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A METHOD FOR OBJECTIVE EVALUATION OF THE SENSATION OF THE LOCALISA-
TION DIRECTION OF A SOUND SOURCE
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(50-317 Wroeclaw, ul. B. Prusa 53/55)

This paper proposes a new method allowing the evaluation of the sensa-
tion of the localisation direction of an image sound source, generated by signals
transmitted by a two - channel loudspeaker stereo - system. This evaluation
can be carried out on the basis of the localisation parameters of signals rea-
ching the membrane of the listener’s ear drum, i.e. it does not require psycho-
acoustic investigations. The method proposed takes into account the properties
of the human hearing organ, as known from psyechoacoustic investigations,
which are essential in localisation.

In the final part of the paper, by using the method proposed, a eritical
evaluation is carried out of a two - channel loudspeaker intensity stereo - system.

1. Introduction

The sensation of sound spatiality, generated by signals reaching the
listener’s ears directly or through a stereophonic system, is shaped by a large
number of factors [3, 4, 9-11, 18]. The evaluation of their effect on the sensation
of spatiality is commonly carried out by using psychoacoustic investigations.
However, as the number of these factors is large and the psychoacoustic in-
vestigations are very time - consuming, the results obtained do not permit
comprehensive and thorough analysis of the phenomenon, partlcularly in the
case of stereophonic systems.

The sensation of sound spatiality is also evaluated, in addition to psycho-
acoustic investigations, by means of other research methods. These methods
can be divided into two principal groups. The basic element of one of them is
constituted by measurements of changes in the parameters of signals on the
path between the sound source and the listener’s ears, performed by using an
acoustic head analogue or a listener [1, 5, 8, 16]. The other is based on analysis
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of phenomena occurring during the transmission of the signals, by using mathe-
matical models [2, 9, 11, 12]. These objective methods permit the determina-
tion of the parameters of signals reaching the listener’s ears, but give no answer
as to what sensation of spatiality is caused by these signals. Thus, there is the
need for developing a method which would provide an answer to this question.
This need has been pointed out e.g. by BLAUERT [3].

Spatial hearing is a property of the human hearing organ which consists
of a large number of elements. FURDUEV [4] distinguishes three components
of spatial hearing:

— localisation of sound sources,

— distinguishing signals,

— acoustic atmosphere.

This paper presents a method permitting objective evaluation of the basic
component of spatial hearing which is the localisation of sound sources. In
developing the method, both the results of psychoacoustic investigations and
those of objective measurements of the responses of the external auditory
system of man were used. The development of this method required:

— the definition of the so - called localisation parameters, i.e. those para-
meters of signals reaching the membrane of the listener’s ear drum on the
basis of which he localises the sound source (section 2),

— the development of a criterion linking the localisation parameters with
the sensation of the localisation direction of a sound source which the listener
has (sections 3-7T).

The method proposed requires knowledge of the localisation parameters
of signals reaching the membranes of the listener’s ear drums. For given con-
ditions and a given signal emitted by a sound source these parameters can
be determined from measurements or calculated from mathematical models,
which describe the passage of the signal from the sound source to the listener’s
ears.

In the final part of this paper, as an illustration of the possibility of ap-
plication of the method proposed, the results of evaluation of a two - channel
loudspeaker intensity stereo - system are given.

2. Definitions of the localisation parameters

As a result of psychoacoustic investigations, it has been established [6
7, 9, 15, 17] that the listener evaluates the localisation direction of a sound
source above all on the basis of the following parameters of signals reaching
his ears:
—uniaural sound pressure levels,
— interaural difference between sound pressure levels,
— interaural time delay.
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The following parameters of the signals, called localisation parameters
below, can be subordinated to the above parameters:

— short - term power spectrum levels Lg; and Lgp of signals reaching
the left and right ears:

8p(f; to)

Lgp(f, te) = 10 log sy Lgp(f, to) = 10log S ’ (1)
0

81.(f; o)
8,
where 8, (f, #,) and Sp(f, {,) are the short - term power spectra of the signals

for the left and right ears, 8, is the reference quantity,
— interaural difference between the short - term power spectrum levels,
ALg, of signals for the left and right ears:

ALS(fr ty) = LsL(f5 tu)“‘LSP(fa to), (2)
— interaural time delay Cg:
Cs(fy 1) = sr(fy tﬂ)_T;'P(f! to), (3)

where 73, and 7, are the time delays of a direct wave, describing the passage
of a signal from the sound source to the membranes of the ear drums of the
left and right ears.

The short - term power spectra occurring in formulae (1) are defined in
the following way:

8t = [ Wals)cosdnfe| [ R, t—[e) Walto—0]dr, (4

where R(f, t—|7]) is the autocorrelation function of a nonstationary random
process, W, () is the window function in the time domain, W, (7) is the window
function in the domain of time shift, and ¢, is the moment of the determination
of the short - term power spectrum.

In definition (4), the window function W, (t) permits a property of the
human hearing organ, called a time constant, to be taken into account. Among
research workers there is difference of opinion as to the shape and length of
the window function W,(f) which describes properly the inertial nature of
the hearing organ. In the calculations presented in a further part of this paper,

a window function proposed by PENNER [14], described by the following rela-
tion, was used:

2t 2t
Wk(t) = l(t)l(ng—t)T— exp(._ G
S

0 S0

+1), (5)

where 1(t) is the Heaviside distribution, T's, is the length of the time constant of
hearing; it was assumed that Ty, = 50 ms.

From the psychoacoustic investigations reported on in MI1szczAK’s paper
[13], it follows that the listener localises a sound source on the basis of the
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initial part of a signal reaching his ears, which results from the resumption of
sound emission by the source. This property of hearing is known in the litera-
ture as “CREMER’s law”. The initial part of the signal, as a result of the delay
of reflected waves with respect to the direct wave, contains mostly the latter
wave. Due to this property of hearing, man can correctly localise sound sources
in an interior, despite the fact that the energy of reflected wave is often higher
than that of the direct wave. CREMER’s law imposes the necessity for evalu-
ating the parameters of signals reaching the listener’s ears at the time moments
to = t,+ Ty, Where 1, is the moment when the wave front reaches the listener.

3. Localisation of sound sources in standard conditions

The standard conditions are understood here to be the conditions of direct
detection in an open space of a signal emitted by a sound source. In such con-
ditions the signals reaching the listener’s ears are determined by the transfer
funections of the external auditory system, corresponding to a given localisation
of the sound source with respect to the listener, and by the signal emitted by
this source [10, 11]. In turn the localisation parameters 4 L§ and (% (the index
B denotes the standard conditions) depend above all on the transfer functions
of the external auditory system and on the localisation direction of the sound
source with respect to the listener. In localisation, the parameters LE, and
LE, play an auxiliary function [18] and therefore they will for the time being
be neglected. The way of describing the localisation of the sound source with
respect to the listener is shown in Fig. 1.

Tig. 1. The localisation of the sound source X with respect to the listener §
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The listener can quite easily determine the localisation direction of a real
sound source in anechoic conditions. In such conditions localisation is natural.
When in the standard conditions the source, situated at an angle (a, g) with
respect to the listener, emits a signal with its spectrum concentrated round
some frequency f,, this signal causes a definite time delay Cg(f,) = CE(f,) and
the difference between short - term spectrum levels, ALg(f,) = ALE(f,). In
the standard conditions there is then a function which subordinates the values
of ALE and 0% to given values of f, ¢, . Since this subordination is described
by a relationship of five quantities, this situation can be represented in a five-
dimensional space (ALg, Cg, f, a, f). For definite f, a, § a point is described
by a relationship of five quantities. Assumption by f, « and # of all the values
within their variability ranges causes a set H* to be generated. In the space
(ALg, Cg, f, a, ) this set will be represented by a line. Points lying on this
line will describe all the interrelationships of the five quantities defining the
localisation in the standard conditions which are possible for a given listener.
Thus, the set H* constitutes a description of the localisation for direct detec-
tion in anechoic conditions.

As a result of visual and auditory experiences, in the process of learning,
the listener memorises the interrelationship of the five quantities describing
the localisation in the standard conditions. When the system sound source -
listener is in anechoic conditions and the listener cannot see the sound source,
then, on the basis of the frequency f, the delay CF and the level difference
ALE, the listener can determine the localisation direction of the sound source,
i.e. the angles a and f. This evaluation is possible due to knowledge of the inter-
relationship of the quantities ALZ, CZ, f, « and f, described by the set H™.
It can thus be stated that the set H* is a description of a decision - making
model of the localisation of sound sources.

In view of the individual feature of their bodily constitutions, for each
of listeners there occurs a different interrelationship of the quantities ALZ,
CZ, f, a and B. For a given listener this interrelationship is invariable, and so
are the shapes of the external auditory system. In the process of learning every
one adopts a different subordination, i.e. creates his own set H". These indivi-
dual subordinations constitute individual decision - making models.

4. Averaged decision-making model

In evaluating stereophonie systems it is warranted to use the decision - ma-
king model of “the standard listener” who represents the properties of the hearing
organs of a human group. Thus, it is necessary to develop an averaged decision -
making model. To date, no investigations of the properties of the hearing
organ have been carried out with the view to developing an averaged decision -
making model, nevertheless measurements have been taken of the “shadow”
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effect of the head solid. The results of these measurements were gathered
by Shaw and represented in the form of a set of the averaged moduli of the
transfer functions from the free field to the membranes of the listener’s ear
drums, as a function of frequency and the angle a [17]. On the basis of these
moduli, using Hilbert’s transform, a set of impulse responses of the external
auditory system was calculated [10, 11]. In turn these impulse responses be-
came the basic elements of the mathematical model of signal passage from
the sound source to the listener’s ears in standard conditions. With this model,
assuming that the autocorrelation function of a signal emitted by the sound
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TFig. 2. The differences in the short - term spectral power levels, ALE, in standard condi-
tions, for various angles a

source has the form R, (t,, t;) = 26(t;, t,), where 24(f,, t,) is a twodimensional
Dirac distribution, the dependencies of the level difference AL%S and the time
delay 0% on frequency and the horizontal angle « was determined. These depen-
dencies are shown in Figs. 2 and 3.

In view of lack of sufficient data, attempts to determine the effect of the
vertical angle g on ALZS and CF failed. Therefore, considerations were restricted
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to the horizontal plane, i.e. to the case f = 0. This restriction reduces the
decision - making model to four dimensions: ALg, Cg, f and a. In practice this
has no essential significance, since the localisation of image sound sources in
two - channel loudspeaker stereophony should be limited to the horizontal
plane. The elevation of an image source, which is observed at times, will from
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Fig. 3. The time delays O in standard conditions, for various angles a

this point of view be regarded as disagreement between the effect achieved
and the desired one.

The set defined in the fourdimensional space (4Lg, Cg, f, a) was designated
as H. In this space the set H is represented by a line.

5. Definition of the distance dj, and the angle a

The set H describes the interrelationship of the parameters ALg, Cg, the
frequency f and the angle a for direct detection in anechoie conditions. In these
conditions localisation is obvious and natural. Most frequently, however,
the listener will determine the localisation of the sound source in an interior
where reflections from the walls occur. These reflections cause a change in the
level difference ALg (with respect to anechoic conditions) [10]. There is in turn
no change in the time delay Cg, since it is determined by the direct wave. The
interrelationship of ALg, Cg, f and a is different from that in standard condi-
tions, and in addition it varies with changing acoustic conditions. When re-
flections from the walls essentially change the level difference ALg and the
listener cannot see the sound source, he can find it difficult to define the locali-
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gation direction of the sound source and his localisation can be erroneous [13].
In a case when reflections from the walls do not exert any large effect on ALg,
it is not difficult for the listener to determine the localisation direction of the
sound source and his localisation is correct. Similar problems can occur for the
detection of a signal transmitted by a stereophonic system. In this case, the
listener cannot see the sound source. There is an image source. The listener
has to determine the localisation direction of the sound source on the basis of
the parameters of signals reaching his ears, i.e. on the basis of frequency, level
difference and time delay.

