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This paper presents a new method for the determination of the output
power spectral density of different types of cascading a linear system with
memory and a nonlinear system without memory, with a stationary Gaussian
input.

This method permits uniform determination of the output spectrum for
each type of the systems mentioned above. The recursive form of the resulting
expressions also permits fast calculation of the output spectral density for higher
orders of nonlinearity.

1. Introduction

This paper presents a new method for the determination of the output
power spectral density for different types of cascading a linear system with
memory and a nonlinear no-memory system with a stationary Gaussian
input. Different methods for calculating the power spectral density in the cases
mentioned above have already been discussed [2, 6, 7]. They are relatively
complex, however, and for each type of the cascade system a different approach
has been used, becoming essentially more complicated with the inereasing
nonlinearity of the system.

The method presented here is based on the known [1] method for the deri-
vation of the output power spectral density of a general nonlinear system with
memory with a stationary Gaussian input. The method proposed gives simple
and, equally importantly, uniform determination of the power spectral density.
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2. The relation hetween the output power spectral density and the multidimensional transfer
functions of cascade-systems

The starting point is a general nonlinear system with memory [1, 3, 4]
described by the following set of multidimensional transfer functions

JZm™) »=1,2,.. (1)

where f" = {fy, ..., f.}.
The functions H,(fi, ..., f,) are symmetrical with respect to their argu-

ments. They are generalizations of the transfer function H, (f) of a linear-memory
system to include the case of a nonlinear-memory system [1, 3-5]. This generali-
zation results directly from the Volterra series approach to the problem of
a nonlinear-memory system representation.

When the input «(?) is a stationary ergodic zero-mean Gaussian with the
two-sided power spectral density W,(f), the two-sided power spectral density
W (f) of the nonlinear-memory system output y(f) is given by the following
expression [1] ‘

Wy (f) = 1Bl f>+2 fdf"lb (o (f— f”HW(m, (2)
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Now, the forms and properties of multidimensional transfer functions will
be considered for different types of cascading the linear-memory system LI
and the nonlinear no-memory system NB. The formulae for the two-sided
output power spectral density will then follow for each type of the cascade-
system. The cascade-systems considered here consist of the linear-memory
systems LI and LI' with the transfer functions H(f) and H'(f), respectively,
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and of the nonlinear no-memory system NB whose nonlinearity is given by the
power geries

o0

y(t) = Y a,a"(1), _ (8)

n=1
with # () and y () being the system input and output, respectively, and a, denote
the coefficients of the series.
A. The system LI-NB-LI

The multidimensional transfer functions (1) of the LI-NB-LI cascade-sys-
tem (Fig. 1) are given by [4, b, 8]

B = a8 (Y 1) [] 2. (9)

i=1 j=1

It can be easily shown that the multidimensional transfer functions (9)
have the following properties

Hp(f™ —1™) = e B'0) [ B(F)B(-f), m=1,2,..., (10)

=]

Hyp o (7 K, k") = a,z,mﬂ'(zﬂf‘)]ﬂ] H(f,-')ﬁ H (k) H(—ky),
] j=1 =1

=1

m=1,2,... (11)

Using (9)-(11) in (2), (), (6), the two-sided output power spectral density of
the LI-NB-LI cascade-system can be expressed as (see the Appendix)

(12)
o +eo n -
W) = oo H O of + B () D [ aprof—p) [ [ Wasoim s,
where o Aling 2>
o0 1 2
Cp = | @+ ZW“zm-HzIm ’ ay =0, n = 0’1! ey (13)

m=1
+ o0

1= [ W(HIH)"6.

B. The system LI-NB
The two-sided output power spectral density for the cascade-system LI-NB
follows from (12), if H'(f) = 1 for all values of the argument f, and is given by

W,(f) = cnd(f) + i‘;}, T

The coefficients ¢, in formula (14) are defined by (13).

arsf - [ [ SR as)

i=1
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C. The system NB-LI

Assumption that H (f) = 1 for all values of the argument f in expressions (12)
and (13) yields the two-sided output power spectral density for the cascade-
system NB-LI

W,(f) = & B P8 +IH (e D) f TREY ) RATAT
n=1 i=1
where
400

2
+ Z m|2‘m 2m+n ] J = f Wa:(-f)df) n= 0,1, 2, ""a0= 0.

m=1 —00

(16)
D. The system NB
The two-sided output power spectral density for the system NB can be
obtained from (12), assuming that H(f) = H'(f) = 1 for all f, and is given by
+ 00

W,(f) = dd(f)+ 2 Joar H W.(£) (=1, an

n=1 =1

where the coefficients d, are expressed by (16).

. B. The system LI-LI
If ¢, =1 and a, -—0 n—23 .., in (13), then

W, (f) = H(AFE (DRW(f). C(8)
F. The system LI
The well-known formula

W,(f) = [H(H)FW,(f) (19)
results from (12) if ¢, =1, a, =0, n = 2,3, ... and H'(f) = 1 for all f.

3. A recursive method for the calculation of yoﬁer spectral density

The calculation of multiple integrals is necessary when formulae (12)-(17)
of the previous section are used for the calculation of the power spectral density.
This is rather troublesome, especially when computer-calculations are used.
To avoid this inconvenience, a recursive method for the calculation of the power
spectral density mentioned will be presented in this section.

The following observation is the basis for the recursive method. For n =
=2,3,...let -

+ 00

B,(f) = [ dro(f—1 [] Af),

- 00 t=1
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then
B, (f) = A(f)* ... *A(f) = B, _,(f)*B:1(]), (20)
\_._.:__../

where

By(f) = A(f) = H())FW,(f)

and = denotes convolution.

x(t) ' LI vit) NB z(t) LI yit)
—r— - [ ——
Hi(f) a;, I=],... He)

Fig. 1. The LI-NB-LI cascade-system
Property (20) can be proven by induction. For n = 2
+co 2
By(f) = [ apaf—m[] 4.
-0 f=1
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and
+co
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and it is clear that formﬁla (20) is valid for all n. The use of formula (20) for the
calculation of the output power spectral density W,(f) for the systems considered
yields relations that are clear and convenient for calculations.

A. The system LI-NB-LI
Application of formula (20) in (12) yields

W) = B OF8() +E (N[ aBa( )+ o By MeButh)] (22)

n=2
The coefficients ¢, are given by (13).

B. The system LI-NB
Application of formula (20) in (14) gives

W) = ed(f)+anBaf)+ DB, (f)+B(), (28)

n=2
with the coefficients ¢, expressed by (13)

C. The system NB-LI
It follows from equation (15) that

oY d
W) = R OF() +H DR B+ D B (B @)

n=2
where the coefficients d, are given by (16).

D. The system NB
The resulting form of equation (17) is

W) = B8N +EBAN+ D 2B, (*B,() (25)

n=2

and the coefficients d, are expfessed by (16).
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E. The system LI-LI
Equation (18) becomes

Wy (f) = [H'(f)1*By(f)- (26)

F. The system LI
Equation (19) yields

Wy (f) = Bu(f). (27)

4. Conclusion

The recursive method proposed in the paper permits fast and relatively
simple caleulation of the output power spectral density for different types of cas-
cading the liner-memory systems and the nonlinear no-memory system (with any
nonlinearity order) with Gaussian inputs. The considerations in section 2 permit
uniform calculation of the output power spectral density for any cascade-system.
The recursive form of the final formulae, as given in section 3, permits the
avoidance of troublesome complexity of formulae that arises with increasing
the nonlinearity order. The caleulation of multiple integrals may also be avoided.

~ The cascade-systems mentioned are commonly used models of nonlinear

devices. These models can be implemented, for example, for the analysis of
a modulator or a detector cascaded with a linear filter — the well known sub-
systems of radio-devices.

References

[1] E. Beprosian, 8. 0. Rice, The output properiies of Volterra systems (nonlinear
systems with memory) driven by harmonic and gaussian inputs, Proc. IEEE, 59, 12, 1688-1707
(1971).

[2] G. BoxNET, Transformations des signaux aléatoires 4 travers les systémes non linéaires,
sans mémoire, Ann. Telecom., 19, 9-10, 203-220 (1964).

[3] A. Bacor, J. ZarzYcki, The measurements of electroacoustic system mnonlinear
distortion-the reasons of the present failures, Proc. of the Int. Symp. on Measurements in Tele-
communications, URSI — CNET, Lannion 1977, 621-626.

[4] A. GABOR, J. ZarzZYCKI, Electroacoustic systems nonlinearity and memory analysis
using Volterra series, Prace XXII Seminarium z Akustyki, Wroclaw 1975, 54-58.

[6] A. GABOR, J. ZArzYCKI, A new method of the electroacoustic system nonlinear distor-
tion evaluation, Institute of Telecommunication and Acoustics, Technical University of
Wroctaw, 128/K-075/77.

[6] B. R. Levin, Tieorieliczeskije osnowy statisticzeskoj radiotechniki, Sow. Radio,
Moscow 1975.

[7] V. 1. TicuoNow, Statisticzeskaja radiotehnika, Sow. Radio, Moscow 1966.

[8] J. Zarzyckr, A. GABOR, Random signal distortion analysis using multidimensional
transfer functions, Proc. of the 9-th ICA, Madrid 1977, R15.

Received on November 2, 1979; revised version on March 11, 1981.



336 A. GABOR, J. ZARZYCKI

Appendix

1. Derivation of formula (9)
The relation between the input #(t) and output y(#) of a general nonlinear
system with memory can be expressed as follows [1]

= ., (Al.a)
n=1
+ o0 n
w0 = [ ds"h,(s") [[ 2(t—s,), (ALb)

where h,(8") is an m-dimensional inverse Fourier transform of the function
H,(f"), i.e. the n-dimensional impulse response of the system.

The corresponding relation can be written for the LI-NB-LI cascade-
system (Fig. 1). Aplication of the configuration of the system (Fig. 1) and con-
sideration that h,(-) and h;(-) are the inverse Fourier transforms of H(f) and
H'(f), respectively, yields

==l

¥ = 3 y.(1), (A2.3)

n=1

f ds" f dra,h, (r)” h(u; —-r)”a; (t—u,), (A2.b)

=1

where u; = r+8;.
Comparison of formulae (Al) and (A2) gives the expression describing the
n-dimensional impulse response of the LI-NB-LI cascade-system:

h, (u") = a, f R (r) H By (g —7)dr. (A3)

i=1

The n-dimensional Fourier transform of formula (43) yields equation (9):

1) - o, (3 1) [] 2l

=1 i=1

Formulae (10) and (11) follow directly from (9), after substitution of the
relevant arguments and indices.

