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ANALYSIS OF THE ACOUSTIC FIELD ENERGY DISTRIBUTION IN A RECTANGULAR
HALL FOR MANY SOUND SOURCES*
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This paper presents conclusions regarding the relations of the energy distri-
bution of the field of reflected waves for a simultaneous action of many sources
with such parameters as: the dimensions of the hall, the proportion of the dimen-
sions of the floor, and the position of the most powerful sound sources.

1. Introduction

The difficulty in analyzing the acoustic field in enclosures by the wave
method and the insufficient results of analysis by the statistical method have
caused scientists to seek simpler and more accurate methods. Recent years
have brought development of the numerical approach in the geometrical methods:
“the ray tracing method” [1, 2] and “the image source method” [3, 4, 7]. Papers
[5, 6, 8] presented a geometrical —numerical method of investigation of the a-
coustic field energy distribution'in a rectangular room. This method uses an array
of image sources determined by a computer. The powers of the image sources
are relatively lower than the power of a real source, depending on the value
of the absorption coefficient of the walls and on the distance from the obser-
vation points. In addition to simplifying assumptions related to the present
implementation of the geometrical —numerical method [8], in analyzing the
field with many sources acting simultaneously it was assumed that the energies
of waves from all the sources sum up at the observation point. The programme
is so designed that the energy of the direct waves, the reflected waves as well
as the total energy are calculated for each sound source and each observation
point. The algorithm doés not impose any restrictions on the order of reflection.
In practice, some restrictions are necessary due to time limit and ealculation
cost.

The input data are: the dimensions of the hall, the absorption coefficients
of the walls, the number of sources, the number of observation points, the power
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-

of the sources and the energy attenuation constant in the air. The results are
obtained in the form of two tables: the sound pressure levels of direct and reflec-
ted waves from individual sources at successive observation points and the
sound pressure levels of direct, reflected and resultant waves from all the sources
at the successive observation points.

The present algorithm can be used in twofold manner. First of all, it can
be used for analysis of the energy distribution in a hall, i.e. for seeking some
general regularities of the acoustic field for variations in particular parameters.
Another possibility is making computations for specific real cases, for example,
seeking the most efficient means of noise reduction in a given area or point.
The same computations can be made for the design of industrial halls, provided
that it is defined what acoustic conditions are the most desired from the point
of view of noise control. If one is interested in the acoustic conditions in the
entire hall rather than at a specific “work post”, for a uniform distribution
of sources, the calculations can be limited to include the field of reflected waves
only. The field of direct waves is related only to the distance of sources from
observation points, i.e. it does not depend on regularities which result from
variations of the other parameters of the system. Obviously, the energy of the
resultant field as a sum of the direct field energy and of the energy of reflected
waves will vary in a slightly different manner than the energy of reflected
waves. However, it seems that this difference is not significant in the investi-
gations of the general regularities of the sound field.

2. Discussion of the results

In the investigation of the dependence of the energy distribution on the
acoustic system parameters it is possible to seek regularities but it is difficult
. to compare individual cases, since (apart from the criterion of minimum energy
level) no good comparative criteria exist.

The effect of the following parameters on the energy distribution was ana-
lyzed: the size of the hall, the proportions of the floor dimensions (for approxi-
mately the same floor area) and the position of the most powerful sources for
a constant density of sources, i.e. a constant floor area per one sound source
(i.e. a machine) and a constant hall height A = 7.8 m. The dimensions of halls,
the values of absorption coefficients of walls and also other data are close to
the real values, e.g. sources and observation points are at a height of 1.5 m
above the floor. 3

2.1. The effect of the hall size

Fig. 1 shows the arrangement of sources of equal power (L, = 101 dB)
and observation points in one of the examples for which the computations
were made. The other two examples involve computations in halls with a floor
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Fig. 1. The projection of the floor of the hall with dimensions 9 x 12 m with plotted posi-
tions of sources (x) and observation points (@); the height of the hallh = 7.8 m
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Fig. 2. The sound pressure level of reflected waves along the x axis as a function of the di-
stance of the observation point from the wall, x = 0
I — a hall with dimensions 9 x 12 x 7.8 m, 2 — a hall with dimensions 8 x 36 x 7.8 m; on the left calculation
results by the numerical method, on the right those by the statistical method, the density of sources
@ = 12 m*/machine
area twice as large and three times as large, respectively, but with the same
density of identical sources (G = 12 m?/machine). Fig. 2 shows the results
of numerical calculations and those of statistical calculations. For a constant
density of sources and a constant hall height an increase in hall size, i.e. also
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in floor area, and, accordingly, in number of sources, causes an increase in the
pressure level of reflected waves. The rate of this increase diminishes as the
number of sources n increases. It can also be shown, by the statistical method,
that for # — oo this level will tend asymptotically towards a constant value.
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Fig. 3. The increase in the sound pressure level of reflected waves. AL,, as a function of the
number of sources n for the same density of sources, calculated by the numerical method
(—0—o0—) and caleulated by the statistical method (—A—)

Any further increase in size above some dimensions does not affect noticeably
the energy level. These dimensions can be defined on the basis of power of
sources, the absorption coefficients e, the attenuation constant m and the pro-
portions of the hall. However, below these dimensions a decrease in the number
of sources, which for a constant density corresponds to decreasing floor area,
causes a decrease in the pressure level. This results from the fact that the increase
in energy due to a decreasing number of machines occurs more rapidly, compared
to the absorption decrease, due to variation in wall area. It follows, therefore,
that the pressure level is lowest for n = 1. Statistical calculation for the data
assumed (the dimensions of the hall 4 x 3 x 7.8 m, a = 0.05) yields the pres-
sure level of reflected waves for one machine L, = 98.6 dB; for n = 2 (the
dimensions of the hall 6 x 4 x 7.8 m) the level L, = 99.6 dB. The results
for larger n are given in Fig. 2. :

2.2 The effect of the proportion of dimensions of the floor

The following quantities are invariable in the computations: the density
of sources of equal power (L, = 101 dB), the floor area (the number of sources),
the absorption coefficients « = 0.05 and the energy attenuation constant in the
air m = 0.004. The proportions of the dimensions of the floor varied, however,
from 1:1 to 1:2 to 1:3.6. In view of slight differences in the energy distribution
between the first and second cases, only the first and third cases were considered,
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i.e. halls with square and rectangular floor. In order to ma,ke'compalrison easier
the position of observation points was given as a value reduced to the hall length
z(l; in the case of a square hall 1 = 17 m; for a rectangular hall I = 32 m.
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Fig. 4. The sound pressure level of reflected waves along the axis-of symmetry of the floor
as a function of the position of the observation point with plotted values of the mean square
deviation 4 for two halls
1 — asquare floor projection 17 % 17 m, 8 = 0.05 dB; 2 — arectangular floor projection 9 X 32 m, § = 0.07 dB
The absolute difference in energy level can result from differences in absorption
in the two halls (in the hall with square floor the absorption 4 = 55.4 m?),
in the one with rectangular floor A = 60.8 m2). It is difficult therefore to ana-
Iyze the causes of the difference. It is interesting, however, to examine the
nonuniformity of the energy distribution. The measure of the nonuniformity
was defined as the mean square deviation of energy calculated according to

the formula :

n

2 (piv _pg )2
Jii im=1 :

a
where p;, — the value of mean square sound pressure for all points, p} — the
~value of mean square sound pressure at the ith observation point, n — the
number of observation points.
The deviation is 0.5 % for a hall with square floor, 0.8 % for a rectangular hall

with the constant coefficient a = 0.05 for all walls and 0.86 % and 1.12 9%, res-
pectively, for the absorption coefficient of the ceiling ¢ = 0.8 and a = 0.05
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for the walls. Therefore, the nonuniformity of energy distribution is smaller
in a square hall than in a rectangular one and obviously increases for different
absorption coefficients of the surface area. A noticeable decrease in the energy
level can be observed near the shorter walls in an elongated hall. For constant
energy a more nonuniform distribution of the field energy seems to be advan-
tageous from the point of view of noise control [8], since areas of lower or greater
energy density can be properly used. It should be concluded then that rectan-
gular halls are better than square halls with approximately the same floor area.

2.3 The effect of the position of sources with largest power

Two positions of sources with largest power: in the centre of the hall and at
the walls, were investigated for a rectangular hall with dimensions 9 x 18 X
X 7.8 m. 4 of 16 sources had a power level of 111 dB, the other had 96 dB,
all positioned in a uniform manner. « = 0.05 was taken as the absorption coeffi-
cient of the walls. In the case when the more noisy sources were near the walls
the pressure level of reflected waves in the centre of symmetry of the floor was
lower by 1.52 dB than in the case when these sources were in the centre of the
floor. This is a result of energy absorption by walls close to the “noisy” sources.
The difference in mean levels is considerably smaller, i.e. 0.17 dB, which is due
to very low values of the absorption coefficients of the walls but still permits
the statement that the pressure level of reflected waves is lower when the loud
machines are at the walls than in the centre.

The nonuniformity of the energy distribution estimated from values of the
mean square deviation of energy is greater when more powerful machines are
in the centre of the hall. The mean square deviations are respectively 7.1
and 6.6 %. However, in the case when the ceiling is covered with a highly ab-
sorbent material (¢« = 0.8) a greater nonuniformity occurs when the “noisy”
sources are near the walls (the mean square deviations being 4.6 and 4.4 9,
respectively). For different absorption coefficients of the walls the energy distri-
bution due to the arrangement of sources of different power varies essentially
due to the arrangement of sound absorbing materials (Fig. 5b, ¢).

Increased value of the absorption coefficient of the walls at which the “lou-
der” sources are placed considerably decreases the pressure level of reflected
waves [8]. This may lead to another conclusion that in the case when materials
of different values of the absorption coefficient of the walls are used it is better
to set the “loud” machines at the walls rather than in the centre of the hall
because of a lower noise level and greater nonuniformity of the energy distri-
bution. However, for low values of the absorption coefficient of the walls the
criterion of the nonuniformity of the energy distribution seems more essential,
and it follows, therefore, that it is better to set the more powerful machines
in the centre of the hall. Some discrepancy in estimations suggests that compu-
tations should be made for specific cases and that machines should be set accor-
ding to the results of these computations.
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Fig. 5. a) A floor projection with plotted positions of sources of different power levels of

111dB (A), 108 dB(®) and 96 dB (x) and positions of observation points (@®); b) Thesound pres-

sure level of reflected waves in successive observation points (numbered as in Fig. 5a) as a funec-

tion of the distance along the x axis or y axis for the same value of the absorption coefficient

a = 0.05; —— “noisy” sources in the middle, — — — — “noisy” sources near the walls;

¢) as in b) but for different values of the absorption coefficient; a« = 0.08 for the ceiling and
a = 0.05 for the walls
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3. Conclusion

Application of the geometrical—numerical method for calculation of the
energy distribution permitted some dependencies of this distribution on the
parameters of the acoustic system to be found. It should be noted that this
would be impossible to achieve when using the statistical method of analysis,
since in most cases under consideration the conditions of energy absorption,
i.e. the basis for calculations in the statistical method, were identical or nearly
identical. The present remarks based on analysis of the results of numerical
calculations should be considered as an attempt to determine some regularities
occurring in the acoustic field for variations in the parameters of the system:
interior—sound sources —observation points. The nonuniformities of the energy
distribution obtained from calculations are small. This results mainly from
assumption of low energy losses at reflection. However, the recurrent quanti-
tative relations permit some generalizations to be made.

The regularities found in the energy distribution need confirmation by fur-
ther calculations so that the present conclusions should be better justified.

The question arises as to the practical significance of a difference in energy
level of the order of one dB or its fraction. It should be noted that the values
of the parameters used in the calculations were rather inconvenient from the
point of view of diversification of results. In the real cases much larger diversi-
fication can be expected. Nevertheless, it seems obvious that shaping the geo-
metry of the acoustic system in order to reduce the sound energy level is pur-
poseful. This needs, however, the ability of predicting the effects of the specific
parameters of the system: interior —sound sources —observation point. The
present paper attempted to reveal these effects, i.e. what regularities occur
in the acoustic field.

It seems justified both to seek more general relations between the field energy
and the parameters of the system and solve the practical problems of noise
control using the present approach. The calculation results presented here sup-
port the statement that the geometrical —mumerical method offers considerably
greater possibilities in terms of research, compared to the statistical analysis
of the acoustic field.

References

[1] A. KroksTAD, S. STROM, Caloulation of the acoustical room response by the use of
a ray tracing technique, Journal of Sound and Vibration, 8 (1968).

[2] A. KuLowskl, A numerical method of modelling the acoustic field in interiors (in
Polish) (doctoral diss.), Politechnika Gdaiiska 1979..

[3] M. Giess, D. Joxgs, A simple image method for calculation of the distribution of
sound pressure levels within an enclosure, Acustica, 26 (1972).

[4] Y. HirATA, Geometrical acoustics for rectangular rooms, Acustica, 43 (1979).




ACOUSTIC FIELD ENERGY DISTRIBUTION 227

[6] M. TascHERT, A numerical method of geometrical analysis of the acoustic field in
an interior (in Polish), Mat. XXII Seminar on Acoustics, Swieradéw 1975.

[6] M. TAscHERT, Investigations of the directional properties of acoustic field in finite
cuboidal spaces (geomelrical field analysis), Archives of Acoustics, 3, 4, 249-265 (1978).

[7] 8. CzARNECKI, Noise control aspects inside industrial halls, Inter-Noise 75, August,
1975.

[8] M. TarcuERT, Interpretation of the reverberation effect in the geometrical method of
analysis of the acoustic field (in Polish) (doctoral diss.), Warsaw Technical University 1978.

Received on November 26, 1979, revised version on February 19, 1981.




ARCHIVES OF ACOUSTICS
6, 3, 229-238 (1981)

GENERALIZED DISCRIMINATION THRESHOLDS AND EVALUATION OF SIMULTA-
NEOUS VARIATIONS IN THE INTENSITY AND FREQUENCY OF A TONE
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The investigations presented in this paper were based on the concept of
an interrelation between simultaneously evaluated variations in loudness
and piteh of the same tonal signal with varying intensity and frequency. As an
example, some elements of this interrelation — related to the perceptibility
and to the evaluation of the magnitude of variations in loudness and pitch —
were examined for a chosen tone. The results obtained were represented in the
form of new, so-called generalized, discrimination thresholds and of the curve
of the variations in loudness and pitch sensed to be equal. The results permit
the statement that it is possible to sum up the subthreshold effects caused by
the simultaneous variations in the signal intensity and frequency and thus to
obtain the superthreshold effect in the form of a sensation of loudness variations.
For greater variations in the physical parameters, a sort of mutual “masking”
of the simultaneous variations in loudness and pitch of the same tone was found,
and in the case when both variations were audible simultaneously it was found
that it was possible to compare these in terms of magnitude.

1. Introduction

An analysis of the curves of equal loudness and the curves of equal pitch
shows some interrelations between the variations in loudness and pitch of
a tone. Both subjective characteristics of the tone, loudness and pitch, depend
simultaneously on the two physical parameters of the tone, i.e. intensity and fre-
quency. Therefore, in changing the loudness of the tone only by varying the in-
tensity, it is difficult to avoid the simultaneous variation in the pitch of this
tone over some ranges. And conversely, when changing the pitch of the tone
by modulation of the frequency only, it is posmble to achieve simultaneously
a change in its pitch.
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The investigations presented in this paper were based on the concept of the
existence of some interrelation between the variations in loudness and piteh.
This - interrelation occurs in simultaneous evaluation of these two variations
with respect to tonal signals in which simultaneous variations in intensity
and frequency occur. It was acknowledged that this interrelation may
be significant for deeper knowledge of the mechanism of forming the sensations
of loudness and pitch of a tone and an attempt was made to analyze prelimi-
narily some of its elements related to the sensation itself and to the evaluation
of the magnitude of simultaneous variations in loudness and pitch.

The investigations consisted in experimental determination of discrimina-
tion thresholds different from the previously used, which were called genera-
lized discrimination thresholds, and of curves resulting from an evaluation
of variations in intensity and frequency, which were called the curves of va-
riations in loudness and pitch sensed to be equal. It was decided that the in-
vestigations were to be performed, for example, for a given tone of 1100 Hz
and 70 dB over the range of variation from 0 to 900 Hz and 0 to 20 dB, res-
pectively. :

It was decided that “the generalized discrimination thresholds” would refer
to a threshold determined for signals in which variations of the two physical
parameters, i.e. intensity and frequency, occur simultaneously. Those discri-
mination thresholds which were known previously and determined for signals
involving variations in only one parameter: alternatively, frequency or inten-
sity (the so called frequency discrimination thresholds or intensity diserimina-
tion thresholds), were called, in opposition to the new ones, the classical thres-
holds. Trrespective of considering this division of thresholds from the point
of view of the number and quality of variable physical parameters of a signal
under examination, it was decided, both in the case of the generalized and clas-
sical diserimination thresholds, to specify besides the threshold type the name
of the psychoacoustic parameter whose variation undergoes estimation by liste-
ners in terms of perceptibility. For example, “the intensity discrimination thres-
hold for pitch variations” refers to the case when the listener evaluates the per-
ceptibility of variations in pitch in a signal which shows intensity variations.
In turn, e.g. “the generalized discrimination threshold for pitch variations”
applies to the case when the listener estimates the perceptibility of piteh varia-
tions in a signal with simultaneous intensity and frequency variations.

An attempt was made to obtain the eurves of variations in loudness and pitch
sensed to be equal under the assumption that listeners can perform a kind
of evaluation eonsisting in simultaneous comparison of totally different va-
riations in loudness and pitch in terms of their magnitude.

2. Experimental investigation

In order to achieve in one experiment the data both for the generalized
discrimination thresholds and for the curves of variations in loudness and pitch
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sensed to be equal, a special method of investigation permitting multiple simulta-
neous evaluation was developed.

An acoustic generator of the signal of the type ABAB... shown schemati-
cally in Fig. 1 was designed and constructed. This signal is a sequence of two-

A B A B

fals falg

A

05s 05s

s Is

Fig. 1. The signal form used in the investigations

second tonal impulses 4 and B of almost rectangular envelope, generated
alternatively and after half-second intervals, with the rise and decay times
of the order of several milliseconds. In view of the duration of the impulses
(and the intervals) these impulses can be simply regarded as tones. One also
can neglect the effect on the evaluation of loudness and piteh of these tones,
of the randomly changing phase of their start and interruption and the slight,
hardly perceptible cracks occurring then. Two constants predetermined for it.
and the differences occuring simultaneously between the tones 4 and B: in fre-
quency (30 possibilities over the range 0 to 900 Hz) and in intensitfy (30 possi-
bilities over the range 0 to 20 dB), correspond to a given sequence of tones.
These differences were so chogen that in the case when both took values dif-
ferent from zero the tones of higher frequency also had higher intensity.