In order to illustrate the possible interrelationship of the quantities (4Lg,
Og, f and «) in reverberation conditions, an example was considered. It was
assumed that a sound source situated at an angle a;(f = 0) from the listener,
emitted a signal with the short - term power spectrum 8,;(f). Subsequently,
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Fig. 4. Projections of the cross - section Hj and the straight lines 'Pj and *P}. on the planes
(4Lg,) Og, (ALg, a) and (Ug, a)

a spectrum - band with width df and the centre frequency f was considered.
In standard conditions this band generates in the listener’s ears A'Lg, and
10, — situation 4, and with reflections from the walls, e.g. 4°Lg, and 'Cg; —
— gituation B. As a narrow frequency band is considered, analysis of these
situations requires only the cross - section H, of the set H for the frequency
f = f,- This cross - section can be represented in the space (4Lg, Cg, a). In the
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threedimensional space, situations A and B are described by the parallel straight
lines (4' L, 'Og;, a) and (4* L, 'Cy,, a) called respectively ‘P, and 2P, below.
Fig. 4 shows the projections of the cross - section H, and the straight lines
'P;, and *P;, on the planes (ALg, Cg), (ALg, a) and (Cg, a). The straight line 'P,,
corresponding to anechoic conditions, intersects the cross - section H, at a point
with the coordinates (4' Lg,, 'Cg,;, a;) where the equation a, = q, is satisfied. In
a general case the straight line *P, has no common point with the eross - section
H,. In order to evaluate cases when the straight line describing a given situation
has no common point with the cross - section H,, the notion of distance was
introduced. This will permit consideration of all possible interrelationships of
the quantities 4Ly, Cg, f and a.

The distance dj, of the straight line ™P, from the cross - section H, of the
set H is defined here as the distance between the rectangular projection of this
straight line on the plane (4Lg, Cg) and the rectangular projection of the cross -
section H, on the same plane, where the level differences ALg and the time
delays Cg have been normalised.

The projection of the straight line P, on the plane (4Lg, Cs) is a point.
Let ™P,, denote this point. The projection of the cross - section H, on the plane
(4Lg, Cg) is a line. This line was designated as H,,. For a given frequency f,
the quantities ALg, are functions of the angle «, thus the coordinates of points
lying on the line H, depend on the angle a. It was assumed that there are the
following normalising quantities:

— for the level difference ALy — the number M,,, which is the maximum
value of the level difference taken by the cross - section H, for a e (0, =/2),

— for the time delay Oy — the number M, which is the maximum value
of the time delay taken by the cross - section H,, for a e (0, ©/2).

After normalisation the coordinates of the point ™P,, (#,, 5,), are as follows:

e A™ Lg,
1= *"—‘ML]C i
Ns-5 :;f-—si
o

In turn the coordinates of points lying on the line H,,, (4, 4,):
Ay(a) = ALgk(a)/MLk:
Ao(a) = ng(a)lMCk'

The distance d;; can be determined from the relation

(M)

dy, = min {o}(a)}, (8)
where

ox(a) =V [m—Ay(a) P+ [1s—2y(a) 1. (9)
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It should be borne in mind that in keeping with the definition the distance
dy is a number subordinated to the given frequency f,.

The distance of the straight line ™P, from the cross-section H, is conceived
as a measure useful in determining the localisation direction of a sound source.
Such a measure must in particular account for those properties of the human
hearing organ that cause the time delay to have a decisive effect on source
localisation at low frequencies and the level difference to do so at high frequ-
encies. At medium frequencies the level difference and the time delay are
equally essential [7, 18]. It is therefore necessary to introduce the weighted
difference. After introducing the weight coefficients the definition of the dis-
tance becomes

d), = min {g;(a)} = min {V Wy, (9 —4)% + Wy (na— 2%}, (10)

where W, is the weight coefficient for ALg for f = f,; W, is the weight coef-
ficient for Cg for f = f.

At present there is no knowledge of the dependencies describing the pro-
perties of the human hearing organ as represented by the coefficients W,
and W,, in formula (10), except for their general trends. Therefore, it was
assumed that they depended linearly on the logarithm of frequency and that
they take values of zero or unity for frequencies of 16 Hz and 16.4 kHz giving
the following expressions:

(11)
W = —0.1 logyf, +1.4.

The quantity a, was also introduced. Let a, denote an angle at which d,
oceurs, i.e. a, is such a value of the angle a at which the function g, (a) reaches
a minimum. The quantity e is a function of the frequency f;, just as so is the
distance d,.

6. Interpretation of the distance dj and the angle a;

As an example, Fig. 5 shows a projection of the cross-section H, of the
set H and projections of various possible straight lines ™P,, marked by points
A, B, € and D, on the plane (4Lg, Og). Fig. 5 shows the cross-section of the
set H determined in section 4 for f, = 1200 Hz.

In situation A the straight line ™P, has a common point with the cross-
section H,. The distance d, is zero. a; is about —0.157 (—27°). This situation
can occur for direct detection in anechoic conditions, where there is the equation
a; = a; (g; being the angle at which the sound source actually is). Situation
A can also be generated by a signal transmitted by a stereophonic system.
There is then full analogy to the standard conditions and it is not difficult to
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determine the localisation direction of an image sound source. The listener
evaluates that the image sound source is localised at the angle a,. This stereo-
phonic effect is a natural one.

“In situation B in Fig. 5, the straight line ™P, has no common point with
the cross-section H,. However, the distance d, is short (4, < d,, d, — the limi-
ting distance). The angle g, is about — 0.16= (—29°). A situation such as B
can be generated for direet detection in an interior with good acoustic condi-
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Fig. 5. Projections of the cross - section Hy, and the straight lines ™P; on the plane (4dLg,
Cs), fk = 1200 Hz

tions. In such conditions, as a result of reflections from the walls of the interior
reaching the listener’s ears, there is a change (with respect to anechoic condi-
tions) in the level difference ALg. However, this change does not exceed 2 dB
[10]. From psychoacoustic investigations, it follows that in such conditions
localisation is good [11]. The angle at which the listener localises the sound
source, is close to the angle ;. Situation B can also be generated by a signal
transmitted by a stereophonic system. It is then not difficult for the listener to
determine the localisation direction of the image sound source.

In situation € the distance d,, is large (d;, > d,).a; is about — 0.083x (—15°).
Situation ¢ can be generated for direct detection in an interior with poor aco-
ustic conditions [10]. In such conditions it is difficult, sometimes impossible,
to localise, and the listener may evaluate wrongly the localisation of the sound
source [13].

In situation D the distance d, is also large (d, > d,). The angle a, is about
—0.117 (—20°). Such a situation can occur for detection through a stereophonic
system [10, 11]. Since the distance d, (as in situation C) is large, the listener
will find it difficult to determine the localisation direction of the sound source,
as it is not important for the listener whether the given localisation parameters
ALg, and CUg, have been generated by signals reaching his ears directly from
the source or through a stereophonic system.
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The difficulties in determining the localisation direction of the sound source
can be caused by “unnatural” interrelationships of the parameters of signals
reaching the listener’s ears, i.e. the frequency, the level difference 4Lg and
the time delay Cg. This can be an unnaturally large value of ALg for a given
frequency, e.g. for f, = 2 kHz ALg, > 20 dB, which in standard conditions does
not occur for any angle a. This can be a zero value of the time delay Cy, and
a large value of 4Lg, at medium frequencies, for the zero time delay corresponds
to the angle a = 0, a large value of ALg to a large negative angle a. The contra-
dictory pieces of information can make it difficult to decide where the sound
source actually is. The direction sensation will be “unnatural”.

The interpretation proposed in this part for the quantities d, and a, agrees
with observations presented in a number of papers [3, 4, 13]. With the distance
d, and the angle g, it is possible to determine what the listener’s decision will
be as to the localisation of a real or image sound source. On the other hand,
these quantities describe the interrelationship of given values of f, ALy, and Cg,
with the set H,. The distance d, and the angle g, can thus be objective mea-
sures of the subjective sensation of the localisation direction of a sound source.

The distance d, was compared with some limiting distance d,. The latter
distance played the role of the threshold value between natural and unnatural
localisations. The determination of the value of d, requires psychoacoustic
investigations to be carried out. However, from the discussion given, it can
be stated that localisation becomes more natural as the distance d, decreases.

The above considerations are concerned with a narrow spectrum band with
a centre frequency f, of a signal emitted by a sound source. Since a source
emits most frequently signals with composed spectrum, the determination of
the listener’s decision as to the localisation of the sound source, requires that
d; and a; should be found for all the components of the spectrum of the signal
detected by the listener. For direct detection in anechoic conditions, for all
the spectral components the equation a, = g, is satisfied, i.e. for all the compo-
nents the source will be localised in its actual direction. At all frequencies the
distance d; will be zero. In evaluating the localisation of a real sound source
in reverberation conditions, d, will most frequently be non-zero and the angles g,
will be different from a;. When the interior has good acoustic conditions, the
distances d; will be short, the angles «, close to the angle a;. As the acoustic
conditions worsen d, will increase and so will the scatter of the values of «,
about ¢;. In determining the localisation direction of an image source, very
diverse dependencies of ¢, on frequency are possible (see Fig. 8). This depends
above all on the way of transmitting the signal from the source to the listener’s
ears, i.e. on the properties of the stereophonic system [10, 11]. Therefore, in
such a case, the use of the quantities d, and ¢, is a very useful way of evalua-
ting the localisation sensation.

The interrelating, by means of the distance d, and the angles g, of the



LOCALISATION DIRECTION OF SOUND SOURCE 28bH

localisation parameters of signals reaching the listener’s ears and the localisa-
tion sensation is the proposed criterion for evaluating the sensation of the loca-
lisation direction of a sound source.

7. Procedure of objective evaluation of the sensation of the localisation direction of a sound
source

In order to evaluate the sensation of the localisation direction of a sound
gource, it is in the first instance necessary to determine the localisation para-
meters Lg;, Lgr, 4Lg and Cg. These quantities can be determined from de-
pendencies (1)-(4), which requires knowledge of the twodimensional autocor-
relation functions of signals reaching the left and right ears and the delays in
reaching the left and right ears by the direct wave. These correlation functions
and delays can be determined by measurements or from mathematical models.

The parameters Lg; and Lgp permit the spectrum of the signal detected
to be determined. On their basis, it is necessary to find the frequency bands
for which it is justifield to calculate the quantities d, and a,, i.e. in terms of
the hearing threshold or the masking effect. When the evaluation is to be car-
ried out on a transmission system between the sound source and the listener’s
ears, the spectrum of the signal emitted by the source should cover all the fre-
quency range under consideration.

In evaluating a stereophonic system it is also necessary to consider the
effect of a later sound being masked by an earlier one. This phenomenon was
described in paper [13]. As a result of investigations, it was established that
when for a given time delay the level difference between signals emitted by
two sound sources exceeds some threshold value, the sound source emitting
the signal with the lower level will not be observed by the listener.

