The area is 119 m?. It was possible to locate the microphones at three
points: close to the sound source, far from it and above the suspended ceiling. The exper-
iment was planned in such a way that it would be possible to determine the dependence
of the main acoustic indices on the form and width of the slits of the suspended ceiling,
on the distance between the ceiling and the rigid surface, and on the absorption in the
hall and by the suspended ceiling.
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In this paper we will present the results of the investigation of the effects of the
resonant ceiling from the rigid surface on the acoustic indices when the slit width is
constant.

4. Results of investigations

A resonant suspended ceiling with the cross-shaped slits between the planes was cho-
sen for the investigation. The section of the hall and its plan are schematically represented
in Figs.1 and 2.
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Fig. 1. The longitudinal section of the hall with the resonant suspended ceiling. S — sound source;
M1, M2, M3 - positions of the microphones; 1, 2 — possible points of location of the sound-absorbing
materials.
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Fig. 2. Plan of the resonant suspended ceiling with cross-shaped slits between the planes.
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By examining the influence of such a ceiling on the hall acoustics, we will establish
its reverberation time, the index of purity of the music sound, and the acoustic centre
of gravity. On the basis of the reverberational sound-field attenuation curves, the sound
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absorption coefficients and the overall sound absorption will be computed in the case of
a hall with no suspended ceiling and in that with the suspended ceiling.

When computing the values of the reverberation time from the sound-field attenua-
tion curves, there arose the question about the point from which the evaluation of the
attenuation should be started. In the computation of the standard reverberation time, the
sound-field attenuation is approximated by evaluating the level from —5dB to —35dB.
In our case, however, a too narrow dynamic range is obtained at high frequencies. It
may be expanded by increasing the power of the impulse. It is still not sufficient because
the resolution of the 12-bit transducer is too low. For this reason the attenuation of the
sound-field was approximated from —3 to —33 dB. Reliable results were obtained in the
frequency range from 50Hz to 2000 Hz. It has been established by additional investiga-
tion that only a slight difference between the reverberation time values is obtained when
the sound-field attenuation is approximated from —3 to —33dB and from —5 to —35dB.

The results of the studies of the hall reverberation time are presented in Fig. 3.

L]
~N

Reverberation time ,

2000

Frequency,Hz

Fig. 3. Frequency characteristics of the hall reverberation time. —— without the resonant suspended ceiling;
—8- with the ceiling when the slit width is 100 cm, the distance to the rigid surface H = 100cm;
—A— H = 200cm; —x— H = 400cm.

As the frequencies increase, the reverberation time is cut from 7s to 2.5s evenly
throughout the frequency range. A similar reduction of the reverberation time is observed
when the resonant ceiling is installed in the hall. It is at 160Hz only that this index
increases, in all study cases by about 1s, due to resonant phenomena.

It is very inconvenient to analyze the reverberation time changes in the hall with the
resonant ceiling from such a graph. Therefore all investigation results presented below
will be relative ones, taking as zero line the results for the hall with no suspended ceiling.

The relative changes in the reverberation time for the hall with a suspended ceiling
are shown in Fig. 4.
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Fig. 4. The relative dependence of the hall reverberation time on the distance from the resonant suspended
ceiling to the rigid ceiling surface. Slit width 100 cm. Zero line corresponds to the case when no suspended
ceiling is installed. 8- distance to the rigid surface H = 100cm; —a— 200cm; —x— 400cm.

The results of investigations reveal a maximum reduction of the reverberation time
by 1.14s at the frequencies of 200 Hz and 250 Hz, when the distance to the rigid surface
equals 100cm. The augmentation of the ceiling height H reduces the reverberation time
by about 0.2 — 0.5s at low frequencies only. At high frequencies, the height of the ceiling
is almost immaterial to the change in the reverberation time.

The early reverberation time is very important for the evaluation of the hall acoustics.
It is connected with the early sound reflections and the subjective evaluation of music.
The results of the studies are presented in Fig. 5.

In this case, a considerable reduction of the reverberation time of 3 s is obtained when
the distance between the suspended ceiling and the rigid surface is 400cm. When the
height of the ceiling is smaller, this reduction has no pronounced resonant character. At
low frequencies it equals about 1s and at high frequencies — about 0.5s and is almost
independent of the ceiling height.

The sound absorption coefficients and the sound absorption area were calculated from
the reverberation time values. The results are shown in Fig. 6.

The negative values of the graph mean a growth in the absorption coefficient, while
the positive ones mean a decline. When the ceiling height is small and equals 100cm,
the relative absorption coefficient grows over the frequency range reaching its maximum
at the resonant frequencies of 200Hz and 250Hz. As the ceiling height increases, the
character of the change in the relative absorption coefficient remains the same. When
the ceiling height is 400cm, however, the coefficient does not show an increase at low
and high frequencies as expected but, on the contrary, it is smaller. Thus, the absorption
coefficient decreases along with the reduction of the reverberation time.

At the resonant frequencies of 200 Hz and 250 Hz, the reverberation time is shorter by
about 1s. Consequently, the absorption coefficients should be high at these frequencies.
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Fig. 5. The relative dependence of the carly reverberation time EDT on the distance from the resonant
suspended ceiling to the rigid ceiling surface. Slit width 100cm. The zero line corresponds to the case
when no suspended ceiling is installed. —8— distance to the rigid surface H = 100 cm; —a— 200 cm;
—x— 400cm.
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Fig. 6. The relative dependence of the sound absorption coefficients on the distance from the resonant
suspended ceiling to the rigid ceiling surface. Slit width 100cm. The zero line corresponds to the case
when no suspended ceiling is installed. —#- distance to the rigid surface H = 100cm; —A— 200cm;
—x— 400cm.

The relative values of the coefficient, however, are small. When no suspended ceiling is
installed in the hall, its volume is about 9000m® and the surface area is 2910m?. The
presence of the suspended ceiling reduces the hall volume and the surface area. These
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values are again assessed by calculating the above-mentioned indices. Thus, the surface
area is assessed twice, whereas the sound energy is only absorbed by the resonant ceiling
the area of which is equal to 748 m? and the area of the slits is 288 m? only. The overall
area of all hall surfaces, i.e. from 2400 m? to 2790m?, is assessed in the calculations. For
this reason small values of the absorption coefficients are obtained.

The lowering of the sound absorption coefficient along with shortening of the rever-
beration time may be explained by the fact that when the distance between the suspended
ceiling and the rigid surface H increases, the hall volume and the surface area are re-
duced. However, an interesting change in the reverberation time is of importance too.
For example, in the hall without a suspended ceiling it equals 5.77s at 100 Hz, while
at H = 100, 200 and 400cm it equals 5.20, 5.44 and 5.33s, respectively. The volume
of the hall is reduced to 8273, 7500 and 6080m?, respectively. It is interesting to note
that when the ceiling height is increased from 100 cm to 200 cm, the hall volume reduces
from 8273 m? to 7500m?, i.e. by about 9%. In this case the reverberation time should be
shorter but only for the hall volume reduction. However, it is longer by 0.24 s, while the
absorption coefficient is reduced from 0.089 to 0.08. Such an interesting change in the
reverberation time is most probably determined by the sound energy which reaches the
listeners from the volume between the suspended ceiling and the rigid surface.

Such a regularity is also observed at other frequencies.

We will assess the change in the overall sound absorption on the basis of the sound
absorption coefficients. The results are presented in Fig. 7.
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Relative absorption , m2
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Fig. 7. The relative dependence of the sound absorption on the distance from the resonant suspended ceiling
to the rigid ceiling surface. Slit width 100 cm. The zero line corresponds to the case when no suspended
ceiling is installed. -8 distance to the rigid surface H = 100cm: —A— 200cm; —x— 400cm.

When the height of the ceiling # = 100cm, the resonant ceiling increases the sound
absorption at 200 Hz and 250 Hz up to 60m?2. At low frequencies, the absorption remains
almost unchanged, though changes in the reverberation time are marked. As the height
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of the ceiling increases, absorption throughout the frequency range becomes smaller in
proportion to the increase in H. Here the situation is analogous to the case of the sound
absorption coefficients. After the increase in the ceiling height from 200 to 400cm, the
reverberation time is reduced from 5.44s to 5.33s, while the absorption area becomes
smaller instead becoming larger — from 215m? to 179 m?. This reduction equals 60 m? at
low frequencies and as much as 100m? at high frequencies.

The change in the height of the resonant suspended ceiling also influences the change
in the acoustic centre of gravity. The results of the investigations are presented in Fig. 8.
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Fig. 8. The dependence of the acoustic centre of gravity on the distance from the resonant suspended ceiling
to the rigid ceiling surface. Slit width 100 cm; —4— without resonant ceiling; —8— distance to the rigid surface
H = 100cm; —a— 200cm; —x— 400cm.

The change in the acoustic centre of gravity has a similar character both in the hall
with the suspended ceiling and in the hall without such a ceiling. At low frequencies up to
160 Hz, the suspended ceiling has almost no influence on the acoustic centre of gravity.
This centre is markedly increased, up to 40ms, at high frequencies due to the influence
of the ceiling. A constant growth with the increase in frequency is unexpected in all the
studied cases.

The objective acoustic indices of the hall correlate with the subjective ones. The music
sound clarity index is one of the most important. The results of the investigations are
shown in Fig. 9.

Here the low frequency range may be divided into two parts: up to 160Hz and
above 200 Hz. At the lower frequencies, this index is now increased, now reduced by the
suspended ceiling, while its absolute values vary from —7 to —14 dB. This shows that the
energy of the late reflections is predominant in this range. Beginning from 200 Hz, the
clarity index is increased by the suspended ceiling by 2 — 3dB and this increase depends
only slightly on the change in the ceiling height.
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Fig. 9. The dependence of the musical sounds clarity index on the distance from the resonant suspended
ceiling to the rigid ceiling surface. Slit width 100cm. —4— without resonant ceiling; —8— distance to the rigid
surface H = 100cm; —A— 200cm; —x— 400cm.

5. Conclusions

1. At 200Hz and 250 Hz, the reverberation time is reduced by the suspended ceiling
with cross-shaped slits by about 1.14s. The influence of the slits on the reverberation
time is insignificant at high frequencies.

2. When the height of the ceiling equals 400 cm, the early reverberation time is cut
by as much as 3s at 79 Hz and by about 0.5s at high frequencies.

3. As the height of the suspended ceiling increases, the sound absorption coefficients
undergo the greatest rise at the resonance frequencies of 200Hz and 250Hz. When
H = 400cm, the absorption coefficient does not increase in the frequency range up to
160Hz and from 315 Hz, as expected, but becomes smaller. This is determined by the
changes in the reverberation time, the hall volume and the surface area.

4, Sound absorption is not augmented along with the increase in the ceiling height
and the decrease in the hall volume; on the contrary, its area becomes smaller throughout
the frequency range in proportion to the increase in the ceiling height.

