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An attempt was made to find some features describing the shape of the spectra of
organ pipe sounds in terms of their subjective discernibility. A multi-channel recording
system was employed in order to represent reliable pipe sounds in a realistic acoustic
interior. A precise method for the determination of the spectral representation of pipe
sounds was introduced. The polynomial approximation of the spectral envelope was found
to be an effective tool, allowing the study of differences between sounds produced by organ
pipes of various types belenging to some selected instruments. The paired comparison
subjective testing procedure was applied in order to assess the similarities between sounds
synthesized using polynomial smoothed spectra and the original organ sound patterns.
The statistical processing of test results revealed that a direct relation exists between the
type of organ pipe and the minimum order of the approximating polynomial that can
be uged to represent the pipe sound specirum, as determined by the positive opinions of
the experts. The applied pipe organ sound recording and processing methods, subjective
testing procedures and experiment results are discussed in the paper.

1. Introduction

Numerous scientists have been researching the acoustic features of organ instruments
for many years. The historical instruments, particularly, attract a great deal of atten-
tion. By following the publications on the subject over the last decade, one can observe
an increasing number of researchers dealing with the subject. A partial reason for this
is probably due to the development of measurement technique. On the other hand, the
methodology of subjective testing is also observed to have been developing. Without
it, any achievement in the field of acoustic instrumentation would be difficult to verify.
Hence, the approach to the subject is twofold: ohjective analysis and auditory assess-
ment. Much research was and still is striving to achieve homogeneity between the two
concepts; that is, to come up with such rules for the interpretation of objective analysis
results so that they would as much as possible be in accord with the subjective assess-
ment. So far, subjective assessment has been the supreme authority in terms of sound
quality evaluation. :
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Following are listed some facts that might help to give an idea of the scale of problems
with regard to crgans as related to the above aspects:

— Organs were constructed by organ builders in various epochs, usually in accordance
with the contemporary concept determining the style of play on the instrument. However,
what is essential here is not just the date of creating the instrument, but also the dates
of its renovation. To be considered is the fact that a great many historical organs have
been damaged in the course of history, and their later renovation was not always done
in accordance with the construction rules applied by the builder of the original version
of the instrument,

— Firms, which constructed organs, used various techniques and different technical
solutions even though the epoch was the same. Differences include the technologies of
pipe manufacture, the rules of scaling and voicing of the pipes, the selection of organ
stops, the procedures of interior acoustic adaptation, etc.

— What is also extremely significant is how the room affects the acoustic image of
the instrument located in it. An organ is usually fitted in the interior of a church whose
characteristic feature is a long reverberation time. The acoustics of the interior affects
not only the transient phases of sound, easily observed upon auditory assessment, but
it also affects the steady-state phase. It is not as easy with organs as it is with other
instruments to record sound for analytical purposes. It has to be taken into account
that the sound is recorded in highly reverberant conditions and that it is not always
in a uniformly distributed acoustic field. The outcome is a strong dependence of the
measurement result on the location of the microphone recording the sound.

There are a great number of organ instruments in existence, a large percentage of
which are of high historical value. Currently, most of these instruments have no acoustic
documentation containing objective analyses which would allow the assessment of their
sound features. This situation also concerns many instruments in Poland, where the
authors performed the herein discussed investigations. The results of the research which
aimed to identify a solution to the problem of objective classification and assessment of
organ stops are presented in this paper.

2. Recording the organ sound

This paper focuses on the analysis of the sounds of organ pipes on the basis of
their steady-states. Recording in real interiors is complicated due to a large number of
acoustic wave reflections, with the number getting larger as the reverberation time gets
longer for the frequency under examination. The method for the recording of consecutive
organ pipes of the studied stop must, under these conditions, take into account the ele-
ment of coincidence resulting from the changing of microphone position when recording
individual organ stops.

The interiors of the churches where the investigated organ instruments are located
have one more distinctive feature which introduces an additional obstacle to sound
recording and analysis, especially when recording quiet sounds and ones containing har-
monics of a low level. What is referred to here is background noise coming from external
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sources and from the blower that each of the instruments is equipped with. This in-
truding noise affects the level of the acoustic noise floor which must be considered upon
interpreting the results of analysis {29]. Therefore, the value of the signal-to-noise ratio
should be taken into account. Consequently, the results of spectral analysis had to be
limited to such components of sound that exceeded the level of the noise floor, at least
in the adjacent band range. The problem is to interpret the results of spectral analysis
for harmonics of low amplitude, close to the value of the noise floor level. The spectra
obtained from analysis show a logs of energy in the higher harmonics. Due to this, there
is a limitation in terms of the number of spectrum components to be analyzed.

As a consequence of the above considerations, a system was adopted which was based
on multi-channel organ sound recording. To reduce the effect of microphone location
on the results of the analysis, it was decided to use several different recordings with
microphones placed in various points. Increasing the number of recording points brings
about much better accuracy in the measurements, and within limits it leads to results
which exactly reflect the emitted sound. To obtain the sound spectrum that a pipe
actually generates, the energy for each component would need to be summed up from the
entire room. Since such an operation is clearly unfeasible and impractical, a four-channel
digital recording was employed which is a compromise between the accuracy and the
enormous amount of work needed for this analysis.

Recordings were made in the following Gdaiisk churches: St. Mary’s Basilica: St.
Nicholas' Basilica; Holy Trinity Church; The Church of Jesus’ Holiest Heart; and The
Church of St. Peter and St. Paul. The majority of the recordings were made for the full
{chromatic) musical scale, in ascending order, for the following organ stops: Principal 8/,
Principal 4', Octave &, Octave 4/, Subbas 16/, Flute 4/, Viola da Gamba &', Quintadena
8, Trumpet &', Posaune 16’

With the use of software written specially for multi-channel digital recording and
sound editing on a UNIX workstation, sound files were created and then edited using
selected fragments from muiti-channel recordings of organ pipes belonging to the same
stop. To do this, a UNIX computer was equipped with a 4-channel A/D conversion card
which allowed 16-bit recording with a sampling frequency of 22.05 kHz.

3. Representation of the organ sound

A computer program written at the Sound Engineering Department of the Gdansk
University of Technology performed analyses described in this section. The first task of
this program was to read sound files made after editing. Next, the program performed
calculations and analysis of the steady-state spectrumn on the basis of the discrete Fourier
transform (DFT). When distortions caused by the background noise coming from exter-
nal sources and from the blower are present in the registered signal, increasing the time
window go that it encompasses several periods of the signal can provide a correction of
the results of the analysis [17]. On the other hand, the DFT analysis loses accuracy when
performed over several periods. To make possible the precise tuning of the time window
to the period of the signal or its multiples, a variable length time window procedure was
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used. Data on the particular harmonics and on distortions are extracted using the above
calculations. The best estimation of the signal will take place when the exact value of the
fundamental frequency is known. However, in the case under discussion only an approx-
imate value is known. This is because we must consider the possibility of organ scund
mistuning with comparison to musical pitch based on the equal temperament scale. For
this reason, a procedure to determine the fundamental frequency should be applied. The
fundamental frequency may be obtained by changing the length of the time window in
a way that leads to better tuning to the sound. After such a procedure, the spectrum
and the signal-to-noise {S/N [dB]) ratio are computed according to the formula:

S Eg
where: .
Es=)Y E; (3.2)
g

represents the total energy of the harmonic spectral components, and

k~1 n

En=> Y Eujx (3.3)

fm]  Fam0

represents the total energy of parasite spectral components, E; — energy of the &-th
spectrum harmonic, Eiy ;. ~ energy of the parasite spectral component, & ~ multiple
of signal periods within a chosen window length, n — number of the highest spectral
component.

The value of the §/N ratio is then compared to the previously computed one. The
result leads to acquiring the highest possible value of the useful signal-to-noise ratio in
consecutive steps until reaching the required accuracy. The main tasks performed by
the developed algorithm are presented in Fig. 1. Examples of this type of analysis are
presented in Fig. 2. The numbered lines in Fig. 2a and b are interpreted by the program
as components of the useful signal, the others as noise. This procedure is completed for
all sounds of the analyzed organ stop.

Based on the obteined results of the analyses, there are some observations useful for
designing further stages of the research:

1. Spectra of the particular pipes comprising one organ stop are not identical, and
they show certain discrepancies in terms of the frequency and amplitude of consecutive
harmonies {13},

2. A gradual, systematic change of the spectrum is visible as one moves to extreme
ends of the musical scale, This tendency is best visible for flue pipes, and is in this case
the effect of scaling [13).

A statistical verification of the results was applied to the obtained data. For this
purpose, a computer program was developed which performs such computations as:

» average spectrum for each organ stop, where the range of averaging may pertain
to a selected part of the musical scale. This was used, for example, in researching the
effect of scaling on the sound timbre. The amplitudes of components are also subjected
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Fig. 1. Algorithm of spectrum determination using the window adjustment procedure.

to averaging computations. However, prior to averaging computations, the spectra are
normalized in terms of their energy. The result is that only the relative amplitude levels
of the components are considered;

» the variance computed for each harmonic is examined in order to study the disper-
sion in the shape of the spectrum within the given organ stop;
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Fig. 2. Spectral analysis of the organ sounds: a) result of spectral analysis of the organ pipe sound,
b} result of spectral analysis of the organ pipe sound when the tuned window length procedure was
used in order to maximize the S/ ratio.

e the calculation of confidence intervals for each harmonic in order to determine
estimation boundaries of the average spectrum, using the formula:

_c_!'&_ _ t;-vl 'Sn
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where: ¢, — width of the confidence interval for the amplitude of n-th component. of
the average spectrum, £5_; - boundary value of ¢ Student statistics for p — 1 degree of
freedom and of significance level «, S, — standard deviation for the amplitude of the
n-th component computed from measurements according to formula (3.5):

»
S, = :_). 3 (4ali) - Aa), (3.5)
i=l

where: A,, - n-th amplitude value of the n-th component of the average spectrum, n
- number of the spectrum component, p - total number of sound patterns, A4, (i) -
n-th amplitude value of the harmonic of the i-th sound pattern spectrum after energy
normalization.

The computed confidence interval for the n-th component can be written down in

the form: @ .5 o
— p—-1"Yn — p—1"n
<An 5T An + B > (3.6)

The experimentally chosen value of o for the confidence intervals was equal to 0.05.
Using a graphical presentation of the computed confidence intervals for each harmonic
separately, a specific confidence “sleeve” is created for the entire average spectrum.

Based on the results obtained using the above specified methods, it is possible to
show that it is justified to apply the multi-channel methodology of sound analysis in an
acoustic interior. To do this, it is sufficient to compare the dispersion for the particular
harmonics or the widths of respective confidence intervals for the average spectrum
computed from a single-channel recording with corresponding values originating from a
multi-channel recording. This will be shown in next section.

4. Features of organ sound

Upon reviewing the acoustical literature, it should be noted that apart from such
basic terms as loudness or pitch perception, there are several or even a dozen subjective
terms for sound timbre, such as brightness, depth, sharpness, warmth, etc., which do not
have such simple objective equivalents as these two basic attributes [4, 26, 32]. Some of
them, however, are classified as objective through the fact that a majority of researchers
agreed on a certain mathematical formula to describe them, e.g. brightness {2, 22]. Other
definitions of sound parameters arose on the basis of proposals made by acousticians;
they were formulated on the basis of features of musical instrument sounds [1, 3, 5, 10,
18, 32, 34].

In the case of organ sounds, the applied analytical approach can be divided into two
types:

¢ investigating whole instruments to find common features for various schools to
which the builders belonged [23, 24, 30];

¢ investigating particular types of pipes to identify features which are distinctive for
organ stops [29, 31].
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Earlier research results were the outcome of applying an analog technique where the
most frequently used analyzers ensured an octave or a one-third-octave resolution in
the field of the spectrum [6]. This helped to define and implement several parametric
representations of sound features. In these analyses, a twofold approach can be observed:
long-term averaging of sounds of the entire instrument scale or of a selected stop [11,
12, 30, 33]; or an elaborate recording of sounds from single pipes [4, 8, 27, 28]. Results
of the octave analysis helped, for example, to isolate certain differences between organ
instruments originating from manufacturers who belonged to various schools. The basis
for this was & five-element vector of parameters consisting directly of measurement values
in five octaves of the acoustic band {23, 24]. Later research showed that based on these
results it is possible to reduce the length of the parameter vector while at the same
time maintaining classification values. This procedure was based on the matrix of a
so-called cosine transformation and eventually helped obtain a three-element vector [30].
Application of the one-third-octave analysis was used to perform feature extraction of
sounds from single organ pipes by means of a division of the spectrum into groups of
harmonics. This methodology led to presentation of a subjective assessment of sound
timbre in terms of polar coordinates [29].

Research on the transient state produced a whole series of parameters such as rising
time, releasing, overblowing, etc. [14, 15, 18, 19, 35]. Apart from these, the method of
describing sound timbre evolution using a respective grouping of harmonics, called the
tristimulus method, appeared [31]. The research on the transient states of musical sounds
[8, 9], however, especially on the attack transients, is more closely related to articulation
effects in organ playing {14, 15, 16, 18, 20, 28]. Therefore it is not the main subject of this
paper. Nonetheless, the authors have participated in these types of research experiments
[18, 19, 20].

The idea of describing sound timbre through a set of three parameters has recently
inspired research related to sounds coming from recordings of a whole musical group
{25]. In this work, however, the main considerations pertain to single organ pipes. In
the case of such sounds, there is a well-known method of describing this feature, called
gpectrum irregularity (French: irregularité du spectre) [22].

As will be shown in the next section, builders of organ instruments were most prob-
ably guided by the acoustic effect related to the sound spectrum when seen as a whole.
For example, the sound timbre can be described through defining the size of decay of
the higher harmonics in relation to the lower ones. In this case, a parameter may be
proposed: the directional coefficient of a line adjusted for a set of points matching the
maxima of the harmonics, expressed in dB/log f. Application of this linear approxima-
tion of the spectrum may be the point of departure to a better description of sound
timbres of organ pipes. Feature extraction based on groups of harmenics is in a way a
reference to such an approach [31]. However, using this extraction as a basis, it is difficult
to perform additive synthesis which for the steady-state requires not only the knowledge
of what the fundamental frequency is, but also the amplitudes of the particular com-
ponents, and in some cases the knowledge of what the phase variations are. Therefore,
it seems that it will be more beneficial to identify a inore accurate description of the
envelope of the sound spectrum.
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The authors’ proposal of such a description is based on an approximation of the
spectral envelope shape using polynomials {13, 17]. This approach seems to be correct,
especially in applications involving richer spectra such as the sound spectrum of reed
pipes. The applied approximation is based on minimizing the mean-square error in the
range of the analyzed spectrum, and is computed by using the following proposed rela-
tion:

- |
E= J D (20- logyo AG) ~ Wi (log, i))2, (41)
i=1
while: i
E(logz 1) =} ;- (logs 1), (42)
J=0

where: E - ean-square error, ¢ ~ number of the harmonic, i = 1,2,...m, m — number
of the highest harmonic, A(f) - value of the amplitude of i-th component, W, (log, i) —
velue of the polynomial for i-th component, a; — j-th term of the polynomial, j — number
of the consecutive term of the polynomial, 7 — order of the polynomial.

Computations which minimize the error are performed by consecutive substitution
of r =1, 2, ...etc. up to'the assumed maximum value, successively obtaining the coef-
ficients ay, a3, as, ... . Based on formula (4.1), the approximation is performed on the
spectrum presented in the log-log scale, which causes the consecutively computed coef-
ficients a;, where j = 1, 2, 3, ... to be expressed respectively in dB/octave, dB/octave?,
dB/octave?, etc. These coefficients have a clear physical interpretation, e.g. the first de-
fines the decay of higher harmonics in the spectrum, whereas the second indicates a gain
or a loss of the middle part of the spectrum in relation to its lower or higher parts.

Moreover, by raising the approximation order, more coefficients are obtained which
describe more precisely the spectrum of the real sound. Such examples of an ascending.
order polynomial approximation of the steady-state spectrum of an organ pipe sound
pattern will be shown in the next section.

5. Statistical analysis of the recorded material

To determine whether the computed parameters — coefficients of polynomials approx-
imating the spectrum - can be treated as distinctive features, a statistical tool was used
in the study, in the form of Behrens-Fisher’s statistics {7, 13]. The basic assumption is
that of mean equality in two normally distributed populations. The following values are
computed from the formulae:

¢ mean parameter values:

- 1 - 1 2 .
X=--3"%, Y==.Y¥, (5.1)
= m oS
¢ and variance estimators of respective random variables:
. 1 2 ) 1 = 2
Sfmm-g(x,-miﬂ . sgmm__l.;(nmy) . (5.2)

where: n, m - cardinality of populations X and Y accordingly, 51,5; # 0.
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On the basis of the values obtained from Eq. (5.1} and (5.2), the statistics are com-
puted from the following relation:
X-v
Ve ——e———— | (5.3)
VS /n+ 83 /m
which can then be compared to a respective boundary value from statistical tables under

the assumed significance level. This requires additional computation of the statistical
parameter ¢ from the formula:

Si/n

= W 3 (5-4)

which reflects the distribution of statistics V and the determination of the boundary
value.