The signal was supplied to one of listener’s ear by earphones in the audio-
metric booth. ; ;

The investigation involved three listerns with normal hearing and different
musical ability, chosen from a larger number of listeners in the course of a pre-
liminary examination which at the same time was a training session. In terms
of their results these listeners were representative of the whole group examined.
At the same time their answers were mostly dilligent, which was confirmed by
the infrequent faults in the case of the sequences of the type A4 AA4...

In the case of each sequence ABAB... the task of each listener was to answer
simultaneously the following three questions:

1. whether the tones A and B in a given sequence differ in loudness;
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2. whether the tones A and B in a given sequence differ in pitch;
and when both of these differences were perceived:

3. which of the variations — in loudness or in pitch — was perceived as
dominating.

There were only two permissible answers to these questions and the variant
“T do not know” was excluded. This latter variant was eliminated since the
listener could listen as long as he wanted before he answered. In a single liste-
ning session the listener evaluated 25 randomly chosen sequences of over 300
sequences selected for the examination. Each sequence was evaluated ten times
in all the listenings, which gave a sufficient repeatability for a signal containing
an unlimited number of repeated sequences AB and BA.

The results were elaborated using the psychometric curves. The values cor-
responding to 509, of answers of a given type were defined as the threshold
values. In order to illustrate the scatter of answers — around the threshold
values plotted as points in the diagrams — errors whose range corresponded
‘ to 269 and 759, of answers of a given type were determined.

3. Investigation results

The results obtained for three chosen listeners showed that despite individual
quantitative differences the general trends of the answers were the same and that
the same psychoacoustic effects oceurred for all the three listeners. Therefore,
the results were elaborated for each listener individually, and it was decided
that the results of only one of them will be presented here, as an example typi-
cal of all the other listeners participating in the investigations. The results were
‘represented as the curves of the generalized diserimination threshold for varia-
tions in loudness, the generalized discrimination threshold for variations in
pitch, and the curve of variations in loudness and pitch sensed to be equal.
In view of the singularity of psychoacoustie effects occurrring for variations
in the physical parameters of the order of the classical diserimination thresholds
and for greater omes, a division into two ranges, called respectively range I
and range 1T, was introduced.

Fig. 2 shows the generalized discrimination threshold for variations in loud-
ness in range I of variability of the physical parameters. The value of the cor-
responding classical diserimination thresholds are marked on the co —ordinate
axes by the dashed lines. It can be seen that the generalized diserimination
threshold for variations in loudness occurs above the classical intensity diseri-
mination threshold for variation in loudness and shows a monotonical increase
with increasing the tone frequency simultaneous with the variations in intensity.
The same trend also occurs in range IT of variations in the physical parameters,
i.e. for greater variations than the classical discrimination thresholds. This
signifies that the oceurrence of frequency variations in a signal may decrease
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the perceptibility of the variations in loudness resulting only from variations
in the intensity of a tone and that in direct proportion to the increase in fre-

quency variations.
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Fig. 3 shows the characteristie of the simultaneously determined generalized
discrimination threshold for variations in pitch in range I. Several segments
can be distinguished'in this characteristic.

The first one shows a monotonical decrease in this threshold from the value
of the classical frequency diserimination threshold for variations in pitch to the

2 — Archives of Acoustics 3/81
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value Af = 0 reached for a variation in intensity equal approximately to the
value of the classical intensity diserimination threshold for variations in loud-
ness. This decrease suggests the possibility of “summing up” the subthreshold
effects resulting from slight variations in intensity and frequency of a signal

- in the case when these variations occur simultaneously. This “summing up”
gives the superthreshold effect of variations in the signal, estimated in most
answers as variation in piteh. :

The further behaviour of the threshold — under the abscissa — suggests
the possibility of listeners sensing variations in pitch as a result of only slight
intensity variations occurring in the signal. It can be seen from the results
obtained for another listener that this effect can occur for intensity variations
even smaller than the value of the classical intensity diserimination threshold
for loudness vqriations, i.e. for variations which do not cause perceptible loud-
ness variations. This effect should be taken into consideration in the determi-
nation of the intensity diserimination thresholds as they are called in the lite-
rature. It is often in the investigation of these thresholds that all the variations
found are identified with loudness variations, which evidently involves the pos-
gsible decrease of these thresholds.

In the next characteristic segment the generalized diserimination threshold
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Fig. 4. A comparison of the generalized digcrimination threshold for londness variations

—o0—, the generalized discrimination threshold for pitch variations, — |l —, and the cur-

ve of the variations in loudness and pitch sensed to be equal ...A... for range II of variation
of the physical parameters. The scatter of answers was plotted évery + 25%
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for piteh variations shows a monotonical increase also in range IT of variation
of the physical parameters. This signifies that the perception of piteh varia-
tions can worsen as a result of introduction into a signal of adequately great
intensity variations simultaneous with frequency variations. Both generalized
discrimination thresholds: for loudness variations and for pitch variations,
can be represented in one diagram, as it is done in Fig. 4 for range II. The curve
of the variations in loudness and in pitch sensed to be equal was plotted in the
area between the above thresholds, corresponding to the simultaneous audibi-
lity of both variations in loudness and pitch. Finally, in addition to the inaudi-
bility region, where no variations are audible, the three curves define the follo-
wing regions in the investigated area of variations of the physical parameters:

range I where only loudness variations are audible;

range IT where variations in loudness and pitch are audible but the sensation
of loudness variations dominates;

range ITT where variations in loudness and piteh are audible but the sensa-
tion of piteh variations dominates ;

range IV where only pitch variations are audible.

4. Conclusions

1. An analysis by the present method of the complex sensation produced
in-a listener with a signal containing simultaneous variations in intensity and fre-
quency shows the occurrence of an interrelation between the simultaneous
variations in loudness and pitch. This effeet consists in that both the perception
and the evaluation of the magnitude of variation of one of these psychoacoustic
parameters depend on the magnitude of variation in the other psychoacoustie
parameter, which simultaneously occurs in the same signal.

2. In the region of variation of the physical parameters near the classical
diserimination thresholds, this interrelation can be seen in the form (see Fig, 3)
of “summing up” of subthreshold variations in intensity and frequency, giving
as a result a superthreshold variation evaluated by the listeners as pitch var-
iation.

3. The lowering of the generalized discrimination threshold for pitch va-
riations to the value Af = 0 (see Fig. 3) is an effect which should be considered
in the determination of the intensity discrimination thresholds as they are cal-
led in the literature. :

It follows from the investigations performed that slight variations in the tone
intensity can produce in a listener a sensation of piteh variation, and therefore,
identification of the sensation resulting from intensity variation with only piteh
variation can lead to a decrease of the thresholds mentioned above.

~ In this connection, the necessity mentioned in the introduction of ordering
and newly specifying the terms in the field of discrimination thresholds is con-
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firmed. It is essential that there should be no doubt as to which variable physical
parameters of the signal the given thresholds relate, and with the evaluation
of which psychoacoustic parameters they are connected.

4. The increase in the generalized discrimination thresholds both for pitch
and loudness variations with respect to the classical discrimination thresholds
(Fig. 4) signifies that as if mutual “masking” effect of simultaneous variations
in loudness and pitch of the same signal oceurs for variations of physical para-
meters greater than the classical diserimination thresholds.

6. The simultaneous variations in loudness and pitch of the same signal,
despite their different nature, can be compared in terms of magnitude. The re-
gularity and monotonical increase of the curve of variations in pitch and loudness
sensed to be equal signifies that listeners are quite consistent in the evaluation,
based on some standard pattern for the equality of both variations.

6. The effects found cannot be explained by using the curves of equal loud-
ness and the curves of equal pitch, which suggests the particularity of the me-
chanisms of evaluating simultaneously the variations in loudness and pitch by
the hearing organ. There are also no data in the literature which could be com-
parable enough with those obtained in the present investigations, since investi-
gations of approximately similar problems are mostly fragmentary and diver-
sified (cf. References), and the present approach is different from concepts pro-
posed therein.

Interpretation of the results obtained in terms of the theory of hearing
needs further accurate investigations to give a full quantitative image of the
psychoacoustic effects and a deeper knowledge of the physiology of hearing.

7. The simultaneous variations in intensity and frequency are characteri-
stic of the natural sounds of speech and music. It seems therefore possible to
use, i) the future, the results of investigations in this field, first of all in the aco-
ustics of music and aundiology, and algso in the room acoustics.
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The harmful effect of noise at work stands is established by the ISO Stan-,
dard of noise which gives the maximum permissible and the mean permissible
values of the sound-level expressedrin dB (A).

Application of the correction curve 4 does not account for the effects
of the temporary threshold shift (TTS) and the permanent threshold ghift
(PTS) in hearing which results from physiological aging of the hearing organ.
Both effects influence the noige induced permanent hearing loss (NIPTS), de-
pending only on the exposure to noise. In addition there is no correspondence
between the noise spectrum corrected by the curve A and the distribution of
hearing loss established on the basis of the audiogram of a person exposed to this
noise.

The present proposal of modified correction eurves for noise hazard esti-
mation accounts for the effects mentioned above. Contrary to the previously
used methods of noise spectrum correction (by the curves A and D), the di-
stribution of the values of the sound level for individual frequencies, obtained
by using the modified correction curves, accounts for the hearing logs induced
by the noise. In particular, what is essential here is a good agreement between
the position of the specfral maxima and the maximum hearing loss on the fre-
quency scale.

The correction curves proposed were used in the estimation of the noise
hazard at the work stand of a cutter-loader.

1. Introduction

The advisability of the correction curve A in noise hazard estlmatlon has
been recently more and more questioned [2].

If the curve A corrects well the noise spectrum in noise hazard estlm&tlon, the
maximum values of the noise level in the corrected spectrum ought to correspond
to the maximum hearing loss in the audiogram of a person exposed to this noise.
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In practice this relation is not observed [2]. This results from the fact that the
main purpose of the correction curve A in its original concept was to serve
in the estimation of-the noise level in the range of sound pressure levels (SPL)
up to 556 dB. Therefore, its application to the correction of harmful noise spec-
tra, i.e. the noise of SPL above 90 dB, does not permit correct evaluation of
both the loudness of noise in question and its harmfulness.

2. Selected elements of the physiological principles of perception, used as the basis for the con-
struction of the modified correction curves

The results of investigations of both the temporary (TTS) and the permanent
threshold shift (PTS) can be useful in the estimation of noise hazard. Conside-
ring the effect of noise on creation of hearing loss apart from “the pathological”
hearing loss” resulting from diseases, inflammations ete., the following assump-
tions should be taken into account.

(a) the sounds of such a low SPL that they do not cause the temporary
threshold shift (T'TS), do not lead to the permanent threshold shift in the form
of occupational hearing loss — the effect %f noise induced permanent threshold
shift (NIPTS) [1, 6, T];

(b) the values of hearing loss occurring in the audiogram of a person wor-
king under the conditions of noise hazard, are primarily affected by the follo-
wing two factors: the character of the noise at a given work stand and the so
called physiological hearing loss, i.e. the permanent threshold shift, depending
on age [9, 12]. .

In [3] CoHEN, ANTICAGLIA and CARPENTER gave three curves representing
the temporary shift (TTS) resulting from the exposure to noise of the same SPL
of 100 dB (A) but with different shape of the spectral envelope. The SPL of
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Fig. 1. The mean temporary threshold shift TTS, for noise of the same sound level, expres-
sed in dB (A), but of different spectral envelope shapes [3]
“blue noise” — the inclination of the spectral envelope +6 dBfoct.; —+—:—-— “white noise” — the inecli-
nation of the spectral envelope O dBjoct.; — — — — — “pink noise” — the inclination of the spectral envelo-
pe — 6 dB/Joct y
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100 dB (A) exposed for 30 minutes (based on the standard PN —70/B —02151)
corresponds to the exposure to noise of less than 5 hours from the interval of
the recommended mean permissible and the maximum permissible values.
The above curves of the temporary threshold shift (TTS,) were obtained 2 mi-
nutes after eliminating the source. It follows from analysis of Fig. 1 that the
noise of the same SPL, expressed in dB (A), but of different spectral envelope
shape, can cause temporay threshold shifts of different kinds, leading as a result
to the permanent threshold shift. It is particulary interesting to note the shape
of the curve (TTS,) obtained for the case of white noise. It seems justified to
define this curve as the basis of the estimation of the sensitivity of the hearing
organ to the temporary threshold shift.

The permanent threshold shift (PTS) oceurs not only as a result of harmful
exposure of the organism to noise. Fig. 2 shows the curves of the audibility
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Fig.-2. The dependence of the

permanent threshold shift on the 60

frequency and the age of persons
examined [3, 12]

75

threshold changing with age for persons who do not work in the conditions of
noise hazard [9, 12]. In this case, therefore, the change in the threshold value
of the SPL for components of different frequency is caused only by the physio-
logical aging of the hearing organ. This fact seriously undermines the validity
of the application of the curve 4 to the estimation of loudness, and to the esti-
mation of its harmfulness. The concept of the curve of equal loudness is only
valid in reference to the evaluation of the SPL of the individual spectral com-
ponents by a person with normal hearing. In the case of noise loudness
estimation by older persons or those with hearing loss (i.e. occupational hearing
loss), the statement that the application of the correction curve A approximates
the estimation of loudness, involves error. This results from the fact that there
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is a relation between the loudness of estimated sounds and the value of the
hearing loss [4].

Another fact should be mentioned here, namely that the estimation of the
loudness of sounds perceived including noise depends on the previous exposure
of the organism to noise. This effect is well —known in fhe literature and is de-
fined as “the temporary loudness shift” (TLS). The dependence of the TLS effect
on the physical parameters of stimulation and the conditions of the exposure
of the organism to noise is the same as that of T'TS. This is additional argument
for the necessity of including the TTS effect in constructing the correction cur-
ves.

3. The method for the construction of the correction curves for noise hazard estimation

On the basis of the above considerations, a correction curve for noise hazard
estimation should account for the following two basic elements:

(a) the sensitivity of the hearing organ to the hearing loss, depending on the
frequency,

(b) the effect of physiological aging of the hearing organ.

The sensitivity of the hearing organ to the hearing loss is best represented
by the curve in Fig. 1 (in the case of white noise), since this curve represents
the temporary threshold shift TTS,. On the basis of knowledge of the value of
the TTS, effect, the NIPTS effect can in turn be predicted [7, 8]. The aging
of the hearing organ is illustrated by the family of curves in Fig. 2.

The principle of the construction of the correction curves for noise hazard
estimation consists in taking into account both these curves. The shape of the

[dBi1

20 -

10

I | |
250 - 500 1000 2000 3000 4000 6000 8000
]

f{Hzl

Fig. 3. The mean temporary threshold shift TTS,: for white noise — the upper curve; the
audiobility threshold — the lower curve
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-

correction curve is related to the shape of the TTS, curve for the white noise
(100 B (A)). Since this curve is calculated with reference to “the audiometric
zero” (cf. Fig. 1), in order to use it for the correction of noise spectrum the thres-
hold values of the SPL (Fig. 3) should be added to the values of the temporary
threshold shift. Since the threshold values of the SPL for given frequencies
vary depending on the age of persons examined (cf. Fig. 2), it seems correct -
to introduce a family of correction curves whose parameter is the age of a person
exposed to noise. For healthy persons with normal hearing (under 30 years
of age) the shape of the correction curve reflects exactly the shape of the curve
for the temporary threshold shift shown in Fig. 3. For older persons the shape
of the correction curve changes, since it is necessary to include the corrections
resulting from physiological aging of the hearing organ (cf. Fig. 2). The correc-
tion curves thus obtained for different age groups are reversed with respect to
the value of 0 dB and are shown in Fig. 4.

250 500 1000 2000 4000 8000 f[Hz]
L [dB] [ T T T T T RERZR o5

-10 —

=20

Fig. 4. The family of the correction curves proposed for noise hiazard estimation. The para-
meter of these curves is the age of persons exposed to noise

For comparison, Fig. 5 shows the correction curve A and one of the correc-
tion curves proposed by the present authors (for persons under 30 years of age).

In order to estimate to what degree the correction curve proposed is better
in the estimation of noise hazard than, for example, the correction curve A4,
it is necessary to compare the noise spectra corrected by these two curves with
the noise induced permanent threshold shifts (NIPTS) oceurring in the audio-
gram of a person exposed to this noise. If this comparison shows that, for exam-
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Fig. 5. The comparison of the curve 4 with the proposed correction curve

ple, the maximum hearing loss corresponds to the maximum noise levels %t the
same frequency (in the spectrum corrected respectively by the curves mentio-
ned above), it can be assumed that such a spectrum gives information about the
harmfulness of given noise.

4. The method of construction of a mean audiogram

In order to avoid individual differences occurring in the audiograms of dif-
ferent persons, it is purposeful to use the so —called mean audiogram for a per-
son working at a given work stand.

The mean audiogram is an audiogram which can be derived by averaging
the values of the hearing loss determined (for individual frequencies) for the
same physiological age group and the same period of work. Audiometric mate-
rials from the Department of Mining Safety of Main Mining Institute were used
in the construction of the so —called mean audiogram of a cutter —loader. Audio-
grams for 3 groups of miners of the following age groups and periods of works
were selected from these materials:

group I 20-30 years of age — 5-10 years of work
' 11-15 years of work
16-20 years of work
16-20 years of work |
21-25 years of work

group II 31-40 years of age — {
group IIT 41-50 years of age — {

The values of the threshold shift at the following 5 selected frequencies:
500, 1000, 2000, 4000 and 6000 Hz were taken into consideration. The values
of the threshold shift for the above frequencies are assigned for a given group
of miners of the same age, also with consideration of the period of work. As an
example, Table 1 shows the data for a frequency of 500 Hz and group III for
a cutter —loader’s stand. On the basis of the distribution of the value of the
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hearing loss for the mdlwduaJ groups of different periods of work the following

data were calculated:

(a) the mean statistical threshold shift, i.e. the mean value of the hearing
loss U,, for each group of persons with the same period of Work at a given fre-

quency, obtained from audiograms,
k=n
D mm
UEV il k“'——”‘——=l ’.

N

where # is the mean value of the kth interval
of the individual hearing loss, m is the number
of persons with the hearing losses in the given
interval k, and N is the total number of per-
sons in a given group.

(b) the value of the standard deviation o.