5. The resonant suspended ceiling influences the acoustic centre of gravity and the
music sound clarity index.
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FLOW-EXCITED ACOUSTIC PULSATIONS IN DUCTS WITH CLOSED SIDE BRANCHES
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In flow ducts with closed side branches strong acoustic pulsations are often induced. This was
shown by test results performed for systems with a single side branch and co-axial branches with
the same lengths. With growing the flow velocity an excitation of successive resonant modes
was observed. Their frequencies were increased together with the flow velocity but at peaks of
sound pressure there was an excellent agreement between measurements results and theoretical
predictions. A conversion of fluctuating flow energy to energy of resonant acoustic field was
included in theoretical consideration by means of negative resistance in impedance model of
branches. Hence, it was possible to predict a stronger nonlinearity in the case of a duct with
co-axial branches. It was found that a characteristic parameter of the analyzed phenomenon
is Strouhal number. Its values for all modes are within the same range approximately and, in
addition, it determines a change of acoustic inertance at the branch opening,

1. Introduction

In industrial air transport systems a closed side branch of main duct may be a potential
source of strong acoustic pulsations [1, 2]. When dimensions of the branch cross-section
are much smaller than a branch length, an excitation of resonant modes corresponding
approximately to odd multiples of a quarter wavelength along the branch are observed
[6, 18]. A high level of generated sound may induce vibration of the system construction
which can cause serious damage.

The mechanism of sound excitation in the system with a single side branch is similar
to that causing a generation of self-sustained oscillations in deep cavity [4, 10, 14] or
Helmholtz resonator [7, 12, 13] exposed to the grazing flow. An increase of acoustic
energy in the system is the result of interaction between unstable shear layer and resonant
modes of the branch. First, at the point of flow separation the acoustic field in the
branch opening causes a transfer of mean flow energy to shear layer which involves a
transformation of continuous shear layer to large scale discrete vortices. These vortices
are convected with the flow and interact with the downstream corner of the branch
opening. At this point a conversion of fluctuating flow energy to energy of resonant
acoustic field takes place [13].
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On the other hand, in accord with classical acoustics a presence of the closed side
branch in a duct causes substantial reflections of acoustic waves traveling along the duct
at frequencies close to resonant modes [8). This reduces a transmission of acoustic energy
past a junction between branch and duct. The filter property of side branch resonators
is often used in flow duct systems in order to suppress a narrowband noise produced by
machines using atmospheric air as a working medium [15, 17].

From the above it follows that, depending on flow properties such as velocity or tur-
bulence intensity, the side branch in the duct may cause an increase in sound level at
resonant frequencies or may reduces transmission of acoustic energy during resonance.
In this paper these opposite effects will be analyzed by means of simple models of acous-
tic waves transmission in two variants of flow systems: a duct with single side branch
(Subsec. 2.1) and a duct involving co-axial branches (Subsec.2.2). The next part of the
work presents test results including measurements of frequency and pressure level of
pulsations induced in the systems (Sec. 4).

2. Theoretical background

A long circular duct represents an acoustic system which possesses dimensions com-
pared to a wavelength. Therefore, it is not possible to treat the system as one having
lumped constants, and it must instead be considered as one having distributed constants.
When a diameter of the duct is constant, the acoustic inertance and compliance are
distributed uniformly along the duct, and the acoustic motion is wave-like as well as in
unbounded space. If walls of the duct are sufficiently smooth to neglect viscous losses,
then acoustic waves traveling along the duct may be considered as plane waves. In this
case a wave impedance at any cross-section of the duct is

- 25
Rw - W—Tﬁ ) (1)
where p denotes the air density, c is the sound speed and r, is a radius of duct. When
there is a motion of air in the duct with mean velocity U/, an effect of sound waves
convection causes a change of the wave impedance R,,. If the sound waves travel in the
direction of the flow then the wave impedance is following

R} =R,(1+ M), (2)
where M = U/c denotes Mach number. Otherwise
R, = R,(1- M). 3

2.1. Transmission of acoustic waves in duct with single side branch

The presence of a single side branch in the duct causes the acoustic impedance
at the junction differs from the wave impedance which is the characteristic value for a
plane wave, and reflected and transmitted waves are produced consequently. Assume that
an incident plane wave is propagated in the direction of the flow (Fig.1). An acoustic
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Fig. 1. Transmission of acoustic wave beyond junction of duct and single side branch.

pressure produced by this wave is
pi = Aef@t-kre), (C))

where w = 2 f is an angular frequency, k* = k/(1 + M) and k = w/c is a wave
number. At the junction of the duct and the branch, the reflected wave

Py = Brej(wt+k_a:), (5)
where £~ = k/(1 — M) and transmitted wave
p= Atej(w-k+x), (6)

are created. If cross-sections of the duct and the branch are small in comparison to
wavelength, then at the point of junction, chosen in Fig. 1 as the origin of the z coordinate,
the following conditions of continuity of pressure and volume velocity are satisfied:

PitpPr = Db =Dt, (7)

Ui+ U, = Uy + U, ®
where P P P P
; r 5 :

Ui=R—$, Ur=__1;’ Ub=“'Z';'1 Ui:RE’ (9)

ps and U, are a pressure and a volume velocity at a branch opening and Z; is a branch
impedance. An insertion of Egs. (4) - (6) into Egs. (7) - (9) leads to an expression for the
sound power transmission coefficient o

A
Ai
where operator |-| denotes modulus of complex number. As follows from Eg.(10), an

influence of sound wave convection on transmission of acoustic energy beyond the junc-
tion is negligible at low Mach number flows (M? < 1). In this case the transmission

2 \ 27, 2
= =

375 + Ry (1- M?)| °

(10)
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coefficient depends only on the branch impedance Z;,. The general expression for this
impedance is

Zy=R, + j% [kAd — cot(kd)], (11)

b

where ry is a radius of branch, d is a branch length and R, is a resistance due to viscous
action in the branch opening. To evaluate an unknown end correction Ad, the theoretical
value Ady = 8r; /37 derived by Rayleigh [8] is assumed. When viscous losses is negligible,
there is not a dissipation of acoustic energy in the branch. In this case the transmission
coefficient equals zero if the condition of resonance is satisfied

kAdy = cot(kd), (12)
which can be approximated to the form
_ c(2m—1) _
fmmm, m—1,2,3.... (13)

This means that the incident sound wave is totally reflected from the junction and re-
turned towards the source. As may be seen from Egs. (10) and (11), in frequency ranges
between resonant modes f,, the transmission coefficient o, approaches unity. Therefore
the single branch in the duct represents acoustic filter with the highest attenuation at
resonant frequencies.

The analysis presented above is valid under the assumption that both the cross-sec-
tional area of the duct and the flow velocity are small enough to maintain laminar motion
of air in the duct. When a Reynolds number

Re = > (14)
where v is the coefficient of kinematic viscosity, is much greater than 1160 the flow in
the duct becomes turbulent [16]. To adopt the outline model of wave transmission to
this situation, the incident sound wave will be now interpreted as acoustic perturbation
generated by flow disturbances.

As mentioned in Introduction, an existence of unsteady motion in the area close to the
branch opening may cause a conversion of fluctuating flow energy to energy of acoustic
field inside the branch. Finally the high-level acoustic pulsations may be created in the
system. An increase in the system acoustic energy can be incorporated in the theoretical
analysis by putting the negative resistance R, in the impedance model of the branch.
Therefore, at low Mach number flows the equation for transmission coefficient may be

rewritten in the form
R 2
7, tiX
ekl v g e K ()
=+ +7X
w2

where X = (r4/rp)*[k Adp — cot(kd)], It results from Eq. (15), that for values of R,/ R,,
decreasing from 0 to —0.25 the system behaves like an acoustic filter with attenuation
growing at resonant frequencies. When R,,/ R,, = —0.25 the coefficient ¢ is constant and
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equals unity for all frequencies. At values of R,/ R,, smaller than —0.25 the coefficient o
is greater than unity at resonance. This means that initial acoustic perturbations travelling
along the duct are amplified in the system.

As can be seen from Eq. (15), for values of R, /R, close to —0.5 the coefficient o
may possess any high value at resonant frequencies. It corresponds to unbounded growth
of pulsations amplitude. Theoretically this situation is possible in the undamped oscilla-
tor operating as linear system. In real conditions an unbounded increase in amplitude at
resonance is limited by nonlinear effects. In the considered system the nonlinearity in the
branch opening produces an additional loss resistance which increases with the growth of
pulsations amplitude. When a balance between acoustic energy losses and the energy ex-
tracted from flow perturbations is reached, the stable acoustic pulsations with frequencies
close to resonant modes as well as several harmonics will appear in the system,

2.2. Transmission of acoustic waves in duct with co-axial branches

Phb1

pi—

+~— P

Pr2

Fig. 2. Transmission of acoustic wave beyond junctions of duct and co-axial branches.

A distribution of pressures of sound waves in the duct, to which are attached co-axial
branches, is shown in Fig. 2. At a point of junétions the conditions of continuity of pressure
and volume velocity require that

pi+pr = Dot =DPe2= P, (16)
U;+ U, = U},l + U;,z + U, 5 (17)
where ” P P
W=z B = TR thgg
: 5 (18)
Uy = 28 s = I
Zy’ Zia
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and Zy1, Zy, are impedances of branches. After inserting Egs. (4) - (6) into Eqgs. (16)-(18)
the following expression for transsmision coefficient may be obtain

22012 ; (19)
272 + Rw(l — Mz)(Zbl + Zbg) !
Under the assumption that the branches have the same cross-sectional area and length,
the expression (19) reduces to the form

a; =

2

% : (20)

7y V Ro (1= M5

where Z, is the impedance of single branch from Eq. (11). If the transfer of energy from
flow disturbances to acoustic field will be included in a impedance model of the branches
and, moreover, low Mach number flow will be assumed (M?<1), then
2
B, ix
o = |5 . (21)

B +1+jX

R,
A comparison of Egs. (15) and (21) indicates that values of o, calculated from the equa-
tions are identical when magnitude of resistance R,, for the system with co-axial branches
is twice bigger than that for the single branch system. This means that in the duct with
co-axial branches the growth of pulsations amplitude should be limited by stronger non-
linearity. Thus, it is reasonably to expect, that in this system a harmonic distortion will
be much greater compared with the single branch system.

Q; =

3. Experimental arrangements and apparatus

Measurements of frequency and pressure level of acoustic pulsations generated in
the systems were the aim of the experiment. The tests were performed in the laboratory
arrangements presented in Fig. 3. In these systems the duct was composed of the circular
pipe with the radius r; = 8 mm. The circular side branches with the radius r, = Smm
and variable lengths were connected with the ducts under right angle. The lengths used
in experiment were from the range 1 — 10cm with a step of 1cm. Since the aim of the
tests was to compare the results of measurements obtained in the systems, it was assumed
that the lengths of co-axial branches were the same and were denoted as d, likewise as
for the single branch system (Fig. 3). The point of junction of the duct and branches was
chosen at the distance of 3.2m from the duct outlet.