Statistics V', computed for each parameter separately, can also be treated as a mea-
sure of the distance between the compared classes in the analyzed space of parameters.
it is this interpretation that was also applied in the described experiments. For the as-
sumed and fixed n and m, it is possible to compare the values computed for various
parameters related to the investigated populations.

The above described test using Behrens-Fisher's statistics was applied to study the
multi-channel methodology, which can also be examined using the confidence interval
method deseribed in Sec. 3. The latter method is illustrated in Fig. 3. The figures present
the average spectra of selected types of pipes from the organ at St. Mary’s Bagilica in
Gdanisk. For each spectral component, a confidence interval was found at a level of
0.95. The range of sounds was reduced to one octave, in this case the 12 sounds of
the chromatic scale from C2 to B2. The spectra in Fig.3 are presented in the log-log
scale. The xz-axis is related to normalized frequency in terms of the frequency of the
fundamental component. The y-axis represents the normalized energy of the particular
harmonics expressed in {dB]. Comparing the width of confidence intervals computed
for average spectra of both single and four-channel recording proves the advantages
of applying multi-channel recording. In the latter case the confidence interval width is
much narrower than in the case of a single channel recording, what signifies a smaller
dispersion of computed spectral components {see Fig. 3}.

This observation is further confirmed by the results of the statistical analysis {Table 1)
and analysis, which is based on the Behrens-Fisher's statistics (Fig. 4). The approxima-
tion parameters which were used as initial data in the test were computed on the basis
of the same results. In the latter case, a limitation of four stops was introduced. The
obtained results show that four-channel recording usunally leads to a smaller dispersion
and consequently to a better separation between the parameter values in comparison to
single-channel recording.

To show the differences in the spectra of sounds from various parts of the musical
scale, average spectra were computed and feature extraction was performed for these
sounds. This has been illustrated in Fig. 5 in graphical form as a diagram of an approx-
imating polynomial in points matching spectral lines. Examples of the results of the
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Fig. 3. Comparison between average spectra of ssunds from the chromatic scale of the octave from C2
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successive order: Principal 8'; Subbas 168'; and Quintadena 8'. On the left, the result based on a single
channe] recording; on the right, based on a four-channel recording.
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Table 1. Average values and dispersions for parameters obtained on the basis of single-
and four-channel recording,.

Principal 8 - single-channe! recording

Parameter No. 1 2 3 4 3

mean value ~17.892 ~2.621 2.138 —0.111 1.531

dispersion 3.454 3.458 2,558 2.139 4.322
_ Principal 8’ — four-channel recording

Parameter No. 1 2 : 3 4 5

mean value ~15.542 —2.085 1.805 —~0.377 —1.003

dispersion 2.415 2.074 1.007 1.421 1.440

analysis based on the Behrens-Fisher’s statistics for the stops originating from different
instruments are given in Table 2.

Table 2. Results of the comparisons of sound parameters between the same stops from
various organ instruments using Behrens-Fishers' statistics.

Principal 8': object I - object TV
Parameter No. 1 2 3 4 ]
Statistics V 1.488 —~1.385 —1.561 (.655 1.479
¢ parameter 3.420 0.330 0.135 0.169 0.171
Principal 4'; object IV ~ object I
Parameter No, 1 2 3 4 5
Statigtics V' 9.580 -0.581 0.315 -{0.236 —~2.810
¢ parameter .419 0.166 0.167 0.116 0.269
Posaune 16': object I — object 11
Parameter No. 1 2 3 4 B
Statistics V' 4.871 1.622 0.391 0.466 -~2.415
¢ parameter 0.387 0.567 0.622 0.387 0.612
Posaune 18': object I — object 111
Parameter No. 1 2 3 4 5
Statisties V 2.513 2,687 ~{4,207 4.700 -0.726
¢ parameter 0.179 0.385 0.827 0.138 0.465
Posaune 16': object II - object I
Parameter No. 1 2 3 4 5
Statistics V' ~0.634 1.417 —0.800 4.254 1.514
¢ parameter 0.257 0.323 0.744 0.202 0.358
Subbas 16": object II — object I
Parameter No. 1 2 3 4 5
Statistics V —-1.7102 —1.041 -—1.301 1.643 1.174
¢ parameter 4.527 {.684 0.328 (.355 0.441
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Fig. 4. Graphical presentation enabling the comparison of pafameter distribution for the analyzed
sounds — on the left, single-channel recording; on the right, four-channel recording: a) compared
parameters are coefficients which were previously introduced; namely, linear, expressed in dB/octave;

and squared, expressed in di3/octave®, b} compared parameters are coefficients which were previously
introduced: namely, 3-rd order, expressed in dB/octave®; and 4-th order, expressed in dB/octavel.

The chromatic scale of the octave from O3 to B3 (12 sounds) was studied for four
and eight foot stops, and the chromatic scale of the octave from C2 to B2 (12 sounds)
for sixteen foot stops (see Table 2). The compared stops come from organs located in
Gdansk churches, according to the following symbols: object I — St. Mary's Basilica;
object IT ~ St. Nicholas’ Basilica; object 1II — The Church of St. Peter and St. Paul;
object TV — The Church of Jesus’ Holiest Heart. Values for which the value of statistics
V exceeded the range from 2.845 to 3.169 were distinguished. The following assumptions
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Fig. 5. Comparison between the average spectra of sounds from the chromatic scale of the octave from
C2 to B2, and the octave from C5 to BS of three selected organ stops at St. Nicholas® Basilica in
Gdasisk. Going from the top, in successive order: Principal 8'; Quintadena 8'; and Trumpet 8. On
the left, the octave from C2 to B2; on the right, the octave from C5 to B5. Envelopes of the spectra
are approximated with a 5-th order polynomial. Axes x and y are scaled like in Fig. 2.

were adopted: the statistical parameter ¢ ranged from (0,1); the number of freedom
degree 10; the significance level was adopted at 0.01.

The applied experiments showed that for the majority of parameters, the assumption
of normal distribution of the investigated populations was correct. Some exceptions exist,
however, such as: parameter 1, upon comparing Principal 4' of objects IV with III;
parameter 1, upon comparing Posaune 16’ of objects I with II; and parameter 4, upon
comparing Posaune 16' of objects T with III and II with III. This may be the result of
differences due to construction details in the compared organ instruments.
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6. Subjective verification

The paired comparison, non-parametric test procedure was applied [21] in order to
verify whether the applied system of feature extraction provides parameters related to
subjective sound perception. In the case of such a test, it was not necessary to deter-
mine particular features to be assessed by the experts (they produced overall preference
scores). :

For this purpose, digitally recorded real signals were used as signal patterns, and
signals synthesized on the basis of additive synthesis of approximation parameters were
used as test signals. The sounds used for comparison had spectra computed using ap-
proximating polynomials of orders within the range from one to five. An elementary
test was to provide the real signal as the pattern and two signals synthesized on the
basis of various approximation orders. All the signals had duration of 2 seconds, and
the intervals between them were 0.5 seconds. The intervals between the elements of the
test were 5 seconds. This was also the time designated for a subject response. The test
question was, “Which of the two synthesized signals has a timbre more similar to the
model signael pattern?”

On the basis of the experts' answers, a preferential diagram was obtained which
turned out to be a rising curve for all the tests, showing a preference for the higher order
approximation. Resulting from the statistical analysis of the results, the significance
of this preference was also calculated. This value indirectly provides information on
the approximation order that realizes a good reproduction of the investigated sound
timbre. On this basis, it was possible to determine the saturation point of the preference
curve.

Sounds of three various types of pipes were selected for testing: Principal; Viola
da Gamba; and Trumpet. Two musical notes were used, C and B, with corresponding
fundamental frequencies at about 130.8 and 246.9 Hz. The applied approximation of the
order from 1 to 5 led to producing 10 pairs of sounds for one part of the test. As a result,
a single testing session presented 20 pairs for comparison. The tests were carried out for
two groups of experts, with a total number of 22 people. Altogether 12 test sessions were
carried out.

Figures 6 and 7 illustrate graphically the exemplary spectra selected for subjective
tests: real and synthetic ones.

Analysis of the results obtained as the end product of the tests was performed using
a program written in the C language on a UNIX computer. Sets of answers from the
experts provided direct test results that were then analyzed statistically. The schema of
computations is the following:

& Summing up the number of votes given by the particular experts for each of the
objects,

¢ Determining the stability of each experts’ choices {parameter z;),

o Determining the sum of votes given to an object by the successive experts,

¢ Determining the number of votes given to an object by successive experts to both
parts of the test,

¢ Determining the statistics x® by comparing the results of both parts of the test,
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{dB] signal pattern [dB] 1st order approximation

.__.. Ly

2 2 12
[dB] 4th order appro)amahon s [dB] 5th order approximation

No. of ha:munlc Mo. of hamnenic.

Fig. 6. Spectra of sounds used in subjective test No. 1: the patiern signal (the note C from the
Principal 8’ organ stop at St. Mary’s Basilica) at the left upper end; and the sounds generated
on the basie of the polynomial approximation results, with rising polynomial order.

o Determining the number of experts who interpret a given pair in a different way
depending on the part of the test {parameter z3),

+ Examining the significance of the differences between the objects in a pair at the
assumed level of significance (parameter z3),

Since the test was carried out for two groups of experts, the number of results was
doubled and comparison between the groups becomes possible through determining the
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signal pattern . [dB] 1st order approximation

35
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o [dB] 4th order approximation 0 [dB] 5th order approximation

No. of harmor?ig No. of harrnar:lilg

Fig. 7. Spectra of sounds used in subjective test No. 1: the pattern signal (the note B from the
Trumpet 8/ organ stop at St. Mary's Basilica) at the left upper end; and the sounds generated
on the basis of the polynomial approximation results, with rising polynormial order.

statistics x? by comparing the results obtained from the two groups of experts with each
other.

Examples of results from test 1 are given in Table 3. The upper part of the table
contains the particular numbers of votes obtained by the objects. A column for parameter
2; was distinguished — the number of errors made by each expert. It also shows the total
sums of votes for the objects, and also for parts of the tests. The lower part of the
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Table 3. Results of test No. 1 for group No. 1.

OBJECT
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PAR | AB | Ac | AD | 4B | Bc | BD | BE | ¢D | CE | DE
2 6 3 0 3 1 1 3 2 5 2
2 - - + + - + + + + -

table shows the values of parameters z; and z3 for all pairs of the compared objects.
Parameter z; gives the total number of errors for a given pair, whereas for parameter
z3 the mark + was given in the case of meeting the criterion of differences significance;
that is, exceeding the boundary value of 1.96 by the value of statistics. The results were
also depicted in the form of examples of preference diagrams in Fig. 8. Successive objects
from A to E are synthesized sounds related to the rising approximation order from 1
to 5.

To verify the assumption with regard to the effect of auditory memory on percep-
tion, a comparison of the results from both parts of the test had to be carried out. A
similar comparison of the results from the two groups of experts provided the answer to
the question of conformity of the observed tendencies. Both of these comparisons were
performed using Pearson’s test x?. This is one of the methods used to study the inde-
pendence of features of population elements. A comparison of the results of the auditory
monitoring tests between the groups of experts, which show conformity of interpretation
of the tested sounds, is presented in Table 4. Additionally, a comparison between the
results of both parts of the tests shows a slight effect of auditory memory on the ability
to differentiate the timbre of the tested sounds (Table 5).
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Fig. 8. Examples of preference diagrams for assessment tests: at the top, test No. 1; below, test No. 6.

Table 4. Comparison of the results of the auditory tests between groups of experts.

Tost 1 Test 2 Test 3 Test 4 Test & Test 6
Test 1 12.976 14.052 26.703 28.063 15.974
Test 2 17.247 8.742 4.328 14,062 7217
Test 3 19.417 11.660 21.058 11.613 11.187
Test 4 31.414 2.681 18.962 20.601 13.928
Test 5 89.943 18.223 13.463 17.788 5.944
Test 6 23.063 9.013 15.034 13.336 11.098

{21}
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Table 5. Comparison between the results of both parts of the tests.

Group 1 Group 2
Test 1 0.530 0.501
Test 2 3.114 4.466
Test 3 3.180 1.737
Test 4 8.588 | 5.022
Test § 1.366 0.725
Test 6 4.327 5.368

7. Results and conclusions

The presented system of sound feature extraction based on smoothing the spectrum
of the steady-state through polynomial approximation allows the comparison of sounds
produced by various organ pipes. Its effectiveness was confirmed through statistical anal-
ysis of databases obtained as the result of feature extraction with this method, and also,
perhaps more importantly, through the results of non-parametric subjective tests. The
obtained preference curves are usually of a rising character, showing an increase in the
similarity of the sound timbre together with an increase in the order of polynomial ap-
proximation. The exceptions to this tendency are local, pertain only to the final part of
the diagram and are statistically insignificant. Also cbserved is the effect of saturation
of preference curves, different for various types of pipes. This effect describes when the
preference curve reaches a state, after an initial fast growth, in which a further change
becomes statistically insignificant. There are various manifestations for various stops,
and a statistically significant difference was found between reed and flue stops. These
results are mutually confirmed by both groups of experts. The polynomials approximat-
ing spectral envelopes enable synthesis of sound that imitates the analyzed real sound.
The fact that there is a saturation point of the preference curve may suggest that a
significant similarity has been reached between the timbre of sounds synthesized on the
basis of the polynomial spectrum representation and the timbre of the original sounds.
Consequently, it is possible to reduce the approximation order to the number tested in
the study, or to one that is not much greater.

The system of feature extraction developed in this study does not eliminate the pos-
sibility of extending the analytical apparatus for the purpose of sound classification.
It is also possible to modify this system in order to better approximate the spectrum.
Especially interesting is the concept of spectrum division into two parts, even and odd,
and then separate approximations of their envelopes. There is a significant number of
stopped pipes which as a rule should not generate any even harmonics. In this case,
an attempt to approximate the entire spectrum will probably result in a bigger error
than after its division into the even and odd parts. Such an approximation would re-
quire the application of two polynomials, but it is nonetheless probable that the final
vector of parameters would include fewer elements while securing a better accuracy of
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approximation. Moreover, a wavelet transform can provide a platform for representing
some spectral properties of organ pipe sounds more accurately than a Fourier transform.
These are topics of planned future research.
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The present work is a preliminary study on Greek esophageal speech and is mainly
concerned with the investigation of major features such as pitch, formant frequencies, and
speech power envelopes. The implementation in esophageal speech of various well-known
techniques for normal voice analysis is overviewed. An improved method for resynthesizing
voiced sounds (such as vowels or nasal consenants) by convolution of an ARMA estimate
of the speaker’s vocal tract impulse response and a periodic glottal waveform is proposed
as 2 tool for voice quality enhancement. Fundamental frequency values were confirmed to
be close to previous works’ findings. Fi and ¥2 formant alterations due to laryngectomy
were not detected compared to normal speech values. However, speech power envelopes
tended to be flatter as the speaker's training stage was higher. The proposed method for
speech enhancement proved able encugh to preserve speaker characteristics and provide
cues for higher quality reproduction of vawels as well as nasals.

1. Introduction

Esophageal speech is produced by laryngectomized people who utter by expelling air
constricted in their esophagus. The expelled air forces the cricopharyngeal cartilage to
oscillate in a manner that imitates the vocal folds’ operation. Although proper training
may help esophageal speakers utter intelligibly enough, a severe degradation of voice
quality after laryngectomy usually occurs. The voice quality of esophageal speech may
be described as harsh, rough and low. The amount of aperiodicity is high and the voice
is often very noisy.

Esophageal speech features have been investigated in the past. A part of previous
works focused on pitch and intensity characteristics and their perceptual aspects [11, 12,
18, 19, 24].

Efforts for esophageal speech quality and intelligibility enhancement have also been
reported [1, 2, 9, 16, 17, 23].

The present work is a preliminary study on Greek esophageal speech and is mainly
concerned with the investigation of major features such as pitch (or fundamental fre-
quency F0), formant frequencies, and speech power envelopes. The implementation of
various normal voice analysis techniques in esophageal speech is overviewed [14]. An
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improved method for resynthesizing voiced sounds (such as vowels or nasal consonants)
is proposed as a tool for voice quality enhancement [14].

2. Subjects and recordings

Nine male alaryngeal speakers were used as' subjects for uttering various CV se-
quences and full sentences. CV sequences comprised of all Greek vowels and stop con-
sonants.

Speakers were selected among groups of various grades of speech production training
and had no treatment prior to voice recording.

Utterances were spoken at normal rate and level and were recorded on a DAT recorder
through an electret condenser microphone placed at a distance of approximately 20 cm
from the speaker’s mouth. A sampling rate of 11 kHz was adopted for further computer
processing.

3. Investigation of speech features

Fundamental or pitch frequency, speech power envelope during phonations and for-
mant frequencies are considered as some of the most important features for speech com-
prehension, training and clinical evaluation of voice. These features were investigated
and the methods employed together with analysis results are presented.

