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PROFESSOR DR HAB. JANUSZ KACPROWSKI

Polish acousticians suffered a great loss on January 23, 1993, the date of death of
Professor Janusz Kacprowski, who passed away after a lengthy and grave disease at
the age of 76. The entire professional life of prof. Kacprowski was connected with
acoustics: a student of the Electrical Department of the Warsaw Technological
University before the war in 1939, he continued his education at the underground
courses during the German occupation in Warsaw to obtain the M.Sc. degree right
after the war in 1945.

He started his professional career in the Telecommunication Institute in Warsaw
doing the technological and scientific research on electroacoustics; he made con-
siderable contributions to the telephonometric speech measurement technique by
preparing original telephone set quality standards and the “artificial ear” standard,
henceforth generally accepted by the Polish industry. He was also the constructor of
a talking clock. At the same time he was teaching electroacoustics at the Warsaw
Technological University an adviced numerous students preparing their
M.Sc.-dissertations. His two books on electroacoustics werefor several years the
fundamental handbooks for students specializing in acoustics. In that period prof.
Kacprowski defended his Ph.D-thesis in the field of electroacoustics and was
nominated a “docent” after the usual habilitation procedure.
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In 1952 moved to the Polish Academy of Sciences, first to the Vibration Research
Department and then, at the beginning of 1953, he became one of the organizers of
the newly created Institute of Fundamental Technological Research of the P.A.S.
Under his guidance, the electroacoustic laboratory was transformed to the Cybernetic
Acoustics Department of the IFTR dealing mainly with various problems of speech
acoustics and certain aspects of noise measurement techniques. Remarkable results of
his research brought him the title of a full professor and several scientific awards and
state decorations. In the period of more than 30 years of his activity in the Institute,
concluding with his retirement in 1987, he succeeded in making his department one of
the leading and internationally recognized research groups in the field of acoustics
and electroacoustics.

Let us mention some of the most important results of prof. Kacprowski’s
extensive scientific activity:

® Original four-terminal theory of electro-mechano-acoustics transducers serving
as a basis for improved capacitive measurement microphons;

® Extension of the theoretical foundations of the noise level measurements;

® Complex theoretical and experimental investigations on the speech analysis and
synthesis aimed at

a) Establishing of the acoustic structure of Polish speech,

b) Optimization of wave-guide transmission lines;

c¢) Development of the man-machine communication systems;

d) Digital coding of the speech signal.

Prof. Kacprowski’s results concerning the speech analysis and synthesis were also
used in medicine for improving the methods of phonetic diagnosis and rehabilitation
methods.

Prof. Kacprowski was also active in the field of organization of Polish science: he
was one of the founders of the Polish Acoustical Society also Archives of Acoustics,
thus contributing to the general development of Polish acoustics. We are sure that
a large number of his students and co-workers will continue and develop his original
ideas and concepts.

His death is a particularly painful event for all of us — the large group of people
who used his friendly and valuable advice and collaborated with him in the Polish
Academy of Sciences during the last four decades.

Ignacy Malecki
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A new method of speech signal encoding and decoding is the subject of the presented
research project. This method may find applications in the field of telecommunications (for
telephone or radio transmission) as well as in the field of speech synthesis. The concept of the
method is based on the extraction and transmission of such time parameters as the intervals
between the subsequent speech signal zero-crossings and the amplitude of the signal in these
intervals as well as on the subsequent speech signal’s reconstruction based on the given
parameters and knowledge derived from the analysis of speech. The system is composed of
two main processes: the extraction and encoding of the transmission parameters and the
original speech signal reconstruction (resynthesis). The method makes it possible ot decrease
the transmission rate about 10 times, as compared to the original speech signal. The results
prove that the synthesized speech signal quality, when the new method is used, may be better
than the one obtained by the use of other vocoder methods. The method’s low cost and
a relatively simple hardware system developed for the parameters’ extraction and for the
reconstruction of the speech signal are the most important advantages of the described
method.

1. Introduction

1.1. Presentation

The switching to digital processing, encoding and transmission circuits and
systems began as early as in the beginning of the sixties when the first system of the
encoded information transmission was presented. The information was passed with
the decreased error rate as well as the transmission rate.

The interest and demand of efficient coding methods and speech signal trans-
mission rate compression as well as the transmission quality estimation grew
along with the progress and development of the new speech signal coding for
teletransmission purposes [1, 2, 3, 5, 6, 7, 11, 12, 13, 18, 29]. As compared
to the analog information transmission, the digital method has a number of
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advantages including the possibilities of detecting and correcting errors and also
better distortion protection.

Digital speech signal transmission systems are divided into two categories:

1) Waveform encoding systems,

2) Particular speech signal parameters encoding systems.
The latter are called vocoders or source coders [23].

1.2. The concept of the speech signal transmission rate compression method
based on time parameters coding

The two categories of coding described in Section 1.1. were applied in digital
teletransmission systemes. Both methods are included in the international recommen-
dation CCITT, the pulsecode modulation (PCM) at the bit rate of 64 Kbit/s as well as
the adapted differential PCM at the rate of 32 Kbit/s.

Intensive research is being carried out in order to develop relatively little
complicated vocoder systems which have a transmission rate less than 16 Kbit/s. At
the same time the aim is to preserve the processed signal’s quality as similar to the one
achieved by using PCM or ADPCM methods. The solution to this problem is being
searched in the parametric encoding method. The parametric encoding method
bound with the speech signal information volume (transmission rate) compression
consists in isolating from speech signal certain parameters that describe its amplitude
variations and the component frequencies of the spectrum as well as the transmission
of these parameters actual values to the receiver by a telecommunication channel
instead of the original speech signal. The parameters isolated from the speech signal
usually form slow changing courses; hence for their transmission a channel of a much
lower bit rate may be used than the one which transmits the original signal. This is the
method that is used in encoding, transmission and decoding in vocoder technology [1,
2,8,9, 25].

The known methods of parametric coding, i.e., speech signal transmission rate
compression based on harmonic spectral-band formant and linear predicted coding
methods, make it possible to achieve a speech signal transmission rate of the range
from 4.8 Kbit/s to 1 Kbit/s. The concept of a new speech signal transmission rate
compression is based on the zero crossing analysis (ZCA). There are two main
premises for this concept:

1) Theoretical, described, among others, in the publication by Locan [15] and
Baszrura [4] as well as in publications by other authors concerning the
possibility of reconstructing (with a certain inaccuracy) a limited bandwidth
signal on the basis of knowledge about zero crossings,

2) Practical, resulting from the fact that the parameters based on ZCA and
describing linguistic differences of linguistic units as well as their particular
features in automatic voice and speech recognition processs are the parameters
of similar discrimination power to other — more complex parameters as
spectral and predictive ones [4, 10].
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The substance of the time vocoder’s concept, i.e., speech signal transmission rate
compression based on time parameters encoding, is the asynchronical isolation of
such basic parameters as lengths of subsequent intervals between the zero-crossings I,
and amplitudes of courses in these intervals 4, form the digital signal. These two
parameters are transmitted by a telecommunication link to a receiver where the signal
is resynthesized (reconstructed) basing on the received sequences {I,, 4,}. They may
be additionally quantized, what makes it possible to diminish the information
volume. These data are supplemented by the information obtained during prelimina-
ry research and analyses residing in the resynthesis circuit’s memory. This allows to
recreate the input (to the receiver) speech signal U, as the signal U; corresponding
very well with the input signal. The method efficiency estimation criterion is, above
all, the relation between signal transmission rate compression rate and the output
signal quality estimation Uj. The resynthesized signal estimation comprises a subjec-
tive estimation (including intelligibility, the transmission of individual features and
the quality of sound) and objective estimation [2, 11, 12, 13, 28].

The planned research had the following purposes:

1) the statistical (for stationary segments of speech) and deterministic (for each
of the Polish speech phonemes) data elaboration regarding the values of:
time intervals resolution between zero-crossings of the speech signal I,, the
values and probabilities of occurrence of A4, amplitudes in these intervals,

2) the determination of the possibility of scalar or vector quantization for {4, I}
allowing further transmission rate compression,

3) the design of the digital simulation model of a vocoder,

4) carrying out research concerning subjective distinctness and intelligibility in
order to set a selection of optimal parameters and the estimation of the
vocoder’s quality, '

5) carrying out tests on objective compatibilities of the input signal U, and the
resynthesized signal Uj,

6) determining the vocoder’s primary parameters and presenting the concept of
the method’s implementation possibilities.

2. Methods and systems of digital speech signal encoding

2.1. Presentation

All wave from encoding devices and digital vocoders have one feature in common,
ie., analog-to-digital and digital-to-analog processing application. It has to be
admitted that all imperfections introduced by these converters may reduce significan-
tly the benefits of digital speech signal processing. The importance of selecting the
converters’ properties is motivated by a few factors:

* too high quality of the converter increases costs and may result in useless engaging
of the computing capacity during further steps of signal processing,
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» the measured decrease (increase) of quality (objective) might to correspond with
the decrease (increase) of the individually perceived quality.

2.2. Waveform encoding

DM and PCM are the most common methods of waveform encoding. Pulse-code
modulation is based on the fact that each sample is transmitted by means of the code
created form the group of impulses (Fig. 1.). The advantage of this encoding method
is a high distortion resistance rate, its disadvantage, though, is a relatively big
information volume of the encoded form of the speech signal. The sample frequency
Sor 22 f,, where f, — maximum transmission frequency. Usually f; = 4 kHz is
assumed according to the telephone transmission bandwidth.

=y

transmission rate [kbit/s]

speech transmission quality [SOS]

Fig. 1. The different parameters of speech coding methods.

The Delta Modulation (DM) is a way of encoding where the difference of levels
between two samples is expressed digitally. The main advantage of this way of
processing is an extremely simple circuit realisation but PCM converters do not have
to have logical ciruits generating subsequent approximations, amplifying or samp-
led-data-memorizing filters, introductory amplifiers and other high precision ele-
ments [20].

In differential pulse-code modulation (DPCM) the signal increments during A¢
intervals between samples as well as their signs are given. In adapted delta modulation
the increment’s value increases or decreases depending on the signal’s changes.
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Table 1. The parameters of the selected digital speech signal encoding systems

Speech signal Tran:::ission Signrft/_:’oise
encoding method
R [Kbit/.s] [4B]
Waveform encoding
Linear pulse-code modulation (PCM) 128 43
Logarithmic pulse-code modulation 56 29
Linear-logarithmic pulse-code modulation 32 29
Linear Delta Modulation (DM) 56 21
Adapted Delta modulation (ADM) 2416 18
Parametric encoding
Transmission word
Encoding method rate intelligibility
[K bit/s] [%]
Spectral-band encoding 48—-42 92
Orthogonal (harmonic) encoding 24 86
formant encoding 1.2 80
predicted encoding 48-12 88

2.3. Parametric coding — vocoders

Parametric encoding is bound with speech signal information companding. This
consists in isolating from the speech signal certain parameters describing its amplitude
changes as well as the spectrum component frequencies and the transmission of their
instantaneous values (in an analog or digital way) by a telecommunication channel
instead of a proper speech signal. The parameters isolated from the signal form
slow-changing courses; therefore, for their transmission a channel of information
volume less than for the proper speech signal transmission may be used. The speech
signal at the receiver is subject to reconstruction to the shape approximate to the
primary one, therefore it may be assumed that its volume was subject to compression
and then — to expansion. At present the following methods of speech signal
parametric encoding are known: band spectral (or: band-channel) and harmonic
encoding, formant predictive encoding and a few mixed methods developed from
them like Parcor [14, 21]. All types of vocoders mentioned above are characterized by
the following disadvantages limiting so far their range of application.

These are:

a) the complexity of encoding and decoding procedures which causes the high

cost of emitting and receiving devices,

b) usually non-natural quality of sound,

c) lack of transmission of the individual voice features which results in the fact

that the collocutor cannot be recognized by his voice.
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Figure 1 shows the dependence of the transmission rate and the speech transmis-
sion quality expressed in the listeners’ scale of five grades (SOS) from the encoding
methods [23]. At present the most developed and preferred vocoders are those based
on linear predictive coding. As compared to others, they have many advantages,
nevertheless they require special complex processors LPC working in the real time. In
spite of the differences, all of the parametric coding methods show many common
features. For example, all of them are based on the phonetic-acoustic speech signal
microstructure analysis and the isolation of those parameters which describe
univocally this microstructure.

The time vocoder has the advantages of waveform encoding methods such as
PCM (pulse-code modulation), ADPCM (adapted pulse-code modulation), DM
(delta modulation) or ADDM (adapted delta modulation) and at the same time it can
ensure a signal information volume compression comparable to those of LPC
vocoders. On the ground of the time structured information transmission, the
individual pronounciation character is preserved, which is an important element in
human intercommunication.

3. Transmission rate compression based on the analysis of time parameters

3.1. Presentation

The concept of the new parametric encoding method, outlined in Section 1.2. of
this publication can, be illustrated scbematically as it is in the Fig. 2 where the block

aj
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i ol R D/A o Ll

Fig. 2. The block scheme illustrating the conception of the speech signal transmission rate compression
method based on coding of the time parameters. W - amplifier, F — filter, NL — line driver, OL — line
receiver, R - resynthesis.



SPEECH SIGNAL TRANSMISSION 11

scheme of the vocoder system based on the analysis of time parameters shown. The
system encloses the transmitter unit (N) and the receiver (O) unit linked by the digital
telecommunication line (K7).

The isolation of the numerical values’ sequence of two quantities, i.e., the time
intervals’ length between the subsequent speech signal’s zero-crossings (/,) and the
amplitudes in these intervals (4,) from the time course is made in the transmitter unit
(the analyzer). The pair of these numbers: the interval (I,) and the amplitude (4,) are
transmitted to the receiver (the synthesizer) where to each interval (Z,) and amplitude
(A4,) the course of the actual values is assigned (Fig. 3). The information of the course’s
shape comes from the signal’s statistical and deterministic analyses of Polish speech.

ure)

Fig. 3. The basic speech signal’s time parameters /,, 4,.

3.1.1. The transmitter unit — the analyzer

The analyzer (Fig. 4) comprises: an amplifier, analog-to-digital converter with
sampling parameters set to /,, =10 kHz and dynamics D (D described on 10— 12 bits
per sample). These are the minimal typical processing parameters A/D for the speech
signal as well as for the time intervals extractor, the amplitude and the line transmitter.

urt)

O w A/D I (5. A}

NL

Fig 4. The transmitter part’s structure - the analyzer. W amplifier, £ - - extractor, NL — line driver.
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3.1.2. The receiver unit — the synthesizer

The synthesizer (Fig. 5) comprises: the line receiver, the resynthesizer system, the
actual courses shapes’ memory (or the processor computing current values of U,(f)
— the rule of synthesis) as well as the D/A converter the parameters of which are
compatible with the A/D converter in the analyzer plus the output system.

urt)

[ﬁ&lq_.. oL ¥ D/A w

Fig. 5. The receiver part’s structure — the syntheziser. OL line receiver, R — resynthesizer,
M — memory of the shape, W — amplifier.

The method of compression outlined above can be realized by using a universal
computer with analog input and output (see Chapter 4) or by a hardware system of
transmitter and receiver. The compression method described here comprises the
general idea and one of the ways of the transmission realization having a significant
transmission rate compression. There are some possible modifications to this method
that should be examined, e.g., the possibility of transmitting the interval’s values I,
alone from the transmitter to the receiver. The 4, values would then be assigned
automatically in the receiver on the basis of previously gained data and rules obtained
from statistical and deterministic analyses (the correlation 4,=f(J,) etc.).

3.2. Zero-crossing analysis

The premises resulting from zero-crossing analysis form the theoretical base for
the new transmission rate compression method based on time parameters. The
zero-crossing analysis of the speech signal is based on the basic thesis that the
distribution of the zero crossings contains a sufficient volume of information about
the signal [4, 10]. One of the first operations on the speech signal in the range of time
was the reduction of the amplitude. This reduction led in consequence, to the
reduction of the speech signal to a rectangular waveform which could be standardized
to +1, 0 or to 0, —1. The speech transmitted by such a standardized signal is
intelligible although its sound is unpleasant to listeners. According to LoGan [15],
a signal
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U(t)=1z(t)+ cos Ft, 3.1

where z(f) is a bandlimited signal (—f;, f) and 0 <f<F<co and at the same time it
fulfils the conditions of the inequality (3.2), can be reproduced if

(—1Y UKT/F)>0, (3.2)
and

l2()] < 1.

The zeros within the time interval 1— T and 7+ T make it possible to reproduce U(?)
with a relative error less than

p kel § o g (3.3)

where A=f—F.

Consequently, the problem of the zero crossing analysis of the speech signal and
of extraction arises. A function for zero crossing can be defined as in BAszTurA’s
publication [4]. Let U(f) be the speech signal’s time course. For this course (Fig. 6)
a function for zero-crossing p(U.,f) can be defined in the following way:

Y, zero crossing
if leJ,f):F
: |
|
Al —— — — % |
At | ‘ A,
A 2 I
I
i~ - a1 SO
[ P T t
| .
i |
||
a0 ssmend do B
2
b I I, I : I;
|
Fig. 6. The speech signal’s zero crossings.
1 if U(t) fulfilling the conditions
PUD =] of the inequalities (3.5) exists (.4)
0 otherwise
U(®) U(t—1)<0
[U@0)] 2 e, |Ut—41)| <a} (3.5
U(f)<a, for t<t<t+ At
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where:

o — describes a certain threshold value (z <0) protecting from occurrence of any
additional zero-crossing caused by distortions, 4¢ — the displacement of a ze-
ro-crossing position resulting from the fact that « # 0.

Zero-crossing analysis makes it possible to isolate a few parameters characterizing the
speech signal with defined precision. These are, among others, the current zero
crossing density p(f) and the average zero-crossing density within the segment T:

I
Py = T (3.6)

where: / — number of points within the segment T with p(U.f) = 1 or the time
intervals distribution between subsequent zero crossings R(¢) [4].

I
R(t) = Z or—1), (3.7

where: 6(r) —delta function j=1,2,...,/— the point on the axis of time with p(U,f)=1.

The time intervals (in practice they are surveyed as a number of samples of the
discrete form of the signal U(n)) carry the most part of information that allow the
reconstruction of the speech signal. The completion of this information with the value
of amplitude A4, associated with the interval [, allows further approximation of the
reconstructed signal to the original one.

3.3. Deterministic speech signal analysis of time parameters

The speech signal is one of the most complex signals in the group of acoustic
signals. The basic value in the perception process of news carried by sound is the
function of particular sound elements and, subsequently, of a set of features or
parameters characterizing univocally these segments. It is known from phonetics that
a phoneme is the basic semantic unit [4]. From the linguistic point of view a phoneme
as the basic semantic unit has such characteristics that if one phoneme in a given word
is replaced by another one, the meaning of the word may change. Phonemes are “the
atoms” or, — in other words, the components of speech; therefore, any utterance
pronounced may be expressed as a chain of phonemes. This implies the necessity of
examining and analysing these individual components of Polish speech. It has to be
observed that in spite of the fact that phonemes make up 37 classes in Polish speech,
they show a significant differentiation within each of those classes. The reasons for
that are the following:

a) the differences between the class subjects,

b) the differences inside the subjects,

c) the context differentiation (phonemes’ context representations, i.e., allophones).

These differences constitute a significant problem when creating a relatively
simple model of signal parametrization not only in vocoder technology but also in
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broadly viewed research in the range of speech analysis and recognition [4]. The
results of observation quasi-stationary causes of phonemes make it possible to
assume the elementary dependences 4,=/(I,) (possibly corrected on the basis of
statistical research). They also allow for both the choice of shapes of time envelopes of
the amplitudes for the intervals U, and the introductory quantization of the values 4,,
I, (and possibly the shapes) in order to minimize the transmission rate.

3.4. Statistical analysis of the signal for time parameters

In order to settle the best coding parameters I, and 4, as well as the synthesiser’s
analytical data, a statistical analysis of time intervals between subsequent zero-crossings
I, was carried out. The dependences between the amplitudes 4, and the length of
interval I, were settled expressing the probability function P(4,) for the given interval
I,. The average course of U, was estimated (the amplitude’s time envelope) for the n®
interval along with the standard deviation for each particular time sample. The data
obtained from a statistically representative sound material sample for the Polish speech
made it possible to settle the most probable amplitudes and provided information on
the distributions of the shape of statistical envelopes (standard deviations for samples).
The analysis of statistical dependences runs according to the following algorithm: for
a sound material of total time #> | min [4] all intervals of the same length are chosen
and grouped together (the length of interval is for a given sampling frequency measured
by the number of samples). For each sample k in an interval of a given length (for
example K= 12 samples which for f;, =10 kHz, corresponds to [,=1.2 ms) an average
value of the amplitude is calculated according to the following formula:

g Dt
U; e A_szzl bk,ms (38)

where: m=1,2,...,M; M — number of intervals of length k.

This means that from the whole collection of speech signal test samples the
sub-sequences having the same length of k-samples are chosen and their average value
is calculated. Following calculations, the vector of average amplitude values is
obtained for each of the interval’s length:

U.;. o { U;.ls U.l:.b e 1U;,K}! (3'9)
where:
l M
Uix =— s 3.1
ix= 37 2 U (.10

The standard deviation indicates the statistical dispersion of the values U, x resulting
from the differences mentioned above:

1 " ;
Ok = M_-T[,Z__, Uxk—M U,{l. (3.11)
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3.6. The speech signal’s resynthesis

The speech signal’s resynthesis realized in a contractual “receiver” of the time
vocoder (see Fig. 5) runs simultaneously with the sequel of samples from a generator
set to the analyzer’s sampling frequency (f,,). The line receiver with a memory buffer
with compensates the asynchroneity resulting from the fact that the portions of data
{I,, A,} or the number indicating the vector representing the pair {/,, 4,} measured in
the analyzer is transmitted in constant time distances while their usage in time (either
the numbers or the vector) depends on the value of I, (the interval’s length). This
makes it necessary to store the data (A4, [,) and allow for a slight delay of
transmissoin, which should not exceed 100 ms and should not have any influence on
the quality of transmission. The synthesiser’s memory contains the information, the
envelope shape calculation program which would also make up these values
alternating their sign as well as the reconstructed signal’s output through the channel
of the analog-to-digital converter and the output system. Depending on the accepted
option of resynthesis, the following data may be present in the memory:

a) the data concerning the most probable values of amplitudes (in this case it is
possible to transmit only the values of I,),

b) the shape or a few settled shapes of U, related to the ranges of length of the
intervals I,

4. Estimation of the parameters of the time vocoder

4.1. Presentation

The concept of asynchronic coding of time parameters and their analysis became
the base for the functional design of the model of the functional vocoder based on an
all-purpose computer hardware with acoustic input and output and specially designed
software realizing not only the estimation of the time parameters but also the time
vocoder’s simulation of operation. Therefore the universal option was accepted; this
allowed for the realization of the analysis research program and for the time
vocoder’s simulation of operation along with the elements of its testing and
transmission quality estimation.

4.2. Research hardware

For research purposes computer hardware was utilized making it possible,
owing to the software, to settle the data for analysis and the parameters of the
time vocoder. The indispensable completion to the hardware were the following
(Fig. 7):

a) an analog acoustic input/output system (a microphone, amplifiers, low pass

filters, a loudspeaker) ordered at ZAIPSA ITA, the workshop of the Technical

University of Wroclaw,
b) analog-to-digital and digital-to-analog converters’ card CONVERT of the

TAD-01 type along with the software for the preliminary working registration
and for the speech signal’s output,
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Fig. 7. The block scheme of the acoustic input and output. W — amplifier, F — filter.

c) the software for the algorithm of the analysis “WOKANAL”,
d) the software realizing functions of the time vocoder “WOKCZAS".

4.3. Acoustic input/output system

The acoustic input/output system designed and developed as a part of the research
program along with the A/D and D/A card is an indispensable linker between the
analog and digital speech signal’s structure. A block scheme of input and output
systems cooperating with the A/D and D/A converter’s card type TAD-01 placed on
the computer’s main card is shown in Fig. 7. The input system is composed of
a directional microphone (M), an input amplifier, a low pass filter (F), an amplitude
limiter, a registration measuring machine with an indicator. The output system is
composed of a low pass filter, a tape recording amplifier, an output power amplifier
with a loudspeaker. Since the sampling frequency f,, =10 kHz was assumed a priori,
the analyzed speech signal baseband practically does not exceed 4.0 kHz. The
developed systems ensure the speech signal’s transmission without any distortion
wsithin the frequency band limited by the low pass filter (F) from the microphone to
the A/D cord and from the A/D to the loudspeaker.

4.3.1. The A/D and D|A converter’s card and its software

The analog-to-digital A/D and digital-to-analog D/A converters card cooperates
with both: the acoustic input and output system as well as — owing to the library
functions for the Turbo Pascal compiler — the computer’s compiler.
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4.3.2. Software for the statistical and deterministic speech signal analyses — the
“WOKANAL" program

The program “WOKANAL” enables the analysis of isolated words a single list of
up to 100 words based on the survey of the intervals /,, the amplitude A, with their
signs and the calculations of the statistic average values for the amplitudes for each
length of the interval along with the standard deviation. The program makes it
possible to visualize courses, draws the amplitudes distribution chart and traces
statistical images of average-maximal values within the intervals which may be used
for the transmission of the signal with so called artificial amplitude S,.,. Taking into
consideration the fact that the linguistic and individual information is transmitted in
a great degree along with the signal in the described method of compression, there is
no need to do research on the population of statistically reliable speakers. It suffices
to study the chosen group of persons showing no signs of diction or hearing
imperfection. A complete set of tests was carried out for one male voice of correct and
clear diction, checking at the same time the repetition of the results in the chosen
examining points for three different randomly chosen men in the age range of 25—45
years. It was confirmed that the general regularities and conclusions observed for one
voice may be the transmission only of the intervals I, i.e., the signal with the artificial
amplitude. It must be considered that the statistics which allow to determine artificial
amplitudes are the closest to the speaker whose utterances were analized. For other
speakers this part of the observations will not be reliable.