Having definite localisation parameters ALg and Cg and using a decision-
making model represented by the set H, the distances d, and the angles a;
should be determined for particular spectrum bands. Subsequently on the basis
of d, and «, it is possible to carry out an objective evaluation of a given locali-
sation sensation. The direction sensation improves as the angles a; show less
and less scatter about some mean value and as the distances d, decrease. In
addition, in evaluating the direction sensation generated by means of a stereo-
phonic system, it should be considered whether the system provides the possi-
bility of the image sound source being localised at any point of the base.

Apart from their dependence on frequency, the localisation parameters
ALg and (g, and thus accordingly the quantities d, and a,, depend on a large
number of other factors. In the case of a stereophonic system the localisation
parameters are affected by such factors as the angles at which sound sources
are localised with respect to the microphones, the characteristics of the micro-
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phones and loudspeakers, the parameters describing reflections from the walls
etic. [10, 11]. Thanks to the method proposed, the effect exerted by all of these
factors on localisation can be analysed thoroughly.

8. Evaluation of a two-channel loudspeaker intensity stereo-system

Using the mathematical model of the stereophonic system under conside-
ration [10, 11], on the assumption that: the detecting and transmitting inter-
iors are anechoic in character, the stereophonic system is a symmetrical one,
the microphones making up the coincidence microphone have cardioidal chara-
cteristies, the angle of the baseis =/2 and that the source emits a signal described
by the autocorrelation function R, (t,, t,) = 24(t,, t,), the localisation para-
meters were calculated. Because of the symmetry assumed for the stereophonie
system, the time delay C, is zero by identity. The dependence of the level dif-
ference ALg on frequency for some angles at which the sound source is localised
with respect to the coincidence microphone (the angle ¢), is shown in Fig. 6.
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Fig. 6. Differences in the short - term spectral power levels, ALg, for the chosen version
of two - channel loudspeaker intensity stereophony, for various angles a

Subsequently, in keeping with the procedure shown in section 7, the dis-
tances d, and the angles a, were calculated. The results of the caleulations are
given in Figs. 7 and 8. On the basis of these results and those of calculations
carried out for other variants of two-channel loudspeaker intensity stereo-
system [10], it was established that:

— for the angles ¢e(—=/6, =/6) at which the sound source is localised with
respect to the microphone, the stereophonic system ensures such a representa-
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tion in which the larger angle ¢ corresponds to the larger angle a;, at which
the image sound source is situated with respect to the listener. As a result of
this, there occurs the sensation of a “blurred” sound source emitting composed
spectra. A point sound source will occupy part of the base,
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Fig. 7. The calculated distances dj

— when the sound source emits a signal whose spectrum will be concen-
trated about some frequency, the image source changes its position on the

base as this frequency varies,
— when the sound source emits a low-frequency signal, the image sound

source is localised close to the centre of the base,
— in limited frequency bands image sound sources are localised beyond the

base section.
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Fig. 8. The angles a;, of the localisation of the image sound source with respect to the listener
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9, Conclusion

The method proposed represents a new approach to the evaluation of the
localisation effect, permitting this evaluation to be carried out without the
need of time-consuming psychoacoustic investigations. This method provides
the possibility of comparing different stereophonic systems. It can also be used
to evaluate the properties of interiors or the quality of stereophonic equipment.
Thus, it is a convenient tool for those research workers who are engaged in
investigating the localisation effect and for designers of stereophonic equipment.
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A VIBROACOUSTIC MODEL OF A REDUCTION LINE OF A GAS INSTALLATION
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(33 - 100 Tarnéw, ul. Nowy Swiat 78)

This paper proposes a method for predicting the sound power level of
a reduction line of a gas installation, based on a vibroacoustic cylindrical equi-
valent model. This model was verified experimentally on a real object. It per-
mits approximate prediction of the sound power level of a reduction line, de-
pending on its technological and structural parameters, particularly for medium
and high frequencies.

1. Introduction

Prediction of the value of sound power radiated by sound sources on ma-
chinery and industrial facilities is one of the essential problems in machinery
vibroacoustics. Attempts to develop methods for predicting the values of the
power level of sound sources were undertaken for plates in the case of flexural
resonance vibration [2] and for pipes involving turbulent water flow [1, 6].

The present authors are concerned with the problem of predicting values
of the sound power radiated by sources with complex geometry, such as occur
in gas pipelines. The considerations apply only to radiation of sound power by
surface sources [8]. '

The principal object of this paper is to build and verify experimentally
a model of radiation by a system of sound sources with complex geometry,
where acoustic energy radiation is caused by gas flow in the process of pressure
reduction. This purpose was carried out by forming an equivalent cylindrical
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radiation model. It is assumed that the velocity of radial vibration of the
walls of the line is a function of the gas flow intensity. This assumption was
verified experimentally.

2. Acoustic model of the line

In building the acoustic equivalent model of the line, elements with com
plex geometry were replaced by cylindrical ones with equivalent surface area
and length equal to the linear dimension of a given element, measured along
the axis of the line. A system of cylindrical sources thus formed was replaced
by one cylindrical source with the length of the real line and an equivalent
diameter (Fig. 1). The assumption of the equivalent model of the line in the form
of a cylindrical source was based on the acoustic field distribution as publi-
shed in papers [3, 4].

In modelling the following assumptions were made:

— the emission of acoustic energy outside a cylinder with infinite length,
vibrating stochastically and stationarily over a broad frequency range, is
considered ;

— the surface of the cylinder vibrates in the radial mode;

— the frequency range Af = 500-8000 Hz;

— there is critical flow in the reductor valve (8 = p,/p, < 0.542, where
p, and p, are the values of the pressures occurring before and behind the reduc-
tor, respectively).

The cylindrical acoustic model of the line is replaced by a system of rec-
tangular pistons with dimensions 2z, and 2a (Fig. 2), separated on its side sur-
face and vibrating with equal amplitude and phase. It is assumed that the
motion of the pistons is not correlated. Hence, the mean square values of the
acoustic pressures and the sound power radiation intensity in the field outside
the side surface of the cylinder are approximately proportional to the sum of
the mean square values of the pressures generated successively by each of the
pistons vibrating in an infinite cylindrical baffle.

LAmDp and CoHEN [7] derived the expression for the acoustic pressure in
a point in the far field with the coordinates R, @, 0 (Fig. 3), in the form

p = 2000, Pexp[j (kR —2xft)], (1)

where p is the density of the medium, ¢-the acoustic velocity, v, — the ampli-
tude of the radial component of the velocity of the piston, k¥ — the wave number,
and P is expressed by the relation

p_ L sin(kzcos0) {(a 1
"~ wkR  cosfsin® HY' (kay, sin 0)

+2[25m’m‘“ exp( —jmr /2 )]xcosmcb}. (2)

mr  H() (ka,,sin f)

m=1
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In this expression, a,, is the equivalent radius of the cylinder, HY is the
derivative of a Hankel function of the zeroth order, of the first kind, H{) —
— the derivative of a Hankel function of the mth order, of the 1st kind.

Subsequently, KENNEDY and YouUNG [6] determined the intensity of sound
power radiation in the radial direction from the product

i
> (20cv, P) (2v,sin OP*),

where P* is a complex conjugate of P.
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Fig. 1. Procedure of the stage transition from the real object to the equ.ifalent eylindrical
model of the line. The values are given in m
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Taking the imaginable cylindrical surface with the radius » = Rsin6,
parallel and concentric with the eylindrical baffle, the total sound power ra-
diation intensity in the radial direction, corresponding to unit length, is

ki

1
% =2 f — (2000, P) (20,in 0P*) sin 040 —
1]

— 400’ R f PP*sin6dd[Wm-*].  (3)
0

Fig. 2. Piston acoustic model of the line

Equation (3), when derived for discrete frequency, also determines ap-
proximately the power radiation intensity over a narrow frequency range (the
value of P for any frequency over that range does not deviate greatly from
that of P for the centre frequency of the range). v; is then the mean square value
of the velocity of the piston, averaged over that range.

field point

P ¢

@__L_'_jb“\_/L\_—_'}

Fig. 3. Piston model of the line in a cylindrical coordinate system
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The total power radiation intensity is equal to the sum of the radiation
power densities of particular vibrating pistons. The system of the pistons is
defined by an infinite series of rings with the axial length 2 z,. Each of the
rings contains about =/a pistons, hence the sound power radiated by all the
pistons in the first ring is

= T =3
@ = (Z)w = oot Wiry by sy 0,00 W), (4
where
e il R i sinf [ sin2(ke’cosb)\ (a2 1 2
_—_—RfPP* 0dD — — |
TR, g g nak"r( c0s?0 {n HOY (kaggsing) |

= MR | R
| min | HY (kagsino) | If’
and r = Rsinf. In the limits when 0 - 1/2x
- = S 2 a ’
W("’ < Folt e LR ?a“) 5 i“,;‘ ey mi:z[ H (kagsind) |
- sinma X
+mZ_: o mHY (ka,,sin 0) ]’ (6)
when « tends to zero
1 1 "
@) {Zwi/ml’(m)}(—g .cr;) for m #0
and ——1—— —>i T,
HY (2) 2

Hence, when 6 — 0, W — 0.
In the acoustic field, for the nth ring, the following relation is valid:

0 =tan—‘( S )
2nz,

Hence, the mean total sound power per unit length of the imaginable sur-
face surrounding the cylinder is

B z 1
Wiotar = 4007} (W(’-": ky 2oy @y gqy0 = 5 7:)-!-

= r
49 Z W[r, ky 2oy @) Gpq, 6 = tan—! (ano)]} (7

n+1l
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0
The expression 2 ZW [r, &y 29y @y Goq, 0 = tan~'(r/2n2,) ] can be approxi-
n=1
mated, when r — oo, by the relation [6]

/2
r

Ww(r: ky 24y @y Geq, B)Af.

(8)

1t follows from equations (5) and (6) that the first term of equation (7)
is inversely proportional to r. The remainder of the expression is given by equa-
tion (8) and does not depend on r within the interval 0 < f < 1/27. Because
the first term of equation (7) is inversely proportional to » and the summary
term does not depend on r, for sufficiently large values of r the first term can
be neglected.

With Z = 2,/4 and A = —a,,/4, where 2 is the wave length, the following
expression for sound power can be derived from equations (7) and (8),

Wyotar = 000, AL(ay Z, 4) [W], (9)
where
20 jP sin?(2nZ cos f) { a 2
mhaz, J cos?fsinf HY (2nA sinp)
[ 2sin2ma 1 5
5 . 10
+m2=1‘[ m* | H}) (2nAsinp) ]}dﬁ i

Fig. 4 shows the characteristic of log I as a function of the quantity 4, as
determined by KENNEDY and Youna [6].
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Fig. 4. Curve of log I as a function of the quantity 4
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Equation (9) was derived for an infinitely long system of pistons vibrating
in a cylindrical baffle. In the case of a long pipe with finite length I[m](l/a,, >1),
for which the diffraction phenomena at its ends can be neglected, the theoretical
sound power level Ly, radiated for g¢c = 428.6 Nsm™ can be expressed ap-
proximately by the relation

Lt 1010g%l — 146 +20log, +10logi +10logI  [dB],  (11)
0

where W, = 10""[W] is the reference power level, 4 - the wave length [m],

log I is the value determined from the curve in Fig. 4, v,[ms™') - the mean

value of the velocity of radial vibration.