3.1. FO investigation

FO or fundamental frequency was investigated for all nine speakers during vowel
phonations in discrete CV contexts and isolated vowel segments through whole sentences.

Estimation of F0 was performed using well known methods for F) extraction on nor-
mal speech, such as the Autocorrelation Method (biased and unbiased), the Center-Clip-
ped Autocorrelation and 3-level Center-Clipped Autocorrelation methods, the Aver-
age Magnitude Difference Function method (AMDF), the Cepstrum and a so-called
“Hubert— Envelope” Method.

3.1.1. The autocorrelation method. The autocorrelation method [6] identifies F0 or
period of voiced speech by finding the lag at which the autocorrelation function of the
speech signal is maximized, that is:

Ty = + = max{#(m)} - Ty, (3.1)
oo m
where Netmim]
B(m) = % S smstn+ml),  m=0,..N-1 (3.2)
n=0 .

with s(n) = speech signal, N = number of samples, T; = sampling period.



A PRELIMINARY STUDY ON GREEK ESOPHAGEAL SPEECH 27

We may also use the unbiased autocorrelation estimator:

N=1-im]
4’(”‘)='N+|m| Y stmstn+lml),  fm|=0,..N-1  (3.3)

n={}

Estimation of the first maximum of the autocorrelation function using the biased and
unbiased estimators is shown in Figs. 1b, 1c, respectively.

3.1.2. The center-clipped and 8-level center-clipped autocorrelation methods. "Fur-
ther improvement in the estimation of maxima of the autocorrelation function may be
achieved using either center-clipping [21] or 3-level center-clipping on the speech signal:

s(n) - C* s(n) > Ct,
sn)y=< 0 C~ < s(n) < CH, (3.4)
8(n)—-C~ s(n)<C-,
#'(n) = center-clipped speech signal, or
1 s(n) > CH,
dn)=< 0 C <sn)<CTH, (3.5)
-1 s(n)<C—,

8'(n) = 3-level center-clipped speech signal and C+, C~ are threshold values.
Estimated maxima of the autocorrelation tunction after center-clipping of the speech
signal are shown in Fig. 1d.

3.1.3. The AMDF (Average Magnitude Difference Function) method. The AMDFE
method [7] tries to locate a strong minimum of the AMDF

AMDF(m) = Z |s(n) — s(n + m)|, (3.6)

8(n) = speech signal.
For a strictly periodic speech signal the AMDF would take on a value of zero at
m=To/Ts, To = 1/ fo.
For quasi-periodic signals a strong minimum usually occurs at the period lag.
Results of this method on an esophageal speech sample are shown in Fig. le.

3.1.4{. The cepstrum. This well known technique relies on the fact that time of max-
imum at the high-quefrency region of the cepstrum represents the period of the speech
signal [6, 13]. Results of this method employed on esophageal speech are shown in Fig. 1f.

8.1.5. The “Hilbert-Envelope” method. This method [3] performs maximum-likeli-
hood epoch determination as the basis for the estimation of glottal closure (epoch)
instants (GCI) in normal voices and implements a Hilbert transformation for the im-
provement of its performance and reliability. It is also posed that the method may cover
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most speech signals (even under noisy conditions). Since it is capable of estimating clo-
sure instants, it can sense period-to-period variations or nonstationary period variations
within longer frames.

The method is employed on esophageal speech under the assumption that even in
this kind of severely damaged vocal function there must exist a moment that a main
pulse excites the whole nasopharyngeal system. Thus, the method tries to locate the
maximally possible instants of main excitation.

The method initiates with the formation of a so-called Maximum-Likelihood Epoch
Determination signal (“MLED-signal”} which is proven to be a cross-correlation between
the speech signal and the impulse response of the nasopharyngeal system filter due to
an epoch, that is

N~-1
fk)y="Y" s(n+K)i(n), (3.7)
n=0
where s(n) = speech signal, and
G n =0,
P
dn)=4 - Z aif(n~i) 0<n<oo, (3.8)
i=1
0 otherwise

which is virtually the nasopharyngeal filter’s impulse response obtained by AR modeling
of the speech signal and a; are the model's coefficients. The use of a high order AR
modeling in esophageal speech is motivated by the fact that the glottal function is
generally unknown and the nasopharyngeal system’s function may include zeroes that
should normally be represented by ARMA modeling, A selection of p > 40 was made
in order to compromise between accuracy and computation time, although a value of at
least N5 where N = record length is suggested [10].

GCI's are identified as the time indices of maxima of the MLED signal. To reduce
ambiguity in selection of maxima the MLED is multiplied by a Hubert—Envelope of
itself,

F(k)-3(k),

where

i =\/[P0+ 0], wmi fa0=ETGR). @9

The Hilbert-Envelope proves able to emphasize the contrast between the main epoch
pulse and other possible sub-pulses that indicate sub-optimal excitation instants.

The resuits of this algorithm are shown in Fig. 1g, where values of the MLED signal
lower than a predetermined threshold were set to zero.

As it is observed, optimal instants of excitation are possible to locate in esophageal
speech too.

Since this method of F0 estimation relies on the interpretation of fundamental
frequency as the inverse of between-excitation period, it can provide information on
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Fig. 1. Esophageal vowel /e/ (a), and fundamental period estimates using: the biased
autocorrelation (b), the unhiased autocorrelation (¢), the center-clipped autocorrelation (d),
the AMDF (e), the Cepstrum (f) and the “Hilbert Envelope” (g} methods.

period-by-period FO, and thus it can be used for cycle-to-cycle estimation of glottal ac-
tivity fluctuation (such as jitter or shimmer) [22]. The existence of various degrees of
ambiguity in selection of GCI’s is currently being investigated as a tool for the clinical
evaluation of voice quality and/or training procedure’s progress.

3.1.6. Results and discussion on FO investigation. Though all the employed extrac-
tion methods are capable of estimating rough FO values, ambiguity is lower when esti-
mates are taken using the Center-Clipped Autocorrelation methods and/or the “Hilbert—
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Envelope” method, which seem to provide more consistent F0O estimates to manually ex-
tracted ones. However, since the Autocorrelation-based methods are short-term average
methods, they are not applicable to cycle-to-cycle variations investigation [22], whereas
the “Hilbert—Envelope” method seems more appropriate.

Mean intra-speaker FO (estimated using the Center-Clipped Autocorrelation method)
values and standard deviation together with mean F0 values and standard deviation
between all speakers are presented in Table 1.

Table 1. Intra-speaker F) mean and standard deviation values together with inter-speaker mean
and standard deviation values.

Speaker Mean FO (Hz) S.D. (Hz)

1 57.5 9.0
2 64.9 9.8
3 86.4 199
4 88.4 19.9
5 73.8 5.1
6 82.2 19.0
7 89.9 18.4
8 43.3 9.0
g 68.2 121

inter-speaker 72.7 4.7

Mean value

inter-speaker 14.9 4.4

8.D.

As.observed, mean FQ for all speakers is found at 72.7Hz, which verifies previous
works’ findings that esophageal speech is about 1 octave lower than normal speech [11,
18, 19, 24].

3.2. Speech power envelope investigation

The slope of speech power envelope during phonations exhibits major perceptual
and clinical interest [19], since it may provide information on voice dynamics and the
speaker’s training progress.

Speech power envelopes of /pa/ utterances from all speakers were obtained using a
pitch-period wide integration window, and mean slopes of phonations were computed.
Results are presented in Table 2.

Mean value between all speakers was found to be —86 dB/sec, with standard deviation
13.7dB/sec.

Additional information about the stage of training of each one of the speakers showed
a tendency of decrease in slopes (numerically higher slope values) with training past.
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Table 2. Phonation slopes for the utterance fpa/.

Speaker Mean phonation slope (dB/sec)
—81.3
-~78.9
~78.8
—74.3
-92.9

-116.1
—70

—-100
—81.3

Mean Value R

Standard Deviation ' 13.7

wlo|~|a]wo]|m|e]w]|m

3.3. Vowels’ F1, F2 investigation

First two formant frequencies (F1,¥2) were investigated using LPC, for all 5 Greek
vowels @, £, ¢, 0, ov. As it is well known, Greek vowels differ from other languages’ vowels
in that they are not rounded and thus are displaced in the F1/F2 space [8].

Table 3 gives mean F1, F2 values for all speakers together with mean values of normal
Greek speech.

Table 3. F1, F2 mean values for all Greek vowels for escphageal and normal speech [7].

Esophageal speech Normal speech
Greek Vowel | F1(Hz) | F2(Hz) | Fl(Hz) | F2(Hz)
a 732 1390 ~ 700 ~ 1300
£ 521 1750 ~ 475 ~ 1700
L 385 1823 ~ 300 ~ 2000
o 510 992 ~ 450 ~ 850
ov 420 1095 ~ 850 ~ 900

A general coincidence between normal and esophageal speech formant frequencies
values is observed, which proposes that formant extraction methods for speech recogni-
tion may be used in esophageal speech too.

4. A method for esophageal speech quality and intelligibility enhancement

As already stated, esophageal speech is severely degraded. Perceptual judgments of
esophageal voice characterize it as harsh, rough and low. Generally, esophageal speak-
ers are able to produce intonational contrasts but listeners do not readily perceive the
variation.
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Previous works on esophageal voice rebabilitation had. followed both surgical and
speech signal processing procedures. Among the most well known surgical methods is
one that uses a valve prosthesis that permits air to flow from trachea to esophagus [191.
In the signal processing domain, recent works report methods of spectral substitution
of esophageal speech [1, 2], resynthesizing speech using LPC spectral estimation [16, 17,
23], and elimination of undesirable phenomena (such as injection noise) during voice
production [9].

The method proposed in this work uses ARMA estimation on esophageal speech.
Since in esophageal speech the excitation signal is generally unknows, an all-pole model
alone may not accurately represent the speech production procedure. Moreover, a pure
all-pole model of relatively low order may not be sufficient for the analysis of voiced
consonantal sounds that include significant zeroes in their spectral envelope such as
nasals (/m/, /n/}). ARMA modeling allows for the extraction of major spectral envelope
profiles by extracting both formants (poles) and anti-formants (zeroes) frequencies and
bandwidths. Estimation of parameters of an ARMA model that describes esophageal
speech production is performed using a Least Squares Modified Yule-Walker Equations
(LSMYWE) approach [10]. Next, voiced speech resynthesizing is performed using con-
volution of the oronasal tract filter’s impulse response (obtained with the nse of ARMA
modeling and selection of appropriate pole/zeroes pairs) with a waveform that represents
normal voices’ vocal fold vibratory function {20}.

The proposed method's functional diagram is shown in Fig. 2.

Hamming Window ARMA(p,q)
LPF Frame length ~ 35ms model estimation
Sliding ~ 15ms

|

Selection of major Estimated Response
poles/zeroes pairs of oronasal tract filter

Voiced speech
segment

of oronasal tract filter

h'(m)

_ Resynthesized speech
g'(m) * ’(m)

g'(n)
A Synthesis of normal plottal

FO extraction > waveform
Fundamentat frequency ~2x FO

Fig. 2. Black diagram of the proposed method for voice quality enbancement.

As shown, a selection of voiced speech segments precedes the implementation of the
method.
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The ARMA modeled spectral envelope is of the form

q
Z b,'z“
S(z) = -E-q;-m , bo=1, (p,g)=ARMA model order. (4.1)
1+ Z a;z -
gl
A p < 16 and ¢ < 10 pair of values may be selected.

The selection of major poles and zeroes is made under the following assumptions:

a. Oronasal filter’s poles are complex conjugate pairs with relatively high frequency-
to-bandwidth ratios.

b. Significant zeroes also appear as complex conjugate pairs with relatively high
frequency-to-bandwidth ratios, whereas real valued zeroes may reflect radiation and/or
possible glottal waveform'’s spectral characteristics.

More specifically, the estimated filter's impulse response z-transform is:

ql

[Ia -z -z
V(z)=A- ‘:‘,‘ , (4.2)

T[] -1 - plz?)

im]l
where z;, p; are selected zeroes and poles from the estimated ARMA model of esophageal
speech according to the previous assumptions and |p;| < 1.

Figure 3 shows the results of the LSMYWE analysis on steady-state portions of both
the consonantal and vowelic regions of two original esophageal CV speech utterances
/na/ and /me/. A 11kHz sampling rate and a model order of p == 12 and ¢ = 5 were
selected. The analysis of the C part of the utterances seems to confirm previous works’
findings on acoustic analysis of nasals. As it can be seen from the power spectra and the
pole-zeros chart, a low frequency pole (nasal murmur) appears in the region of about
300Hz for both /m/ and /n/. Moreover, the presence of side branch resonators (as
the oral cavity in the case of nasals) introduces zeros in the spectrum of the uttered
phoneme [15, 5]. Although these zeros are not very prominent, they produce a smoother
energy distribution over different frequency ranges between /m/ and /n/ [15]. The zero
introduced in the case of /n/ lies in the mid-frequency region (over 1kHz), whereas a
broader zero appears in the case of /m/ causing a more even energy distribution over
the low-frequency region. In the case of the V utterances (/a/ and /e/), the formantic
structure for each phoneme appears clearly, with formant values close to typical ones.
The low-frequency nasal murmur is removed. Zeros in the estimated vocal tract response
seem to exist close to mid-high formants, whereas the rest of them lie either on the real
axis or they are of larger bandwidth; thus, they do not interfere significantly with the
all-pole configuration of the vocal tract during vowel production.

A synthetic waveform that represents normal voice's glottal vibration is used for
convolution with the previously estimated response. Triangular-like waveforms are pre-
ferred to pulse-like ones, since they seem to produce more intelligible synthetic speech
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[4, 20]. Fundamental frequency is set at about double (1 octave higher) than the mean
FO0 estimated from the esophageal speech signal. The inclusion of jitter and/or shimmer
perturbations on the synthetic glottal signal may significantly improve the quality of
produced speech.

a)

b)

—
e
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————

« - = e
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Fig. 4. Esophageal speech utterance /na/ and corresponding spectogram (a) and the resynthesized

signal and its corresponding spectogram (b).
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The synthesized speech signal is computed in overlapping frames using triangular
weighting of the current and next frame’s analysis window. Figure 4 displays an original
esophageal /na/ utterance and the resynthesized one together with their corresponding
spectograms. As it can be observed, the formantic structure is preserved, and a higher
and regular FQ pattern appears after the resynthesis procedure.

Early results of subjective tests on the synthetic speech produced with the pro-
posed method show that great improvement in voice guality and spoken utterances’
intelligibility is achieved, including voiced consonantal sounds. Also, the resynthesized
speech preserves the cues needed for speaker identification. The LSMYWE method shows
sufficient ability in tracking both poles and zeroes of the vocal tract acoustic filter.
A technique which uses more generalized speech production models such as ARMAX
and Box—Jenkins models together with smoothing formant and antiformant trajectories
prior to convolution with the synthetic glottal signal is currently investigated.

5. Conclusions and further work

This work focused on the investigation and methods for extraction of major features
for Greek esophageal speech.

Fundamental frequencies were found at about 70 Hz confirming the results of previous
works arguing that esophageal speech sounds about 1 octave lower than normal speech.
The Center-clipped Autocorrelation and the “Hilbert-Envelope” methods were found to
be more efficient among various well-known methods of FO extraction.

Slopes of power envelope vs. time during phonations served as a measure of voice dy-
namics and training progress. Mean values were estimated at about —90dB/s exhibiting
a progressive increase from the less to the more trained speakers.

Formant profiles were studied for all Greek vowels and results showed a general
coincidence with values of normal speech and verified the general distinctive features of
Greek vowels to other languages’ ones. The facts enforce the use of formant extraction
method for esophageal speech recognition.

A new method for esophageal speech enhancement which is based on resynthesizing
voiced segments using ARMA modeling of vocal tract and a higher pitch glottal waveform
signal was also proposed and exhibited encouraging results.

Concurrent work includes study of major esophageal voice features such as jitter,
shimmer, $/N ratios, intonational characteristics, e.t.c. under various conditions of the
patient's surgical treatment procedure, period of training, e.t.c.

"The proposed method for voice quality enhancement is revised under the use of
extended ARMAX and Box-Jenkins models and variations of formant trajectories’ ex-
traction methods and glottal waveform signals. Accordingly, subjective quality tests are
going to take place for the assessment of resynthesized speech. Further, the method is
intended to be implemented on a DSP for real-time use.
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A.P.SEK and E.B. SKRODZKA

Ingtitute of Acoustics
Adam Mickiewicz University
(60-769 Poznan, Matejki 48/49, Poland}

‘This paper is concerned with an influence of a modulator starting phase on psychometric
functions of amplitude modulation {AM) and frequency modulation (FM) detection, for
tow modulation rates, i.e. fyoq = 2 and 5 Hz. For a sinusoidal carrier at a frequency of 0.25,
1 and 6 kHz it is shown that there is no effect of a sinusoidal modulator starting phase. Data
shown in this paper are consistent with predictions of models based on excitation pattern
changes and with a concept according to which AM/FM detection at low modulation
rates depends mainly on maximum and minimum vaiues of signal amplitude/frequency.
Time intervals between beginning of a signal and the moment when the signal reaches
maximum/minimum value of amplitude/frequency and a pattern of physical parameter
changes as a function of time seem to be less crucial when the changes are continuos in
time.