4.3.3. Software for the process of the speech signal’s analysis and resynthesis — the
“WOKCZAS” program

The vocoder’s software (the “WOKCZAS” program) comprises signal analysis in
time, extraction of the intervals 7, and of the amplitudes A,, coding, recording, reading
and the signal’s resynthesis. In the speech signal analysis part (the emitter), the intervals 7,
are isolated and their length is stored. The values and signs of the amplitudes 4, for
subsequent intervals are measured analogically. The program for analysis also comprises
the option of extraction of the interval 7, alone (This was marked as the operation with the
artificial amplitude S..,). In order to ensure the same phase for the “artificial amplitude™
signal and the original signal as well as to assign an amplitude with the correct sign to
a given interval the appropriate sign is encoded using the same bits which are used to store
the interval’s length. The program encloses many options that make it possible to examine
the signals in different scales, to compare the time courses, the signal’s performance
through the loudspeaker; the signals may also be written onto a disk or a tape recorder.

44. Deterministic dependences — length of time intervals’ between zero-crossings and
amplitude

The program “WOKANAL” makes it possible to estimate the deterministic
parameters. The research was carried out on the experimental material of 37 Polish
speech phonemes pronounced in the following way:
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Fig. 8. The original (top) and the reconstructed (bottom) of the “e” wovel — triangular function
approximation.
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Fig. 9. The original (top) and the reconstructed (bottom) of the “m™ consonant — triangular function
approximation.
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amplitude

amplitude

Fig. 10. The original (top) and the reconstructed (bottom) of the “sz” the English equivalent in “sh”
consonant — the triangular function approximation.

* vowels/a, o, u, i, y, e/pronounced in isolation,

* the remaining consonants occuring between vowels ex. aba, aca, ada, afa, etc.

This approach helped make the pronounciation of a consonant more natural and
at the same time to obtain to a certain degree of context dependences. The fragments
of quasi-stationary course segments for the chosen representatives groups of
phonemes’ are shown in Figs. 8, 9 and 10.

4.5. Statistical dependencies between the length of the time intervals
zero-crossings and amplitude

A method of obtaining the statistical dependences A,=f(I,) that are fun-
damental to the settle the most probable amplitudes for a possible vocoder’s
option of the so called artificial amplitude was shown in Section 3.4. The
characteristics 4,, obtained by use of the program “WOKANAL”, for each
intervals length from 1 to 60 samples enable to give an introductory forecast
of overlay forms U, in the resynthesis system. An example of aggregate di-
stribution of maximum-average amplitude values for a list of 100 words is
shown in Fig. 11.
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Fig. 11. The diagram of maximal-average amplitude values for the examined range of intervals. .......
negalive amplitudes, _ positive amplitudes.

4.6. Analysis of courses of shapes between zero-crossings of the speech signal

In order to settle the most representative course shapes of the envelope U,
a group analysis based on the similarity (the distance) criterion should be carried out
and, subsequently, subjective and objective verifications of the similarity degree
(the intelligibility, distinctness and similarity) should be done for the original
and the reconstructed signals. A preliminary analysis of the courses of the U, of the
material of 100 logatoms indicates that the most typical shapes and at the same time
the best approximating the original course are: a triangular function, a sinusoid and
a complex function of a half of the sinusoid and the triangular function (the
assumptions (4.1), (4.2), (4.3)). For a triangular function the envelope U?%(f) has the
following form:

24,41, for 0<t<1,2
UTR(t) = A, jon ¢ for t=1,2 @.1)
24,7 for La<i<l,
and for the complex U%(¢)
UTR SI

where: UTR(k?) as in Eq. (4.1) dependency and
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USI(t) = A, sin ’;—' : @43)

The preliminary version of the vocoder’s synthesizer was programmed according
to the dependences (4.1)—(4.3). For these shapes of U,(¢) several series of measure-
ments were executed according to the transmission quality evaluation criteria
described above.

4.7. The preliminary settling of parameters for speech signal resynthesis

It has be observed when analizing the phonemes’ time courses (single examples in
Figs. 8, 9 and 10) that it is impossible to reconstruct individual phonemes to the same
degree. For example, the efficiency is relatively good for the vowels a, e, i, y, 0, u. For
some consonants the transformation gives worse results, e.g., a sybilant “sz” (the
Polish equivalent for “sh™ — Fig. 10). Figure 12 shows the time course of the
pronouncing of the word “KONSTYTUCJA” (/konstitutgja/ — constitution). When
transmitting a continuous speech or whole sentences pronounced spontaneously,
delay distortions of a certain kind may arise. These distortions are caused by the
necessity of a certain length of the signal buffering in the transmitter (or in the
receiver) as a result of asynchronous extraction of the sequence {I,, 4,} connected
with the variability of /, and, therefore, with the transmitted information’s matter.

amplitude

I
I

pritidag
HHH

l‘.:i“:l!-
it

I;-.l.
(|

Fig. 12. The time courses for the pronounciation of “konstytucja™ (constitution) /konstitutgja/, the first
window from the top — §,, the second one — S,,.
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The delay’s value should exceed slightly the length of the longest interval. It is
assumed that the time of the so-called silence before a plosion of the consonants p, t,
k, g is about 30 — 70 ms. The time, however, between individual words and so-called
pauses resulting from prosodic conditions of pronouncing may be significantly
longer. Therefore it has to be assumed that in conditions of practical implementation
the time of delay should not exceed 100 ms.

Which parameters of the analyser and synthesiser should be considered as
presettled? The basic preliminary data for the time compression are given and
described below:

1. Sampling frequency 10 kHz. It has been confirmed that for the speech
baseband 100—3500 kHz sampling with the frequency of 10 kHz is satisfac-
tory.

2. The threshold level of the A/D converter’s release should be set to the value
between 0.05 and 0.1 of the maximum signal’s amplitude value. For the 12-bit
converter where the number of levels was 2048 (2'') a value between 100 and
200 was assumed.

3. The signal’s beginning retrieval was based on the verification as to whether
a certain number of m samples exceed the threshold level a. It was assumed that
if m=10 samples exceed the threshold level, this point is the beginning of the
signal’s analysis. The value of m and the mode of indication of the beginning as
well as the end is an arbitrary matter from the point of view of the method and
was not subject to any analysis.

4. Three shapes constituted of shape analysis of the envelope of the signal U(n)
assigned to the intervals in the synthesiser irrespective of the value of the
amplitude S,,:

e a triangle,

e a sinusoid,

e average superposition of a sinusoid and a triangle.

The dependences for the shapes mentioned above were described by the
patterns (4.1), (4.2) and (4.3). The results of formal and informal audio
monitoring research showed that “statistically”’ the best quality of sound
for the listeners as well as the best distinctness and intelligibility are
ensured by the complex function of a sinusoid and a triangle. Examples
of the approximation of the vowels “a” and “o” by the three shapes:
a sinusoid, a triangle and a complex function are shown in Figs. 13,
14 and 15.

5. The variability range of values of the intervals I, with amplitudes 4,>0 was
limited from 0.1 to 6 ms. The greater lengths are represented as silence, plosion
distances, etc. This corresponds to the number of samples from 1 to 60 for
Jor=10 kHz.
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4.8. Theoretic evaluation of the speech signal’s compression rate

The speech signal transmission rate compression rate is one of the important
criteria of the vocoders’ evaluation. It is expressed by the number of bits necessary for
the speech signal of the settled frequency band and its dynamic range time unit
registration to the number of bits necessary for the coded speech in the same unit of
the time quotient. Assuming that the variation range of the length of intervals 7, may
be described by the A/D converter’s number of samples and that for the speech signal
in the band of 6F,=3500 Hz and the dynamics D,=30 dB, the information volume
for that signal in the time unit is:

1, = 6F,* D, = 3500 %30 = 105000 bit/s.

This value is equivalent to the required transmission rate. The transmission rate I, of
the time vocoder’s speech signal may be estimated as follows:

In the developed version of a vocoder one second of the original speech signal contains
10000 12-bit samples. Therefore the original speech signal transmission rate is
1,=10000 * 12= 120 000 bit/s. This fulfills the original speech transmission condition
(I,> I.). During 1 second N= 500 time intervals I, occur for the vocoder on the average
(and the same number of amplitudes 4,). Having I, in the range from 1 to 60 samples,
the intervals may be described on 6 bits (2°= 64> 60). The amplitude (with its sign)
may also be coded on 6 bits with a satisfactory precision. Quantization of the
amplitude can diminish this value to 4, for example, (i.e., to 16 amplitude levels 2*=16)
or even to 2 (4 levels). We may assume that 12 bits is enough for the description of the
pair {I,, 4,}. Then the theoretic value of the transmission rate compression is:

A I 120000

S g o Y i

Sk

The estimated value s is related to the full transmission i.e. I,, 4,. In the case of the
transmission of I, alone (the signal with an artificial amplitude), s, may increase to 20.
It has to be assumed that the directions of further research described in Section 6.2. of
this publication will allow for an optimum settlement of the real compression value
for the discussed vocoder.

A practical evaluation of the speech signal compression rate for the time vocoder’s
chosen option will be possible after the construction of the hardware vocoder’s
version and statistical evaluation for continuous speech taking into consideration the
good transmission quality criterion.

5. Test research

5.1. Purpose and methodology of the research

The diversity of transmission quality estimation methods and techniques used for
digital systems for coding and the transmission of information is a great obstacle
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when comparing directly the quality of such systems. It has been decided to consider
the following methods as the estimation criteria for the time vocoder operating
according to the newly-introduced method of transmission rate compression:

A. Subjective measurements:

¢ average logatom distinctness — SWL,
* average word intelligibility — SZW,
B. Objective measurements:
* mean-square difference,
* cross corelation,
* sonographic analysis.
The essential purpose of the research mentioned above was the following:
* the verification of correctness of the preliminary choice of the time parameters’
{4,, 1} range of variability. (see Section 4.7 of this publication).

* the statistical objectivized transmission quality estimation expressed in the
subjective quality scale (SSJ), logatom distinctness (SWL) or word intelligibility
(SZW) as well as in objective measures of the original signal’s S,—{U, (1)}
conformity with the reconstructed signal S,,—{ U,,(t)}.

5.2. Measurements of the time vocoder’s distinctness and intelligibility

The correct sound material assortment for subjective (acoustic) estimation tests is
a problem of particular significance. The assumption that the test material represents
a sound production which is most characteristic of the predicted applications of the
discussed teletransmission system should be the basic rule of the test material’s
assortment [23].

The method of logatom and word lists phonetically and structurally compensated
is one of the recommended test types. Phonemes and succession structures are
determined in agreement with the proportions in natural speech [23]. Another
question in the correct process of subject research is the choice and training of the
audio monitoring staff. According to ISO recommendations [25], a person’s hearing is
correct if its hearing threshold value does not exceed 10 dB for any test frequency less
than 4000 Hz and 15 dB within the band from 4000 Hz to 6000 Hz. It is recommended
that the audio monitoring group be large enough so that the average results do not
change much along with the increase of the group’s population. It has been stated that
such a minimal number of the group’s population is 5 persons of each sex. The mode
of the measurements’ process preceded by an adequate training was consistent with
ISO recommendations [23]. The calculation and the statistical inference modes were
also executed according to the rules of statistical methods. The signal with the original
amplitude was (S,,) subject to the subjective research. The results (in %) of obtained
distinctness and intelligibility along with standard deviations for the approximation
using the complex function are shown in Tables 2 and 3.

The results of intelligibility and distinctness tests indicate a good quality of
transmission of the speech signal with the original amplitude. This means that the
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Table 2. Preliminary distinctness test (SWL) results

The listener S, [%]

1 68

2 62

3 70

4 63

5 62

W, [%] 65
Sgwr [%] 7.48

Table 3. Preliminary results of the intellibility test SZW
and the listener’s subjective evaluation SOS scaled from

Ito$§
Soa
The listener = SOS
(1-3)
1 88 E)
2 90 B
3 89 B
4 93 4.5
5 87 4
SZW [%] 89.4 42
O, w [70] 42 0.89

amplitude information transmission is necessary for a good transmission quality. It is
known from the speech signal’s analysis [4] that this may be slow-changing
information which allows further compression and significant improvement of the
transmission’s quality, close to S,,. The obtained results, the best ones for the
complex function (a triangle and a sinusoid) approximating the amplitude, make it
possible to obtain the transmission’s quality estimated by the listeners (SOS) and
given by the results of the SLW and SWZ measurements as good. The preliminary
subjective measurements were carried out on a representative sound material which,
however, was limited by time consumption. Therefore the obtained results should be
considered as preliminary ones indicating the range for the future implementation of
the method.
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5.3. Objective measurements

The tests of objectivized comparisons of the original signal S, with the reconstruc-
ted signals S,, with the original amplitude were carried out utilizing the following:

a) the mean-square distance,

b) the standardized cross-corelation the cross corelation coefficient

c) the sonographic spectrum evaluation.

a) The mean-square difference. The results of R, for comparisons of the
determined speech signal’s segments are shown in the Table 4. The mean-square
difference is a measure of similarity between the sampled signal courses the original S,

Table 4. The mean-square difference results for the
speech signals’ segments (phonemes) of 25 ms length

No. phonemes R, (S,. S.2)
1 la/ 12277
2 lelf 32204
3 [m [ 31267
B lz] 14232
S /51 62944

and the reconstructed §,,. Owing to the different characteristics of the speech sound
courses, the comparative analysis should be limited to the same phonemes. In Table
4 different values of R, for S,, show different “compatibility” of the signals with the
original amplitude that is sent along with the original signals S,. Not should be made
attention of the dispersion of proportions among the values R, S,, S,,. This results
directly from time structure differences of the phonemes.

b) The cross-correlation. In Table 5 the values of the cross-correlation factor r,,
are shown for the chosen segments of the quasi-stationary signals =25 ms. As in the
case of the mean-square

Table 5. The cross-correlation factor values

No. phonemes P — (S,— 8.0
1 /a/ 0.91
2 /e/ 0.85
3 [/m/ 0.57
4 Fzl 0.88
5 /T 0.18
average 0.88
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difference, a significantly big dispersion of the cross-correlation factor values was
observed for different letters. For the most part the best cross-correlation have the
wovels and the sonant consonants. The worst was obtained for sibilants.

c¢) Sonographic analysis. An example of a speech signal 3-dimensional represen-
tation is shown in Fig. 16 (/riba/ — fish) as a spectrogram of the word “RYBA”. The

f
[Hz]

4250 s.original So ryba [fishl

"

T N T YA AP
s. synthetic g ;

ri speReps

0 05 tis]

Fig. 16. The spectrogrammes of the pronounciation of “Ryba™ (/riba/ — fish) from the top S,, S,,.

sonographic pictures of the signals confirm the pattern similarity of the reconstructed
speech S, (the bottom spectrogram) with S, (the upper spectrogram).
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6. Summary and conclusions

6.1. Summary

The application of specific parametric coding solutions in vocoders is conditioned
by some criteria. The following may be considered as the main ones:

a) The criterion resulting from the specific demands. For example, the US
Department of Defense assumed as a requirement the base for LPC coding of
the bit rate standard 2400 bit/s while Great Britain has been using for many
years 19-channel band vocoders [14, 25].

b) The criterion of mutual compatibility of the solutions. It is suggested that the
vocoder devices be programmable and have parameters adjusted to the
standards of international transmission.

c) The compression rate criterion expressed by the transmission rate (kbit/s). It is
assumed that the average bit rate achievement of a range of 4.8 kbit/s, i.e.
significantly less than in PCM coding is a good economic premise for the
vocoder’s applicability.

d) The costs expressed, among others, by the devices’ complexity.

e) The transmission quality criterion. Although this criterion is the last one to
be mentioned, it is one of the most important and most difficult to be
verified.

This results from the fact that the objective measures may have only a com-
parative meaning on condition, however, that they are well correlated to the
transmission quality. The subjective measurements are in turn time consuming and of
high costs. Nevertheless, their results make it possible to learn about the user’s
evaluation of the device. In the light of the criteria mentioned above, it seems that the
preliminary results of the developed transmission rate compression method based on
time parameters confirm that the chosen research direction was right.

This is proved by the following:

» the developed, set to operation and tested introductory simulation model of the
time vocoder system based on the universal computer IBM PC AT 386 with
acoustic input and output and with the proper software,

e the vocoder’s analysis and test results indicating the possibility of a sig-
nificant transmission rate compression, up to 10 times, preserving at the same
time the transmission quality falling into the range of the quality described as
4 (good).

6.2. Further directions of research

The developed transmission rate compression method based on the extraction of
the time parameters /, and 4, does not fall back into its basic structure described in
this publication, what is an obvious advantage of the method. The performed
research and analyses proved that modifications of this method enabling, first of all,
further speech signal transmission rate minimalization are possible. Three approaches
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may be distinguished, which were mentioned indirectly in the previous sections of this
publication:

1. A transmission only of the lengths of the intervals I, (a signal with an artificial
amplitude S,.,).

The preliminary analysis of the transmission only of I,, which was taken into
consideration in the “WOKCZAS” program, makes it possible to claim that this may
be an efficient way to further compression of the speech transmission rate on
condition, however, that the research is supplemented. Further activity in this
direction should be focussed, among others, on including at every few intervals the
information about 4,. This would contribute to the improvement of energetic
relations between the original signal S, and the reconstructed signal with the artificial
amplitude S,.,. Then, this signal would not be completely abstracted from the real one.

2. The application of the vector quantization which consists in measuring the
values { I, 4,}, the identification of the most similar pair in the pairs’ codebook {f,,, A)
and, subsequently, in transmission only of the number k representing the measured
pair of {I,, 4,}. In the receiver (the synthesizer), the received number k initiates the
loading of the pair {I}, 4;} and the reconstruction of the signal as in the basic method.

3. In the utilization of the vector quantization as in point 2: — the transmission
only of numbers k of the intervals I, codebook and a few estimated shapes K} that is
ke {I., Ki}, as well as the information transmission at every m interval about the
amplitude which is also quantized to a few levels.

The research directions described above introduce greater program complexity. It
may also be noted that the time of analysis will be longer as a result of, for example,
additional determination of the codebook number or of the retrieval of the shape U,.
This is connected with the necessity of exploring the fast signal processors DSP of the
TMS320C25 class. Nevertheless the application of hardware processing technology to
this kind of problems nowadays may provide the facilities for solving this technical
problem. At the cost of complexity the improvement of the sound quality, individual
features of transmission fidelity and, above all, further decreasing of the speech
signal’s transmission rate may be expected.

The general range of research, assigned to all three directions, should enclose the
speech transmission quality evaluation under different auditorial and transmission
conditions.

Research, in particular, should be focussed on the examination of the rate of
resistance to the signal’s distortions in the transmitter’s and the receiver’s environ-
ments and on the methods of diminishing the distortions’ influence, mainly of a noise
character, on the parametrization and the reconstruction fidelity of the signal. The
separate direction of further research, which is made possible by the obtained results
and the developed “tools™ for research is the design of a time vocoder’s hardware
implementation.

This project was developed on the basis of The Research Project realized on
request of the Ministry of National Education, CPBR, GRT-2.
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AM AND FM DIFFERENCE LIMENS *

A. SEK and E. OZIMEK

Institute of Acoustics, Adam Mickiewicz University
(60-769 Poznari, ul. Matejki 48/49)

This paper reports two basic experiments aimed at determining difference limens (DLs)
for amplitude and frequency modulation as a function of the modulation indices (m, f),
modulation frequency and sound pressure level of the modulated signals. Two types of
modulator were used. The first one was the sinusoidal signal. In this case the simplest (sine by
sine) amplitude and frequency modulation was considered. In the second case the modulator
had a constant [requency but its amplitude was randomly changed with mean 0 and standard
deviation . In a two-alternative forced choice task just noticeable differences of modulation
intensity were measured. It was found that AM and FM difference limens increase with the
increase of modulation indices of the reference signals. Additionally, it was shown that the
difference limens were almost independent of the modulation frequency. They were also
independent of the type of modulator used in the investigations.

1. Introduction

Investigations into the perception of amplitude and frequency modulated signals
have been extensively described [1 —11, 13 —25]. One group of papers deals with the
thresholds used to detect AM and FM whereas the other group deals with
investigations into the intensity of loudness or pitch fluctuation and roughness of the
modulated signals.

Modulation thresholds were investigated by Zwicker [25] who determined AM
and FM thresholds with reference to the amplitude and frequency of the carrier signal
and to the modulation frequency. This helped to determine three perception ranges of
the modulated signals: follow-up, roughness and sidebands separation.

Modulated signals generate different auditory sensations in these areas, what
affects the detection threshold of AM and FM. In the case of small modulation
frequencies (f;,0s <20 Hz — follow-up range), changes in the signal amplitude or
frequency bring about changes in signal loudness or pitch. When f;,.4 € (20— CMF)
Hz (CMF — critical modulation frequency [20, 21, 25]), the sensation evoked by the
modulated signal is called roughness [11, 22, 23]. For modulation frequencies
fuoa>CMF, what corresponds to the transition of sidebands of modulated signals

* This research was supported by the grants 20071 1901 and 2 0910 01 from the Committee of Scientific
Researches (KBN)
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spectra beyond the range of one critical band, the auditory sensation is similar to that
evoked by a multi-tone. It is worth stressing here that in this situation thresholds for
detecting amplitude and frequency modulation expressed as modulation indices (i.e.,
m and f) reach the same value.

In investigations into supra-threshold changes of amplitude and frequency
modulated signals, the main focus has so far been on the evaluation of the intensity of
loudness and pitch fluctuation, and the evaluation of the intensity of the roughness of
AM and FM signals [4—6, 8, 11, 17—19, 22—24]. Pitch or loudness fluctuation
defines changes of these parameters which occur less than 20 times per second (i.e.
Jumoa <20 Hz). Roughness occurs when modulation frequency is greater than 20 Hz
and at the same time does not exceed the critical modulation frequency (CMF) [20,
21, 25] which depends on the carrier frequency [21].

TerHARDT [22, 23] described the dependence of the intensity of loudness fluctuation
on the carrier frequency, modulation frequency and sound pressure level. He found out
that the intensity of loudness fluctuation and the intensity of roughness are proportional
to the square of the AM index. Likewise, Guiaro and GARrAviLLA [8] discovered that the
roughness of the AM signal is nonlinearly correlated with modulation depth. Scuoene
[19], on the other hand, showed that the intensity of loudness fluctuation is independent
of the sound pressure level and modulation frequency in the range up to f,,.q < 10 Hz.
FasrL [4] found out that the intensity of tonal signal fluctuation and that of a noise band
is proportional to the logarithm of the AM index.

The determination of AM difference limens has been discussed less extensively.
An AM difference limen (AM DLs) denotes a just noticeable difference between two
AM signals which differ only with respect to the amplitude modulation index.

One of the first papers dealing with this problem is the one by Scuoene [19], which
pertains to the dependence of AM difference limens on the modulation index of the
reference signal. It was shown that the difference limens are linearly correlated with
the AM index of the reference signal. Moreover, it was also shown that AM difference
limens are independent of modulation frequency in the range up to fh.s < 10 Hz.
FLeiscHER [5] has shown a linear dependence of AM difference limens on the AM
index. It is worth pointing out that both ScHoene’s [19] and FLeiscuer’s [5] papers are
concerned with AM in the case when both carrier and modulating signals were
sinusoids.

Ozimek and Sek [17] showed AM difference limens of an octave noise band as
a function of the selected physical parameters of the carrier signal and modulating
signals. They found out that the dependence of the difference limens on the AM index
of the reference signal can be characterized by a local maximum [17].

WakerieLD and VIEMEISTER's paper [24] is one of the recent papers which discusses
AM difference limens of a broadband noise. These authors showed that the difference
limens of AM do not depend on the sound pressure level and modulation frequency.
It is worth stressing that the results obtained by FLreiscHer [5], SscHoene [19] and
Ozimek and Sgk [17] are fully compatible, what was also observed by WAkEeriELD and
VIEMEISTER [24].
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The roughness and intensity of pitch fluctuation of frequency modulated signals
have been discussed by TeruarDT [22, 23]. In addition to investigations into the
roughness of AM signals, he also studied the problem of roughness of a FM signal.
Terhardt suggested that, in accordance with Zwicker —Maiwald’s model [25, 15], the
general principles of the dependence of roughness and intensity of pitch or loudness
fluctuation on the parameters of modulated signals should be similar for both types of
modulation (i.e. AM and FM). This hypothesis was confirmed by experiments by
TerHARDT [8].

Kemp [11] discussed the perception of roughness in FM signals. He evaluated the
roughness of a tonal signal frequency modulated by a sinusoid with respect to the
physical parameters of both the carrier and modulation signals. Kemp found out that
the magnitude of the roughness depends on modulation frequency, carrier frequency
and the sound pressure level. Maximal relative roughness occurs for the frequency
modulation 40—80 Hz. Relative roughness is nonlinearly correlated with signal
deviation. A similar relation observed was between the amplitude modulation index
and roughness in the case of AM signals [19).

FM difference limens were discussed by Ozimek and Sex [18]). FM DLs denote
a just noticeable difference between two FM signals which differ only with respect to
frequency deviation. The authors measured FM difference limens of a tonal signal
frequency modulated with another tonal signal with respect to modulation frequency,
carrier frequency and the sound pressure level. Futhermore, they also discussed the
dependence of the DLs on reference signal deviation. It was observed that FM
difference limens were approximately independent of the carrier and modulation
frequency. They were also independent of the sound pressure level. However, an
increase in reference signal deviation caused an approximately nonlinear increase of
the difference limens’ value. Ozimek and Sgk also measured DLs using random
modulators with uniform and Gaussian probability distributions. Similar difference
limens were obtained for both types of modulator.