The systems were supplied with the compressed air at the maximum pressure 0.5 MPa.
The maximum velocity umax Of the air stream was measured by using a Pitot tube with
diameter of 1.6 mm and a liquid-column manometer in the shape of letter U. The probe
was mounted in the center of the duct outlet. The mean flow velocity U of the air in the
duct was calculated from formula [11]

49
U= 50 Umax - (22)
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Fig. 3. Experimental setups: a) duct with single side branch, b) duct with co-axial branches, and
c) position of Pitot tube and microphone at duct outlet.

The tests were carried out in the range of U from 40m/s to 128 m/s in which a generation
of acoustic pulsations was observed. The maximum value of U corresponds to a maximum
efficiency of flow installation. The Reynolds number calculated from Eq. (14) possesses
values from the range of 2-10° to 7. 10°. Thus, it should be expected that an air flow in
the duct was turbulent,

Acoustic measurements were made with the Briiel & Kjear instrument setup con-
sisting a 1” microphone and a high resolution signal analyzer 2033. The microphone was
mounted at the distance of 30 cm from the duct outlet. The line joining the centre of the
microphone and the centre of the duct outlet made 30° angle with air stream axis.

4. Analysis of test results

At mean flow velocity U from the range 40 — 128 m/s and lengths of branches d =
1—10cm the pulsations corresponding to the resonant modes fi, f3 and fs were observed
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in experiment. A used denotation of resonant modes is given from Eq. (13). Therefore,
f1 mode may be interpreted as fundamental resonant mode, while f3 and fs modes as
its third and fifth harmonic, respectively.

Experimental results collected in Fig.4a, b, c illustrate an influence of flow velocity
U on pulsations frequency f for these modes. Data obtained for the duct with single

f (kHz)

f(kHz)

f (kHz)

de10om 3 ywecceeaeem--mescsccccam-==""""

40 60 80 100 120
U (m/s)
Fig. 4. Dependence of frequency of resonant modes on flow velocity U for single side
) and sytem with co-axial branches (- - - -).

branch system (
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branch and co-axial branches are denoted by solid and dotted lines, respectively. As may
be seen, in the both systems the frequency f of acoustic pulsations grows with velocity U.
However, the observed increase in f for the duct with co-axial branches is for nearly all
lengths of branches smaller distinctly than for the second system. Moreover, pulsations
corresponding to particular mode appear for certain values of d at different ranges of
velocity U. Additionally, at length d = 4cm a pulsations of fundamental f; mode are
generated only in the duct with co-axial branches (Fig.4 a). Note that plots obtained for
each mode at the lowest values of d finish at velocity U/ = 128 m/s which corresponds to
maximum efficiency of flow installation.

For each resonant mode the different value of branch length d results in a various
frequency range of acoustic pulsations. With growing value of d a decrease in pulsations
frequency occurs which is accompanied by a shift of the flow velocity U to lower values.
This correlation explains the plots in Fig.5, which present a dependence of Strouhal
number §

_ 2f’f‘b

U
on the flow velocity U. As may be seen, for all modes generated in the both systems, the
maximum values of Strouhal number are close together (5 = 0.45 — 0.54). The biggest
differences are noted in minimum values of 5. When U is smaller than the maximum
value 128 m/s the minimum value of S is approximately twice smaller in the duct with
co-axial branches (¢ = 3cm in Fig.5a, d = 7 — 10cm in Fig.5b). For all remaining
values of d the flow velocities, at which generation of particular mode would be possible,
exceed the velocity U = 128 m/s making a precise determination of minimum value of 5
impossible.

The fact that for certain branch lengths d the values of Strouhal number are very
similar has a simple physical meaning. From Eq. (23) and the relation

Ue = U, (24)

(23)

where = 0.62 [5] and U, is the mean convection velocity of flow disturbances, one can
obtain .
= % (25)
In the above equation A = U,/ f is a distance between two succeeding flow disturbances
which cyclically shed from an upstream edge of branch opening. More precisely, A rep-
resents the distance between the two neighbouring points within turbulent shear layer
with the highest concentration of fluid vorticity or the distance between centers of two
succeeding vortices when the vorticity is accumulated into vortices. In the works [3, 9],
where an assumption of wave-like flow disturbances was made, A is called the hydrody-
namic wavelength. The presented experimental results show that A assumes values from
the range 1.1 — 2cm and increases with a growth of flow velocity U. The increase in A
with U is evidently larger in the case of the duct with co-axial branches.
The data presented in Fig. 6 a show a change of frequencies f, at which the pressure
level L, reaches the maximum value, with the branches length d. By solid lines are indi-
cated the results of frequency calculations based on Eq. (12). As may be seen, there is an
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Fig. 5. Dependence of Strouhal number S on flow velocity U for resonant modes;

( ) single side branch system, (- - - -) system with co-axial branches.
excellent agreement between experimental results and theoretical predictions. Therefore,
an important conclusion may be drawn that the acoustic condition of resonance (12) is
not influenced by air flow in the duct.

In Fig. 6b maximum values of sound pressure level L, of generated pulsations as a
function of d are presented. As it results from experimental data, maximum values of L,
are from the range 70 — 100dB and, as a rule, they decrease with increasing d.
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Fig. 6. a) Frequencies of resonant modes at different lengths of branches at maximum

sound pressure level; ( ) theoretical results, b) maximum pressure level of resonant modes.

As was well predicted by theoretical analysis (Sec.2), a process of sound generation
is associated with harmonic distortion. To illustrate this effect in Fig. 7 maximum values
of L, corresponding to harmonics of resonant modes f1, f3 and fs are displayed. For the
harmonics a different denotation is used. For example, f3, denotes the third harmonic
of f; mode, whereas fis; is the fifth harmonic of f3 mode or the third harmonic of fs
mode. From a comparison of data in Fig. 7 it follows, that in the single branch system the
harmonic distortion is much weaker than in the system with co-axial branches. It can be
clearly observed in the experimental data obtained for f; and f3 modes. At some values
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Fig. 7. Maximum pressure level of harmonics of resonant modes.

of d as much as four successive harmonics occur (d = 2, 3cm for mode fi, d = 6, 7cm
for mode f3;). Moreover, in some cases the level of harmonic component is higher than
the level of resonant mode (d = 2cm for f; mode, d = 5 — 7cm for f3 mode, d = 9cm
for fs mode).

As follows from previously presented data, the pulsations frequency f is generally a
function of the flow velocity U (Fig.4) and values of f calculated from the resonance
condition (12) agree with measurements only in the case of maximum level of pulsations
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(Fig. 6 a). These facts indicate, that in Eq.(11) describing the branch impedance the end
correction Ad is the parameter which must vary with flow velocity U. Because Strouhal
number seems to be a characteristic quantity of analyzed phenomenon, then it will be
reasonable to seek rather a relation between Ad and S.

2.4 1 . .y
single branch .

Ad /Ad,

24

- co-axial branches .

Ad /Ad,

0.0 T T T T T T
0.3 0.4 0.5 0.6

S

Fig. 8. Dependence of end correction Ad on Strouhal number S for systems with

a) single side branch, b) co-axial branches; ( ) best fit lines.

A dependence of nondimensional end correction Ad/Ady on the Strouhal number
for both systems is shown in Fig. 8. The values of Ad were calculated from Eq.(12), in
which the theoretical value Ady was replaced by unknown Ad

Ad:ﬂ‘(_k_@_

; (26)
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The wave number k was evaluated from experimental results

c
where f(d, U) is the frequency measured at given length d of branches and flow velocity
U. All experimental data were included in Fig. 8.

The used method of correlation gave a good result. Since sets of data points in Fig. 8
correlate reasonably well, an approximate relations between Ad/Ady and S may be
found for both systems. These relations describe equations of best fit lines drawn in
Fig. 8:

Ad/Ady = 1.53 - 14.25 + 28.25> (28)

for the system with single branch and
Ad/Ady = —0.32 + 1.95 + 3.252 (29)

for the system with co-axial branches.

5. Conclusions

In the paper the flow-excited acoustic pulsations in ducts with closed single side branch
and co-axial branches with the same lengths have been investigated. In theoretical part
of the work an acoustic response of the systems was examined by means of a simple
model of sound waves transmission along the duct. A conversion of fluctuating flow
energy to energy of resonant acoustic field was included in theoretical consideration by
a negative resistance. When this resistance was not present in impedances of branches,
the systems would operate like acoustic filters due to substantial reflections of sound
waves at frequencies near resonant modes. The acoustic response of the systems could
be unbounded unless nonlinearity was included.

The main findings of experimental investigations are the following:

1. Odd resonant modes of branches are excited successively with growing flow velocity.
Frequencies of these modes increase with flow speed but this growth is distinctly smaller
for the system with co-axial branches.

2. Pulsations in both systems reach maximum level at frequencies corresponding to
classical resonance condition for quarter-wave resonator.

3. The flow-resonant response of branches occurs within the range 0.25 — 0.55 of
Strouhal number.

4. The excitation of resonant modes is accompanied by high nonlinearity. It was
especially observed in the case of duct with co-axial branches as was well predicted by
theory.

5. Changes of the end correction of side branch resonators depend on Strouhal num-
ber.
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SINGULARITIES OF THE PLANAR GREEN FUNCTION
IN THE SPECTRAL DOMAIN
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(00-049 Warszawa, ul. Swietokrzyska 21)

The surface acoustic wave amplitudes at the boundary of a piezoelectric half-space satisfy a
matrix relation which is characteristic of the medium. The elements of the matrix are functions
of slowness. In the paper, the singularities of the matrix are investigated at cutoff points of bulk
waves. An approximated formula is derived for the matrix in the neighborhood of the greatest
cutoff point, which also takes into account the singularity related to the Rayleigh wave. The results
of numerical calculations are presented for several piezoelectrics.

1. Introduction

The INGEBRIGTSEN effective permittivity [1, 2] of a piezoelectric half-space, a function
of slowness r, is an approximation of the exact effective permittivity Y (r) in the vicinity
of the singular point equal to the Rayleigh wave slowness. The counterpart of Y (r) in
the space domain, ie. the Fourier transform of Y (r), is a Green function defined at
the boundary of the piezoelectric half-space. The Green integral formula applied to the
electric potential at the boundary gives the surface electric charge density.

In the special case of SH waves, the Ingebrigtsen approximation has been improved
by including contributions from bulk waves [3]. Since only one component of the particle
displacement vector is different from zero, the contributions can be found in an analytic
way.

We consider the general case when all the three components of the particle displace-
ment vector may be different from zero, so that numerical calculations are necessary. For
this purpose we employ the ADLER form of the field equations [4], which proves to be
very useful in the analysis of piezoelectric interfacial waves [5, 6, 7).