1. Introduction

Measurements of just noticeable amplitude or frequency changes of an acoustic signal
are a methods of determination of sensorial limits of the human auditory system. Apart
from measurements of difference limens (DL), or just noticeable differences (jnds) of two
tones in amplitude or frequency domain, detection thresholds of amplitude modulation
{AM) and frequency modulation (FM) are determined as well. Detection of modulation
is often considered in a context of excitation pattern changes [10, 27] especially in the
situation when amplitude and frequency changes are so slow, that they produce notice-
able temporary changes in loudness or pitch [24]. In papers concerning this problem an
analysis of the auditory system based on maximum and minimum values of physical
parameters of a signal is presented: it is asswmed that an acoustic stimulus evokes an
excitation pattern in the peripheral auditory system. Extreme levels of the excitation
play a crucial role in signal changes detection. The excitation pattern reflects internal
activity of the auditory system and it is conceived either as an envelope of the basilar
membrane’s displacement or as a number of neural spikes per second as a function of
their characteristic frequency. It is also assumed that detection of changes in ampli-
tude or frequency occurs when excitation pattern changes at any point (as in Zwicker's
model [27]) or when excitation pattern changes of all active auditory filters exceeds cer-
tain value (FLORENTINE and Buus model [2]). The problem of modulation detection is
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described in many studies. However, there are not many papers concerning an effect of
the starting phase of the modulator on the detection of modulation. Literature related
to this problem is very scarce (except papers concerning mixed modulation detection
[4, 13]). Such an effect is not expected for a modulation rate, fmea, corresponding to
a period shorter than duration of a signal or in a case when the modulation rate is
high enough to evoke multitone sensation. Thus, the effect of the starting phase of the
modulator should not be observed both.in the roughness region [6, 20, 21, 26] where
20 < fioa < CMF (CMF - a critical modulation rate [22]) and in the spectral region
{fmoa > CMFY), where modulation detection is based mainly on the spectral structure
of the modulated signal. However, for very low modulation rates, or when the period of
the modulating signal is comparable to the duration of the signal, or when just a few
periods of the modulator are present in the stimulus, an influence of the starting phase
of the modulator on modulation detection thresholds cannot be excluded. For stimuli
lasting hundreds of milliseconds such a situation takes place when modulation is per-
ceived on the basis of very slow fluctuations in amplitude or frequency only. In such a
case extreme values of amplitude/frequency are heard as following changes in pitch or
loudness. Thus, the starting phase of the modulating signal and instantaneous values
of amplitude/frequency dependent on a starting phase may significantly influence sen-
sation caused by the stimulus. Since the problem of the influence of the starting phase
of the modulator is still ambiguous. in many psychoacoustical experiments concerning
modulation detection/discrimination a random value of the modulator starting phase is
used to avoid its systematic effect on experimental results {11, 20, 22, 23]

Two different mechanisms are usually considered to explain perception of AM and
FM signals at a low modulation rate. One of them is based on changes in excitation
tevel {so-called place mechanism} and the second one, additional in some sense, is based
on a phase locking phenomenon [16, 19, 24] (temporal mechanism). This additional
mechanism, which probably analyses time intervals between succeeding neural spikes in
auditory neurones, operates only for low modulation rates { finea < 5Hz) and for carriers
no higher than 5kHz [24]. This mechanism may evoke a dual result. First, the starting
phase of the FM modulator may influence the modulation detection of signals whose
frequency is lower or higher than 5kHz, i.e. it may play an important role both in an
area where phase locking is crucial for FM detection and in an area where phase locking
does not work. Second, taking into account the fact that this additional mechanism
operates in the frequency domain only, it can be expected that the starting phase of the
modulator should have a different effect for FM than for AM.

The main aim of the presented work is to answer the following question: Does the
starting phase of the AM or FM modulator influence the modulation detection threshold
for very low modulation rates? And: Does this effect depend on type of modulation and
the carrier frequency?

2. Psychometric functions for modulation detection

Measurements of psychometric functions for AM and FM detection were carried out
in the aim to point out an influence of the starting phase of the AM or FM modulator on
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detection thresholds. Such measurements describe probability of detection in amplitude
or frequency changes as a function of an appropriate modulation index (m or #). This
is more sensitive method of measuring of an influence of any parameter on the detection
than direct threshold measurements with an up-down procedure |7]. Hence, the main aim
of our investigations was to determine psychometric functions for modulation detection
as a function of the modulation index m for AM and modulation index 8 for FM, for
different values of the starting phase of the sinusoidal modulating signal.

2.1. Method

Psychometric functions for AM and FM were determined in separate experiments
using a 2 AFC method. Subjects were presented with pairs of signals. One of the signals
in a pair was AM or FM modulated while the second one was a pure tone carrier.
These two signals were presented in random order. Subjects’ task was to point out the
modulated signal.

The starting phase of the modulator in each trial was randomly chosen from a dis-
crete set of values i.e.: 0, /2, 7 and 37 /2. Signals with the different starting phase were
presented in random order and during each experimental run (60 pairs each) number of
presentations of each starting phase was the same. Five different values of modulation
indices (m or B) were used and they occurred in random order. The highest modula-
tion index corresponded usually to 85-95% correct while its lowest value corresponded
usually to 55-60% correct. Values of modulation indices were measured in preliminary
measurements. Each value of the modulation index was presented to the subjects at least
200 times.

A 70-dB pure tone at a frequency of 0.25, 1 and 6 kHz was a carrier signal. Modulation
rate, fmod, was equal to 2 or 5Hz. Duration of the signal (including 20-ms raised-cosine
rise/fall ramps) was 1s. 1-s long signal included at least two periods of the modulator.
Time interval between signals in a pair was equal to 300ms. All signals were digitally
generated by means of 16-bit AD converter (Tucker and Davis Technology) at a 50kHz
sampling rate and they were presented monaurally by means of Sennheiser HD 414
headphones in an acoustically isolated room. Three subjects with audiologically normal
hearing took part in experiments.

2.2, Resulls and discussion

Probabilities of correct answers obtained during experiments corresponding to ap-
propriate values of modulation indices m and 2 were converted into detectability domain
d' [3, 7}. Generally, data obtained for each subject could be expressed in a following way:

d =Kz, (1)

where x denotes FM or AM modulation index, K and « are constants having different
values for different carrier and subject. For functions being the best approximation of
experimental data values of exponents v are included in a range of (1.83—-2.12) for AM
and in a range of (1.78~2.21) for FM. However to carry out a further analysis, the
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experimental data were approximated by a square function, ie. for v = 2. For this
exponent the smallest average value of the standard deviation between experimental
data and their approximations was found. This exponent is also motivated theoretically
[5] and such approximation has been usually used for analysis of similar data [12, 15,
19, 23].

Detectability 4' for FM and AM signals as a function of the corresponding modulation
index i.e. d'(#%) and d'(1000.-m?) is shown in Fig. 1. Since the data obtained for all
subjects taking part in experiments were qualitatively consistent, averaged results for
Fmod = 2Hz are shown there. AM data are presenied in the left column while FM data
are shown in the right one. Following rows of the figure illustrate data for 0.25, 1 and
6-kHz carrier, respectively. The starting phase of the modulator (0, /2, = and 3x/2) is
a parameter of the data.

From data presented in Fig. 1 it can be stated that an increase in d', which is related
with an increase of an appropriate modulation index, reflects a monotonic increase in
psychometric functions. In the case of the AM signal the pattern of results is approxi-
mately the same for all carrier frequencies (0.25, 1 and 6 kHz}. Moreover the detectability
d’ seems to be independent of the starting phase of the modulator. There is no such in-
fluence for both subthreshold (d' < 1.16) and suprathreshold (d' > 1.16) values of the
AM modulation index. The situation is somehow different in FM case {gee the right
column of Fig.1). For near-threshold values of FM modulation index no influence of
the starting phase of the modulator on modulation detection is observed. However, for
suprathreshold values of FM index some non-regular influence of the starting phase of
the modulator is observed. This effect is visible especially for 6-kHz carrier.

Raw experimental data could not be subjected to an analysis of variance (ANQOVA})
because values of d' for different carriers were obtained for modulation indices coming
from different ranges. Therefore, in the first step of the analysis psychometric functions
obtained in the experiment were approximated by monotonically increasing functions,
passing through the origin, according to Eq. (1). Then, the slope coefficients, Kay and
Kru, were subjected to a within-subject analysis variance with the following factors:
starting phase of the modulating signal (0, 7/2, = and 37 /2) and carrier frequency (0.25,
1 and 6 kHz).

For amplitude modulation AM, the starting phase of the modulator was not statisti-
cally significant [F(3,6) = 0.23, p = 0.875]. This result confirms that threshold for AM
detection does not depend on the starting phase of the modulator. The carrier frequency
was not statistically significant, too [F(2,4) = 2.98, p = 0.161]. This result is consistent
with a finding that AM detection threshold is independent of the carrier frequency at low
modulation rates {1, 17, 25, 27]. It is worth to add that an interaction between the car-
rier frequency and the starting phase of the modulator was not statistically significant,
[F(6,12) = 0.11, p = 0.994].

For frequency modulation FM, the starting phase of the modulator was not statis-
tically significant [F(3,6) = 1.07, p = 0.431]. Thus, similarly to AM case, it allows to
state that the starting phase of the modulator is not a crucial parameter for FM de-
tection too. However, as opposite to AM, it was found that the carrier frequency was
highly significant [F(2,4)] = 52.67, p = 0.001]. This result reflects a dependence of the
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FM detection- thresholds on the carrier frequency when the thresholds are expressed in
terms of FM index, B. This result is in-a good agreement with literature {10, 27}. An
interaction between the starting phase of the modulator and the carrier frequency was
not statistically significant [F(6,12) = 1.24, p = 0.351). It suggests that a scatter of
slope values, observed for different values of the starting phase, suprathreshold values of
FM modulation index and a carrier frequency, aie not crucial,

Data presented above enable us to state that the starting phase of the modulator
is not a crucial parameter that determines the shape of psychometric functions and
it does not influence the detection thresholds of AM or FM. It seems that when the
subject’s task is to detect amplitude/frequency changes in a signal, the starting phase of
amplitude or frequency changes is not the most important factor. In such cases the basic
detection cue is a difference between maximum and minimum value of the discriminated
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Fig. 2. Psychometric functions expressed in terms of detectability & as a function of 1000m? for AM

and 37 for FM (lower row) for 1-kHz sinusoidal carrier and for modulation rate of 2Hz {left colimn)

and 5Hz (right colurmn}. Data were averaged across three subjects and the parameter is the value of
the starting phase of the modulator: constant (zero) or randomly chosen from (0-2z) range.
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parameter. Lack of the influence of the starting phase of the modulator on psychometric
functions is consistent with models based on analysis of extreme values of the excitation
pattern (i.e. Zwicker’s model [28] or a group of integration models [3]).

Presented above experimental data were obtained for a randomly chosen phase
value, taken from four discrete values, i.e. 0, #/2, 7 and 3n/2. Although, these starting
phases represent the most important starting values and directions of changes in ampli-
tude/frequency which may occur at the beginning of the modulated signal, they are not
“random” in a sense of equal probability that phase was taken by chance from the range
of (0—2n). Therefore an additional experiment (an analogue to described above) was
performed. In this experiment psychometric functions for modulation detection, for ran-
domly chosen starting phase from the range of (0—27) and for zero starting phase were
compared. The method and signal parameters were similar to those described above.
1-kHz sinusoid was a carrier and modulation rate was equal to 2 and 5Hz. Results of
these additional measurements averaged for three subjects (the same as in previous ex-
periment) are shown in Fig. 2. The upper row shows results obtained for AM and the
lower one for FM. In the left column data for 2-Hz modulation rate are shown while in
the right column - data for 5-Hz modulation rate are presented. The modulation starting
phase is the parameter of the data: it was either random or zero.

From data presented in Fig. 2 it can be seen that psychometric functions expressed
in terms of detectability d' are similar for both random and zero starting phase of the
modulator. This observation confirms results obtained for the starting phase randomly
chosen from four discret values.

3. Summary and conelusions

Experimental data presented in this paper correspond well to detection models based
on an analysis of differences in excitation level at extreme values of physical parameters
of a signal. It seems that the auditory system analyses short, overlapping time intervals
(i.e. by means of the sliding window in time domain [18]) and compares excitation levels
evoked by the acoustic signal in these time intervals. However, despite of the duration of
the time interval, which is probably related to integration time of the auditory system,
information about extreme excitations is stored at higher levels of the auditory system
long enough to be further compared with a current excitation coming from the periphery.
In the auditory system the time during which the extreme excitation is stored is much
longer than integration time, because AM detection thresholds are constant in the wide
range of the modulation rate [1]. If this time was short, it would be impossible to detect
slow changes in amplitude/frequency of a signal. A sequence of extreme values of physical
parameters of the signal and corresponding extreme excitation levels, or the excitation
starting value (related to the starting value of the parameter under analysis) does not
influence the detection of changes in time. It seems that all models based on the difference
in excitation level, corresponding to extreme values of investigated physical parameter
and according to which its sequence and the starting phase do not play a crucial role
(i.e. FLORENTINE-BUUS model [2] or non-optimal excitation model {19, 24]) describe
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the auditory system in a proper way as far as detection of slow amplitude/frequency
changes is concerned. If the succession of the temporal order of extreme values of physical
parameters in the acoustic sigrial does not influence the threshold of these changes, then
the detection of amplitude/frequency changes should be independent of the time pattern
of these changes and should depend on differences in extreme values of the parameter
only. Indeed, such relation was observed for linear changes in signal frequency for a wide
frequency range {8, 9, 14]: thresholds of such changes were independent of time and
direction of changes. The crucial factors were the difference in frequency between the
beginning and the end of the signal and its centre frequency.

From the results presented in this paper it can be generally stated that the starting
phase of the sinusoidal modulator at a rate of 2 or 5 Hz, superimposed (as AM or FM
modulator) on a sinusoidal carrier does not critically influence psychometric functions for
AM and FM detection. Both, random and constant starting phases bring about similar
results. Even though the auditory system can evaluate changes in physical parameters
based on local extrema (in time), the actual course of these changes does not influence
the threshold.

However this is true for changes that do not contain any additional detection cues,
i.e. the spread of signal spectrum caused by rapid amplitude/frequency changes.
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‘What follows is a description of the electronics and simple mechanical equipment
needed for single photon counting. It is intended as an introduction and guide to assist
users in the measurement of Brillouin laser light scattering on acoustic hypersonic waves.
Simple method of a numerical filtration of the low-intensity-leve} optical signal is described
in detail.

1. Introduction

Observation of the acoustic wave in the hypersonic range consists in measuring
changes of photon energy inelastically scattered in annihilation and creation processes
by phonons lying at the beginning of the first Brillouin zone. However the intensity of
this optical signal is very low with respect to the intensity of light incident on the inves-
tigated sample, so an appropriate registration method must be applied. One of the most
sensitive techniques that can perform this task is a single photon counting SPC [1-3],
well known from its wide application to different materials such as crystals, thin layers
and superlattices structures [4-9].

The main purpose of this paper is to instruct users how to perform such experiments
and how to build their own experimental setup, especially for observing acoustic waves
in the hypersonic range by the Brillouin laser light scattering.

2. Experimental apparatus

The general scheme of an electronic for the SPC method is presented in Fig. 1. The
signal from a fast photomultiplier, for example, a Hamamatsu P-series, is amplified
and then formed to a rectangular shape. An amplitude discriminator with upper and
lower thresholds is then applied, followed by a counter sensitive for TTL standard signal
level connected with a computer. In the case of presented experimental equipment the
amplifier, the shaper and the discriminator are stored in a PTI-614 analog-digital module
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preamplifier amplifier

Fig. 1. Block diagram of electronic equipment for the SPC method. § - lens, F ~ phiotomultiplier. An
optical signal comes through a lens to the photomultiplier. At the output of the electronic equipment
the signal is in TTL standard and i registered by the PC computer.

produced by PTI Inc. Table 1 provides the main parameters of this unit. The Hamamatsu
R-4220F photomultiplier was placed inside the PTI-614. Table 2 provides its parameters.
One of the most important parameters of the PTI-614 module is a pulse pair resolution
equal to 250ns. This means that any photon or a group of photons coming into the
photomultiplier in. a period of time shorter than 250ns will not be recognized as a
new count. The signal coming to the counter {in our case, a standard counter used
for nuclear experiments}, possessed a stochastic nature due to the thermal noise of the
photomultiplier and the random nature of the low-intensity-level scattered light.

Table 1. Parameters of the 614 PMT analog/digital unit.

Dyift of the Maximum Pulse pair Raise time of Fall time od Pulse
signal count rate resolution the pulse the pulse width
“(%/hour) {MHz) (ns) (ns} (ns) {ns}
0.03 4 250 20 100 220
Table 2. Parameters of the R4220P photomultiplier.