As follows from the above presented overview, most of the papers discussing
investigations into the perception of AM and FM signals with supra-threshold
modulation intensity concerned the evaluation of the roughness and intensity of
loudness and pitch fluctuation. Some other papers were devoted to AM difference
limens and only a few discussed the problem of difference limens of frequency
modulated signals. It should be stressed that most of the papers concerned with AM
and FM detection or discrimination were based on periodic sinusoidal changes of
amplitude and frequency. However, different carrier signals, including a white noise
[19, 24] or its different bands [17], were used.

In environmental signals, periodic amplitude and frequency changes occur very
seldom and are usually of very short duration. Signals such as music, speech or traffic
noise are characterized by quasi-random changes in both amplitude and frequency
domains. Hence it seems interesting to determine the difference limens of random
changes of some physical parameters obtained by amplitude and frequency modula-
tion.
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However, random changes of amplitude and frequency can be of two types. In the
case, for example amplitude modulation, a random modulation signal causes irregular
changes of both modulation depth and modulation frequency. This simultaneous
changes of modulation depth and modulation frequency is significant for the evaluation
of a signal and can affect the threshold. Therefore a sinusoidal signal whose amplitude
was randomly changed was adopted as a random modulator, similarly to Sgk [21]. In
the AM case this modulator caused random changes of the AM index whereas in the
FM case the modulator caused random change of frequency deviation. A modulator of
this type, generated by a computer, was a set of successive equal periods of function
sin (wf) with an amplitude changing randomly from the period to period.

2. Aim of investigations

The main purpose of the investigations was to determine AM and FM difference
limens for a sinusoidal carrier signal with respect to modulation frequency, modula-
tion indices, the type of modulator and sound pressure level.

A just noticeable difference between two amplitude or frequency modulated
signals which differed with respect to the value of a respective modulation index were
determined. One of them, called the reference signal, was characterized by a constant
value of the AM index m, (in AM case) or deviation d, (in FM case). The second one,
called the test signal was characterized by lower values of modulation indices than the
reference signal, i.e., m,<m, and d,<d..

Measurements of AM and FM difference limens were carried out for the
modulation frequency f,,s=2, 8, 32 and 128 Hz. These values correspond to the
perception ranges of the modulated signals mentioned above, i.e., 2 and 8 Hz
correspond to the follow-up range, 32 Hz corresponds to the roughness range and 128
Hz corresponds to the sidebands separation range.

Four values of the AM index of the reference signal (m,) and four values of the
deviation of the reference signal (d,) were used. A sinusoidal carrier frequency
/.=1000 Hz was used. The sound pressure level was L =35, 45, 55, 65, 75 and 85 dB
SPL. Two types of modulator were used. One of them was a sinusoid and the other
a sinusoid with an amplitude randomly changing from period to period. In the case of
AM and FM with random modulators it appeared necessary to analyze the temporal
and spectral structure of the modulated signals and to define a direct measure of
modulation intensity. The problems are discussed in Section 3 of this paper, in the
case of both AM and FM.

3. Temporal and spectral structure of modulated signals

Analytical considerations aimed at determining the temporal and spectral
structure of modulated signals, where simple tones are both modulation and carrier
signals are reduced to simple trigonometric transformations. Let us assume that the
carrier signal has the form:
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a(t)=A,cos(w 1), 0
and the modulation signal has the form:
b(t) = Bsin(w,,1). 2

In the case of amplitude modulation, the temporal form of a modulated signal can be
described as follows:

apm(f)=A(1+msin w,f) cos ot 3)
or:
anult) = D+ 2" @
where

0

denotes the coefficient of amplitude modulation depth and k is a constant.
In the case of frequency modulation the temporal form of a modulated signal can
be expressed as follows:

) = A, c05(0f B c05(0,), ©
where
p=2 5P )
mm wﬂ'

is a frequency modulation index, 4w — frequency deviation and k, a constant.
The FM signal can be expressed as follows [12]:

apy(t)=A4, i J(B)cos (w,+nw,)t, 8)

where J,(p) is a Bessel function of the first kind, n-th order.

The spectra of AM and FM signals consist of discrete components among which the
central one is the component which correspond to the carrier signal and all the others are
products of modulation. In the case of AM, the spectrum, in addition to the central
component, includes two sidebands with equal amplitudes, situated at a distance of +w,,
from the carrier. In the case of FM, in addition to the component which corresponds to
the carrier signal, the spectrum consists of a theoretically unlimited number of sidebands.
The sidebands are symmetrical with respect to the central component and they are +w,,
separated in the frequency domain. Odd sidebands with frequencies lower than the
carrier are phase shifted by = with respect to sidebands with frequencies higher than the
carrier frequency. This causes the so-called monaural phase effect (MPE) [20, 21].

The determination of the spectrum of a simple tone amplitude or frequency
modulated by a random signal is a more complex issue. If a random modulation
signal is a realization of a stationary ergodic process with a normal probability
distribution, an autocorrelation function [12] can be determined for a modulated
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signal. Using the Wiener-Chificzyn theorem, we can determine the power spectral density
function of the modulated signal. However, this method when used to determine the
spectrum of amodulated signal is troublesome since it does not provide a direct measure of
modulation intensity. A clear definition of the intensity of modulation for both AM and
FM is necessary for measurement purposes. Therefore, in order to determine the spectrum
of a sinusoid amplitude modulated by a random signal, earlier consideration on
modulation of the tone-tone type were taken into account. However the random
modulator is a sinusoidal signal with a randomly changing amplitude. Thus the temporal
and spectral structure of the modulated signal does not change significantly as compared
with the tone-tone modulation, provided that the amplitude of the modulation signal B in
the expression (2) is a randomly changing parameter. Consequently, the values of
amplitudes of the sidebands of the AM or FM signals’ spectrum change randomly in
accordance with amplitude variations of the modulation signal.

In the simplest case of the tone-tone modulation, the amplitude modulation index
m (5) or the frequency modulation index f (7) is the measure of intensity modulation.
Modulation indices defined in this way cannot be used directly in the case of
a modulation by a random signal because such a signal is characterized by an
indefinite value of amplitude. Therefore, in the case of AM, the root-mean-square
AM index mgys, which expresses the ratio of RMS values of the modulator and
carrier signals, was adopted as the measure of modulation intensity [12]:

In the case of FM, dwgys which expresses the root-mean-square value of frequency
deviation, was adopted as the measure of modulation intensity [12]:
Adogys=k 05, (10)

where oy denotes an RMS value of a random modulator.
AM difference limens were expressed, as in WAKerieLD and VIEMEISTER [24] by
means of the following expression:

AM =10 Log (m?—m?) [dB], (11)

where m, and m, denote the root-mean-square AM indices for the reference and test
signal respectively. The AM index of the reference signal was determined in the same
way [5, 24]:

M, =10 Log(m?) [dB], (12)

In the FM case difference limens were expressed as differences between the
root-mean-square deviations (10) of the reference signal d, and test signal d,:

AF=d,—d, [Hz]. 13)
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4. Method

The two-alternative forced choice method (2AFC) with Levitt’s adaptive
procedure [13] was used. The subject listened monaurally to a pair of modulated
signals in a random order. One of them was a reference signal with a constant
supra-threshold modulation intensity (m, or d,) and the other one was a test signal
with changing modulation intensity (always smaller than the reference signal, i.e.,
m,<m,, d,<d,). The subject’s task was to indicate the signal in which the intensity
of amplitude changes (in the case of AM) or intensity of frequency changes (in the
case of FM) was greater. The difference in the modulation intensity between the
reference signal and the test signal (i.e., m,—m, or d,—d,) was increased by a factor
of 1.5 after two successive correct answers or decreased after one incorrect answer.
This procedure tracks the point on the psychometric function corresponding to 1%
correct. A single measurement of the threshold was completed when 12 reversals
were obtained. The threshold value from such a measurement was calculated as an
arithmetic mean value of the modulation index at the last eight turnpoints. The
results presented in this paper are arithmetic means of ten independent measure-
ments. Three subjects with audiologically normal hearing took part in the
investigations.

The signals were numerically generated via a 12-bit D/A converter. Each
signal had a 1500 ms duration including raise and decay times of 100 ms
each. The inter stimulus interval was 400 ms. The subjects were tested in
a sound isolated booth and they used an answering keyboard to give their
answers.

5. Results and their analysis

5.1. AM difference limens

The dependence of AM difference limens on modulation frequency was the basic
one to be determined in this part of the study. The investigations consisted in
determining the just noticeable difference between the reference signal, characterized
by a constant value of the AM index m,=25, 50, 75 and 95%, and the test signal in
which the AM index m, was changed in the range from 0 to m, (i.e. m, <m,). The
results of these investigations, for the sound pressure level 75 dB SPL, carrier
frequency 1000 Hz and for a sinusoidal modulator signal were shown in Fig. 1 for the
subjects EO and AS respectively. The AM index of the reference is the parameter of
the data.

As can be seen, AM difference limens are very similar for both subjects and they
are approximately independent of modulation frequency.

Similar investigations were also carried out for a random modulator, i.e.,
a sinusoidal signal with an amplitude randomly changing from period to period. In
these investigations the same carrier signal was used, i.e., f,=1000 Hz and L =75dB.
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Fig. 1. Dependence of AM difference limens on modulation frequency for a sinusoidal modulator. The AM
index is the parameter of the data.

The results were shown in Fig. 2 for the subjects EO and AS. For both subjects AM
difference limens for a random modulator are similar and independent of the
modulation frequency.

The data obtained for both types of modulator were subjected to analysis of
variance ANOVA with the following factors: type of modulator, modulation index of
reference signal, subject and frequency modulation. The effect of the modulation
index was highly significant [F (3,55)= 622, p < 0k.0001]. The effect of the subject was
not significant [F (1,55)=0.938, p=0,34). Also the effects of the modulating
frequency and type of modulator were not significant [F (3,55)=0.494, p=0.69] and
[F (1,55)=2.47, p=0.67] respectively.
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Fig. 2. Dependence of AM difference limens on modulation frequency for a random modulator. The AM
index is the parameter of the data.

Generally, it can be stated that the difference limens obtained for sinusoidal and
random modulators are very close to each other. This means that discrimination of
the amplitude changes does not depend on the type of modulator, i.e., whether it is
sinusoidal or random. This helps generalize conclusions drawn from experimental
data on the roughness and intensity of amplitude fluctuation for sinusoidal changes
and apply them to random changes of amplitude. This is similar to Sex’s [21]
conclusion which states that the threshold for detecting amplitude modulation did
not depend on the type of modulator. Measurements of AM difference limens for the



46 A. SEx AND E. OziMEK

sinusoidal and random modulation signals were also carried out for the carrier
frequencies of 250 and 500 Hz. The results of these investigations fully confirmed the
above conclusions because for these frequencies the difference limens did not depend
on the modulation frequency and the type of modulator.

The data obtained suggest that it is the amplitude modulation index which is
primarily the factor that determines the discrimination of the amplitude changes in
AM signals. The character of the modulation signal i.e. whether it is random or
periodic and the modulation frequency do not play any significant role in this case.

The results presented above are fully compatible with the results obtained by
Ozimex and Sek [17] who found out that difference limens are independent of
modulation frequency. Similar conclusions can be found in Scuoene [19] who used
modulation frequencies lower than 10 Hz. Likewise, WAkerIELD and VIEMEISTER [24]
noted the lack ot influence of changes in modulation frequency on AM difference
limens of a broadband noise. On this basis one can suppose that the discrimination of
amplitude changes occurring during the signal is very similar for many different
modulation and carrier signals.

The dependences of AM difference limens on the amplitude modulation index of
the reference signal for the subjects EO and AS as mean values for modulation
frequencies were shown in Fig. 3a and b, for sinusoidal and random modulators
respectively. As can be seen from Fig. 3a, AM difference limens for a sinusoidal
modulator and the value M, < — 2.5 dB are a rising function of the AM index of the
reference signal. The rising character of this dependence suggests that just noticeable
increases in changes of the signal physical parameters are approximately proportional
to the existing changes (reference changes) what is fully compatible with Weber’s law.
The regression analysis conducted for this data showed that in the case of a sinusoidal
modulator this dependence can be expressed as:

AM=1.01 M,—5.06, (14)

at the correlation coefficient r=0.99.

Similar dependencies were obtained in investigations concerning the valuation of
the intensity of loudness and pitch fluctuation and roughness for both types of
modulation [11, 22]. It was found that the intensity of roughness and that of loudness
and pitch fluctuation are rising (nonlinearly) functions of respective modulation
indices.

The dependence of AM difference limens on the AM index of the referrence signal
for a random modulator was shown in Fig. 3b. Also in this an case increase in the AM
index signal caused an increase in difference limens. This dependence can be
approximately expressed as:

M=099 M,—5.73. (15)
However, for this modulator there were clear differences between the subjects with
respect to the difference limens. These differences affected the value of the correlation
coefficient which in this case was equal to r=0.94.
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As follows from Fig. 3, for the AM index of the reference signal M, greater than
—2.5 dB, the decrease in AM difference limens can be observed for both types of
modulator. A similar dependence was shown by Ozimex and Sex [17]. They also tried
to interpret it based on the temporal structure of the AM signal. The amplitude of the
AM signal with relatively small or medium values of the modulation depth is always
substantially greater than zero even in amplitude minima. This signal is perceived as
a continuous signal with a changing loudness within the amplitude maxima and
minima of the modulator. However, when the AM index is close to 1, the sound
pressure level of the signal is considerably greater in the maximum than in the
minimum of its amplitude. Perhaps amplitude changes, so considerably different, are
perceived by the subjects as a certain noncontinuity of the signal. Hence investigations
of a modulated signal for which the AM index is close to 1 are qualitatively different in
perception from investigations for which the values of these indices are small, in spite
of the fact that they belong to the same group of amplitude modulated signals.
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Figure 3c shows a comparison of results obtained in this paper with those
obtained by Scuoene [19], FrLeiscuer [5], Ozimex and Sex [17] and WakerieLp and
VieMEISTER [24]. As can be seen, AM difference limens obtained for different carrier
signals and different modulators are approximately characterized by the same
dependence on the AM index of the reference signal. This confirms an earlier thesis
according to which modulation depth is the basic factor which determines the
discrimination of amplitude changes. On the other hand, the type of the modulator or
modulation frequency plays a much smaller role.

In this part of the investigations the effect of the sound pressure level on the AM
difference limens was also analyzed. The investigations were conducted for a modula-
tion frequency of 8 Hz, AM index of reference signal M,= —6 dB (m,=50%) and for
a sound pressure level from 35 to 85 dB SPL. The results of these investigations for the
subject EO and AS are shown in Fig. 4a and b, for sinusoidal and random modulators
respectively. An increase in the sound pressure level causes a certain decrease in the
values of difference limens. This indicates that the detection of increasing changes in
signal amplitude is easier for greater values of the sound pressure level.

5.2. FM difference limens

In the next part of the investigation, FM difference limens were measured as
a function of modulation frequency. The experiments consisted in determining a just
noticeable difference between the reference signal characterized by a constant
deviation value d, and the test signal in which the deviation changed from 0 to d,. The
carrier signal was a sinusoid with a frequency of 1000 Hz and 70 dB SPL. First, FM
difference limens for a sinusoidal modulator were determined. The results of this
experiment were shown in Fig. 5, for the subjects EO, AS and BS respectively. The
deviation of the reference signal d,=6, 12, 25 and 50 Hz is the parameter of the data.
As can be seen from the above results, FM differences limens do not clearly depend on
modulation frequency.

Next, FM difference limens for a random modulator were determined. The results
of these investigations for the subjects EO, AS and BS were shown in Fig. 6. The
deviation value of the reference signal d, is the parameter of the data. In this case,
difference limens of frequency modulation are approximately independent of modu-
lation frequency. The data obtained for a random and periodic modulation signal
were subjected to analysis of variance ANOVA with the following factors: type of
modulator, modulation frequency, subject and deviation of the reference signal.

The effect of deviation of the reference signal was very significant [F (3,86)=164,
p<0.0001]. The effect of modulation frequency was not significant [F (3,86)=1.88,
p=0.14]. This makes possible the confirmation of an earlier idea that FM difference
limens do not depend on modulating frequency in a wide range (2--128) Hz. The
interval covers the three perception ranges of modulated signals i.e., the following-up
range, roughness range and the sidebands separation range. FM modulated signals in
these ranges generated fairly different sensations. For this reason the thresholds for
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Fig. 5. Dependence of FM difference limens on modulation frequency for a sinusoidal modulator. Deviation
of the reference signal is the parameter of the data.

detecting frequency modulation in these ranges are different. On the other hand, as
follows from the data, FM difference limens do not depend unequivocally on
modulation frequency.

The effect of the type of modulator was not significant [F (1,86)=0.539, p=0.47].
This suggests that difference limens for both a sinusoidal and random modulator
reach approximately equal values. From Figs. 5 and 6 it can be seen that, for the
deviation value of the reference signal d,=6 Hz difference limens have values in the
range of 2+2.5 Hz. A similar situation takes place also for the reference signal
deviation values d,= 12 and 25 Hz. DLs of FM have in this case values of about 3+ 5
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Fig. 6. Dependence of FM difference limens on modulation frequency for a random modulator. Deviation of
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Hz for both types of modulator. In the case of the greatest value of the reference signal
deviation d, =50 Hz, difference limens reach values in the range of 7+9 Hz. Thus it
can be stated that the character of frequency changes (i.e. whether they are sinusoidal
or random) does not significantly affect the discrimination of these changes.

The effect of the subject was not significant [F (2,86)=1.17, p=0.321]. As can be
seen from Figs. 5 and 6, the difference limens of FM are scattered more than DLs of
AM, particularly in the random modulator case.
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Figure 7a and b shows the dependence of FM difference limens averaged with
respect to modulation frequency on the reference signal deviation d, for the subject
EO, AS and BS, for random and sinusoidal modulators respectively. The results
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Fig. 7. Dependence of FM difference limens on the deviation of the reference signal for a sinusoidal (a) and
arandom (b) modulator. A solid line denotes the best linear approximation of the data in accordance with
the equations next to the figures.

obtained are compatible for both types of modulator. They show that FM difference
limens depend on the deviation of the reference signal. An increase in the reference
signal deviation from 6 to 50 Hz causes an increase in difference limens from around
1.5+2.5 Hz to around 7-+9 Hz. This is a linear dependence because the same
increases in the reference signal deviation results similar increases in difference limens.
The data were subjected to a regression analysis. In the case of the sinusoidal
modulator, the dependence can be expressed as:
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AF=0.15 d,+0.75, (16)

at the correlation coefficient r=0.94. In the case of a random modulator, the

dependence of FM difference limens on the reference signal deviation can be expressed
as:

AF=0.12 d,+1.75, 17)

at the correlation coefficient r=0.91. It can be generally stated that FM difference
limens are linearly rising functions of the reference signal deviation. The way in which
the data were shown in Fig. 7 emphasized the differences between the subjects
observed for a random modulator.

The character of the dependence of the DLs on the deviation of the reference
signal corresponds with Kemps data [11]. He discovered that the intensity of
roughness of FM signals rises with an increasing deviation of the modulated signal.
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Fig. 8. Dependence of FM difference limens on the sound pressure level for a sinusoidal (a) and a random
(b) modulator.
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A similar dependence i.e., intensity of roughness as a function of deviation was also
observed by TerHARDT [22] with respect to amplitude and frequency modulation.
These data are also compatible with the results obtained by Ozimex and Sex [18] for
a sinusoidal modulator and for a noise with uniform probability distribution.

It should be stressed that the dependence of FM difference limens is analogous to
AM difference limens. This can indicates the existence of a very similar discrimination
mechanisms of signal amplitude and frequency changes. A similar conclusion was
drawn by TeErHARDT [22] on the basis of the dependence of the roughness intensity of
AM and FM signals on respective modulation indices.

At the last stage of the investigations a dependence of FM difference limens on the
sound pressure level was determined. The investigations were conducted for a carrier
signal with a frequency of 1000 Hz, reference signal deviation of 25 Hz and
modulation frequency of 8 Hz. Then results of these investigations for the subjects
EO, AS and BS were shown in Fig. 8a and b, for a sinusoidal and a random
modulator respectively. FM difference limens for both types of modulator are
approximately equal for all the sound pressure levels and are equal to about 4 —5 Hz.
A similar conclusion can be drawn for both types of modulator i.e., for sinusoidal and
random. On this basis one can suppose that the discrimination of frequency changes
is approximately independent of the sound pressure level.

6. Analysis of experimental data

Investigations aimed at learning about the mechanisms of detection of changes in
signal amplitude and frequency were often based on amplitude and frequency
modulated signals. The results of these investigations resulted in two different models
of detection of amplitude and frequency changes. One of them, the Zwic-
ker —Maiwald model [14, 25] supported by Gorpstemns [7] and HART™MANN'S [9, 10]
findings, assumes the existence of one common detection mechanism of changes in
signal amplitude and frequency. The other one, represented by Fets [6], Coninx [1, 2]
and Demany and SemaL [3], assumes the existence of two independent perception
mechanisms of these changes.

The claim about one common mechanism responsible for the perception of
changes in signal amplitude and frequency was introduced by Zwicker [25] on the
basis of the results of his investigations into thresholds for detecting amplitude and
frequency modulation. He showed thresholds for detecting these two types of
modulation as function of modulation frequency. He also interpreted the critical
modulation frequency as a frequency limit of the monaural phase effect. MArwALD’s
[14, 15] investigations concerned with the shape of the excitation pattern showed that
small changes in the signal amplitude and small changes in frequency can cause very
similar changes in this excitation, what confirmed Zwicker’s model.

The experiments presented in this paper concerned with the difference limens of
modulation revealed that many analogies can be found in the detection of sup-
ra-threshold amplitude and frequency changes of amplitude or frequency modulated
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signals. These analogies suggest that the discrimination of pitch and loudness
changes, which was evoked by independent physical parameters of the signal, are
governed by similar principles.

Figure 9 shows these analogies schematically. On the lefthand side of the
figure the difference limens of amplitude modulation are presented. On the
righthand side of the figure the difference limens of frequency modulation are
shown. The data in these figures are mean values for the subjects who took part
in the experiments.

AM FM

L ——— e

0 20+ ——me = Q-===--raGNGOM

3 M, =-6 dB (50%) d, =25 Hz

£ st o}

E -0

ks

5 -I5F

3

I

% -20 1 - | A A1 1 1 1 ,P- 1 1 L L 1 L 'l
2 8 2 128 >4 8 32 128

E modulation rate [Hz] modulation rate [Hz]

E 01* 20F b)

W

i

k:

=

S -of

-.!5[-

-20 1 i L 1 ke }_ bl tial 1 i L i A '
20 =10 0 6 12 25 50
depth of modulation of reference deviation of reference signal

signal M, [dB] d. [Hz]

Fig. 9. Dependence of AM and FM difference limens on modulation frequency (a) and a respective
modulation index (b).

Figure 9 a shows the dependence of the difference limens of AM and FM on
modulation frequency. For both types of modulation the difference limens are
independent of the modulation frequency in the range (2+128) Hz. In this range
a monaural phase effect occurs [21], which results in considerably different thresholds
for detecting amplitude and frequency modulation. Modulation frequency is the
parameter of the modulated signal which determines the rate of changes in the
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modulated quantity (i.e., how many times within a time unit the maximal and
minimal value of the modulated quantity appears. Since the difference limens are
independent of the modulation frequency, one can suppose that the rate of amplitude
and frequency changes in AM and FM, respectively, does not play a significant role in
the discrimination of these changes. Besides, the discrimination mechanism of
amplitude changes is very similar to the discrimination mechanism of frequency
changes.

Figure 9 b shows the dependence of the difference limens of amplitude and
frequency modulation on the value of a respective modulation index of the reference
signal. For both types of modulation the dependence is similar and it is a linearly
rising function of modulation indices. This dependence is one of the most important
relationships determined in this paper because it brings significant information on the
discrimination of amplitude and frequency changes. A linear character of this
dependence suggests that just noticeable increases in physical parameters of the signal
are approximately proportional to existing (reference) changes. It also indicates that
Weber’s law has been satisfied.

Difference limens of amplitude modulation and their dependence on the
modulation indices are compatible with the findings reported in the literature.
ScroENE [19], FreiscHeR [5], OzimMek and Sexk [17] and WakerFieLD and VIEMEISTER
[24] also observed a linear dependence in this case (see Fig. 3c). Slopes of straight
lines which are the best approximations of their results are between the range
(0.83+1.04). It should be stressed that Fastl [4] and Guiaro and GArAviLLA [8]
reported a monotonic increase in the intensity of the amplitude fluctuation and
roughness of the AM signal depending on the AM index. On the other hand FM
difference limens and their dependence on the deviation are compatible with the
data found by Ozmex and Sek [18]. They learned that FM difference limens are
a rising function of deviation of the reference signal. Likewise, Kemp [11] stated that
the intensity of roughness of FM signals increases nonlinearly with the increase of
the deviation. A similar increase was also observed by TErRHARDT [22] with reference
to both amplitude and frequency modulation. It indicates in his opinion, the
existence of one common detection mechanism of supra-threshold changes of
frequency and amplitude. The data presented in this paper confirms Terhardt’s
conclusion.