We are interested in the approximation of the function Z(r) = C/Y(r) (C is a
constant) in the vicinity of the cutoff point of bulk waves; this is a branch point of Z(r)
in the complex plane of r. It is shown that the behavior of the function Z(r) near the
cutoff point depends on the shape of the corresponding slowness curve at that point.

Starting from the derived approximation of Z(r), we take into account the Rayleigh
wave singularity, and find an approximated formula for the function Z(r) that is valid



170 W. LAPRUS and E. DANICKI

in the whole range of r. The formula is verified by comparison with the exact function
Z(r) calculated numerically.

2. Function Z(r)

Let us consider a homogeneous piezoelectric medium and a system of coordinates
(#,y, z). The plane z = 0 divides the medium into two half-spaces: the upper (for z > 0)
and the lower (for z < 0). We assume that the field is independent of y, and that the
time and space dependence is given by the factor exp(jwt — jwrz — jwsz).

The field equations can be reduced to the system of eight linear algebraic equations, as
described in Ref. [7]. Let ¢, = 1,2,3 and (z;) = (z,y, 2). The following field variables
will be used: particle displacement w;, electric potential ¢, surface force T; = T3; (where
T;; is the stress tensor), and normal component Dj of the electric displacement D;. We
have

Hyp(r)Fp = qFk, (2.1)

where K, L =1,...,8, (Fk) = (jwru;, jwr$,T;, D3), and ¢ = s/r. For real r, which
we assume, the matrix Hx is real and non-symmetric. It depends on material constants
(see Ref. [7]).

The summation convention is adopted throughout the paper: summation is performed
over repeated indices (within their range) except when they are enclosed in parentheses.

After solving the eigenvalue problem defined by Eq.(2.1) we get eight eigenvectors
F{(r) corresponding to eight eigenvalues ¢/)(r) for J = 1,...,8. The J-th eigenwave
has the form

F) = FO exp(jwt — jwr(z + ¢¥)z)). (22)
The solution of the field equations is a linear combination of the eigenwaves.

The eigenvector £ will be called upper (lower) if Im g < 0 (Img™) > 0) or,
for Im¢") = 0, if the 2 component of the real part of the Poynting vector is positive
(negative). Img”) # 0 for J = 1,...,8 if r > r. where r is the cutoff slowness of bulk
waves.

Since the surface wave field vanishes at infinity, and there is no energy flux to the
boundary (no sources in the space), the solution F}f of the field equations in the upper
half-space consists of upper eigenwaves, and the solution F; in the lower half-space
consists of lower eigenwaves. At the plane z = (, the complex amplitudes of the two

solutions are ¥ i
== CrFg), (2.3)
J

where the plus (or minus) superscript of the sum symbol means that the summation is
performed over J such that 17“};’ ) is an upper (or lower) eigenvector. The coefficients C;
are to be determined from boundary conditions.

The field equations can be solved in each half-space separately, provided appropriate
boundary conditions are imposed at the plane z = 0. In general, all the boundary values
FK (or FK) should be given. However, we consider special solutions (surface waves),
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and therefore the field variables satisfy some additional relation at the boundary of each
piezoelectric half-space. Below, it will be shown that only four of the eight boundary
values may be arbitrary. ;

Let Ry = FI({J). If we change the order of the columns of the matrix Rk so that
the first four are upper eigenvectors and the last four are lower eigenvectors, then the
matrix can be written in the form

(2.4)

(Rics) = [R+ - ]

g 8=
wliere R*, R, S*, and S~ are 4 x4 matrices. Denote by L* the inverses of the matrices
> Using the notation (Fi£) = (UE, TE) for L = 1,...,4, we rewrite Eq.(2.3) as

Uk = RxsCF, T =53,CF (25)

for JJK =1,...,4, where C'} and C; are the coefficients of the upper and the lower
eigenvectors in Eq. (2.3). From Eq. (2.5) we find CF = L3, T, and then

ks ZE T, (2.6)
where the matrix
ZI:EL = R?{JLfL 2.7

depends on 7.

Equation (2.6) is a fundamental relation in the problem of surface wave propaga-
tion. It should be satisfied by the field variables at the boundary of each piezoelectric
half-space, irrespective of what boundary conditions are imposed there.

If the boundary of the piezoelectric half-space is traction-free then Te = 0 for

3

i =1,2,3. In this case, from Eq.(2.6) for K = 4, we have UF = ZET; or
jwrdt = ZEDE. (2.8)

In the following, we shall be considering the function Z(r) = —Z (7).

3. First order singularities

The function Z(r) is infinite at the singular point r; > 7 related to the Rayleigh
wave. Three other singular points for r < r¢ coincide with the cutoff points of the three
slowness curves (in Fig. 1 the slowness curves have appendices for r greater than the
corresponding cutoff points). The function Z(r) is finite at these points (see Fig.2) but
its first derivative may be infinite; therefore, the corresponding singularities will be called
first-order.

The idea of approximation of Z(r) in the neighborhood of a cutoff point is based
on the following observation. Consider the slowness curve with the cutoff point r. From
Fig. 1 we see that for r < 7. there exist two values of s, s* = ¢®)(r)r where ¢*)(r)
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are the two real eigenvalues corresponding to the slowness curve. As r — r¢, these two
values converge to s. = ¢r; where ¢@ = ¢&)(r.). The double real eigenvalue ¢©®
splits into a complex conjugate pair of eigenvalues for r > ..

It should be noted here that the matrix Hxr(r) is defective for r = r¢: it has only
seven independent eigenvectors. This can be shown by differentiation of the equality

(Hxr - qDix) B =0 G.1)

(Ik 1 denotes the identity matrix) with respect to s along the slowness curve. In other
words, the two eigenvectors Ff) corresponding to ¢*)(r) converge to the eigenvector
FO corresponding to the double eigenvalue ¢(®. The eigenvector (" is upper, and
F‘}{) is lower in the neighborhood of r., because the real part of the Poynting vector is
normal to the slowness curve.

The values s* are changing fast for 7 — r¢ (the derivative of s*(r) tends to infinity),
and so do the two corresponding eigenvalues and eigenvectors, while the other eigenval-
ues and eigenvectors are relatively constant. Thus, it suffices to take into account only
the two eigenvectors F }(f), to find the approximated formulae for them, and to calculate
the function Z(r) with the use of Eq.(2.7).

Suppose we know the function s*(r) in the neighborhood of r.. Regarding the eigen-

vectors F}(t) as functions of the variable s, we can write, separately for s > sc and s < s,
the Taylor expansion
F&)(s*) = FO + F;0as*, (32)
where the higher-order terms are neglected; the dot denotes differentiation with respect
to s, f}'{(m denotes the common limit of F}'((i)(si) as s* — s, and Ast = st — g,
The slowness curve in the vicinity of r, can be approximated by an algebraic curve of
second order, such as circle or parabola. We get

Ast = tap(r),  p(r) =sign(r? — r)/r2 - r2 (33)
with a = (R./r.)'/? where R. is the radius of curvature R = (1 + (s")?)*?/|s"| for
r = 1, and the prime denotes differentiation with respect to 7. Since s = gr, we have

§=qr+gq, s =¢q'"r+2¢. (3.4)
The derivatives ¢’ and ¢” can be found by differentiation of Eq.(3.1) as follows.

Let E be the left eigenvector corresponding to the eigenvalue ¢("). We assume the
normalization

FOFD 21, FOFY -, (35)
for every r, and introduce the symbols
Q)= EQH, FP, - @i = DY, 7, (3.6)

Differentiating Eq. (3.1) once and twice with respect to 7, and multiplying the both sides
by EX" we obtain

¢ =@, 0 =Q¢” +2Y ", (3.7)
I#J
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where Cry = —(¢® — ¢U)=1QY”) for I # J, and
F = C3 O + DY) (38)

where ﬁg) =2 12:CLs F f), Cis = —13‘;” F I(,J). The above formulae are true for all
eigenvalues and eigenvectors (for 7 different from the cutoff values).

Using these formulae we find the radius of curvature R(r) (at two points of the
slowness curve), and Fiy)(st) = '(i)(r) /s'*(r). The next step consists in finding the
limits of these quantities, and of F (7-) for r — 1, ie. Rc = R(ro), Fy F*© and Fg FO,
In numerical calculations, this snmply means finding the values of the quantmes for 7
reasonably close to .

Inserting the eigenvector given by Eq.(3.2) into Eq.(2.7) we get the approximated
matrix

ZE (1) = 25D £ ZgDap(r) (39)

(the higher-order terms are neglected) where the constant matrices Zf:fg) and Zﬁg) can

be easily expressed in terms of F _5? ), 2 and the remaining six eigenvectors for r = 7,
(see Appendix). In particular,

Z(r) = Zy — Ziap(r), (3.10)

where the coefficients Zy and Z; are the elements (4,4) of the corresponding matrices in
Eq.(3.9).

The above formula is true in a close neighborhood of 7. To take into account the
Rayleigh singularity it should be replaced by

1 — czp(r)
Z(r) = Zg———= 3.11
(r) = Zog— ) (3.11)
with ¢; = 1/p(r), ¢, = 1/p(r;), where r; is the singular point and r; is the zero point of
Z (7). The coefficients ¢; and ¢, satisfy the relation

Ci—Cz = aZ1/Z0 ) (312)

so that only one can be exact. In all the examples presented in Fig.3 to Fig.6 we have
chosen the coefficient c; to be exact; the other one is calculated from Eq. (3.12). In this
way, the function Z(r) given by Eq.(3.11) is singular for 7 = 7; (as the exact function
Z(r)), equal to zero for r = r, (Where 7, is close to the zero point of the exact function
Z(r)), and its first derivative is infinite for » = r. (as the first derivative of the exact
function Z(r)).

Alternatively, we may choose the coefficient ¢, to be exact, and calculate the other
one from Eq. (3.12). The choice depends on what is considered to be the Green function
in view of Eq.(2.8): the Fourier transform of Z(r) or of Y (r) = 1/Z(r). Moreover, we
may choose both ¢; and ¢, to be exact, and calculate from Eq. (3.12) the coefficient Z;.
In this case, the approximation of Z(r) in the neighborhood of r. is a bit worse but
for r = r; its main features remain unchanged: Z = Z; and the first derivative of Z is
infinite.
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4. Conclusion

The behavior of the approximated function Z(r) resembles that of the exact function
Z(r) in the whole range of r, and the values of the two functions are quite close to each
other. In particular, the real parts are both equal to zero for r > r, (this feature is absent
in the Ingebrigtsen formula which gives only the imaginary part of Z(r)). It should be
added, however, that the resemblance is less apparent for those crystal cuts for which
the cutoff point r. is not sufficiently distant from the two other cutoff points.

The approximation given by Eq.(3.11) is best near the points 7, r;, and r,. In the
neighborhood of rc, Eq.(3.11) reduces to Eq.(3.10). For 7 = r both the real and the
imaginary part of the first derivative of Z(r) have a square-root singularity.