Photocatode Amplification Spectral response Raise time of

_ {nm) the signal {ns)

Low noise “bialkali® {Na-K-Sb) 1.2.107 185 - 710 (max. 410) 2.2ns

For these reasons a numerical filiration must be performed, assuming thaf the noise
is conformable to the Poisson distribution (Fig. 2). The signal is also a function of the
voltage supply of the photomultiplier {Fig. 3). The main reason for performing filtration.
is to obtain a smoothed Brillouin spectrum. So a weighted average was used of some
neighboring values of counts, creating an “average window” . This averaging was achieved
as follows:

An error of & single measurement is set equal to

ANy = /N (1)
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Fig. 3. Comparison of dark signals from two photomuitipliers: R928P and R4220P, The second
photomuitiplier is more useful for low-level optical signal detection.

A relative error of a single measurement is equal to

AN;  VN; .
Ni - Ni N (2)

Then, a weighted average value from n single measurements is equal to

=

EwiN.-

N=i=l. 3)

i=n
2w
=]
where the weight of a single measurement w; is equal to the reciprocal of a relative error,

of this measurement, raised to the second power. By substituting Eq. (2) into Eq. (3) we

obtain
i=n

N=EL__ (4)
where NV is a weighted average value from the “filtration window"” of the width equal to

7. The above procedure must be performed from the first point of data of initial position
to the position equal to (Nt —n +1), where Ny is the total number of registered points.
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A separate problem is the choice of an appropriate width of the “fltration window".
If the width is too large, important properties of the spectrum may be lost {Fig. 4).
A workable value, discovered in practice, takes the width to be comparable to half
the width of a Poisson distribution of dark counts at the same input voltage as for
experiments with real scattered light. As we can see from Fig. 4, the best choice of a
width of the “filtration window™ is the "d" case. A ﬁ]ﬁratxon width equal to 75 loses
physical information completely.

A problem arises in connecting the PTI-614 module fo the computer This can be
solved by the use of any frame grabber or external module. In our case the counter was a
relatively old module giving on its output a signal in a BCD standard. An interface was
designed which connects the counter with a parallel port of a PC class computer. The
interface was controlled by a Pascal language program. The main task of the interface was
the successive reading and transmission of numbers from the counter to the computer.

Pressure (8. u.)

Linear
range

Time (sec.)

4 1000 2000

Fig. 5. Dependence of the pressure in interferometer chamber on a time. The middle-of the plot
provides a linear dependence useful for measurement.

Another problem is the linear scanning of the Brillouin spectrum in time. The total
phase difference between the mirrors of the Fabry-Perot interferometer must be scanned.
or controlled. In most cases, this is done by the piezoelectric method {10]. An older,
less precise, but easier method is a pressure scanning [11], where an interferometer is
placed in a chamber connected with a pump and with a second controlling chamber
useful for valves and a capillary mounting. This allows us to remove a gas from the
chambers and then leak it slowly back. Most importantly, this produces a linear range of
pressure changes (Fig. 5), useful for our purposes. It means that the Brillouin spectrum
can be linear scanned. Obviously, this is a function of the mechanical parameters of the
equipment. In the case of our apparatus, the total volume of the chambers was equal to
6:10"?m® and the diameter of the capillary was of the order of 10~5m
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3. Examples of a registered Brillouin spectium

As was mentioned at the beginning, Brillouin light scattering consists in measuring
changes of photon frequency inelastically scattered on acoustical phonons lying at the
beginning of the first Brillouin zone. At the quantum level annihilation and creation
processes are responsible for the typical picture of the Brillouin spectrum where lines
of lowered and increased frequency can be visible. Figure 6 provides the experimental
spectra of acoustic phonons registered by the use of the SPC in the transparent for laser
wavelength LiTaOj crystal. Lines described as longitudinal (L) and quasi-transverse
waves (T} and T3) were spatially separated from high intensity elastically scattered
light by the Fabry-Perot interferometer — a standard method in every Brillouin or
Raman spectroscopy experiment. Table 3 provides the results of measurements in the
[100] crystalographic direction (compare Fig.6 b). The averaged values are equal to
2560 0.17 GHz and 20.36 £ 0.15 GHe.

Teble 3. Example results of measurements of quasi-transverse waves frequency in the LiTaOj crystal ~
{100} direction.

Frequency of the first . Frequency of the second
quasi-transverse wave (GHz) quagi-transverse wave {GHz)}

25.62 20,40

25.68 ' 20.46

25.44 20.33

25.46 20.41

25.81 20,38
aj . b)

150 - Y T T Y T T 320 T T T T
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Fig. 6. Two examples of Brillouin spectra from the LiTaOj erystal for two different full spectral
ranges: a) FSR = 75 GHz, the pressure range is linear only around the middle Rayleigh line.
b) FSR = 37.5 GHz. Descriptions: 71, Th ~ quasi-transverse waves, L - quasi-longitudinal wave.
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The systematic error in phonon frequency measurement caused by the choice of
the interferometer’s full spectral range and numerical treatment of data was equal to
0.15GHz. It is interesting to compare the amplitude of the line from elastic scattering
with the amplitude of Brillouin signal with respect to the noise level. The high resolution
capacity of the SPC method is evident.

4. Conclusion

Single-photon counting is one of the most sensitive methods for very low-level op-
tical signal detection. What was described, in a simple way, is how to perform such
an experiment for the registration of light inelastically scattered on acoustic hypersonie
waves. Most of the equipment was designed and made in laboratory. By the appropriate
choice of volume of the pressure chamber and diameter of the capillary, it was possible
to obtain a linear range of Fabry—Perot scanning, which is crucial in such experiments.
Simple numerical filtration was used to smooth the registered spectra. The described
use of the SPC method can be applied not only in hypersonic acoustics [12], but also in
other field of physics, chemistry and biology.
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‘The paper concerns the problem of measurements of electrical and mechanical Josses in a
piezoelectric ceramic driven by high electric field and vibrating with high vibration velocity.
Deformations and discontinuities of resonance curves appear in this range of the flelds.
Therefore the application of typical methods of measurements of guality factors is difficult
or even impossible. The author proposes to apply the measurements of voltage ratios in
a piezoelectric transformer instead of the measurements of resonator quality factors. In
the paper the relations connecting the voltage ratios in the piezoelectric transformer with
the values of electrical and mechanical losses as well as experimental results are presented.
The formulae have been derived using the KLM equivalent circuit for two limits of the
transformer loac resistance. The obtained results are compared with the results obtained
using oue of the earlier known measurement method in the range of its applicability.

1. Introduction

Electrical and mechanical losses in a piezoelectric ceramic and methods of their mea-
surements were the subject of many theoretical and experimental works. However the
problem of measurements of losses in the range of high electrical and mechanical fields
has not been solved. This problem is important because piezoelectric ceramics are widely
used in high-power devices, such as piezoelectric actuators, ultrasonic motors, piezoelec-
tric transformers and sending transducers in hydroacoustic devices. In recent years one
can observe the development of high-power piezoelectric ceramic devices and the growing
number of their applications. Experimental investigations of multicomponent ceramics
have proved that the ceramic compositions with excellent electromechanical properties
under a relatively low vibration level did not necessarily guarantee good operation under
a relatively high vibration level [38]. Therefore investigations of properties of a piezo-
electric ceramic in high fields are still the subject of many researches, e.g. {5, 28, 40].

In a high electric field, when a vibration velocity is high, resonance curves deform
at first and next discontinuities of resonance curves appear. These effects make difficult
or even impossible to determine losses applying classical methods of measurements of
a quality factor. We have tried to solve this problem applying measurements of a volt-
age ratio in a piezoelectric transformer instead of measurements of a resonator quality
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factor. Relations between voltage ratios in a piezoelectric transformer and mechanical
and electrical Josses are presented in Sec.4. These equations have been derived using
the KLM equivalent circuit. Experimental results and their comparison with the resuits
obtained using one of the earlier known methods (described in Sec. 3), in the range of
its applicability, are presented in Sec. 5.

2. Origin of losses in a piezoelectric ceramic

As yet there is no complete doubtless description of the mechanism of electrical and
mechanica! losses in a piezoelectric ceramic. Many theories exist attributing a leading
part to different effects. According to [27] mechanical losses are caused by the scat-
tering at grain boundaries, by internal friction in ceramic grains and domains and by
micro- or macrocrackings. According to [4] mechanical losses are mainly due to the mo-
tional resistivity and electrical losses are mainly due to bulk grain and grain boundary
effects, domain walls effects are very important in the frequency range above 10° Hz.
According to [11, 12] both types of losses are induced hy 90° ferroelectric domain walls
moving under the influence of electrical fields or mechanical stresses. The physical na-
ture of electrical losses is explained by the damping of moving 90° domain walls. For
frequencies up to 10° Hz the origin of damping of the wall motion is ascribed to point
defects within the 90° domain wall. At higher frequencies damping results from the re-
flection of thermal-lattice waves impinging on a moving 90° domain wall. The ratio of
electrical and mechanical losses depends on material properties like spontaneous polar-
ization, spontaneous striction, elastic compliance, dielectric constant [12]. The analysis
of effects induced by the domains motion allows also to explain the strong increase of
electrical losses at frequencies above 10° Hz and their decrease at very high frequencies
[11]). The description of the phenomena accompanying the domains motion in a poly-
crystalline ceramic is difficult because many factors influence these processes — external
electric fields and mechanical stresses, temperature, grain size, grain boundaries, internal
stresses, defects, microcracks, ceramic composition, ageing, ferroelectric fatigue, chemical
inhomogeneities, porosity. The existing theories both microscopic and phenomenological
are too complicated to apply them in practice. Besides as a rule quantities that cannot
be measured in real polycrystalline materials exist in these theories [8, 43].

Changes of losses caused by compositional modifications of ceramics confirm that
losses are mainly due to the domain walls motion. Electrical and mechanical losses in-
crease in Pb(Zr,Ti)Os ceramics with donor additives. Donor additives induce the increase
of domain walls mobility, then even small electric fields or mechanical stresses can dis-
place domain walls. Acceptor additives reduce domain walls mobility and electrical and
mechanical losses in result [19].

Electrical and mechanical losses increase in result of the increase of driving electric
field, vibration velocity, temperature. Ageing causes the decrease of losses, also this effect
is due to the domain walls motion [26].
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3. Measurements of losses in high flelds

Various methods of the measurements of losses are known. In many cases only a
mechanical quality factor @y, is measured. One assumes that electrical losses are negli-
gibly small in relation to mechanical losses. This assumption is satisfied when a trans-
ducer is excited by low electrical field to resonant vibrations and its acoustical load
is small [6, 9]. The mechanical quality factor can be determined from the width of
transducer resonance curve on the 3-dB level, from the characteristic frequencies of the
transducer admittance circle or from the measurements of the absolute admittance as a
function of frequency [27, 30]. Electrical losses predominate when a transducer is driven
by high electric field at frequencies much below its resonance [42]. They can be mea-
sured using Schering bridge [7]. However for high-coupling piezoelectric ceramics of a
low mechanical () the measured electrical losses contain an excess portion resulting from
the mechanical losses. These additional losses are caused by a piezoelectrically induced
quasi-static strain due to low-frequency electric field [34]. The authors of [23] have pre-
sented a method of the determination of total losses (sum of electrical and mechanical
losses) from measurements of a real part of an electric impedance of a transducer. The
measurements were done only for low electric fields, the measured losses were mainly
mechanical.

The above-mentioned methods can be applied only in the linear range of the trans-
ducer work. In high electric fields, when the vibration velocity is high, the resonance
curves deform — decrease of the resonance frequency, asymmetry. The stiffness of the
ceramic decreases. The ceramic is not obeying Hooke’s law, the material may be classi-
fied as a soft spring {25, 36, 42]. When the electric field continues to increase the curves
become discontinuous, so-called jump phenomenon appears. The jump phenomenon
appears at different frequencies for a upgoing or downgoing frequency sweep during
measurements (hysteresis effect). This phenomenon was thoroughly investigated exper-
imentally and theoretically for quartz resonators [10], for a piezoelectric ceramic it was
described for the first time by K. NEGisHI [29]. This nonlinear behaviour of the piezo-
electric ceramic can be described theoretically extending up to the second order the
constitutive piezoelectric equations [13]. The discontinuities are also observed during
the measurements of transducer admittance circles or absolute admittance as a function
of frequency [39]. The determination of the quality factor from the width of the reso-
nance curve on the 3-dB level gives large error in the case of the asymmmetric curves.
For the curves with the discontinuities it makes no sense.

The range of the fields applicable during the measurements is limited by irreversible
effects inducing durable changes of ceramic properties. Large mechanical stresses, high
electric fields and thermal effects connected with them can cause the ferroelectric fatigue,
partial depoling of the ceramic, changes in ageing effects [42].

In recent years the authors from Japan published the series of papers (e.g. [14-16,
37-39]) concerning the applications of the quality factor measurements in the resonance
and antiresonance to the determination of the electrical and mechanical losses in wide
range of input voltages. For example they obtained for length extensional vibrations of
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a thin, long and narrow plate poled along the thickness direction [14, 15, 18]:

1
tgém = —, 1
=L _wB 1
tgle = ‘Y(QA wa QB)’ (32
_1-k

where: @4 — the quality factor measured at the electrical resonance angular frequency
w4 under mechanically free conditions (or at mechanical resonance angular frequency
wy giving maximum vibration velocity under electrically short-circuit conditions), @ —-
the quality factor measured at the electrical antiresonance angular frequency wp under
mechanically free conditions (or at mechanical resonance angular frequency wp giving
maximum vibration velocity under electrically open-circuit conditions}, ks; — electrome-
chanical coupling coefficient.

Similar relations were obtained for thickness vibrations of a plate [20)].

The authors of the above-mentioned method determined the quality factors using
the frequency perturbation method (16, 33]. In this way they could apply their method
in the range of the occuring of the resonance curve deformations. However it does not
solve the problem of the loss measurements in the range of the occuring of the resonance
curves discontinuities. We have tried to solve this problem applying the measurements of
voltage ratios in a piezoelectric transformer instead of the measurements of a resonator
quality factor.

4, Application of a piezoelectric transformer to loss measurements

Various designs of piezoelectric transformers are known. They have various shapes of
individual parts [24]. For the loss measurements we applied a ring-shaped ceramic piezo-
electric transformer - Fig. 1. The thickness and width of a ring were small in comparison
with its radius. Such a shape has an important advantage - the stress and strain distri-
bution is uniform in the whole ring [3, 42]. The piezoelectric ceramic was poled along
the thickness direction. One pair of vacuum evaporated silver electrodes constituted the
input of the transformer, the second pair — its output (Fig. 1).

The foundations of the theory of piezoelectric transformers were done by C.A. ROSEN
{35]. Applying Mason’s equivalent circuit Rosen presented an equivalent circuit of a
piezoelectric transformer and he derived the equations relating a voltage amplification
and components of the equivalent circuit. Rosen’s analysis cannot be applied in the case
discussed in this paper. Firstly — Rosen did not consider electrical losses assuming that
they were negligibly small. Secondly — he analysed the parallepiped — shaped transformer
with two mechanically free ends.

Piezoelectric transformers have been already applied for the measurements of various
material constants. In [41] piezoelectric constants and an electromechanical coupling
coefficient of ceramics operating in the range of high mechanical strains were measured.
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Fig. 1. Ring-shaped piezoelectric transformer.

Rosen’s theoretical analysis [35] was applied. In [32] piezoelectric and elastic constants
of piezoelectric polymers and composites were measured. In both cases electrical losses
were not considered.

The equivalent circuit of the ring-shaped piezoelectric transformer can be derived
if each half of the ring is replaced by the KLM equivalent circuit [21, 22] - Fig. 2. We
assume that both halves of the ring are identic and we neglect the gaps between the
elecirodes. In the applied transformers the gap width was equal 1 mm - about 1% of
the mean circumference of the ring. In a very strict analysis the gaps between electrodes
may be taken into consideration [17] and inserted into the KLM circuit [22].

G
Miacxal
8 R,

Fig. 2. KLM equivalent circuit of a ring-shaped piezoelectric transformer.