It should be stressed that in this work a specific modulation signal was used which
was characterized by an amplitude changing randomly from period to period. Hence
in an amplitude modulated signal only random changes in modulation depth were
observed, whereas in a frequency modulated signal only random changes of deviation
were observed. Modulation frequency was constant. As follows from the inves-
tigations, the type of modulator (i.e. whether it was random or sinusoidal) did not
affect FM and AM difference limens. Values similar to limens obtained for sinusoidal
modulation signals were assumed. A similar conclusion can be found in Sgk’s [21]
paper where thresholds to detect AM and FM for the same types of modulator were
determined.
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7. Conclusions

The presented results lead to the following conclusions:

1. AM and FM difference limens are rising functions of respective modulation
indices. This is compatible with Weber’s law and means that just-noticeable changes
of modulation depth or frequency deviation are approximately proportional to the
existing changes in the reference.

2. AM and FM differenc limens do not depend on modulation frequency.

3. An increase in the sound pressure level causes a slight decrease in AM difference
limens. In the case of FM, difference limens are approximately independent of the
sound pressure level.

4. The difference limens of AM and FM do not depend on the character of the
amplitude and frequency changes i.e., whether they are random or periodic.

5. The dependence of AM and FM difference limens as a function of respective
modulation indices of the reference signal suggests that the detection of
just-noticeable increments of amplitude and frequency changes is governed by
a common mechanism.
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The presented paper deals with determination of the critical modulation frequency
(CMF) and critical bandwidth in the case of random amplitude and frequency changes in
a sinusoidal signal. The critical modulation frequency is the smallest value of modulation
frequency for which thresholds for detecting amplitude and frequency modulation, expressed
in appropriate modulation indexes (i.e. m and f), reach the same values. Random amplitude
and frequency changes of the simple tone were produced in the amplitude and frequency
modulation process by random modulating signals.

The results of the investigations enable to state that the critical modulation frequency is
an increasing function of the carrier frequency. It was also shown that psychoacoustically
measurable quantities such as detection thresholds, the critical modulation frequency and
quantities connected with it (i.e. critical bandwidth, a range of occurrence of a monaural
phase effect), do not depend on a modulating signal character (i.e. whether this signal is
periodic or random).

1. Introduction

The sensation of hearing caused by a multi-tone all components of which lie
within one critical band considerably depends on mutual phase shifts between
components of the multi-tone, MaTHes and MiLLER [9], FLEISHER [2, 3], BUNNEN et al.
[1], GoLpstEIN [6], etc. If one of the components lies outside the specified critical band
its initial phase does not significantly affect the sensation caused by the multi-tone.
On the other hand, if all components of the multi-tone lie in the range of one critical
band, the change of the initial phase of one of them causes a considerable change of
the sensation. In the case when the multi-tone is listened to monaurally the mentioned
effect is called the monaural phase effect (MPE). So far investigations devoted to the
above problem with reference to a three-tone have had an abundant literature and
the most of papers deal with the monaural phase effect for sinusoidal signals of
the same sound pressure level (see f.ex. MatHes and MiLier [9], FrLEisHER [2, 3],
Bunnen et al. [1].)

Researches on the amplitude and frequency modulation (AM and FM) can be an
alternative method of investigation of the effect (Zwicker [24], GoLpsteN [6],
Schorer [21]). Spectral structures of AM and FM signals are almost identical when
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the frequency modulation index (f) does not exceed the value of 0.3 (8<0.3) which
takes place on the FM detection threshold. The only difference between AM and FM
spectrum is the phase shift of the lower sideband. This difference causes that AM and
FM thresholds expressed in appropriate modulation indexes have decidedly different
values for low modulatoin frequencies. They asymptotically approach each other
with increasing of the modulation frequency. The exceeding of the certain characteris-
tic value of a modulation frequency, so called the critical modulation frequency
(CMF), causes that AM and FM thresholds reach identical values. Zwicker [24] has
shown that the CMF is equal to a critical band half — width connected with the
carrier frequency. As long as the frequency band of the signal spectrum is no greater
than the critical bandwidth (or as long as modulation frequency is less than the
critical value) the sidebands’ initial phase plays an important role in evaluation of
modulated signals CMF. In other words, the CMF is a threshold for detecting phase
changes in the modulation frequency domain, Zwicker [24].

Literature devoted to the CMF has been very scarce so far and most of
investigations have been carried out for periodic amplitude and frequency changes.
One of the first papers connected with this problem was that by Zwicker [24] in which
the author showed that the critical modulation frequency is equal to the critical band
halfwidth. Zwicker’s results have been confirmed by GovLpstein [6] who carried out
measurements of AM and QFM (quasifrequency modulation) thresholds. One of the
recent papers dealing with this problem is that by Scuorer [21]. In this paper the
dependence of the critical modulation frequency on the carrier frequency and on the
sound pressure level of the signal was discussed. Scrorer [21] found that CMF
slightly depends on the sound pressure level and achieves the local minimum for
L=350 dB. He also stated that establishing of the width of the critical band on the
basis of CMF is a very good method especially for the lowest frequencies of the
carrier signal (i.e. no greater than 1—2 kHz). ScHorer [21] has given several reasons
for this: /

(i) The smallest bandwidth stimulus. The whole stimulus is situated in a very
restricted region (in the frequency domain) connected with one critical band and does
not excite any other bands;

(ii) Results of measurements should be affected less by variation in the absolute
threshold with frequency because stimulus is as narrow as possible. It is difficult to
avoid it using a method based on masking;

(iii) Detection of AM and FM takes place on threshold. Thus, off-frequency
listening (PAaTTERSON and Nivmo-SmiTh [19]; O’Louchuin and Moore [16]), even if it
takes place, is the smallest possible;

(iv) There are no combination tones (Moore [10]). Thus the method is very useful
for wide range of sound pressure levels of the stimuli.

Previous experiments devoted to CMF were carried out for periodic amplitude
and frequency changes. In real signals periodic amplitude and frequency changes
occur very seldom and they have a very short duration. Signals such as music, speech,
traffic noise are characterized by approximately random changes both in amplitude
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and frequency domains. The random character of these changes determines the
sensation evoked by an acoustic signal and, as a consequence, influences the detection
of the amplitude and frequency changes.

This is the main reason that this paper is devoted to determination of
the CMF based on thresholds for detecting random amplitude and frequency
changes.

Random changes of these physical parameters were generated in the AM and FM
processes using a special class of irregular (random) modulating signals (described
wider in Section 2). The establishing of the critical modulation frequency enabled to
determine the range in which the monaural phase effect occurs and to determine
critical bandwidths for random amplitude and frequency changes.

The spectral and temporal structure of time-varying signals is very important for
their perception. Therefore in section 3 of this paper the detailed discussion of
a sinusoidal signals modulated by random signals is given.

2. Aim of investigation

The main purpose of the investigations was to determine critical modulation
frequency (CMF) and critical bandwidth (CB) based on the thresholds for detecting
random amplitude and frequency changes. The author aimed to determine CMF
dependence on the carrier frequency and to establish whether CMF depends on a type
of the modulation signal. Random changes of amplitude and frequency were
obtained in AM and FM processes using the random modulating signals. Further-
more, AM and FM thresholds for a sinusoidal modulating signal (periodic changes of
amplitude and frequency) were obtained in order to compare threshold values for
both types of the modulating signal.

A simple tone of frequency f,=0.25, 0.5, 1, 2 and 4 kHz with the sound pressure
level of 70 dB SPL was carrier signal. Selection of the modulating signal was an
important element in the investigation because according to the assumption it should
be a random one. A sinusoidal signal with amplitude randomly changing from period
to period in the range (0—A4,,) was used. Such a signal is characterized by the
constant frequency, uniform probability distribution of its amplitude and gaussian
distribution of its instantaneous values. Examples of the signals used in the
investigation with frequency 4 Hz and corresponding to them distributions of
instantaneous values are shown in Fig. 1. For comparison sinusoidal signal and its
instantaneous values distribution is also shown in this figure.

A certain factor connected with the dynamics range of amplitude changes,
understood as a ratio of its maximum and minimum amplitude is of special
importance among parameters describing the signal. In the investigations carried out
the value of this coefficient was constant and equal to 34 dB (the quotient of
maximum and minimum amplitude value was equal to 50).

For all modulation frequencies (4, 8, 16, 32, 64, 128 Hz) five different time courses
of random modulating signal (called R, R,, R,, R,, R,) were used. It was done in
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3. Temporal and spectral structure of modulated signals

Analytical considerations aimed to determine the temporal and spectral structure
of modulated signals, in the case when simple tones are both the modulating and
carrier signal, are reduced to simple trigonometric transformations. Assuming that
the carrier signal is of the form:

a(f)=A,cos (1), (1)
and the modulating signal of the form:
b(t)= Bsin (w,,t), 2)
then in the case of amplitude modulation:
apm(t)=A(1+msin w,t)cos wt. 3)
The spectrum of this signal is of the form:

A, A,m

asm(t)= 2moos(w°—m,,)t+Ancos(mnt)+ > cos (w,+w,) 1, @
where
m=_2 )

is the amplitude modulation index and k is an equipment constant.
In the case of frequency modulation the temporal form of the modulated signal
can be expressed as follows:

apw(f) = A, cos (vt — f cos (w,,1)), (6)
where
4o kB
B o O]

is the frequency modulation index, 4w is the frequency deviation and k, is an
equipment constant. Assuming, that f = 1, which is true on FM threshold, the
spectrum of FM signal could be expresed as follows:

4.p
2

4.p
2

Spectra of AM and FM signals are very similar and they are consisted of discrete
components, among which the central place is occupied by the component which
represents the carrier signal and the remaining components are products of modula-
tion. In the AM case, in addition to the central component, the spectrum consists of

apm(kt)=—

cos (w,—w,,) t+ A cos (w )+

cos (w,+m,,) L. 8)
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two sidebands with equal positive amplitude value, lying at a distance of +w,, from
the carrier frequency. In the FM case (when f§ « 1), apart from the component which
represents the carrier signal, the spectrum consists of two sidebands with equal
amplitudes situated symmetrically with respect to central component at separations
of +w,, in the frequency domain. The sideband with frequency less than the carrier is
n phase shifted with respect to the other components. This is the basic difference
between AM and FM signals spectrum producing the monaural phase effect which is
under investigation.

Spectra determination of a simple tone amplitude or frequency modulated by
a random signal, is a problem more complex than was in the case with a tone
modulated by another one. If a random modulating signal is a realization of
a stationary ergodic process with a normal probability distribution, an autocor-
relation function can be determined for a modulated signal, (Knoch and Ekiert
(1979)). Using the Wiener-Chificzyn theorem we can determine spectral density of the
modulated signal power. This method for determining the spectrum of the modulated
signal is troublesome since it dos not permit to obtain a direct measure of modulation
intensity. Therefore, in order to determine the spectrum of a simple tone amplitude or
frequency modulated by a random signal earlier considerations on modulation of the
tone-tone type can be used. Assuming that the modulating signal is a sinusoidal signal
with randomly varying amplitude, the amplitude and spectral structure of the
modulated signal does not undergo significant changes compared with the case of the
tone-tone modulation, with the restriction on that that the amplitude of the
modulating signal B from expression (2) is a randomly varying quantity. This affects
the values of amplitudes of sidebands of the spectrum of the modulated signal, which
are subjected to random changes in accordance with the change of the amplitude of
the modulating signal. Nevertheless, the spectral structure of the tonal signal
modulated by a sinusoidal signal or a random signal is very similar in these cases.

In the simplest case of the tone-tone modulation, the amplitude modulation index
m expressed by equation (5) or the frequency modulation index expressed by equation
(7) are the measures of modulation intensity. Quantities defined in this way cannot be
directly used in the case of modulation by a random signal since the amplitude of
a random signal is unspecified. Therefore, in the AM case, quantity mgys, expressing
the ratio of effective values of modulating and carrier signals (Knoch and Ekiert,
1979), was used as the measure of modulation intensity:

0-2

In the FM case, on the other hand, quantity frys expressing effective index of
frequency modulation was used as the measure of modulation intensity:

Brus = k,0/w,,, (10)

where o is the effective value of a random signal.
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4. Method

The two-alternative forced choice method (2AFC) with Levitt’s adaptive
procedure, Levitt [8] was used. The subject listened monaurally to a pair of signals
in a random order. One of them was a reference signal — a simple tone without any
changes and the second one a test tone i.e. it a sinusoidal — signal. The subject’s
task was to indicate the modulated signal. Modulation intensity (i.e. m in AM
signals or f in FM signals) was increased 1.5 times each time after an incorrect
answer or decreased 1.5 times after two successive correct answers. No feedback
was used. This procedure tracks the point on the psychometric function correspon-
ding to 71% correct (Levitt, 1971). A single measurement was finished after
obtaining 12 turnpoints. The threshold value from a single measurement was
calculated as the arithmetic mean value of the modulation index at the last eight
turnpoints. The results presented in this paper are mean values of ten separate
measurements. Four subjects with an audiologically normal hearing took part in the
investigations.

The signals were generated by a computer through a 12-bit digital-to-analog
converter. The duration of each signal was 1500 ms, including rise and decay times
equal to 100 ms each. A time interval between signals in a pair was 400 ms. During the
listening sessions subjects were in an acoustically isolated chamber and they gave
answers using the special keyboard.

5. Results of experimental investigations and their analysis

5.1. Thresholds of random amplitude and frequency changes

In the first part of investigations the detection thresholds of AM and FM for
a sinusoidal modulating signal were determined. The solid lines in Fig. 2 show the
results of experiments for four subjects AS, JT, WR and RP respectively. The
investigations were carried out for a sinusoidal carrier signal with frequency f,= 1000
Hz and a sound pressure level L .=70 dB.

As is shown in Fig. 2 the increase in a modulation frequency between 4 and 64 Hz
causes insignificant increase in the thresholds of the amplitude modulation. For
a modulation frequency higher than 64 Hz a decrease in the threshold values can be
observed. This is associated with crossing of the critical modulation frequency. It is
proper to add that it is a very important moment in which the transfer of spectral
sidebands beyond the critical band associated with the carrier frequency takes place.
Thresholds for detecting AM obtained in this paper are in the good agreement with
those obtained by Zwicker [24] and GoLDsTEIN [6].

Analogically, the thresholds for detecting FM for a sinusoidal modulating signal
were measured. The physical parameters of the carrier signal were analogous to those
of AM case. The solid lines in the right column of Fig. 2 show the results of these
investigations.
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Fig. 2. Thresholds for detecting amplitude and frequency modulation for subjects AS, JT, WR and RP for
the carrier frequency of f,=1000 Hz. The number of the random modulating signal is a parameter of the
data.

In the case of FM the increase in modulation frequency causes a regular decrease
in the threshold values. The expression of thresholds in the values of the frequency
modulation index does not show the existence of any characteristic point connected
with the critical modulation frequency. However, this way of data presentation
confirms the existence of the nonaural phase effect (it is the range of the modulation

frequency where AM and FM thresholds expressed in appropriate indexes differ from
cach other). When the FM thresholds are expressed as a just noticeably deviation,
their dependence on the modulation frequency is completely different (Ozimex and
Sk [17]), and is similar to those of AM thresholds versus the modulation frequency.
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The local maximum which can be seen for the effect described above is connected with
the critical modulation frequency (CMF).

The results described in this paper are in agreement for all listeners participating
in the experiments. They are also in agreement with results obtained by Zwicker [24]
and GoLDSTEIN [6].

In the main part of the investigation the thresholds for detecting random
amplitude and frequency changes of a simple tone were measured. The investigations
were carried out for five different realizations of a random modulating signal (see Fig.
1) and their results are shown in Fig. 2. The thresholds for detecting random
amplitude changes and random frequency changes versus the modulation frequency
are shown in the left and right column of Fig. 2 respectively. The number of the
random modulating signal is a parameter of the data. According to the discussion
enclosed in Section 3, AM and FM thresholds are expressed in the root mean square
values of appropriate modulation indexes i.e. frys and Mpys.

The data in Fig. 2 reveal that the thresholds for detecting random amplitude and
frequency changes are similar to analogous thresholds for detecting periodic changes
of physical parameters of the signal. Furthermore, AM and FM thresholds obtained
for all modulating signals used are similar. This means that the number of the random
modulating signal does not affect significantly the threshold values. This statement
was confirmed by a result of a analysis of variance, that was conducted to this data.
There was no significant difference between thresholds for detecting either AM or
FM that was obtained for different modulation random signals (R,..R,). It is worth to
point out that this agreement suggests that the thresholds are independent of the
temporal structure of the modulated signals. In other words, the temporal order of
successively occurring changes of amplitude or frequency does not play an important
role in the processes of changes detection. The appropriate modulation index i.c. the
amplitude modulation index m in the AM case or the frequency modulation index
p in the FM case is the factor which determines detection of any changes.

In the second part of the analysis of variance a comparison between the thresholds
obtained for periodic and random changes was made. Taking into account the
agreement of the thresholds for detecting either AM or FM for all random
modulating signals, the mean values of these thresholds were calculated across the
modulators R,...R,. These mean values were compared with analogous thresholds of
the periodic changes. Based on results of this analysis it can be stated that there is no
significant difference between thresholds for detecting periodic and random amp-
litude and frequency changes.

It is worth to point out that the agreement of the threshold values of random and
periodic changes was stated for both amplitude and frequency changes. It allows to
assume that the thresholds for detecting amplitude and frequency changes produced
in the appropriate modulation process (i.e. AM or FM) are independent of the
character of the modulating signal. The thresholds expressed in a root mean square
values of the appropriate modulation indexes are in agreement for these modulating
signals independently of the type of modulating signal.
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3.2. The critical modulation frequency

The thresholds for detecting AM and FM were a starting point for calculating
CMF. The critical modulation frequency is a characteristic value of the modulation
frequency for which the detection thresholds of AM and FM expressed in appropriate
modulation indexes (i.e. m and f) reach the same values. In other words, the ratio f/m
reach value equal to 1 in a point called CMF.
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Fig. 3. An example of the curve illustrating the dependence of the B/m quotient on the modulation frequency
for the carrier frequency of f, = 1000 Hz. The number of the random modulating signal is a parameter of the
data.

In order to obtain the value of CMF for particular carrier frequencies and
modulating signals, the thresholds for detecting AM and FM were expressed
as f/m quotients versus the modulation frequency. Figure 3 shows an example
of the curve obtained for subject RP, for the carrier frequency of f,=1 kHz.

The quotients expressed in logarithmic units are linearly correlated with the
modulation frequency, but only in the case when B/m < 1. The data satisfying
this condition were subjected to a linear regression analysis. As a result of
this analysis two coefficients describing the straight line, which was the best
approximation of experimental results, were obtained. The values of these coefficients
were used for calculation of a value of CMF.

Having the evident form of the function which was the best approximation of the
experimental data the values of CMF for both sinusoidal and random modulating
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signals were calculated. The CMF values obtained for the same carrier frequency
differed from each otner for different random modulating signals. This was the
reason for which these values of CMF were subjected to an analysis of variance. The
main aim of this analysis was to check up whether the CMF values obtained for five
different modulating signals do not differ significantly. As the result of this analysis it
can be stated that the random modulating signal (from the set of R,...R,) did not
significantly influence obtained values of CMF. On this basis one can be stated that
the temporal structure of the modulating signal amplitude changes, which determines
the temporal order of both amplitude and frequency changes (in the case of AM or
FM respectively) does not significantly affect the CMF value. This fact allowed to
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Fig. 4. The dependence of the critical modulation frequency on the carrier frequency for subjects AS, JT,
WR, RP respectively, The number of the random modulating signal is a parameter of the data.
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average the CMF values obtained for random modulating signals R,...R, and to
make a comparison between the mean value and the CMF value for the sinusoidal
modulating signal. As a result of this analysis it can be stated that CMF obtained for
periodic and random modulating signals do not differ significantly.

This conclusion enables to state that the character of amplitude and frequency
changes of the sinusoidal signal (i.e. whether the changes are periodic or random)
does not significantly affect the CMF.

One of the most important relation that was attempted to determine in the
investigation was the dependence of the critical modulation frequency on the carrier
frequency. Experiments concerned with determination of this relation were carried
out for the carrier frequency equal to f,=125 Hz to 4 kHz in octave steps and for the
sound pressure level of L.=70 dB SPL. In the investigation sinusoidal and random
signals described above (R,...R,) as modulating signals were used.

Results of the investigation were shown in Fig. 4 for subject AS, JT, WR and RP.
The type of the modulating signal is a parameter of the data. Filled circles and solid
line represent CMF values obtained for sinusoidal amplitude and frequency changes
whereas open symbols represent data for random amplitude and frequency changes.

As can be seen in Fig. 4 results obtained for four subjects are in the good
agreement. They are in the good agreement with Sciorer's [21] and Zwicker’s [24]
results, too. The initial increase of the carrier frequency to about 1 kHz causes a slight
increase of the CMF values from about 25 —40 Hz to about 50 — 70 Hz. The analysis of
variance that was conducted to these data allowed to state that the carrier frequency, if
its value is no greater than 1 kHz, is not the factor that affects significantly the CMF
values. An increase of the carrier frequency above 1 kHz causes a considerable
increase, the CMF values from about 50— 70 Hz for f,=1 kHz to 250—400 Hz for
f.=4 kHz.

It is worth to point out that dependencies of the CMF on carrier frequency for
periodic and random amplitude and frequency changes are almost identical. Thus, it
seems, that change of the carrier frequency in the range (0.125—4) kHz did not affect
considerably on the differences of CMF values for sinusoidal and five random
modulation signals.

These facts support earlier thesis that the character of the modulating signal (i.e.
whether it is periodic or random) does not significantly influence the critical
modulating frequency.

6. Discussion

The investigations carried out concerned determination of the thresholds of random
amplitude and frequency changes and on this basis CMF values were calculated. The
perception of random changes of physical parameters of the signals is rather a new
problem in psychoacoustical investigations and the literature on this problem is scarce.
Random amplitude and frequency changes are dominating in the real signals. Periodic
changes of these parameters appear very seldom and their duration is very short.
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Results of the experimental investigations performed in the paper were obtained
for the selected class of the random modulating signals. They were characterized by
constant frequency and randomly changing amplitude from period to period. Thus,
in the modulated signals the modulation frequency was constant but quantities
connected with intensity of modulation were randomly changed (i.e. m in the AM
case and f in the FM case).

Detection thresholds of AM and FM as a function of basic parameters of carrier
and modulating signals were determined in the first part of the paper. The results of
investigation allowed to state that detection thresholds for both random and periodic
amplitude and frequency changes are very similar. Five different random modulating
signals were used. The signals were realizations of the same random (gaussian)
process and they only differed in temporal order of successively occurring maxima
and minima of amplitude. For these signals detection thresholds were almost equal.
Thus, it seems that time structure of modulating signal did not influence the
threshold. Besides, it was shown that detection thresholds of random amplitude and
frequency changes are close to analogous thresholds of periodic changes of amplitude
and frequency.

On this basis it can be stated, that the detection of random and periodic changes of
physical parameters of the signal is governed by similar mechanisms. It allows to
generalize literature data concerning periodic changes of amplitude and frequency on
random changes. Similar conclusions were presented earlier (OziMex and Sk [18],
Sex and Ozimek [23], and Sgk [22]) for both the detection thresholds and difference
limens of AM and FM.

Obtained thresholds allowed to calculate critical modulation frequency (CMF). It
was stated that CMF is an increasing function of the carrier frequency. Such relation
was observed earlier by ScHorer [21], but for periodic changes of amplitude and
frequency only. It was also stated that CMF does not depend on a type of modulating
signal. Thresholds of amplitude and frequency changes were identical to one standard
deviation accuracy for both random and periodic modulating signals. It is one of the
most important conclusions of the paper and it allows to state that the character of
amplitude and frequency changes of a signal (i.e. whether they are periodic or
random) do not play an important role for detection of these changes.

However the critical modulation frequency is the limit of the monaural phase
effect (MPE) in the frequency domain, (Matees and MiLier [9]). Results of
experiments carried out allow to state that the range of appearance of the MPE in the
frequency domain does not depend on the character of the amplitude changes of
multi-tone components. The range of appearance of the MPE is an increasing
function of the carrier frequency.

The measurement of the critical modulation frequency is one of the methods of
determining the width of the critical band, Zwicker and Fasrr [25]. It is a very suitable
tool for estimating the critical bandwidth in particular at low frequencies not exceeding
2kHz Scrorer [21], Zwicker and FastL[25]. Thus, on the basis of the CMF values, the
widths of the critical band for all carrier frequencies were calculated. Figure 5
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Fig. 5. The comparison between critical bandwidth obtained on the basis of the CMF values calculated for
periodic and random amplitude and frequency changes and data presented in literature.

summarizes results for the periodic modulating signal (averaged for four subjects)
and for random modulating signals (averaged for signals R,...R; and for subjects).
Results obtained by Zwicker [24], Scuarr [20] and Sceorer [21] are also shown in
Fig. 5.

This comparison of selected literature data with results included in the paper
allows to state that the critical bandwidths obtained in the experiments are fully
compatible with Sciorer’s [21] results, because in both paper the same method was
used. As can be seen results of critical bandwidths presented are slightly smaller than
results of Zwicker and Fastr [25] and Scuarr [20] especially for carrier frequencies
smaller than 1 kHz. Results obtained by Zwicker and FastL [25] and Scuarr [20] are
mean values calculated on the basis of several methods of determining the critical
bandwidth.

The critical bandwidth is a very important element of the several models of the
perception of acoustic signals, (MAIWALD [15], GoLpSTEIN [6], FLORENTINE and Buus
[4]). It is usually identified as the width of the auditory filter. An alternative attempt
to those models is the Moore and Grasser [11] model. An essential element of this
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model is auditory filter whose equivalent rectangular bandwidth (ERB) can be
calculated based on the formula described by Moore and GLAsBerG [11]. In Fig. 5 the
ERB values were also shown as a function of their center frequency. As can be seen
for the lowest frequency the ERB is almost by a factor of 2 smaller than the critical
bandwidth calculated based on the values of the critical modulation frequency
obtained in the paper.