Table 2 shows the calculated results, i.e.
the values of U,;, and ¢ for the individual
frequencies, determined from the audiograms
of groups of the same age and period of work.
Each column of the table corresponds to a me-
an audiogram. The curves of the mean audiog-

Table 1. The number of the hearing
loss in the individual intervals %
at a frequency of 500 Hz for a group
of miners from 41 to 50 years of age
working at a cutter-loader’s stand

The value Period of work
of hearing [years]
loss [dB] 1620 | 21-25
5 Faany Y
10 Lialg 2
15 [ 2 2
20 ‘ 5 1
25 | TR 6
30 ‘ 15 6
35 7 9
40 1
45 1

Table 2. The value of the mean hearing loss Uy, and the stan-
dard deviation ¢ for individual frequencies in the audiograms

of the respective groups of persons of

different age and period

of work, without consideration of physiological “aging” of the
hearing organ

Physiological | 20-30 : 31-40
age [years]

41-50 -

Total number :
of audiograms 26 40
N

94 44 26

Frequency period of work [years]
[Hz] 5-10 | 11-15 16-20 f 16-20 [ 21-25

500 U,y 27.31 | 25.75 | 2654 | 26.93 | 27.50

o 9.01 7.23 8.72 7.84 7.74
1000 Ugy B d § 16.62 17.34 18.52 18.65
o 6.67 5.74 14.07 6.05 5.64
2000 U,y 16.54 17.00 17.97 21.36 e 4 4
a 7.03 6.20 T276 . 413 69 10.81

4000 U,y 18.84 20.00 26.65 30. 79 36.90

o 9.76 12.44

13.27 13.77 13.66

6000 U,, | 2000 | 25.87 | 28.67 | 30.34 | 35.00
c | 9.60‘ 9.07 | 1370 | 12.10 | 14.27
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rams for the cutter —loader’s stand are shown in Fig. 6. The average
values of the hearing loss shown in Table 2 and Fig. 6 include both the noise
induced hearing loss and the physiological permanent threshold shift related
to the aging of the hearing organ.

Uy LdB]

50 -

30 1=

10 -~

| L L 1 | =
500 1000 2000 4000 6000 f[Hz]

Fig. 6. The mean audiograms of cutter-loaders without consideration of the corrections
concerning physiological “aging” of the hearing organ
—— 20-30 years of age, 5-10 years of work; — — — 31-40 years of age, 11-15 years of work; —.—.—. 31-40
years of age, 16-20 years of work; —o—o — 41-50 years of age, 16-20 years of work; — A — A — A — 41-50 years
of age, 21-25 years of work

The confidence intervals were determined for the mean values of the hearing
loss in the population for each frequency at a confidence level of 0.95. It was
assumed in the determination of the confidence intervals in the case when the
number of samples was n > 30 that the distribution of the mean of the sample
was normal. For the group of 20-30 years of age and 41-50 years of age (the
group of 21-25 years of work) the number of sample was n = 26. In these
cases the confidence intervals were determined under the assumption that the
sample distribution was a t-distribution [3]. The value of the confidence inter-
vals are plotted in the diagram in Fig. 6. The values of these intervals are on
average + 3 dB. The minimum confidence inferval is + 1 dB, while the maxi-
mum one is + 6 dB.

In order to avoid different values of the physiological permanent threshold
shift for different ages the values shown in Table 2 should be corrected in terms
of the curves for physiological aging of the hearing organ [9, 12]. Table 3 gives
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Table 3. The value of the mean hearing loss U,y for individual
frequencies in the audiograms for the respective groups of per-
sons of different age and period of work, with consideration of the
corrections for physiological aging of the hearing organ
G
Physiological | 20-30 31-40 40-50
aging [years]

Total number

of audiograms 26 40 .| " 94 4 26
N b=
Frequéncy period of work [years]
[Hz] 5-10 | 11.156 | 1620 | 16-20 | 21-25

500 Ugy | 27.31 | 2476 | 25.54 | 23.33 | 24.50
1000 Ugy | 1711 | 1582 | 16.3¢ | 1552 | 15.65
2000 Ugy 16.54 | 15.00 | 1597 | 1586 | 11.61
4000 Uy 18.84 | 1450 | 21.16 | 17.79 | 23.90
6000 Uay 20.00 | 18.87 | 21.67 | 14.34 | 19.00

the hearing loss corrected in terms of physiological age. The corresponding audio-
grams are shown in Fig. 7. The audiograms corrected in_such a way permit
comparison of the value of the hearing loss for persons of different physiolo-
gical age.

Ug, LdBIT A

0+

204

10~

| |
500 1000 2000 4000 6000 f([Hzl

Fig. 7. The mean audiograms of cutter-loaders with consideration of phymclogmal “aging”
of the hearing organ

— 20-30 years of age, 5-10 years of work; — — — 31-40 years of age, 11-15 years of work; —.—.— 31-40

vears of age, 16-20 years of work; —o—o0 < .41-50 years of age, 16-20 years of work; — A — A — A — 41-50
years of age, 21-25 years of work

5. The characteristic of noise at a given work stand

Using a 3347 Briiel and Kjaer Real —Time analyser, the noise at a cutter—
—loader’s stand was analysed four times in order to gwe.
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— the mean spectrum for the time period of 15 s,

— the maximum spectrum,

— the mean spectrum corrected by the curve A,

— the mean spectrum corrected by the curve D.

The above spectra refer to the form of octave spectra (Fig. 8). In addition
the maximum spectrum obtained in this way was corrected by the curve A.
It is shown in Fig. 8. The mean spectrum and the maximum spectrum of noise

LIdBIA

120 [~
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e T _/_'__ ——————
PR b v e~ NS Lo

./'X
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a

70 —~ ;

I | | 1 I | | |

125 250 500 1000 2000 4000 8000 g 16000
s f [Hz]
Fig. 8. The octave noise spectra at a cutter-loader’s stand

~0=0= dBav.; Xx—Xx—x dBmax; ®—-®—-@® 4B (A); -0-0-0-dB(D); x—.—.—x~,— dB (A)max

at a cutter —loader’s stand were corrected by the proposed family of the corree-
tion curves. It is shown in Figs. 9 and 10. This gave 7 kinds of spectra for the
same noise: the maximum spectrum, the maximum spectrum corrected by the
curve A, the mean spectrum, the mean spectra corrected by the curves 4 and D,
-respectively (Fig. 8), and the new correction curves (Figs. 9 and 10).

Comparing the distribution of the average values of the hearing loss with
the distribution of the values of the noise levels in the spectra corrected (7 for-
ms of spectrum) we can notice some relations between the corresponding maxi-
mum and minimum values (i.e. the hearing logs and the noise levels) in these
two diagrams.

6. Results

The following conclusions can be drawn from the comparison of the distri-
bution of the average values of the hearing loss with the distribution of the
values of the noise level in the noise spectra corrected:
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Fig. 9. The dashed curve — the mean octave of noise spectrum at a cutter-loader’s stand,
the continuous curves — the same spectrum corrected by the modified correction curves
for different age
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Fig. 10. The dashed curve — the maximum octave noise spectrum at a cutter-loader's
stand, the continuous curves — the same spectrum corrected by the modified correction
curves for different age
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— the maximum hearing loss in the mean audiograms oceurs at a frequency
of 500 Hz, which is not reflected in either the spectrum corrected by curve A,
or the spectrum corrected by the curve D (Fig. 8). However, a distinct maximum
occurs at this frequency in the following spectra: the maximum linear spectrum,
the maximum spectrum corrected by the curve A, and the spectrum corrected
by the family of new correction curves (Fig. 9 and 10). Moreover, the maximum
value is clearer when these curves are used to correct the maximum noise spee-
trum (Fig. 10), than in the case when the mean spectrum is corrected (Fig. 9).

— the minimum value of the hearing loss occurs at a frequency of 2 kHz,
which is not reflected in the spectra corrected by the curves A and D, or the
maximum linear spectrum and the maximum spectrum, both corrected by the
curve A. There is, however, good agreement between the spectra corrected by
the modified correction curves (Fig. 9 and 10) and the corresponding mean
audiograms,

— a repeated increase in the value of the hearing loss can be observed in the
mean audiogram at a frequency of 4 kHz. This fact is only confirmed by the
spectra corrected by the modified correction curves, for the group of persons
under 40 years of age. For persons above this age the maximum vanishes in the
noise spectra corrected.

7. Geéneral conclusions
rd

The correction curves used in the estimation of the speetrum of noise at
a given work stand permit to predict to what kind of hearing loss the persons
working at this stand can be liable. Their relative value can be estimated, i.e. it
is possible to predict on the basis of the noise spectrum corrected at which fre-
quencies the maximum and minimum noise induced hearing loss can occur.
In addition on the basis of the spectra thus corrected it is possible to distinguish
the degree of noise hazard for persons of different physiological age. This esti-
mation, including the audiogram of the person to begin work, can give important
information as to at which stand this person should work.

Tt will be possible to obtain a quantitative criterion (from the above qualita-
tive method) of the estimation of noise hazard at a given work stand after the
values of the mean hearing loss are related to the specific values of the noise
evel corrected by the correction curves proposed here. :
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valuable suggestions in the course of preparing this paper.
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INVESTIGATION OF DIRECTIONAL HEARING
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Department of Acoustics, Central Institute of Occupational Bafety
(00-348 Warszawa, ul. Tamka 1)

This paper presents the results of experimental investigations of the lo-
calization of the direction of sound signals. These investigations weére performed
in a purpose-built laboratory system equipped with 24 loudspeakers disposed
in a horizontal plane around the person examined. ;

The results show that the external auditory canal has dominating influence
on the efficiency of localizing signals at low frequencies, while the pinna has a
prevailing effect at high frequencies. Application of ear plugs or ear muffs
worsens the accuracy of the localization of sound sources in the frequency
ranges mentioned above.

The optimum localization was obtained when the source of signals was
in front of the person examined, the values of the sound pressure level were
from 55 to 80 dB, and their frequency between 250-750 and 1500-3000 Hz.
Since least errors in direction localization were committed for signals with large
information content, i.e. natural signals, particularly an utterance, on this
basis a general statement can be made, that the arrangement and structure
of the human hearing organ is from the present point of view best adopted to
human oral intercommunication.

1. Introduction

Localization of the sources of acoustic signals results from human ability
of determining the distance and direction of the sources of these signals. Parti-
cularly, when there is a limited visibility in the place where the information
is received, or the listeners are blind, the correct localization of the position
of the acoustic sources is particularly important.

For those who can see the correct localization of acoustic signals is equally
important, particularly under the industrial conditions, e.g. when the warning
signal is emitted by a crane under load moving across the hall, the correct esti-
mation of the direction of the signal may affect the safety of a worker, or in ge-
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neral case when —because of the desired quick reaction of the receiver — the di-
stmgmshmg and identification of the signal against the background of other
acoustic signals is not sufﬁclent but it is very often necessary to localize its po-
gition in the environment.

2. Theoretical relations

Man is able to localize the direction of a source of acoustic signals because
of his binaural hearing. It should be added here that the zygomatic width of the
face which roughly corresponds to the distance D between both ears, is for the
Polish adult population [3] on average 14.2 cm for gien and 13.4 em for women
(the width. of the h_eadis 15.7 cm and 15.1 em, respectively)..

As regards relatively long sound waves, i.e. at a frequency f for which the
half wavelength emitted by a sound source is much greater than the width (dia-
meter) of the head, 4/2 = ¢/2f = 17000/f > D, the determination of the direction is
based on the difference between the arrival times of the sound wave for two ears.
It can be assumed as an approximation for given values of D that these waves
have a frequency f < 1100 Hz. This case is shown schematically in Fig. la.

a) ; : b)

| | ] | 1 | g T 1y 1
¥ 632 bd 125 2p0- 5N JOUU| 2000 4000 8000 76000 Hz
~1100 ~4500
P | [ e
| | | | | i a2 3T | | = 1
A 2125 1063 563 272 136 68 -3¢ 4.25 213 cm
; ~30.1 -76 :

Fig. 1. A schematic diagram of the principle of human perception of acoustic signals at low
and high frequencies

Since the human ear is sensitive to differences of the order 1-3:107° & [7],
 and it can be seen from Fig. 1 that the arrival paths of the sound waves for two
ears are proportional to sine, the location of a sound signal in front or at the back
of the head can accordingly be determined theoretically with an accuracy of
2-3° and for sources on both sides with an accuracy of 10-15° [7].
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For relatively short sound waves for which the ratio D[4 > 2, i.e. whose re-
fraction around the barier is low (for the present head sizes these are the waves
at a frequency f > 4500 Hz, approximately), the head constitutes a barrier
behind which (cf. Fig. 1b) the “acoustic shade” occurs, and each ear receives
the waves falling at some angle as an information signal of a different level
[11]. The difference between these levels depends on the angle at which the wave
falls, reaching its maximum value for a = 90°.

For the sound waves of medium frequency (1100 < f<< 4500 Hz), i.e. of
a length that is approximately double the distance and half the distance between
the ears, the determination of the direction of a source should therefore be more
difficult from the theoretical point of view.

On the basis of the foregoing argument it can be predicted that the directio-
nal hearing characteristics of persons with normal hearing (particularly as far
as equal hearing sensitivity of ears is concerned) will be symmetrical with respect
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Fig. 2. A schematic diagram of the performance principle of the laboratory system used
in the localization of acoustic signals
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to the central plane of symmetry of the head, while the determination of the
direction of sources of acoustic signals in this plane should be most difficult.
Distinguishing between the positions of these sources, i.e. distinguishing between
the positions at an angle in front and at the back upwards, will be facilitated
by the pinna whose shape favours signals from the front.

3. Procedure

3.1. Investigation system

In order to check the validity of the relations discussed above, a series of
experimental investigations were performed on a group of 6 persons with normal
sight, in whom on the basis of audiometrical tests deviations in hearing from
norm were found. These investigations were performed in a special laboratory
room [9], well insulated with curtains (for 1000 Hz agy = 0.7), in which (see
the diagram in Fig. 2) 24 identical loudspeakers with a power of 0.8 W were
placed along the circumference of a circle with a diameter » = 1.5 m, so that
for the person at the centre of the circle each loudspeaker at an angle ¢ = 0°
= 360° was in front, at a = 180° at the back, at a = 90° on the right, and at
a = 270° on the left. The loudspeaker which was to emit the signal was con-
trolled from a purpose-built panel on which the lamp defining the angle a of the
position of the loudspeaker was lighted (in a horizontal row) when the relevant
button was pushed, and in the vertical row the lamp corresponding to the res-
ponse of the person examined was lighted, defining the angle # of the direction
from which the person heard the signal. It can be seen from Fig. 2 that correct
answers should lie along the dashed line on the intersection of the correspon-
ding angles a and g, while incorrect answers should be elther above'or below
this line, thus showing the values of the error

—g =8

committed by the person examined. Since a simultaneous lighting of the two
lamps from the loudspeakers corresponds to responses defining the position bet-
ween the two loudspeakers, the posibility of determining the position of a given
signal in terms of direction was 7.5°

Fig. 3 shows the investigation system being calibrated. Oalibration consisted
in verification of the properties of the acoustic field and the equality of the
acoustic pressure level between the individual loudspeakers. The properties of
the acoustic field were investigated using a single loudspeaker which was tur-
ned around at a distance » = 1.5 m from the centre of the circle, generating a noi-
se signal in octave bands of centre frequencies 250, 500, 1000, 2000, 4000 and
8000 Hz.

Measurements showed that variations in the band pressure level measured
at the centre of the circle were 4 3 dB for 250 Hz and -+ 1.5 dB for 500 Hz,
and were negligible for the other bands. This is related to the magnitude of the
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Fig. 3. The view of the system for the in\vestigﬁ;tion of loc.aliza,tion uring calibration

of this system

ig. 4. The investigation of the directional ha.riwith ear muffs
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boundary distance r, which is 0.87 at a frequency of 2500 Hz and more than
1.5 at the other frequencies, which suggests that for signals at higher frequencies
than 500 Hz the examined person at the centre of the circle is in free field of
direct sound waves. £

Verification of the band pressure level of the individual loudspeakers showed
some differences in the value of the level to exist at the centre of the circle.
These differences were reduced, however, by replacing the loudspeakers -with
greatest deviations, to a value of about + 2 dB. :

Fig. £ shows the person examined wearing ear protectors. It can be seen
that in front of the person there is a shield with an arrow which the persoh can
point in the direction (corresponding to the angle §) from which he hears the
signal. The chin rest whose elevation can be adjusted serves to keep the head
in position over the rotation axis of the arrow and at the same time to prevent
the head — often reflexively — turning towards the source of the signal.

In most measurements the duration of the signal which was to be localized
whas 3 s while its level was 60 dB (A).

3.2. Elaboration of the results

Fig. ba shows the manner of elaborating the results of the measurements
taken in the case when noise 1‘11 an octave band with a centre frequency od 1000 Hz
was being localized. The person examined was wearing the Auralgard III ear
protectors on both ears. The curve in the upper part of Fig. 5a shows the results
registered directly on the measurement sheet on the control panel, while the eire-
les represent the responses of the person examined obta}ned for different direc-
tions. It can be seen from Fig. ba that in the present case the sign changed for
two angles, i.e. a’' o 60° and o'’ = 33° which signifies that with respect to the
real location of the sound sources being localiged the direction of errors committed
moved from right to left and from left to right in terms of this location.

The curve at the centre of Fig. Ba shows the absolute values of errors com-
mitted, depending on the direction from which the signal was emitted, while the
lower curve shows the directional characteristic of the localization of this signal.
It can be seen from this figure that in agreement with expectations this charac-
teristic is symmetrical with respect to the central axis (and, as is known, also
with respect to the central plane [4]) of the head, showing for the conditions
of the measurements large values of errors committed (up to y = 135°) at the
back of the head and relatively smaller errors (up to y = 45°) in front and on
both sides of the head. The lowest errors occurred for a location angle a = 60°
and a symmetrically opposite angle a = 330°. '

3.3 An example of application of the assumed procedure

Similarly, Fig. 5b shows the results of measurements in which the shell
of the ear protector was removed from the left ear of the person examined,
while the right ear was covered. A comparison of the characteristics of directio-
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nal localization for both ears covered (Fig. 5a) and for one ear covered (Fig. 5b)
shows that baring one ear does not improve the. efficiency of the localization
at this side of the head, but also makes it worse at the back and at the oppo-
site side. It can be seen from the curve in the upper part of Fig. 5b that in
most cases the signal was estimated to be to the right of the real location,
and it can be seen from the central curve that for the whole right side of the
head (from = 0° to @ = 240°) the values of error varied from 60° to 140°. The
lowest error was also committed only at the left side of the head at an angle
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Fig. 5. The successive stages of elaboration of the measurement results; a) a symmetrical
directional characteristic of error (both ears covered); b) nonsymmetrical (only the right
: ear covered)
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a = 300°; this angle also involved a change in the relative value of the com-
mitted errors, i.e. for a small section of the cirele in front to the left side the
sound source was estimated to be to the left of the real location.

Since the real-ear attenuation of most ear protectors used is similar in its
nature to the audiograms of persons with occupational hearing impairment,
the characteristics of directional localization in Fig. ba, b show the difficulty
of these persons in correet localization of the sources of acoustic signals, parti-
cularly in the case of one-ear defects.

4. Investigation results

The measurements were taken in order to answer the question as to whether
the initial theoretical relations discussed in the introduction, agreed with the
results of these measurements, and above all, what role in the localization of the
sources of acoustic signals was played by the individual ear protectors and the

" acoustic properties of the environment. The answer to the latter part of the ques-
tion was related to the possibility of direct application of the results in the indi-
vidual ear muffs, i.e. those ear protectors that cover both the pinna and the
external auditory canal, or the ear plugs which occlude only the external audi-
tory canal itself. ;
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Fig. 6. The averaged values of error in the localization of sound signals at different frequency
a — without ear protectors, b, ¢, d, — with ear muffs of different real-ear attenuation, ¢ — with ear plugs
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Fig. 6 shows the results obtained in the form of columns whose height cor-
responds to the mean values of errors 'commit.ted in the six groups correspon-
ding to the individual frequencies of the signals used, calculated for 24 direc-
tions, i.e. in the course of 144 measurements.