2. Derivation of formula (12)
Application of property (10) in (5) yields

- H(O)Z ¥ o (A4)
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Combination of formulae (9) and (11) with (6) gives

i) = e, Y5) H H(f)+

j=1 =1

+2 " fdk"'”W k;)HH(fj)H’(Z, )%msm

=1 i=1 j=1
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Application of expressions (A4) and (Ab) in formula (2) and the use of the
n
relation f = }' f; leads to
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The last expression can be written in the desired form of (12).

W,(f) = [H'(0)]*

o0

ﬂ—

X 8(f—f") = |H'(0)* 5(f)+

|H'(f)1*+
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This paper considers the problem of estimating the sound radiation by
vibrating surfaces in the case of a circular plate clamped on the circumference.
The aim of this paper is to verify the values of the equivalent surfaces of the plate,
which were obtained theoretically, with the experimental values obtained in the
free field and reverberant field conditions. The results obtained show that there
is a good agreement of results for k,,,a < 5. For k,,,a > 5 an increase in the sound
radiation of the plate can be observed, which results both from a complex character
of the vibration of the plate and from the effect of the acoustic field on the vibra-
tion conditions of the plate.

1. Introduction

There are many methods of decreasing the noise and vibration level in
the working environment. The most efficient method of noise control is decreasing
the emission of sources. Decreasing or limiting the emission of sources is related
to the development of effective methods of location of noise sources in machinery
or devices. In the Institute of Mechanics and Vibroacoustics, Academy of
Mining and Metallurgy, and in the Institute of Fundamental Technological
Research Polish Academy of Sciences, of the research has long been done on
the identification of the sources of vibroacoustic energy. This research is con-
cerned with developing methods of identification of sound and vibration sources
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in machinery, in order to estimate the sound power radiated by the particular
parts. This estimation permits the dominating sources and their frequency
response to be determined. The early investigations were concerned with the
use of a correlation method in the near field conditions to estimate the sound
power of surface sources [5, 7].

The practical investigations were related to the estimation of the sound
power of complex mechanical systems in the chamber airless shotblasting
machines.

Another problem related to the methods of investigation of the emission
of sources and to the assessment of the character of the emission is the investi-
gation of relations between the sound power radiated and the structure-borne
vibration.

From the practical point of view this problem is particularly important
in the case of plates used as enclosures of machinery, which are often themselves
the sources of noise. In the real conditions, the plate elements have a complex
boundary condition as well as a complex shape with holes, ribbing or other
irregularities which make their mathematical description impossible. However,
in all the cases the resonance vibrations of these plates have a dominant signifi-
cance. The classical theory of plate vibration permits the determination of
the resonance vibration frequency for different boundary conditions. It is,
however, much more difficult to estimate the sound power emitted or the
radiation efficiency of the vibrating plates. These quantities are usually determi-
ned experimentally.

There are a number of methods of measurement of the sound power of
plates, of which the most significance has been recently gained by the two-
microphone method based on the determination of the imaginary part of the
mutual spectral power density of the sound pressures in the near field condi-
tions. This method is very precise but requires, however, complex and expensive
instrumentation. :

The need, therefore, arises for a method which can preliminarily give an
approximate estimation of the sound power of a plate by means of simple
measurements. This estimation is possible if a piston model of a plate is assumed,
for which the values of the equivalent surface of the plate were previously deter-
mined. The values of the amplitude of the vibration velocity should, however,
be determined.from measurement at a chosen point of the plate.

Thus on the basis of simple measurements of the plate vibration, it could
be possible to estimate an approximate characteristic of its sound power as
a function of vibration frequency. The method of equivalent surface determina-
tion was given by MoRsE in [11] and concerned the first vibration mode of
a circular membrane.

The aim of this paper is to verify through measurements the relation
mentioned above and to extend it to include the higher vibration modes. Sinee
calculations of the sound power radiated by plates of complex shape and different
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clamping are rather difficult, this paper is restricted to the analysis of a circular
plate clamped on the circumference. Using the classical fundamentals of plate
vibration theory, calculations can be made in this case, and verified experiment-
ally later on. This approach can contribute to deeper knowledge of plate
radiation over a wide frequency range, which can provide the basis for expanding
the investigations to include the more complex systems.

2. Theoretical approach

It is known that flexural vibrations of plates are characterized by resonance
frequencies, the so-called vibration modes, which result from the solution of the
differential equation

12p(1—»*) P&

4
Yot Eh? ot?

0. (1)

where & is the displacement of the vibrations of the plate, o is the density of the
plate material, » is the Poisson ratio, ¥ is the modulus of the longitudinal elastici-
ty, and k is the plate thickness. For a circular plate excited uniformly over the
whole surface clamped on the circumference, i.e. satisfying the boundary condi-
tions & = 0 and d&/ér = 0 for r = a (where r is the current radius of the plate
and a is the value of the radius on the circumference of the plate), the characte-
ristic equation can be given as

d d
Im(ya) (E) Jm(yr) _Jm“’a) d_rIm(Yr) =0. (2)

Solution of this equation gives a series of the values y,,,, Which define the
eigenfrequencies f,,,,

fmn i o ]/ 4 (ﬁ'mn)2! ﬁmn 0l ymn_:z"’ (3)

4a? ¥V 3o(1—9)

where the indices m and n denote the order of the axially nonsymmetrical and
axially symmetrical modes, respectively.

Since the sound power of vibrating plates is determined mainly by the
resonance vibrations, the further considerations will concern the sound power
measurements for the particular vibration modes dependent on the product
kpn@, where k,,, = 2xf,,, /¢ is the wave number, while ¢ is the wave propagation
velocity in the air.

One of the methods of calculating the sound power of circular plates for
the particular vibration modes is the method based on the measurement of the
vibration velocity v on the surface of the plate.



342 8. OZARNECKI, Z. ENGEL, R. PANUSZEA

Considering that for higher vibration modes a complex vibration distribu-
tion occurs on the surface of the plate, it is necessary to determine the mean
value of the velocity

1
o =< [ [ o, pard, ®)
Sf ;

where 8, is the surface of the pia.te.
The sound power radiated by the plate is thus

W; = 9'R,8,, (5)

where R, is the radiation resistance of the plate, which for a circular plate in an
infinite baffle is

J,(2k,,,a)
——] C _—— .

B, = e [1 e Y (6)
where J, (k,,, @) is a Bessel function of the first kind of the first order, and g, is the
air density.

The sound power of a circular plate can also be obtained on the basis of
the determination of its vibration velocity at a given point and of the equivalent
surface S,, so that the sound power thus determined is equal to the power
expressed by formula (5).

For axially symmetrical vibrations, the best point for which the vibration
velocity of the plate can be determined is its centre. Designating as v, the
r.m.8. vibration velocity of the plate centre, the following expression can-be
written for the sound power radiated by the plate

w, = ”ERpSeq' (7)

The ratio of the equivalent surface of the plate, §,, and its real surface 8,
can be called the coefficient of the vibration distribution of the plate
S

"=t , (8)

I
Hence, considering realtions (5) and (6), the expression for the equivalent
surface of the plate takes the form :

B = - o (9)

a:, o1 T12Fmn®)
4 k@

The equivalent surface can also be estimated theoretically from the relation

=2 [ R(r)rdr, (10)

0

8

eq

where the function B (r) can be defined from the solution of equation (1).
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In the case of the flexural vibrations of a thin cireular plate clamped cn the
circumference of the radius » = a, the function R(r) takes the form

B(r) = CJy(yr) + DI, (e7), (11)

where C and D are constant, and the quantity y is defined by the solutions of
equation (2).

Insertion of equation (11) into relation (10) gives after integration the follow-
ing expression for the equivalent surface of the plate

dsa = (BYE 08 — ]
8oq =———|J1(BVkp,0a) — ——=" " I.(BVE,,ca)|, 12
ot ]/kmw[ (BV ki, ca) AT T A ca) (12)
where
¢/ 120
s B (13)

The equivalent surface can also be determined experimentally by the measu-
rements of the vibration velocity at the centre of the plate (for the axially
symmetrical modes) and by the determination of the sound power by one of the
known methods.

3. Experimental set-up and procedure

An experimental set-up was constructed for the investigation of the radia-
tion of acoustic energy of thin circular plates (Fig. 1). It included two steel
rings which permitted the plate tested to be clamped. The lower ring 1 was
clamped to the base 2, while the upper ring 3 was axially pressed down by a sys-
tem of six pneumatic servos 4. The vibration of the plate 5 was forced by the
piston excited, in turn, by the head (BK 4813) of the exciter 6 (BK 4801). The
plate vibration was forced by a vibrating air layer between the plate and the
circular piston. As a result of this, according to the theoretical assumptions,
the whole plate was excited to uniform vibration.

In order to assure the conditions of a plate vibrating in an infinite baffle,
the system included an acoustic baffle and the encasing of the lower part contai-
ning the exciter.

The plate tested was clamped in annular jaws which pressed it down uni-
formly over the circumference. The mean value of the unitary pressure on the
circumference of the plate was 1570 Nm ~!. The value of the mean unitary
pressure on the circumference of the plate could be adjusted by changing the
value of the air pressure in the adjusting chamber which fed the system of
6 servos.

2 — Archives of Acoustics 4/81
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The exciting system used (Fig. 2) permitted the flexural vibrations of the
plate to be forced. The exciting source was an electrodynamic vibration exciter
fed with a sinusoidal signal from a generator over the frequency range 20-
1200 Hz.

Fig. 1. The system for investigating vibroacoustical plates

1 — the lower clamping ring, 2 — the base, 3 — the upper clamping ring, 4 — a system of clamping servos, 5 —
the tested plate, 6 — the head of a vibration exciter

The experimental determination of the equivalent surface of the plate
required the assessment of the sound power radiated by the plate and the ampli-
tude of the vibration velocity in the anti-node of the plate vibrations. Since the
basic aim of these investigations was the essessment of radiation at the eigen-
frequencies of the plate, it was necessary to determine preliminarily these
frequencies by defining the vibration modes. The modes were visualized by the
method of Chladni figures, consisting in covering the vibrating plate surface
with a fine material layer [8]. As a result of the plate vibrations, this material
gathered in the vibration nodes. The radiation of acoustic energy by the plate
was investigated in the free field conditions (in an anechoic chamber) and in the
reverberant field conditions (in a reverberation chamber).
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The procedure consisted of three main stages. The first stage involved prelimi-
nary investigation aimed at the determination of the frequencies of the vibration
nodes and their comparison with the calculated values. These investigations

bl 1

P A r

SE#

10 12 13
= [
8
9 7

Fig. 2. The block diagram of the system for measuring and exciting vibration of the plate,
which was used in the investigations in the free and reverberant field conditions

1 — a BK 4408 two-channel microphone selector, 2 — a BK 2607 measuring amplifier, 3 — & BK 2305 recorder,

4 — a BK 2607 measuring amplifier, 5 — a BK 2650 precision preamplifier, 6 — a BK 1026 generator, 7 — a BK

2707 power amplifier, 8§ — the head of a BK 4813 exciter, 9 — the encasing of a BK 4801 exciter, 10 — an HM

0002 contactless electromagnetic vibration velocity sensor, 11 — a BK 8305 accelerometer, 12 — the plate tested,
13 — the baffle, 14 — the exciting piston

were performed in an anechoic chamber. In order to assure regular vibration
distributions on the plate, plates were chosen from the point of view of good
isotropic properties. As a result of this selection, a steel isotropic plate of the
thickness b = 0.9 mm and the diameter 2a = 497 mm was used in the further
investigations. Table 1 shows the values of the eigenfrequencies of the plate,
both obtained experimentally and from theoretical calculations according to
relation (3). The following numerical values were taken for the calculations:
E =2.06-10"N-m™*,» = 0.27, ¢ = 7.86-10* kg -m~*. The values of the serfies
Vmn Were taken after MORSE [11].