3. Vibrating model of the line

The acoustic model makes the mean sound power W radiated dependent
on the value of the mean radial vibration velocity of the walls of the line, ¥,,
according to the function

W= P1(Vys fy @qy 1) [W]. (12)

In the vibration model, the mean value of the radial vibration velocity
of the walls of the reduction line, ,, depends on the gas flow intensity @ [m*h~'],
the vibration frequency f[Hz], the equivalent radius a,,[m] and the length
I[m], according to the function

v, = ¢2(@, f, Qoqs 1) [m's—l]' (13)

The vibration model and the acoustic one, which form together a vibroa-
coustic model, are shown in Fig. 5.

Pt e e T i Sl St -
4
Q vibration v, (8) acoustic W(¥V,,Geq.l)
P F————— -
Cagt! model model
BT S e S SR J

Fig. 5. Schematic diagram of the vibroacoustic equivalent model of the line

The funetion given by relation (13) can be determined by investigations
performed on real lines. In the case of a set of K lines, it is possible to derive
the functions

be = (@ 1), (14)

where a,,, ! = const.
Hence, the mean function is sought:

v = ﬁ(Q:f)! (16)
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where

Q[Qmin) Qmu]) W[fmjn: fm&x] (16)

The flow intensity @ varies in time. Assuming that the discrete values of
the flow intensity, Qx,, are known for particular lines, the function @, can
be written as

QK =QVAR[QK11 sz!'"r QK"": me]: (17)

where m =1, 2... are discrete values of the gas flow intensity Q.
For each of the lines, the mean value of the function is determined from
(13) by averaging

1 n
Vo = ]/;Zvii, (18)
i=1

where n is the number of points for the measurement of the radial vibration
velocity on the line. Hence, the mean value of the function of the radial vibra-
tion velocity can be determined in the form

K

1
5@ ) =5 D v [ms7]. (19)

i=1

The function given by relation (13) was determined experimentally on 3
lines with the first degree of pressure reduction, in the same technological and
structural system, as shown in Fig. 1.

The investigations were carried out for gas flow intensities contained
within the interval (2315-6480) m*h~' under normal conditions. The distribu-

3y % 30
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VA WN/X/MN/T’/N/ N/f?/ /NVAT/YAYMYATN/&
3L 31(32) 28 21(22) 23(24) 25(26) 13(14) 15(16) 17(18) 10 7(8). 4

Fig. 6. Distribution of the measurement points on the surface of the line
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tion of the measurement points on the surfaces of the particular elements is
shown in Fig. 6. In turn, Fig. 7 gives the mean values of the amplitudes of the
radial vibration velocity. of the line, as obtained from relation (19). They are
the basis for determination of the sound power level radiated by the reduction
line.

7o’
{ms]
g 4000 Hz
60 |
50 |
{0 F
2000 Hz
30}
8000 Hz
20t
1000 Hz
10 i
i N Sy 500 H
0 i i i §
2000 3000 4000 5000 6000  QINm’H'1

Fig. 7. Characteristics of the mean values of the radial vibration velocities as a function
of the gas flow intensity

4. Experimental verification of the vibroacoustical model

The aim of the verification was to estimate agreement between the values
of the sound power levels calculated theoretically from relation (11) and the
values of the sound power levels obtained by measurements on a real object.
The investigations were based on the sound pressure level distributions in the
near and far fields which were given in papers [3] and [4].

In the theoretical calculations, four variant ways of averaging the radius
of the equivalent cylinder, a,, were employed:

— from the total real surface area of the elements of the line

C S .
Oy =5 [ml; (20)

— from the arithmetic mean of the radii of fhe equivalent cylindrical ele-
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ments
8
2
0= 55 [l (21)

— from the geometric mean of the radii of the equivalent cylindrical
elements

agq=-—1/d1dz 4y [m]; (22)

— from the quadratic mean of the radii of the equivalent cylindrical

elements
PR e
1)/ 2%
"= g [l (23)

ak

The dimensions of the elements of the reduction line used in the tests are
listed in Table 1.

The value of the sound power level Ly, (f), which would be radiated by
the equivalent cylindrical source, was determined from relation (19) (Table 2).
These values were compared with those of the sound power levels obtained
from measurements in the near field, Ly, (f), and in the far one, Ly, (f) (Table 3).

This comparison permits an adquate variant of the radius of the equivalent
model to be selected in the theoretical calculations of the power level by its experi-
mental verification. For this purpose, for the four variants of the radius assumed,
calculations were carried out of the theoretical level of the total sound power
radiated over the five frequency ranges under study, according to the depen-
dence

2 Wft fi
Ly, = = 10log ———
Og Wu

where W, ( f;) [W] is the sound power of the line over the 1/3 octave band with
the centre frequency f;, determined theoretically.

Similar calculations of the total sound power levels were carried out for
the near and far fields, according to the dependencies

EWi (f2)

Ly, = 1010g‘—"—W:~ [dB], (25)

[dB], (24)

2 Wi'd(fi)

Ly, = 10log =2

s, 1981, (26)
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Table 1. Dimensions of the line

Real Hurtabe Equivalent
No Elenicat dllmen- — cylmder
: gions [m?] diameter
[m] [m]
d, = 0.159 8, =059 | d, = 0.159
1| Inlet elbow r = 0.750
;, = 1.180
Round collar valve dy, = 0.150 8, = 0.67 | dy = 0.610
2 | wedge I, = 0.350
AP 5/1 25 atn
. dy = 0.159/0.219 | 83 = 0.30 | dg = 0.190
3| D 2 3 3
iffusor I, = 0.500
Quick-closing dy = 0.200 8, =180 | d; = 0.764
4 | valve Iy = 0.750
GSDS 200/25
5 Pressure d, = 0.200 85 = 2.60 | dy = 1.149
reducer GRDE 200/25 | I; =0.720
Straight dy = 0.219 Sg = 2.16 | dg = 0.219
6 | connection lg = 1.830
pipe
Oval collar d, = 0.200 8, = 0.90 | d; = 0.716
7 | valve edge I; = 0.400
AP 5/1 10 atn
Outlet d, = 0.219 Sg = 0.65 | dg = 0.219
8 | elbow r = 0.600
lg = 0.950
g | Whole line d, = 0.200 8 =8.77 |d= 0418
l = 6.680 :

where W, (f;) [W]is the sound power of the line in the 1/3 octave band with
the centre frequency f;, determined in the near field; and W, e f) [W] is the
sound power of the line in the 1/3 octave band with the centre frequency f;
determined in the far field.

The differences among the values of the total sound power levels calculated
from (24-26) were determined according to the dependencies

ALy, = Ly,~Ly, [dB], (27)
ALy =Ly —Lyy. [dB]. (28

Table 4 lists the calculated values of the total sound power levels and
their differences. It follows from this table that the least difference among the
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Table 3. Levels of averaged sound pressures and sound po-
wers of the whole reduction line in the near and far fields

Dl Centre fraquency[ f(;:]1 /3 octave band

dB

o 500 | 1000 | 2000 | 4000 | 8000
LPyvs 69.5 79.8 93.9 98.4 92.6
Ly, 78.9 89.2 | 103.3 | 107.8 | 102.0
LPeva 62.8 78.0 86.2 94.1 87.7
Lw, 80.2 95.4 | 103.6 111.5 105.1

results obtained, both for the far and the near fields, occurs in the case of as-

suming in theoretical calculations the radius agq -

Fig. 8 represents graphically comparison between the theoretically determi-
ned sound power levels with those measured in the near and far fields. The
behaviour of these levels indicates that at low frequencies deviations occur

Table 4. Measured values of the sound power levels of the line

Variant of
equivalent

Total power level at frequen-
cies under study

Differences in total
power levels

radius | Ly, aB) | Zw,[aB] | ZW,4[dB)

Lw,[dB] | ZW,[dB]

agq 110.7 0.8 0.7
ady &y by 109.9 110.0 1.8 B
aly 110.2 0.3 0.2
ak, 112.2 2.3 2.2
"'W
[dB]]
1k
z
L~
%
100 - -]
e,
L] b
[
%
%F 2
i ZK
* e b ? Wy
80+ B S wa{f) ?
— ]
¢
[
I
7 1 1 1 1 1
¢ 500 1000 2000 4000 flHz] 8000

Fig. 8. Comparison of the determined sound power levels for the line
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(being maximum, of about 7 dB, in the band of 500 Hz). At higher frequencies,
however, (2000-8000 Hz), i.e. where characteristically of the reduction line
maximum level values oceur, there is agreement among the results obtained,
likewise in total sound power levels. This agreement confirms the validity of
the method assumed for selection of the equivalent model of the reduction line.

5. Conclusions

The results of the experimental investigations of the spatial distribution
of the sound field of the reduction line served to build an equivalent vibroaco-
ustic model of the line and for its experimental verification.

This equivalent vibroacoustic model permits approximate prediction of
the sound power level of a reduction line, depending on its technological and
structural properties, with the best results being obtained for medium and

high frequencies.
The method proposed here for the construction of the equivalent model

was verified for lines with the nominal diameter d, = 0.2 m; it can also be used
to build equivalent models of lines with different parameters.
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Ultra- and hypersonic properties of the critical mixture n - amyl alcohel - nitromethane
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(60-769 Poznani, ul. Matejki 48/49)

This paper gives the results of experimental investigations of the propa-
gation velocity and the absorption coefficient of acoustic waves, both in the
ultra - and hypersonic ranges, in the critical mixture = - amyl alcohol - nitro-
methane for two temperatures. The values of a/f* obtained experimentally
were compared with those resulting from Frsmax’s and CHABAN'S theory. It

was found that both theories can, with some restrictions, describe experimental
results.

1. Introduction

The investigations of the absorption of acoustic waves in a large number
of critical mixtures showed that in those mixtures there is an additional range
of acoustic dispersion which is not observed in low - viscosity single - compo-
nent liquids [1-3]. It was shown [4-6] that the quantity a/f* depends on fre-
quency, temperature and concentration. On the curve of the dependence of a/f?
on concentration there is a maximum corresponding to the critical composition
of the mixture, whose value increases rapidly as the frequency of acoustic
waves decreases. For all concentrations the existing dispersion of the quantity
a/f* is not accompanied by changes in the acoustic wave propagation velocity
on the frequency scale which are measurable by the methods used.

The rapid increase in the absorption of acoustic waves in mixtures in the
direct neighbourhood of the critical point, an increase in the intensity of the
central component in the fine structure of Rayleigh light scattering and a large
decrease in the diffusion coefficient are caused by an increase in the fluctuation
of concentration and an increase in its correlation length with decreasing dis-
tance from this point,

It is very essential to investigate phase transitions in liquids and their
mixtures of various physical nature, since comparison of the results obtained
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with the behaviour of pure media provides the possibility of explaining the
character of mutual interactions among the different molecules of the liquid.
Therefore, of necessity, the gathering of experimental data on the properties
of mixtures over a wide range of temperatures, pressures, concentrations and
frequencies is now an important cognitive problem.

The present paper gives the results of investigations of acoustic properties
over a wide frequency range in a pure component and in the critical mixture
n - amyl alcohol - nitromethane for different concentrations and two tempera-
tures. The results obtained were compared with those based on formulae re-
sulting from FixMAN’s and CHABAN’S respective theories.

The choice of this mixture for the investigations was suggested by lack
of information on its acoustic properties over a wide frequency range, and in
addition by the purpose of carrying out hypersonic investigations in the neig-
hbourhood of the critical point. This was possible because the refractive indices
in individual components are hardly different from each other and due to this,
critical opalescence does not occur in the neighbourhood of the critical point.