It is worth to point out that using random modulating signal did not influence
considerably the critical bandwidth. Similar statement can be found in Sex and
Ozmex’s [23] and Sex’s [22] papers concerned with thresholds for detecting AM and
difference limens of modulation. The base measurable quantities such as detection
thresholds of amplitude changes (Sek [22]), detection thresholds of frequency changes
(Ozimex and Sk [17]), difference limens of AM and FM (Sgk and OziMEK [23]) do not
depend on the character of the modulating signal (i.e. whether it is random or
periodic). The above conclusions enable to confirm earlier thesis that the kind of the
signal physical parameter changes does not significantly influence the perception of
acoustic signals. Thresholds, difference limens, critical modulation frequency and
quantities connected with CMF do not depend on the character of amplitude and
frequency changes.

7. Conclusions

The tesults of the investigations enable the formulation of the following conclusions:

1. Threshold for detecting random amplitude and frequency changes are very
similar to the analogous thresholds of periodic changes.

2. The critical modulation frequency (CMF) is an increasing function of the
carrier frequency.

3. Psychoacoustically measurable quantities such as the detection thresholds,
difference limens of modulation, the critical modualtion frequency and quantities
connected with it (i.e. the critical bandwidth, the range of occurrence of the monaural
phase effect) do not depend on the character of the modulating signal i.e. whether it is
periodic or random.

4. The detection of both random and periodic changes of the signal amplitude and
frequency is governed by a very similar mechanisms.

The work was supported by State Committee for Scientific Research, project number
2 0910 91 01.
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PROBLEM OF EXCESS ATTENUATION IN ACOUSTIC MEASUREMENTS
OF GAS BUBBLE CONCENTRATION IN THE SEA
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This study is aimed at describing the possible errors in the acoustie estimation of gas
buble concentration in the sea made by the assumption of the first order scattering
approximation, i.e. by neglecting the interaction between individual bubbles enclosed in the
water column. An experimental method of counting the bubbles is sketched, results are
presented and two different ways of taking into account the excess attenuation in bubbly
medium are used for correcting the bubble number, the results being compared. The problem
of bubble swarms in the vicinity of the transmitter is also considered.

1. Introduction

Hydroacoustic methods based on the phenomenon of backscattering of the
acoustic energy in the sea water are widely applied in the oceanic investigations,
especially in estimating plankton and fish biomass. It is usually assumed that the
number of scattering objects is small enough to enable the neglecting of the
interaction between scatterers, what is connected with the neglecting of the excess
attenuation and multiple scattering. In the majority of cases such assumption is valid,
but this problem should be considered in each individual case. Usually the deter-
mination of gas bubble populations in the sea water is also based on the first order
scattering approximation and this simplification can produce some significant errors.

2. Sound backscattering as a method of counting bubbles

One of the methods of determination of gas bubble density in the sea water is
based on the interrelation between the measurable volume backscattering strength
and the number of resonating bubbles [1], [3]. Sound pulse coming upon the single
bubble makes it radiate the secondary spherical wave which returns to the receiver as
the backscattered sound. Because bubbles are randomly distributed in the water
column, scattering is assumed to be incoherent — the total intensity of backscattered
sound is a sum of intensities originating from the individual bubbles. If the number of
bubbles in the medium is small (i.e. the average distance between them is large in
comparison with their size), it can be assumed that backscattered wave hits
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immediately the receiver without being scattered and attenuated by other bubbles.
Then the sonar equation for volume backscattering has a well-known simple form [1]:

S ctyp

IM:(Z»—ZO)Z o (l)

where ,, — intensity of the backscattered signal (echo intensity), /, — intensity of the
emitted signal on the acoustic axis at a distance 1 m from the source, ct — spacial
length of a pulse, y, — integrated beam width factor, z, — depth of transducer,
z — actually penetrated depth, S,, — volume backscattering coefficient.

This formula is traditionally used for the determination of the number n of
scattering objects, provided that the backscattering cross section o, of the individual
scatterer is known, S,,=no,,.

If, on the other hand, the number of bubbles is so large that multiple scattering
can not be neglected, the sonar equation must include the attenuation factor:

I ctyp 2
AR (z_';o)z She 2"" exp(v—ZiS,(z) dz), 2)

where S, is the volume extinction (scattering + absorption) coefficient.
In bubbly medium the backscattering coefficient S,, and the extinction coefficient
S, are expressed in the following way [1]:

_ ™ n(ag,2) a(2)

Su= ©)
R
S, = 2n?n(ag, z) ag(z) 2 2n?n(ay, z) ag(z) , @
o,r k

where ap — resonant bubble radius (for air bubbles in water a, [um]=23280(1 +
+0.1z)V?/fTkHz]), f— incident sound frequency, 5, — resonant damping constant of
individual bubble, J,g =ka, — resonant damping constant due to reradiation only,
k — wave number, n(ag, z) — number of resonant bubbles of radius between a, and
agp+1pm in 1 m? of water at the depth z.

It can be seen (Eq. 1) that the measurement of the echo intensity allows to
determine the backscattering coefficient S, as a function of depth. Subsequently,
knowing the values of S,,, we can deduce the values of n(ag,z) calculating previously
values of ag(z) and dg(z) (Eq. 3). Damping constant § can be easily evaluated; it
depends on the frequency of incident sound, bubble radius, depth and some
physico-chemical gas and water constants [1].

3. Results of experiment

Our measurements of gas bubble concentration were carried out in the subsurface
layer of the coastal zone of the Baltic Sea [3]. By sounding at frequencies 80, 63, 50
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and 40 kHz we could infer vertical profiles of the number of bubbles with
radii 40—100 um. Evaluation of gas bubble density was based on the equations
(1) and (3) according to the assumption of single scattering. The data recorded
in the shallowest layer [z, z,] were useless because of ringing in the tras-
mitting-receiving transducer; the data from the greater depths (z>zy) were
also useless, because the noise level was reached (at different depth z, for
different frequencies), so only the midrange data from the interval [z,, zy]
were considered. Fig. 1 shows the obtained number of bubbles resonating at

logn

1 1 1 1 1 1
0? 2 3 4 zlml

Fig. 1. Vertical profiles of the concentration of gas bubbles resonating at various frequencies used in
experiment

different frequencies as a function of depth. It displays the increase of bubble
density when the bubble size decreases (bubble radius is inversely proportional
to the incident sound frequency). Taking values n(z) for the given frequency
and chosen depth levels one can find the dependence of bubble number on
the depth of their occurrence n(z)=Aexp(Bz). The coefficients 4 and B depend
on the productivity of bubble source and on the intensity of turbulent mixing
in the subsurface water layer connected with the dynamical meteorological
conditions. By the linear regression method we have found the following values
of the coefficients 4 and B.

Table 1
f1kHz] A B
40 24-104 —2.40
50 1.2-10° —~295
63 2.0-10° 2287
80 2.1-10% —2.34

These regression lines are depicted as curves 1 in Fig. 5.
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Choosing the values of n(f,z) for particular frequencies and selected depth levels, it
is possible to determine a functional dependence of the number of bubbles both on
the depth and on the bubble size. Approximation by a linear two-variables regression
method gave the following relationship:

n(a,z) = 2.35- 101~ *%Texp( —2.28z), &)

where the radius a was expressed in micrometres, the depth z in metres and n(a,z) was
the number of bubbles of radii [a,a+ 1 pm] in 1 m?* of water. Forumula of such type is
indispensable for mathematical modelling of numerous oceanic processes involving
gas bubbles.

4. Second order scattering effects

In order to examine the effect of neglecting of the multiple scattering (and,
consequently, the excess attenuation) we denote by n the number of bubbles inferred
from the experiment (first order scattering approximation) and by N the real bubble
number. Sound extinction due to bubble aggregations in the depth interval [z,,z] is
described by the exponential factor E:

E(zy) = exp( = ; S,(z) dz). 6)

The integral in (6) can be separated into terms associated with individual sublayers
. determined by the sampling frequency f, (f;=45 kHz, 4t=f,!, 4z=cA4t/2=1.62 cm).
If we assume that S, is constant in each individual sublayer, the integration can be
replaced by the summation. By inserting the expression (4) for S, we obtain:

zl z: zﬂ 2 -N"l
[ S(2)dz=[ S (2)dz+ ... + | S,(z)dzzz%.dz IIN(z_,)aﬁ(zJ). )

1 1 zl—l j=

At the beginning we know nothing about the attenuation and we infer the number of
bubbles n(z,) using the first order scattering approximation; then we use N(z,)=n(z,)
to calculate the attenuation factor E(z,) in the first sublayer, which influences the
determination of the bubble number in the second one. In the next stage we correct
the measured concentration n(z,) by the attenuation factor from the preceding
minilayer according to the general formula

N(z) = E"Y(z;-)n(z), (8)

and we calculate the attenuation in the second sublayer, i.e. the correction factor for
the next minilayer. Such adaptive processing is conducted for each next sublayer up to
the depth zy. Corrected bubble concentrations can be described by the curves
N(z)= A exp(B,z) with the following coefficients:
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Table 2

/[kHZ) A4, B,
40 1.5-10¢ -213
50 8.4-10* “an
63 1.6-10% ~2.34
80 1.7-108 =243

The formula analogous to (5) takes the form
N(a,z)=3.26-10"1g~ 382 exp(—2.03z) )

Comparison of the exponent coefficient in Tables 1 and 2 as well as in formulae (5)
and (9) shows a decrease in the absolute slope of the regression lines for the corrected
concentrations related to the original ones. This fact is also manifested in Fig. 5.

N/n

63 kHz

15

1
10 - 4 zlm)

Fig. 2. Correction factor for the bubble number obtained directly from experiment.

The dependence of the correction factor E~ ! on depth is depicted in Fig. 2. Its
value for f=63 kHz is higher than for =80 kHz, and for /=40 kHz it is higher than
for f=50 kHz. It is connected with fact that the attenuation coefficient S, depends
both on the bubble density, which rises with increasing frequency, and on the bubble
size, which falls (Eq. 4). Bubble concentrations for the frequency pairs mentioned
above differ less than the third power of the respective bubble radius and this is the
reason for the observed effect.

Another approach to the problem of neglecting of the multiple scattering is
presented by DaLeN and Lovik [2]. They simplify this problem by assuming S,=No,,
what gives the attenuation factor in the form

exp(—Z_[Na',dz),
0

where g, — extinction cross-section of the individual resonant bubble. Formula (8)
leads to the following equation:
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N(z)=n(z) exp (2 }N g, dz). (10)

Differentiating (10) with respect to z and multiplying both sides of this expression by
n leads to the Bernoulli equation. Its general solution shows that the real number of
bubbles N depends on the functional form of n deduced from the mesaurement.
Applying the formula n(z) = Aexp(Bz) and assuming that o, is constant provides the
particular solution:

NG) _ 1 ‘. 1 . -
e 1—20, A [ exp (Bz) dz fars ke - 1

Following this approach and applying our formula for extinction factor (6) we avoid
simplifications made by DaLeN and Lovik [2]. In our case the solution is:

N(iz) 1

e 28 £y (12)
iy AT 4”k‘4 j aj(z)exp(Bz)dz

The value of the integral in the denommator can be calculated analytically using
additionally the depth dependence of ag, ag(z)=az(0) (1 +0.12)V2

:f:(l +0.1z)exp(Bz)dz= % {[1 +0.1 (zn—%)}exp (Bzy)— [l +0. 1(:1 —::})]exp(le)}.

The results of these calculations for individual frequencies are displayed in Fig. 3.

Because of the exponential decrease of the bubble number with increasing depth, the
ratio N/n reaches the terminal value at some depth dependent on the intensity of
turbulent mixing (expressed by the coefficient B). For higher frequencies used in
experiment the z, value is large enough to make this phenomenon easily noticeable (Fig.
3). A linear regression curves N(z) = A4, exp(B,z) computed for values obtained from last
estimation have the following coefficients 4, and B, coefficients A, and B,:

Table 3

fkHZ] A, B,
40 1.6- 104 —-2.14
50 9.0-10* —2.74
63 1.7-10° —2.34
80 1.7-10° ~913

A two-variables regression gives
N(a,z) = 3-10" g™ 38%exp(—2.03z). (13)
Since the function (12) has the form 1/(1 — x), its physical sense is limited to the region

x < 1.Itis noteworthy that for x « 1 the function exp(x), i.e. N/nin formula (8), and the
function 1/(1 —x), i.e. N/nin formula (12), have the same first order Taylor expansion:
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Fig. 3. Correction factor according to formula (12).

14+ x. In fact, for small extinction both of these two estimates are very similar
(compare frequencies 40 and 50 kHz in Figs. 2 and 3), but for greater values of
attenuation these estimates diverge (frequencies 63 and 80 kHz in Figs. 2 and 3). It
means that the method of Dalen and Lovik is strictly limited to the case of small
attenuation, i.e. not too large bubble concentrations. It is, however, very simple in use
(provided that an introductory calculation of the function n(z)=Aexp(Bz) on the
basis of directly measured values 7(z) is made). The direct estimation method is more
laborious but it seems to be more accurate.

3000}

20001

1
zlml 25

0!5 : : ; : ZIG'

Fig. 4. Number of bubbles resonating at frequency 63 kHz in a chosen small interval of depth, (1)

_ obtained from experiment, (2) — after direct correction (Eqs. 6 —8) and its (3) — total regression and (4)
— local regression, (5) — corrected according to Eq. (12).
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Differences between the original and variously corrected bubble concentration
curves on the background of the dynamics of bubble number changeability are too
slight to be visible in a logarithmic scale in the entire depth interval. So, as an
example, we display in a linear scale only a 1 m depth fragment of the density of
bubbles resonating at 63 kHz, where all stages of our analysis are presented (Fig. 4).
Both the total regression curve 3 and the curve 5 in this picture seem not to be fitted
well to the corrected set of data curve 2, because they concern not only this small
depth interval, but the entire one.

5. Gas bubbles in the direct vicinity of the transducer

It was mentioned before that the signal recorded within the first few hundreds
microseconds was not processed because of ringing in the transducer. Nevertheless,
this signal is going through the bubbly medium and in all probability it is attenuated,
so in fact the first recorded value is weakened by bubbles in the layer nearest to the
transmitter. Magnitude of this extinction is unknown but it should be significant
because of bubble abundance in this area. It can be evaluated by extrapolation of the
function N(z)=4, exp(B,z) up to the source depth and calculation of the sound
attenuation in the interval [z, z,]. We can see from Fig. 4, however, that total
regression line in the shallowest layer runs remarkably higher than the experimental
curve, so an additional regression computation for the first 0.5 m is needed. In fact
such local regression gives more realistic values of bubble concentration in this region
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Fig. 5. Regression lines for concentrations of bubbles resonating at frequencies used in experiment: (/)
obtained directly from the first-order scattering experiment, (2) corrected according to Eqs. (6—(8) and (3)
finally corrected by a factor , describing the extinction in the direct vicinity of the transducer.
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(Fig. 4). By extrapolating these new curves towards the source depth we have
obtained the following values of the excess attenuation «, in the interval [z, z]:

Table 4

f[kHz] 40 50 63 80
%, 1.85 3.10 508  13.94

It means that the neglecting of the first part of the backscattered signal leads to
underestimation of bubble number. So the obtained bubble concentration functions
should be multiplied by the factor «,. Finally, the corrected bubble densities together
with the regression lines for the original (Table 1) and the corrected (Table 2) sets of
data are shown in Fig. 5. It can be seen that the underestimation error increases with
increasing sounding frequency.

Sounding upwards from the bottom to the surface seems to be the best solution to
this problem. It allows us to avoid the problem of rather dense layer of bubbles
occuring in the direct vicinity of the transmitter that is not considered because of the
technical break caused by switching the working mode from transmitting to receiving.

6. Summary

To sum up, we have obtained some experimental results concerning gas bubble
populations in the coastal zone of the Baltic Sea. The problem of using the first order
approximation (neglecting of the multiple scattering) has been considered, and it was
shown that this assumption results in vital underestimation of the number of gas
bubbles. The maximum underestimation error varies between 30% and 73% (Fig. 2).

Gas bubble concentrations obtained by the assumption of single scattering should
be corrected by a factor connected with the multiple scattering, i.e. excess attenuation
in bubbly medium, and by a factor «, describing the extinction in the bubble layer in
the direct vicinity of the transducer (Fig. 5). The higher the frequency is, the greater
the factor o, becomes. Starting with the value 1.85 for f=40 kHz it reaches the value
13.94 for /=80 kHz.
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ACOUSTIC SIGNATURES OF ORGANIC FILMS
FLOATING ON THE SEA SURFACE

S. J. POGORZELSKI
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University of Gdansk

A spectrum of low-frequency amplitude fluctuations of the ultrasonic signal specularly scattered from
a wind-driven water surface covered with monomolecular crude oil origin film of well-defined oceanograp-
hically relevant viscoelastic properties, was examined in open-sea conditions. The depression of the spectral
energy density of wind-created waves by surface films is inferred from the spectra ratio of the acoustic signal
fluctuations spectra with/without films, and compared to that predicted by the Marangoni damping theory.
Theoretical computations showed that the film filling factor determined for natural sea surface films in
coastal waters of the Baltic Sea plays a principal role in determination of the film rheological properties
recovered from the acoustic surface probing, whereas a variation of the growth rate of wind waves affected
by the film presence is of secondary importance. It has been demonstrated that the relative spectra can be
analyzed to characterize the viscoelastic properties of surface films, which for a gasoline film-coated surface
turned out to be comparable to these of natural slicks or weathered crude oil spills.

1. Introduction

Organic sea surface films of biogenic origin are particulary predominant in coastal
zones [1]. They modify the physics and chemistry of the sea surface and influence
remotely sensed optical and microwave imagery [2, 3]. In addition to these natural
films or slicks, we find pollutant organic slicks from petroleum spills or municipal
effluents [4]. The numerous effects of surface films on air-sea interfacial parameters
and exchange processes have been reviewed by GARrerT [3]. One of the most visible
and sensible film-induced effects is the attenuation of capillary and short gravity
waves. The wave-damping effect [S, 6] which results in a strong resonance-type
surface wave damping in the short gravity-capilary region [7] as shown in Section 2.
A complete treatment of this problem also involves the physical and chemical
properties of the film itself [8]. The result is a resonance-type behaviour of the relative
damping coefficient Y (f)=a,/a, as a function of surface wave frequency. Here o,
denotes the viscous damping coefficient in the presence of an elastic film, and o,
denotes that of a clean water surface. [9]. The damping ratio can be also extracted
from the wind-driven waves spectra (see Sec. 3) measured in the presence S, (/) and in
the absence S, (f) of a films as a spectral ratio: Y()=So(f)/SAf), as shown in Ref.
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(10, 11]. It has to be pointed out that this relation is valid only in the extreme case of
the aerodynamically smooth air flow over the wavy surface [12] and if the surface is
uniformmly covered with the film [4]. In general, three mechanisms may contribute to
surface wave energy dissipation in the film presence: a direct damping influence
(viscous damping), modification of wind-wave coupling [13] and modification of
wave-wave interactions [14]. The spectra ratio which describes in a quantitative way
the film effect is postulated in a form containing terms responsible for surface waves
damping and their growth (see Section 2). Moreover, the spectra ratio of wind waves
with/without organic films may be expressed by the corresponding ratio of
low-frequency amplitude fluctuations spectra of the ultrasonic signal speculary
scattered from a wavy surface, as shown in Section 3. Thus these relative spectra can
be analyzed to characterize the viscoelastic properties of the spread film using
a recently developed Marangoni damping theory. A variation of the growth rate due
to the film presence can be evaluated on the basis of the aerodynamic parameters of
the air-sea interaction process (see Section 4). These parameters were determined by
numerous scientists [15—17].

Natural surface film studies were performed in shallow coastal waters of the Baltic
Sea using a novel sampling device [18] for determination of principal structural film
parameters (elasticity modulus, film filling factor) affecting to a great extent (compare
Section 4), acoustic returns of signals scattered from film-coated surface. Rheological
surface properties of an artificial crude oil product were recovered from acoustic
surface scattering measurements (see Section 5) by means of the Marangoni damping
theory and the best-fit procedure to the data. The parameters characterizing the
model slick and its damping signatures are compared to the wave-damping abilities of
several artificial organic films of different physicochemical structure. The present
study was mainly motivated by the interest in the acoustic signatures of a wave
damping effect caused by organic films. One of the aims is also to present a novel
acoustic system for continuous measurement of wave-modulating effect from beneath
the surface. The presented results are encouraging, however a great deal of
supplementary current, meteorological observations and theoretical evaluations will
be required to provide the basis for a more detailed interpretation of the acoustic
signals in terms of environmental factors in order to develop remote sensing
techniques suitable for studies of oil slick behaviour.

2. Surface film damping effect and wind velocity field above slicks

It has already been postulated in previous publications [19, 20] that at least three
mechanisms may contribute to surface wave energy dissipation in the presence of
a surface film: a direct damping influence (viscous damping), modification of
wind-wave coupling [13], and modulation of wave-wave interactions [14, 21, 22]. For
small slicks (of the order of tens of meters) and/or light to moderate winds, the
situation is not so complicated [9]. In this case one can consider that the influence of
the film on short-wave ripples is determined mainly by the anomalous flattening of
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free linear surface waves in the presence of SA (surface-active) film [23] which exceeds
considerably a conventional viscous attenuation and becomes especially apparent in
the centimetr-wavelength range. The first experiments with such slicks verified this
assumption [24] at least, for a gentle breeze. The main physical mechanism
responsible for losses, in the absence of surface films, is viscous dissipation in the bulk
water. For small amplitude water waves, the viscous energy damping coefficient is
gives by the familiar expression [23]:

o, =4 vk?, (1)

where v is the water kinematic viscosity and k is the wave number related to the wave
frequency by the Kelvin dispersion equation. In the approximation considered it may
be written for a spectral energy density of wind waves affected by such losses S, [25]:

Su=0., 2

where S is the hypothetic steady state spectrum in the absence of any losses. When the
viscoelastic surface films are presented, expression (2) must be multiplied by
a corrective factor — the damping ratio Y (f) [5, 26].

1—21+ 20X+ Z (X +1)
1—21+ 202 2X+2X? °

Y(f)= 3)

where

ey __ER ,_Ek
f—(W‘ zw)uzs X_(sza)up Z= 4”’}'01’ (4)

are dimensionless quantities and f=w/2n = (Tk3/p+ gk)V?/2n is the Kelvin dispersion
law. In (3) and (4) T, p, and g are the surface tension, density of water, and
acceleration due to gravity, respectively. The constant characteristic rheological
parameters of the film used are: the dilational elasticity modulus E, = —dT/d(InI),
where I' is the surface concentration of a film, forming material. Gibbs excess [27] and
the characteristic frequency w,, which for spread (insoluble) films depends upon the
structural relaxation of SA molecules within the monolayer. The film and its
viscoelastic properties are completely characterized by E, and w, parameters which
are assumed to be slowly varying functions of frequency. Their evaluation changes
according to whether the film is soluble or insoluble [2]. Graphically, for each choice
of E, and w, parameters, the relative damping Y (f) plots versus frequency as
a cuspidate curve. The frequency where the peak occurs is essentially controlled by
the value of E,, while the peak height Y,,,. (damping intensity) is determined by w,.
The apparatus and method for determining these parameters as well as their physical
meaning and the values taken have been already described and discussed in detail
elsewhere [28]. In brief, a measurement of the pattern Y (/) may lead to characterizing
the nature of the surface film and its wave-damping ability as shown in Ref. [9, 29].
Thus the evaluation of the effect of surfactants upon S(f) requires a comparison of
the spectrum in the absence S, (f) and in the presence of SA substances S(f) all other
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parameters remaining the same. The low amplitude theory mentioned above suggests
the adoption of the provisional formula [2, 10, 11, 30]:

Y () = So(N/Sc (- &)

It has to be pointed out that the ratio of the spectral energy densities (non-
slick/slickarea) defined by (5) is assumed to be equal to the relative damping Y (f)
only in the limiting case of a smooth air flow arround the sea surface i.e..
Reynold’s number R,=hu,/v,<1 where h is the effective roughness height, u_ is
the friction velocity, and v, is the kinematic viscosity of air [12, 21]. In general, the
relative damping should not be directly interpreted as corresponding to the depres-
sion in the spectral energy density S,/S, of surface waves as follows from Egs. (3),
(4) and (5). It would be so if the film were uniformly distributed over the surface.
However, during the period of the experiment, the film may be partially dispersed
by an air flow, waves and tidal currents, so that the surface under study is only in
part covered with the viscoelastic film. In this case one shall introduce a fractional
filling factor [4, 10, 11, 31] i.e. F — the ratio of the area covered with a film with
respect to the total area comsidered and write for the effective damping ratio
Y, (f) the following expression:

1
— F+(FIY(f))’

where Y (f) is given by Eq. (3). FisceLra ef al. [11] have shown that when the radar cell
is not uniformly covered by the film, the depression of the spectral energy will be
significantly smaller than that expressed by (3) even for a surface coverage of 95%
(F=0.95).

Now, let us consider in detail how the wind wave spectrum is affected by the
Marangoni damping and the aerodynamical roughness change of the sea surface,
both caused by the film presence. Generally, evolution of the wind wave spectrum is
governed by energy balance equation [32, 33]:

Yo () =7 ©)

d
7 SE)o k) = 0—0u + Qu- Y

One should determine how the film in the equation for the energy spectrum S (k)
modifies the components Q,, Qg ,, O, which describe excitation, dissipation and
nonlinear interactions of the spectral excitation, dissipation and nonlinear interac-
tions of the spectral components.