The second stage of the investigations involved the estimation of the
sound power radiated by the plate at the resonance frequencies. These investi-
gations were performed in the free field conditions, where the plate was excited
to vibrate at the frequencies of axially symmetrical and axially nonsymmetrical
resonances. The examples of Chladni figures for chosen eigenmodes are shown
in Fig. 3.

The sound power was determined on the basis of the directional characte-
ristic by measuring the sound pressure level as a function of angle for a constant
distance from the plate centre. This distance was 2 m. In order to determine
experimentally the equivalent surface of the plate for the axially symmetrical
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modes, the r.m.s. vibration velocity of the plate was also measured at its centre.
The directional characteristics were measured using a BK 3922 turn table and
registered with a BK 2305 level recorder.

The third stage of the investigations involved the estimation of the sound
power radiated by the plate in the reverberant field conditions. This estimation
took place in a reverberation chamber of the volume ¥V = 196 m3. The estima-
tion was based on the sound power measurements in a reverberation chamber
at six measurement points. Moreover, in order to determine the equivalent
surface of the plate, the r.m.s. vibration velocities of the plate centre were also
measured. These investigations were performed in the measurement system
shown in Fig. 1.

In order for the calculations of the sound power in the reverberant field
conditions to be possible, the values of the reverberation time of the chamber
were measured over the frequency range under consideration. These are
given in Table 2.

It follows from the calculated resonance frequencies of the plate shown
in Table 1, that for higher frequencies for %,,,a > 8, a distinct concentration of
the resonance frequencies occurs. This can be seen in Fig. 4 which shows the
number of vibration modes N as a function of frequency, corresponding to the
frequency range 20 Hz. The vibration distribution is much more complex then,
as a result of which, the vibration velocity measurements at the plate centre
may be insufficient. The measurements were expanded, therefore, to include the
vibration velocities at several points of the plate in order to provide the mear
value.

After the preliminary investigations, the measurements were decided to be
taken at 5 points, one of which was at the centre of the plate, while the other
four were on the circumference at the distance » = 80 mm from the centre of
the plate.

From these measurements the mean square value of the vibration velocity
was calculated from the relation

n
?-’?Af) Z%Z”%(Af)s n =25, (14)
i=1
where v, is the r.m.s. vibration velocity of the plate at the ith measurement
point (i =1,2,...,5), Af = 10 Hz denotes the frequency bandwidth over which
the amplitude was averaged.
It was possible thus to calculate the radiation efficiency [1, 2], defined
according to the relation

B (15)
00CB(ag) S,

where S, is the surface area of the real plate, and W, is the sound power of
the plate measured in a reverberation chamber.

Oan =



8. CZARNECKI, Z. ENGEL, R. PANUSZKA




POWER AND EFFICIENCY OF CIRCULAR PLATE 349

Fig. 3. Examples of the Chladni figures obtained for several
vibration modes of a circular plate clamped on the cirecumference
(with diameter 2a = 497 m, thickness b = 0.9 mm)

8) foo= 28.1 Hz; b) fo. = 123.0 Hz; ¢) foa = 286.3 Hz; d) fou = 507.9 Hz;
e) /s = 295.0 Hz, f) f,, = 499.0 Hz

4. Estimation of the radiated sound power and the equivalent surface of the plate

a. The measured and calculated results obtained from the investigations
performed in the free field conditions

On the basis of the directional characteristics determined, the squared
values of the sound pressure were calculated at a given frequency. From the
measurement of the distribution of the sound pressures measured on a hemisphe-
re at the distance ,, = 2 m from the centre of the plate, 38 values of the sound
pressures p; were determined for averaging the pressure at each of the frequencies
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under investigation. Hence, the mean sound pressure levels were determined
according to the relation

L; = 10108"152/1’3’
where

N2

18
1
7 I — 2. 2 = . _10—.
P =g D 0l =10 (16)

i=1

RN IR

0 200 400 600 800 1000 1200 1400 1600 f [Hzl

Fig. 4. The number of vibration modes occurring for a circular plate in the frequency
bandwidth Af = 20 Hz

The sound power radiated was calculated from the relation

(17)

where go¢ = 4156 kg-m~*:s7! is the characteristic impedance of the air, and
8, = 2xnr, = 25.1 m?is the area of the hemisphere for the measurements of
sound pressure. Hence, the sound power level was expressed in the form

Ly, = 10log Ti;,, [dB], (18)

0

where W, = 107 W.
The values of the average sound pressure levels and of the sound power are
shown in Figs. 5 and 6.
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On the basis of the measured r.m.s. vibration velocities at the centre of the
plate, the values of their levels were calculated, according to the relation
vz
"y (19)

2
ref

where v, = 5:10"° m-s~'. These values are given in Fig. 7.

L,, = 10log

L5
{dBl
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Fig. 5. The levels of the averaged sound pressure radiated by the plate in the free field and
reverberant field conditions
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Fig. 6. The levels of the measured sound power radiated by the plate in the free field and
reverberant field conditions

Relation (7) in the following form was used for the calculation of the equi-
valent surfaces
W3
o vag £

S (20)
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After division of the value obtained for the plate surface §,, by its real
surface 8,, the coefficient of the vibration distribution, defined by formula (8),
was calculated,

ws
R, 8,02’

where 8, = 0.25 m?2

Lvo
[aB] . Y . T T
- reverberant field conditions
(0.1) x x x free field conditions
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b A A A (05) 1
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p
90 i rx
(] 200 400 600 800 1000 1200 f([Hz]
| | | | | | | | | | -
0 20 4.0 6.0 8.0 10.0 ka

Fig. 7. The levels of the vibration velocity at the centre of the plate tested, measured in the
free field and reverberant field conditions

On the basis of the value of the sound power W, obtained from relation (17)
and calculated from the measurement of the mean value of the sound pressure,
and on the basis of the values of the radiation resistance E,, calculated from
formula (6), the dependence of the coefficient of the vibration distribution x
on k,,,a was found. This dependence is represented by curve b in Fig. 8.

b. The measured and calculated results obtained from the investigations
in the reverberant field conditions

For low values of the adsorption coefficient of the room the sound power
in the reverberant field can be determined from the relation

A 0.045(24,'17 ;

Wy = (22)

gocT

where 7T is the reverberation time of the room, V is its volume, and 7y, is the
mean square value of the sound pressure, determined by averaging the results
obtained at 6 positions of the microphone at the frequency band Af = 10 Hz:

n

o 1 xn
plzdf) e Z p%(df): n =26, (23)

=1
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Then, the sound pressure level in the reverberant field can be calculated
from the relation

where

=2

Ljap = 10l0g - 52, (25)

ref

where p2, = 2:10~% N/m? is the reference sound pressure. The characteristic
of the velocity level obtained at the centre of the plate in the reverberant field
conditions is shown in Fig. 7. The calculations of the equivalent surface for the
axially symmetrical modes were based on relation (17). The values are represen-
ted by curve ¢ in Fig. 8. Fig. 8 also shows the values of the equivalent surface,
calculated theoretically from relation (12) for the first 5 axially symmetrical
vibration modes.

o
0.330
—L
|
\ e==s—~s theoretical calculations
\‘ om=o==o reverberant field conditions
0.249 A \\ x==x==x free field conditions
0.222  ih\
L\
\
A\
\ \
\
\ 5
X
313 S
2 A) \\
\\ A
N\ .
0.092 N
\ NS
ggg‘z k“ z It
1 . —
00i7E e B P
0.046" P
0.027 - T
l —tp
22.1344 123.0134.5 286.0 301.0 507.9 5504 8638 fI[Hzl
(0.1) (0.2) (0.3) (04) (05) (m.n)

Fig. 8. The variation of the coefficient of the vibraticn distribution » of a circular plate
clamped on the circumference, as a function of the axially symmetrical vibration modes

a) calculated from formulae (8) and (13), b) measured in the reverberant field conditions, ¢) measured in the free
field conditions
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5. Measured and calculated values of the radiation efficiency of the plate

In order to verify the usefulness of the equivalent surface for the higher
vibration modes, for which the vibration distribution of the plate is more
complex, the radiation efficiency, defined by formula (15), was measured. The
mean value of the vibration velocity was calculated from formula (14).

Subsequently, the levels of the mean velocity

2 :
Liay, = 10log 240, (26)
ref
were measured, whose dependence on frequency is shown in Fig. 9. This figure
also shows the vibration velocity level at the centre of the plate Loaz) and the
sound power level Ly,p,, determined from measurements in the reverberant
field, according to formula (24).
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120

110 |y
¥

100 b s )"Lj\ 2
Nt NN T~ SN A | A
: Vi

sof—b T da N~

~— o] |m== g |==lwr

N
>
[
)
4
i’}
S
{
A\
2

v
N~ g < -, A 3
N _/'I \ s fJ N5 \JV LR
80 e A\ Fo b g AW
X g v
"~ f
70
300 400 500 600 700 800 900 1000 1100 1200

f(Hz]

Fig. 9. The levels of the vibration velocity of the plate
LW — at the centre of the plate, L;, — averaged for the surface of the plate, and the sound power level Ly
measured in the reverberant field conditions (450-1200 Hz)

Subsequently, the value of the radiation coefficient, expressed on a logarith-
mic scale, was calculated

Lyssy = Lyprag — Liag — Ls, —10log gyc, (27)
where
Ly, = 10log8,. (28)

The dependence of L, on frequency is shown in Fig. 10. This figure also
shows, for comparison, the value of the coefficient of the vibration distribution,
expressed on a logarithmie scale,

8
L, = 10log 6‘3“, (29)

r

where S, is the equivalent surface of the plate, determined from relation (20).
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6. Discussion of the measured and calculated results

It follows from theoretical analysis that there are two opposite tendencies
affecting the plate radiation. On the one hand, the coefficient of the vibration
distribution, », decreases with increasing frequency, which results from Fig. 8; on
the other, the radiation resistance increases as the frequency increases, and for
k,,a > 2 it is equal to gyc.