Columns a correspond to the case when no protectors were used. It can be
seen from Fig. 6 that in this case the relatively greatest error was committed
for signals with centre frequencies of 2000 and 4000 Hz, i.e. over the medium
frequency range (1100 < f < 4500 Hz) for which, in accordance with the theo-
retical relations discussed above, the localization of direction of the sound sour-
ces should be most difficult. For relatively long sound waves (f< 1100 Hz)
and relatively short sound waves (f > 4500 Hz) the error committed was lower,
in accordance with expectations.

4.1. Directional hearing when wearing ear protectors

Columns b, ¢, and d represent the mean values of error committed when

both ears were covered by ear muffs. The muffs were chosen go that they different 3

rather considerably in real-ear attenuation. The protectors were Auralgard IIL
(b) with a mean real-ear attenuation (calculated as for occupational hearing loss
at frequencies 1000, 2000 and 4000 Hz) of 38 dB, Optigard (¢) with a mean-real
attenuation of 24.5 dB, and TD-b (d) with a mean real-ear attenuation of 30.5 dB.
The aim was to obtain information as to not only the effect on the value of error
committed of application of the ear protector, but also as to the effect of the
differences in the band pressure level of sounds reaching the ear through pro-
tectors of different real-ear attenuation. It can be seen from Fig. 6 that compared
to the case without ear protectors, their application made considerably difficult
the localization of signals (this is ilustrated by fragments of columns dashed
diagonally), while the differences in the value of error which occurred between
the individual protectors were statistically insignificant, i.e. their real-ear atte-
nuation had here little effect.

Also in the present case the relatively greatest error oceurred over the medium
frequency range 2000 to 4000 Hz. However, compared to the case without ear
protectors, here the error increased as the frequency increased.

On the basis of the results obtained it can be stated that application of ear
muffs affects considerably less the localization of signals at lower frequencies,
based on the evaluation of the difference between the arrival times of the sound
wave for both ears, compared to the localization of high-frequency signals, based
on the évaluation of the difference between the band pressure levels, related
to the occurrence of the acoustic shade. In order to explain this phenomenon a se-
ries of measurements were taken on the EAR type ear plugs with a mean real-
ear attenuation of 32 dB, which tightly occluded the external auditor canal.
Columns ¢ in Fig. 6 represent the mean values of error committed when the above
ear protectors were used. It can be seen from Fig. 6 that at low frequencies
(250 and 500 Hz) the error committed is in terms of value close to the error
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occurring when the éar muffs are used, while at medium frequencies (1000, 2000
and 4000 Hz) the value of error is lower and closer to that of the error for the
uncovered ears. The result obtained permits the statement that occluding the
external auditory canal makes difficult the localization based above all on the
difference between the arrival times of sound waves for both ears, while it
affects to a comsiderably lesser extent the estimation based on the difference
between the band pressure levels. :

The effeet of high frequencies remains now to be explained. Is the difficulty
in aceurate localization of signals at high frequencies affeeted by covermg the
ear by the bowls of the ear muffs? In order to answer this question measurements
were taken, during which the natural irregularities and cavities of the pinna
in persons examined were filled with a special Stopper mass of properties close
to those of smooth skin surface. In addition, in order to prevent the pinna stic-
king away from the head, it was pressed to the head by a special thin ring, thus
leaving the external auditory canal open.

The results of the measurements taken in this manner and the results of the
previous measurements are shown in Fig. 7 where the values of error committed
are shown as a function of the frequency of a signal for eight selected characteri-
stic directions of localization. In Fig. 7 the continuous lines represent the case

Fig. 7. The values of the error y determined in a horizontal plane, depending on the fre-

quency of sound signals and on the direction of their localization in the case without ear

protectors ———————, with ear muffs — — —, with ear plugs —.—.—, with the pinna
covered .........
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without ear protectors, the dashed lines, the case with ear muffs, the point and
dash lines the case when both external auditory canals were covered by ear
plugs and the point lines the case when the pinna was covered. It can be seen”
from this figure that localization of signals at the back of the head (a = 180°)
is relatively most difficult, and easiest in front (e = 45-315°); that application
of ear muffs increases the error in all the presented directions to a relatively
greatest extent in front of the head, and to the least extent on both sides (a =
= 90 and 270°); and that in most cases the localization of the sources of signals
(both with and without ear protectors) is most difficult over the frequency
range 1100 < f < 4500 Hz. The difficulty in the localization of signals at lower
and medium frequencies (f<< 1100 Hz), which causes a considerable increase
in error committed, résults from limited reception of signals of that frequency
in the external auditory canal, while the difficulty in the localization of signals
at higher frequencies (f > 4500 Hz) — which is particularly conspicuous at the
back of the head (¢ = 225-135°) — results from the covering of the pinna.
Since it is confirmed by the results of the measurements that the determination
of the direction of signals in the central plane of the head (back-front) is most
difficult, the pinna facilitates this localization by concentrating the sound waves
reaching it from the environment and directing them in the form of reflections
modelled by itself to the external auditory canal. It can be seen from Fig. 7 that
this is the case at medjum and high frequencies and above all in the space corres-
ponding to the values of the angle « in the limits 90-270°, in front of the person
examined. '

The present results confirm the results of the investigations of the GARDNERS
[4] who in order to explain the localizing effect of the pinna used a similar device
made of identical loudspeakers placed in the central plane at a constant distance
from the head of the person examined, but, contrary to the measurements des-
cribed here (Figs.2,3 and 4),in a semicircle from the front upwards to the back
of the head. By successively covering the individual cavities and irregularities of
the pinna they showed that the pinna facilitates the localization of sound signals
in front of the head, particularly over the high frequency range. According to
these scientists the dashed columns in Fig. 8 represent the values of the index
of error committed in reference to the group of small loudspeakers situated
from the front upwards, while the columns not dashed refer to the loudspeakers
placed downwards and backwards for the pinna with a different degree of co-
vering. The index of 100 % applies to the case when the greatest error is commit-
ted in the determination of direction. It can be seen from Fig. 8 that largest
differences in the value of this index occurred when the whole pinna was covered,
and not eovered in the case when high-frequency signals were used, i.e. in bands
of 8 and 10 kHz. This result suggests that the pinna facilitates the localization
of signals in the central plane of symmetry of the head, i.e. when it is most dif-
ficult from the theoretical point of view to determine the location of thesk sig-
nals, particularly over the high frequency range.
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Fig. 8. The values of the index of the error committed in the central plane of the head, after

the Gardners, depending on the degree of covering the pinna
with: @ — the whole pinna covered, b — the navicular fossa, cavity and earlap covered, ¢ — the navicular fossa
and cavity covered, d — the eavity covered, ¢ — uncovered

In conclusion, it can be stated that application of ear plugs ean worsen the
loealization of sound signals at relatively low frequencies, while application of
ear muffs (and also kerchiefs, caps and hairdoes which coger the ears) ean worsen
this localization in the case of sound signals at relatively high frequencies. For
both cases this worsening also occurs over the medium frequency range (1100 <
< f< 4500 Hz) for ear muffs, irrespective of their real-ear attenuation. There-
fore in the planning of warning signals these circumstances must be considered.

&
4.2. The effect of the acoustic properties of the environment

4.2.1. The acoustic conditions of the room. The measurements whose results
were discussed above were taken in a damped laboratory room (r, > 1.5 m),
i.e. (for f > 250 Hz) underkthe conditions of the acoustic field close to free space.
Under these conditions the values of error committed, caleulated for 24 directions
of observation, varied in the limits of y = 10-20°. It can be seen from Fig. 9
(columns @) that the value of the error was y = 12.5° for the localization of
tones at a frequency of 1000 Hz.

In order to examine the masking effect of the reflected sounds, a series of
measurements were taken (in the manner discussed above) under the conditions
of the acoustic field with greater diffusion, i.e. in a room of average acoustic pro-
perties (r,<< 1 m) — columns b and in a reverberation chamber (r, < 0.4 m) —
column e. It ean be seen from Fig. 9 (columns not dashed a, b and ¢), that as
a result of masking the information about the presence of a signal by reflected
sounds the value of the error y committed increases considerably with increasing
diffusivity of the acoustie field, i.e. with decreasing boundary distance 7.
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Since, particularly in these cases, a prevailing role in the determination of the
direction of a signal should be played by the beam of direct sound waves, i.e. the
beam reaching the ears directly after a given signal has been switched in, a ser-
ies of measurements were taken in order to confirm this relation. Columns a
and b dashed diagonally in Fig. 9 define the value of the error y committed when
the moment of switching in a signal being localized was masked by another much
louder signal. It can be seen from Fig. 9 that in a semi-anechoic laboratory room
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(columns a), i.e. when the person examined is continuously in the field of direct
sound waves, no significant increase in the error y can be noticed. In a room
of average acoustic properties (columns b), however, when the sound waves
which are not disturbed with reach a given person only at the moment of swit-
ching in a signal, a considerable increase in the error occurs. This increase is

close in its value to that of the error committed (without masking) in a reverbera-
tion chamber.

4 — Archives of Acoustics 3/81
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The acoustic properties of a room also affect the directional characteristic
of gignal localization. When the position of the person examined in a damped
laboratory room with respect to the walls of the room had little effect on the
above characteristic (irrespective of its position it was symmetrical to the cen-
tral plane of the head), the diagonal position, with respect to the walls, of the
person examined in a room of smaller absorption caused a fairly distinet ro-
tation of the axis of symmetry of this characteristic with respect to the above
plane. ]

4.2.2. The presence of masking sounds. The situation changes in a significant
way when the signalling system, similar to the real conditions, operates against
the background of specific acoustic disturbances.

Fig. 10 shows the results of the measurements taken in the manner deseribed
above, on noise signals in an octave band with a mid-frequency of 2000 Hz
and levels 55, 60, 65, 70, 75 and 80 dB (A), masked by white noise at a level
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80 150 120 90 60 30 O y° rent levpl. Circles denote the results obtained
B e L e o e B e T for the source of the masking signals placed
0 50 100 %, in front, crosses for the case at the side of

localizability the person examined

of 70 dB (A) at a distance of 1.5 m in front (circles) and at the side (crosses)
of the person examined. The curve in this figure was plotted against the area
(dashed diagonally) corresponding to the case without masking. When it is assu-
med that an error of less than about 30° (corresponding to the localizability
of more than about 85 %,) can be admitted, in the present case an error of greater
value was committed for signals of a level that was equal to or lower than the
masking one. However, in the case without masking less error was committed
at a level in the range 55-80 dB, i.e. for the range of human oral intercommuni-
cation.
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In order to determine the effect of the direction of the source of a masking
signal, the position of the loudspeaker generating these gignals was changed from
successively a = 0° (in front) to 45, 90° (on the right), 135 and 180° (at the back)
of the examined person. The characteristic of the error in the localization of the
masked signal was determined for each of the above positions in the case with
masking and that without masking. It follows from the measurements taken
that a distinet decrease in the error committed occurs for the direction corres-
ponding to the position of the masking signal. In a direct neighbourhood of the
masking direction the error increases, since, according to the investigations of
HaAAs [8], the persons examined indicate the presence of a signal half-way bet-
ween the masking loudspeaker and the masked one. For the other directions
the effect of the masking signal is less distinet, and the directional properties
of hearing determine the resultant behaviour of the characteristic.

Since for both the described and other cases the mean values of error com-
mitted, ealeulated for each of the five positions of the masking loudspeaker,
did not show any statistically significant difference between one another (at
a significance level a = 0.01), these values were used in the determination of
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the error committed in the localization of signals with- bandwidth equal or nar-
rower than the bandwidth of the masking signal. Fig. 11a shows the results of
measurements in the case when the noise of octave width with a midfrequency
of 2000 Hz (the area dashed diagonally) masked noise signals at the same fre-
quency and the widths of octave, 4 octave, and tone; Fig. 11b refers to a similar
case when broadband noise masked (the area dashed diagonally) the broadband
noise and for the noise of the widths of octave,  octave and tone at frequencies
500, 2000 and 8000 Hz. It can be seen from Fig. 11 that the increase in the mean
value of the error committed Ay (defined as the difference in the error between
the case with masking and that without) are the greater the lower the informa-
tion eontent of the masked signal.

4.2.3 The effect of the information content of a signal. The previous experi-
ments used sound signals in the form of continuous tones or noise in 1 octave
bands or octave bands, i.e. signals with relatively low information content,
which occur rather rarely in practice. In order to define the effect of the content
in terms of a warning signal in the sueccessive experiments (whose results are
shown in Fig. 12), artificial signals with increasingly large information content
were used. These were the sounds at a fundamental (or centre) frequency f =
= 1000 Hz; namely: a continuous tone (@), an interrupted tone (b), a vibrating
tone (¢), white noise in a 4 octave band (¢), white noise in an octave band (f),
and a fragment of symphonic music (g), also in an octave band. In view of the
possibility of using information signals for the blind, for the sake of comparison
with the above sounds, the recordings of the three natural signals were used:
stick tapping (h), steps (¢) and hand clapping (j).

It can be seen from Fig. 12a that the value of the error of the localization
of the position of the source of a given signal decreases with increasing informa-
tion content of this signal. A comparison of artificial signals with natural ones
shows that the error greater than about 10° was committed when the following
tones were used: interrupted, continuous and vibrating ones. The error of more
than 7° was committed for noise 7-9° for natural signals and 4.5-6.5° for filtered
music. It follows from this comparison that application by the blind of natural
signals; stick tapping, steps, and hand clapping, was in terms of efficiency in the
orientation in space, similar to noise in 4 octave and octave bands, but worse
than that of filtered music. From this point of view the application of the con-
tinuous, interrupted tones and vibrating ones permitting the field orientation
in space should be considered to be hardly sufficient, and signals with la-
rger information content should be used for this purpose.

In order to answer the question as to which kind of sounds has from this
point of view the optimum properties, a series of measurements were taken in the
~manner described above (cf, Fig. 12b), using a continuous tone (&), interrupted
noise in an octave band (4), music in an octave band (k) and a short'verbal utte-
rance (1), masked by a signal of the same level as that of a given signal to be
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localized. It can be seen from Fig. 12b that the least error was committed in the
localization of the verbal utterance.
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Fig. 12. The effect of the information content on the value of the error y committed: a) with-
out masking, b) with masking. The following signals were used in the investigations
artificial signals: @ — continuous tone, b — interrupted tone, ¢ — vibrating tone, d — interrupted octave noise,
e — 1/3 octave noise, f — octave noise, ¢ — octave music; natural signals: h — stick tapping, ¢ — steps, j —
hand clapping, k¥ — verbal utterance

5. Conclusions

In the case when it is difficult or impossible to use sight, a dominating role
in the human orientation in the surrouding space is played by the audible aco-
ustic signal. Two groups of phenomena based on slightly different mechanisms
should be distinguished here, i.e., the perception and estimation of the distance
from the sound source or the barrier, and the perception and localization of the
direction of the sound source or barier in this space.
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The results of the investigation of the former group of phenomena were dis-
cussed in reference [9]. On the basis of these investigations it was found among
other things that the Weber-Fechner law is satisfied for the relation between
the threshold perception distance and the area of the barrier, while in the free
acoustic field the estimation of this distance is determined by information re-
c¢eived by one ear.

The results of the present investigations concern the latter of the groups
mentioned here, particularly the human localization of the direction of the sound
signal-sources in the environment. The following conclusions can be drawn
from these investigations.

The determination of the direction of acoustlc signals is based on binaural
reception of these signals (Figs. 1 and 5b).

The directional characteristic of the error in the localization of these signals
is symmetrical with respect to the central plane of the head (Fig. ba), while
the highest values of the error occur in the range 11.00-4500 Hz at the back of
the head (Fig. 7). This symmetry is disturbed by covering one ear (Fig. 5b) or po-
sitioning the person examined diagonally with respect to the walls of the room
with low acoustic absorption.

The efficiency of the localization of signals over the frequency range below
about 1500 Hz is dominated by the external auditory canal (Fig. 7), while it is
affected by the pinna for signals over the frequency range of above 2000 Hz,
approximately.

A dominating role in the localization of the direction of a signal localized is
played by beams of sound waves reaching the receiver directly from the source
of this signal (Fig. 9). For distances between the source of a signal and the re-
ceiver that are longer than the boundary distance of the room what is most
important is the period when the reflected sound waves have not yet reached
the receiver’s ears, i.e."at the moment of switching in the signal (Fig. 9). In the
case the error committed can be minimized by using interrupted signals and tho-
se signals whose source lies nearer and for which theg surfaces reflecting the sounds
are further away from where they are received.

In the acoustic field conditions close to free space the localization of the source
of the masking signal had little significant effect on the mean value of the error
in the localization of the source of the signal masked. This effect is found, ho-
wever, when the ratio between the information content of the signal masked
and that of the masking signal was changed. The higher the ratio was in a given
case the higher the error committed (Fig. 10).

Since the optimum conditions of localization of acoustic signals were achie-

___ved when the source of these signals was in front of the person examined (Fig. 7),

the value of the level of these signals varied over the range 55-80 dB (Fig. 10),
their frequency (for a = 45-315°) over the ranges 250-750 and 1500-3000 Hz
(Figs. 6 and 7), and the lowest error was commited in the localization of a verbal
utterance (Fig. 12), therefore on this basis it can be generally stated that the
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arrangement and structure of the human hearing organ are well formed and fitted
for the reception of information reaching the listener from the front in the form
of natural signals, primarily for oral human intercommunication.
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APPROXIMATE METHODS FOR THE SOLUTION OF THE EQUATION OF ACOUSTIC
WAVE PROPAGATION IN HORNS
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(33-310 Rzeszdéw, ul. Rejtana 16 A)

In practice, there are acoustic horns designed for which the equation of
wave propagation has no exact solution of compact form. The need, therefore,
arises for approximate solutions. to be used. Accordingly, this investigation
sought optimum methods for an approximate solution of the wave equation
of a horn. It was assumed that the optimum method should combine the re-
quirement of relatively little time-consuming ecalculation and the possibility
of physical interpretation of the approximate formulae obtained. It was found
that the WKB approximation which is recommended in the literature and has
been taken directly from quantum mechanics, in general does not satisfy these
requirements, and in addition it cannot be used at all in some cases. Therefore,
another two approximate methods were developed and their properties analyzed.

1. Introduction

Acoustic wave propagation in horns is described by the well-known Webster
equation derived under the assumption of the existence of a plane, harmonic
wave that propagates without energy losess [5-9, 11, 15]. This equation, writ-
ten in the so-called reduced form [1] using the dimensionless variables, is

da:r
da?