Appendix
The constant matrices in Eq. (3 9) can be calculated as follows. Using the notation
(FE) = (UD,TD) for K, L = 1,...,4, we rewrite Eq. (3.2) as
Ug 7&) = = Uy 7O + Ue '(")A.s T(*) T(O) + T'(O)A.s (A1)

Each of the matrices R, and SE, (cf. Eq.(2.4)) can be represented as a sum of two
matrices. We have

RE, = BED + REDAs*,  SE, = 530 4 giWpqt (A2)
where R*(g) and S£ have one column equal to UD and T, respectively, and Rim

and SE) have all elements equal to zero except in one column which is equal to U} 0
and TL(U), respectively.
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The matrix L, is the inverse of the matrix S5, . If we put
L = B0+ L50s (A3)
where Lﬁ(f) is the inverse of S;g), then
Sg 0% =Ier¥ (SeP L) + 5ED I A, (A4)
(the higher order terms are neglected), and hence,
Lﬁ%) -J:(O)S:I:(l) ﬂ:({) (AS5)

for I,J = 1,...,4. Inserting R%, and LE, into Eq.(2.7), and neglecting the higher
order terms, we get Eq. (3.9) with

7D = BLE,  Zig) = RPL) + RPLY- (A6)
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MEASUREMENT OF ULTRASONIC VELOCITY IN METHANOL
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The study of cavity resonance of the piezoelectric tubular transducer immersed in liquid has
been exploited to evaluate the velocity of ultrasonic wave in methanol. Strong correlation has
been proved between cavity resonance frequency and velocity of ultrasonic waves. The results are
reported in the temperature range 10 — 50°C. The presented method is simple and permit the
measurements of ultrasonic velocity of liquids at low frequencies.

1. Introduction

It is well known that the ultrasonic methods are particularly convenient for the study
of physical parameters of liquids [1-5]. Specifically a large number of methods exist for
measuring ultrasonic velocity in liquids. These methods include for instance ultrasonic
interferometer, pulse technique (including superposition and echo overlap technique),
sing around and phase comparison method etc. All these methods are limited to high
frequencies. The ultrasonic velocity measurements have scarcely been made at elevated
temperatures as well as under higher hydrostatic pressures and practically non existent
at lower frequencies.

Most of the piezoelectric transducers used for the ultrasonic velocity measurements
work in the frequency range about 1 MHz to several hundred MHz. Thus it is rather
difficult to measure the velocity in lower frequency ranges i.e. 10 kHz.

It has been known since some time that radial motion of the cylinder walls can excite
symmetrical cavity modes in the enclosed liquid column. This cavity resonance frequency
is a function of the velocity of ultrasonic waves in liquid.
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In the present study it has been shown that the cavity resonance method may be used
to evaluate the ultrasonic velocity in liquid.

As the ultrasonic velocity data at various temperatures and pressures for methanol
are available in the literature to appreciate the cavity resonance method, the study of
cavity resonance frequency in methanol has been carried out versus temperature.

2. Theoretical

An open ended thin walled piezoelectric cylindrical tube vibrating in air shows a
dominant radial mode of resonance. When the same tubular transducer is immersed in
liquid besides the radial fundamental resonance, the appears a cavity resonance of the
enclosed liquid medium. The angular frequencies of the cavity modes are given by [6]:

w = [(2m - D7eg)/(h + 20a), =123, (1)

where h stands for the length of the tubular transducer, 3 is end correction, a is the
inner radius of tubular transducer element and ¢, is the effective velocity of sound in
liquid medium due to finite stiffness of the walls of the tubular transducer. The effective
velocity ¢o depends on the ultrasonic velocity in open liquid ¢ according to the following
relation:

co = ¢(1 + Ba/Eyt)~Y2, )

where Fy is the transverse Young’s modulus, ¢ is the width of the wall of tubular trans-
ducer and B is the bulk modulus of liquid.

B = pc?, 3)

where p is the density of liquid. The end correction can be approximated by the expres-
sion: °

B =0.633 —0.106w.a/c. 4

Combining the equations (1)—(4), for m = 1, we arrive at the following expression:

1 _ 1 {h/2a+0.633—\/(h/2a +0.633) — 0.2127 ; 2ap 5)

2 f2 0.4247a T Egt’ (
As it is clearly seen this expression represents a linear relation between ¢~2 and f-2.
The proportionality coefficient depends only on geometrical parameters of the trans-
ducer. Therefore by measuring resonance frequency one can readily evaluate velocity
of the ultrasonic waves. Because the mechanical resonance affects the electrical reso-
nance of the piezoelectric transducer [3] the resonance frequency may be evaluated by
means of measurement of electrical parameters of the transducer like conductance G or
impedance Z.
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3. Experimental

The piezoelectric tubular transducer element — outer diameter 25.4mm, inner di-
ameter 18.85mm and tube length 254 mm — fabricated from piezoelectric material
NPLZT-5H (being equivalent to PZT-5H) has been used in our study. The fundamental
resonance frequencies of this element in air, have been determined by plotting the vari-
ation of impedance (Z) and conductance () as a function of frequency. Similar plots
were obtained after immersing the tubular transducer element first in deionised water
and later in methanol.

These plots were used to determine cavity resonance frequencies as well as funda-
mental resonance frequencies.

We used methanol in our studies for two reasons. Firstly, it is well known medium
studied by many research group. Hence there is a great deal of experimental data (gained
at varying pressure and temperature) available in the literature [1]. Secondly, methanol
is a non-conductive liquid so the piezoelectric tubular transducer can be safely immersed
in it.

Fig. 1. Experimental setup. 1 — pipe; 2 — electric wires; 3 — aluminium cover; 4 — bandage; 5 - tested liquid;
6 - rubber container; 7 - tubular piezoelectric transducer.

Our measurements of cavity resonance have been carried out using special neoprene
rubber container as depicted in Fig. 1. The top of the container is fitted with the alu-
minium alloy cover by clamp. Two isolated electric wire connection (2) were used for
the measurement of required electrical parameters. The Hewlett Packard impedance an-
alyzer 4192A LF was used for the measurements of impedances and conductances. The
comparison between plots of impedance (Z) vs. frequency of the piezoelectric tubular
transducer element in air (Fig.2) and deionised water (Fig. 3) clearly indicate the cavity
resonance at ~ 20kHz. Resonant maximum of the same frequency appears at the plot
of conductance () vs. frequency (Fig. 4).

Similar observations with the different other liquids such as paraffin oil and methanol
show the cavity resonances below 20 kHz. The ultrasonic velocities derived using Eq. (5)
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Fig. 2. Dependence of impedance Z of tubular transducer vs. frequency f in air.
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Fig. 3. Dependence of impedance Z of tubular transducer vs. frequency f in deionized water.

from measured cavity resonances are in quite good agreement with those reported earlier
in the literature.

Further the cavity resonance in the liquid has been confirmed with direct measurement
of transmitted acoustical wave by using hydrophone and test tank. The acoustical output
power as a function of frequency has shown significant maximum value at the same cavity
resonant frequency as measured by means of impedance/conductance vs. frequency plot.

The very sharp resonance (Fig.5) is observed for radial mode vibration in air. After
immersing the tubular transducer element in methanol one gets rather a complicated plot
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Fig. 4. Dependence of conductance G of tubular transducer vs. frequency f in deionized water.

(Fig. 6). It may be seen that there is an additional resonance frequency at about 14kHz
which was not present in the plot of conductance versus frequency in air. It reflects the
cavity resonance of piezoelectric tube which is being used for evaluating the ultrasonic
velocity in methanol.
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Fig. 5. Dependence of conductance G of tubular transducer vs. frequency f in air.

The measurement of the cavity resonance frequency of tubular transducer immersed
in methanol have been carried out at constant normal pressure. The cavity resonance fre-
quency measurements at different temperature indicate that the cavity resonance and sub-
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Fig. 6. Dependence of conductance G of tubular transducer vs. frequency f in methanol,

sequently the ultrasonic velocity (Eq. (5)) decreases with increase of temperature (Fig. 7).
This result completely agrees with already published data [1].
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Fig. 7. Dependence of the cavity resonance frequency f vs. temperature of the methanol 7.

Further the correlation between cavity resonance and ultrasonic velocity has also
been checked theoretically and experimentally by plotting (Fig.8) the inverse square of
velocity (1/¢?) versus the inverse square of cavity resonance frequency (1/ f?). The values
of velocity of ultrasonic waves taken from the measurements by WiLsoN and BRADLEY
[1] and the plot 1/c? versus 1/ f2 a solid line was obtained by means of the least square fit.
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Fig. 8. Invert square of ultrasonic wave velocity in methanol against invert square of cavity resonance

frequency.

Correlation coefficient for the both presented parameters is 0.997. The slope of the line
obtained in experiment equals to 187.22. The theoretical value of the slope, evaluated by
the equation (5) is 196.5 and is close to the experimental value. The slight discrepancies
from linearity seen in Fig. 8 may be due to influence of the wave reflected from the walls
of neoprene rubber container as the distance between transducer element and walls of
the container was comparable with ultrasonic wavelength. Reflected wave affects the
mechanical loading of the transducer.

The present studies indicate that the cavity resonance method which is simple tech-
nique may successfully be used for the measurement of ultrasonic velocity in the liquids.
This method may serve as a very useful tool for the measurement of ultrasonic velocities
in liquids particularly at fairly low frequency range which are rather difficult to access by
other commonly used methods. We expect that this method can be also used with high
pressure experiments.

4. Conclusions

In this work we performed ultrasonic investigation of liquids using cavity resonance
method.

The main conclusion one can drawn from experimental results is that cavity resonance
method may be successfully applied for ultrasonic investigation of liquids.

Our results indicate that it is is very useful technique, particularly, in the very low
frequency regime.

We expect that this method can be also extended to investigate effects of higher
hydrostatic pressure.
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The paper deals with experimental investigations concerning the influence of temperature on
the sensitivity of a SAW sensor with a thin layer of lead phthalocyanine (PbPc) to NO; molecules
in the air. Measurements have been carried out with a dual delay line system providing simulta-
neously a survey of the differential frequency, Af, and the measuring frequency, f. In all cases
the measured frequency, f, was increased, whereas the changes in the difference of frequency,
Af, were negative as a result of the interaction with NOz molecules. All the experiments have
been made at the same conditions, i.e., with the same PbPc layer of a 310nm thickness, at 40 ppm
NO; in air and at a constant gas flow rate of 100 ml/min. In the range 30 — 60° C, the sensitivity
increased almost linearly with temperature a constant rate of 0.13 — 0.15kHz/° C.