Leile
(dB]
15 T T T T T T T
g o 4 ield conditi bl
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J\; \,/ % ox |
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oS

Fig. 10. The values of the radiation efficiency of the plate and of the coefficient of the vibra-
tion distribution, determined in the reverberant field conditions as a function of frequency
and expressed on a logarithmie scale

This is confirmed in approximation by the experimental results of sound
power measurements in the reverberant field and in the free-field conditions
shown in Fig. 6, from which it can be seen that at low frequencies for k,,,a < 5
the sound power radiated decreases with increasing frequency.

An increase of power radiated can be observed for the resonance frequencies
of the plate, but only for the axially symmetrical vibrations. A lack of a distinet
increase in the power radiated for axially nonsymmetrical vibrations can be
explained by the cancellation of the radiated waves caused by the vibration
in the anti-phase of the plate surfaces distant from each other by values which are
low with respect to the 1/4 wavelength.

A distinet increase in power radiated can, however, be observed at higher
frequencies, which does not follow from the theoretical curve of the distribution
coefficient (Fig. 8). It can be seen in Fig. 4 that for higher values of k,,,a > 8
the resonance frequencies cumulate over narrow frequency ranges. The plate
vibrates in this case in several modes, which increases considerably its equivalent
surface, since the distances between the vibration anti-nodes of the particular
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parts of the plate are comparable to 1 /4 wavelength, which decreases the cancella-
tion effect mentioned above.

This is confirmed by the results shown in Fig. 10, which give large values
of the coefficient x», expressed on a logarithmic scale for some frequencies over
the range 900-1200 Hz. Similar results are obtained for the radiation coefficient »,
expressed on a logarithmic scale, which is obtained from the measurements
of the mean vibration velocity of the plate by averaging the results from several
points.

A particularly large increase in sound power radiated for k,,a > 8 oceurs
in the reverberant field conditions, which results from the fact that, although
the excitation conditions of the plate are the same, the vibration velocities of
the plate in a reverberation chamber are higher than those in an anechoic
chamber (Fig. 7). This effect may be related to the additional resonance pheno-
mena resulting from the effect of the reflected waves on the vibration of the
plate. It should also be added that the overall value of the sound power genera-
ted in a reverberation chamber may be affected by the vibration of the baffle
which is the bounded space under the vibrating piston. This effect can also
cause an inerease in the measured power in a reverberation chamber with
respect to that in an anechoic chamber.

The above results suggest that in some cases it is possible to obtain too
high values of measured sound power in the reverberant field conditions when
the external field of the reflected waves affects the radiation conditions of the
resonance vibrating systems.

These investigations show that it is possible to measure approximately
the sound power of the plate by means of measuring the vibration velocity at
its centre, using the theoretically calculated or experimentally found equivalent
surface, 8,, — only, however, over the low frequency range for k,,a < 5. Over
the higher frequency range the values of S,, can increase considerably, which
requires the measurements of the vibration velocity at several points and the
application of their mean value.

7. Conclusions

1. The highest values of the sound power level radiated by the plate occu-
rred for the axially symmetrical resonance vibrations. In the case of the axially
nonsymmetrical resonance vibrations, and also the frequency range between
the resonances, the values of the sound power level radiated were lower by about
10 dB.

2. It was found from experimental investigations that over the higher
frequency range (k,, @ > 8) a concentration of the resonance frequencies of the
plate occurred, causing an increase in the radiation efficiency of the plate at
some frequencies above 900 Hz.

3. The results of experimental investigations of the sound power in the
free field and reverberant field conditions showed a good agreement over the low
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frequency range. Over the higher frequency range the values of the sound
power measured in the reverberant field conditions were higher than those
measured in the free field conditions.

This might have resulted from the effect of the reflected waves which
caused an increase in the vibration velocity of the plate at some frequencies,
and also from the radiation of the lower part of the plate and the baffle.

4. The values of the equivalent surface of a circular plate determined for
the axially symmetrical vibrations permitted an approximate estimation of
the sound power radiated by the plate in the case when the amplitude of the
vibration velocity at its centre was known. This caleulation was possible for the
few first axially symmetrical vibration modes with k,, a < 5.

5. For higher frequencies, with k,,a > 8, the calculation of the sound
power based on the assumption of the value of the vibration velocity at the
centre of the plate may involve a high error, particularly in the reverberant
field conditions, since the radiation conditions of the plate were affected by the
field of the reflected waves.
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THE EFFECT OF CHOSEN PARAMETERS OF A TELEPHONE CHANNEL ON VOICE
IDENTIFICATION

CZESLAW BASZTURA, WOJCIECH MAJEWSKI

Institute of Telecommunication and Acoustics, Wroclaw Technical University
(60-317 Wroclaw, ul. B. Prusa 53/55)

The method and results of investigations aimed at the evaluation of the effect
of chosen parameters of a telephone channel on the masking of the individual
voice features are presented. In the experiments on voice samples of 10 speakers
(men) a speech signal was represented by the amplitude correlation matrix and the
distribution of time intervals between the zero-crossings of the speech signal.
The effect of the frequency band of a telephone channel and of distortions deter-
mined by different signal to noise ratios on the probability of correct voice iden-
tification was investigated. The results obtained show the possibility of voice
identification under the conditions of telephone transmission provided some
definite values of the parameters of a telephone link are maintained.

1. Introduction

The continuous development of new, specialized computer generations has
brought a situation where the peripheral equipment has bottle-necked the
application of computer systems of increasingly greater calculation capacity.
One of possible solutions to overcome this limitation is equipping computer
systems with acoustic terminals. In this connection, in many countries wide
research has for a number of years been done on the development of an acoustic
output from the computer, i.e. on the solution of the problem of speech synthesis.
Efforts to develop an acoustic computer input are equally intensive, which in
the field of the transmission of linguistic information requires the solution of the
problem of automatic speech recognition, and in the range of the transmission
of individual information, that of automatic speaker recognition. Both aspects
of the automatic computer input are essential in practice, and they sometimes
occur jointly. An example of this may be the case when the access to some
information stored in the computer memory is reserved for authorized persons

3 — Archives of Acoustics 4/81
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only, i.e. is available only when the identity of a person applying for this infor-
mation has been checked on the basis of analysis of his voice sample.

The cheapest and simplest way of achieving a multi-access man-computer
communication based on speech can be provided by the existing telephone
network. This requires, on the one hand, a number of investigations on the
effect of distortions and interferences caused by a telephone channel on the
possibility of both speech and speaker recognition, and, on the other hand,
needs the development of reliable telephone links of good parameters of speech
gignal transmission.

Little attention has been paid in the literature on speaker identification
to the masking of the individual voice features as a result of a broadly under-
stood effect of a telecommunication channel. Automatic speaker identification,
which concerns the procedure of assigning an unknown utterance to a speaker
from a given set of speakers, is the most difficult case of the general problem
of automatic speaker recognition. It is now in the stage of laboratory investiga-
tions and it will be long before it can be used in practice under the conditions
of telecommunication. ATAL’s publication [1], which reviews the state of art
in the investigations of automatic speaker identification, gives no results of
research done under the conditions which occur in practice in a telephone
conversation. Some information on the effect of a telecommunication channel
on the results of identification when simulated under laboratory conditions
can be found, however, in other communications in this field [4, 11]. It should
be added here that simulation of the effect of a telecommunication channel
under laboratory conditions differs from the conditions which occur in practi-
cal implementation of a system of automatic speaker identification in that in
the first case the learning and the recognized sequences are registered under the
same conditions, while in the second case the two sequence are as a rule registered
under different conditions, thus additionally deteriorating the identification
results.

Automatic speaker verification, which consists in deciding whether the
unknown utterance belongs to a particular speaker or not, i.e. a procedure of
making a binary decision, is a simpler case of the general problem of automatic
speaker recognition, which is closer to practical implementation than speaker
identification. Therefore, the ROSENBERG review [9] gives a larger number of
works accounting for the effect of the conditions of speech signal transmission
from speaker to processor on the verification results. It is of interest to note
another ROSENBERG's paper [10] which describes the possibility of implementing
a system of automatic speaker recognition with an error less than 5 procent
for speech signal transmission via a telephone link.

On the basis of the facts given above and appreciating the necessity of
investigating voice recognition on the phonetic and linguistic material of the
Polish language, and, additionally, bearing in mind the possibility of using the
procedures of automatic voice recognition not only in the generally accessible
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telephone information systems but also in crime detection, the present authors
set themselves the task of investigating the effect of chosen parameters of
a telephone link on the masking of the individual voice features. The object
of particular interest was the effect of the frequency bandwidth of a telephone
channel on the possibility of voice identification and the effect of typical distort-
ions caused by a telephone channel, represented by different levels of the signal
to noise ratio.

2. Identification system

2.1. Introduction.

Automatic speaker recognition can be implemented in a system of coupled
analogue and digital units, called a recognition system. The starting point for
system selection is above all the establishing of the aim of recognition. The aim
of the present investigation was to examine the effect of chosen parameters
of a telephone channel on the possibility of speaker identification. A simple
identification system, with a teacher, and the statistical criteria of decision-ma-
king [12], was selected for the implementation of this aim.

2.2. Block diagram of the identification system.

A simplified block diagram of the identification systems used is shown
in Fig. 1. This identification system can be divided into the three basic units:

(a) the signal source unit;

(b) the unit for measurement, i.e. extraction, of parameter sets,

(e) the classification unit.

The signal source is provided by recorded utterances of M speakers saying
the same test (the key phrase).

The measurement unit is an analogue-to-digital system for extraction
from a speech signal of the parameters significant from the point of view of the
individual features.

The classification unit consists of the information systems: the predeter-
mined information and the “teacher”, and the clagsifier proper including the
subunit for making patterns and the identification algorithm with criteria and
gimilarity measures. All the three units are interdependent on each other, i.e.
the signal source influences the measurement unit, and the selection of the
parameter set affects, in turn, both the way of making patterns and the kind of
probability measure and the decision-making eriterion of the identification
algorithm.

Following the advantages of the model, a short-term recognition model [3]
was used in this system.

In order to improve the reliability of the experimental results, two kinds
of parameter sets were used. The first was the distribution of the time intervals
between the zero-crossings of a speech signal [2, 3], the second was the amplitude
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correlation matrix (ACM) [7], based on the short-term spectral analysis. Appli-
cation of different parameter sets implies another way of pattern making and
other similarity measures. Therefore, despite the retaining of one identification
algorithm NM (nearest mean), the procedures differ in details and, accordingly,
require separate discussion.
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Fig. 1. A block diagram of the identification system
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Fig. 2. A block diagram of the telephone channel model

1, 6 — input and output systems, 2 — interference unit, 3 — central-pass filter, { — frequency response squalizer,
5 — attenuator, 7 — feeder
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2.3. The distribution of the time intervals between the zero-crossings.