2. Method of the experiment

The propagation velocity and the absorption coefficient of acoustic waves
were measured at two independent measuring stands operating at frequencies
of 20 MHz to 150 MHz, by using appropriately the pulse method with resonance
excitation of piezoelectric transducers, and at hypersonic frequencies, by taking
advantage of the shift and half - width of the Mandelsztam - Brillouin compo-
nents in the fine structure of the Rayleigh light scattering lines [1, 7]. A deta-
iled deseription of the measurement equipment, the investigation method
and the accuracy of determining the propagation velocity and the absorption
coefficient of acoustic waves, both in the ultra - and hypersonic ranges (with
photoelectrical registration of the Mandelsztam - Brillouin components) were
given in paper [4].

3. Theory

Among the large number of attempts to explain the characteristic beha-
viour of mixtures close to the critical point, it appeared that the most useful
were those which consider the coupling between the concentration fluctuation
and the acoustic wave. Far from the critical point, the concentration fluctua-
tion in different volume elements can be regarded as independent. With dec-
reasing distance from the critical point there is a rapid increase in the magnitude
of the fluctuations and in their correlation length.

The presence of the acoustic wave in the medium causes a change in the
mean amplitude of the concentration fluctuation and in its distribution fun-
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ction. The fluctuation distribution reaches a value in equilibrium with some
delay, depending on the diffusion coefficient D. The energy of the acoustic
wave is used for the change in the fluctuation distribution and then dissipated
in the form of heat. This process is irreversible, i.e. it leads to the absorption
of acoustic waves. At appropriately high frequencies of the acoustic wave over
one period, there is not enough time for a change to occur in the distribution
of the concentration fluctuations and no absorption caused by these fluctua-
tions can be observed.

This relaxation model is the basis for both FIxMAN’s and CHABAN’S the-
ories, which describe the propagation of acoustic waves in mixtures close to
their critical point. The two theories differ in the method of calculations and
by some additional assumptions.

According to FIxMAN, a change in the fluctuation distribution occurs only
under the effect of adiabatic temperature changes caused by the acoustic wave,
On this assumption, FIXMAN calculated [8, 9] the additional contribution to
the specific heat, related to this process. He also assumed that this process
makes the same contribution to the specific heat at constant pressure and at
constant volume (in the light of the current investigations, this assumption
is not true [10]), and on this assumption he calculated the velocity and the
absorption coefficient of the acoustic wave.

From DEervEe’s formula [11],

x* = (6[1*T,)|T —T,|, (1)
where %' = £ is the correlation length of the concentration fluctuation, 1 is
the radius of intermolecular interractions and 7', is the critical temperature;

the final result of FrxmAn’s theory can be given in the following from:

a

: s Af~5*Im[f(d)]+B, (2)
V = Uy {1 —Av,f" Re[f(d)]}, (3)
where
1 ¥ 24
AT f @) PE—a = i
d = Of'*|T-T,), (5)

with v,, being the acoustic wave velocity at ez »1. The constants 4 and ¢
weakly dependent on temperature and independent of frequency.
The function f(d) was defined numerically by KEnxpI¢ and others [12].
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The analytical form of this function,

f(d) = —;—-T‘c’l:dﬂz {1 —1:(1 +4id—2)—1/2(mil2 +m;/z)},

(6)
o, = ~";- + 5 (LH4d2) 2y = — (2 +1),

which will be used in the further part of this paper, was given by FIxMAN.

CHABAN, on the basis of the more recent papers by KAWASAKI [13], Ka-
DANOFF and SwIrr [14], modified to some extent FIXMAN’S agsumptions about
the change in the fluctuation distribution under the effect of acoustic waves.
This permitted some intrinsic inconsistencies of FIXMAN’s theory to be avoi-
ded [15].

CHABAN assumed that the change in the fluctuation distribution under
the effect of acoustic waves occurs not only as a result of adiabatic temperature
changes, but it is also caused by rapid changes in the critical temperature
effected by the pressure of the acoustic wave.

On the basis of these assumptions, CHABAN determined the complex adia-
batic compressibility of a medium with strong concentration fluctuations [16].
From the fluctuation dissipation theorem, he calculated the change in the
fluctuation distribution caused by the acoustic wave. His considerations gave

the following final results [17]:
b—tan™®
7y ] [Fg(m)-—m——ﬁ—)}, @

0 =0

12
-f,« M[|T—T,|+a|Z—7, 1 F,(wr) + L, (8)
where
3
o0 Z[ +1+(z——)ta.n z]dz

’

7,y (1) f {

(wt)? 424 — 5 [ +1+ (z—-—)tan"z] }(1-{-z2)'-’I

o 228 — i, g + -+ z——-—)tan z]zdz
16
Fy(or) = f : : ,
{(wr)"‘—!—éz‘ iy +1+ (z— —) tan™ z] } (1422)2

.= ;T: [T —T,|+a|Z—7,[]"", 9)
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v, is the acoustic wave velocity at wr < 1, «, is the critical concentration of
the mixture, M and L are constants weakly dependent on temperature and
concentration and independent of frequency. It follows from theoretical caleu-
lations that b ~ 5. Expressions (7) and (8) are valid with the condition wr < 340
[18].

Both in FrxMaAx’s and CHABAN’S theories, the constants A and ¢ and M
and 7 are represented by means of the parameters of the mixture, however, it
is quite difficult to determine some of them, e.g. the correlation length or the
diffusion constant. Therefore, these constants are most frequently determined
from the condition of best agreement between theory and experiment. This
method was also assumed in the present paper.

The parameters of the curves of the “best fit” were determined by using
the least squares method, i.e. by minimizing the expression

o N [y f @ O P
Ar = Z - ’ (10)

=1 i

where #; is an experimentally determined quantity, n is the number of mea-
surements, m is the number of constants to be determined, of is the squared
mean error of the jth measurement and » =n—m is the number of degrees
of freedom.

The function Im[f(d)] and F,(w7), their derivatives and the parameters
of the curves of the “best fit” were computed on a Sinclair ZX-81 minicomputer,
where the followi?g analytical form of the function Im([f(d)] was assumed :

Brx p. i 00 &
st =S/ B ) B ]

(11)
where
) e 4
iz E‘/d“-}-lﬁ, P = t-a.n"'-d—n,
% ol ; TRPRRE N B TR : dgbe e
2 = = = A== i S g s i
% (4+4A 2I/Acosz) e (4+44+2VA0052) y
sinﬂ sina
) Rl o iz oy L} ket & G2
— R R R 9 1
BOR =% o= s OOS—+—_:

2 Y4 - Jo b
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The values of the function ¥, (wr) were calculated by means of the Simpson
quadrature, by transformation of the variables # = tana.

/2

3 (sin2a)?g (a)da

Fy(wr) = 3 4 (wr)?cos®asin®a—9¢%(a) ’

1
g(a) = -2—sin2a—acos2a.

The derivatives of the functions Im[f(d)] and F,(wr) were approximated
by the difference quotient

i J(@+6a) — f (2,) ‘
oz

Since both in CHABAN’s and FIXMAN’s theories there are nonlinear depen-
dencies, therefore the fitting process must be carried out by successive appro-
ximations. This process should be stopped when the value of y* reaches a mini-
mum with the predescribed magnitude of the measurement error.

4. Investigation results and discussion

a) Ultra and hypersonic properties of pure nitromethane

Measurements over the frequency range 29-130 MHz showed that within
the measurement error «/f* does not depend on frequency. At a frequency
of about 4.1 GHz the value of a/f* decreases, and there is also a slight increase
in the acoustic wave propagation velocity.

a b
4
x]a ™
Ini's?]
CH, NO,
150 |
o= 40°C
x= 29.2°C
100 I
50 B X—-K—X—K—X\
. X
0 I L » 1
1 2 3 log f [MHz]

Fig. 1. The dependence of a/f? on log fin nitromethane for temperatures of 29.2°C and 40°C
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The results of measurements of the quantity «/f? in pure nitromethane over
the whole range of the frequencies investigated for two temperatures are shown
graphically in Fig. 1. This figure indicates a slight increase in a/f? as tempera-
ture increases. 1%,

. By using the formula

g v VA R I e

the acoustic relaxation time v was estimated to be about 0.7-10-1°g,

Subsequently, using the estimated value of the relaxation time 7, the value
of the propagation velocity of hypersonic waves was determined at a frequency
of about 4100 MHz for T' = 29.2°C, from the following relation:

7 w?7r?
o =T T (wrp” e
where
i A'v,
T %nr |

The experimental value of the propagation velocity of hypersonic waves
for this temperature is 1350 m/s, while the one estimated according to the
above method is about 1362 m/s. The above values of the velocity of hyperso-
nic waves within the experimental error are sufficiently close to permit the
relaxation process in nitromethane to be characterized by one relaxation time.

The respective values of some physical - chemical and acoustic quantities
are given in Table 1. It follows from this table that the values of ¢, and cj,
coincide within the experimental error. The values of ¢} are found from data
on the normal frequencies of the molecule vibration by means of the Planck -
Einstein formula [1].

An increase in a,,/f* and in the ratio ,/n, with increasing temperature
indicates that there is oscillation relaxation. The investigations in [19] showed
that in pure n - amyl alcohol there is structural relaxation. It can be expected
that when in the mixture » - amyl alcohol - nitromethane acoustic dispersion
is observed at frequencies lower than about 10° Hz, it will be caused by the
relaxation of the concentration fluctuation.

b) Ultra - and hypersonic properties of the critical mizture n- amyl alcohol-

- nitromethane

The mixture » - amyl alecohol - nitromethane has an upper critical point.
The critical parameters determined are respectively: 7, = 27.8°C and #, = 0.385
(z.- molar fraction of n - amyl alcohol). The critical temperature was determi-
ned visually from the vanishing boundary between phases and from the max-
imum intensity of the central component of scattered light.
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Fig. 2 shows the dependence of the temperature of the separation of the
components of the mixture for different concentrations.

Fig. 3. shows the results of measurements of the light refractive index
on concentration in the mixture » - amyl alcohol - nitromethane at a tempera-
ture of 29.2°C.

The measurements showed that n changes depending on composition in
a rather linear way and does not “feel” the critical point. The light refractive
indices of pure components of this mixture at 29.2°C differ slightly, therefore in
practice, hardly any critical opalescence occurs in it, which permits the obser-
vation of the fine structure of the Rayleigh light scattering also in the direct
neighbourhood of the temperature of the separation of the components.

In the experiment, chemically pure media were used, which were additio-
nally cleaned chemically and distilled several times. The degree of purity was
controlled by measuring the refractive index density and the boiling tempera-
ture. The cell filled with the mixture was sealed by welding so as to decrease
the volume of the gas phase and to maintain the constant composition of the
mixture in the course of optical measurements.

In order to gain essential information about the kinetics of the concentra-
tion fluctuation, acoustic investigations of the properties of the mixture # - amyl

&
32 H

% F

Ul

CH,NO,

1 1 1 | 1S 1 1 1 1

‘ L 1
015 Q8102 D 030 L L0R LGS 108 82 o0 Q8T SO B
n=CyH,0H

Fig. 2. The curve of the separation of the components of the system m - amyl alcohol-
nitr omethane. The concentration of the components expressed in molar fraction
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aleohol - nitromethane were carried out for the following concentrations:
x = 0.1, 0.3, 0.385, 0.5, 0.9 molar fraction of » - amyl alcohol.