+ [ =VulF =0, (1)

where F is a function defined by the sound pressure p and the cross-section area
of the horn § by the formula [12];

P = pV8, (2)
and a is the so-called dimensionless abscissa. When the axis of abscissae is the
geometrical axis of the horn, a can be expressed by the formula [12]

W=y (3)

©
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where #, is the coefficient of the divergence of the walls of the horn. The quantity
p is dimensionless frequency defined as the quotient of the absolute frequency
and of a constant fo [4]

S &
T
and f, = ¢/2mx,, where ¢ is the adiabatic wave propagation velocity. The func-

tion V ,, depends on the geometry of the horn and can be given by the so-called
dimensionless cross-section radius of the horn g by the formula

1 ae
¥n e

(@) ”E'&E??

. .
= = 6
e ]/ s, ’ (6)
where 8§, is the cross-section area at the in tlet of the horn.
The solution of equation (1) can be presented in the form [12]
F = Aeoxp+?, . “AD

where i is an imaginary unit and 4 and © are functions of the variable a satisfying
the equations [11, 12]

= (4

(5)

and e can be defined as [12]

e

BVt gy, (8)

A
24 o
= +F = 0. : (9)

The dashes in formulae (8) and (9) denote differentiation with respect to the
dimensionless abscissa a.

As a final result of considerations based on the reduced form of the Webster
equation (1) a general formula for the relative unit admittance of the horn g
can be derived [12]

' ﬁz;_”._(
M

F' 9‘
I 0 :

The horns most often considered in the literature were those for which the
exact solution of equations (8) and (9) could be achieved. When these equations
were to be solved in an approximate manner, however, the approximation known
in quantum mechanics was recommended, particulary the WKB (Wentzel, Kra-
mers, Brillouin) method [1, 3, 9, 10]. This resulted from the formal similarity
of equation (1) to the onedimensional Schrodinger equation independent of time.

(10)
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However, the approximate methods used so far in the theory of horns for
the solution of equation (1) most often lead to rather tedious calculations possi-
ble only when a computer was used and gave so complex approximate formulae
that they were hardly useful in physical interpretation. The aim of the present
investigation was to find more optimum approximate methods which eombine
little time-consuming calcul'ations with the requirements of physical interpre-
tation of expressions derived.

2. Discussion of the range of applicability of the WKB method in the theory of horns

The conditions and the range of applicability of the WKB approximation
in the theory of horns have to be analysed for two reasons. Firstly, as was men-
tioned in section 1, the WKB method is recommended for approximate solution
of the Webster equation in almost every paper on those horns for which the
wave equation has no exact solution [1, 3, 9, 10]. Secondly, in the present paper
this method will be a starting point for development of more optimum appro-
ximation methods.

In the WKB approximation t‘.he apprommate solution of equation (1) has the
form of (7), and A must be a slowly variable function of a. The requirement
of slow variation of 4 ,, permits the assumption that A" ~ 0, and accordingly
equation (8) can be simplified to the form

01 — K1, (11)
where the quantity K2 depends on the frequency and the geometry of the horn
K=y — V. (12)
It follows from (11) that
= [ Kda, (13)

%
where the variation range of the integration limits is restricted by the length

of the horn.
Moreover, equation (9) can be integrated directly, thus giving

A0’ = O, ~4{1d)

where the constant C is independent of a and can be only a function of the di-
mensionless frequency u.
Consideration of relation (11) in (14) gives

A——O— 15
R o
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Expression (15) shows that the requirement of slow variation of 4, is clo-
sely related to the requirement of slow variation of K ,. Thus, according to the
definition of K (cf. formula (12)) it can be stated that the WKB method can be
used at those frequencies and for horns of such geometry for which K, is
a slowly variable funection.

In the case when K2 > 0, from (7), (13) and (15) the solution of the wave
equation (1) can be written for the slowly var1able function K ,, in the form

7 =—-: ( fma) —_exp(—a dea) (16)

In the case, however, when Kn < 0, K is imaginary and formula (16) takes
the form 5

F = %f:exp(u!a xdd) +Vx exp( %fxda), (17)
where .
T (18)

After conversion it can be stated that a differential equation of the second
order satisfied exactly by the solutions of (16) and (17) has the form
KI 2 1 KIJ'
FIJ 2 STl R 5
T [K F ( K ) STV
Comparison of (19) with (1) (with consideration of formula (12)) shows that
the equation satisfied exactly by the approximate solution is different from the
reduced wave equation of a horn by the term
g 3 (K’ )“‘ 1K
YRR ST
and this term is subtracted from K2 This discovery suggests the subsequent
approximation in which 4 should be included as a correction, and that equation
(11) should have the following form

’ e ql/2
e [K*—}- d(K )2 —];K ] . (21)

]F i (19)

(20)

K 2 K

This leads, however, to considerable complexity of the subsequent formulae.

Expressions (16) and (17) can permit good approximation, however, when
the quantity 4 is small compared to K2. This remark permits quantitative for-
mulation of the application condition of the WKB approximation

3 Klz 1Kff
IV E) 2 X

<1. (22)
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On the basis of the foregoing argument in can be stated that in the case
of a horn (or a family of horns) of specific shape the usefulness of the WKB
method should be determined by the analysis of the function K, comple-
mented by examination of condition (22). When this analysis shows that the
function K, does not satisfy the requirement of slow variation, the WKB
method is inefficient, even when using very time-consuming approximations
(cf. formula (21)). Accordingly, the next section will give another method for
approximate solution of the wave equation (1), which can be used successtully
in this case, and which to the authors’ knowledge has not been used to date.

3. A method of linear approximation of the function V

It follows from formula (12) that the function K , for a given frequency u,
is determined by the function V , containing information about the geometry
of the horn (cf. formulae (5) and (6)). The approach proposed in this section,
consists in approximation of the function V, by a broken line. In this case
the horn is considered to be a multi-element one, where each element corres-
ponds to one section of the broken line. The number of sections depends on the
desired accuracy of approximation. It is interesting to note here that for horns
used in practice the function V,, behaves so regularly that the desired accuracy
of approximation can be achieved for a small number of sections of the broken
line.

Let us assume, as an example, that the funection V , has the form as in Fig. 1
and was approximated by a broken line of » sections, where n =1, 2, 3, ..., N.

Viard

2 Ty=0y 29

R e e ot s ¢ e 7 e ¢ e

0 a;

Fig. 1. The approximation of the function ¥ by a broken line consisting of N sections

I
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One can consider the section corresponding to an arbitrary nth section of the
horn contained between the points e, , and a,. The function V , can be appro-
ximated over this section by a linear function of the form

Voo Kttty : (23)

e U

where ¢, is the coefficient of directivity of the line. It can be given by the for-
mula
6 = JonpVey (24)
a, —a, 1,
After consideration of (23) the reduced wave equation (1) for a € [a,_,, a,]
takes the form :

P +[p2 =V _,+0alF =0. (25)
Introduction of the abbreviation
SEL
b, = i ) (26)
s ¢

n

permits equat}on (25) to be written in the following form
F' e, (a+b)F =0, (27)

One can first consider the case u? > Via,_ps i-e. when the quantity b, is po-
sitive. In this case equation (27) can by way of successive transformations be
. reduced to the form of a Bessel equation. -
After the ingertion

¢ =, (a+b,), (28)
equation (27) takes the form
da:r
B 0.
g HEF =0 (29)
After introduction into equation (29) of :
P =§ly : (30)
and '
2
% = EE”’, - (31)

equation (29) can be transformed into a Bessel fu,nctmn of the standard form

a1 d'v 1
—— = . 2
du? 2 u du +[ (3u)_’]v- : (32)
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The solution of this equation is Bessel functions of order % [4, 7]
b AﬂJ§(u> : BnJ-’-étu)’ (83)

where A, and B, are constants.
Consideration of formulae (30), (31) and (33) gives

F = f"zlﬁnJﬁ(ﬂﬁw) +B,J _ &(%53"2)] : (34)

It can now be demonstrated that the solution of (34) for-b, > 0 can also be
obtained for &, < 0. ; !

It follows from formula (28) that when [b,| < ¢ we have &> 0 despite
a negative b, and the foregoing argument (formulae (28)-(34) are still valid).

When, however, |b,| > a, & is negative and equation (29) takes the form

a:r
as?

In this case, without changing (30) a substitution different from that in (30)
must be used

—¢F = 0. (35)

w= i |gP, (36)

This substitution permits (35) to be rewritten in the form of (32), and the
expression of F takes a form analogous to formula (34)

F = 51’2[AnJ§(~45«1513’2) +B"J—%(—i§|513"2)] : (37)

On the basis of the foregoing analysis it can be stated that the linearization
of the function ¥ ,, permits the wave equation (1) to be transformed to the form
of a Bessel equation (32) and thus the function F can be given by the known
tabulated Bessel functions [4, 7].

Subsequently, using relations (28), (31) and (34) in the general relation (10)
a formula can be derived for the admittance* of the nth element of the horn
considered for &> 0. After transformations in which the recursive formulae
for derivatives of cylindrical functions need be included [7], it can be stated
that the expression for the unitary relative admittance of the nth element of
the horn for & > 0 has the form :

i Vﬁn(a+bﬂ) [J,_ﬁtﬁ_DnJ&(m] S Q' (38)
i J%m} +D ﬂJ—%tu) . @ '

ﬁﬂ:

* The notion of admittance is used here instead of impedance, since this permits simpler
mathematical expressions and from the point of view of the final results both notiorns can be
used equally well.
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The constant D, = B, [A, which occurs in formula (38) can be determined
from the boundary condition at the outlet of the nth element

Ala bV el b ol
—— n\ “%n n mgt(un) n %m,ﬁ € @y

i ——"t = Re(f,, )+Jm(ﬂn )y (39)
7 J%mﬂ) -{-—DRJ_%‘,HR) Oa, On+1 on+1/9

where, from (28) and (31),
b T e s el
uﬂ e ‘éﬁl/cn(aw,‘_'_bn)s! (40)

and f,  is the inlet admittance of the (n+1)th element of the horn.

The admittance of the other elements of the horn can be represented similarly
as for the nth elements, e.g. the inlet acoustic admittance of the whole horn
can be given by the formula for the inlet acoustic admittance of the first ele-
ment

G Vo |9 _gup = Do o) _( &') l’ an
* J%tuoﬁ +D1J-—%<uom ¢ /a=n
where, from (28) and (31)
R
wo = g Vol (42)

In practice B, is calculated in several stages, from the outlet to the inlet.
First the inlet admittance of the end element must be determined, considering
it as the load of the outlet of the previous element. Subsequently the inlet admit-
tance of this element ete. must be calculated.

Now the case when & = 0 (¥ = 0) will be considered. It follows from for-
mula (28) that this case occurs when b, is negative and satisfies the equation

@ = [b,|. (43)

. After expansion of the functions J joo and J _ $aw into series [7] and trans-

formations, formula (38) within the limits for # = 0 takes the form

| eearr(3)
AL = g (44)
u DRP(%) 0 |

where I' is an Euler function [2, 4].
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When (a-b,) in formula (28) is negative the case & < 0 occurs. In this case
expresgion (36) must be inserted into formula (38) instead of % and it must be

considered that Ve,(a-+b,) is an imaginary number. This gives

8 zi _ﬂ/cnla+T"|[J*‘g‘(“'iﬁ‘[ﬂs!zld_*D"J%(—’&[ﬂa/z)] “&gi (45)
n U J%‘(“%I*‘l”)+D”J”§(“§|5|m -l

The approximation in the present section leads as a rule to considerable
simplification of caleulations, compared to the WKB approximation, since it
permits the admittance of a horn (i.e. also its impedance) to be determined from
the known tabulated Bessel functions [4]. In addition, when compared with
the WKB method it has the essential advantage that it can be used in the case
when K, is not slowly variable.

4. Approximation of the zeroth order

Approximation of the zeroth order can be used practically in estimation
of the properties of horns when high accuracy is not necessary. It is assumed
in this approximation that A = const. It follows then from equation (9) that @’
must be constant, and thus @ is a linear function of a.

At the same time, in view of that from equation (8) 4 is constant, the appli-
cation of definition (12) gives 3

0'? = K2 = congt. (46)

Thus K must take a constant value independent of «. This value will be
given below as K.

It can be suggested that K should be defined as the square root of the mean
value of the function K}, in the interval [0, ;] eorrespondmg to the length
of the horn. This gives

i i ale :
& i [—— f K’da] ; (47)
a; ",
It follows from (46) that knowing K the phase @ can be calculated
0 = Ka. (48)

Thus, solution (7) of the reduced wave equation (1) will in this approxima-
tion have the form :

F = A exp(iKa) 4 Azexp(—iKa), (49)

where the first term of the sum in formula (49) corresponds to the wave tra-
velling from the inlet to the outlet of the horn, while the second term corres-
ponds to the reflected wave.

5 — Archives of Acoustics 3/81
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It can be noted that when K2 < 0 formula (49) takes the form
_ F = Ajexp(ja)+A4,exp(—7Fa), (50)
where
E = —iz. (51)

The present section can be concluded with formulae for the admittance of the
horn in the zeroth approximation. Formulae (49) and (50) in the general form
of (10) can be used for this purpose. The present consideration is limited to the
most frequent case when the wave reflected from the outlet of the horn is ne-
glected. This is the case of the so-called horn of infinite length [5, 8, 12, 15].
Accordingly the second term of the sum can be neglected in formulae (49) and (50)
and the formula for admittance, (10), takes for K2 > ¢ the form

e o
e oL (52)
Iad s e
In turn, for K2< 0
—ig i
=" 2 -2, (53)
Iz b e
and for the boundary case K2 = 0
T: !
p=—2-, . (54)
B oo _

The formulae obtained for the admittance have a similar form to the rela-
tions used generally in the literature for waveguides of a constant value of K
[8, 9, 12]. It follows therefore that the approximation given in this section lies
essentially in the substitution for a horn for which K is a function of position,
by a hypothetical horn of a constant, i.e. averaged, value of K. This procedure
can give satisfactory results only when the properties of the horn as a whole
are of interest. This is the most frequent case in practice where as a rule only
the frequency response of the inlet impedance of a horn is analysed. However,
the application of the approximation of the zeroth order for study of phenomena
occurring inside a waveguide is in the authors’ opinion a useless attempt.

5. A numerical example

The object of calculations illustrating as an example the results of the fo-
regoing considerations was a horn of catenoidal profile and annular cross-section
whose area is defined by the formule

8, = §,cosha. (65)
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Considerations in [13, 14] showed that the wave equation for a horn of this
geometry has no exact solution in a compact form. An analysis of the usefulness
of the WKB approximation, made according to section 2 shows that the funec-
tion K, cannot be considered as slowly variable, while the coefficient y (cf.
formula (22)) reaches the value of several score percent. In this case the appro-
ximate methods proposed in the present paper were used. Fig. 2 shows the re-
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Fig. 2. The real part of the relative unit inlet admittance of a catenoidal horn of annular

eross-section
— — — — the approximation of the zeroth order, the approximation of the function Va by a broken line

sults caleulated for the real part of the inlet admittance of the horn type under
consideration, with the dimensions: the width of the inlet ring — 1.5-10-3 m,
the length — 15-10-2 m, the diameter of the outlet — 2-10- m.

The calculations were made with neglecting the effect of the wave reflected
from the outlet. The continuous line in Fig. 2 shows the results obtained when
the method of linear approximation of the funection V. Was used, while the
dashed line represents the calculations in the approximation of the zeroth order.
It can be seen that in the case of the horn under consideration the approximation
of the zeroth order gives satisfactory results, compared with the much more
exact approximation by the linearization of the function V. since the devia-
tion does not exceed 15 percent.

6. Conclusions

The WKB approximation recommended in the acoustical literature for
approximate solution of the equation of wave propagation in horns [1,-3,.9, 107,
can be used above all for qualitative analysis of the transmission properties
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of horns in the cut-off frequency region. Its use in numerical caleulations is,
however, limited, since it cannot be applied in the case of horns for which K ,
does not satisfy the requirement of slow variation. In addition, even in its appli-
cability range, the WKB method may give very complicated formulae preven-
ting their physical interpretation and good for computer calculations only.

When compared with the WKB method, the approximation proposed in the
present paper, which consists in approximation of the function V,, by a broken
line, has the essential advantage that it can also be used in the case when K,
is not slowly wvariable. In addition this approximation tends to be less time-
consuming and more exact than the WKB method.

The approximation of the zeroth order can find increasingly wide applica-
tion in practice, above all due to the simplicity of calculations. It follows from
the numerical example given above that in some cases this approximation is
little worse in terms of accuracy than the more time-consuming approximation
consisting in substitution of a broken line for V ,. The essential fault of the ze-
roth order approximation, which is the lack of the possibility of analysis of
phenomena oceuring inside the horn, is from the practical point of view not
very essential, since it is particularly the inlet impendance of the waveguide
as a whole that is of interest in the calculations of acoustic systems.
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AN ULTRASONIC C.W. DOPPLER METHOD OF MEASUREMENT OF THE BLOOD FLOW
VELOCITY

T. POWALOWSKI

The Institute of Fundamental Technological Research
(00-0490 Warszawa, ul. Swietokrzyska 21)

This paper presents an analysis of factors affecting the results of measu-
rement of the blood flow velocity by the ultrasonic continuous wave (C.W.)
Doppler method. For the parabolic flow velocity profile the effect on the spectrum
of a Doppler signal of such factors as the ratio of the width of the ultrasonic
bheam to the inner diameter of the blood vessel and the coincidence of the trans-
mitted ultrasonic beam with the one received inside the blood vessel, was ana-
lyzed. To that end, two variants of the position of the transmitting transducer
and the transducer receiving the ultrasonic wave, with respect to the blood
vessel were considered. In the first variant the point of intersection of axes
of the transmitted ultrasonic beam and of the received from the flowing blood,
was outside the blood vessel. In the second variant the axes of the ultrasonic
beams intersected with each other in the middle of the blood vessel, on its axis.
On the basis of analysis of the spectra of a Doppler gignal the value of the factor
of proportionality between the frequency of zero-crossings of the amplitude
of the Doppler signal, measured by a Doppler flowmeter, and the mean Doppler
frequency corresponding to the mean blood flow velocity in the blood vessel,
was determined. This factor is the basis for quantitative estimation of the blood
flow velocity from the Doppler frequency measured by the flowmeter.

1: Introductio-n

Of the currently used ultrasonic Doppler methods of measurement of blood
flow the C.W. method was historically the first to find wide application in diag-
nostics of diseases of the human circulation system. It permits noninvasive
measurement of the mean blood flow velocity in the cross-section of the blood
vessel. Information about the blood flow velocity is contained in the Doppler
frequency measured by the measuring apparatus, which is the difference between
the frequency of the transmitted continuous wave and its frequency received
from the flowing blood.
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The previous investigations of the blood flow velocity by the ultrasonic ¢.W.
method were mainly qualitative and consisted in registering variations in the
blood flow velocity during the cardiac eycle. This resulted from the lack of suf-
ficient information about the quantitative relation between the measured
-Doppler frequency and the real mean blood flow velocity.

This paper presents a detailed analysis of factors affecting the results of mea-
surement of the blood flow velocity by the ultrasonic C.W. Doppler method
and attempts to determine the quantitative relation between the measured
Doppler frequency and the mean blood flow velocity in the cross-section of the
blood vessel.