Analysis of the previous investigations [2, 3] shows a fairly large effecti-
veness of representing the individual voice features by the parameter set with
Y., being the distribution of the time intervals between the zero-crossings
of a speech signal

Ym:.’P i {Y‘m-.’p.] Ym,p,z s Ym,p,k of g Ym.p,K} ’ (1)

where m =1,2, ..., M (M — the number of speakers), p =1,2,...,P,
(P,, — the number of utterance repetitions in the learning or the control sequence
for the mth speaker), k = 1,2, ..., K (K — the number of time channels).

The stage following the parameter set making is the making of patterns of
voice images. The basis for pattern making in this system is the learning sequence

{Cu} = (@ SRTR Y PRTRY (YI.PI? M)y eny (Ym,pm: An)y vens (YM,PM: Axt)s (2)

where 4,, is the speaker class membership predetermined by the “teacher”.
In the heuristic NM algorithm the voice class patterns are the mean vectors
from the repetitions ¥,,, and the Mahalanobis squared distance [3] was used
as similarity functions.

2.4. Amplitude correlation mairix

The amplitude correlation matrix was used for speaker recognition in the
long-term recognition model, by L1 and HuGHES [7], for example. The essence
of voice image description in this method consists in using the speaker-dependent
correlations beetween the amplitudes for the particular frequency bands. Let a,
represent the vector (of the size K), being a set of the amplitudes for the indivi-
dual K xT frequencies (Fig. 3).

Calculating the correlation matrix of amplitudes in the relation

A,(i,j) = [(a,(i) —‘3(7;)}(01(3') —a(j))]/o'io'ja (3)

T T

1 1 ot

o) -7 a0, -z Van-eay],
=1 Pt

$ b LT Sy dhy, P I B Uy eeuy ha

where

it can be regarded as a representation of the utterance for a stationary speech
signal in the long-term model [2, 4, 7], or for a definite utterance in the short-term
model [3].

When using the identification algorithm NM analogously to the distribu-
tions of the time intervals, the voice image patterns of the learning sequence are
based on the following relation

Pﬂl
1 ¢ G
473, 5) == DA™, §), ®)

p=1
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where
T
i sogigh
Am2 (i, j) =f§ AP0 (i, ). (®)

A™P (g, §) is the correlation matrix of amplitudes of the size K X K represen-
ting the pth repetition of the mth speaker. Since the matrix A (¢, j) is a real,
symmetrical matrix, it is sufficient for every second element of the matrix
to be stored in the pattern memory, which permits a considerable saving of
memory and calculation time.

i

Ak

. Lt

1 (X,
/ ar= {U; J.r Qp "y At i}
/ \T 7

v in e vy v "

reds rda

9 t (3 Rl time

Fig. 3. Discrete representation of the short-term spectrum for the {-sample

The definition of the common decision-making rule of the NM algorithm
was given in refs. [2, 3]. In view of the specificity of the parameter set A (¢, j),
after the authors of ref. [7], two similarity functions were used experimentally.
The first, defined as

K K Kol
&b, =3 ¥ By ) —anii, )]/ Y X (B 60", (6)
=1 i=j j=1 i=j

is a normalized Euclidean distance between the two matrices, where B" (i, j) is,
analogously to A™(i, j), the image of the nth recognized utterance. The second
similarity funection, defined as the average absolute difference between the
matrices 4 (¢, j) and B(4, j), can be calculated from the relation

K K
@ 2 SR Al 2
B = Ty D D, BN — 4G, - (7)

1=1 t=f
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3. Identification experiment

3.1. Introduction

The considerations in sections 1 and 2 were the basis for the identification
experiment aimed at answering the question whether and to what degree the
basic parameters of a telephone channel, for which the frequency band and the
signal to noise ratio were taken, affect the masking of the individual voice
features. This requires sound material recorded under suitable technical con-
ditions. In view of the desired measurement stability, particularly essential
with the few identification statistics (the number of speakers, the lengths of the
learning and the control sequences), the present investigations did not include
measurements under the real conditions of telephone transmission, and these
conditions were simulated using a model of telephone channel developed and
built in the Institute of Telecommunication and Acoustics, Wroctaw Technical
University.

3.2. Model of telephone channel

The model of telepnone channel (Fig. 2) is an analogue system implementing
the predetermined physical parameters and the basic characteristics of a typical
population of telephone channels. The variability range (the possibility of
adjustment) covers the real range of variations in the parameters of the frequency
response and of the distortions of typical telephone lines in natural telephony
[5, 6]. The channel model consists of input and output systems and the five
units of:

(a) additive distortions,

(b) the frequency response equalizer,

(¢) the central-pass band filter,

(d) the attenuator,

(e) feeders.

The nominal signal level is 0 dB. The maximum input and output voltage
is 3V. The input and output resistance is 600 Q.

3.3. Selection of the Ley phrase i

The present investigation used the text “jutro bedzie ladny dziei” as the
key phrase. This selection was justified by the easy pronunciation and the
frequent use of the words in the phrase and the relatively good approximation
of the mean statistics of the Polish language in terms of the frequency spectrum
and the occurrence frequency of the phonemes [8].

3.4. Population of speakers

In view of the rather time-consuming calculations the population of speakers
was limited to 10 persons-men from 20 to 35 years old. The key phrase was
recorded in two sessions (I and II) at an interval of one month. The length of the
learning sequence was 30, while that of the control sequence was 20, which
required three repetitions of the key phrase by each of the speakers in session I
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and two repetitions in session II. Irrespective of the kind of experiment the
learning sequence was taken from session I, and the control sequence from
session II.

3.5. Preparation of the sound material

The speakers’ utterances were recorded in a listening studio of the attenua-
tion of external distortions of — 30 dB. The speech signal was recorded on Super-
ton C-60 Low-Noise cassettes using a M 601 SD Unitra cassette tape recorder
manufactured by ZRK.

In order to introduce distortions and interferences the sound material
recorded was fed to the channel model and when it passed through it was recorded
again on the same recording equipment.

3.6. Programme of the experiments

The programme assumed for the experiments in speaker identification
is shown in Fig. 4. Experiment 0 made for a speech signal of the form obtained
directly from preliminary recordings, aimed at achieving some reference measure.

speech signals learnin -
from preliminary sequengce ~session I
dFeBO 5,0%% H. ized
ban * z recognize .
dynamics = 45 dB seg%gence ~session IT
Tawa 3 T’E'_—_—___I“____ 4 _.._27.'___'_'_,.3""
e T
band band band band
80+5000 300+3000 300 +3000 300+3000
H H He Hz
A . signal signal
dynamics dynamics to noise ratio]  |fo noise ratio
45 dB 45 dB 18 dB 6 dB

to identification system

Fig. 4. Programme of the experiments

Experiments 1-3 were made for the parameters of the model representing
typical parameters of telephone links and giving essential differences between
the mean speech intelligibility measured subjectively (using 10 listeners and
400 PB nonsense words corresponding to each setting of the channel model).
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The mean intelligibility was 96.3 per cent for experiment 0, while for experiments
1-3 it was 84.5, 73.0 and 66.1 per cent, respectively.

The principle and technical data of the programme implementing the
extraction of the parameters ¥, , i.e. the distribution of the time intervals
between the zero-crossings, were presented in greater detail in refs. [2, 3].
On the basis of these papers, 16 time channels K = 16 of the nominal boundary
values shown in Table 1 were taken. In the identification experiments made
according to the algorithm given in refs. [2, 3] 16-dimensional vectors of the
parameters ¥, were thus used.

Table 1. The boundaries of time channels

" to1 t E k fa i,
[ms] [ms] [ms] [ms]
§ Duiside 3 yii osgpe'1y 2oy
1 0.15 0.189 9 0.969 1.216
2 0.189 | 0.238 10 1.216 1.535
3 0.238 0.301 11 1.535 1.937
4 0.301 | 0.380 12 1.937 | 2.445
5 0.380 0.478 13 2.445 3.085
6 0.478 | 0.605 14 3.085 | 3.893
% 0.605 0.764 15 3.893 4.913
8 0.764 | 0.969 16 4.913 | 6.200

The programme of the extraction of the correlation matrices of the amplitu-
des A(¢,j) consisted of two parts. The first stage was a FEFT (fast Fourier
transform) calculating the amplitude spectrum with a Hamming window of
6.4 m width and the gap between the windows 4f = 20 ms, which permitted
spectral lines at an interval of 156.26 Hz. In view of the differences in duration
of the registered utterances of the elements of the key phrase, which did not
exceed 10-15 per cent of the mean duration, no time normalization was made
and the number T of windows taken, i.e.

e
T = At? (8)

where T,, = 0.710 s is the mean duration for the investigated set of M xP
utterances. K = 20 first lines of the spectrum were used to make the pattern
and recognized images.

3.7. Experimental resulis
The results obtained from the identification experiments for the two
representations of voices ¥ and A are shown in Table 2.
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Table 2, The identification results (percentage of
correct decisions) for the parameter sets ¥ and A4

Learning Confrul Reprezen- | Represen-
sequence | sequence S ting Tkt
-experi- -experi- Y [%] 4 %]
ment; ment

0 90 80

1 60 55

0 2 65 50

3 35 25

1 1 85 75

2 2 85 80

3 3 40 40

NB. When the correlation matrix of ampli-
tudes was used for voice description the same
results of correct identification were obtained for
both similarity functions d{t), and d{),,.

4, Conclusion

The experiments permit the following observations and conclusions to be
given:

1. Both parameter sets show an almost similarly effective representation
of the individual voice features and an almost similar liability to the masking of
these features by distortions and interferences caused by the telephone channel,
except that slightly better identification results were obtained for the voice
deseription using the distribution of the zero-crossings.

2. The experiments confirmed the thesis, proposed in chapter 1, of the
essential effect of the agreement in the conditions of transmission between the
signals forming the pattern sequences and those making up the recognized
sequences, on the probability of correct voice identification. With this agree-
ment, the identification results were distinctly better.

3. For a recognized sequence composed of a gignal contained in the telepho-
ne band 300-3000 Hz a change in the value of the signal to noise ratio from
45 dB to 18 dB only slightly affected the identification results. When the
pattern sequence was also composed of the signal defined above, the identifi-
cation results were comparable to the results in the reference system, i.e. for the
band 80-5000 Hz and the dynamics 45 dB. It follows therefore that the telephone
band and the signal to noise ratio of the order of 18 dB or more do not consitute
any essential obstacle to the achievement of safisfactory recognition results
provided the agreement in the transmission conditions between the pattern
and recognized signals is maintained.
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4. Comparison of the identification results shown in Table 2 with the
results of speech intelligibility measurements given in section 3.6 shows that
distortions nad interferences caused by the telephone channel have a different
effect on the masking of the individual voice features, compared to that on the
intelligibility of speech. A rapid worsening of the identification results, i.e.
weakening of the ability of the telephone channel to transmit individual infor-
mation, occurred only for the channel parameters defined by experiment 3,
while a weakening of the ability of the channel to transmit linguistic information
in terms of speech intelligibility occurred in a smooth manner from the condition
defined by experiment “0” to those defined by experiment “3”. Accordingly,
it can be expected that attempts at evaluation of the ability of the telecommuni-
cation channel to transmit individual information, based on the quality of the
transmission of linguistic information and conversely, will not be succesful.