For the ring at the resonance frequency the values of the elements of the circuit
presented in Fig. 2 are as follows:
A
2

l, = —=ma, {4.1)
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__1_ 3 e 11&)'_._ e

Bj = ZuM sm( " )_-0, (4.2)
J =Bl (43)
o (hw ¢ _

B2 = Zom(%) __ZG-’ (4-4)
o= Tolm (45

M
: TOWESS 11 45 .
G = — S (1-H), (46)

Zo = mut, /%‘ (4.7)
811

a, w, t - ring dimensions (cf. Fig. 1), Ry, ~ load resistance, A — wavelength, Zp — char-
acteristic impedance, v ~ acoustic wave velecity, w - angular frequency, J — inverter
parameter, dyy ~ piezoelectric constant, s — elastic compliance, eJ; ~ permittivity, &3
- piezoelectric coupling coefficient, o ~ density. The definitions of the material constant
and the subscripts and superscripts are as in [3], By, B, J, M are defined as in [21, 22}

Electrical losses are represented by the resistance R, [3], mechanical losses — by
the complex propagation constant of the transmission line (central part of the KLM
equivalent circuit — Fig. 2):

= g=2r g

Certain simplifications are necessary for the derivation of the equations describing
the voltage ratio in the piezoelectric transformer. We assumed that aly = 7/(2Q,,) was
small (true for typical values of Qm of PZT-type ceramics) and that the transformer was
driven‘by the source of ac voltage of constant amplitude. Rosen [35] ascertained that
such dssumptions were admissible in the analysis of piezoelectric ceramic transformers.
We adsumed also, as we have alveady mentioned, that beth halves of the transformes
were identic and we neglected the gaps between the electrodes. The simplifications allow
to determine the influence of physical properties of the ceramic en the operation of the
‘transformer and to express the voltage ratio as a function of the values that can be
measured.

Voltage ratios in piezoelectric transformers can be caleulated applying relations
known from the electrical eircuit theory and the theory of transmission lines (se¢ Ap-
pendix) to the KLM circuit presented in Fig. 2. Under above-mentioned agsumptions we
have obtained for two limits of the load resistance Ry:

for By, — 0
. _ Uogyr $*QmRy, .
=t = =L 4.9
A= T = 77+ $uks’ (49)
for By, — &0 _
o= T00r ___FOuXE, (4.10)

U~ $*QuX2 +7ZoR,
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Thus SR ( 4o)
_ L{1— Ao
tgom = _%‘r'rzo y" (4.11)
and
QSZQmXc — AT Ly

PQmXedoo

1
;—O—O‘ .
For the determination of the losses it is not sufficient to measure the voltage ratios be-
cause in the range of high electric fields the piezoelectric, dielectric and elastic constants
change as a function of the field intensity. This effects are due o the domain structure
of the ceramics. The domain walls motion changes values of the elastic compliance, the

dielectric and piezoelectric constants and the electromechanical coupling coefficient [1,
19, 42).

{4.12)
X =

5. Experimental results

Figure 3 presents the examples of the measured resonance curves of the ceramic
rings, Fig. 3a — input voltage Uy = 1V, Fig.3b - Uy = 40V. In Fig. 3b nonlinear
effects described in Sec. 3 (jump effects with hysteresis) are visible. The resonance curve
in Fig. 3a is already slightly asymmetric in spite of low input voltage. The ring was made
of hard PZT-type ceramic. Figure 4 presents the output voltage of this transformer as
a function of its input voltage. One can see that the cutput voltage does not increase
proportionally to the increase of the input voltage even for small values of Upn.

The values of the ceramic parameters necessary for the calculation of losses were
measured. Figure 5 presents the examples of the measured values of sfj, ka1, da; and
€%, as a function of the input electric field for the same ring as above.The changes of the
ceramic parameters begin in the same range of the input electric field as the nonlinear
effects visible in the Uoyr = f{IAn) curve. These results are similar to the results
presented earlier, e.g. in [37, 41]. The density g of this ceramic was equal 7.5-10% kg/m?.

Figure 6 presents the examples of the calculated (using the equations given in Sec. 4)
dependences of the electrical and mechanical losses on the input electric field. Results
presented in Fig. 6a were obtained for the ceramic ring with the parameters presented
in Fig. 5.

We measured also the losses in the ring-shaped transformers made of the ceramic of
low quality factor (soft PZT-type ceramic). For these rings the discontinuities of the res-
onance curves did not appear in the whole measurement range. Therefore it was possible
to measure the losses applying Hirose's method [14] described in Sec. 3 and to compare
the results obtained using two methods. Figure 7 presents the quality factor Qm, as a
function of input electric field for two kinds of ceramics: I - the ceramics of high quality
factors (the results of their measurements are presented in Fig.6), II — the ceramics
of low quality factors used for the comparative measurements. The quality factors Qm
were determined as the reciprocals of tgé, calculated using Eq.(4.11). The values of
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Fig. 3. Resonance curves of the ceramic ring transformer, external diameter Dext = 38 mm, internal
diameter Di; = 30mm, thickness ¢ = I mm, hard PZT-type ceramic, a) input voltage Uin =1V,
b) Uiy = 40 V. The arrows show the direction of frequency change during the measurements.
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Fig. 4. The output voltage of the ring piezoelectric transformer versus its input voltage, dimensions
of the ring as in Fig. 3.

the ceramic parameters were measured as previously. The density of the ceramics II was
o = 7.4-10% kg/m?3. Figure 8 presents the values of losses determined applying two meth-
ods. One can see that the results agree qualitatively. The values of the losses measured
using Hirose'’s method are lower. It may result from the fact that the quality factors Q4
and (Jg have been determined from the widths of resonance curves on the 3 dB-level
instead of the perturbation method described in [33]. The curves were deformed, spe-
cially at higher input electric fields. The deformations may cause the apparent increase
of the measured quality factors. For low input electric fields the differences between the
obtained results are small.

During all measurements the rings were air-cooled using a propeller-fan. The losses
cause the heating of the ceramic specially in the range of high input electric fields. The
temperature increase causes the decrease of quality factors and changes of ceramic pa-
rameters [39]). The ageing and ferroelectric fatigue causes changes of the losses with time
[26, 31}. The effect of heat generation impedes the measurements of the ceramic proper-
ties in high fields. It is possible to avoid this effect applying special, fully computerized,
measuring circuits enabling to perform measurement in less than 500 ms [39].

The measurements were done in the frequency range 30-44kHz according to the
ring dimensions determining its resonance frequency.
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Fig. 6. Electrical (tg 8} and mechanical (tg fm) losses as a function of input electric field, calculated
using Eqs. {4.11) and {4.12) for thres piezoelectric ceramic transformers, a) Dext = 38 mm,
Dine = 30mm, t = 1 mm, hard PZT-type ceramic, as in Figs. 3-5, b} Dext = 38 mm, Dip = 28mm,
t = 5 mm, hard PZT-type ceramic, ¢} Dexe = 38 mm, Djne = 24 mm, ¢ = 5mm, hard PZ7T-type
ceramic.
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Fig. 8. Comparison of the results obtained for two piezoelectric ceramic transformers applying two
methods: solid line — piezoelectric transformer method presented in the paper, dashed line — Hirose's
method {14] described in Sec. 3, a) ceramic ring no. 1 in Fig. 7, b) ceramic ring no. 2 in Fig. 7.

6. Cenclusions

The results obtained applying the method proposed by the author are qualitatively
consistent with the results obtained using the different methods and with the theoretical
descriptions of the loss effects. The method presented in the paper does not require
to measure the quality factor. The measurements of the quality factor are difficult or
even impossible for the ceramics driven by high fields. In above described method the
losses are determined from the measurements of the voltage ratios for two kinds of the
loading of the piezoelectric transformer. However, the additional measurements of the
material constants as a function of the input electric field are necessary. The described
method has also certain disadvantage i.e., the sample in the form of the ring transformer
is necessary for the loss measurements.

The equations determining the losses have been derived using the simplificating as-
sumptions similarly as in all cited methods of loss analysis. Otherwise the derived equa-
tions could not be applied in practice. The simplifications are necessary to obtain the
relations permitting to determine the influence of physical parameters of investigated
ceramic on the transformer operation and to express the voltage ratios as a function
of the mesurable quantities. Further experiments with transformers made of various ce-
ramics with different properties are necessary to estimate quantitatively the accuracy of
the described method,
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Appendix. Application of KLM equivalent circuit for the calculation of losses

The KLM equivalent circuit is presented in Fig.2. We calculate the ratios of the
output voltage Ugyr and the input voltage Uy for two limits of the transformer loading:
Ry — 0 and Ry — .

The output current of the inverter J:

I=—-jByU, (A1)

where: U — output voltage of the inverter, B; — inverter parameter. The ideal admittance
inverter J has also the property that when an admittance Y is connected to one port,
the input admittance at the other port is J2/Y, where J = | B2| [22].

The voltage at the output of the transmission line:

Uy = (A.2)
—chvz + —shyx
Zy Zy
and U
U= ——p—, (A3)
chyz + —2shyze
Zy

where: I3, U; — current and voltage at the input of the transmission line, Z; — loading
impedance at the end of the transmission line, Z; — characteristic impedance of the
transmission line, v = & + j8 — propagation constant of the transmission line described
by Eq.{4.8), = — length of the transmission line.
The input impedance of the transmission line:
Zy + Zoth~vyzx

N =g

2

1+ —=—th
-i-Z0 0

(A.4)

If ax is small {cf. Sec.4) then:
I

1
2 {cos Bz + jaxsin Bz) + = (excos fz + j sin fz)
Z Zy

In our case Eqs.(A.2)—(A.5) can be considerably simplified because {; = A/2 in the
equivalent circuit in Fig. 2 and the characteristic impedances are identic in all sections of
the transmission line. The values of the elements of the equivalent circuit are described
by Eqs. (4.1)-(4.7).

Similarly as Rosen we assume that the transformer is driven by the source of ac volt-
age of constant amplitude. This simplificating assumption allows to neglect the influence
of the internal resistance of the voltage source [35].

Using standard relations for the electric circuits and transmission lines {2, 35} we
obtain for Ry — oo

Uy =

(A5)

4 _Uour _ _8Qn (B2+ x2)? X, R,
C T U wZp(R2 4 X2)+ ¢*QmR. X2

(A.6)
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Since R2 3> X2 then Eq. (A.6) can be simplified:
Am —_ @SszXeRe

= 770, + 0 XC (A1)
then 20, XA
= M~ e " A8
R ¢2QmXe - A2y ( )
as [3]:
(1 - k%],)Xe
tg b = ——22— A9
g R. (A9)
therefore: (1= B (#*QnX AosZ0)
. — M3 m<te — Moo 40
tgd, = 0. XA (A.10)
similarly for Ry — 0 we obtain:
Uout $*QmRL
Ay = = All
°= U~ 720+ POnEy (A11)
then @, necessary to calculate (A.10) is:
_ TI'Z(]AD
Qm = FRL(1 - Ag) (A.12)
and ) 4
tg 6m = 1 =M_ (A.13)

Qm wZoAo
The measurements were done for two values of the transformer loading: a) corre-
sponding to R — 0, Ry, = 11Q & R, and b) corresponding to Ry — oo, in this case
the transformer output was loaded by the internal resistance of the voltmeter R; > R..
The same results of the calculations may be obtained using Mason’s equivalent circuit,
but the calculations are more time-consuming.
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AN EXPERIMENTAL INVESTIGATION OF THE FINITE AMPLITUDE WAVE
E. KOZACZKA and G. GRELOWSKA

Naval Academy
(81-919 Gdynia, ul. $midowicza 71, Poland)

An experimental investigation of the pressure Beld distribution produced by a plane
circular piston in water was carried out by means of two receivers of different size. A
transducer of 46-mm-diam and 1.0-MHz center frequency was used as a transmitter. The
PVAF needle hydrophone of 1mm diameter was the first receiver, whereas the second
one had a diameter equal to that of the source. All experiments were performed using a
high precision computer-controlled tank facility. Measurements of harmonic generation are
compared with numerical calculations based on the nonlinear parabolic wave equation.

1. Introduction

Recently there has been a steady growth of interest in the nonlinear problem of fi-
nite aperture sound beams in number of disciplines such as acoustic microscopy [10],
ultrasound therapy and diagnostics [6, 9], parametric acoustic arrays [8], and the mea-
surements of the nonlinear parameter B/A with finite amplitude effects of sound waves
11, 14).

In many applications the most important are phenomena occurring in the nearfield
area. It is caused by the fact that due to the applied measurement set up arrangement
and the chosen parameters of used transducers the measured or diagnosed object is often
situated within the nearfield area.

Many papers have been published devoted to the problem of the nonlinear distortion
of the finite amplitude wave in the nearfield of the source. The fine structure of the
nearfield presents difficulties to both: the theoretical and the experimental investigations.
One of the first papers devoted to the theoretical description of the nearfield of the
finite amplitude source was published in 1971 by INGENITO and WiLLIAMS JR. [12].
There the second harmonic field of a piston transducer was calculated by means of the
perturbation method. A significant step was made by Norwegian scientist, who solved
the KZK equation numerically, using the finite difference scheme [1], which is known
as the Bergen code. It accounts for the nonlinearity, absorption and diffraction. The
solution is widely used in comparing the measurement results [3, 17] and may be modified
according to the measurements conditions, for instance for focused circular sources [4]
and for rectangular sources [5, 16].
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The paper presents the results of the experimental investigations of the finite am-
plitnde wave radiated by the circular piston. The investigations were carried out close
to the transmitter in the nearfield and nearfield-farfield transition area using the high
precision positioning device which controlled the movement of the receiver. The distance
of occurring the last maximum in the pressure distribution on the beam axis is assumed
to be the boundary of the nearfield.

2. Experimental methods

A set up shown in Fig. 1 was used for experimental measurements. The transmitter
- 3 piston of 46-mm-diam — was mounted at one end of the water tank 1.4m long by
1.2m wide and 1.2m deep. The transducer was driven at its center frequency of 1.0-MHz
corresponding to ka = 96 (k is a wave number, a is the transmitter radius). It was driven
with a tone pulse, approximately 50 cycles long and the pulse repetition was of about
8msec. This gave a quasi-continuous wave in the measuring area field without standing
waves. Reflections were eliminated by using a time gate on the receiver pulse.

Fig. 1. The measurement set up: G — generator, PA — power amplifier, T - transmitter, i — PVdF
needle hydrophone, SC - scanning set up, O - digital storage oscilloscope HP 54503A.

The pressure generated by the transducer was measured using a 1-mm-diam PVdF
needle hydrophone. The hydrophone was mounted on a three-dimensional translation
stage that allowed to position the hydrophone anywhere in a plane perpendicular to the
acoustic axis of the transducer or along this axis. The movement resolution is theoreti-
cally equal to 0.0125mm.

The output from the hydrophone was fed directly into a digital storage oscilloscope
{HP 54503A). The oscilloscope was used to capture a middle part of the tone burst.
The time waveform was then transferred to the controlling computer and five {or two)
cycles underwent the Fourier analysis to extract the harmonic amplitudes. The measured
waveforms were averaged before analyzing.
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The second receiver used in measurements was of an area equal to that of the trans-
mitter, but it was sufficiently broadband to receive the harmonics appearing as an effect
of nonlinear propagation in water. The measuring method of nonlinear distortion in
which two coaxial transducers of equal area are used was described by CoBB [7).

8. Experimental results

Results of the experiments allow to make a thorough study of the nonlinear distortion
growth in the area close to the transmitter. The pressure distribution of the examined
plane circular piston transmitter of 46-mm-diam at a distance of 1 mm from the surface
is shown in Fig.2. The amplitude of the pressure pg equals to about 157kPa. In the
numerical model that distribution is approximated by the curve shown in Fig. 3.
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Fig. 2. 'The pressure distribution measured at a distance of 1 mm from the surface of the examined
plane circular piston transmitter.
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Fig. 3. The curve approximating the measured pressure distribution at the radiating surface.

The growth of the nonlinear distortion can be noticed by observing the changes in
the shape of the wave and in the rising of the amplitude of the second harmonic with
the increasing distance from the source. Figure 4 shows the shape of the wave measured
using 1-mm needle hydrophone at different distances from the source and Fig. 5 shows
the shape of the wave measured in the axis of the source at the distance of 70mm and
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Fig. 4. The changes in the shape of the wave measured on the beam axis with the increasing distance
from the source.
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Fig. 5. The shape of the wave measured in the axis of the source at the distance of 70 mm 420 mm and
720 mm and their respective spectra.
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720 mm and their respective spectra. In the plane distant 720mm from the source the
distortion is quite great. The amplitude of the second harmonic equals to about 28% of
the amplitude of the first harmounic.

The results of measurements allow to obtain the graph (Fig. 6) in which the changes
in the amplitude of the pressure harmonics as a function of the distance from the source
are presented. The results of experiment (solid line) are shown together with the results
of numerical calculation {dashed line). The comparison could be done from the distance
come from restriction in validity of the applied numerical model.
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Fig. 6. The changes in the amplitude of the pressure harmonic components on the beam axis as
a function of the distance from the plane circular source: {-—) obtained experimentally,
(— - ~) predicted theoretically.

‘We can also illustrate the nonlinear wave distortion in a form of amplitude pressure
distribution in chosen plane. In the next figures are shown distributions of the relative
amplitude of the second and higher harmonic components measured in planes placed
at the different distance from the source. The growth of the nonlinear distortion can
be noticed by observing the rising in the amplitude of the second harmonic component
with the distance from the source. It is exemplified in Fig. 7 which shows the growth of
the nonlinear distortion expressed in the rising in the relative amplitude of the second
harmonic pressure in planes distant 120mm, 270mm and 370 mm from the transmitter.
In the last of these planes (370 mm from the source) the distortion is so great that higher
harmonic components become measurable. In the Fig. 8 are shown the first four pressure
harmonics measured in this plane. The distortion rises with the growing of the distance
from the source. It is confirmed by the distributions of the relative amplitude of the
higher harmonics in the plane distant 720 mm from the source shown in Fig. 9.