2. The principle of measurement of the blood flow velocity

The general principle of measurement of the blood flow velocity by the ultra-
sonic O.W. Doppler method is shown in Fig. 1. A piezoelectric transmitting
transducer excited to vibration by a high-frequency electric signal trans-

™

fq
N w - DA = MC

fa fatfq

Fn Fo =

: .
A== i
: : g (_r} analogue
2 5; ) velocity
signal

Fig. 1. A schematic diagram of the system for measuring the blood flow velocity by the 0.17.
method

N — the transmitter, Py — the piezoelectric transmitting transducer, P — the piezoelectric receiving transducer,

W — the high-frequency amplifier, D4 — the amplitude detector, MC - the frequency meter, P — the fre-

quency-to-voltage converter, f, — the transmitted frequency, fo — the Doppler frequency, v(r) — the velocity

of blood cells in the cross-section of the vessel, 6y , , — the angles between the transmitted and received waves
with respect to the axis of the vessel

mits a continuous ultrasonic wave towards the blood vessel. The ultrasonic
wave scattered by flowing blood cells contains the spectrum of the Doppler
frequencies f;. The individual components of the Doppler spectrum are pro-
portional to the velocity of blood cells flowing in the field of the transmitted
ultrasonic beam, according to the relation

(1)

¢

fd e :Efn

(cosl, +cosb,), (1)
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where ¢ — the ultrasonic wave propagation velocity in blood, f, — the fre-
quency of the transmitted ultrasonic wave, »(r) — the velocity of blood cells
in the cross-section of the blood vessel at the distance » from its axis, 6, — the
angle between the direction of the transmitted ultrasonic beam and the blood
vessel, 6, — the angle between the direction of the received ultrasonic beam
and the blood vessel.

The Doppler frequency f; is positive when blood cells approach the trans-
mitting and receiving transducers in the ultrasonic head, and it is negative
when they flow away from the transducers.

According to formula (1) the mean Doppler frequency f, deseribed by the -

following relation, corresponds to the mean blood flow velocity in the blood
vessel of cylindrical cross-section

: R
L[ttt £, @

Jo = i ¢

where R is the inner radius of the blood wvessel.

In ultrasonic Doppler flowmeters the ultrasonic wave received from the flo-
wing blood is transformed into an electric signal which after amplification
is detected in terms of amplitude. In order to obfain information about the
mean blood flow velocity the technique of measurement of the frequency of
a Doppler signal by the method of zero-crossing is generally used. The mean
frequency f,, of the positive zero crossings of the amplitude of the Doppler
signal depends on the power density spectrum S(f) of the Doppler signal and is
proportional to the mean velocity v, of blood flow in the cross-section of the

blood vessel, according to the relation >
szc
g et f.(cos B, +cos ;) ’ (3a)
where
o0 1/2
[ f8(f)af :
fzc 2 %‘ 3 (3b)
Df S(f)df

The proportionality factor @ in formula (3a) describes the relation between
the Doppler frequency f,, measured by the method of zero-crossing and the mean
Doppler frequency calculated from formula (2).

The frequency of the Doppler signal measured by the method of zero-cros-
sing is transformed in the receiver of the measuring apparatus into a voltage
signal whose amplitude u, is proportional to the measured mean blood flow ve-
locity v,, according to the relation

ab Gl
e A A 4
1 7 f.(cosB, +cosay) ’ .
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where # — the constant of transformation of the measured Doppler frequency
into voltage, b — a coefficient describing the relation between the measured
frequency and the real frequency of zero-crossing of the amplitude of the Doppler
signal. :

The term abe/nf, in formula (4) describes the general form of the calibration
coefficient of the Doppler flowmeter for a given angle at which the ultrasonic -
wave is transmitted and received with respect to the blood vessel. The para-
meters in the term, such as the ultrasonic wave velocity in blood ¢ [10] the fre-
quency of the transmitted ultrasonic wave f, and the constant of transformation
of the measured Doppler frequency into voltage 7 are known and given by the
manufacturers of ultrasonic Doppler measuring apparatus. The value of the
coefficient b in formula (4) is connected with the magnitude of the error oceuring
in measurement of the frequency of zero-crossing of the amplitude of a Doppler
signal. The main causes of this error are: noise accompanying the Doppler signal
and filtration of low-frequency components from the spectrum of the Doppler
signal. This filtration is necessary so that components from pulsating walls
of the blood vessel can be eliminated from the Doppler signal. The error in mea-
surement of the Doppler frequency caused by the above factors is lower than
5 percent when the power ratio of the Doppler signal to noise is larger than 30 dB
and when the maximum frequency of the Doppler signal is larger by
the factor of ten than the lower frequency of the transmission band of
the Doppler signal amplifier in the receiver of the apparatus [3,4]. A detailed
analysis of errors occurring in measurement of the Doppler frequency by the
method of zero-crossing was presented in many papers [3-5], therefore, it will
not be considered here. Instead the object of the present analysis is the value
of the proportionality factor a between the mean Doppler frequency fs (see
formula (2)) and the frequency f,, of the positive zero crossing of the amplitude
of the Doppler signal (see formula (3b)).

In order to determine a quantitative value of the proportionality factor a,
it is necessary to amalyze the relation between the power density spectrum
of the Doppler signal and the blood flow velocity profile in the blood vessel,
with consideration given to such factors as the ratio of the width of the ultra-
sonic beam to the inner diameter of the blood vessel and the geometrical orien-
tation of piezoelectric transducers of the ultrasonic probe with respect to the
blood vessel.

3. The power density spectrum of the Doppler signal

Amnalysis of the whole of phenomena occurring in measurement of the blood
flow velocity and affecting the spectrum of the Doppler signal is very compli-
cated. The power density spectrum of the Doppler signal depends on many fac-
tors such as the spatial distribution of the density of blood cells scattering the
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ultrasonic beam, the blood flow velocity profile in the blood vessel, the geome-
trical dimensions of the region common to the transmitted beam and the one
received inside the blood vessel, and the geometrical orientation of transducers
of the ultrasonic probe with respect to the blood vessel.

The spectral analysis presented in this paper concerns the measuring system
with two rectangular piezoelectric transducers of dimensions H x B placed
at the same side of the blood vessel. The transmitted and received ultrasonic
beams pass symmetrically through the middle of the blood vessel at the angles
0, and 6, with respect to its axis (Fig. 2a, b), respectively. The author will con-

a) b)

ﬁ/ {\\\ W
Fig. 2. The position of ultrasonic transducers with respect to the blood vessel

Ag — the region common to the transmitted ultrasonic beam and the one received inside the blood vessel, 0 — the
point of intersection of axes of the ultrasonic beams i

{5

o

gider here two variants of coincidence of the transmitted ultrasonic beam with
the one received inside the blood vessel. In the first variant (shown in Fig. 2a)
the point of intersection of axes of the ultrasonic beams is outside the wall
of the vessel at the distance & from the axis of the vessel, the dlstance being
defined by

Heos(6,+00)/2 _, _ Hsin(6,40,)/2 _

2co8(6,—0,)/2 ~  2sin(6,—0,)/2 ®)

In the second variant the point of intersection of axes of the ultrasonic beams
is on the axis of the vessel (Fig. 2b). In this case the followmg assumptions
were made

ool i B SR N (6a)
2Vsinf,sinf, B
and
0°< 6, < 6, < 90°, (6b)




292 T. POWALOWSKI

The spectrum of the Doppler signal will be analyzed for laminar, stationary
flow in a cylindrical vessel with rigid walls. The following simplifying assump-
tions were made:

1. the distribution of the acoustic pressure in the field of the ultrasonic beam
is uniform; |

2. the spatial density distribution of flowing blood cells is uniform;

3. the mean dimensions (measured in the direction of the blood flow) of the
region common to the ultrasonic transmitted beam and the one received inside
the blood vessel are much larger than the ultrasonic wavelength in blood.

The last assumption signifies that in the spectrum of the Doppler signal one
can neglect the components resulting from the finite transit time of blood cells
across the region common to the transmitted and received ultrasonic beams
[2-3]. The components which occur in the Doppler spectrum only depend on
the distribution of the blood flow velocity in the blood vessel. For laminar flow
with a parabolic velocity profile under consideration, the frequency of the Dop-
pler signal is assumed to have the following form, according to formula (1),

fa = famne |1 (5] ] T

where f;,. — the maximum Doppler frequency proportional to the maximum
blood flow velocity in the cross-section of the vessel, »r — the distance from the
axis of the vessel, R — the inner radius of the blood vessel.

- Assuming in accordance with REID’s papers [8] that scattering of the ultra-
sonic wave on flowing blood cells is of the first order, the power of the Doppler
signal is proportional to the density of blood cells flowing across the field of the
ultrasonic beam. Blood cells flowing at the distance  from the axis of the vessel
at the velocity », < v < » +dv dre sources of a Doppler signal whose power dN

can be expressed by the relation
Py

AN = agrdr [ U(r,p)dp, (8)

: Py(m
where a — the proportionality factor whose value depends among other things
on the intensity of the transmitted ultrasonic wave, p — the density of flowing
blood cells, , ¢ — the eylindrical coordinates describing the position of blood
cells in the cross-section of the vessel, I(r, ) — the length of the region common
to the transmitted and received ultrasonic beams in the direction of blood flow
(cf. Fig. 2a, b).

The integration limits in formula (8) are a function of the coordinate » and de-
pend on the ratio of the width B of the ultrasonic beam to the inner diameter
2R of the blood vessel (cf. Fig. 2a, b).

Differentiation of expression (7) with respect to » and consideration of the
results of differentiation in expression (8) give an expression of the distribution

. of the power density spectrum of the Doppler signal. For the measuring system
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shown in Fig. 2a where the point of intersection of the ultrasonic beams is outside
the blood vessel, the power density spectrum of the Doppler signal calculated
on the basis of expressions (7) nad (8) assumes the following form

ol csin ¢ for 0<f,<1—k®
Agra et U e 4 Sl i

S(fw) o T ]/1 _fw : U ’ (9)
w ‘ter T o1

where 8(f,) — the power density spectrum of the Doppler signal, f,, — the re-
lative frequency equal to the ratio of the current frequency f; to the maximum
frequency finax of the spectrum of the Doppler signal, & = B/2R — the ratio
of the width of the ultrasonic beam to the inner diameter of the blood vessel,
W — a constant determined in the following way

W nagH R? sin(6,—0,) [ Hsin(0,+0,)/2 1
" fimax Sin0,sin6, | 2sin(6,—0,)/2 -

(92)

Expression (9) is valid for f,, = 0. When any of the limits of the frequency
ranges does not satisfy this condition, this takes the zero value.

Fig. 3 shows spectra of the power density of the Doppler signal calculated
from formula (9) for the different ratios & of the width of the ultrasonic beam
to the inner diameter of the blood vessel. '

S(fy)

w-10

: /k=7
08 A :
k=075 / / /

06 /\/ -
k=05 /
Fig. 3. The spectra of the Dop- >/
/

pler signal for the parabolic blo- 04

od flow velocity profile-in the k=025 /
case when the point of intersec-
/

tion of axes of the ultrasonic 02
beams is outside the blood vessel T e
0

o

(cf. Fig. 2a)
k — the ratio of the width of the
ultrasonic beam to the inner diameter

of the blood vessel Q

b, 0.4 06 0.8 10 ¥

- For the measuring system shown in Fig. 2b where the point of intersection
of axes of the ultrasonic beams is on the axis of the blood vessel, the spectrum
‘.
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.of the power density of the Doppler signal calculated from formulae (7) and (8)
takes the form described by formula (10). This expression, as also expression (9),
is valid for f,> 0.

0 for 0<f,<1—k1+6%G?);
Wsin(6,—6,)
R e —arccos

{G[arcsinﬂ L ]+
78in 0, - Vi ~f, NIt

w

AR e
+ ;ic—v/:l — . — (kG —%} for 1 — k(1 +€2G?) < f, < 1 —(ek@)?,

Wsin (6, —

0 1]
- ) [Garc sin
msinf,

¥ief, ©. 0]
for 1 —(ek@) < f, <1—Fk*(1+e2E2),

8(1,) = 2—WE—{[sx.rcain——‘i‘;—ﬁ-{— —Aarceos s B
= I/]- _'fw ‘/1 —fw-

sin(6,—6,) ekE 1 i Y
2sin 6, [Garccos‘/l_fw—-;k— 1= = (okE) ]}
forl —k¥1+e2E?) < f, <1—FK?,
2W{ . ekE sin(e..-a,,)[ okE
——jaresin : Garccos -
™ Vi—jf, = 2&nb, Vi—f,
5 STy et S atea 36 A5
: —El/l—fw—(ekE)*]i for 1—-k2<f, <1—(ekE)?
W for 1—(ekE)?<f,<1,
where
= B L _11 _ cos(0,+6,)/2
TR B Ty "~ cos(,—0,)/2 ’
_ sin(0,+6,)/2 _ ampHR?
~ sin(6,—86,)/2 ’ Sl

Fig. 4 shows the power density spectrum of the Doppler signal calculated
from formula (10) for a measuring system with two square transducers for the
predetermined ratio k of the width of the ultrasonic beam to the inner diameter
of the vessel, of 0.75 and 0.25, respectively.

Fig. 5 shows the spectrum of the Doppler signal calculated from formulae
(9) and (10) and measured for the case when the point of intersection of axes
of the ultrasonic beams is outside the tube (Fig. 5a, b) and when the point of in-
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Fig. 4. The spectra of the Doppler signal calculated for the parabolic blood flow velocity
profile in the case of a measuring system with two square transducers and when the point

of intersection of axes of the ultrasonic beams is on the axis of the blood vessel (cf. Fig. 2b)
k — the ratio of the width of the ultrasonic beam to the inner diameter of the vessel, 8, 6, — the angles between
the transmitted and received ultrasonic beams and the axis of the vessel, ¥ — the angle between the transducers




206 T. POWALOWSEI

tersection of axes of the beams is in the middle of the tube, on its axis (Fig. 5e,
d). The measurement was taken for a stationary, laminar flow of a 0.019, sus-
pension of rice flour particles in a 20 % solution of glycerol in water. The ultra-
sonic probe consisted of two square transducers with a side of 4 mm. The ultra-
sonic beam was passed symmetrically throught the middle of a plexiglass tube of
the inner diameter of 19 mm, in which the investigated liquid was flowing. The

frequency of the transmitted ultrgsonic wave was 8.2 MHz. The measurements
were taken in the near field of the transducers.

a) b)
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Fig. 5. The calculated (a, ¢) and measured (b, d) spectra of Doppler signals for laminar flow
in the case when the point of intersection of axes of the transmitted and received ultrasonic
beams was outside the wall of the tube (a, b) and when the point of intersection of axes of the
ultrasonic beams was in the centre of the tube, on its axis (¢, d). The ratio k of the width of
the ultrasonic beam to the inner diameter of the tube was 0.21
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On the basis of the theoretical analysis made and the results obtained from inve-
stigation of the spectra of the Doppler signal, the following conclusions were drawn :
> (a) When the width of the ultrasonie beam is less than the inner diameter
of the vessel, the distribution of the power density spectrum of the Doppler
signal is affected by the ratio of the width of the ultrasonic beam to the inner
diameter of the vessel. This effect can be seen in the increase in the amplitude
of the spectrum over the higher frequency range. This increase is the greater
the smaller the width of the ultrasonic beam is, compared to the inner diameter
of the vessel (cf. Figs. 3 and 4). %
(b) .For the same ratio of the width of the ultrasonic beam to the inner dia-
meter of the vessel what additionally determines the distribution of the power
« density spectrum of the Doppler signal is the coincidence of the transmitted

ultrasonic beam with the one received inside the vessel. When the point of inter-
- section of axes of the beams is in the middle of the vessel, then the increase
in the amplitude of the spectrum in the direction of its maximum frequency is
greater than in the case when the point of intersection of axes of the beams is
outside the vessel (cf. Fig. 5). : :

4. The relation between the frequency of zero-crossing of the amplitude of the Doppler signal
and the frequency corresponding to the mean velocity of blood flow

The mean blood flow velocity in the cross-section of the blood vessel is defined
unambiguously by the mean Doppler frequency f, calculated from relation (2)
for the real profile of the blood flow velocity. The Doppler frequency f,, mea-
sured by the method of zero crogsing corresponds to the mean frequency f, by
way of the proportionality factor @ (cf. formulae (2) and (3)). The value of the
proportionality factor is not constant and depends on the blood flow velocity
profile, on the ratio of the width of the ultrasonic beam to the inner diameter of
the blood vessel and on the geometrical orientation of transducers with respect to
the blood vessel.

The numerical relation between the mean Doppler frequency f, and the fre-
quency f,, of the positive zero crossings of the amplitude of the Doppler signal
will be analyzed for stationary, laminar flow with a parabolic velocity profile.

For the measuring system shown in Fig. 2a where the point of intersection
of axes of the transmitted and received ultrasonic beams is outside the blood
vessel the proportionality factor e determined from relations (2), (3b) and (9)
takes the following form : §

3 iR 4 —1/2
/3 arcsink -+ Ifsl/l.—k2 [3.2 +(1+ 21?2) (15 k2 -—1)] ]

Vs i for k<1
a = % — 2 khl'OSiIlk%kl/l*“kz :
i;’_ for k> 1. (11)

6 — Archives of Acoustics 3/81
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where & — the ratio of the width of the ultrasonic beam to the inner diameter
of the blood vessel.

Fig. 6 shows the value of the proportionality factor caleulated from formula
(10) as a function of the ratio of the width of the ultrasonic beam to the inner
diameter of the blood vessel. Variation in the value of the factor a results from
variation in the distribution of the power density spectrum of the Doppler

ai

10

—————————— =rs g kS e 0
08 ; -

06 st Fig. 6. The factor a of propor-

-
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fi T L quency and the frequency of zero
04 ﬂi / >/ crossing of the Doppler signal for

the parabolic bleod flow veloecity
profile and a measuring system in
?'_ which the point of intersection of
02 : axes of the ultrasonic beams is
outside the vessel (cf. Fig. 2a)
k — the ratio of the width of the ul-

trasonic beam to the inner diameter
of the vessel

]

ultrasonic beam

0 YLy 0.6 0.8, N

signal for the individual values of the ratio k. As was shown above (cf. Fig. 3),
the spectrum of the Doppler signal does not depend on the width of the ultra-
sonic beam when this beam occupies the whole cross-section of the vessel. Hence
the value of the proportionality factor a is constant for the ratio &k > 1. How-
ever, when the ultrasonic beam is narrower than the diameter of the blood vessel,
then the amplitude of the Doppler spectrum increases in the direction of its ma-
ximum frequency with decreasing ratio & of the width of the ultrasonic beam to the
inner diameter of the vessel. This causes, in turn, an increase in the value of the
Doppler frequency f,, measured by the method of zero crossing for the constant
mean frequency f,. As a result the value of the factor of proportionality between
the mean frequency f, and the frequency f,, measured by the method of zero
crossing decreases with decreasing ratio &k of the width of the ultrasonic beam
to the inner diameter of the blood vessel.