The future investigations of voice identification under the conditions of
telephone transmission should concentrate mainly on the selection of such
parameters of a speech signal, which being good carriers of the individual
voice features, would not be liable to distortions and interferences caused by
the telephone channel, or on the development of such methods of speech signal
analysis as permit the compensation for the effect of unknown transmission
conditions. Another important task is the definition of the numerical relations
between the kind and value of distortions and interferences caused by the
telephone channel and the probability of voice identification in the systems
assumed.

The solution of these problems and others, difficult and time-consuming
though it is, will permit a practical application of systems of automatic speaker
recognition under the conditions of telephone communication. The authors
hope that the present paper is a contribution to the implementation of this
prospect.
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THE PERCEPTIBILITY OF MISTUNED MELODIC INTERVALS BY SCHOOL CHILDREN

H. HARAJDA, J. FYK

Pedagogical University (65-063 Zielona Goéra, Plac Slowianski 5)

The aim of this study was to investigate the perceptibility of detuned
(mistuned) melodie intervals of prime (1), minor second (2m), major second (2w)
and minor third by school children, depending on the sound fimbre and the age
of persons examined. The investigation included isolated infervals and infervals
in a melodic context. The results obtained for age groups from different centres
were compared. It was found that a student of average musical talent tends fo
perceive detuned melodic intervals below a quarter tone. The perceptibility of
these detunings is much higher in intervals composed of musical sounds (“coloured”
sounds) occurring in a musical context than in isolated intervals composed of
sinusoidal tones. The age of a student or the centre from which he comes were
found not to have an effect on the perceptibility of the detunings.

1. Introduction

The perception of melodie intervals by groups of persons of high musical
training were investigated by several researchers, WARD [14], DROBNER [3],
TARNoCczZY and SzZENDE [13] and RAkowskr [11]. The investigations of this
type performed on musically neglected children were described by LEWANDOW-
SKA [8]. There is a lack, however, of data obtained by acoustical investigation
methods and related to the perceiving abilities of average gifted children. One of the
basie conditions of sound pitch perception is the perceptibility of detuning (mistu-
ning). A laboratory experiment was therefore conducted, which aimed at investi-
gation of the abilities in this respeet of children undergoing a general, nonprofe-
ssional musieal training in school. The aim of the investigation was to determine
the perceptibility of detunings of chosen melodic intervals below a semitone.

At the same time an attempt was made to investigate whether this percep-
tibility is related to the sound timbre and age of a child.
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For this purpose, special tests composed of the following complex sounds
were designed and made: piano sounds (called the pianoforte sounds, designa-
ted as Pfp), flute sounds (F7) and violin sounds (Vin), called below as “coloured
tests”, and tests of sinusoidal sounds, defined in short as “sinusoidal tests”.
The coloured tests were used in three age groups including children from forms I
and IT (designated as I/II), IIT and IV (III/IV), and V and VI (V/VI). The
pianoforte tests were used in all groups while the other were used only in groups
III/IV.

Music material was taken from the repertory of songs in the school program-
me for the particular forms, i.e. from the following collections: POWROZNIAK [19],
LrpskA and PRZYCHODZINSKA [17, 18], PRZYCHODZINSKA [20], STANKIEWICZ [21,
22], KACZURBINA [6]. The coloured tests were used to investigate the percepti-
bility of detunings of the intervals in a melodic context, while the sinusoidal
tests were used in the case of detunings of isolated intervals.

The psychological position of a sound in a melody is defined by its tonal
context, its absolute position on the pitch scale and the course of the melody [9].
Investigations in this field showed that a listener is hardly aware of intervals
in a melody since his attention centres on the melody as a whole instead [1],
and the melodic line functions independently of the order of interval sizes [2].

Moreover, even the same intervals occurring in different musical contexts
are not equal in the psychological sense. The effect of the musical context on
the perception of intervals was stressed by SAKHALTUEVA [12], CHMIELEWSEA [1],
Lerep [7], HARAJDA and FYK [4]. Therefore, the melodic phrases making up
the music material of the tests take into account the distinet functional character
of intervals under investigation and also their position in a melody.

The following intervals were selected :

— for the group of children from forms I/IT; F!-F* (the functional degrees
I-1I), ¥! sharp-G' (VII-VIIT), D’-C* (II-T), C*-A! (V-III);

— for the group of children from forms ITT/IV, G'-G' (I-I), F* sharp-G!
(VII-VIII), A'-G' (IT-I), G-E! (V-III);

— for the group of children from forms V/V1; F.-F! (I-I), D!-E! flat
(VII-VIII), AL-G! (II-T), E2-A! (V-III).

The intervals 1, 2m, 3w, 3m were selected, because these intervals most
frequently occur in school musical texts.

The domination of short intervals over long ones in melody was already
stressed by ORTMANN [9], on the basis of analyzing 160 songs. This is also
confirmed by the interval analysis of songs in musie school-books. As an example,
there were given results of the interval analysis performed on 45 songs contained
in the currently used music school-book for form V [6].

The present experiment was carried out from 1976 to 1979 under laboratory
conditions and was preceded by an experiment under natural conditions, in
school. The children participating in both experiments represented the “average
student group”. The first experiment was to determine the abilities of perceiving
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Table 1. The frequency of the occurrence of the melodie
intervals in school songs in form V (45 melodies 2932

intervals)

Interval | Number| [%] | Interval | Number | [%]
1 579 19.8 42w 9 0.3
2m 485 16.5 Szmn 19 0.7
2w 905 30.9 5 79 2.7
3emn 1 0.0 6m 13 0.4
3m 402 13.7 6w 25 0.9
3w 218 7.4 Tm 14 0.5
dzmn 1 0.0 Tw 0 0.0
+ 172 5.9 8 10 0.3

melodic intervals over an octave, within the solfeggio error, i.e. exceeding
a semitone. It was carried out in groups of 8 to 15 persons in 24 centres, including
728 children. The centres included big cities (designated as M), small towns m
and rural centres W. On the basis of carefully made subjective examinations
by teachers and specially selected examiners, three children, the most represen-
tative ones for the “average student” level, were selected for the laboratory
experiment from each group.

2. Composition of tests

a. Coloured tests. The composition of all the types of the tests is the same.
They are composed of a set of tests presented in four series which correspond to
the following intervals:

series I — prime (1), the repetition of the tonic,

geries II — minor second (2 m) in direction VII-VIIL degree,

geries III — major second (2w) in direction II-I degree,

geries IV — minor third (3m) in direction V—III degree.

Each of the series uses different musical-melodic material and is preceded
by a longer and shorter piece of a given metody (Fig. 1). A series consists of

A slowly ToT

e s —t
st e
! ez aitd

B
? i §
ﬁ =Y |l: + % I
¥ < 1 = Y | il
1 £ . 1l 1= 15 | -
AW = | 1
—_——
L

Fig. 1. The music material of series I of the test for forms ITI/IV; A — the piece of melody
preceding the test, B — the test melody
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12 pairs of a two-bar melody, i.e. of 10 pairs of melody pieces, which differ in the
magnitude of the detuning of the last sound, and of 2 pairs in which the last
sound is not detuned. In each pair the first melody is standard and not detuned
while the second — the control melody — contains (in 40 cases) or does not
contain (8 cases) a detuning of the last sound of a melody. Thus, each coloured
test contains 48 tasks given in a quasi-stochastic order. The order of tasks
in the pianoforte, flute and violin tests is given in Table 2. The detuning range

Table 2. The set of test tasks in pianoforte, flute and
violin tests for the group from forms III/IV

Test task Detuning (ct)
no pianoforte | flute test violin
test test
1 +| 100-75 | + | 100-75 |+ | 100-75
9 — 15025 |—| 50-25 [ ~| '50-25
3 0 0 0
4 4+ | 1150-256 | +|  50-25 .|+ | 50-25
5 SRS 148 [ B G oS, ¥ g e e, M,
6 + | 2515 |4 | 25-16 |+ | 25-15
7 —17100-75 | — | 100-75 | — | 100-75
8 iles BBabBa| dpudiss L BL0 §+ 15-10
9 —| 76-60 |—| 75-50 |— | 75-50
10 0 ool oy
11 +| 7550 |+ | 75-50 |4 75-50
12 ~| 2515 |—| 25-16 |—| 15-10

+ and — denofe the upward and downward mis.
tunings, respectively

of the second sound of an interval varied in the following intervals; 100-75,
75-50, 50-25, 25-15 and 15-10 ¢t upwards and downwards. The tolerance range
resulted from the restricted real possibilities of tuning in the particular sounds
of instruments used.

The pause between each pair of tests was 5s. This pause was destined for
the answer of the person tested. The pause within each pair of tasks was 1.58
(mostly hardly above 1.58), while the pause between successive series was 10s.

After listening to each pair of melodies, it was estimated whether the into-
nation of the last sound in the control melody coincided with the intonation of
the last sound in the standard melody. In the case the coinciding intonations
were perceived, the answer was “yes”, while in the case when a change in the
intonation was perceived, the answer was “no”. The investigator wrote the
assessments in a control card under a number corresponding to a given melody
pair estimated (yes as 4 and no as —). These signs were interpreted as correct
or incorrect answers, depending on whether the intonation coincided in a given
pair or the detuning took place. Each song on which the tests were drawn had
been sung in class before.
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b. Sinusoidal tests. A sinusoidal test had the same composition as the
coloured tests, consisting of four series corresponding to the same intervals:
series I — 1, IT — 2m, IIT ~ 2w and IV — 3m. Each series contained 12 pairs
of isolated intervals given in a quasi-stochastic order, where in 10 pairs the first
interval was a standard, while the second was a mistuned one, and in 2 pairs both
intervals were not detuned. The particular intervals were elaborated with
keeping the same pitch register and the motion direction as in the coloured
tests. The detunings of the second tone were 75, 50, 15 and 10 ¢t upwards and
downwards. The duration of the interval tones was 1.00 8, the pause between
the intervals in a pair was 1.67 s, while the response time was 1.77 8. The rise
and decay times of the signals were 0.05 s.