1. Introduction

Systems with Rayleigh’s acoustic surface waves have been applied in the construction
of detectors of toxic gases for a long time [1-4, 9, 10]. The basic system of SAW gas
sensors is a generator in which an acoustic delay line works in the positive feedback loop
of the amplifier. The acoustic delay line assures the phase condition for generation whilst
the amplifier assures the amplitude condition. The amplifier gain should be higher than
the delay line insertion losses. For this purpose, two identical circuits are formed on a
piezoelectric substrate (e.g. LINDO3) to facilitate the propagation of a surface wave ex-
cited by means of interdigital transducers. Next, a thin layer of an organic semiconductor
of metalophthlocyanine type (MPc) is formed in one of the paths by sublimation in vac-
uum, the thickness of the layer not exceeding 1% of the length of the propagating surface
wave. The free path of a crystal serves as a reference. As a result of the interaction of
the thin metalophthlocyanine layer with gas, the SAW velocity undergoes a change. This
change can be observed and measured as a frequency of the single acoustic delay line or
as a difference frequency of the dual acoustic delay lines, i.e. between the delay line with
an active thin layer and the reference one.

An essential feature of a surface wave is the concentration of the whole energy just
near the surface within a layer of thickness not exceeding two wavelengths (2)), so that
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it becomes possible for the wave to affect easily and effectively the medium placed on
the crystal surface. In this way the propagation of waves along the path in which the
layer has been placed is slightly disturbed (depending on the thickness of the layer, A,
its density, o, and the electric conductivity, o). Physically this disturbance consists in a
reduction of the velocity and an increase of the attenuation of the propagating wave.

The reduction of the velocity of propagation is mainly caused by two phenomena
[5, 6]:

a) the mass load on the crystal surface and

b) the electric “load” resulting from the effect of interaction of the electric potential
associated with the surface wave with mobile charge carriers in the layer.

The interaction of the thin phthalocyanine layer with active gas molecules can be
shown in the form of a diagram [7, 8].

Diagram of the interaction: gas—chemical active layer - SAW —electronic system

Interaction of the thin MPc layer with gas particles

Adsorption resulting from the formation of ionised states at
the layer surface due to the exchange of electrical charges
Criterion: — electron affinity of the gas

— the kind of metal in the MPc particle

— temperature of the reaction

l
Change of the surface mass of the layer as well as changes
in the electrical conductivity
(generation of additional charge carriers)

l
Interaction of the disturbed layer with the propagating
SAW:
— mass effect
- conductivity effect
I

Changes of the velocity of the wave propagation, and hence
an additional change in the frequency of generation, f,
(wavelength is constant; determined by the geometry of the

transducer)
Changes of the amplitude due to changes in the wave
attenuation
!

Detection of the frequency difference Af = f — f

This article is aimed mainly at the study of the influence of the temperature on the
aforesaid interaction.
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2. Experimental and results

The measurements have been carried out with a dual delay line system providing
simultaneously a survey of the differential frequency, A f, and the measuring frequency, f.
The temperature was stabilized inside the measuring chamber on the balance principle
by means of a power transistor (Fig. 1). The stabilization was within the range +0.1° C.

lGas inlet

temp

—>
FM I P
< PC
Electronic Heater
HEAT
KB

‘l' gas outlet

Fig. 1. Schematic representation of the experimental set-up. The measuring frequency, f, was measured
directly by means of a probe. Symbols: I - interface, PC - personal computer, KB - keyboard,
FM - frequency meter., Tt — thermocouple (Cu — const), SAW 1, 2 - surface acoustic wave lines.

Each measurement was carried out after the stabilization of temperature. The long time
frequency drift was compensated in the dual delay line system as can be seen in Figs. 2-35.
These diagrams show the interaction of a thin PbPc layer with NO, molecules in air.
Basing on these results, a final diagram was drawn showing the difference and measuring
frequency versus temperature of interaction (Fig. 6).

3. Conclusions

In all cases the change of the measuring frequency, f, was positive, whereas the
change in the difference frequency, Af, was negative as a result of the interaction with
NO, molecules. This is connected with the configuration of the frequency modes f and
fo; since in the normal configuration f < fp, the increase of the measuring frequency f
causes a decrease in the difference frequency A f. The main conclusion is that the sensi-
tivity is increased (a larger change in the frequency) with the increase of the interaction
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temperature. This effect is surely connected with the increased kinetics of sorption and
desorption (it has also been observed that the time of response and the regeneration of
the sensor becomes shorter). There is, however, also an important affect of the electric
properties of the semiconductive phthalocyanine layer the behaviour of the sensor. An
increase in the temperature of the chemically sensitive layer causes a shift of the oper-
ating point of the sensor towards the area of the steep slope of the characteristic Av/vp
versus conductivity o, of the layer (Fig. 7), so that the sensitivity of the sensor increases.

Avlv

Vo.&\

=¥ o

Fig. 7. Velocity of the SAW wave propagation versus electrical conductivity of the sensor layer.
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It results also from the diagrams that there is some difference between the change in
the frequency difference Af and that in the measuring frequency f. This can be due to
the dipole interaction of polar molecules with the electric field associated with the SAW
in the reference acoustic path. This will be the subject of feature research.
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The development of techniques concerning macromolecular compounds have made it possible
to get thin layers which change their physico-chemical properties in result of their interaction
with the ambient atmosphere. Changes of the physical properties of specially prepared chemically
sensitive layers influence the conditions of the propagation of an acoustic surface wave arranged in
the layered system piezoelectric waveguide — layer of the compound. Particularly, if the mass and
electric conductivity of the chemically sensitive layer is changed, the velocity of the propagation
of the acoustic wave changes too.

The presented paper include a short review of the SAW gas sensor field and some experimental
results for detection a low concentration of NO; in air.

1. Introduction

The constantly growing pollution of the natural environment, particularly of the at-
mosphere, require a continuous monitoring of these contaminations. In recent years an
intensive development of new method of diagnosing the state of our natural environment
are to be observed. Among them acoustic methods deserve special attention; these are
based on the propagation of surface acoustic wave (SAW) in layered structure, in which
the chemical active layer is a macromolecular compound.

Literature [1] quotes the following types of sensors with a chemically sensitive layer:

a) chemiresistors, in which use is made of changes in the resistant layer due to the
adsorption of gaseous particles from the environment,
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b) piezoelectric quartz gauges with an acoustic bulk wave,

c) systems with surface acoustic waves.

Conducting macromolecular complexes are characterized by much more complex
mechanism of conductivity than inorganic semiconductors; therefore acoustic methods
may provide new information concerning the mechanism of conductivity, which is es-
sential also from the viewpoint of the application of these compounds in indicators of
gases.

Of much interest is the application of acoustic surface wave propagated in the layered
system “piezoelectric waveguide - thin chemically sensitive layer” in the designing of in-
dicators of gases. This results from the fact that a surface wave is extremely “sensitive” to
all changes of the properties of the surface of the medium in which it is propagated. In
the case of a piezoelectric medium changes in the velocity of the acoustic wave are to be
observed which are caused by changes in the mass loaded with the chemically sensitive
layer (due to the adsorption of gaseous particles), or by changes of the electric conductiv-
ity of this layer [2, 3]. The theoretical sensitivity of an oscillator with an acoustic surface
wave at a frequency of about 100 MHz amounts according to [1] to about 17 Hz/ng/cm?;
for an active surface of the sensor amounting to 0.17 cm? this means a rather low level of
detection of the changes of mass, i.e. 0.2 ng. At a frequency of about 3 GHz the sensitivity
of the system amounts theoretically to about 3 x 10~ g,

Analysers of gases applied so far, making use of electrochemical and photoacoustic
phenomena, as well as gas chromatography do not warrant a satisfying accuracy, or they
are only labour-consuming laboratory methods. The photoacoustic analysers advertised
by BrueLL and KiaER [4] are very expensive. Therefore, various research centres all
over the world try to design new kinds of gas sensors. Similar investigations have also
been started at IFTR in Warsaw on the design of an apparatus for the SAW method [17]
which is applied in the Institute of Physics at the Technical University of Silesia.

2. Layers applied for covering the SAW sensors

Compounds of metalphthalocyanines [2], known since the beginning of our century,
have only recently attracted attention as thin active layers permitting a selective detection
of vapours and gases. A modification of the interior structure of the macromolecule, con-
sisting in the replacement of the metal ion and substituents in the aromatic rings, makes
it possible to obtain metalphthalocyanines with various properties. At presence there are
more than 70 varieties of them [1]. Phthalocyanines belong to the group of low-dimension
organic semiconductors [2, 5]. Roentgenographic investigations of phthalocyanines have
proved the existence of three polymorphic forms, viz. @, § and x [5]. The crystalline
structure increases by sublimation at a temperature of 400 — 500° C in the presence of
nitrogen (7Tr). Depending on the technological conditions of sublimation, phthalocya-
nine crystallises in the monoclinic or triclinic system. The metal atom included into the
structure of the macromolecule affects essentially the physicochemical properties of ph-
thalocyanine. Literature indicates that the most frequently investigated macromolecular
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complexes of metalphthalocyanines are copper CuPc, lead PbPc and ferrous phthalocya-
nine FePc, as well without metal — H,Pc.

CHANG et al. [6] have investigated monolayers of phosphateidylcholine obtained by
means of Langmuir - Blodgett’s method. O’DoNNEL et al. [7] quote the results of inves-
tigations on the adsorption of NOyx by a layer of phthalocyanine. The achieved level of
gas detection amounted to 5 — 200 ppm. Copper phthalocyanine CuPc was investigated,
among others, as an active layer in a NO; — sensor by NIEUWENHUIZEN and his team
[8]. The achieved sensitivity was within the range from 0.3 — 70 Hz/ppm, the time re-
sponse/regeneration amounting from 1/6 to 107/156 minutes. At the same time a rather
high sensitivity of such a type of layers to effects of NHj, but no effect of CO,, CO, CHy,
SO; could be detected, and neither of toluene vapours and water vapour.

A comprehensive publication dealing with investigations concerning the layers of the
phthalocyanines H,Pc, MgPc, FePc, CoPc, NiPc, CuPc and PbPc is [9], in which it has
been attempted to evaluate the usability of these compounds for the purpose of detecting
CO, CO;,, CHy4, NH3, SO,, water vapour and toluene vapours. Among others, the authors
stress the fact that phthalocyanines, being semiconductive organic compounds of the type
p, strongly interact with electronegative gases. This interaction involves a change in the
conductivity of the macromolecular layer. It has been found that the tested layers do not
interact so strongly with water vapour and oxygen.

Many papers inform about the application of the phthalocyanine H;Pc, metalph-
thalocyanine as well as other complexes containing electronic systems of the type for the
purpose of detecting the presence of NO; and chlorine.

The results of investigations on copper and iron phthalocyanines have been published
in [10]. Among others, the influence of O; and strongly electronegative gases (NO;, NO,
Cl,, Br; and I;) on the properties of thin layers could be determined. These investigations
confirmed that the sensitivity of these phthalocyanines to the aforesaid gases differs. The
response time of the system amounted to 1—70 minutes. The sensitivity of the active layer
depends on the carrier gas (air or nitrogen) forming the background of the investigated
gas.