The lack of the constant numerical relation between the mean frequency f,
and the measured frequency f,, makes difficult interpretation of the results
of measurement of blood flow in blood vessels with diameters larger than the
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width of the ultrasonic beam, since in this case the lack of information about
the real inner diameter of the blood vessel is an essential source of error in quan-
titative evaluation of the mean blood flow velocity on the basis of the Doppler
frequency measured by the zero crossing method.

One can now consider a case-when the point of intersection of axes of the
transmitted ultrasonic beam and the one received from the flowing blood is in-
side the blood vessel, on its axis (Fig. 2b). The proportionality factor a calculated
for this case takes, according to relations (2), (3) and (10), the following form

‘a = 0.6 %

 ;
,:Gn =k Alm = GL) ’|‘GL(EIm i Akm S Fk'm) i I’(Ekm— Bpp— ; Ukmn) i Gkn 5 Akmn +Rknl S
X

2L
Byn(1 —GL) + Dy +Brnn— = (m®—0?) + GLByy

1

for 0<k < —uw——, : 12
g V1+e2 @2 < o
a = 0.bx
On =F Akn(l = GL) R GL[Ekn + Gn +2(Am _Bm)]
e 4T 3L : e
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where ¢ = H|B — the ratio of sides of the transducer (cf. Fig. 2), ¥ — the ratio
of the width of the ultrasonic beam to the inner diameter of the blood vessel;
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Ay Bims Bion s Fion ave described by expressions A, , By, ; By, Fi,; respecti-
vely when the parameter n is replaced with the parameter m. The expressions
' given above (12a-f) take a very complicated form which®results from successive
transformations of relations (2), (3) and (10). The present investigation is the
first attempt in the world literature to solve this problem analytically and, the-
refore, it seems purposeful to present the whole form of the solution.

The proportionality factor a described by expressions (12a-f) depends on the
ratio k of the width of the ultrasonic beam to the inner diameter of the blood
vessel, and in addition on the ratio H /B of the width of the ultrasonic beam
along the blood vessel to its width across the vessel and on the angles 6, and 6,
at which the ultrasonic wave is transmitted and received with respect to the
blood vessel. Fig. 7 shows values of the factor & calculated from relations (12a-f)
for a measuring system with two square transducers placed at the angle y
= 170° with respect to each other.

1

y=170°

10 - | e - e i
i +
V3/2 for k=cos > 2 fcos °2 il
Fig. 7. The factor a of propor- . — |
tionality between the mean fre- 6,46,
quency and the frequency of zero g = 00¢
crossing of the Doppler signal for
the parabolic blood flow velocity 06
profile and a measuring system
with two square transducers, in
which the point of intersection 04 \
of axes of the ultrasonic beams \ 2]
is on the axis of the vessel (cf. 8o+ 6 _ 30° \&*_e_rizson
‘ Fig. 2b) 2 2
k — the ratio of the width of the ultras- 2
onic beam to the inner diameter of the
vessel ,0,, 0, — the angles between the
transmitted and received ultrasonic be-

ams and the axis of the vessel, y — the S
angle between the transducers 0 0.2 0.4 06 0.8 10 ;

5. Limitations of the ultrasonic C.WW. Doppler method in measurement of the absolute blood
¢ flow velocity

The ultrasonic O.W. Doppler method does not permit quantitative infor-
mation about the blood flow velocity profile to be obtained. In the case when
it is impossible to determine the profile analytically, then error can be committed
in calculation of the mean blood velocity v, on the basis of the Doppler fre-
quency measured by the method of zero-crossing (formula (3a)). This results
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from the fact that without quantitative information about the blood flow velo-
city profile it is impossible to determine the exact value of the factor of propor-
tionality a between the measured Doppler frequency and the mean frequency
[, corresponding to the mean blood flow in the cross-section of the blood vessel
(ef. formula (2)). Under the assumption that the mean blood flow velocity pro-
file during the cardiac cycle is contained between the parabolic and flat pro-
files, the mean- a, of the factor a can be calculated from the relation [6, 7]

2a :

where a is a factor for a parabolic profile.

Assuming the factor a, as the basis for calculating the mean blood flow velo-
city, the error which can result from the lack of information about the blood
flow profile is contained in the following interval

Vyp— 1V,

Vs

0< < (L—a,)+100%, e e

where v, — the mean blood flow Vglocity calculated from the measured Doppler
frequency, v, — the real mean blood flow velocity. The numerical value of this
error can be determined by calculation of the value of the factor a_from rela-
tions (11) — (13). For the measuring system where the point of intersection of
axes of the ultrasonic beams is outside the blood vessel (Fig. 2a), the error des-
cribed by expression (14) is less than 7.2 % when the ultrasonic beam occupies
the whole cross-section of the vessel.

An additional source of error in transcutaneous measurement of blood flow is
the lack of information about the inner diameter of the blood vessel. This is
mainly the case when the diameter of the blood vessel is greater than the
width of the ultrasonic beam, since then the calibration coefficient of a Doppler
flowmeter considerably changes its value, depending on the ratio k of the width
of the ultrasonic beam to the inner diameter of the blood vessel (cf. Figs. 6 and 7).

The error in measurement of the mean blood flow velocity, determined from
relations (11), (13) and (14) and resulting from the lack of information about
the blood flow velocity profile and the diameter of the blood vessel, is less than
159 for k > 0.5. From the point of view of diagnostics of the human circulation
system this error is negligible, however, since blood flow velocities in normal
and pathological cases are different by several times. The sources of error in mea-
surement of the blood flow velocity also include the factors affecting the accu-
racy of measurement of the Doppler frequency by the method of zero-crossing
(ef. section 2) and in addition the lack of information about the angle between
the ultrasonic beam and the blood vessel. The problem of measurement of this
angle was solved for peripheral vessels by application in the measurement of the
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blood velocity of an ultrasonic probe consisting of two independent pairs of trans-
mitting and receiving transducers placed at a known constant angle to each
other [1, 6, 7].

6. Conclusions

In summary of the foregoing considerations of the ultrasonic C.W. Doppler
method it should be stated that quantitative evaluation of the blood flow velo-
city by this method is very difficult and requires specification of conditions
of the measurement, which is not always possible. It follows therefore that the
technique of measurement of the Doppler frequency by the method of zero
crossing, used in ultrasonic flowmeters, does not give direct information about
the mean Doppler frequency proportional to the mean blood flow velocity in the
cross-gection of the vessel.

The sought information can be obtained from determination of the factor
a of proportionality between the frequencies mentioned above. The value of the
factor is not constant, however, and depends on such factors as the blood flow
veloeity in the blood velocity, the ratio of the width of the ultrasonie beam to
the inner diameter of the vessel and the possition of the transducers transmitting
and receiving the ultrasonic wave with respect to the blood vessel. The lack of
information about the above parameters is a source of error in quantitative
evaluation of the blood flow velocity on the basis of the Doppler frequency
measured by the method of zero crossings. This error is smallest when the mean
proportionality factor a, described in this paper is taken as the basis of calcula-
tion of the mean blood flow velocity and when the ultrasonic beam oceupies
the whole cross-section of the blood vessel. In such a case for a measuring system
in which the point of intersection of axes of the transmitted ultrasonic beam
and the one received from flowing blood is outside the blood vessel, the error
under consideration is less than 7.2 % when the blood flow velocity varies and ta-
kes shapes contained between parabolic and flat profiles.
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IN ALCOHOL-WATER SOLUTIONS*
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This paper deseribes a method for finding the hydration numbers of elec-
trolytes and non-electrolytes based on ultrasound velocity measurements in
a mixed ethanol-water solvent. The hydration numbers of sugars such as: glu-
cose, mannose, arabinose, xylose, saccharose and lactose were determined. Inter-
pretation of the results obtained on the basis of the theory of “specific hydra-
tion” for sugars was presented.

1. Introduction

Ultrasonic interferometry can be a useful instrument for investigation of the
hydration of substances in an aqueous environment. The advantage of this
particular method of hydration number determination is its great simplicity.
The first method of determining the hydration number using ultrasonic velocity
and density measurements was proposed by PASSYNSKY about forty years ago
[1, 2]. PASSYNSKY assumed that the decrease of solution compressibility is con-
neeted with the strong compression of water in an ionie field and that this dec-
rease of compressibility in solution is due to hydration. He found the following
expression for determining the hydration numbers of molecules in an aqueous
solution: '

100 —x M,
i =5 (1)
0

ny, = (L—Byp/By) ——

where fpand f are the isothermal coefficients of compressibility of the solution
and solvent respectively, « is the weight percentage of the solute, M, is the mole-
cular weight of the solvent and 3, is the molecular weight of the solute.

* The work deseribed in this paper was partly fma.nced by the U.8. Agricultural Dept.
under Public Law 480 agreement.
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All of the remaining methods using ultrasonic measurements for the deter-
mination of hydration numbers are based on this expression [3-8]. In deriving
this expression PASSYNSKY assumed that an ion, together with its hydration
shell, is incompressible. The other authors assumed ionic incompressibility, but
the compressibility of the water in the hydration shell they assumed to be equal
to the compressibility of free water. The incompressibility of an hydrated ion
can only be valid for small ions such as: Mg** and Li*. In the case of larger ions
the electric field of these ions interacting with water molecules changes widely
and the local compressibility of the water molecules in the hydration shells also
changes (0-4.5-107""N~' m?*) [9]. For molecules of non-electrolytes and macro-
molecules the situation is still more complicated because besides the necessity
of taking into consideration the compressibility of the water in the hydration
shell, the compressibility of the solute itself has to be considered also. It has
generally been believed that the small molecules of nonelectrolytes are incom-
pressible and the compressibility of the hydration water is equal to the com-
pressibility of normal ice [3, 4]. Thus, the hydration numbers of electrolytes
and nonelectrolytes obtained by different authors on the basis of different
assumptions cannot be relied upon because the possibility of experimental veri-
fication of these assumptions does not exist. For these reasons the method of
measurement of hydration numbers which was first proposed by YAsSUNAGA
at al. [10, 11] was used. This method gives valid results for electrolytes as well
as for non-electrolytes and macromolecules. Using this method the hydration
of the molecules can be determined by ultrasonic velocity measurements in
alcohol-water solutions. It is known that the dependence of the ultrasonic velo-
city as a function of alcohol concentration in water-aleohol mixtures is parabolic,
and the maximum is precisely defined for each temperature.

The addition of any given substance causes the maximum to shift in the di-
rection of smaller alecohol concentration. The difference between the abscissae
of the maxima of the curves obtained is caused by the molecules of the solute
bonding part of the water.

With this assumption we have

4, 4,

W, = Wi, = const, (2)

where 4, and W, are the amounts of aleohol and water corresponding to the
maximum for alcohol-water mixtures without solute, _;md A, and W, are the
amounts of alcohol and water at the maximum for aleohol-water solutions con-
taining a certain amount of solute. W, in this equation is the amount of water
bound to the solute.

In a previous paper [12] the hydration numbers of polyethylene glycols
of different moleeular weights were determined using the method deseribed
above. ;
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2. The structure of aleohol-water solutions

- The addition of small amount of a non-electrolyte to water causes stabili-
zation of the structure of the water [13, 14]. Stabilization of the structure of
water implies effects connected with the passage of non-electrolyte molecules
into the cages of this structure. According to DANFORD and LEVY [15] the struc-
ture of the water (particularly its short-range order) ought to be considered
as a defective ice structure with partly filled cages. In the structure of ice every
cage is surrounded by six water molecules. Thus every molecule neighbours
with three cages and the number of cages in the structure of ice is equal to half
the number of molecules. In water some of the molecules form a skeleton of
cages and some fill up the cages. The presence of non-electrolyte molecules
in the cages leads to a decrease in the translational mobility of the water molecules
In effect it causes a decrease in the selfdiffusion coefficient of water, and change
of the kinetic and equilibrium properties of a solution. For alcohol solutions
an anomal dependence of some of the properties of the solution can be observed
within the concentration range of 0.03 to 0.2 mole fraction of alcohol [16-18].

@
3. Investigation in alcohol-water solutions using infra.red spectroscopy and ultrasonic
measurements

In Fig. 1 the results of measurements of ultrasonic velocity in aleohol-water
solutions at 25°C (curve I) and the shifts of the valence-deformation band of
water v; +vor with the maximum at 5180 em—* (curve 2) are presented. Measur-
ements of the ultrasonic velocity were performed using the “singaround” method
described below and the spectroscopic measurements were made using infra-red
spectrometer of high resolution Digilab produced by U.S.A.

As can be seen from Fig. 1 the ultrasonie velocity increses at first, reaches a
maximum at a concentration %, = 0.106 and then decreases. On the curve
of Avy,, as a funetion of alcohol concentration an increase in the shift of the
studied absorption band in the concentration range 0-0.1 k,, is observed,
and for the higher concentrations this shift is constant and independent of al-
cohol concentration up to k,, ~ 0.4 [19]. Previous infrared spectroscopic in-
vestigations [19, 20] showed that the stabilization of the structure of water by
non-electrolyte molecules is connected with an increase of the stability of the

hydrogen bonds between the water molecules. This effect is reflected in the shift .

of absorption bands in the direction of lower frequencies. The observed order
of water is due to the influence of non-polar groups of non-electrolyte molecules
on water; around the non-electrolyte molecules associated molecules of water
called non-polar group solvates appear. This type of solvation is defined as second
order solvation [21].
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Mathematical analysis of the shift of the absorption band at 5180 em™,
assuming a Gaussian character for the contour of this band, allowed the deter-
mination of the mean number of water molecules in the non-polar group sol-
vate. For ethyl alcohol it equals 6 +1 [19] and 7 4= 1 [20] at 20°C and it dee-
reases with inereasing temperature.

cIm/s]
1620
1600 — 7
—
&
o
5
1580 N
. o
— 20
L]
2
Oy O 0
- 10
| | |
0.1 02 km alc

Tig. 1. Ultrasonic velocity (I) and the shift of the valence-deformation band of absorption
of water with the maximum at 5180 em~—1! (2) versus kyo of alcohol for an ethanol-watef
gystem

It is known that the maxima on the ultrasonic velocity curves (minima on
the compressibilty curves) shift in the direction of lower concentrations with
increasing temperature. This is caused by a decrease in the “open-work” struc-
ture of water with increasing temperature. The number of empty cages (“holes™)
which can be occupied by alecohol molecules decreases and the amount of “free”
water molecules increases. Assuming that at 0°C all the water molecules occur
in an ice-like skeleton it can be presumed, with a high probability, that the con-
centration at which the ultrasonic velocity maximum at 0°C oceurs defines the
number of molecules surrounding the non-polar molecule. Due to the impossibi-
lity of defining this concentration at 0°C with satisfactory accuracy (the error
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of the velocity measurement ought not to exceed 2 em/s) ultrasound velocities
at higher temperatures were determined.

In Fig. 2 the results of our measurements in ethanol-water solutions in the
temperature range 5-35°C are presented. As can be seen in Fig. 2 the ultrasound

clm/sl]

1650 -
h-5%0
10°C
B h 75°C
= 20°C
= Q 25°C
1600 |- 0 30°C
3500

Fig. 2. Ultrasonic velocity versus Fkpo of =

alcohol in the temperature range 5-35°C for
the ethanol-water system T e R S L S el i (2 e
y 0 o1 km U’C

velocity maximum shifts in the direction of lower concentfrations of alcohol.
The number # (mole/mole) of water molecules per alcohol molecule were deter-
mined at the maximum points in the investigated temperature range and are
graphically presented in Fig. 3.

Extrapolating to a temperature of 0°C a value of n = 6.6 was obtained. The
results obtained are in good agreement with the results of infrared measurements.
Theoretically at 0°C » should be equal to 6 for a perfect ice crystal lattice of ice
(octahedral structure). However, due to the occurence of defects in the water
structure (Frenkl and Schoottky defects), the number of empty cages is less
and » > 6.
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Fig. 3. The numbers of water molecules per alcohol molecule as a function of temperature
at the point of maximum ulfrasonic velocity

4. Investigations of the hydration numbers of sugars in alcohol-water solutions

Apparatus. The condition for obtaining reproducible and authentic results
of measurements of hydration numbers from ultrasonic velocity measurements
is the precise determination of the maximum point.

In our previous paper [12] it was shown that in the case of not too highly
concentrated solutions (lower than 59%) the maximum point should be deter-
mined with an accuracy better than 0.2 ml of alcohol which corresponds to an
ultrasonic velocity change of 1-2 em/s. In order to perform the measurements
with such a high accuracy, the measurement system described below was used.
The block diagram of this system is shown in Fig. 4. Such a good accuracy in the
measurement of the relative values of the ultrasonic velocity was obtained with
a very sensitive ultrasonic velocity meter, with the construction of suitable
measuring vessels immersed in a thermostat, with thermostatic control with
an accuracy of 4+ 0.002°C. A digital velocity meter of the “sing around” type
SA 1000 developed by the Institute of Fundamental Technological Research,
Polish Academy of Sciences, Warsaw, was used for the ultrasonic velocity mea-
surements. The change of the last figure on the wave meter display gives, de-
pending on the measuring vessel used, a change in velocity of the order of 0.5-
1 em/s. A cylindrical measuring vessel of stainless steel which has a small
coefficient of expansion (50 mm diameter) was immersed at a constant level
in the thermostat. The termostat had a 25 dem?® capacity, double walls and was
powered and controlled by a temperature regulator of the type 650 and power
unit of the type 651 developed by UNIPAN, Warsaw. The regulator and the
power unit are part of a microcalorimeter produced by that firm. The regulator
and the power unit are automatically controlled by a resistance platinum sensor
of type 2100 s-3 wire-100ohm of English production. The temperature in the
measuring vessel was controlled by the same kind of resistance sensor with an
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accuracy of + 0.001°C. The thermostat was cooled by water from a second
thermostat in which the temperature of the thermostating water was 2-3°C
lower than the temperature of the water in the main thermostat. With the
aim of assuring the stability of the “sing-around” velocity meter, the wave-
meter and the regulator, the environmental temperature was held constant
(21 + 1°C).