3. Recording procedure

a. Sinusoidal tests. The tests of sinusoidal tones were programmed using
& three — channel analog modulator [5]. The standard and control (variable)
intervals were supplied from a sinusoidal tone generator at a grequency stability
of the order of 10 ~* per day. The signal frequency was measured with an electro-
nic counter with an accuracy of 10 =2 Hz. The durations of the intervals and of
the pauses between the intervals were controlled by a unit of logical modules
with an accuracy of 1 per cent. The sound material was recorded on a magnetic
tape with a Nagra IV-8J tape recorder at a tape shift rate of 0.19 m/s.

b. Coloured tests. In producing pianoforte tests, sounds were detuncd by
normal tuning of an instrument. A piano-tuner tuned or detuned given sounds
to a desired pitch by ear. At the same time, the correctness of detuning was
controlled by observing the Lissajous figures on an oscilloseope display. Control
measurements showed that after some time the tuner remained in most cases
within the predetermined detuning limits.

Electronic control consisted in precise comparison of the frequency of the
fundamental tone of a given piano sound with a signal of the same frequency,
with an accuracy of 0.1 Hz. The set of the apparatus used is shown in Fig. 2.
The piano player played a piece of a melody with a desired detuning, at a fixed
tempo and dynamics. The tempo of the melodic pieces was controlled with a me-
tronome in a next-door room. The piano player received the metronome signal by
earphones. The variations from 70 to 80 dB in the level of sounds being recorded
were tolerated. A large difficulty in test shaping was the undesired detuning of sou-
nds adjacent to the purposefully detuned sound when the latter was being detuned.
Therefore, before the final form of the test was set, the tune of both sounds of an
interval was controlled additionally and corrected, if necessary.

The procedure of recording tests composed of flute and violin sounds was
similar to that of recording the pianoforte tests. The difference congisted in

4 — Archives of Acoustics 4/81
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changing the order of recording and control. The musician formed the test
material for recordings a number of times, detuning a given sound on the basis
of subjective auditory assessment. And only then was the real magnitude of the
detuning controlled by objective measurements, and the chosen variant of the
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Fig. 2. A block diagram of the apparatus used for the recording and control of the music
material for the coloured tests

whole melodic piece, which was assigned to a relevant group of detunings, to be
edited further, was recorded. When all the detunings were ready, the whole
series was edited. In this way, although the whole recording procedure was very
long (particularly, in the case of the flute tests), the editing of a test within
one melodic piece was avoided.

¢. Control of tests. The experimental material of the violin and flute tests
underwent a spot detailed check in terms of the frequency and the amplitude
(F0 and A0) of sounds making up the intervals investigated. This check was
based on the intonographic record made with an analogue-digital system [15].
The measurement set consisted of a MERA 30 mini computer (a digital convertor
with memory), a DT-105 paper tape punch, and a CT-1001 punched tape reader.

4. Persons examined

On the basis of the results of the previously mentioned experiment perfor-
med under natural conditions, three children were chosen from each form in
each centre. They represented the “average student” group in terms of musical
training, with particular emphasis on the perception of melodic intervals. All
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the children had normal physiological hearing, with a hearing loss tolerance of
up to 30 dB.

There were the following age groups: the first congisted of 36 children from
forms I and IT (27 girls, 9 boys), including 3 children from the centres M (1 +2),
20 children from the centres m (17 4-3), and 12 children from the centres W
(9+3). The second group had 43 children from forms IIT and IV (28 girls,
15 boys), including 13 from the centres M (10 -+ 3), 18 from the centres m (7+11)
and 12 from the centres W (11-+1). The third group consisted of 63 children
from forms V and VI (56 girls, 7 boys), including 22 from the centres M (21 4-1),
18 from the centres m (16 +2) and 23 from the centres W (19 +4).

The children selected for participation in the acoustic tests had earlier
taken part in music testing in class. They were familiar with the laboratory
conditions in the course of checking the audibility threshold curves. In order to
prevent surprises in terms of organization, the children were instructed preli-
minarily about the investigation procedure. All the selected children volun-
teered for the tests, and were under the care of their music teacher. Four children
had to be dropped in the course of the investigations, since they gave totally
accidental answers, which was found in the preliminary control of answer
repeatability. The total lack of repeatability may have been caused both by the
bad perceptibility or the lack of attention.

5. Listenings

In order to avoid additional distortions and disturbances while reproducing
tape recordings, caused by the amplification system, each time before the
measurements followed, the nonlinear distortions of the power amplifier and
the efficiency of the “contour” filter and the anti-noise filter were controlled.
The same power level at the output of the amplification system was controlled
before each listening.

The listenings took place in a GIG AU-1 audiometric booth, with SN-60
earphones, binaurally. The otter apparatus was installed in the room where the
booth was. The connection diagram was the same as in paper [4].

The intensity level of the sound received corresponded approximately to
the level on which the sound reached the microphone in the recordings. The
student gave answers yes or no through a microphone in the booth, which
permitted contact with the person recording the answers. A five-minute inter-
mission was taken after two series. Each student was tested at least three
times; with usually one session for each student per day; in the rare cases when
the student lived far from Zielona Goéra, two sessions were conducted. The dura-
tion of listening to each series was about 240 s. Each successive series was
preceded with a special announcement.
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6. Analysis of the results

The results were tabulated for each group, for the particular intervals
individually. As an example, the results obtained for the children group of forms V
and VI are shown in Tables 3-5. 756 per cent of the correct answers was taken
as the criterion of interval detuning perceptibility. On the basis of the tables,
histograms of the correct answers were elaborated in relation to the detuning
degree of an interval (Figs. 3-5). The black column represents the percentage
of the correct answers for a nondetuned interval.

a. Children group from forms I/II. Pianoforte tests. 36 children were tested.
The maximum number of answers for each detuning in the intervals 1, 2m,
2w, 3m was 128 for each melody containing a detuned interval and 256 for
a melody with a nondetuned interval.

The distinctly best perceptibility was found for the upward detuned prime
interval (88 per cent of correct answers for 25-15 ct upwards), and minor third
downwards (above 71 per cent of correct answers for 25-15 downwards). The
perceptibility of detunings in the minor second and major second intervals
wag similar, including for the major second the detunings of 50-25 ¢t upwards and
for the minor second and major second only 75-50 et downwards*.

b. Children group from forms ITI/IV. Tests of all kinds. 43 children were
tested with pianoforte tests. The maximum number of answers for each detuning
in all the intervals was 151 for each melody containing a detuned interval and
302 for each melody containing a nondetuned interval.

The best perceptibility was found for the detuned minor third and prime,
where, as in group I/II, the downward detuned minor third was perceived
better than the upward one, while the detuned prime was recognized better for
the upward case than the downward one. Even the least downward detuned
minor third was perceived, i.e. 15-10 ct (81 per cent of correct answers), while
the least perceptible prime detuning was 25-15 ¢t upwards (84 per cent of
correct answers). The perceptibility of the detuned minor second and major
second was similar and, as in group I/II, the detunings in these intervals were
perceived up to the range 75-50 ct. Smaller detunings were not perceived.

33 children were tested with flute tests (27 girls, 6 boys). The maximum
number of answers for each melody containing a detuned interval was 121, while
for that with a nondetuned interval it was 242.

The best perceptibility of detunings was observed for the prime and major
second intervals, where results obtained for the prime were similar to those in
the pianoforte test. Both for the major second and the prime the upward detu-
nings were perceived better than the downward ones. The least perceptible

* The test pair containing the mistuned interval 2m in the range 50-25 ct was damaged
in the investigations.
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upward detuning was 25-15 ct (84 per cent of correct answers), while for the
downward case it was 75-50 ct. The results obtained in the case of the detuned
minor third were similar. For the minor second, downward detuning was easier to
detect. The least perceptible upward detuning of this interval was within the
limits 75-50 ct, as in the pianoforte test, while the least perceptible downward
detuning was 50-25 ct.

36 children (30 girls, 6 boys) were tested with violin tests. The maximum
number of answers for each interval was 124 in the detuned case and 248 in the
nondetuned one.

The distinctly best results were obtained for the prime. Only the least
downward detuning (15-10 ct) was not perceived. The results obtained for the
minor second and the minor third were similar, with the upward detuning
being perceived better. The least perceptible upward detuning was within the
limits 50-25 ct, while in the downward case it was 75-50 ct. The detuned major
second was worst perceived, i.e. 50-25 ¢t upwards and only 100-75 ¢t downwards.

33 children (27 girls, 6 boys) were tested with sinusoidal tests concerning
the isolated intervals. The maximum number of answers in the detuned case for
each pair was 114 and 228 in the case of the nondetuned intervals (an exception
was the number of results for 2w, since one task was damaged).

The following results were obtained: for the prime, minor second and
major second intervals only the greatest upward and downward detunings
were perceptible. Only the greatest upward detunings of the minor third interval
were also perceived, while for the downward detunings extremaly incoherent
answers were given. These were thus the worst results out of those in the tests.

c. Students from forms V/VI. Pianoforte tests. 63 children were tested. The
maximum number of answers for each detuning in all the intervals was 210 in
the detuned case and 420 for a melody containing a nondetuned interval.

The children perceived all the upward detuned primes but in the downward
case only the two greatest detunings. The results for the minor second and the
minor third were similar, and slightly better for the third. The same perceptibi-
lity occurred for both detuning directions (up to the range 50-25 ct). Differentia-
tion in relation to the detuning direction occurred for the major second, i.e.
75-50 ct upwards and 50-25 downwards.

d. Perceptibility of detunings in pianoforte tests by children from different
centres. Tables 3-5 show the perceptibility of detunings of all the intervals
investigated, with a division into groups corresponding to the particular cen-
tres M, m and W.

The prime detunings were perceived equally by all the three groups. In the
upward case the correct answers were given for even the least detunings, and
in the downward case only for the two greatest ranges. The upward detuned
minor second was in a similar way identified by children from all the centres,
while the detunings of this interval upwards were slightly worse perceived by
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Table 3. The perceptibility of the interval mistunings in a pianoforte test for the children
from forms V/VI (centres M)

Mistuning range (ct)

Interval 100-75 75-50 50-25 25-15 15-10 0

+ - - - + - + - + —

1 81 | 82 | 79 | 68 | 72 | 48 | 70 | 46 | 65 | 31 | 149

99 (100 | 96 | 83 | 88 | 58 | 85 | 56 | 79 | 38 91

2m |number | 82 | 81 | 82 | 81 | 67 | 64 | 23 | 27 | 24 | 16 | 156

of 100 | 09 |100 | 99 | 82 | 78 | 28 | 33 | 20 | 19 95

2w answers | 82 81 76 79 47 67 40 20 29 21 151

[%] |100 | 99 | 93 | 96 | 57 | 82 | 49 | 24 | 35 | 26 92

3m 77 | 82 | 77 | 80 | 76 | 76 | 37 | 43 | 18 | 21 | 155

94 (100 | 04 | 98 | 93 | 93 | 45 | 52 | 22 | 26 94

+ and — denote the upward and downward mistunings, respectively.