The acoustic wave propagation velocity was determined for two frequen-
cies: 28 HMz and about 3900 MHz. The amplitude coefficient of the absorption
of acoustic waves was determined over the ultrasonic range 29.6-128.6 MHz
by the pulse method, using the resonance excitation of piezoelectric transdu-
cers, and over the hypersonic range the fine structure of the Rayleigh light
scattering.

n

141 r=29.2°C
140
139

138

137

CH, NO,

1 1 1 1 1 1 1 1 L

O 08y Y S8t 05 08 BF S8, 08 . Wi
n - Cs H,OH

Fig. 3. The dependence of the light diffraction coefficient in the critical mixture n - amyl
alcohol - nitromethane on its concentration for the temperature I' = 29.2°C

Table 2 gives the basic physical - chemical and acoustic parameters of the
critical mixture n - amyl alcohol - nitromethane obtained for a temperature of
29.2°C and the dispersion angle of 90°.

Fig. 4 gives the dependence of the propagation velocity of ultrasonic and
hypersonic waves on the concentration of the mixture at the temperature
T = 29.2°C.

On the assumption that the energy of mutual interractions among the
molecules of the various components of the mixture is weaker than that among
the same molecules, the velocity reaches its maximum for the critical concentra-
tion to which the maximum compressibility corresponds. A dependence of this
type can be seen in Fig. 4.

From formulae (3) and (7), the values of dispersion of the acoustic wave
velocity were evaluated for the critical concentration and temperature of 29.2°C.
FrxmAN’s theory gave a value of about 3.5 per cent, CHABAN’s that of about
0.6 per cent, whereas the dispersion determined experimentally is about 0.4
per cent.
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As was already mentioned, in pure nitromethane and = - amyl alcohol,
over the frequency range 29.6-128.6 MHz, the quantity «/f? does not depend on
frequency within the experimental error, and for hypersonic frequencies a de-
viation from the Stokes law can be observed.

The present paper demonstrates that the relaxation process in pure nitro-
methane is caused by the oscillation relaxation, while it was proved in paper
[19] that the structural relaxation is responsible for the relaxation process in
n - amyl alcohol.

v
[m/s]

1350

X —f=28 MHz

o —=f= hypersonic

1300

1250

]

1220 - CH, NO,

L 1 1 1 1 1 Il 1 1

gy e U R BT W X
n- C,H,0H

Fig. 4. The dependence of the propagation velocity of ultra- and hypersonic waves on con-
centration in the critical mixture n - amyl alcohol - nitromethane for T = 29.2°C

In mixtures, the central component of the fine structure of the Rayleigh
light scattering depends not only on isobaric density fluctuations but also on
those of concentration, and the intensity of dispersion by fluctuations of con-
centration can be given by the following relation:

on \*——
Icon""’(%) (Ax)®.

In the mixture n -amyl alcohol - nitromethane, concentration fluctua-
tions can be observed, which increase as the temperature and concentration
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approach their values at the critical point. Therefore, I,/21,,, reaches for this
mixture its maximum values close to the ecritical parameters, which can be
seen in Fig. 5, where the dependence of I,/21,,, on the composition of the
mixture is given for the temperature 7' = 29.2°C.

- A considerable increase in the value of the ratio I,/21,,, as the mixture
approaches the critical parameters indicates strong light scattering by concen-
tration fluctuations and by isobaric density fluctuations, with the simultaneous
decrease in the effect of adiabatic density fluctuations.

T=29.2°C

]

1 | 1 1 L
7} B CLGETE00 Gl 08T 067 O 0B 09 10 «x
n - C.H,0H

Fig. 5. The dependence of I,/2I ;5 on concentration in the critical mixture » - amyl alcohol -
nitromethane at the temperature 7' = 29.2°C (x - molar fraction of = - amyl aleohol)

In the mixture » - amyl aleohol - nitromethane considerable depolarised
gpectrum can be observed, which reaches its maximum values in the direct
‘neighbourhood of the critical point, indicating that it is possible to observe
and measure the scattering by the orientation fluctuations.

Experimental points representing the dependence of a/f* on frequency are
plotted in Figs. 6-8 respectively for three concentrations and two temperatures.
The solid lines in these figures were plotted on the basis of formulae (2) and (5)
resulting from Frxman’s theory.
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The values of the parameters of the “best fit curves” are listed in Table 3.

In Figs. 9-11 the solid curves were plotted from formulae (8) and (9),
resulting from CHABAN’s theory.

On the basis of this theory, the following values of the parameters of the
curves of the “best fit” were obtained: M = 2.751-10-'s2deg?’m-1, 7; = 2.166-
10-78, L = 60110-%s*m2,

510"
mi's?
x=0.385
300
® 29.2°C
a 40°C
200+
A
100 -
0 L 1 | -
1 2 3 log f [MHz]

Fig. 6. The dependence of a/f* on log f in the mixture n - amyl alcohol - nitromethane

with the eritical concentration # = 0.385 (x - molar fraction of n - amyl alecohol) for two

temperatures. The solid curves were plotted from formulae (2) and (5). #, 4 - experimental
points

The quantity a in equation (9) was determined from the dependence of the
separation temperature of the mixture on concentration. It is a = 400 deg/
/molar fraction.

Figs. 12 and 13 give the dependence of the quantity a/f* on concentration
for different frequencies for the mixture n - amyl alcohol - nitromethane.

Tigs. 12 and 13 indicate that in the mixture » - amyl alcohol - nitromethane
~ the quantity «/f? passes a maximum at @, = 0.385. The value of this maximum
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decreases as the frequency increases, and it almost vanishes at hypersonic
frequencies.

This effect cannot be explained by an increase in the shear viscosity, which
increases slightly only in the direct neighbourhood of the critical point [20],
or by relaxation processes occurring in the pure components of the mixture. It
was shown experimentally that in the pure components of the mixture the
quantity a«/f* hardly depends on frequency and is lower by several orders of
magnitude than that for the mixture n - amyl alcohol - nitromethane.

The agreement found to exist between the experiment and FrxmMAN’s and
CHABAN’s theories — based on the same relaxation model — is the basis for
the behaviour of this type to be attributed to strong concentration fluctuations
about the critical point of the mixture. It should be pointed out, however,
that this agreement is the better, the closer the values of the parameters of the
mixtures are to the critical ones. This is particularly significant in the case of
CHABAN’S theory, in which the values of the parameters of the curves of the
“best fit” are common to all concentrations and temperatures of the mixture,

S0
ni's?
300 !: x= 0300
X
x 29.2°C
o § a 40°C
100 -
0 1 1 1
1 2 J log f [MHz]

Fig. 7. The dependence of a/f* on log f in the critical mixture » - amyl alcohol - nitrometha-

ne with the concentration = = 0.300 (x - molar fraction of » - amyl alcohol) for two tem-

peratures. The solid curves were plotted from formulae (2) and (5). 2, 4 - experimental
points
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in contrast to FIXMAN’s theory, where the constants 4 and C, dependent on
concentration, must be selected for each concentration.

The attempts to generalize FIxmMAN’s theory [6, 21], i.e. a description of
the absorption coefficient as function of concentration, based on the Flory-
Huggins approximation, give very poor agreement between theory and expe-
riment (with maxima usually displaced towards higher concentrations, and
the simultaneous decrease in their value).

L0"
[mi's?]
300 ! x= 0500
X
200 + X 292°C
a 40°C
X
X
wofF
0 1 1
! 2 3 log f [MHz]

Fig. 8. The dependence of a/f? on log f in the critical mixture n - amyl alcohol - nitrome-

thane with the concentration z = 0.500 (2 - molar fraction of m - amyl alcohol) for two :

temperatures. The solid curves were obtained from formulae (2) and (5). , 4 - experimental
points

Neglecting the Flory - Huggins approximation would require that the addi-
tional quantity (du/0z), , should be determined from the total intensity of
the central component of the scattered light.

At the present stage of investigations, CHABAN’S theory is more convenient
than FIXMAN’s, a8 it permits - while requiring determination of a smaller num-
ber of parameters - the acoustic parameters of critical mixtures to be deseri-
bed with greater complexity.

In the case of the mixture » - amyl alcohol - nitromethane, the dependence
of the quantity a/f* on concentration, determined from CHABAN’s theory,

4 — Archives of Acoustics 4/84
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Table 3
Concentration
in molar frac- A-108 C B-1018
tions of n-amyl | [¢3/4m-1] |[s—12deg-]| [m~1s?]
alcohol
0.385 2.07 574 66.6
0.300 1.72 567 65
0.600 1.35 942 61.2

describes better the experimental results, particularly over the higher frequ-

ency range of the acoustic wave.
For this reason, Fig. 13 gives the theoretical curves and experimental results

only for the highest frequencies investigated. There is much worse agreement
at lower frequencies.

?gs:a"
{mi's’] .
00 x= 0385
200k x 29.2°C
A o 40°C
°
» (]
m i (]
\_ °
&
0 L .
] 2 3 log f [MHz]

Fig. 9. The dependence of a/f* on log f in the mixture n - amyl aleohol - nitromethane

with the critical concentration » = 0.385 (z - molar fraction of = - amyl alcohol) for two

temperatures. The solid curves were plotted from formulae (8) and (9). @, o - experimental
points
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?‘gro’s
(m's’]
300+ x= 0300
x 29.2°C
200 g
Fig. 10. The dependence of
a/f? on log f in the critical mi- 100
xture = - amyl alcohol - nitro-
methane with the concentra-
tion z = 0.300 (z - molar frac-
tion of = -amyl aleohol) for
two temperatures. The solid
curves were plotted from for-
mulae (8) and (9). #, o - expe- 0 L : T IMAz]
rimental points 1 ¢ s
F0°
m's?
300+
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Fig. 11. The dependence of
a/f* on log fin the critical
mixture 7 - amyl alcohol -
100 - nitromethane with the con-
centration « = 0.500 (-
molar fraction of = - amyl
i aleohol) for two tempera-
tures. The solid curves were
plotted from formulae (8)
0 A - and (9). =, o - experimental

] 2 3 log f [MHz] points
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Fig. 13. The dependence of a/f* on concentration in the mixture n - amyl alcohol - nitro-

methane at a temperature of 40°C for frequencies of 128.6 and 3900 MHz (curves I, II);
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In view of the fact that a similar regularity was also observed by CHABAN
[17] in other critical mixtures, the above conclusion can have a more general
nature.

FrxmAN’s and CHABAN’S theories are based on the basic assumption that
the anomalous behaviour of the acoustic wave in mixtures close to their critical
point is caused by strong concentration fluctuations. Despite the fact that ac-
cording to the current opinion they are indeed the basic factor responsible
for this behaviour of the acoustic wave, one should not, however, exclude
the effect of other mechanisms, whose influence might show in appropriate
mixtures under some conditions. Therefore, the determination of the validity
range of FIXMAN’s and CHABAN’s theories requires further investigations of
the absorption coefficient and velocity dispersion of acoustic waves over a wide
range of frequencies, temperatures and concentrations.

These investigations were supported by the Polish Academy of Sciences
(Problem MR. 1. 24).
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PROBLEM OF THE INSTANTANEOUS SOUND FREQUENCY MEASUREMENT

EDWARD OZIMEK, LECH JUGOWAR, LEON RUTKOWSKI

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

This paper presents a method for the measurement of the so - called quasi-
instantaneous frequency of acoustic signals, which is an approximation of
the instantaneous frequency defined on the basis of theoretical considerations.
It also describes a measurement system of the (T, f-V) type which was built
for this purpose, at the output of which the instantaneous value of the voltage
V is proportional to the value of the quasi - period 7'; or the quasi - instan-
taneous frequency f, of a signal fed to the input. This system permits conti-
nuous registration of variations of the quasi - instantaneous frequency in real
time. The characteristics of the system (7, f-¥) given here and also the oscil-
lograms of chosen test signals (with prescribed modulating functions) and real
signals (e.g. those oceurring in rooms) indicate the wide possibilities of its use
in practice.