A
SA <
T ? R
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= =1
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Gr/ 3 \02

Fig. 4. Block diagram of the apparatus used for the measurement of the velocity of the ultra-
. gonic waves

Procedure. Hydration number measurements of sugars such as: glucose,
mannose, arabinose, xylose, saccharosg and lactose were performed over a tem-
perature range of 10-40°C. Furthermore, hydration number measurements
of sugars as a function of concentration were performed at 25°C. The range of
concentrations investigated was 3-259% wt. for glucose and saecharose, and 3-
89, wt. for the remaining sugars. :

The results of these measurements are presented in Tables 1 and IT and also
graphically in Figs. 5 and 6. '

7 — Archives of Acoustics 3/81




314 A. JUSZEKIEWICZ
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Results and discussion. In Fig. 5 the curves of ultrasonic velocity as a funetion
of ethanol concentration, expressed as molar fractions for glucose (curves 2)
and saccharose (curve 3) solutions having concentrations of 0.7 mole of sugar
per 1000 g of water, are presented. As can be seen from. the graphs, the ultra-
sonic velocities in ethanol-water solutions of glucose and saccharose are greater
by 20-30 m/s than the velocities in aleohol-water solutions without sugar (cur-
ve I). Simultaneously the maximum velocity points occur at lower aleohol con-
centrations. Analogous conclusions can be drawn from measurements in solu-
tions of the rest of the sugars investigated. The shift of the ultrasound velocity
maxima in the direction of lower alcohol concentrations is caused by the bind-
ing of part of the water by the sugar molecules as a result of which a smaller
number of aleohol molecules is necessary to fill up the empty cages of the octa-
hedral structure of water.

clm/s]
1650
25°C
= 3
3 2
b 1 Fig. 5. Ultrasonic velocity versus kyo of et
hanol in the equeous solutions of sugars
1600 Is 3 * 1 — alcohol-water, 2 — 0.7 m solution of glucose, 3 —
0 0.1 4 Vit — 0.7 m solution of saccharose
m

Greater ultrasound velocity values (smaller compressibility coefficients) for
sugar solutions may indicate a more compact structure for such solution and al-
so the formation of strong hydrogen bonds between the hydroxyl groups of the
sugar and the water molecules. The existence of such bonds hasbeen confirmed re-
peatedly using magnetic resonance methods [22 - 24].In Table 1 the results of hy-
dration number measurements of the investigated substances at 25°C and their
dependence on concentration expressed in weight per cent are presented.

From the above data it can be seen that in the concentration range of 3-
25 % wt. of glucose and saccharose, and 3-8 % wt. of the other sugars, the hydra-
tion numbers (within experimental error) are not dependent on concentration.
The results of hydration number measurements of glucose and saccharose
and their dependence on temperature from 10-40°C are presented in Fig. 6.
Similar curves were obtained for the remaining sugars. As can be seen from Fig. 6
the temperature dependencies of the hydration numbers of glucose (2) and saecha-
rose (3) are of the same type as the temperature dependence (1) of the number
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Table 1
C tration ;
( (yon(;:n wzi ght) Glucose Mannose | Arabinose Xylose Lactose Saccharose
o

4.1 gi .| 40 4.0 g faonl

5 5.2 4.9 4.0 4.1 8.3 73

6 5.2 5.1 3.9 4.1 8.2 7.0

8 5.1 5.1 3.9 4.0 8.1 4 S0

20 \ 4.9 6.8

25 4.9 6.8

n,

{m,;:a /m, ] [

9

2 I I | | ! !

]
5 10 15 20 25 30 35 40t L2C)

Tig. 6. The numbers of water molecules n; per mole of solute as a function of temperature
at the points of maximum ultrasonic velocity
1 — ethanol, 2 — glucose, 3 — saccharose 1

of moles of water for each mole of ethyl aleohol at the maximum velocity points
(Fig. 3). ; -
« The curves in Fig. 3 and 6 can be deseribed by the following equation

ny = ny+ At + B (3)

where 1, is the hydration number at 0°C, and A and B are empirical coefficients
equal to 3.83-10-2 and 1.3-107° respectively.

7’
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The numerical values of n, and m, calculated on the basis of the above
equation, and the values of n, obtained for the particular sugars at different
temperatures are presented in Table 2.

Table 2

= . R

5 il 10|15|2o|25[
glucose 3.4 \ 3.7 | 40 | 44 I 48 | 5.2 | 6.4
arabinose 2.2 | 2.5 ‘ 40 | 52
xylose 28- 206180 4.1
mannose | 3.3 | 3.6 | 3.9 51 6.3
saccharose 52 | 5.5 5.8 6.2
lactose 64 | 6.7 | 7.0 | 7.4

In analysing the results which were obtained it is necessary above all to con-
sider the physical meaning of the parameter n, and whether it can be identified
in a physical sense with the hydration number of a substance at different tem-
peratures. This question is suggested by the fact that, among other things,
n; increases with increasing temperature, whereas at present many investigators
of these phenomena are aware that hydration numbers decrease very quickly
with increasing temperature [4, 7]. The shift of the maximum wvelocity point
in the direction of smaller alcohol concentration (incerase of n, with increasing
temperature) is caused by a decrease in the number of molecules in the ice-like
skeleton (H,0), and an increase in the amount of “free” water (H,0); whose
molecules are bound to each other by one, two or three hydrogen bonds, or are
not connected to each other at all and have the possibility of translating from
a node of the network of the ice-like structure into the interior of a cage. The
amount of “dense” water at the particular temperatures can be determined from
. the locations of the maximum points on the ultrasound veloeity curves in an
alcohol-water system if it is assumed that at 0°C all the water molecules are
present in a network of the octahedral ice-like structure and that for each mole-
cule of ethyl alcohol there are six molecules of water. If the amount of “dense”
water occuring at the particular temperatures is subtracted from the values
obtained for m,;, the same number n, is obtained, as was earlier defined as the
hydration number at 0°C and which is found by extrapolation of the », depen-
dence to 0°C.

Is it possible therefore to assign to the values of n, the physical meaning
of hydration number?

* Consistent with the expressions used in previous papers [23, 26] water occuring in
the ice-like structure is expressed as “bulky” — (H,0); and “freec” water as “dense” —
(H,0)g4.
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Based on contemporary knowledge of the structure of sugar solutions and the
comparison of the results obtained with literature data (Table 3), the answer to
this question should be affirmative. ;

Table 3
| g lﬂ5nc | Literature data
glucose 3.4 | 3.7 | 3.5 [4]®), 3.7 [24]D), 2.7(),
4.0 [25], 5.0 [22], 4.5 [3]9),
3.5 [111®
-arabinose 22125 3.6 4]
" xylose 2.3 | 2.6 2.3 [4]
mannose 3.3 | 3.6 3.9 [24]D), 3.7(e)
saccharose | 5.2 | 5.5 | 3.8 [4], 6.6 [24](), 6.5(¢)
5.3 [7]0, 4.1 [7]® 3.8 [11]®
lactose 6.4 | 6.7

() at a temperature of 25°C, (P) at a temperature of 5°C,
(©)D, 8, REm — unpublished data, (4 at a temperature of
20C°, () F', FRANKS — unpublished data, (the result obtained
by extrapolating to 0°C, (8) at a temperature of 16°C, () at a

temperature of 25°C.

Investigations of the conformation of glucose have shown that it occurs
in a water solution in the form of two anomers: a and f, whose quantltatwe
ratio is dependent on temperature.

According to the data presented by BocIEK and FRANKS [24], at a tempera-
ture of 5°0 a glucose solution contains 68 per cent of the § — anomer and 32 per
cent of the @ — anomer. At 25°C there is 37 per cent of the a — anomer.

Conformational analysis of the cyclic forms of glucose showed that the a —
anomer possesses theer — OH groups at equatorial positions and that in the § —
anomer, there are four such groups. At a temperature of 5°C there remains the-
refore for each molecule of glucose 3.7-OH groups equatorially positioned. In
agreement with the “specific hydration” model based on magnetic resonance
and X-ray investigations [23], the spatial positions and orientations of the
equatorial —OH groups eases the hydration interaction of these groups with
water molecules. If it is assumed that only the equatorial —OH groups of the
sugar are hydrated, from SUGGETT’s data [24] indicates that each group is hy-
drated by one water molecule. At a temperature of 5°C the hydration number
of glucose given by SUGGETT is 3.7 and is equal to the average number of equa-
< torial —OH groups per molecule of glucose. As can be seen from Table 3, an iden-
tical value was obtained from ultrasonic measurements of glucose at 5°C. At 0°C,
n, is smaller and is equal to 3.4 m H,0/m of sugar. For the remaining sugars
investigated the values of n, which were obtained were approximately equal to
the number of equatorial —OH groups. In reference to the “specific hydration”
model of sugars the n, parameter is, therefore, the hydration number of the given
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sugar at a temperature of 0°C, which, it is proposed, should be called the abso-
lute hydration number. The values of #, which were obtained for glucose and xy-
lose correspond to the data obtained by SHIo [4] at a temperature of 25°C
using a slightly different method of determining the hydration numbers from
the ultrasonic measurements. In order to produce an expression for the hydra-
tion number, Shiio assumed that the compressibility of sugar is equal to zero
and the compressgibility of the water in the hydration shell is equal to the com-
pressibility of normal ice (f = 1.8:10" m*N~1).

Both of these assumptions can be verified experimentally. However it seems
that the second assumption, particularly, is more probable at a temperature
of 0°C and that at higher temperatures the compressibility of the hydration
water is certdinly larger. As the temperature increases the compressibility will
increase to the compressibility of pure water. Thus the hydration number values
obtained by SHIIO are close to the values of n, obtained in this paper. If this
discussion is accepted, then the rapid decrease of the hydration numbers of su-
gars with increasing temperature observed by many authors is probably only
an apparent effect, and in reality the hydration numbers do not decrease with
a temperature increase. If the participation of “free” water in the hydration
of sugars is not taken into conmsideration, the above conclusion finds confir-
mation in the investigations which were conducted. The hydration number va-
lues which were obtained over a temperature range of 10-40°0 are approxima-
tely equal to the absolute hydration number n, -
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VII Symposium on Application of Noise and Vibration in Diagnostics of Machinery

The universally occurring acoustic phenomena which accompany the operation of ma-
chinery and technological equipment permit wide applications of acoustic signals in com-
puter science and diagnostics, Application of this potential in practice requires development
and sophistication of measurement methods, and particularly seeking qualitatively and quan-
titatively correct estimation of vibration and noise of given machinery.

These problems were discussed at the VII Symposium on Application of Noise and Vi-
bration in Diagnostics of Machinery. As previous Symposia it was organized by Institute
of Motor Transport of Silesian Technical University on January 11-16, 1981 at Wisla-Ma-
linka. '

The papers delivered at the Symposium continued the problems discussed at previous
conferences. Prof. Dr. Ludwik MiLLER was the Scientific Chairman of the Symposium. The
Symposium was concluded with a panel session chaired by Prof. Dr. Stefan CzARNECKI of
Institute of Fundamental Technological Research, Polish Academy of Sciences, Warsaw.

Janusz Gadulski

BOOK REVIEWS

-

Daryl N. May (ed.), Handbook of moise assessment, Van Nostrand Company, New
York 1978 (391 pages). :

An increase of noise in the environment of man makes it necessary to present more
closely the effects of noise on man, both from the psychological and physiological points
of view. For this reason Van Nostrand Reinhold Environmental Engineering Series published
a collective work on the effect of noise on man, featuring chapters by prominent experts
and edited by Daryl N. May. .

The book has two parts. The first concerns the psychological aspects of the effect of
noise on man, while the second deals with the health aspects.

The first part is divided into ten chapters:

1. Basic subjective responses to noise — D. N. May.

This chapter presents the basis criteria of noige loudness assessment and noise annoyance
under the steady-state and transient conditions. It also discusses the effect of noise on
the intelligibility of speech.

2. Noise of surface transportation to nontravelers — M. J. CROCKER.

This part presents the main sources of surface transportation, with a division into air-
eraft and helicopteres at airport, automotive and rail transportation, recreational vehicles
such as scooters, motoreycles, motorbicycles, snowmobiles and speedboats. It also presents
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- .

the problem of the annoyance of the transportation means ennumerated above, and the
criteria for their assessment and measurement methods. It also outlines the basic stand-
ards in this field. :

3. Noise of air transportation to nontravelers — M. J. CROCKER.

The peculiarity of aircraft noise has made it necessary to introduce different criteria
of noise annoyance assessment, compared to these for surface transportation discussed in the
preceding chapter. It also encloses a list of the bagic legislative acts in the USA on the air-
craft noise control.

4. Recreational vehicle noise to nonusers — E. RosE.

This chapter presents the problems of the effect on the environment of man of recrea-
tional and sports vehicles such as motorcycles, motorbicycles, go-karts, motorboats, snow-
mobiles and dune buggies.

5. Noise of transportation to travelers — G. CREPEAU.

This chapter discusses the effect of noise from transportation means on the crew and pas-
sengers. The enclosed tables of noise within different automotive types and the proposed
admissible levels can be the basis for improved comfort of passengers and for better working
conditions of drivers. The conclusion of this chapter deals briefly with vibration problems.

6. Interior noise environment — L. W. HegvorLp, D. N. May.

This section discusses briefly the problem of noise annoyance in apartments and public
interiors, gives the admissible levels, and deals with the problems of speech intelligibility
in offices. :

7. Noise in hospitals — J. G. WALKER,

This chapter concerns the problem of the effect of noise on patients and hospital per-
sonnel, and discusses briefly the criteria.

8. Exterior industrial and commercial noise — R. TAYLOR.

This part deals briefly with the problem of division of urban agglomeration into zones,
depending on the level of industrial and commercial noise.

9. Construction site noise — R. J. ALFREDSON, D. N. MA¥Y.

Beginning with a discussion of the successive building stages from site preparation
through foundation laying to interior finish, the authors present the problems of noise in
these stages and then go on to discuss’ the noise from construction machinery and auxiliary
equipment.

10. Noise in and around the home — D. N. May.

This chapter deals with the sources of external and internal residential noise, including
appliances.

The second part is divided into four chapters:

1. Occupational deafness and hearing conservation — A. M. MarriN, J. G. WALKER.

A short discussion of the fundamentals of the performance of a hearing aid is followed
by presentation of methods of audiometric and dosimetric measurements, and the problem
of noise control by setting the admissible noize doses.

2. The nonauditory effects of noise on health — D. StepuENs, G. Roob.

This section presents the little investigated effect of noise on the respiratory, central
nervous and circulatory systems of man, and discusses the effeect of infra. and ultrasound
on the particular systems.

3. Noise and sleep: a literature review and a proposed criterion for assessing effect —
J. 8. Lukas.

This chapter discusses the little known, but very important, effect of noise on human
sleep. It gives averaged numerical data on the responses of specific human groups to noise
in sleep, with consideration of their sex and age. It also proposes preliminary assessing cri-
teria.
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4. Effects of noise on human work efficiney — G. R. J. HockeY.

This chapter discusses the problem of the effect of continous and interrupted noise on
work efficiency, the problem of localization of a noise source with respect to an observer,
and finally the consideration of the future in this respect. '

The book concludes with a short appendix containing a list of chosen standards, perio-
dicals and international centres, and a short glossary of most important terms related to
the problems discussed. This book is an original, valuable source of information in the field
of the effect of noise on man, which in addition to encyclopedic information discusses a num-
ber of new aspects with a future bearing. -

» Stefan Ozarnecki

Building acoustics, L’acustica nell’edifizia, ESA
Edizioni Scientifiche Associate Roma 1979

Proceedings of a two-day symposium on building acoustics, which was held in Torino
on 5-6 June, 1979 (259 pages, in Ifalian).

The symposium was organized by the Gallileo Ferraris Institute of Electrotechnology
and was sponsored by Italian Acoustical Society.

The proceedings consist of sixteen papers by Italian authors and one in French by
a French author, and in terms of subject can be divided into two parts.

The first part, which contains the materials from the first day of the symposium, is con-
cerned with the problems of standardization and, in addition to short papers, includes a long
monographic review of E. Brosio on the standardization of measurement methods in buil-
ding. ]
The second part, which contains the materials from the second day of the symposium,
concentrates on technical aspects. This part includes a large monographic paper of G. FrAN-
zITTA on the insulating properties of barriers. Technical aspects of the insulating properties
of different kinds of barrier are examined by R. Pisant and M. Curioni. The second part
also includes a paper of R. RossE on different aspects of noise control in residential buildings
in France.

The proceedings as a whole testify to high rank of building acousties in Italy and to the
need for further development in fundamental research, technology and standardization.

Stefan Ozarnecki

Mario Cosa, Urban and industrial noise, Il rumore urbano e indusiriale, Instituto Ita-
liano de Medicina Sociale, Roma 1980 (937 pages, in Italian). '

This book contains a large material on the environmental acoustics and concerns the
problems of the noise hazard and annoyance to man, and also the technical aspects of indu-
strial and urban noise.

In addition, the book contains an ample list of standards in different countries, a unique
presentation of chosen data in the field of the standardization of vibroacoustics and envi-
ronmental acoustics.

Another interesting material is a large review of the basic definitions of the field dis-
cussed.

The book has ten chapters. *

Chapter 1 discusses the basgic notions in sound and noise and presents the criteria for
their subjective assessment.
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Chapter 2 concerns the manner of noise perception by the hearing organ and the effects
of noise on man. It also discusses the primary kinds of noise-induced hearing loss. _

Chapter 3 deals with urban acoustics, namely with methods for measurement and
evaluation of transportation noise and includes a hroad discussion of corrections for external
factors, methods for calculating urban barriers, methods for averaging urban noises in time
and standards for admissible noise levels in different countries, particularly thoge in different
districts of Italy.

Chapter 4 deals with noise inside apartment houses both from the viewpoint of the effect
of external and internal noise (neighbours, facilities) and discusses methods for measurement
and standard for numerical values of insulating power of partitions.

Chapter 5 presents the problems of noise at work stands, including transient noise,
. and discusses standards in this field in particular countries. It also gives the basic methods

for the reduction of noise propagation in industrial interiors and in ventilation channels
(mufflers). ‘

Chapter 6 deals with the problems of areadynamic noise and is devoted mainly to aircraft
noise and the criteria for their assessment. It also presents the possibilities of aerodynamie
noise control. ‘ Y

Chapter 7 is devoted to the problems of ariborne and structure-borne sound in buil-
dings, and gives the values of the absorption by different types of carpeting, and the informa-
tion of floating floors and suspended ceilings.

- Chapter 8 contains 266 basic definitions of technical and medieal notions and of generally
used abbreviations of most important notions and units. This is a large material of about
100 pages, in which, in addition to definitions, some entries include basie formulae, figures,
or tables.

Chapter 9 gives a long list (about 100 pages long) of most important standards in en-
vironmental and building acousties from about 30 countries, including the standards of ISO
and IEC. The titles of the standards are given in one of the following languages: Italian,
English, French or German.

The standards are divided into fourteen groups:

1. The basic notions, terminology of acoustics and electroacoustios.

. The criteria for the assessment of noise hazard and annoyance.

. Noise measurement methods.: :

. Measurements of machinery noise.

Acoustic measurements in interiors, acoustic and antivibration materials.
Measurements of noise from motorears, railway and ships.

. Audiometers and hearing aids.

Measurements of arieraft noise.

. The basie vibration standards. 2

10. The basic criteria for the assessment of vibration hazard and annoyance.

11. Vibration measurements.

12. Measurements of machinery vibration.

13. Vibration measurements in environmential acoustics,

14. Physical properties of materials.

Chapter 10 is a short appendix which gives the most important data and the current
proposals in standardization.

This book as a whole is a large source of information on environmiental acoustics and a va-
Iuable aid to engineers, physicians and others related to the problems.

Additional advantages of this book are a large number of tables (over 80) and figures
(also over 80), and a very long list of references, of neafly 900 items.

Stefan Ozarnecki