The wind wave spectrum is determined by the combined effect of a number of
factors. The first factor is the transformation of the wind velocity field over a slick
and, correspondingly, the variation of the regime of wind wave excitation Q,. Another
factor is the anomalous flattening of free linear waves in the presence of a SA film [23]
which exceeds considerably a conventional viscous attenuation (Q,;,). The resonance
excitation by the atmospheric pressure pulsations, PuiLip’s mechanism [34], and MiLes
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instability [35] are assumed to be the mechanisms of ripple excitation, and the viscous
damping taking into account the effect of a SA film, and the nonlinear limitation
described phenomenologically (e.g. due to the second harmonic generation in waves)
are assumed to be the mechanisms of limitation. The corresponding terms in the
right-hand side of Eq. (7) have the form [24]:

2
WQ =g I, + BOV) SO —aS ()—5 526, ®
pPw

where IT, is the pulsation spectrum of the atmospheric pressure, V is the wind speed,
B is the Mile's increment, a is the wave decrement as a function of a wave number k,
5 is the coefficient of nonlinear spectrum limitation. In the case when the interaction
between different spectrum components is neglected, it is assumed that there is
a balance between the excitation of ripples and their limitation for each wave number.
When the breeze is gentle (wind speed V'<2—5 m/s), the increment (V) is less
than o, and the spectrum level S (k) is low, one can neglect the last component in Eq.
(8) finding the stationary value S (k) from the balance condition of the other three

terms.
The author characterizes quantitatively the degree of the spectra variability due the
film presence by a contrast value S,(f)/S, (f). Then, supposing the spectrum of the air
pressure pulsation above the slick and nonslick region to be unchangeable, we have [24]:

%Y () —B (Vo)
au—ﬁ(VG) )

Subscripts ¢ and 0 denote that the corresponding values belong to the film-covered
and clean water areas, respectively. Since in the centimetre-wavelength range, the
decrement o, = «, Y (f) exceeds the value «, (by an order of magnitude if the film
elasticity is rather large), when calculation the contrast one can neglect the wind
variation above the slick (V,—V,)/V,~10—30% [13] and assume at low to
moderate winds f(V,) ~B(V,). Under these assumptions Eq. (9) reduces to the
previous formula Eq. (5). At wind velocities <2 m/s, the values of g in Eq. (9) can
be neglected; the contrast in this case is easily found from the ratio of decrements.
When calculating the contrast, the author used the empirical approximation for the
increment f§ given by Prant [36] which results from several growth rate experiments
showing a quadratic relation to the friction velocity of the wind u,:

SoNISA) = ©®)

_ (0.04+0.02) uzewcosd
= < >

(10)

for wind-induced growth rate over the frequency range g/2nV, to 20 Hz, where ¢ is
the wave phase speed and 6 is the angle between wind and wave directions.

The friction velocity of the air flow was determined from vertical wind profiles
measured above the water surface at a height of z as shown in Ref. [17]. The wind
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profiles over water film-covered surface differ from those of clean water, although
both profiles folow a logarithmic distribution. The friction velocity of the wind
u, = (t,/p,)"* where 1, is the wind shear stress and p, is the density of air, and the
roughness parameter z,, of the water surface can be derived from the wind profiles
near the surface by applying the following dependence:

V(2) = (u,/K)In(z/z,); (11)

where K is the Karman constant = 0.4. The equivalent wind speed at a standard
height z=10 m was extrapolated from Eq. (11). The aerodynamic drag coefficient ¢,
is defined as follows:

cd = Tqu Vlzﬂ o (H*/Vlo)z. (12)
The presented principle may be developed into an analytical method by applying an
acoustic remote sensor able to deduce spectra ratios (contrast) from acoustic

scattering measurements within a polluted and a non-polluted sea area, as postulated
in the next section.

3. Characterization of wind-driven surface using specularly scattered sound

The scattering coefficient will be defined here as the ratio of the received intensity,
when the acoustic wave is reflected by the surface under study, to the received intensity
when the wave is reflected in the specular direction by a plane surface. This definition
of the scattering coeffcient is equivalent to the scattering coefficient defined by
BeckmanN and Spizzichino [37], for electromagnetic waves. For a detailed discussion
about the scattering models applicable to microwave and acoustic scattering at rough
surface, the reader is referred to the review articles by OciLvy [38—40].

If the surface may be considered to be perfectly reflecting, as in an underwater
scattering from a water/air interface [41], it is now possible to simplify the definition.
In this case the intensity measured on the projector axis, at a distance equal to the
total path-length used in the scattering measurements, may be substituted into the
definition of the scattering coefficient for the speculary reflected intensity from
a plane surface. Since the scattered waves are essentially planar over the aperture of
the received, the intensity I, is determined from acoustic pressure measurements
p,(I,~p?). Assuming that the output voltage U of the hydrophone is a linear function
of the acoustic pressure (U~p,), the average value of the measured scattering
coefficient and/or relative intensity 4, (0,, 0,) is given by WELTON et al. [42].

N
Om (01, 6,) = X [U;(0;; 0,)2/ N Uy , 13)
i=1
where 0,, 0, the angles of incidence and reflection, U;(0;, 0,) is a single, independent
sample of the voltage amplitude for a given projector and receiver orientation, N is
the number of independent samples taken at a given orientation, and U, is the
projector on axis voltage over the same path-length used to measure U (0, 0,).
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The scattered field registered in a specular direction from an individual surface
may be regarded as composed of coherent and diffuse fields [43]. The smooth surface
scatters coherently into the specular direction, as expected, with a little scattered
energy away from close to specular.

The effect arises because of constructive interference between all the scattered
wavelets from all parts of the surface, in the specular direction. An increase in
roughness leads to energy being redistributed out of the coherent component into the
more widely spread diffuse field. As a consequence, the main lobe of the scattered
energy becomes weaker and the presence of diffuse field leads to significant
off-specular amplitudes. In the extreme case, for a very rought surface, there is now
only slight variation in signal amplitude with angle of incidence, as the scattered field
is totally diffuse and closely isotropic [39]. Coherent and incoherent contributions to
the total scattered field depend on the “roughness parameter” for the surface [44],
which for specular scatter (0; = 0,) is defined by Beckmann’s g parameter as follows:

Jg=4xn(h/2) cosb,, (14)
where h/A is the root-mean-square wave height/acoustic wavelength ratio.
The signals scattered from a very rough surface (i.e., g> 10) are incoherent and, as
shown in Ref. [40, 43], there is no coherently scattered field.
The limiting, specularly scattered, relative intensity for a very rough surface
(so-called "high-frequency” scattering) is given by the formula: [44, 45]

A
)=
Onr @) 32 (s*)R%cosb;
where R, is the distance between the transducer and the surface, 4 is the insonified
surface area, n=3.14..., {(s?) is the mean- square slope of the surface. The mean
square slope of the wind-excited water surface can be derived from the omnidirec-
tional spectral energy density S(f) of the surface waves as follows [21]:

(%) = Iszm df. (16)

As it can be from Eq. (15), the relative specular scatter for a rough surface in indepent
of the driving frequency and is a function only of the geometry of the experiment and
the root mean-square slope of the ruffled surface [42].

Recent measurements of high-frequency slope spectra using a wave-following
laser surface slope meter have been reported by LuBaArD et al., [46] and PLANT [36].
Their results show that such spectra follow an 1/f law to a good approximation at
a wind speed of 7.5 m/s. If we assume it to hold for a variety of oceanic conditions,
then we may approximate the upwind/downwind slope spectrum S, (f) as follows

S,(f) = 0.75k S(f), 0<f<1.5f,

S = «If, L5fa</, an
0.05

T
In(133 /1)

for g >10, (15)

and
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where S (f) is any standard spectrum applicable near the dominant wave frequency £,
Having considered Eqs. (13), (15), (16) and (17) one can note that U2(f) ~ 1/, (f) =
= 1/k*S(f). Thus it is possible to obtain from acoustic scattering measurements
performed for a clean and film-covered wavy water surface, assuming the fixed
experiment geometry, the following expressions for the spectral energy depression of
water waves by surface films:

0c/ 0 = [U.() | UNI = S,(N)] S.(f), (18)

where a surface waves spectrum component of frequency f is taken into account,
U,(f) and U, (f) are the spectra of the low-frequency amplitude voltage fluctuactions
of the ultrasonic signal scattered from a wind-excited surface of clean water and
covered with a viscoelastic film, respectively. &, d, are scattering coefficients of
acoustic waves derived from scattering measurements for both kinds of the surface
mentioned.

4. Sea surface coverage and aerodynamic parameters of wind-surface interaction

To provide data for the proper interpretation of results recovered from remote
surface probing, natural surface film studies have been successfully carried out in
shallow coastal areas of the Baltic and Mediterranean Seas in 1990 and 1991 [47].

A novel sampling device was constructed by the author [18], which leads to
collection of undisturbed film-coated water together with an adjacent subphase layer
of a few centimeters in thickness. The film sampler is a submersible rectangular
double-walled vessel which “cuts out” a sea area region measuring 45 cm x 35 cm and
8 cm in thickness. Coupled with a torsion wire balance attached to a filter paper
Wilhelmy plate, the sampler represents a modified Langmuir trough apparatus to
peiform force-area isotherm measurements. Preliminary studies performed in shallow
offshore waters of the Baltic and Mediterranean Seas showed a good reproductibility
of the force-area isotherms, although the film properties (elasticity modulus, film
filling factor, isotherm reversibility) are subjected to a large seasonal and areal
variability, as widely discussed elsewhere [47]. The filling factor is derived from
pressure-area isotherms as shown in Ref [18].

Figure 1 presents F as a function of wind speed Vo for measurements carried out
in two significantly different sites of the Baltic Sea: A) off Ortowo (Poland) in June,
August 1990 and B) off Oksywie (Poland) in April, May 1991. We were largely
concerned with a broad category of condensed films in offshore waters. The elasticity
modulus averaged over more than 50 samples collected was equal to E,=249+199
(Orfowo) and 21.0+17.4 mN/M (Oksywie). Even though there was no pronounced
biological activity in these water, moderate to strong film patches were present at
most times. The areal extent and their homogeneity was determined by the velocity
and direction of ambient winds. In a highly contaminated area in Orlowo where
a high level of anthropogenic pollution is found, large surface regions are uniformly
and completely film-covered (F=1) in the wind speed range 0.5—2.5 m/s. For
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Fig. 1. Film filling factor F as a function of wind speed V__ for natural surface film studies performed in
shallow coastal waters of the Baltic Sea A) of Orlowo (Poland) in June, August 1990, and B) of Oksywie
(Poland) in April, May 1991.

V,,>2.5 m/s one can observe a rapid decrease of F with increasing wind speed. The
mean filling factor registered in the summer time in Orlowo station is equal to
0.91340.094. The Oksywie site was studied in the spring time after strong wind events.
Oksywie is a place distant from human settlements with their municipal effluents, but
exhibit the similar F(V,,) trend, although, the values taken by F in the comparable
wind speed range are significantly lower. The latter F values are expected to be found at
higher sea states after strong wind events and/or compaction of film patches by surface
and tidal currents. The mean filling factor registered in Oksywie and tidal currents. The
mean filling factor registered in Oksywie station was equal to 0.716+0.253. All these
waters are close to the harbour and are contaminated to a great extent with highly
surface-active substances from municipal effluents and oil spills. It is belived that
artificial crude oil spills follow the similar F(V ;) pattern as the naturally-formed
slikes do. Now it is evident that the sea surface can be considered to be uniformly
film-covered, as assumed by numerous authors, [6, 29, 52] in lowest wind speed ranges
to V,,<2.5 m/s; for higher winds the filling factor is wind speed-dependent.

lt has been found that F appers to be a linear function, as a first approach, of the
wind speed (compare Fig. 1. A and B), and can be represented as a least-squares-fit to
the data in the following form:
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Orlowo  F= —0.113V,,+ 0913 21<V,,<42m/s, 19
Oksywie =~ F=—0.143V,,+ 1307  23<V, <4.7m/s, (19)

One should keep in mind that the Marangoni damping effect vanishes when the
film is disrupted by wave breaking or currents and "washes down” i.e., when it has
disappeared from the surface.

Wind wave tank experiments show that in the presence of surface films with very
strong wave-damping ability this happens for the friction velocity above 0.6 m/s [9],
which should correspond to a wind speed at a height of 10 m of about ¥, = 18 m/s in
the open ocean. Slicks with medium or low wave damping ability exhibit less intensive
intermolecular forces between the film-forming substances and are thus “"washed
down” already at wind speeds considerably less than 18 m/s. In particular, biogenic
slicks which consist of a mixture of SA compounds may already disappear from the
surface at V,, & 6 — 10 m/s.
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Fig. 2. Effective relative damping Y as a function of water wave frequency predicted by the Marangoni
damping theory, in which the film parameters (7,, =60 mN/m; E,=15.1 mN/m and w,=0.87 x 10”3 rad/s)
originate from supplementary Langmuir through measurements on a Selectol oil film spread over the Baltic
Sea surface. The curves correspond to different values of the film filing factor F=1; 0.913, and 0.716,

respectively.

Figure 2. illustrates the sea surface coverage effect on the relative damping Y, (f).
Values of Y, dependence as a function of frequency are calculated by means of the
Marangoni damping theory (see Egs (3), (4) and (6)), by assuming the following film
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rheological parameters: E =15.1 mN/m, w,=087x1072 rad/s and T, = 60.5
mN/m, obtained from supplementary measurements characterizing a Selectol oil film
at the Baltic Sea surface, for three different reliable values of the filling factor F = 1,
0.913 and 0.716. The theoretical curve for F = 1 exhibits a well-defined maximum
with a half-width of the Marangoni resonance region of about 2 Hz at f,,,, = 6.1 Hz.
A sharp maximun observed for a completely coated surface which is equal
Y,.x = 16.1, for partially covered surface is significantly lower Y, =6.9
(F = 0.913) and = 3.0 (F = 0.716). The peak width is also broader in the latter cases.
The frequency where the peak occurs is essentially controlled by the value of E,, while
the peak height (damping intensity) is determined by w,. A decrease in the filling
factor results in flattening of Y, (f) dependence and, consequently, in an increase of
the w, parameter. This result demonstrates that the sea surface film coverage plays
a principal role in interpretation of the data recovered from remote surface probing,
using ultrasound scattering from a wavy surface and the Marangoni damping theory.
According to ALpers et al., [29], within the thick mineral oil layer zones the spectral
energy density of short-gravity waves is modified mainly due to the viscosity of the thick
oil layer. The "holes” between the thick patches are filled with SA material and/or
amixture of SA compounds plus mineral oil materials. Such SA compounds are always
encountered in crude oil as “impurities” or detergent additives in engine oils, in
particular in ”weathered” crude oil, and tend to spread very easily from the thick oil spill
centers over the surrounding sea surface. Crude oil spill drifting on the sea surface do
not only consist of pure hydrocarbon fractions, but they contain considerable amounts
of SA compounds which are being formed by photo-oxidation processes and bacterial
decomposition [48]). Within the sea surface area covered with these surface-active
compounds, surface tension gradients and thus Marangoni wave damping can be
induced on an undulating water surface. As a consequence, two zones exhibiting
different mechanisms of wave attenuation can be specified within a mineral oil spill.
At present there is some evidence testifying thas SA films transform a wind field
above the sea surface. In experiments with artifical slicks of large dimensions [13]
carried out at wind velocities 7.5 and 4.5 m/s, a decrease in the roughness parameter
z, by two to seven times, respectively, and an increase in the mean wind velocity V,,
by 15 and 30%, were registered. Similar effects were observed in the laboratory wind
wave tank [17], where the same variations of V,, and z, and a small decrease by
several per cent in the friction velocity in the presence of a SA film were found.
Table 1 collects the exemplary aerodynamic parameters of the wind-surface
interaction process derived from the vertical wind profile, reported by numerous
scientists and measured in the experiment reported here, for a film-coated (V,, u.. z,.
¢, and B), and clean water surface (V,, u,, 2, €4 and B), computed for
film-forming substances of differentiated chemical structure according to Eqgs.
(10—12). For the covered surfaces one can observe an increase in V,, by 5—20%,
adecrease in u, by 7—9% and in z, by 7 to 34 times, as well as a decrease in ¢, by 23 to
70% if compared to the clean water surface reference case. Values of increment
B computed from the empirical equation (10) are two times higher than these
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theoretically-predicted by MiLes [17]. A variation of the growth rate (8,—8,)/p. due to
the film presence appears to be of the order of 15—19.9% seems to support the
assumption that the surface film effect on the growth rate of wind waves is of
secondary importance in considerations concerning suppression of wind waves. The
observed changes of parameters in the aerodynamic intereaction phemomenon seem
to be dependent on the chemical nature of the film-composing substance in
a complicated way.

Recently, the wind velocity field above slicks has been briefly examined in the
paper by ErmMAKovV ef al., [24]. Their approximate estimates show that the correspon-
ding increase of the wind above the slick, referred by numerous authors, can be
deduced from the square root of a mean spectral energy depression value in

a centimetre wavelength range of surface waves (S,/S,)_, as follows:
u
VgTE In (S,/S)'"? (20)

here they assumed that u, = 0.05 V  as in Ref. [21].

5. Preliminary at-sea experiment. Results and discussion

Laboratory surface film scattering measurements showed that the relative damping
dependences Y (f) differ significantly from the theoretically predicted ones [49], in which
the surface film parameters originated from the supplementary measurements. Several
possible reasons for the discrepancy between the theory and experiment performed
under small wind wave tank conditions encouraged the author to carry out the acoustic
scattering investigation in open-sea conditions with an artificial crude oil origin film.

An experimental evidence of a resonance-like behaviour of the wave damping
ratio in the short-gravity-wave region by monomolecular surface slikcs was first given
by Cini et al. [50], and confirmed in wind wave tank by HUnNerruUSS ef al. [7], and in
field measurements using a wave staff and an optical spectrum analyzer [24], as well as
a radar backscattering system [10, 11, 30, 51]. Recently it has been found by SiNGH et
al. [52] that the depression of the spectral energy density of surface waves by a mineral
oil spill cleary exhibits the typical Marangoni-type behaviour. The reader should note
that the substance under study in this report is of similar origin. In stands for
a commercially available crude oil product. At first glance, their observation of
a comparable strong depression both in the presence of a monomolecular slick and in
the presence of an oil spill, is surprising because the bulk of a mineral oil consists of
exclusively hydrophobic alkyl and aryl compounds that are not able to give rise to
wave-induced surface tensionn gradients. The data of SINGH ef aL, can be explained in
the light of the Marangoni theory if SA substances were present is the crude oil spill.

The acoustic system in a form of the free-drifting lightweight buoylike equipment,
as shown in Fig. 3., has been already used for remote sensing and monitoring of the
sea oil polluted area [53]. It has been found that the system allows for the detection of
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the oil spill edge passage observed as a rapid in the time record of scattered signals. In
addition, all systematic changes of a wavy surface undulation caused by the presence
of oil substances express themselves in the corresponding, regular changes of the
scattered signal statistics [54]. Simultaneous analyses of all the statistical distribution
parameters could be a starting point for determining the fraction weight of the given
substance, its layer thickness, and finally the form of the oil pollutant (monolayer,
thick layer or individual dispersed spots [53]).
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Fig. 3. A schematic diagram of the apparatus and associated electronic of the free-drifting buoylike

acoustic system: / — ultrasonic transmitter 10 MHz; 2 — oscilloscope; 3 — ultrasonic receiver; 4 — time

gating system + signal envelope and peak value detectors; 5 — spectrum analyzer; 6 — orienting wings,

7 — supporting floats; 8§ — H-shaped support; 9 — balancing floats; /0 — devices for fixing and orienting
transducers; T — transmitting and R — receiving ultrasonic transducers.

A block diagram of the measuring setup is presented in Fig. 3. The ultrasonic
quartz transducers, both transmitting (7') and receiving (R), are placed on the
H-shaped support (8) of the free-drifting buoy at a depth of 10 cm beneath the water
level. Two float wings (6) enable self-orientation of the buoy according to the actual
wind direction what significantly reduces the influence of surface waves reflected from
the supporting floats (7) on the measurement. The buoy of a weight of 5 kg is also
equipped with balancing floats (9) and deviced for fixing and orienting transducers
(10).

The electronic part of the arrangement is located on the sea shore and connected
to the buoy using cables. An ultrasonic transmitter (/) operating under pulse regime
with a 3 kHz repetition frequency produces series of pulses lasting a few microseconds



AcousTic SIGNATURES OF FiLms FLOATING - 99

and filled with a sine wave of 10 MHz frequency. An acoustic projector has a 3°
half-power bandwith at a carrier frequency of 10 MHz. The incident anagle of
ultrasonic beam is equal to 45°. The scattered signal is registered in the specular
direction. After amplification by an ultrasonic receiver (3), for visual inspection of the
signal an oscilloscope (2) is used. A time gate of the electronic circuit () enables the
envelope and peak value detections of the signal part corresponding only to surface
scattering. Then the frequency analysis of the signal amplitude fluctuations is
performed by means of an analog tunable band-pass filter (5) having a width of 23%
(Type 1621 Bruel and Kjaer) in the frequency band 2—40 Hz. The signal was
registered for about 3 min in one registration. The spectra were measured 7—10 times
and an average spectrum was adopted in further considerations. The standard
deviation from the mean in the collected set of data was ranging from 8 to 12% of the
registered signal value. A period of the signal examination was limited to about
21—30 min in order to perform the measurement under substantially the same
weather conditions and slick state which appeared to evolve in time. Four supporting
floats are distans from each other by 25 cm, thus the sea under study surrounded by
them has a rectangular shape and is 25 cm wide and 50 cm long. In the center of this
"channel” the acoustic beam scattering takes place.

It should be pointed out that the occurrence of floats can affect conditions of
surface wave generation, result in not uniformly film-covered surfaces, change the wind
stress and produce an additional turbulent flow over the surface screened by the floats.
It has been demonstrated in preliminary studies, using fine talc powder deposited at the
surface within this area, that the film homogeneity is not affected by the float presence.
It is believed that the self-orientation of the buoy, according to the actual wind
direction, which leaves a 25 cm — wide sea area unaffected by the floats, provides very
similar conditions of surface generation for both film-covered and free sea surfaces. In
addition, subsequent discussion concerns the relative scattered signal spectrum referred
to the clean water case, where the only surface film effect is an important factor.

The study of an artificial oil slick influence on the amplitude fluctuations spectra
of the ultrasonic signal scattered at a wavy sea surface was performed in October,
1989 in the Baltic Sea from aboard the platform built on piles about 200 m off-shore
Gdynia in a depth of 15 m.

A quantity of oil placed upon the water surface will spread out by surface tension
forces if the spreading coefficient S, is positive. This is the net surface tension
available to drive the spreading [27]:

S,

ofw

=T,—T,—T,.,. (1)

where T, is the surface tension of water, T, is the surface tension of oil, T,,, is the
oil-water interfacial tension.

Its positive value suggest the ability of oil substance to form on the water surface
a coherent bulk film with thicknesses ranging from monomolecular to one resulting
from the amount of the liquid and the surface area available. Many oils, including
havier hydrocarbons, have negative spreading coefficients and will not spread on
water, and appear to form lenses surrounded by monolayers.
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Gasoline 94 was used as an artificial slick-forming material in field measurements.
In order to characterize the substance to be deployed, the following additional
measurements of structural parameters were performed: density, viscosity, surface
tension and interfacial tension in contact with sea water collected from the measuring
area. Gasoline 94 stands for a light crude oil derivative (p=760 kg/m3, n=0.68 mPa's)
and turned out to have a positive spreading coefficient value against sea water
Sow=+6 (T,=20.3 and T,,,=26.3 mN/m, T, =52.6 mN/m), and spontaneously
formed an uniform slick. An organic substance was deployed from hexan solution at
the sea surface, resulting in a slick estimated to be 20 m in radius. A slick dimension,
measured from the edge of the spot exposed to the wind up to the measuring point,
was of the order of 7—10 m. At the lowest sea states, where the sea surfaces was
naturally unruffled, the application of the substance could not be visually determined
at all. From a distance the film’s presence can only be visually inferred from its
surface smoothing effect. Its persistance was quite variable being a function of
current, wind, and wave action as well as the accuracy of the initial slick deposition.
Slick duration varied between 40 to 100 min., decreasing (as expected) with increasing
sea state. The measurements of a mean wind velocity V, at a height of 5 m were
performed by means of a standard cup anemometer about every 5 minutes. Air and
sea water temperatures encountered at the measuring site were 283 and 286 K,
respectively. This report deals with the study of small film slicks when the sea is calm
at the wind velocity V,,=2+40.5 m/s.