Attempts have also been made to construct a prototype of a microprocessor system of
monitoring nitrogen dioxide. This was affected at the University of Kent (in the United
Kingdom) in 1991, sponsored by British Gas [11]. The principle of detection was based
on utilization of changes in the electric conductivity of thin layer of lead phthalocyanine
exposed to the influence of electronegative NO,. In this way a very high sensitivity of
detection was achieved on the level of single ppb’s as well as a comparatively short
response time (about 30s). With such parameters the sensor excels all the conventional
commercial sensors.

Most publications on this subject matter come from the end of the 80’s and the 90’s
of this century; they mainly deal with investigations concerning the sensory properties
of these complexes. These publications prove that this problem is highly actual. The
connection of the sensory properties of macromolecular compounds with investigations
on the structure of thin chemically sensitive layers exposed to the interaction of gases
has been deal with in these papers only incompletely or not taken into account at all.
Extremely important is the correlation of such sensory parameters as sensitivity, the
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dynamics of the sensor, the response time and the regeneration of the active layer, as
well as the processes of ageing, including structural investigations of selected layers and
taking into account the effect of the technological conditions of the process of sublimation
on their structure and properties. In order to utilize the properties of phthalocyanine
complexes fully it seems to be expedient to undertake the widest possible investigations
on their electric properties (dependence of conductivity and energy of activation on the
gaseous environment) and changes of their acoustic properties (absorption, dispersion).

As we know from literature, sensors of the type SAW may be divided into two cate-
gories, viz. sensors measuring physical quantities and sensors used to measure chemical
quantities. The physical properties which can be measured by means of such sensors have
been gathered in Table 1.

Table 1. Physical SAW sensor, after [18].

Measured quantity Sensitivity/detecability
Temperature 0.0001°C
Pressure 0.1 ppm/atm
Force —acceleration 18Hz/g
Electric field 15 — 30ppm/kV/mm
Displacement 300 Hz/jum
Flow rate 11 Hz/sccm

If SAW is applied as a chemical sensor, a thin layer reacting with the analysed agent
must be put on the surface of the piezoelectric substrate. The interaction of this agent
must lead to changes of the properties of this layer, e.g. its density, viscosity, modulus of
elasticity, dielectric constant or conductivity. In this way parameter of the propagation
of the surface wave is changed. The sensitivity and selectivity of SAW sensors depends
on the physicochemical properties of the covering layer. Most often two retarding lines
are applied (discussed further on in this paper), forming two oscillating systems. One
of these lines is covered with a layer reacting with the investigated medium, the other
one remaining uncovered. The difference of frequencies between the generations of os-
cillators, resulting from physicochemical changes of the active layer amounts to several
score of Hz up to several kHz, applying resonance frequencies of the oscillators within
the range from several score to several hundred MHz.

Exemplary coverings of the retarding lines have been presented in Table 2.

The change of frequency oscillation in the generator system may result from two
effects: the effect of conductivity, when in result of changes in the electric conductivity
of the chemically sensitive covering due to the interaction of the ambient medium the
conditions of propagation of the acoustic wave in piezoelectric waveguide are changed,
and the mass effect, when due to changes in the mass of this layer the velocity of prop-
agation of the acoustic wave is changed [3]. The operation of SAW sensors is based on
the utilization of changes of the mass or electric conductivity of the chemically sensitive
layer.

There are also other constructions of sensors which utilize Love’s shear waves. Such
sensors enable us to measure the properties of polymers and to determine their glassy
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Table 2. Coverings applied in chemical SAW sensors.

Determined Covering Sensitivity/detecability
gas/vapour
H, CuPc + Pd (doping) 50ppm
NH; Zn0 + In 1- 10ppm
NO; PbPc, CuPc, HaPc 2 ppb-500 ppm
H,S WOs3, SnO; + Pt 0.01-60ppm
SO, Heteropolysiloxane, 1-100ppm
Triethanolamine,
CCOQ_
H;0 Polyimide 1.1kHz/% Rh
no film dipole interactions

temperature, their melting point, the coefficient of expansion and the energy of thermal
activation.

For several years now in the Institute of Physics at the Technical University of Silesia
researches have been carried out in co-operation with the IFTR Polish Academy of
Sciences on the application of thin layers of macromolecular complexes for the purpose
of detecting the presence of gases. This year our researches concern mainly nitrogen
dioxide.

3. Applied apparatus

For measurements of the NO, concentration the prototype of a device has been
constructed, the block diagram of which is to be seen in Fig. 1. It consists of a cylindrical
test chamber with the sensor plate inside — a system of the double line SAW on lithium
niobate with a chemically sensitive layer in one path. The plate was fastened on a base
with 14 feet, the dimensions of which were 20 x 17.3 mm. This base was mounted on a
typical support as applied for the assembly of integrated circuits. The plate of laminated
foil supports the other elements of the device — electronical elements and the numerical
read — out. The acoustic waveguides have been denoted as L1 and L2. On one of the
waveguides was padded with a thin chemically sensitive layer of lead phthalocyanine,
serving as the sensory element. The other waveguide serves as a reference system. Each
acoustic line operates in the feed-back loop of the wide-band amplifiers A1 and A2 as
oscillators. The voltages of oscillation from the amplifiers of both lines are conveyed to the
input of the mixing system M, at the output of which the signal of the beat frequency
is given. The change of the beat frequency is a measure of the concentration of the
monitored gas. In the monostable element F-FM1 the beat frequency is transformed into
rectangular impulses with a constant width. The beat frequency is measured by summing
up these impulses in some given time. The quartz-crystal oscillator at the output of the
frequency dividers D1 and D2 generates one — second impulses, which at the gate G1
determine the summing — up time of the impulses of the differential signal in the counter
COUNT. The four-decade read-out of the counter is decoded in the four-position LCD
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display. The control system of the counter is set to zero, by the impulse R (reset) from
the monostable element F-FM2, and next triggered from the divider D3 through the gate
G2 by means of the impulses CLC (clock).

=

O0000D00000O0O0 \ nn
||i| ||||L1”)M*
L2
000000000000
> D2

!

32768 Hz

Fig. 1. Block diagram of the measuring instrument.

The deviders, the counter and the control system have been produced by means of the
CMOS technique, the digital read-outs are liquid crystals. Such a system makes it possible
to miniature the overall dimensions of the measuring instrument (to about 150 x 80 mm)
and to save energy by applying batteries. Thus this device may be applied also as a
portable one. It has been assumed that the measuring instrument will be used to detect
and to measure the concentration of nitrogen dioxide in the air. The concentration of
nitrogen dioxide admissible for a longer time amounts to 30 — 50 mg/m?, the maximum
one for 30 minutes being 150 — 500 pg/m?.

4. The procedure of measurements

In order to get thin layers of the applied phthalocyanines their sublimation in a vac-
uum was applied. The initial material was powdered PbPc, FePc, CuPc, NiPc and HyPc
produced by the firm SIGMA. Chemically sensitive layer were sublimed in a vacuum by
a system of the type NAS01P. As a source of vapours a quartz crucible was used, placed
inside a tungsten spiral. Before its sublimation the initial material was degassed for 15
minutes in a vacuum 10~*Tr at a temperature of 150° C to 200° C. Particularly intensive
gassing was to observed in the case of iron phthalocyanine, the weakest when pure ph-
thalocyanine was applied. The temperature of the source of vapours was controlled by
means of a Cu — Konstantan thermocouple with the reference point placed in a container
with melting ice. In the course of one cycle of sublimation the layers were placed on a
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substrate consisting of lithium niobate with previously prepared (photholithographically)
interdigital transducers, and on a glass substrate of the type Corning 7059 used to inves-
tigate the structure and to measure the thickness by means of the interferential method.
The distance between the source of vapours and the substrate amounted to 25 cm. During
the process of sublimation the thickness of the layer was controlled by means of a quartz
thickness meter of the type MGS 100, and after evaporation had been completed, the
thickness was measured optically. The thickness of the obtained layers to 0.08 — 0.35 um

and 1.3 — 1.4pum.
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Fig. 2. The dependence of the differential frequency of an SAW sensor on the concentration of nitrogen
dioxide in the air at a temperature of 27° C. The piezoelectric material was LINbO3, the nitrogen dioxide
was absorbed by a layer of lead phthalocyanine (PbPc), 83nm thick.

The most essential part of the sensor is the differential system of two acoustic 0s-
cillators (active and compensating oscillator) eliminating the effect of the unsteadiness
of temperature on the signal of the sensor. Each oscillator consists of two transducers
of the surface wave (20 pairs of electrodes with a width of 12.5um and an aperture
of 4mm), produced photholithographically, and an exterior broadband amplifier. The
mid-band frequency of the transducer amounted to about 43 MHz. The distance between
the transducers amounted in the surface line to about 14 mm. Together with the acoustic
retardation line and the transducers of the surface wave forms a closed electroacoustic
loop. The system oscillates if the amplitude conditions for amplification of the signal in
the loop is greater than 1, and the phasal condition (full phase shift in the loop equals
a multiple of 27) are satisfied. The measuring signal is a change of the differential fre-
quency of the oscillators at the output of the mixer.
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Fig. 3. The dependence of the differential frequency of an SAW sensor on the concentration of nitrogen
dioxide in the air at a temperature of 27° C and 70° C, the remaining conditions being the same as in Fig. 2.
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Fig. 4. The dependence of the differential frequency of an SAW sensor with an adsorbing layer
of phthalocyanine (HzPc), 110nm thick, on the concentration of nitrogen dioxide in the air
at a temperature of 70° C.

[204]
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The prolonged drift (30 minutes) of the temperature of the sensor amounted to about
50Hz.

The time of filling, until a steady concentration of gas has been reached, amounts in
the applied test chamber with a total volume of about 55 ccm at a flow rate of the gas equal
to 55 ccm/s and 27.5ccm/s to 7 and 14 seconds, respectively, being considerably shorter
that the assumed time of exposure (480s) of the investigated layer to the interaction of
the given gas.

5. Results

The test results have been gathered in Table 3. The presented date indicate that most
sensitive to the presence of nitrogen dioxide in the air are PbPc layers, followed by layers
of CuPc, whereas FePc and NiPc practically do not adsorb NO,. The influence of CO
and CHy on the determination of NO, have been investigated too. The presence of these
gases does not hamper the determination of nitrogen dioxide; FePc, on the other hand,
is sensitive to the presence of methane and will in future be applied in the design of an
SAW sensor determining the presence of methane.

Table 3. The influence of kind of phthalocyanine, its thickness and temperature on the sensitivity
of an SAW sensor designed to determine the content of nitrogen dioxide in the air.