1. Introduction

A characteristic feature of most acoustic signals is instantaneous varia-
tions in the value of their physical parameters. These variations, which most
frequently have the character of irregular fluctuations in amplitude, frequency
and phase, carry fundamental information about the signal, which is important
e.g. from the point of view of the formation of sound sensation. This is confir-
med by the increasingly often carried out psychoacoustic investigations of
these variations, based on the so - called dynamic perception, which is under-
stood to be the perception of signals with parameters variable in time. In the
range of both these investigations and also some physical research, an essential
question is that of the measurement of the signal frequencies rapidly varying
in time, which is characterized by its instantaneous frequency. A typical exam-
ple of such signals are those frequency - modulated, for which the classically
conceived frequency is not unambiguous.
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In view of this, investigations were undertaken with the basic purpose of
developing a conception of the measurement of this frequency rapidly variable
in time and designing and constructing an appropriate system to serve for the
determination of its instantaneous values.

2. Determination of the instantaneous frequency of a signal

In order to define the notion of the instantaneous frequency, the analytical
signal ¥(t) can be represented in the following exponential form:

W(t) = s(t)+jo(t) = exp[D(t)] = exp[Red(t)+jIm d(1)], (1)

where ¥(1) is a complex function whose real part is the real signal s(f) = Re
{¥(t)}, while its imaginary part o(t) = Im{¥ ()} is the Hilbert transform of
the real signal. The modulus of the analytical signal ¥()

) (1) = Vs2(t)+ (1) (@)

represents the instantaneous amplitude, which will be designated below as
A(t) = |¥(t)|. The instantaneous phase of this signal is defined by the expres-
gion

a(t)
s(t)

In turn the complex instantaneous frequency is defined as the quantity
p(i), i.e.

p(l) = tan-1 —-

(3)

d d 1 a¥
P() = ali)+jolt) = = () = — P(H) =5 ——. )

The following formulation of the amalytical signal

(t) = A(t)exp[jp()]
and the use of (4) give

1 1 dA@t) . de(t)
t At )] .
p(t) = ADexplir()] dt[ (tyexp [jg() ] S 17 Rt
The real part a(f) of the complex instantaneous frequency p(t) represents
in a physical sense a relative increase in the instantaneous amplitude per unit
time:

(8)

B (F)- o ey (6)
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whereas the imaginary part of p(f) has the meaning of angular frequency,

dy(t)
l) = ——.
o) = — (7)
Using the definition of the complex instantaneous frequency, the analy-
tical signal with the initial amplitude 4, and the initial phase ¢, can be gwen
in the form

¢ ¢ £
Y{t) = Auexp(j%)exp[f p(t)dt] = A,exp [f a(t)dt] exp [3(f m(t)dt»{-%)]
0 0 0

= A(t)exp[jp(t)], (8)
where

A(t) = A,.exp[ f a(t)dt]

represents the instantaneous amplitude of the signal. At the initial time ¢ = 0,
A(0) = A,. In turn

i
o(t) =Imd () = [ o(t)dt+g, (9)
0
is the instantaneous phase of the signal. At the initial time ¢ = 0, ¢(0) = Im
?(0) = g,.

In a particular case of a signal with an amplitude constant in time, i.e.
for A(t) = A, and the frequency w,, which signifies that ¢ () = wot-+¢,, we
obtain

1 dA(?)

a(t) = ——

¥R T p

and
d
() = — (wot+%) = Wq.

It can be seen, on the assumption that the instantaneous amplitude of
the signal considered is approximately constant or varies relatively slowly
with respect to the instantaneous phase of the signal, that the instantaneous
frequency is defined by the real quantity w(f):

dy (t)

oilF)»2 Bmp )= £

(10)

or, otherwise,

10
fty = 5= (102)
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It is interesting to note that in the literature [3] one may also find another
definition of the instantaneous frequency, based on analysis of the number
of zero crossings of the real signal investigated. In this case the instantaneous
frequency is defined as the ratio of the number of zero crossings of this signal,
determined over some time interval Az, and the value of this interval. This
ratio corresponds to the mean density of zeroes of the signal over this interval
and is sometimes called the Rice frequency (fg):

li &
Fi. rl-ﬁla Az’
where N is the number of “positive” or “negative” zero level crossings of the
signal and At is the averaging time interval.

It should be pointed out that, depending on the width of the interval Av
selected, this ratio expresses the mean frequency in this interval, and thus it
does not correspond to the strict definition of the instantaneous frequency w(f)
subordinated to a given time t. E. g. for a frequency - modulated signal, even
on the assumption that the interval Az is small compared with the period of
the modulating frequency, the quantity e(t) determined is nevertheless a con-
siderable averaging of the instantaneous frequency, as it occurs for a number
of periods of the carrier frequency.

The quantity w(t) as defined by expression (10) is thus a theoretical one,
as it determines the value of the instantaneous frequency at a given time {,
which cannot be implemented in experimental conditions. In these conditions,
in expression (10) the differential quantities should be replaced by the difference
ones, i.e.

Ay
w(dt) = — (11)

In keeping with expression (11), the measure of the instantaneous frequ-
ency of the signal is the ratio of its phase changes 4g, occurring over the time
interval Atf, and the value of this interval. In experimental terms it is quite
intricate to determine phase changes over a very short time interval A¢. The-
refore, in the range of the investigations carried out, using the (7, f—V) type
system built (see Section 2), measurements were performed of such a time in-
terval At = T/, in which the signal phase varied by a value of 2x. On this basis,
the quantity «(Z,) was obtained, equal to

o
o(T,) = 3,’1 = 2rf(T,) (12)
or

f(T) = —. (12a)
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It should be noted that the interval T, for a large number of signals (e.g.
a broad class of frequency - modulated signals), varies its value in time, there-
fore it cannot be treated as the classically conceived vibration period. Accor-
dingly, the practice became to call this interval a quasi- period, whereas its
inverse, i.e. 1/T, = f,(T,) was called the quasi - instantaneous frequency.

3. Construction and working principle of the system (T, f—V)

It follows from the considerations presented in Section 1 that for signals
occurring in reality there are considerable difficulties in the range of the regis-
tration and measurement of changes of the instantaneous frequency. This fact
encouraged the authors to undertake investigations with the intention to-
wards the conceptual and construction development of a special system permit-
ting the measurement of the value of the quasi-instantaneous frequency at any
time of the duration of the signal. The system designed and built is characte-
rized by that the instantaneous value of its output voltage is directly propor-
tional to the quasi - period (T,) of a signal (when output I is used (see Fig. 1))
or the quasi - instantaneous frequency (f,) of the signal (when output II is used).
The working principle of the system whose schematic diagram is shown in
Fig. 1, is as follows. The signal analysed (see Fig. 2a), whose amplitude varia-
tion can be contained in the limits between 10 mV to 5 V, which corresponds
to dynamics of about 50 dB, is fed to the amplifier - amplitude limiter (1).
At the time of the zero crossing of the input signal (i.e. the transition from the

(F)

e i— s SUTOULT
I
(3) Loz kT,
Ul (2) (5) (6) ] (7) |LCLooutput &1
n __L_ U
(E) Cour g7 =K
(D) t,|(C) i
(4) -
(8)
(A
°—)—"'—'"— CL
input

Fig. 1. A schematic diagram of the system (T, f—7V)

1 — amplifier-amplitude limiter, 2 — binary counter, 3 — quartz generator, 4 — unit controlling the counter
and memory, 5 — digital memory, 6 — digital-to-analog converter, 7 — analog divider, 8 — digital output
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value “ -7 to “—7), the limiter gives a rising slope of a rectangular wave (see
Fig. 2b). At that moment, the system which controls the counter and memory
(4) generates a pulse with the duration ¢, =2 0.6 us (see Fig. 2¢). This pulse
causes the current state of the counter (2) to be “written” into the memory (5).
Till the next zero crossing (counted with the same phase, i.e. from -7 to
“—7), namely in the interval 7', the pulse counter counts pulses with constant
frequencies of 0.463, 4.63, 46.3 or 463 kHz (depending on the measurement
range) generated by the quartz generator (3). The number of pulses counted
is thus proportional to the period of the signal investigated, i.e. inversely pro-
portional to its frequency. After the period T, the state of the counter (2) is put
into the memory (5). Subsequently, by means of a digital - to - analog con-
verter (6), the state of the counter (2) is transformed into a signal with constant
voltage U, , proportional to the number of the pulses memorized,

USy = kn = &Tf;, (13)
Al T
-y
B8
/// /)] 77T
[ n tr %
t
D & ?
t
'3
L HHHHHIHIIHIIIIIHHEHJHIHIII|IIHIIHHUJHIIIIIH!Hr
T
Al 227 VT 7 777777 s
G KT
e T T < S

t

Fig. 2. Time - courses of signals measured at the outputs of individual units of the system
(T, f-7)

A — time-course of a signal with a period T, B — signal with limited amplitude, C — pulse releasing the work

of the counter and memory (#, =~ 0.6 ps), D — pulse zeroing the counter (¢, ~ 0.6 us), £ — signal with the con-

stant frequency f from & quartz generator, F — voltage time-course with a value proportional to the period of
the input signal, @ — voltage time-course with a value proportional to the frequency of the input signal



INSTANTANEOUS SOUND FREQUENCY 331

where n = Tf, is the number of the pulses memorized, T is the period of the
input signal, f, is the frequency of the pulses from the quartz generator and k
is the proportionality constant.

When output II is used, the value of the signal voltage U0, as a result
of using an analog divider (7), is

; 1
USH = T K'f. (13a)

Thus, this gives a relation of simple proportionality between the quasi-
instantaneous frequency of the signal and the value of the output voltage of
the system (T, f—V).

After the pulses have been “written” into the memory (corresponding to
the first period of the input signal) and transformed into a voltage signal, the
control system (4) generates the pulse t, ~ 0.6 ps (see Fig. 2d), which causes the
counter to be zeroed. Subsequently, the process of “counting” the pulses cor-
responding to the second period of the input signal is resumed, lasting until
the moment of another zero crossing of this signal. Since the counter used in
the system (7, f—V) has a limited capacity (2'° = 1024), its correct perfor-
mance requires that the following condition should be satisfied:

n =Tf, <1024 (14)
or otherwise,
1024
r< (15)
fi

When T > 1024/f the counter zeroes automatically and its indications do
not reflect any more the voltage - period proportionality.

The system (T, f— V) has four measurement ranges which serve to measure
the quasi - instantaneous frequency contained in the intervals 0.45-5 Hz,
4.5-50 Hz, 45-500 Hz and 450-5000 Hz. The accuracy of the measurement of
the quasi - instantaneous frequency changes by means of this system depends
on the number of the pulses counted. E.g. for the measurement range (45-500 Hz)
and a frequency of 50 Hz, the measurement error is about 0.01 per cent, whereas
for higher frequencies (e.g. 500 Hz) it is about 0.1 per cent.

Fig. 3 shows detailed calibration curves of this system, representing the
dependence of its voltage at the output on the period (frequency) of the input
signal.