Figure 4 presents the spectral energy depression S,/S,, i.e. spectra ratio as
a function of water wave frequency in the frequency range 0 —40 Hz, for a Gasoline
94 film (circles —experimental points). The dependence was derived from the
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Fig. 4. Spectral energy depression S,/S, — spectra ratio of wind-driven waves for the Baltic Sea surface

covered with a Gasoline 94 film as a function of water wave frequency as measured by the acoustic scattering

system at low wind speeds (¥, =2.3 m/s). The lower solid line is the best-fit to the data with the film filling

factor F=0.906. The upper line is plotted using the same best-fit-method film parameters (E, and w,) but
assuming uniform film covering (F=1).
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amplitude fluctuations spectra of the ultrasonic scattered signal according to Eq. (18)
at a wind velocity of 2.3 m/s. The shape of the spectra ratio clearly exhibits
a Marangoni damping phenomenon. However, the experimental points are sig-
nificantly scattered, especially in the high-frequency region. Thus the intensity and
frequency of the spectra ratio peak in Fig. 4 may be interpreted as a maximum of the
relative damping Y, and the frequency of the Marangoni damping resonance 3 1A
The coordinates f,, =11 Hz and Y,,,.=6.2, referred to the formulas Eqs. (3), (4) and
(5) lead to the rheological film parameters equal to E,=5.6 mN/m and w,=3.5rad/s.
It should be noted that this approximation is based on the assumption that the surface
is uniformly film covered (F= 1). The first solid line in Fig. 4 for F=0.906 is the best-fit
procedure plot to the experimental points from the frequency range 3 —20 Hz
surrounding the peak. The viscoelastic film parameters corresponding to this
3-parameter best-fit procedure are equal to E,=6.1 mN/m and w,=0.0577 rad/s. The
upper curve is presented for comparison, in which the theoretical equation
Y., describing damping ratio was supplemented with the same parameters but for
uniform surface covering F= 1. The predicted damping intensity is almost two times
higher than in the case of the best-fit curve. One can notice that taking into account the
film homogeneity correction, leads to obtain apparently different viscoelastic parame-
ters (especially evident for w,) recovered from the acoustic scattering data. It turned
out that the theory-predicted values exceeded those experimentally derived by several
per cent in the high-frequency range />20 Hz. This apparent difference could result
from the fact that, in this frequency range of surface waves, the registered signal
intensity is not simply related to the wind wave spectra (see Eq. (17). The
last-mentioned film parameters seem to resemble better the surface properties of crude
oil origin films, what has been already shown in laboratory measurements (compare
Table 1 in Ref. [28]). The Gasoline 94 film properties were also “in situ” determined
using the novel film sampler, for comparison, applied in the same measuring field. The
obtained values are in moderate agreement with the data reported above, and are as
follows: E,=8.3+0.3 mN/m, w,= 0.0032 rad/s and F=0.952.

Having experimentally measured the relative damping relations, one is now in the
position to characterize monomolecular organic films and their smoothing abilities in
reference to the results reported by numerous scientists. Table 2 collects the peak
frequencies f,, and damping intensities Y., of the damping curve derived from
laboratory and field experiments carried out with artificial and naturally-formed
films of different chemical structure by means of a variety of surface wave field
sensors. With regard to monomolecular oleyl alcohol slick OLA, a prononunced
wave-damping ability with a maximum at the wave frequency f,,,=4.8 Hz has been
observed [55, 56] which implies a relatively large dilational modulus of E,=22.5
mN/m. For comparison, CALLAGHAN et al. [57] reported a dilational modulus of 1.65
for North Sea crude oil (NSC) and of 1.76 mN/m for Middle East crude oil (MEC).

Based upon the Marangoni theory, a wave-damping maximum at f=11.7 and 11.5
Hz for NSC and MEC crude oil spills can be calculated, what is usually encountered in
the presence of weakly damping surface films [48]. Furthermore, the damping intensity
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Y axcomputed by the same theory (for details see Ref. [6]) for NSC Y, =1.6 and for
MEC Y,,,,=1.6 is much lower than the damping intensity of an oleyl alcohol or
palmitic acid methyl ester (PME) (see Table 2), which are 27.9 and 40.1, respectively.

According to Hiihnerfuss classification [48], the maximum at about 8 Hz are very
close to the peak frequency of a natural surface active (NS) compound and triolein
(TOLG) “fish oil”, which is secreted by plankton and fish. He reported a peak
frequency of 6.85 Hz for this natural substance, which implies that it is a material of
medium wave-damping ability (see also Murban crude oil, NS and WOS in Table 2).

Table 2. Peak frequencies f,,,,and wave-damping intensities ¥, of the spectral energy depression S,/S, or
relative damping Y dependences, reported from laboratory and open-sea experiments with a variety or
organic surface films of different physicochemical structure and origin

Maximum
. . Film damping Damping
-formin,
F’:’:m“ i clasticity ~ frequency intensity Remarks

E, (mN/m) f,.(Hz) You
Hexadecanoic acid methyl 46 T 40.1 calculated from the Marangoni
ester (PME) theory with E, and w, obtained
Oleic acid (OLS) 14 6.1 19.5 in wave tank measurements
Oleyl alcohol (OLA) 225 48 279 Ref. [9, 48]
Hexadecyltrimethylammonium 25.5 4.6 26.3
bromide (CEM 3AB)
Triolein (TOLG) (fish oil) 11.5 6.9 18.3
Oleic acid methyl ester (OLME) 10.0 8.0 23
North Sea crude oil (NSC) 1.65 117 1.6 calculated on the basis of the
Middle East crude oil (MEC) 1.76 11.5 1.6 rheological film properties
“Weathered™ crude oil spill 10.0 7.8 17.2 Ref. [57]
(WOS)
Olein (technical grade oleic 30.0 4.6 15.8 from the damping of wind
acid) waves in open sea experiments
Vegetable oil 10.0 10.0 39 Ref. [24]
Natural slick (NS) 6 8.1 32
Murban crude oil 11 8 76  Ref. [52]
Natural slick (NS) 25.0 38 27.6 from the damping of wind
in polluted waters 18.0 42 14.3 waves

9.0 6.5 58 Ref. [4]

Natural slick (NS) 10.9 1.7 11 from the damping of wind
in Ligurian Gulf waves
Cetyl alcohol - - 4.0 31.6 Ref. [2]
Methyl alcohol - 4.3 17.8
Triton X 100 - .k 15.8

(concentration 10~ % mol)

Surface active substances of strong damping ability exhibit maximum wave damping
at frequencies between 3.5 and 5 Hz (compare PME, OLA and olein), while weakly
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damping substances have this maximum at frequencies between 8 and 10 Hz, or
sometimes even above 10 Hz (NSC, MEC, vegetable oil and WOS). According to the
above discussion, we have got the surface film of weak wave-damping ability
comparable to that of natural slicks of biogenic origin and/or weathered crude oil
spills. This result also suggests that caution has to be applied when interpreting
acoustic scattering data measured at lower wind speeds i.e., under meteorological
conditions which are known to be favourable for the formation or natural organic
surface films.

Let us compare the presented results with the values of surface rheological
parameters, reported by several authors in laboratory and open-sea experiments with
slicks of both artificial and natural origin, derived from the spectral energy depression
of wind waves using different surface wave field sensors. The rheological parameters
pertaining to an oleic alcohol film, empirically found by FisceLLA et ai. [10] in wave
tank measurements, are E,=9.7 mN/m and w,=9.65 rad/s. The work by SiNGH e al.
[52] has presented, for the first time, data which straightforwardly indicate the
Marangoni damping behaviour of a crude oil spill. The observed viscoelastic
characteristics of the oil employed in the COAATF off Halifax on September 16—17,
1983 are E,=8.0+0.2 mN/m and w,=12.0+0.3 rad/s, as evaluated by FisceLLA ef al.
[31] by means of the recently developed Marangoni damping theory. Natural sea
surface films have been detected and characterized by measurements of short-gravity
spectra of wind waves during three experimental periods, one in the Sicilian Channel,
and two in the Gulf of Maine [4]. Wind wave spectra with/without organic films were
measured “in situ” with a microwave probe. For each of the data set presented in Fig.
5 of LomBARDINI et al. work [4], a theoretical curve is drawn according to Egs. (3), (4),
(5) and (6) with a proper choice of the parameters E,, w, and F. For the three cases,
the parameters obtained by this best fit method are E,=25.0; 18.0; 9.0 mN/m,
wy=11.0; 13.0; 6.0 rad/s and F=0.996; 0.880; 0.982. Finally, for coastal waters in the
Ligurian Sea, the spectral energy depression curve obtained by photographic
techniques by Cini et al. [2] allows one to evaluate the rheological parameters to be
E,=109 mN/m and w,=0.18 rad/s. For more experimental data the reader is
referred to the paper [2], where the damping ratio Y(f) dependences, registered in the
presence of four insoluble films of SA compounds, are depicted in Fig. 4.

The data collected above clearly show that the time of the relaxation process
t,=1/2 w, involved in the surface wave damping effect by monomolecularviscoelastic
films is of the order of 0.04 to 2.7 seconds. One should remember that the relaxation
time, depending on the type of relaxation process, for soluble films upon diffusional
relaxation, and for insoluble ones upon the structural relaxation between inter-
molecular forces [5], can vary from 1073 s to several minutes [58]. The characteristic
time of the relaxation process in the model slick ¢, is 8.67 s. For comparison, water
waves with a wavelength of 1 cm are damped within the characteristic time (a7 (Eq.
(1)) equal to 0.4 s.

In the last decade monomolecular surface films, mostly 9-octadecen-1-ol, cis
isomer (oley alcohol, an 18 carbon, monounsaturated fatty alcohol) have been
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applied as an oceanographic tool for studying the air-sea interaction process at the
ocean surface [6, 19]. This material is chosen because it resembles natural slicks in the
physico-chemical behaviour [9, 48]. It has been found that long-time scale relaxation
times of several minutes measured by the author for crude oil derivatives films [28]
were also encountered for an oleyl alcohol film [59].

One can conclude that the Gasoline 94 film spread over the Baltic Sea surface stands
for a slick of oceanographically relevant viscoelastic properties. In addition, the
experimental spectral energy depression data points could be fitted into the theoretical
relation (3) and, after combining Eqgs. (3), (5) and (6), the unknown filling factor Fcan be
evaluated, what is of great importance, since it is very difficult to measure this quantity
directly which can significantly influence the surface scatter returns [4, 10, 11, 30].

It has been found that the spectra ratio was observed first to increase as the slick

drifts over the insonsified area, and then decrease, returning to its preslicked values. It
seems that the data collected by this system can be further interpreted to deduce the
film weathering and concentration.

Recently, the wind velocity field above slicks has been briefly examined in the
paper by Ermakov et al. [24] (see Sec. 3). Their appproximate estimates show that
a corresponding increase of the wind above the slick can be given by the root of
a mean spectral energy depression value in a centimetre-wavelength range of surface
waves (S/S,)cm, What follows from Eq. (20).

Assuming the acoustically determined S,/S, values of the order of 2—3, one can
obtain 4¥=0.17 to 0.30 m/s which corresponds to the wind velocity variation above
the studied slick 4V/V~104—13.1%. This result agrees well with the direct
anemometer data of the same order of magnitude (see Table 1). Thus the remote
estimating the wind field near the surface covered with a slick, which is of

" meteorolgical relevance, may be derived from acoustic scattering measurements.

It may be helpful to add that the applied acoustic system consisting of two
transducers based on a forward specular scattering geometry has got two features
which are of significant interest in future at-sea experiments. The wave staffs measure
the surface waves spectra omnidirectionally i.e., integrating over 360° and so-called
“spectra of encounter” are derived [19] whereas an acoustic scatterometer senses
unidirectionally in reference, to the pointing direction of the acoustic beam.
Therefore, a directional pattern of the scattered signal fluctuations spectra with
respect to the actual wind direction can be evaluated. The proposed corrections of the
“spectra of encounter” in order to get “real spectra” take into account deviations due
to the orbital velocity of gravity waves, wave-induced Stokes drift and tidal currents
[21]. The spectra of specularly scattered acoustic signals do not have to be corrected
[41, 43] and can be directly compared to those obtained at different wind speeds and
environmental conditions or theoretically predicted.

These results are encouranging, however a great deal of additional experimental and
theoretical evaluation will be required to determine the full capability of the acoustic
system for remote sensing of marine surface films under open-sea conditions. A critical
element in determining the usefulness of such a system is the quality and thoroughness
of the environmental measurements taken simultaneously with the acoustic data.
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6. Concluding remarks

Natural surface film studies performed in coastal waters of the Baltic Sea using
a novel device for “in situ” sampling and force-area isoterm measurements showed
that the film filling factor, affecting the acoustic scattering returns to a great
extent, reaches the mean values 0.913 and 0.716 for two different sampling sites
studied. In addition, F is a wind dependent quantity. For low wind speeds
V,,<2—3 m/s the sea surface can be assumed to be uniformly and completely
film-covered, F=1.

Data reported by numerous authors on the vertical wind profile above wavy sea
water allowed one to determine the aerodynamic parameters of the air-sea interaction
process. For the film-covered surfaces one can notice an increase in ¥, by 5—20%,
a decrease in u, by 7—9% and in z, by 7 to 34 times, as well as a decrease in the drag
coefficient ¢, by 23 to 70% if compared to the clean surface case. A variation of the
growth rate of wind-driven waves (8,— B.)/B. due to the film presence appears to be of
the order of 15.0—19.9%, and is of secondary importance in suppression of wind
waves. An increase of the wind above the model slick (0.17—0.30 m/s) deduced from
the spectra ratio in the centimeters wave range is in agreement with the direct
anemometer observation. The measured coordinates f,,~11 Hz and Y,=6.2
referred to the theoretical formulas lead to the rheological Gasoline 94 film surface
properties equal to E,=6.01 mN/m and w,=0.0577 rad/s with the filling factor
F=0.906. The film filling factor plays a principal role in a proper determination of the
film properties recovered from the acoustic surface probing. According to the
discussion by Hiihnerfuss, we have the surface film of weak wave-damping ability
comparable to that of natural slicks of biogenic origin and/or weathered crude oil
spills.
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Analogies were, so far, rarely applied to acoustic oscillator analysis, however, their use
turns out to be advantageous. It allows, due to comparison of analogous electric and
acoustic oscillators operation, for better understanding of the process of oscillation
maintenance, as well as, the interpretation of the circuits behaviour. Particular conclusions
are presented relative to examples of a bowed string, and of a labial pipe oscillators.

1. Introduction

It is almost incredible that one of the most ancient acoustic devices invented by
our prehistoric ancestors to produce musical sound, the flue pipe, furnishes, so far, an
unsolved problem for scientists attempting to explain fully the involved mechanism of
oscillation maintenance. A more recent example of a similar problem is delivered by
the mechanism of bowed string oscillations. Meanwhile, there is a large family of
electric oscillators, thoroughly investigated, with very well known characteristics.
Why the experience gained in the domain of electric oscillators could not be applied to
mechanic and acoustic self-oscillating devices?

The most probable negative answer bases on formal constraints of electroacous-
tical analogies, which are limited to linear elements only, while self-oscillating circuits
contain, as a rule, nonlinear elements. Nevertheless, as shown beneath, the analogies
can be enlarged, at least qualitatively, to the comparative analyses of oscillator
circuits of the mechanical, acoustical and electrical nature.

First of all, a brief review of electroacoustical analogies is necessary, including
some comments and enlargements of their usual applications.

2. Electroacoustic analogies

Analogies between mechanic, acoustic and electric quantities were studied already
in XIX century. Many authors paid particular attention to that matter and numerous
textbooks contain presentations of analogies, laid down as appropriate tables of
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corresponding quantities and equivalent circuits [5], [7], [12], [13]. Although the
theory of analogies originated by Lord Kelvin and by Firestone remains a valid and
exhaustive basis of those publications a care should be kept in their use, because of
some intricacy in particular presentations, and even few mistakes cointained therein.

A most complete and inspiring presentation of that matter has been given by
Macecki [8], where he even enlarged the well known concepts on the domain of field
quantities. Quoting here all his consideration would consume too much place, thus
only an abridged information on analogies, indispensable for this article, is given
beneath. ‘

Formal analogies, i.e. those based on similarity of equations describing electrical,
mechanical and acoustical phenomena, are usually denoted as a table of correspon-
ding quantities. For the case of the motional (corrected, or Firestone’s) analogies, in
contrast to the dynamical (classical, or Kelvin’s) ones, the following quantities can be
listed, as quoted in the Table I.

Table L
Motional analogies
Electrical — Mechanical — Acoustical Quantities
voltage ™ velocity [m/s] volume-velocity [m3/s]
current [A]  force [N]  pressure [N/m3
charge [C] force impulse [Ns]  pressure impulse [Ns/m?]
flux [Wb]  displacement [m] volume displacement [m3
inductance H] compliance [s?/kg] compliance [m*s?/kg]
capacitance [F] mass [kg] inertance [kg/m*]
resistance [@]  conductance [s/kg]  conductance [m*s/kg]
conductance [S] resistance [kg/s] resistance [kg/m*s]
; o— C é
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Fig. 1. Examples of motional analogy between two-poles.
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Only the motional analogies, in contrast to dynamical ones, are considered here,
because they keep unaffected topological features of the corresponding quantities.
Moreover, they introduce impedances instead of admittances, and inversely. These
properties are both favourable for a more clear presentation of the concept of
analysis. Besides, keeping to one family of analogies reduces a probability of possible
mistakes, numerous in practice, as mentioned above, even in textbooks.

Employing the correspondent quantities of the table given above, various
equivalent circuits of the acoustical two-poles may be described as analogues to the
electrical two-poles, e.g. those shown in Fig. 1, under assumption of linearity of all
circuit elements.

3. Two-pole oscillator circuits

Further analogies may be considered, concerning oscillator circuits, composed of
two-poles: the first one having non-linear maintenance characteristics, and the second
one built of linear elements with resonant properties. Here, however, due to non-linearity
of the maintaining two-poles the full analogy is possible only then, when shapes and
scales of their non-linear characteristics are exactly analogous. Figure 2 shows the two
basic types of equivalent circuits of electrical two-pole oscillators: the parallel,

electrical acoustical

ifu)o | g
a) c G:‘:] L plv)—=M R
O | e

ufUO—W—I
L G R
b) vip)—=—1 C M G
o LW

Fig. 2. Two basic types -of two-pole oscillators
a) parallel controlled, b) controlled in series.
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voltage-controlled oscillator, and the series, current controlled oscillator circuit, as well
as their acoustical analogues. Mechanical analogies are omitted here, because their
equivalent circuit are identical to acoustical ones, except differences in diagram symbols.
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Even when strict analogy between non-linear two-poles is not reached, it may be
sufficient to take advantage of the similarity of maintenance and of stability
conditions of the oscillator circuit, as well as of its circuit variables.

A particular attention is to be paid to the two acoustical circuits shown in Fig. 2.
While the parallel controlled oscillator represents the case of a labial pipe maintained
by a jet action (Fig. 2a), which is a main topic of our consideration, the acoustical
circuit controlled in series should require a special maintaining two-pole, pressure
controlled (Fig. 2b). As such a device is unknown in practice, so the respective
two-pole characteristics v(p) is rather hypothetic.

On the other hand, we know that a pipe resonator may be maintained in
oscillation by excitation applied to the pipe closed end, which case is just equivalent to
a series resonant circuit. It is commonly known that such wind instruments like
lingual pipe with a tuned resonator, or like clarinet, are excited from their closed ends,
yet by means of a reed. The reed acts as a mechanical lever, which is equivalent to an
electrical transformer, transforming a low impedance of the series resonant circuit
into a high impedance needed to match a maintaining two-pole, of the same kind as
that of the Fig. 2a). Thus, an appropriate equivalent circuit for the tuned lingual pipe
is that shown in Fig. 3.

blast reed pipe

Fig. 3. Electrical equivalent circuit of a lingual pipe.

4. Four-pole oscillators

Besides of the two-pole circuits the four-pole equivalent circuits are very often
employed to the analysis of electric oscillators. While the former ones are denoted as
the negative imittance (i.e. either negative impedance or negative admittance)
oscillators, the latter ones are called the positive feedback oscillators. The fourth, or
at least the third, términal of the equivalent circuit put out an appropriately
phase-shifted variable from a divided or tapped resonant contour into the main-
taining four-pole (at least three-pole), see Fig. 4.

Although many mechanical oscillators can be represented by four-pole equiva-
lents, no acoustical examples of such circuits are known in practice, because
acoustical resonators generally have neither taps nor branches. Therefore, attempts to
analyze acoustical oscillators as feedback circuits, as e.g. is practized in edgetone
theory, do not seem to be justified.
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a)

|_

Q

b)

> :
bdiks,

Fig. 4. Four-pole (positive feedback) electric oscillator circuits; a) with parallel, tapped resonator, b)
with series, branched resonator.

5. Examples of oscillator analysis
5.1. Bowed string as a two-pole oscillator

As it was shown earlier [2], a bow-string system may be dealt with as a mechanical
self-oscillating system with a resonant contour having one degree of freedom. The
system, depicted in Fig. 5, may be analyzed as an equivalent electric analogue circuit
shown in Fig. 6.

ot
e
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| Q.
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an
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Fig. 5. Mechanical system representing a bow-string oscillator.

For the circuit of Fig. 6:
dujdt=—(L/C)V* Ku)—i; dijdt=u; 1)
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where
t=t/(LC)"2 denotes the dimensionless time,

whilst ey
t denotes usual time in seconds,

i=i(LC)V2=0/(LC)?,

i denotes the coil current,

O denotes the magnetic flux in the coil.
Analogically, for the system of Fig. 5:

dofdt=—(C, MY Fo)—f;  dfjdt=n; @
where
t=t/(C,M)"?,
S=1(CM)"2=x[(C,M)"2,

Jc denotes force applied to string compliance, x denotes the string displacement.

Fig. 6. Electrical circuit equivalent to the system of Fig. 5.

The nonlinear function Fv) from the equation (2) represents the force of friction
between the bow and the string. The friction is a function of the relative bow-string
velocity, i.e. the difference between the string- and the bow-velocities (v,—v,). The
function depends strongly on the degree of bow rosining. This dependence, being
essential for bowing excitation action, can be taken into account based on inves-
tigations reported in literature [3] [4], where values of friction force vs. relative
bow-string velocity were conclusively measured.

Based on those results the nonlinear function F(v) may be described by the
following expression:

Ta sign(u,— ub)
e 3)
where
T, denotes static friction force at (v,—v,)=0
k is a coefficient depending on rosining.
The shape of function F(v) is depicted in Fig. 7.

Substituting expression (3) into (2) gives a set of equations describing oscillations

of the string point under the bow, on the phase plane. The variables of the set
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Fig. 7. Bow-string friction force as a maintenance function of the system.

represent the string point acceleration, multiplied by the constant value (C,M)¥2, and
the string point velocity in function of the dimensionless time. The first variable is
a differential of the second one. Solution on the phase plane yields trajectories of
a phase point, which, describing behaviour of the system in transient states, tends to
a limit-cycle determining steady-state oscillations. This analysis runs quite similarly to
that one of an electric analogous oscillator.

5.2. Labial pipe as a two-pole oscillator

A sounding labial pipe may be represented by the acoustical equivalent circuit
shown in Fig. 2 a). Theoretically the pipe resonator should be treated as a system with
distributed constants, however, under usually accepted approximation it can be
represented by a simple parallel equivalent circuit with lumped constants. When
connected to a two-pole, which represents an air-jet maintenance action, the pipe
resonator is controlled by the volume-velocity at the open pipe end, i.e. the air column
at this end is accelerated under influenced of the pressure, delivered by the air jet,
pumped through the wind chests from a bellow.

This topological condition of oscillation excitation was known from long ago. It was
already stated by Lord RayLeicH [11]. He added then a comment concerning alternative
deflections of the jet inwards and outwards of the pipe, and thought this motion to be
maintaining oscillations within the pipe. His next remark concerned an accurate
adjustment of the jet to the pipe, which was a decisive condition of oscillation onset. He
noticed, however, that once the oscillation started that condition became less exacting.

Besides, Lord Rayleigh described experiments which showed that the natural
frequency of the flue pipe resonator excited from an external source is lower than the
frequency maintained by an usual blast.

Those remarks and, first of all, many experimental observations convince us, that
a coupling two-pole is an unavoidable element of the equivalent circuit, which should
represent mainly a compliance L', due to an influence of the static pressure exerted by
the blast within the labium chamber, and a resistance R, due to losses of an air flow
through the flue. Values of those coupling elements depend on operating conditions
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Fig. 8. Electrical equivalent circuit of the labial-pipe maintained by a jet action.

of the blast. Taking this into account, the resulting equivalent circuit, turned into its
electrical form, adopts the following shape, see Fig. 8, where, moreover, an extra
inertance C;, marked with broken lines, has been added.

The inertance C; is an analogue of the, so called, dynatron capacitance, a fictitious
element playing an important role in the theory of oscillators. Under its influence, the
operating frequency of a negative conductance, voltage controlled oscillator with
simple resonant LGC circuit, is always lower than the natural frequency of the
resonant circuit [6].

We have measured the operating frequency and the natural frequency for eight
labial pipes of various types and pitches, and we have found all operating frequencies
lower than natural ones. Thus, this property of acoustical oscillators is again
analogous to electrical circuits.

Thanks to above proposed equivalent circuit configuration, the mentioned
discrepant observations [11] or other similar measurement results [10] may be
interpreted as occuring in circuits having low value of C; and relatively high value
of L’. In such circiuts the operating frequency may be indeed higher than the
natural one. Moreover, the dependence of the compliance L’ on wind pressure
causes a reduction of the resulting circuit compliance with pressure increase, which,
in turn, augments the operating frequency. Such mechanism explains why in
acoustical oscillator the operating frequency increases with increasing wind pres-
sure.

The jet action is nonlinear when its velocity is above certain limit value of the
Reynolds number, which determines the turbulent air flow. The Reynolds number for
a jet velocity vinside a pipe with a diameter d is:

Re=p/u

where p/u is the kinematic viscosity of the air.

Limit values to be outvalued as a turbulence condition, quoted in the literature, are
inconsistent and discrepant. The resulting jet velocities, however, should be in the
range not less than about several m/s.

The nonlinearity is an elementary condition for possible oscillation maintenance
by a two-pole. It is difficult to describe its further properties, because of the
dynamical character of the flow. However, assuming that an observer moves together
with the jet, it is possible to create a simple, quasi-static velocity-pressure characteris-
tics of the jet action.
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Inside a jet, the air is under a higher pressure due to a wind supply system,
composed of blowers, and wind-chests. This higher pressure exceeds the pressure
around the jet stream, which equals to the ambient pressure, or even is lower, thanks
to sucking effect, caused by the jet flow out of a nozzle. Then, a working pressure
difference exists across the moving jet front.