Apart from investigations carried out using the needle hydrophone they were made
using the receiver of the area as the transmitter. The results of these measurements
were compared. The next figures show the results of measurements obtained in the same
conditions of the experiment using both of hydrophones at the same distances from the
source.
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Fig. 7. Relative amplitude of the second pressure harmonic component measured in planes distant
120 mm, 270 mm and 370 mm from the plane circular source.

In Fig. 10 are presented the shape and the spectrum of the wave measured applying
the receiver of the same area as the transmitter at two different distances between them.
In the successive figure are shown the corresponding shapes and spectra of the wave
measured by means of the PVJF hydrophone in the axis of the source (Fig. 11}. We can
notice that the wave distortion in the axis is more substantial then the one of the wave
averaged on the surface of the larger receiver. It is caused by nonuniform distribution of
the primary wave pressure across the beam which influences the nonuniform distribution
of the higher harmonics. The pressure distribution of the first and second harmonic
components at the planes at the same distances as the previous ones can be seen in
Fig.12.
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Fig. 8. Relative amplitude of the four first pressure harmonic components measured in the plane
placed at the distance of 370 mm from the plane circular source.
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Fig. 9. Relative amplitude of the second, the third, the fifth and the seventh pressure harmonic
components measured in the plane distant 720 mm from the source.
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Fig. 10. The shape of the wave measured using the receiver of that area as the transmitter at the

different distances and their respective spectra.
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Fig. 11. The shape of the wave in the beam axis measured using the needle hydrophone at the
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Fig. 12. The pressure distributions of the first and the second harmonics measured in the planes
distant 127 mm and 251 mm from the source.

4. Conclusions

The paper presents the results of the experimental investigations of the finite ampli-
tude wave field distribution. The measurement results obtained using the high precision
facility which controlled the movement of the receiver were presented as well. The re-
sults of measurements together with calculations allow to make a thorough study of
the nonlinear distortion growth in the nearfield. They confirm the usefulness of both
the elaborated method and the measurement set up for the investigations of the finite
amplitude wave source in its nearfield. The use of receivers of an active area dimension
greater than a wavelength gives us an averaged value of the measured quantity.
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THE INFLUENCE OF ORIENTATION ON THE BEHAVIOUR OF THE ACOUSTIC
EMISSION IN FACE CENTERED CUBIC METAL SINGLE CRYSTALS
COMPRESSED IN A CHANNEL-DIE '
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The influence of the crystallographic orientation on the behaviour of the acoustic emis:
sion (AE) in face cemtered cubic {FOC) metal and alloy monoerystals compressed in
channel-die is investigated using five differently oriented copper single crystals ({100}
<001>, {011} <112>, {112} <111>, {111} <123> and {001} <110>). The results
obtained are also compared to the AE behaviour in silver and to the low-temperature AE
behaviour in copper and copper-aluminium alloy single crystals of identical {112} <111>
orientations. It has been stated that the orientation of crystal affects the final stage of
the microstructure evolution (shear bands of the V' or X shape or the bands of complex:
structure}, and the orientation dependence of the AE behaviour is only a consequence of
the orientation dependence of the deformation mechanisms. In general, however, the AE
behaviour is strongly correlated with strain localization related to twinning and shear band
formation, and is of universal character since it is similar in all the orientations applied.

The observed correlations between the AE and the strain localization mechanisms are
discussed on the basis of the dynamic and nonlinear {solitary wave} properties of dislo-
cations. Consequently, it has been stated that the dynamics of shear band formation is
markedly weeker than that in the case of twinning seerns to indicate the crystallogra-
phic character of the shear band propagation since the non-crystallographic slip should be
accompanied by strong acoustic effects,

1. Introduction

Recent investigations of the phenomenon of acoustic emission (AE) are, in general,
conducted in two directions. The first one, dealing with the AE phenomenon itself, con-
centrates mainly on the spectral analysis of the measured AE parameters [1]. However,
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the phencmenon of AE is more often used as an experimental method in various inves-
tigations in the materials science {2-6]. The AE method, in particular, hag been used
for some years by the authors of the present study in the investigations of the processes
of plastic deformation of metal and alloy single crystals of face centered cubic (FCC)
lattice subject to a channel-die compression, where a model of strain in plain state is re-
alized {7-10]. The aim of these investigations was to determine and explain the observed
correlations between the behaviour of AE and the strength properties (strain hardening
curve) of the material, the evolution of its microstructure and texture, and the mech-
anisms of strain localization connected with the processes of twinning and formation
of shear bands [11, 12]. A particular aim of this work was to establish the influence of
crystallographic orientation on the AE behaviour in metal and alloy single crystals of
FCC lattice subjected to channel-die compression. The investigations were carried out
on the example of copper single crystals of five different orientations (I - {111} <001>,
I - {112} <110>, IIT - {112} <111>, IV — {111} <1123> and V ~ {001} <110>)
and compared with the results of investigations of channel-die compression of single
crystals of silver, copper and copper-aluminium alloy (CuAl2) of identical orientations
{112} <111>. The results obtained in the present work by means of the AE method have
been discussed on the basis of the dynamic and nonlinear (solitary waves) properties of
dislocations {13-16]. In particular, these results enabled to formulate a more precise
opinion on the still disputable problems referring both to the dynamics of the formation
and the possibility of non-crystallographic propagation of shear bands.

2. Investigation methods

Channel-die compression tests were carried out using the tensile testing machine
INSTRON-6025, equipped with an additional installation containing a channel-die, which
ensured the plastic flow of the metal in the parallel direction only, i.e. along the channel
axis, and in the vertical direction, i.e. perpendicular to the channel axis. This is a sim-
ple model of the channel-die compression in which the plane state of strain is realized
since in the lateral direction (also perpendicular to the channel axis) plastic deformation
does not occur. Monocrystalline samples were obtained by means of the Bridgeman's
method {in the case of silver and copper) or by the method of zone crystallization at
a natural temperature gradient (in the case of copper and copper-aluminium alloy).
Samples, having the shape of cubes of a 10 mm edge, were subjected to compression
tests by the multi-stage method with the purpose to obtain the final reductions as well
as the intermediate reductions of an appropiate value. After each stage, the samples
were appropiately cropped so as to make the ratio of the actual value of elongation to
that of height not greater than 2. In order to minimize the effects of the sample fric-
tion against the channel walls, a teflon foil was used. The speed of the testing machine
travers was all the time equal to 0.05 mm/min. Simultaneously with the measurement
of the work-hardening curve in the terms of force vs. time, the basic AE parameter in
the form of the rate of events AN, /At was registered. The number of events AN, was
measured in the time interval At = 4s. A broad-band piezoelectric sensor enabled to
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register acoustic pulses of a frequency from some tens to some hundreds of kilohertzs,
while suitable filters eliminated the frequency of free vibrations of the testing machine,
as well as the higher frequencies connected, e.g. with the noise of broadcasting stations.
The contact of the sensor with the sample at the ambient temperature occurred through
a steel rail which formed a pad in the channel-die, and at the liquid nitrogen temperature
— by means of a wave-guide especially formed from a quartz rod. The total amplification
of the apparatus registering the AE signals was 88dB, and the suitably chosen thresh-
old voltage of the discriminator had a value of 1.20V. After each compression test, the
microstructure was observed using the standard technique of optical microscopy.

3. Investigation results and discussion

In Figs. 1-5 is shown the AE behaviour during the channel-die compression of copper
monocrystals of five various crystallographic orientations: I — {100} <001> (Fig. 1), II -
{112} <110> (Fig.2), III - {112} <111> (Fig. 3), IV - {111} <123> (Fig.4) and V -
{001} <110> (Fig. 5). On each of these figures as well as on the following ones, besides the
graphs of AE and force (to the left), there are also presented the microstructures (to the
right) corresponding to the reductions obtained at the given compression stage. It should
be noted that the initial course of AE, illustrating, on each figure, the AE behaviour in
the time interval up to about 200-300s, will not be discussed here since, this interval
comprises also beside the transition from the elastic to the plastic state (already fairly
accurately examined), effects connected with the mechanical adjustment of the sample
to the channel walls in the range of elastic strains. For the purpose of comparison, in
Figs.6-8 there has been presented the behaviour of the AE (for selected compression
stages) also in other single crystals of FCC lattice of identical orientation III subjected
to channel-die compression at the liquid nitrogen temperature. Consequently, in Fig. 6 is
illustrated the AE behaviour in Cu single crystals, in Fig. 7 — in Ag single crystals, and in
Fig. 8 — in CuAl2 alloy single crystals. Moreover, in Fig. 7 is illustrated the transition from
the deformation mechanism, associated with twinning, to the deformation mechanism
connected with the formation of shear bands.

g & ¢

RATE OF A EVENTS, dNz/dt

Fig. 1. Behaviour of the acoustic emission (AE) and the external force in copper monocrystals of cubic
orientation {100} <001> during a channel-die compression at the ambient temperature. Besides is the
corresponding microstructure after a z = 90.4% reduction; magnified x31.
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Fig. 2. AE, external force and the corresponding microstructure in Cu monocrystals of {112} <110>
orientation compressed in the channel-die (z = 86.8%, T = 293 K, x25).
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Fig. 3. AE, external force and the corresponding microstructure in Cu monocrystals of {112} <111>
orientation compressed in the channel-die {z = 80%, T = 203K, x31).
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Fig. 4. AE, external force and the corresponding microstructure in Cu monocrystals of {111} <123>
orientation compressed in the channel-die {z = 70%, T = 293K, x10).

In particular, when analyzing Figs. 1- 5 one can observe that there exists a tendency
of universal character indicating that the final stage of the evolution of the microstructure
in the process of channel-die compression (high reductions) is the occurrence of a second
family of shear bands formed in the secondary activated slip systems; together with the
previous family of shear bands formed in the primary activated slip systems, these bands
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Fig. 5. AE, external force and the corregponding microstructure in Cu monocrystals of {001} <110>
orientation compressed in the channel-die (z = 75%, T = 203K, x31).
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Fig. 6. AE, external force and the corresponding microstructure in CuAl2 single crystals of
{112} <111> orientation compressed in the channel-die at the liquid nitrogen temperature
{(z = 13%, %20).
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Fig. 7. AE, external force and the corresponding microstructure in silver single crystals of
{112} <111> orientation compressed in the channel-die (z = 31%, T = 293K, x200).

have the shape of the letter V' (stright or reversed). This can be observed distincly for
the orientations I, IT and V (Figs. 1, 2 and 5, respectively). In the case of the orientations
IIT and IV (Figs. 3 and 4, respectively), the pattern is more complex due to the influence
of the orientation. In the case of the orientation {112} <111>, the bands form a shape
resembling the letter X (Fig.3), and in the case of orientation {111} <123>, the effect
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of cooperation of both the tendencies to form bands of V and X type can be observed
(Fig. 4). However, in each case (including those shown in Figs. 6 and 8) the formation of
shear bands of V type (as they have been called earlier [7, 9]) is always accompanied by
a series of a few, more or less regular, AE peaks.
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Fig. 8. AE, external force and the corresponding microstructure in Cu single crystals of {112} <111>
orientation compressed in the channel-die (z = 73%, T = 77K, x20).

From the presented graphs and microstructures it can be seen that in the case of
each orientation there exists a direct correlation between the AE behaviour and the
deformation mechanisms, while the influence of orientation is indirect in the sense that
the AE depends on the deformation mechanisms determined, in general, by the initial
crystallographic orientation.

The above correlations may be interpreted, at least qualitatively, basing on the dy-
namics of the dislocation configurations (Figs.9 and 10) and the theoretical concept
which seeks the origin of the AE just in the dynamic dislocation phenomena connected
chiefly with the acceleration and the processes of dislocation annihilation. It must be
taken into consideration that acoustic effects are proportional both to the square of accel-
eration (including the acceleration in the vibration movement of kinks) and to the square
of the relative velocity of annihilating dislocations (see e.g. [14, 15]). In the scheme in
Fig. 9 is shown a simple propagation mechanism of a slip band (thus at the first approxi-
mation corresponding to the initial phase of shear band formation, Fig. 9a), a wave image
of this propagation (solitary wave, Fig.9b) and the spatial mechanism of the operation
of the dislocation sources of the Frank-Read type in the primary activated slip systems
(Fig.9c). In Fig. 10, on the other hand, is illustrated the solitary wave character of the
propagation of a group of dislocations generated by a Frank-Read source in a single slip
plane (Fig. 10a), a one-dimensional approximation of this propagation (Fig.10b), and a
wave representation (Fig.10c), evidencing the soliton-like character of this propagation
(see also [13, 16]). Speaking in general, the observed AE peaks may be the result of
a superposition of the effects of acceleration and annihilation of the dislocations both
inside a crystal (in the case of the closing of the dislocation loops during the operation
of the Frank-Read sources) and also on its free surface (in the case of the formation of
the steps on the crystal surface).
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Fig, 8. Schematic ilustration of a simple mode! of shear band propagation {&}, its §olitary wave
represemtation {b) and the dislocation dynamics in active slip systems (c).

Thus, the high rate of the AE events in the case of twinning, reaching the values of
the order of 4 x 10* (in the range from 350 to 650s in Fig.7), is due to the fact that
the formation of a single twin — assuming the polar mechanism of twinning (see e.g.
{15]) — may be associated with the escape to the crystal surface of tens of thousands
of dislocations {more accurate estimation has been presented in {17, 18]). The effects of
dislocation acceleration may also participate to a great extent in it since it is known that
the velocity of twinning distocations in a given crystal may reach values of the order of
the speed of sound. On the other hand, the dynamics of the gliding dislocations (Figs. 9a
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and 10a} is smaller than that of the twinning dislocations (at least in the sense of the
possibility of attaining very high velocities in comparable periods of time). Moreover,
shear bands occur in the sample volume considerably less frequently than the twins
(Fig. 7). As a result, the shear bands produce much weaker acoustic events of the order
of 103, i.e. they can be estimated to be at least by one order of magnitude smaller than
in the case of twinning.

The considerably more distinct and stronger acoustic effects, accompanying the for-
mation of shear bands at low temperatures (Figs. 6 and 8}, can be explained in a similar
way. In this case the dynamics of the gliding dislocations is much greater than that
occurring at the ambient temperature (higher flow stress since higher dislocation ve-
locity). On the other hand, a quite similar situation occurs when shear bands of type
V are formed at the ambient temperature (Figs. 1-5) and at the temperature of liquid
nitrogen. The beginning of the formation of shear bands in the secondary activated slip
systems (similarly as in the case of the primary activated slip systems) would be as-
sociated with the engagement of some tens to some hundreds of dislocation sources (a
more accurate assessment is presented also in [17, 18]) operating in parallel slip systems
(Fig. 9¢); each of them (Fig. 10a) would generate tens or even hundreds of dislocations.
In this way each single AE peak, within an advanced range of the work-hardening curve
{Figs. 1-5), signalling the beginning of the formation of shear bands and the formation
of a step on the crystal surface, would be associated, at the first approximation, with
the escape to the sample surface of a number of dislocations of the order from some
hundreds (in relation to the ambient temperature) to some thousands (in relation to the
low temperature). The number of AE events of this order, observed in Figs.1-5 and 6
and 8, suggests that in the case of shear bands, independently of the crystallographic
orientation, the contribution of the surface annihilation to the AE may be much greater
than the that from the internal annihilation and that deriving from the effects of the
acceleration of dislocations.

4. Conclusions

1. The observed correlations (very distinct especially at the temperature of liquid
nitrogen) between the behaviour of the acoustic emission (AE) and the course of the
channel-die compression of monocrystals of metals and alloys of a FCC lattice occur for
all the examined orientations being mainly connected with twinning and the formation
of shear bands.

2. Single twins, independently of the crystal orientation, are associated with single AE
peaks to which the number of AE events of the order of tens of thousands corresponds.

3. The initiation of the formation of shear bands is connected with single AE peaks,
to which, however, a smaller number of events correspond — in general, of the order of
some hundred to a few thousands — independently on the crystal orientation.

4. Depending on the crystal orientation (although not to a great extent), the final
stage of the microstructure evolution (high reductions) are the shear bands, either of
type V (most often) or of type X (as in the case of the orientation {112} <111>) or of a
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more complex type, being always accompanied by a series of a few, more or less regular,

AE

peaks.
5. The observed correlations between the AE behaviour and the progress of the com-

pression deformation can be interpreted basing on the dynamic properties of dislocations
connected mainly with acceleration and the dislocation annihilation occurring especially
on the crystal surface.