The system (7, f— V) works in real time, as a result of which it is possible
to register continuously the changes of the quasi - instantaneous frequency of
the signal investigated by means of an oscilloscope, for instance. Using the
relation USD[V] ~ f[Hz], it is possible, after adequate calibration of the axis
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Y of the oscilloscope, to read out directly the value of the quasi-instantaneous
frequency of the signal in time. Figs. 5 and 6 show as an example a few oscil-
lograms representing the time - course (lower curve) and the corresponding
changes in the quasi - instantaneous frequency (upper curve) for some chosen
signals. The oscillogram - based method for the determination of the quasi -
instantaneous frequency is rather time consuming in practice, and also the
read out itself involves some error. Much more accurate results are obtained

Ul
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Fig. 3. Dependence of voltage on the period of the signal measured at the measurement
output I (1) and the dependence of voltage on the frequency of the signal measured at the
measurement output II (2) (for four measurement ranges)

using the digital method of signal processing. The principle of this method is
the change of the voltage behaviour obtained at the output of the system (7T,
f—7V) into discrete values, in a process of signal digitization. The series of nu-
merical values obtained by this process constitutes input data for the computer
with which the measurement results are elaborated.

Over the range of investigation, the process of the change of the analog
signal obtained at the output of the system (T, f—V) into a digital one was
carried out by means of a BK 7502 type digital event recorder.

Fig. 4 shows a schematic diagram of the full apparatus set-up by means of
which it is possible to register changes in the quasi - instantaneous frequency
of any signals, in particular transient behaviour. This set - up was used, for
instance, to determine changes in the quasi - instantaneous frequency of tran-
sient signals in a room [1].
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The apparatus set - up shown in Fig. 4 has the following working principle.
An acoustic signal detected by the microphone (1) is, after amplification by
the amplifier (2), fed to the input of the system (T, f—V) (3). At the same
time, this signal is registered by an oscilloscope with a delay line (5), which
plays the role of a system delaying the moment of the release of the work of
the digital event recorder (4). The oscilloscope (5) has a delay line permitting
smooth motion along the time axis of a special marker by means of which it is

1 o

Oo—— > (2) (T,6-V)(3) (4) (7)

Q O e

Fig. 4. A schematic diagram of the apparatus set -up for analog-digital registration of
changes of the quasi-instantaneous frequency

1 — measurement microphone, 2 — microphone amplifier, 3 — system (7', f—V7), 4 — BK 7502 digital event

recorder, 5 — oscilloscope with a delay line, 6 — control oscilloscope, 7 — Riad R20 computer, a — circuit rele-

aging device 4 (Ext. Trigger), b — circuit controlling the sampling process, ¢, @ — control circuits for signals at
the outputs of devices 4 and &

possible to determine the beginning of the record of the time section of the
signal of interest (e.g. the beginning of the process of sound decay in a room).
At the moment when the signal registered reaches the position of the time
marker on the oscilloscope display, the oscilloscope (5) generates a voltage pulse
which, when fed to the digital event recorder (4), causes the release of its wor-
king cycle. From this moment on, the signal from the system (7, f—V) is recor-
ded in digital form in the memory of the device (4). The digital event recorder
(4) is connected additionally to the system (7, f—V) by the circuit (b) control-
ling the sampling process of the device (4). By using the oscilloscope (6), it is
possible to control visually the work of the system (7, f—V) (4) and to control
the content of the memory of the digital event recorder (4). The data conta-
ined in the memory of the device (4) are then introduced into the operational
system of a Riad R20 computer (7). From this moment on, these data can
undergo any mathematical operations carried out by the computer, according
to the computer programme introduced.

4. Measurement results

Fig. 5 shows as an example a few oscillograms obtained by the process of
calibrating the system (7', f—V) built. The lower curves in these oscillograms
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illustrate the time - courses of test signals which were: amplitude - modulated
(1), frequency - modulated (2) and simultaneously amplitude and frequency
modulated (3), successively by linear (a), sinusoidal (b) and triangular (¢) fun-
ctions. In turn, the upper curves illustrate changes of the quasi - instantaneous
frequency (f,) corresponding to the signals obtained at the output (IT) of the
system (7, f—V). The frequency - modulated signal in Fig. 5 can be described
in general by the expression

a(t) = A(0)sin[wgt +a(t)] = 4 (t)sing (1), (16)

where A (t) — the amplitude of the signal modulated, ¢(f) = wyt+a(t) — the
instantaneous phase and a(f) — the phase of the modulating function. Accor-
ding to (16), in the process-of frequency modulation the instantaneous phase
¢ (t) of the sinusoidal carrier wave becomes dependent on the modulating signal.

It is also possible, on the basis of expression (10), for this kind of modula-
tion, to speak of the dependence of the instantaneous frequency on the modula-
ting signal. In the case of frequency modulation, changes of the instantaneous
frequency of the modulated signal are proportional to the modulating one, i.e.

o(t) = w,+ap(t). (17)

In turn the instantaneous phase of the modulated signal changes in pro-
portion with the intergal of the modulating signal

(1) = wot+afp(t)dt. (18)

The functions f(t), successively in linear, sinusoidal and triangular forms,
correspond to the modulated signals shown in Fig. 5.2a, b, c.

As was mentioned above over the range of the investigations performed
measurements were carried out over such a time interval 4¢ = T, in which the
phase of the signal varied by a value of 2x. As a result of this, no exact values
of the instantaneous frequency, according to (10a), but some approximation
of it, which was called quasi - instantaneous frequency, was obtained (see
12a). Changes of this frequency in time, recorded at output II of the system
(I, f—V) for the modulated signals mentioned above, are illustrated by Fig.
b.2a, b, c. It is seen in this figure that changes of the quasi - instantaneous
frequency reflect faithfully the modulating functions prescribed in the test sig-
nals; i.e. linear, sinusoidal and triangular ones. In addition, on the basis of
comparison of the records given in lines a, b and ¢ in Fig. b, essential conclusions
can be drawn about the aceuracy of the indications of the system (7, f—7V)
in the case of signals whose amplitude varies in time. For this purpose, Fig.
b.1a, b, ¢ shows the time - courses of a sinusoidal signal modulated only in
terms of amplitude by means of linear, sinusoidal and triangular functions.
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In such a case, at output II of the system (T,f—V) constant voltage is
obtained whose value corresponds to the frequency of the filling signal.
The signals which are at the same amplitude and frequency modulated and
the corresponding voltage changes at output II of the system (T, f—V) are
shown in turn in Fig. 5.3a, b, c. Comparison of Figs. 5.1 and 5.3 shows that
the system (T, f—V) operates well also for signals with not only frequency
but also amplitude varying in time, which are most frequent in practice.
These facts confirm the full usefulness of this system in investigations of
the more complex changes in this frequency with fluctuating nature, occurring
in a number of physical phenomena. One of these phenomena is the process
of sound growth and decay in a room in which it is possible to observe changes
in the frequency structure of the signal, which was given ample documentation
in papers [1, 2]. This phenomenon is based on complex effects of interfe-
rence among direct and reflected signals with various amplifudes and phase
shifts. As a result of this, the resultant time - course of the sound pressure in
the process of sound growth and decay can be regarded as one whose ampli-
tude and phase vary in time, which, as was mentioned above, is related to a
definite change in the instantaneous frequency.

Fig. 6 shows as an example two oscillograms of the signal time - course
(1b and 2b) with a distinetly seen process of growth, steady state and decay,
registered at the same measurement point in a room for two different frequen-
cies and the corresponding changes in the quasi- instantaneous frequency.
Fig. 7 shows in turn the results obtained in a concert hall by using the equip-
ment whose schematic diagram is shown in Fig. 4. The oscillograms (7.1b, 7.2b)
seen in Fig. 7 correspond to the time - course of signals registered for two dif-
ferent frequencies, f, = 139 Hz and f, = 141 Hz. In turn, the changes of the
quasi - instantaneous frequency, registered at output II of the system (T, f—V),
corresponding to these signals and their quantitative estimations are shown
in Figs. 7.1a, 7.2a and 7.1¢, 7.2¢. The solid line in Fig. 7.1¢ and 7.2¢ denote
changes of the quasi - instantaneous frequeney of the signal as averaged over
50 ms time intervals; in turn, the vertical lines represent the extreme values
of these changes. The numbers given on the left (i.e. f = 139 Hz, f = 141 Hz)
are the frequencies of signals transmitted into the room.

The results presented in Fig. 7 show that the range and character of changes
of the quasi - instantaneous frequency depend essentially on the frequency of
the signal transmitted into the room and the time interval of the signal consi-
dered. A detailed analysis of the investigations of this phenomenon [1, 2] showed
a large complexity of changes in the quasi - instantaneous frequency, occurring
in the transient signal in the room. It was possible to determine in general
that the mean values of changes of the quasi - instantaneous frequency dre
most often contained between a few to a dozen - odd Hz, but in some parti-
cular cases they can reach much greater values. It should be added that know-
ledge of the variation range of this frequency and the possibility of their per-
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ception by listeners can have in practice an essential effect on the resultant,
subjective evaluation of the acoustic properties of rooms.

In conclusion, it is interesting to note that instantaneous changes (fluctu-
ations) of frequency nearly always accompany in practice sounds of speech,
music and a large number of other acoustic phenomena and processes. Thus,
better knowledge of these changes and their quantitative estimation can be
important elements of the investigations of the time and spectral structure of
these processes and phenomena.

The authors wish to express their gratitude to Mr. A. SkumiEL, M. Sec.,
for his valuable contribution to the construction of the system (T,f—V),
which was patented.

The research was carried out within the Problem MR. 1. 24.

References

[1] E. OziMEK, J. L. JUGOWAR, L. Rurkowskl, Determination of changes of the instan-
taneous frequency of the transient signals propagating in @ room, depending on its chosen aco-
ustic parameters (in Polish), Report MR. 1. 24. XIIL. 7, Poznaii 1982 (prepared for publica-
tion).

[2] J. L. JucOwWAR, Analysis of frequency changes of transient state of sound propagating
in a room, Lectures of 8th Colloquium on Acoustics, Budapest 1982.

[3] 8. 0. Rice, Mathematical analysis of random noise, Bell System Tech. J., 23, 24
(1944 /45).

Received on 8 March, 1984.



REVIEW

V. Incunas, E. Jaronis, V. Sukackas, Ulirasonic interferometry (in Russian), Vilna
1983

The monograph gives the theoretical fundamentals and the results of experimental
research carried out in the ultrasonic laboratory of the Polytechnical Institute in Kaunas,
headed by Prof. Barsauskas. In addition to a complex representation of the problems
of ultrasonie interferometry, the book containg a number of original achievements of its
authors, which deserve above all attention.

The authors were the first to draw attention to systematic measurement error caused
by the diffraction effect in interferometers. This led to the introduction of correlation of
the sound velocity measurements, assumed universally as standard ones, in distilled water,
carried out by the US Bureau of Standards.

The method developed by the authors permits the measurement of the absorption
coefficient of liquids with weak absorption, which had previously been very difficult. The
authors also give original designs of interferometer for the investigation of liquids with strong
absorption and a two - chamber interferometer for measurements of liquids with weak
concentration. They developed an interferometer with an open focussing resonator, per-
mitting measurements ower the low ultrasonic range, from 20 kHz on. The noveltres are
also interferometric methods for direct measurements of acoustic impedance and liquid
density. The authors also describe high - class interferometers used in their laboratory for
the purposes of metrology and scientific research. In the theoretical part, the authors ana-
lyse the mathematical model of an interferometer, taking into account the phenomena of
diffraction and the formation of waveguides. They consider piezoelectric transducers from
the point of view of their performance in interferometers.

The book contains a multi - sided analysis of the error involved in interferometric me-
asurements and the shortcomings and advantages of the different interferometer types.
The book is a valuable piece of ultrasonic literature, useful in particular for researchers in
centres engaged in molecular acoustics

Ignacy Malecki
(Warsaw)