An important phenomenon existing on the jet edge is a boundary layer, composed
of vortices of rotating air portions. Due to their acquired kinetic energy of rotation,
they enter alternatingly into regions of the higher pressure and of the lower one, then
a rapid switching action between two pressure levels takes place. Those phenomena
are, of course, transported in space forward with jet velocity, however, they may be
treated as independent of their position in space, within a certain time, sufficiently
long in comparison to several oscillation periods.

The main simplification of the jet action characteristics depends on an assumption
of the plane front edge of the jet. Then only one coordinate is variable, while those
representing the second and the third dimension, adopt constant values, thus,
although ineffective in circuit description, they permit to keep the proper unit
denominations for the corresponding quantities. None the less, the value of an air
resistance, keeping its dimension, remains a real quantity.

Basing on those assumptions, a quasi-static characteristics of the jet action may be
sketched, see Fig. 9. The two straight sections, marked with a heavy line, and denoted
by H (for higher) and L (for lower pressure) represent the relation between pressure
and particle velocity, for the two operational levels of static pressure.

Due to mentioned process of turbulence in the jet boundary layer, some portions
of air at higher pressure are injected into the lower pressure region, from where, after
a time, some portions are again injected into the higher pressure region. This was
schematically depicted in Fig. 9. Such injection-switching may occur at velocities
either slightly above the mean jest velocity, taken here as zero value on the abscissae
axis, or equal, or slightly below it, so as it is shown on the diagram with broken lines.

JGe B
mmH,0
+2 kPa
o ¢ R, =415 r—n"%
P 4P
150 —H i

N
p, =1 Atm=101325 Fo~

Fig. 9. A quasi-static characteristics of a jet action.
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The derived, quasi-static characteristics of the jet action is quite similar to a static
current-voltage characteristics of a two-pole, compound of a N-shaped, symmetric,
negative conductance two-pole, with a resistance in series. The components and the
resultant nonlinear characteristics are shown in Fig. 10. Authors investigated
oscillators of this kind several years ago, and found them advantageous in various
applications, due, mainly, to their stable operation [1].

Fig. 10. A negative conductance two-pole characteristics with bistable operating point.

Treating the coordinates of the diagram shown in Fig. 10 as phase-plane
coordinates, i.e. assuming they have been appropriately reduced and compensated,
according to a parallel connected resonant circuit, it is possible to draw phase point
trajectories, which show us the circuit oscillatory behaviour. For small displacements
the phase point tends to one of the stable operating points, A" or 4". For larger
elongations it tends to a stable limit-cycle, i.e. periodic oscillation are maintained.
This is a case of a hard excitation.

Quite similarly operates the considered circuit of an acoustical oscillator,
combined of the equivalent circuit shown in Fig. 8, with a nonlinear characteristics
shown in Fig. 9. It may serve as a model of the labial pipe excited into oscillations by
an appropriately matched blast.

6. Applications to oscillator models

Thanks to above considered principles of analogies between electrical, mechanical
and acoustical equivalent circuits it is relatively easy to analyze oscillators by means
of their phase-plane models.

A main drawback of the phase-plane method in the past was a labourious process
of geometrical constructions of phase-point trajectories. Actually it may be easily
replaced by an appropriate computer program.
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Beneath, a few selected examples of the phase-plane solutions are presented.
Models were executed by means of a PC AT computer with a special program written
in the Turbo Pascal language. For calculations the Runge-Kutta method was applied.
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Fig. 11. Modelled oscillations of a bowed string; case of a bow velocity and a high bowing force;
— saw-tooth waveforms represent force vs. time,
— cut-off sines represent velocity vs. time.

The first example represents the case of string vibrations maintained by bow
action at very low bowing velocity, see Fig. 11. Both waveforms, of velocity and of
displacements are quite similar to those observed by many authors in such conditions,
i.e. for a bow position very near to the bridge. A high value of applied bow force
enhances the typical saw-tooth shape of displacement waveform.
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Fig. 12. Modelled oscillations of a bowed string; case of a high bow velocity and a low bowing force;
— velocity waveform shows typical distortions caused in intervals when string ahead of bow.
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The second example concerns the conditions extremely different from the first

one, see Fig. 12. The bow force is smaller at high bowing velocity. The waveforms
result of almost sinusoidal shape. The “sticking” parts of period became very
short, almost unremarkable. Besides, a peculiar distortion of the cycle takes place
every period just before its “sticking’ part. It occurs due to the locally higher
velocity of the spring than that of the bow. The potential energy stored by the
spring under bowing action at lower velocity part of the period is transformed into
kinetic energy, which at relatively low spring mass results in higher spring
velocity. At the same time the string force passes locally over the maximum
friction force and therefore the string can overtake the bow. This situation,
although easily observable in many recorded string waveforms, remains without
an appropriate comment in the literature. At any rate, it suggests that the “stick
and slip” interpretation of the bowing mechanism, widespread in textbook on
musical acoustics, is only valid for a particular range of variables.

The third example put in evidence a possible easy analysis of transient
build-up and decay in an acoustic oscillator maintained by jet excitation. This
analysis, shown in Fig. 13 and 14, is, of course, oversimplified, because it
assumes an abrupt start of the jet flow, as well as an abrupt stop of its action,
however, it makes evident a distinctly longer build-up — than a decay-dura-

tion.
T=63267

Fig. 13. Phase-plane model of a build-up transient in a flue pipe.

Numerous other examples were studied as models helpful in better understan-
ding and interpretation of the mechanical and acoustical oscillators behaviour,

thanks to application of analogies.
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T=64516

a=04

Fig. 14. Phase-plane model of a decay transient in a flue pipe.

7. Conclusions

The presented enlargement of the application of the electroacoustical analogies
onto a class of nonlinear two-poles, able to maintain oscillation in resonant circuit,
has allowed to analyze easily mechanical and acoustical oscillators. It has been
achieved thanks to possibility of comparisons to very well known and easy to
investigate properties of electrical oscillators.

The above described approach has afforded new concepts and new interpretations
concerning the mechanism of oscillation maintenance in mechanical and acoustical
oscillators. Those new ideas may be usefully applied to investigations of
self-oscillatory or self-vibratory phenomena occurring in musical instruments. Furt-
her applications to studies of wind-borne structure oscillations, of atmospheric
oscillations, and of aeroacoustically excited sounds seem to be expected.

A concluding remark concerning the use of analogies may be formulated as
follows. The so far employed principles of analogies do not make the most of their
possible applications. Further studies should enlarge and precise the above presented
concepts. The contributions of Professor I. Malecki to that matter [8, 9] have
suggested a fruitful direction of research. '
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The results of investigations of the dielectric properties of an acetamide and calcium
nitrate mixture (x . =0.7644) are presented. They are to be complementary to ultrasonic
and viscoelastic studies made previously [4]. It has been established that two relaxation
processes exist. They are referred to the previously described ultrasonic relaxation spectra
and retardation in the viscoelastic spectrum.

1. Introduction

Mixtures of acetamide and inorganic salts containing mono- and bivalent cations
tend to create high viscosity supercooled liquids. This makes it possible to investigate
structures of these systems in metastable, glassy state.

In previous published articles [1, 2] the acoustical and viscoelastic properties
of a mixture of acetamide and sodium thiocyanate were investigated. The
results of these investigations lead to the separation of the relaxation process
of a structural nature. One supposes that this process is connected with the
formation of polymeric chains in acetamide ‘“coupled” by ions of metals.
Dielectric relaxation measurements, made for the same mixture, support the
existence of polymeric structures in glassy state [3]. Two dielectric relaxation
times were found. The low-frequency process with a high dielectric increment
was interpreted as a result of the cooperative movement of ions along the
polymeric chain. The second one, which occurs in the megacycles/s range,
was connected with the relaxation of Na(CH,CONH,)? groups in a high-viscosity
environment.

Mixtures of acetamide and bivalent ions also form glassy states, but their stability
is much lower than similar ones with monovalent ions. It can be expected that, also in
this case, polymeric structures connected by metal ions are created. However,
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investigations of the acoustical and viscoelastic properties of the mixture of acetamide
and calcium nitrate have not given a correct answer as to whether the proposed
polymerization process occurs in this mixture. In the used frequency range intensive
relaxation of the chemical nature has been observed; however it can also be the
relaxation connected with the vicinity of the phase transormation, called eutectic
relaxation [4]. It can be assumed that the great electric charge of the metal ion leads to
a stiffening of the polymer structure and shifting of the structural relaxation into the
lower-frequency range. To check this idea dielectric relaxation investigations have
been taken up.

In the absence of an external electric field, liquids which consist of molecules
with a constant dipole momentum do not indicate spontaneous polarization.
Under the influence of the applied electric field, the tendency of molecule rotation
and their arrangement in coincidence with the direction of the electric field
appears. This means that the resultant polarization originates and coincides with
the direction of the field. The energy of the interaction between the dipole and
electric field is many times smaller than thermic movement energy. This fact allows
only for small deviation from random orientation of the dipole. Electric per-
meability is defined as

e= l P+ 1 i 0}
€
where e is the electric permeability, e, is electric permeability in the vacuum, P is
the polarization and E is electric field intensity. Electric permeability depends on
the frequency of the applied field. At lower frequency, when the dipole re-
orientation follows changes of the electric field, electric permeability achieves the
maximum. When the frequency of the electric field increases, than the dipoles do
not follow these field changes and, consequently electric permeability becomes the
complex value. The dependence of the complex permeability on frequency for the
dielectric relaxation process with single relaxation time is given by Debye’s
equation:

— €y
*(ﬂ)) =€y + m"t— (2)
D

where ¢, and ey are the electric permeabilities measured at high and low frequencies,
respectively, w is the angular frequency and ¢,, is the time of the dielectric relaxation.
Separating the complex permeability in the real and imaginary parts gives

_em
dw)=e, +l+m3tﬁ
3
e'(@) == o
1+o2g 2’
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The frequency dependence of the real and imaginary parts of the permeability is
presented in Fig. 1. This dependence is similar to that for a complex compliance

€ilw)
£w)

&

2 logglwt,)

Fig. 1. The dependence of the complex electrical permeability on frequency for the monodispersive
relaxation process.

J*(w). It should be underlined that this is only a formal similarity and results from
a uniform description of the relaxation phenomena. Nevertheless, the process called
dielectric relaxation can, through nomenclature analogy used in mechanical inves-
tigations, be called dielectric retardation.

2. Results of measurements

The electric permeability of the mixture of acetamide and calcium nitrate
(Xaotam = 0.7644) was measured in the ranges of temperature from —5 to 20°C and
frequency from 0.5 kHz to 300 MHz. In the range of high temperature (20—110°C),
the measurements were made only for frequencies 150—200 MHz. In the frequency
ranges 0.5— 10 kHz and 15 kHz—4.788 MHz the Semiautomatic Tesla Bridge and
Wayn-Kerr Radio Frequency Bridge type B601 were used respectively. In measure-
ments at higher frequencies the wave-guide methods were applied; at 150 and 300
MHz the coaxial concentric line was used, while the waveguide with a rectangular
section was applied at 600 and 1200 MHz.

The results of measurements are shown in Tables 1—3 and in Figs. 2—4. In the
low-frequency range, the dielectric losses were calculated from the formula: e”"=1.8
5(f) where 5(f) is the specific conductivity, fis the frequency. In Figs. 2 and 3 the black
points marek the results of measurements carrried out in the same system at Prof. R.
Petrhrick’s lab at the Strathclyde University of Glasgow (Great Britain) [5], which
covered the low-frequency range 1072—10° Hz.

Accuracy of the measured permeability and dielectric losses was estimated at 5%.
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Fig. 2. The dependence of the real part of electrical permeability on frequency at the temperatures 0°C
(—0O-) and 10°C (— O —). The black points represent the values from Ref. [5].
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Fig. 3. The dependence of the imaginary part of electrical permeability on the frequency at the
temperatures 0°C (—[J—) and 10°C (— O —). The black points represent the values from Ref. [5].
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Fig. 4. The dependence of real and imaginary parts of electrical permeability on the frequency at high
temperature.

Table 1. The real part of electrical permeability for the acetamide and calcium nitrate mixture as a function
of temperature and frequency. Low temperature

f[kHz] -5 0 5 10 15 20° o b
0.5 19 37 63 89.5
1.0 15.5 30 53 15.5
2.0 13 24 42 66
5.0 11.5 18 31.5 52.5
10 10 15 24.5 42
15 9.5 13 19 33 57 75
30 9.2 11.5 16 25 41 65
60 9.2 11.5 14.5 19 29 52
120 8.5 10 12.5 16.5 26 43
240 8.5 9.5 11.5 15 22 33
149 8.5 10 12.2 154 22 333
300 8.1 9.4 11.1 13.8 18.6 29.5
596 7.6 8.8 10.3 12.2 154 212
1211 14 84 9.8 11.1 13.5 175
2382 7.0 8.0 9.7 11.0 12.8 155
4788 6.9 7 9.0 104 120 14.2
150000 6 6.5 6.9 73 7.8 82
300000 5.6 6.1 6.4 6.7 e | 74
* — extrapolated

(27



Table 2. The imaginary part of electrical permeability for the tested mixture dielectrtic losses as a function
of temperature and frequency. Low temperature

f[kHz) =5 0 5 10 15 20 C
0.5 28.2 143 575 1862
1 19.9 90 318 872
2 9.8 42 155 481
5 5.3 20 68 211
10 345 11.8 38 116
15 2.5 5.0 12.3 56.7 136 258
30 7.7 1.0 10.9 39 85 147
60 0.81 2.03 5.1 13.1 34 90
120 0.48 1.29 3.37 8.6 21.5 525
240 0.46 1.07 2.54 6.0 14.2 34
149 0.94 1.54 2.83 5.78 13.1 334
300 0.63 0.97 1.77 3.8 9.54 282
594 0.65 0.58 0.77 2.51 1.53 17.5
1211 0.71 0.52 1.0 2.33 5.48 114
2382 0.63 0.51 0.96 217 4.27 7.38
4788 0.47) 0.87 131 2.01 3.33 5.65
150000 0.34 0.5 0.7 0.96 1.24 1.56
300000 0.6 0.74 0.94 1.15 14 1.64
* — extrapolsted

Table 3. The real and imaginary parts of electrical permeability for the tested mixture as a function of
temperature and frequency. High temperature

T°C e’ e TrC e &
J=150 MHz f=600 MHz
101.7 19.6 31.7 108.3 14.9 134
914 18.8 254 98.3 14.5 11.8
809 16.8 18.6 86.0 134 91
70.1 15.8 13.4 74.8 12.2 7.0
59.3 14.3 8.6 63.5 11.0 53
49.3 12.2 5.8 53.5 9.9 39
395 10.6 4.0 439 8.8 2.7
30.2 8.9 2.7 31.2 1.7 1.2
228 7.9 1.8 228 3 1.0
8.9 6.6 1.0 12.1 6.3 0.8
Jf=300 MHz f=1200 MHz

102.2 184 227 109.5 12.5 11.2
92.2 17.1 18.5 98.5 11.8 10.0
80.6 16.2 13.3 87.0 11.3 1.5
70.1 14.5 10.1 74.5 10.0 59
59.6 13.0 7.3 63.0 9.4 44
49.8 11.3 3.1 527 8.7 3.3
40.0 99 33 41.7 7.8 2.5
30.7 8.7 23 329 T2 1.8
228 1.5 1.7 214 6.5 1.3
9.8 6.4 0.9 13.8 6.1 1.0

[128]
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3. Discussion of results

The polarization of electrodes should be taken into consideration in dielectric
investigations of substances with a high specific conductivity at the low-frequency
range. Ions, which are in the nearest vicinity of the electrode, migrate to it forming
a layer condenser with a big capacity. This makes the electric permeability increase in
an apparent manner. From the plot of electric permeability as a function of the
frequency (Fig. 2), it can be indicated that the low-frequency range is dominated by
the relaxation process, not electrode polarization. One can assume that the high
viscosity of this mixture causes a significant decrease of the ion movement. In turn,
this causes the decrease of electrode polarization in the investigated frequency range.

The occurrence of the retardation process in the low-frequency range corresponds
with the former results of ultrasonic investigations (Fig. 5) [4]. In the work concerning
the mixture of NaSCN and acetamide, two relaxation ranges were found [1 —3]. One
of them, which occurs at low frequencies, is connected with the movement of cations
in the polymeric chain; the second one occurring at the radio frequencies — with the
reorientation Na(CH,CONH )} groups. It seems that the low-frequency retardation,
observed in the mixture of Ca(NO,), and acetamide, is caused by the cooperative
movement of the solvated cations in the limits of the forming polymeric chains. From
the measurements of e'(f) and e”(f), the relaxation time of this process can be
estimated as fyc=8 s and #;yc,=0.8 s. These values are bigger nearly one order than
those received in the mixture of NaSCN and acetamide (fyc=0.13 s and f(;:c)=0.06
s) [3]. This increase of relaxation times is clear on the basis of the proposed
mechanism of relaxation. The relaxation time can be connected with the ionic charge
(Ze) and their mobility (K) in the following way [3]:

t=Zet?nKT, @

Thus the relaxation time grows when the charge of the ion, which “couples™ the
polymer chains, also grows. The dielectric increment, which is the difference between
permeability measured at low and high frequencies, can be connected with the ion
charge [3]:

4nnN

=g (2o ©)

de=ey—e,,

Assuming the constancy of the correlation coefficient 7, the ratio of the dielectric
increments equals the ration of squares of the ion charges:

Ade(Na™) ™ Z*(Na%) =1
de(Ca*?) ZXCa'*?) 4
The estimation above corresponds with the experimental results:
Ae(Na+) ~4-105[3], Ae(Na+)/de(Ca*?)=1/4,
de(Cat*?) ~ 16-10° (Fig. 2),

(©)
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It confirms the existence of the proposed model of the cation movement in the
polymeric chain as a phenomenon which is responsible for retardation in the
low-frequency range.

In the mixture of NaSCN and acetamide, the existence of the additonal relaxation
process with a relatively high dielectric increment at the megacycles/s range (de=40
at T=1.6°C) [3] was established. In the mixture investigated here, the existence of this
kind of process has not been found. Only for a temperature higher than 20°C can one
observe a significant increase of electric permeability and losses (Fig. 4). It seems that
this relaxatoin process may be hidden in the low-frequency one with a high dielectric
increment. The shift of this relaxation to the low-frequency range may result from
a cross linking of the polymer with the help of great-charge ions.

4. Conclusions

The electric permeability measurement, which were made for the mixture of
acetamide and calcium nitrate, enable to support the polymeric structure model
proposed for this liquid. Also it was indicated that low-frequency retardation is
connected with the cooperation movement of Ca*2ions in the polymeric chain. In the
higher-frequency range the high dielectric increment of this process dominates the
second relaxation, the existence of which was established by acoustical methods [4].
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Single crystals of lithium tetraborate (Li,B,0,) as a potential substrate for SAW devices
have been investigated. Single crystals of lithium tetraborate have been grown according to
the Czochralski technique. They combine a high electromechanical coupling coefficient for
SAW with a small temperature coefficient of SAW velocity.

1. Introduction

New piezoelectric materials have been investigated to find one which could
combine the properties of two materials commonly used in surface acoustic wave
(SAW) devices: LiNbO, with a high electromechanical coupling coefficient and
«—Si0, with zero temperature coefficients of time delay for some cuts. Recently
lithium tetraborate Li,B,O, has attracted much attention as a promising SAW
material [1]. The material is tetragonal and belongs to the 4 mm point group. It melts
congruently at 917°C what allows for its crystals growth from the melt. The crystals of
Li,B,O, are colourless, optically uniaxial negative and nonferroelectric. Low density
(p=2451 kg/m?) is combined with quite high hardness (6 in the Mosh scale) [1].

2. Crystal growth

Li,B,O, single crystals were grown from the melt using the Czochralski method
[2]. A platinum crucible was used. The starting material was prepared by melting
boric acid H,BO, and lithium carbonate Li,CO, until water and carbon dioxide were
completely removed from the melt which became totally transparent. Chemical
analysis showed that during the growth process evaporation of the compound
enriched in B,0, occurred. To reduce the formation of cores in the central parts of the
crystals due to changes in the stoichiometry of the melt, 1 mol% excess of B,O, was
used. First, small crystalline samples of Li,B,O, were obtained on a platinum were,
then [001] seeds were cut from the samples. The seeds were mounted in a platinum
holder to avoid reaction with the alund tube. The resistance furnace giving sharp
temperature gradients was used to make Li,B,O, crystallizaton possible. Molten
lithium tetraborate has a very high viscosity and shows a tendency to solidify as
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a glass in conditions of small temperature gradients. Only high temperature gradients
in the vicinity of the surface of the melt (=100 K/cm) allowed to obtain Li,B,O,
single crystals of good quality. The seed was rotated with 5 rpm and was pulled up
with a speed of 0.5 mm/h. Transparent single crystals 5 cm long and 1.5 cm in
diameter were grown. Only the central parts of the crystals were slightly defected by
thin cores. The quality of the crystals was investigated by means of the chemical
etching method in a mixture of water and glycerine (1 : 1) at 25°C for 24 hours. The
density of dislocations revealed in a (001) plane, using this method, was 6 x 10°cm 2,
The method was also used to eliminate crystals partially defected by twinning.

A plate 30 mm long in a [001] direction, 10 mm wide in a (110) plane and 3 mm
thick was cut from a Li,B,O, single crystal. To evaluate the usefulness of the
material as a substrate for SAW devices, the following parameters were inves-
tigated:

1. The velocity of the surface wave — p;

2. Electromechanical coupling coefficient — k2

3. Dielectric constant (resultant) — g

4. Temperature coefficient of delay At/AT:

5. Attenuation of the surface wave in the material;

6. The quantity of bulk waves generated in the material;

To determine the above parameters, two co-working, simple periodic interdigital
transducers with 20 pairs of electrodes and with an aperture of 2910 pm were made on
the Li,B,O, substrate. The distance between their geometrical centres was 16.81 mm,
when the distance between successive electrodes d was 28 um. The electrodes were
made from aliminium and had a 2000 A thickness.

This kind of transducer generates surface acoustic waves with a fundamental
frequency described by the following formula:

)

f=5 )

and also on its fifth harmonic.

The velocity of the surface wave v was determined from the slope of the phase
characteristic of the transducers in function of the frequency ® as 3.5 mm/ps.

Using the measurements of the statical capacity of the transducer in the
Wayne — Kerr bridge, the dielectric constant was found as e=8.5. It is twice as big as
for (Y,X) quartz and five times smaller than for (Y,Z) lithium niobate. A high
electromechanical coupling coefficient k2 connected with a small dielectric constant is
useful when high frequencies and long transducers are used, because the resistance
effect is minimalized.

The transducers conductance measured by the Wayne—Kerr bridge near the
fundamental frequency gave the value of the electromechanical coupling coefficient
k*=1.7%. The coefficient is ten times bigger than for (Y,X) quartz and three times
smaller than for (Y,Z) lithium niobate.
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The simplest way to obtain information about bulk waves generated in the
transducer is the measurement of the conductance of the tranducer o. Measure-
ments in the wide band of frequency are very difficult and time-consuming, hence
measurements were performed of the reflection coefficient of the wave from the
transducer with respect to S0 Q. Its value is proportional to | o+jwc |, so it
includes the same information as the conductance ¢. The measurements were
made using the Wiltron measuring set. The shape of the coefficient versus the
frequency curve is shown in Fig. 1. The surface wave is generated at 62.5 and

L 1
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Fig. 1. The reflection coefficient dependence on the frequency for the Li,B,O, transducer.

312.5 MHz. On the contrary, bulk waves fill the area between the fundamental
frequency and its fifth harmonic. They are present almost throughout the area and
their quantity exceeds the quantity of surface waves. From this point of view
lithium tetraborate is not superior to (Y,X) quartz and (Y,Z) lithium niobate.
These effects restrict the possibilities of constructing SAW transducers to cases in
which their bands are below their structural frequency because the attenuation of
transducers above their structural frequency is influenced by such large bulk
waves. The influence is shown in Fig. 2. Figure 3 shows a characteristic of the
transducer in its working band. The characteristic is independent of bulk waves.
Its shape and irregularities (caused by the wave reflections from the transducers)
are totally compatible with the theoretical curve. Filter losses are equal to 16 dB
on the structural frequency and 36 dB on the fifth harmonic. The quantities are
compatible with the theory and give the evidence that the material attenuation of
the wave in this range of frequencies is negligible.
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Fig. 2. The attenuation diagram of the transducer.
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Fig. 3. The transducer characteristics in its working band.
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The coefficient of temperature delay At/AT was measured in the generator set
in which the SAW unit worked as a delay line in the loop of the amplifier feedback.
The generator was set at 62.5 MHz. Measurements of the working frequency of the
generator versus temperature in the range of 20— 80°C were made. The relationship
has a parabolic form (Fig. 4) and the vertex of the parabola is at 50°C. Besides

4
O -

40r

e T Ty T

Fig. 4. The relative delay dependence on temperature for the transducer

existing temperature compensated regions in the range of 40—45°C and 50°C, the
Li,B,O, temperature delay coefficient 4t/AT is many times smaller than for (Y,X)
quartz (4t/AT=20 ppm) and (Y,Z) lithium niobate (4t/4T=90 ppm). From this
point of view, the properties of lithium tetraborate distinctly exceed the properties of
(Y,X) quartz and (Y,Z) lithium niobate.
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