Layer type | Layer thickness | Temperature | Sensitivity to NO,
[nm] [°Cl [Hz/ppm]
PbPc 83 70 2000
PbPc 83 30 1200
CuPc 270 30 130
CuPc 720 30 18
H;Pc 110 70 87
FePc 30 70 0
NiPc 230 70 0
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102nd AES Convention, Munich
22-25 March 1997

Year after year, the consecutive AES Spring Conventions, those held in Europe and
designated with even numbers, attract an increasingly higher number of participants. This
time in Munich the number, iuncluding exhibitors, was about nine thousand. About 350
companies from all over the World presented their products. Further several tens of press
agencies and associations co-worked. The exhibition of the latest technical achievements
in the audio field was the biggest ever to have been organized by the AES in Europe,
at least in terms of stand space. The newly modernized and enlarged Convention Cen-
tre secured a comfortable work area for all activities connected with the Convention
programme.

The scientific part of the Convention was also impressive. 112 contributed papers
were presented by ca.225 authors and co-authors, during fifteen Papers sessions, devoted
to particular problems of the Audio Engineering domain. Discussions followed after
presentation of every paper. Particular attention of the German Organizing Committee
was paid to the Workshop Sessions. Thirteen Workshop Sessions were held and thanks
to their actual themes and well-prepared programmes they awoke the vivid interest of
the participants.

As AES Vice-President for Central Europe region, where 17 Sections are active
(Austrian, Czech, North German, South German, Hungarian, Israel, Lithuanian, Polish,
Russian-Moscow, Russian-St. Petersburg, Slovakian, Swiss, Ukrainian, and three Student
Sections: in Moscow, St.Petersburg, and Gdarsk - ca. 1500 members altogether) I had
the opportunity to observe their activities during the Board of Governors’ meetings in
Munich, where all their organizational needs were to be dealt with and many problems
solved.

Although I was very busy due to my numerous tasks and participation in various
organizational meetings, I was, as during the previous Convention, paying particular
attention to the Polish AES members participation and achievements. As to the number
of papers Polish authors were ahead of those of many other countries. They were in third
position, after the UK and Germany, their contribution being more than 11% of the total
number of Convention papers. This result is better than that of the previous European
AES Convention (10% at the 100th AES Copenhagen, in 1996).
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For the first time since the introduction of workshops into the Convention pro-
grammes the Polish acoustician, professor A. Czyzewski, from the Sound Engineering
Department of Gdansk University of Technology organized and moderated, as Chair-
man, the workshop session entitled Audio technology for the Hearing-Impaired. Three
panelists, prof. L. Moser, from Wiirzburg University, prof. S. Peeters, from Antwerp Uni-
versity and dr T. Fidecki from Warsaw Academy of Music, assisted him at presentations
and demonstrations, answered questions and explained problems raised by numerous
interested participants.

New forms included in the Convention programme were the Education Fair and Ed-
ucation Forum. The first was aimed at providing all interested visitors with information
concerning schools, colleges and institutes and their courses in audio-engineering, as
well as apropriate literature. The second one, hosted by the AES Education Committee,
afforded the opportunity for discussions among educators and students on academic ac-
tivities useful for further development of the audio-domain in cooperation with industry.

The attendance of Polish AES members in Munich was numerous as in previous
Conventions. A group of students, mostly from the Gdansk University of Technology,
participated in workshop sessions and took advantage of the free access to the most
modern equipment demonstrated at exhibition stands. Moreover, they had an opportunity
for sightseeing excursions to Munich and their neighbouring countryside as well as to visits
to interesting cultural and technical sites of the City.

Traditionally, the Convention site is friendly place for informal meeting and profes-
sional contacts between all those interested in the audio domain, coming from various
countries of Europe and the rest of the World. Let the Polish share in future Conventions
remain as active and fruitful as it has been so far. I address this wish to future organizers ,
of education process in the field of Acoustics and Sound Engineering.

Marianna Sankiewicz

Post Scriptum: As usual, all papers contributed were edited in principle in the form of
Convention Preprints prior to the debates. Those Preprints may be available now either
from their authors or the AES Editorial Office. Thus, information concerning titles of
papers contributed by Polish authors may be useful for Archives of Acoustics readers.
This information is as follows:

K. BASCIUK, S. BRACHMANSKI, The automation of the subjective measurements of logatom
intelligibility, (Session: Measuring and modelling — Paper A-5) Preprint 4407.

B.W. KuLesza, W. RyszkowsKl, The sound reinforcement system of large halls, (Sound
reinforcement — B-1) No Preprint available.

K. KrRoSCHEL, A. CzYZEWSKI, M. [HLE, M. KUROPATWINSKI, Adaptive noise cancel-
lation of speech signal in a noise reduction system based on a microphone array, (Array
Acoustics — H-1) Preprint 4450.

M.J. KiN, A.B. DoBRUCKI, Roughness effect as a result of amplitude or frequency mod-
ulation of single components in harmonic complex (Psychoacoustics — L-2) Preprint 4481.



CHRONICLE 209

A. CzyzEWsKI, R. KrROLIKOWSKI, New methods of intelligent filtration and coding of
audio, (Psychoacoustics — L-7) Preprint 4486.

A. CzyZEwsKI, A. LorENS, W. WOINAROWSKA, Multimedia catalogue of hearing im-
pairments, (Psychoacoustics — L-8) Preprint 4487.

W. MAJEWSKI, Cz. BASZTURA, Methods of tape recording authentication, (Recording
and Reproduction Systems-M-6) Preprint 4493,

B. KosTEK, A. WIECZORKOWSKA, A system for musical database creation and analysis,
Sound Archiving-Musical Acoustic — N-3) Preprint 4498. _

S.K. ZIELINSKI, G. SzwocH, Application of Chebychev polynomials to calculation of the
nonlinear characteristics of the digital waveguide model of the organ pipe, (Musical Acoustics
— N-4) Preprtint 4499.

G. BUDZYNSKI, M. SANKIEWICZ, M. SZCZERBA, A new swinging-bell system applicable
to carillon bells or change-ringing peals, (Musical Acoustics — N-6) Preprint 4501.

B. KosTEK, M. SzCZERBA, Applications of algorithms dealing with time domain uncer-
tainty for the automatic recognition musical phrases, (Musical Acoustics — N-7) Preprint
4502.

K. SzLiFirski, T. EETowskl, A. MiSkiewicz, Timbre solfége: teaching tools for devel-
oping technical listening skills, (Musical Acoustics — NB-8) NoPreprint available.

M.S.
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1997 IEEE International Ultrasonic Symposium

October 5-8, 1997
Toronto Marriot Eaton Centre
Toronto, Ontario, Canada

Sponsored by the Ultrasonics, Ferroelectrics & Frequency Control Society

General Chair:
Stuart Foster
University of Toronto
416-480-5716 (480-5714 fax)
stuart@srcl.sunnybrook.utoronto.ca
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7-th Spring School on Acousto-Optics and Applications

18-22 May, 1998 Gdansk

The School is organized by
University of Gdansk

Institute of Experimental Physics

in co-operation with the

Quantum Molecular Acoustics and Sonochemistry
section of the Polish Acoustical Society and the Committee of Acoustics of the Polish
Academy of Sciences, sponsored by Ministry of Education, Polish Council for Scientific
Research and by SPIE - the International Society of Optical Engineering in association

with the Polish Chapter of SPIE.

Organizing Committee

President:
Vice President:
Secretary:
Members:

Technical Responsability Staff:

Scientific Programme

Prof. dr hab. A. Sliwiriski
Prof. dr hab. P. Kwiek
Dr B. Linde

Dr M. Borysewicz
Mgr G. Gondek

Dr M. Kosmol

Dr A. Markiewicz

Dr A. Sikorska

Dr J. Szurkowski

B. Dalek

Mgr L. Glgbocka

Mgr inz. A. Katkowski
Mgr inz J. Paczkowski

According to the wishes of the participants of the last Spring School on Acousto-optics
in 1995 we have pleasure to announce the Seventh Spring School as a continuation of

these every third year meetings.

As before, the aim of the School is to cover all physical topics concerning light and
sound (mainly in the ultra-and hypersonic range) interaction in liquids and solids. Appli-
cations of acousto-optic devices such as deflectors, modulators, filters and other proces-
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sors of integrated optics, visualization of ultrasound and holographic imaging etc. will be
included in the programme. The School activities will be devided into:

o invited lectures (45 minutes),
o original papers (20 minutes),
e poster session,

e round table discussions,

e equipment exhibition.

The proceedings of the School will be published by the SPIE. The technical require-
ments for typing the papers will be send in the second circular.

Since the number of original papers is limited the selection will be done by the
Organizing Committee.

The official language of the School will be English.

The number of participants is limited to 80.

The exhibition of acoustical and optical equipment is predicted during the meeting.
The potential exhibiters are invited to contact the organizers for details.

The organizeres are opened to accept a sponsorship upon the School of a promi-
nent firm which could be interested in the opportunity to promote their goods among
acousto-opticians.

All correspondence should be directed to:

Dr Bogumil LINDE

Institute of Experimental Physics

Organizing Committee

of the 7-th School on Acousto-optics

University of Gdansk, ul. Wita Stwosza 57

80-952 Gdansk, Poland

Phone: (+48) (58) 52-92-48 or (58) 521-92-13 or (58) 41-31-75
E-mail: fizas@univ.gda.pl; fizbl@univ.gda.pl

Fax +(+48) (058) 41-31-75
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Joint Meeting of the 16-th International Congress on Acoustics
and the Acoustical Society of America

Seattle, Washington, USA
20-28 June 1998

The 16th International Congress on Acoustics (ICA) and the 135-th meeting of the
Acoustical Society of America (ASA) will convene in Seattle, Washington in June 1998.
Seattle, a major city in the northwestern United States, is located between the Cascade
Mountains and Puget Sound and is served by an international airport.

Joint Meeting As a joint meeting of the ICA and ASA, the Congress will bring
together experts from all fields of acoustics and will provide an international forum for
the open exchange of scientific information. The meting is organized by the Acoustical
Society of America under the aegis of [UPAP and its Commision on Acoustics.

Technical Presentations The meeting will consist of plenary lectures, invited and
contributed papers, poster sessions, and exhibits. The plenary lectures will be presented
by renowned acousticians and will cover a wide variety of interesting topics in acoustics.

The working languages for the Congress will be English, French, and German. Papers
will be presented in the language of the author’s choice. A complete set of proceedings
will be available at the Congress.

Social Activities Technical visits and excursions of general interest will be arranged:
technical tours to local companies will include Boeing, Microsoft, and the Applied Physics
Laboratory, University of Washington, as well as a trip to Mt. Rainier and a salmon dinner
on Blake Island.

For more information about the Joint Meeting of ASA/ICA’98

16-th ICA Secretariat

Applied Physics Laboratory
University of Washington
1013 NE 40th Street

Seattle, WA 98105-6698, USA