6. As a consequence, the dynamics of the formation of shear bands is distinctly

weaker than the dynamics of the formation of twins which is an additional evidence of

the

crystallographic nature of shear bands propagation since a non-crystallographic slip

should be accompanied by very strong acoustic effects.
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Ultrasound scattering for characterization of marine crude oil spills
by STANISEAW J. POGORZELSKI

Institute of Experimental Physics, Gdadsk University,

ul. Wita Stwosza 57, 80-952 Gdaiisk, Poland

e-mail: fizsp@paula.univ.gda.pl

Laboratory and at-sea surface scattering measurements, for wind generated water
surfaces covered with crude oil derivative films of well-defined and oceanographically rel-
evant viscoelastic surface properties, were carried out using a directional acoustic system
based on high-frequency forward specular scattering. In the light of the “specular point”
scattering theory applicable to ultrasounds {and also to laser, sun glitter, and microwave
surface probing) the scattering coefficient of acoustic waves in these conditions i.e., for
large values of Rayleigh parameter, depends only on the mean square slope of the rough
surface. Water wave attenuation by a viscoelastic film is attributed to the Marangoni ef-
fect which causes a strong resonance - type damping in the short-gravity-capillary water
wave region. The Marangoni damping depends on the physicochemical nature, concen-
tration of the film-forming substance, and the rheological surface film parameters (E -
elasticity modulus, P - film pressure, wy — structural diffusion parameter). The scattered
signal signatures turned out to be unequivocally related (via the Marangoni damping of
wind waves by an elastic film) to the structural and rheological film parameters.

It has been demonstrated in open-sea experiments with artificial crude oil slicks
spread over the Baltic Sea surface and a buay-like free drifting low-weight acoustic
system that the film parameters can be recovered from the ratio of the scattered signal
low-frequency modulation spectra (with to without films) adopting a theoretical form of
the relative spectrum with terms responsible for the Marangoni damping of wind waves,
their growth, and spatial film homogeneity (i.e., film-filling factor). The latter parameter,
which is wind-speed dependent, plays a principal role in the proper determination of the
film properties derived, whereas a variation of the wind waves growth rate, also affected
by the film presence, is of secondary importance.

The acoustically determined viscoelastic surface properties of a model slick are in
moderate agreement with these simultaneously evaluated “in situ” using a novel film
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sampler-elastometer-Langmuir trough system, and are characteristic of a natural slick
of biogenic origin and/or “weathered” crude oil spills. A discrepancy between the acous-
tically derived and theoretically predicted relative spectra of wind waves is believed to
result from a simplified model of the wind-wave interaction and a very complex form of
fine structures of “real” wind-generated surfaces (parasitic, instability waves known as
“cat’s paws”), which may not express itself correctly in the signatures of the “specular
point” scattering applicable to ultrasounds. The elastic properties of composite sea sur-
faces likely to be found in polluted coastal waters and consisting of oil spills filled with
a surface-active material, floating solid particles (dust), gas bubbles, or drops of a third
fluid with their important implications in remote sensing techniques are also discussed.

The statistics of the scattered signal fluctuations are approximated by expanding
the Gaussian function into a Gram-Charlier series, taking into consideration statistical
moments up to the fourth one. Evolution of the shape, skewness, and kurtosis of the
signal distribution reflects an important role played by the film elasticity. Simultaneous
analyses of all the statistical parameters could be a starting point for determining the
fraction weight of the given spill-forming substance its layer thickness, and finally a
form of the pollutant (monolayer, thick layer, or individual dispersed spots). The system
allows the passage of the edge of the oil spill to be detected, and can provide significantly
better resolution in the study of small spatial-scale air-sea interaction processes taking
place at the sea surface than radar, and may be more convenient to operate in long-term
continuzous monitoring and less costly to use.

fin] ENCYCLOPEDIA OF ENVIRONMENTAL CONTROL TECHNOLOGY, P. Cheremisinoff [Ed.],
Vol. 9, Geotechnical Applications Leak Detection, Treatment Options, Chapter 15, Gulf Publishing
Company, Houston 1995, pp. 485-538.
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Acoustical spectroscopy of cyclic and heterocyclic compounds, ketones and polluted
water surface

Doctor Thesis (Dissertation 1997)

by BoGguMit, BOLESLAW, JULIUSZ LINDE
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THE CONTENTS OF THE THESIS

The subject of this thesis was the research of ultrasonic waves interaction with liquid
molecules of pure organic compounds, solved in the other ones or spilt on the water
surface.

There were two main aims of this thesis:

1) mainly on the basis of own acoustic investigations however enriched with some
data taken from literature, concerning ultrasound absorption in ketones, cyclic and hete-
recyclic compounds, the author would like to established certain strict relations between
acoustical absorption (a/ f2) rel and the molecules structure of a given liquid, and more-
over to study some pure organic liquids and liquid mixtures with Kneser relaxation;

2} looking for the remote system in order to identify and control the ecological con-
dition of seas as the first step in checking of oil pollution on surface of water.

As a consequence the work was divided into two parts: the first “A” -~ “Acoustic
investigations in cyclic & heterocyclic compounds & their mixtures as well as some
ketones”, and the second “B” - “Amplitude spectrum statistical analysis of the acoustic
wave, reflected from the undulated water surface, for identifying its pollution”.

All resuits of investigations presented in this work are closely related to interactions
of ultrasonic waves and the molecules of liquids,

The results presented in the I-st part of the Thesis has allowed the author to make
following conclusions:

There exists a strict relation between acoustical absorption, in the frequency range
below the Kneser relaxation process, and molecule structure. It closely depends on:
numbers of the groups attached to the benzene or pyridine ring, the size of the group
attached, the kind of the atom in the benzene ring, saturation of the compounds, num-
bers of the vibrational degrees of freedom as well as their distribution. The acoustical
absorption dependence on aromacity and compressibility is rather ambiguous. There is
no special relation between absorption and dipole moment.

The author has found the Kneser acoustical relaxation in six new compounds.

The situation similar to the first case takes place also for the group of compounds in
which an isomeric relaxation is observed. The acoustical absorption depends on the size
of chemical group attached to the ketone group what is connected with the conjugation
of the 'y — C'» bond and increasing of the rotation barrier. This dependence in saturated
ketones is much weaker than in unsaturated ones.

In the mixture of two Kneser liquids of highly-absorbing and low-absorbing abilities,
it has been shown that the energy transfer between two different molecules is more
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probable than between the same. There appear fast T-V and V-V transfers which fastens
the process of molecular deactivation, they shorten the acoustical relaxation time and
decrease the absorption coefficient o/ f2.

Referring to the II-nd part of the Thesis one may conclude that follows:

The measurements of the ratio of the measured spectra D.(f) or the acoustic am-
plitude pattern may enable the nature of the surface film to be characterised. It is of
course difficult to deduce an exact physical and chemical nature of the sea surface films
from the intensity and frequency of this characteristic peak, but it does seem feasible in
principle to characterize surface films by this method. The direct influence of the surface
film should be considered in terms of the chemical structure of the film’s hydrophobic
part of damping surface waves.

The attenuation of a surface wave propagated on the surface of water covered with
an oil film attains values several times higher than those predicted by the classical
hydrodynamic theory for a totally clean surface. The attenuation reaches its maximum,
equal 0 Gmax ~ 20my {(immo-bile), at low surface pressure. The maximum position is
consistent with the prediction of the Dorrestein theory, however, it is lower and broader,
due to the significant effect of viscosity. When the thickness of the film approaches or
exceeds the generally assumed value which determines the depth of penetration of the
undulatory motion d ~ X3/2, the values of the coefficient tend to approach the Stokes’
expression a,, exceeding it only by several per cent.

The observed instances of departure of a from the theoretical value are probably
caused by the short distance between interfacial surfaces and the excessive viscosity
of heavier fractions of crude oil, which leads to the unfulfilment of the applicability
condition of the Stokes’ approximation for an ideal liquid.

The stabilizing properties of the water surface covered with a monolayer of crude
oil derivative and under the influence of an air stream depend on the type of derivative
and surface concentration. A decisive role in the stabilisation process is being played by
expansion surface elasticity £4 of the monolayer. For strictly defined values of surface
concentrations of the mono-layers of the investigated substances, the stabilisation of flow
on the surface attaing a maximum vahie.

Surface concentrations of monolayer, for which a maximum of surface capillary wave
attenuation is observed, are very close to the values predicted by the theory for the
maximum stabilisation. The agreement in the range of 30-55% indicates a close depen-
dence between the process of wave energy dissipation and their formation under the
influence of the air stream on the surface. The process is different for varicus viscoelastic
properties.

The observed differences between both values of I' results from a simplified and
idealised model of the effect of the air stream on the liquid surface. The threshold air
stream velocity capable of generating waves on the water surface covered by a monolayer
of crude il derivative is increased by a factor of about 18, while for the maximum
achieved surface concentrations - by a factor of 5-7.5.

As far as the registration of the water pollution is concerned an acoustic high-fre-
quency, surface scattering system consisting of the directional transducers of a narrow
transmitting characteristic, is suitable to investigate the surface changes of an undulated
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water caused by the presence of an oil substance layer. The statistical parameters of the
echo peak value distribution from the rough water surface covered with the layer are
markedly different from those for a clean surface. The changes of the parameters are of
the order of several dozen percent for the normalized mean amplitude and fluctuation
coefficient and the other parameters change by a larger factor, thus being more sensitive
to the gurface contamination.

On the basis of the results provided in natural condition (even open gea measure-
ments) carried out by means of free-floating (buoy-like) acoustic system all the laboratory
observations presented here, as well as in many other our papers, were confirmed. Such
an analysis of statistical properties of the acoustic field scattered at a rough surface can
be a suggestion of a new, contactless method of remote sensing of surface pollution of
natural water with oil substances.
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The aim of the thesis is the numerical analysis of the finite amplitude wave prop-
agation in water. Following the description of the problem itself the physical model is
presented and then the mathematical one. Further existing analytical solutions are dis-
cussed. The mathematical model is built on the basis of the KZK equation that describes
the changes in acoustic pressure along the sound beam. Basing on the assumption that
the wave source is circular and the amplitude of harmonic piston distribution is only a
function of its radius the problem is considered as an axial symmetric one. The numerical
methods must be used to solve the problem. Therefore usefulness of the choice of numer-
ical methods is analysed. To solve this problem harmonic analysis, finite-elemnent method
and finite-difference method are applied. All these methods are described in detail. Qwn
computer programs are worked out on the basis of obtained algorithms. Accuracy, con-
vergence, influence of values of physical parameters such as for example nonlinearity
parameter or dissipation coefficient of the medium and the fundamental wave distri-
bution on the source (rectangular, polynomial and some different distributions which
adequately simulate the real distribution on the source} have been investigated numer-
ically. The calculations were carried out for different values of physical parameters and
different values of parameters, which have influence on discrete model. The wave distor-
tion and harmonic amplitudes evaluation as a function of the distance from the source
on the beam axis and along the sound beam are studied. Moreover the average acoustic
pressure on the receiving transducer is considered. The results of numerical calculations
are compared with experimental ones.
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The work is devoted to theoretical and experimental study of the Fresnel region of
ultrasonically diffracted light. However some more general considerations are introduced
yet the main interest is focused on the case of plane monochromatic light wave diffrac-
tion, incidenting normally a plane sinusocidal sound beam, propagating in transparent,
uniform and isotropic medium (distilled water). The Thesis constitutes an attempt at
analysis and recapitulation of nowadays state of the near field examinations as well as
the experimental verification of the main theories describing the phenomenon of light
diffraction by ultrasonic waves. In particular, the so called additional optical phase shifts
(namely: initial phase shift and v-dependent phase shift}, discovered and described in
1994 by P. Kwiek (Gdafisk University, Poland) and R. Reibold (PTB, Braunschweig,
Germany), are under consideration and their influence over the secondary interference
planes displacement is discussed.

Moreover, it is shown that while taking into account the complex character of the
diffracted light amplitudes one can perfectly explain all the effects that, previously,
have been attributed to the existence of phase-amplitude diffraction grating. Besides, a
comparison is done of the results of the near field diffraction theory, given in 1976 by
B.D. Cook with the ones making use of NOA method, proposed in 1987 by E. Blomme.
The same, hitherto existing opinions have been revised, concerning B.D. Cook’s theory
correctness, by indicating limited range of its applicability.

It was also shown, that within the Klein-Cook parameter range under consideration,
j.e. 0 < Q < 2.5, there were no appreciable discrepancy between experimental data and
the ones obtained by means of NOA method. Thus, no doubt that, at any rate within
this range of the Klein-Cook parameter values, the NOA method is really powerful tool
which provides us an excellent description of ultrasonic light diffraction phenomenon.
Besides, it can be easily adopted for numerical calculations which, at least theoretically,
can be carried on with unrestricted accuracy.
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However, one should keep in mind that NOA method is in fact an approximative
one and that at present there are no explicit and unequivocal opinion ¢oncerning the
range of its validity. The experimental part of the work comprised near field measure-
ments based on three independent techniques: (i) direct one — with light detector placed
immediately within the Fresnel region of diffracted light, (ii) by means of an additional
lens, transforming the exit plane from the sound wave to the image plane containing
photodetector, and finally (iii) the one based on the so called single photon counting
technigue.

The experimental setup ‘was fully automatized and controlled by a PC computer
via GPIB/IEEEA488 interface. Adequate configuration of the apparatus used enabled the
author to obtain 5% accuracy of the time-dependent near field light intensity distribution
measurements. It is worth noting that similar or analogical quantitative results have not
been mentioned so far.

The Thesis consists of 7 chapters and introduction describing the historical back-
ground of the acousto-optics roots and evolution, giving one also a wide bibliographical
review. Chapter I defines the basic notions which are commonly used to describe the
phenomenon of light diffraction by ultrasonic waves. It also includes a short characteriza-
tion of the so called self-imaging phenomenon. In Chapter II a procedure is introduced
starting from Maxwell equations and leading to the Raman-Nath equations systen:,
while Chapter III reveals different methods usually used to find solutions to these equa-
tions. Chapter IV gives the detailed description of the Fresnel region of light diffracted
by ultrasound. In succeeding subsections several diffraction cases are analyzed and pe-
riodical character of the near field is discussed. Besides, a sound field reconstruction
procedure is mentioned, based on the information contained in the Fresnel region of
ultrasonically diffracted light. In Chapter V the so called finite amplitude effects are dis-
cussed. Thanks to detailed analysis of considerations presented in this chapter, suitable
experimental conditions were found, justifying the negligence of the mentioned nonlinear
effects influence over the carried measurements results. Chapter VI contains the detailed
experimental setup description, presents the results obtained as well their discussion and
comparison with appropriate theoretical predictions. Chapter VII comprises conclusions
and final remarks.
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The aim of this thesis was a theoretical and experimental study of the surface acoustic
wave (SAW) propagation in selected phthalocyanine thin layers from the point of view
of their application in toxic gas sensors. The thickness of all the investigated layers was
much smaller than SAW wavelength (h < A). This is a case of small perturbations in the
SAW propagation on account of the thin layer placed on a piezoelectric crystal surface.

The theoretical study was based on Auld’s perturbation theory using the notion
of surface impedance. In the work the influence of the mechanical and the electrical
properties (conductivity, diffusion constant and electrical permittivity) of thin semicon-
ducting layers for SAW propagation in a piezoelectric crystal was applied. It has been
shown that for SAW propagation the main influence is exerted by slight changes of
the surface mass loading and surface conductivity of thin phthalocyanine layers. These
two phenomena (i.e. mass and electric loading of the crystal} are the base for designing
toxic gas sensors in low-range concentrations with the use of sensitive organic layers (for
instance various metalophthalocyanine complexes). The electric effect results from the
interaction of the electric field associated with SAW with mobile charge carriers in the
phthalocyanine layer. It has been found that there is a strong frequency dependence of
the conductivity of thin phthalocyanine films. This phenomenon facilitated the acousto-
electric effect between the SAW electric field and the mobile charge carriers in thin films.
The strong frequency dependence of the conductivity of thin phthalocyanine layers has
been confirmed by direct electrical measurements using a Tesla VHF Bridge.

The sensor properties of various thin phthalocyanine films have been tested with use
of the well-known experimental set of dual-delay lines. On a piezoelectric substrate (i.e.
LiNbOj3 Y-Z) two identical circuits are formed to facilitate the propagation of the surface
wave excited by means of interdigital transducers. Next, by sublimation in a vacuum in
one of the paths a thin layer of metalophthalocyanine is formed. The free path of the
crystal serves as a reference, permitting easy measurements of the arisen difference of
frequencies. Five types of phthalocyanines (PbPc, CuPc, FePc, NiPc and HsPc¢) have
been examined at various concentrations of toxic gases (NO2, SOz, CHy and NH;z). The
best results have been achieved for the PbPc and NO, low concentrations (below 1 ppm
in air at 70°C). The gases were batched with the use of mass flow controllers.

From the physical point of view it is essential that the influence of each above men-
tioned effect {mass and electrical) should be considered apart from its reaction to the
interaction of the layer with gas. For this purpose a special experiment with a lot of mea-
surements has been carried out. The very thin aluminium layer left in one of the acoustic
paths reduced the electric potential associated with SAW to zero. The cbtained results
confirmed the theoretical study in the quality range. It also determined the approximate
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mobility of the charge carriers in thin layers. For all the investigated phthalocyanine
films the obtained values were in good agreement with other methods for amorphous
structures dealt with in literature.
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