Table 4. The perceptibility of the interval mistunings in a pianoforte test for the children

from forms V/VI (cenfres m)

Mistuning range (ct)

Interval 100-75 75-50 50-25 25-15 15-10 0
ol = ol B TR PRET T B B b

1 53 | 53 | 53 | 50 | 50 | 35 | 52 | 35 | 50 | 20 | 99

100 {100 |100 | 94 | 94 | 66 | 98 | 66 | 94 | 38 | 93

9m |number| 53 | 52 | 52 | 52 | 45 | 45 | 20 | 13 | 21 7 | 103

of 100 | 98 | 98 | 98 | 85 | 85 | 55 | 25 | 40 | 13 | 97

2w answers | 53 52 50 52 43 47 39 19 36 16 | 104

[%] |100 | 98 | 94 | 98 | 81 | 89 | 74 | 36 | 68 | 30 | 98

3m 53 | 52 | 51 | 53 | 52 | 51 | 24 | 36 | 11 | 14 |[106

100 | 98 | 96 |[100 | 98 | 96 | 45 | 68 | 21 | 26 |100

Table 5. The perceptibility of the interval mistunings in a pianoforte test for the children
from forms V/VI (centres W)

Mistuning range (ct)

Interval 100-75 75-50 50-25 25-15 15-10 0
+ | = o lo=dbiwmid imod o= it obo=

1 74 | 72 | 713 | 60 | 69 | 40 | 68 | 38 | 56 | 21 | 138

98 | 96 | 97 | 80 | 92 | 53 | 91 | 51 | 75 | 28 | 92

2m |number| 74 | 67 | 56 | 69 | 62 | 52 | 30 | 17 | 26 | 186 | 136

ofans-| 99 | 89 | 75 | 92 | 83 | 69 | 40 | 23 [ 35 | 21 | 91

2w wers | 72 | 70 | 69 | 70 | 43 | 53 | 54 | 23 | 40 | 256 | 133

o) 1hee o 92 [Pes s T ] @ 817 88T 33| 80

3m m | 73 | 71| 713 | 67 | 671 | 27 | 40 | 12 | 28 | 136

95 | 97 | 95 | 97 | 80 | 89 | 36 | 53 | 16 | 37 | 91
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children from the centres W (by one detuning group). In the case of the major
second and minor third intervals the detunings were perceived best by the
children from the W centres. Thus, no generally distinet difference was found
between the results of children from the groups M and W; and the group m had
the best results.

This, however, cannot be taken as a rule, since in the group from forms I/IT
the children from the centres W perceived the detunings better than the children
from the group m.

No general relation was thus found to exist between the character of the
centre and the perceiving abilities in terms of detunings, although it can be
expected that in larger centres with the usually more intense musical life a grea-
ter musical training of children occurs, which is significant in the perception of
detunings.

7. Conclusions

The following general conclusions can be drawn from the results of the
investigations performed on all the student groups in all the tests.

1. The upward detuned interval 1 is best perceptible up to the range 25-15 ct,
where in two cases: in a violin test for forms ITI/TV and in a pianoforte test
for forms V/[VI, even the least detunings were perceived. The best pereeptibility
of the detunings of the interval 1 was found for violin tests.

2. In all the tests and age groups the detuning of the interval 3 m was
perceptible up to the range 50-25 ct, i.e. a detuning less than a quarter tone.
An exception was made by the flute and violin tests for forms ITI/IV with the
downward detunings (50 per cent and 69 per cent of correct answers, respecti-
vely). '

3. The upward detunings of the interval 2w were worst perceptible.

4. No relation was found to exist between the ability of perceiving the
intervals 1,2m, 2w and 3m in an “average student” and his age or the character
of the centre from which he came.

5. A student of average musical ability can perceive the detunings in the
melodic intervals below a quarter tcne. This fact should be taken into account
while programming musical training in school.

6. None of the three sound timbres (pianoforte, violin, flute) dominates
unambiguously over other two in terms of the effect on the perceptibility of the
detunings of the melodic intervals 1,2m, 2w and 3m.

7. The detuned intervals composed of sinusoidal tones are less perceptible
than those composed of coloured sounds of such instruments as the piano,
violin, or flute. It seems, therefore, that the sound timbre plays an essential
role in perceiving the detuned melodic intervals. What may also be significant is
the context in which the interval oceurs (the sinusoidal intervals were presented
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in isolation, while the “coloured” intervals were given in the context of a melodlc
phrase).

8. In the group of the intervals investigated the best perceptibility was
found for the upward detuning of 1, and the worst for the downward detuning
of 2w.

9. A tendency for the zone of the interval 1 to expand was found, as a result
of the tolerance of the upward detuning of this interval.

10. 2w shows a tendency to expand its magnitude, as a result of the tolerance
of the downward detunings, which agrees with the detumng direction and.the
motion direction of the interval. :

11. In moving from degree VII to degree VIII 2m shows a tendency to
decrease its magnitude, as a result of the higher tolerance of the downward
detuning.

12. 3m shows no tendency to either decrease or increase its magnitude.

Acknowledgements. The recordlngs of sinusoidal tests were performed on
appara,tus of Acoustics Department of Chopin Academy of Music, Warsaw.
The measurements were taken on apparatus of Institute of Applied Linguistics,
Warsaw University, in cooperation with Laboratory of Speech Acoustics,
Institute of Fundamental Technological Research.
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MAGNETOMECHANICAL COUPLING IN TRANSDUCERS
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The basic definitions of the coefficient of magnefomechanical coupling, &,
based on generalized definitions of magnetic, mechanical (elastic) and piezo-
magnetic energies, and on the magnetic quantities in the case of transmitting
transducers and the mechanical quantities in the case of receiving transducers,
i.e. for the mechanomagnetic coefficient, are presented. The relations between
the coupling coefficient and the coefficients occurring in each system of piezo-
magnetic equations and for different systems of equations and systems of units,
and also for induction and magnetization, are derived.

1. Initial remarks

The properties of piezomagnetic (magnetostrictive) materials are characteri-
zed by piezomagnetic coefficients occurring in piezomagnetic equations [1-12,
14, 15] and by other basic quantities and physical parameters, such as e.g.
the induction (magnetization M, I,J) of saturation B,, the magnetostriction
of saturation 4,, the magnetocrystalline anisotropy constants K,, K,, K, ..., the
density g, the resistivity g,;, the sound velocities and their temperature dependen-
cies, the Curie temperature T, or the Néel temperature T, the mechanical
strength ete. [1-5, 8, 10-12, 14-15].

Of piezomagnetic coefficients occurring in piezomagnetic equations, such
mechanical coefficients can be distinguished as the coefficients ¢ or the moduli
(s, B, @) of elasticity defined for the constant field intensity H or the constant
magnetization (M, I, J), or the induction B, e.g. 85, Ey, E;, Ep; the magnetic
coefficients (of permeability u or of susceptibility x, or their reciprocals) defined
for the constant mechanical stress T, o,  (of a free sample), or for the
constant strains S§,c, 4, e.g. pp, sy pay %5y %,; and the magnetomechanical
coefficients such as the piezomagnetic sensitivity d or A, the constant (coefficient)
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of magnetostriction h, A or I', the coefficient of field stresses e and the coefficient
of inductive strains g, e.g. [1-12, 14, 15]. Although each of these coeffi-
cients describes some property of piezomagnetic material as a function of magne-
tization, amplitude, or temperature, but none of them is itself a sufficient
parameter for the usefulness of the piezomagnetic material to be satisfactorily
determined. It is only the set of piezomagnetic coefficients occurring in at
least one of the systems of piezomagnetic equations, i.e. at least 3 coefficients,
e.g. By, ppand d, that gives almost enough information. None of them, however,
can be a measure of the effectiveness of energy conversion.

This function is fulfilled by the coefficient of magnetomechanical coupling,
k, which in addition to the mechanical and electrical quality factor, the electro-
acoustical efficiency, the vibration amplitude etc., permits the comparison
of the properties of piezotronic materials and piezomagnetic transducers [1,
10-12, 14]. Tts analogue in piezoelectric materials is the coefficient of electromecha-
nical coupling [1, 10-12, 14)].

Part of the energy supplied to the transmitting transducer is converted to
the energy of elastic oscillation and radiated into the medium loading the
transducer. The opposite process occurs in the receiving transducer. The mecha-
nical energy E, (the acoustic energy E,), supplied to the receiver, is partly
converted to the magnetic energy E,, (the electrical energy E,;). The measure
of this transformation is the coupling coefficient: that of magnetomechanical
coupling in the case of piezomagnetic materials and transducers, and that of
electromechanical coupling in the ease of piezoelectrical materials and transdu-
cers, e.g. [1, 14]. The coefficient of optomechanical coupling can be defined
similarly in the case of piezooptic materials and transducers ete.

2. Definition of coupling

2.1. Coupled electrical circuits

Coupled electrical circuits are the systems permitting the transmission of
the ac power from one circuit to another.

The quantity characterizing quantitatively the degree of coupling is the
coupling coefficient which is in direct proportion to power transmitted, and in
inverse proportion to the geometrical mean of the power of the circuits,

L i Wgrurso Do
VW1W2 V%lzz

(1)

where W, and W, are the energies of the primary and the secondary circuits,
respectively; W, is the transmitted energy, 2,_,,, 21 and 2, are the characteristic
impedances of the coupling element and the primary and the secondary circuits,
respectively. As in the theory of electrical circuits, the definition of coupling
is derived in the case of piezotronic materials and components.
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2.2. Generalized definitions of energies related to the coupling

The part of energy which is transformed to another energy in magneto-
electro- or opto-mechanical transformations, can be called the piezo-magnetic,
piezo-electric, or piezo-optic energy, W,

The proper energies (energy densities), which participate in conversion in
the case of piezomagnetic transducers, i.e. the magnetic energy W,,, the mecha-
nical (elastic) energy W, and the piezomagnetic energy W,, can be defined in
the following way:

i=3 j=3 a=3 j=3

roiffemcig S o
i=1 j=1 i=1 j=1
1)=6 g=6 pP=6 g=6

i=3 g=6

", zzm

where B;, H; and H; are respectively 3 components of the axial vectors of the
induction B and the field intensity H; 8,, T, and T, are respectively 6 compo-
nents of the strain tensors §;; and the mechanical stresses T;; up; are 9 compo-
nents of the tensor of magnetic permeability at constant stresses (of a free
sample); 85, are 36 components of the tensor of the elastic coefficient at constant
magnetic field, i.e. the proper state corresponding in the extreme to an open
electrical circuit, which is in practice a system of constant current efficiency,
i.e. very high impedance; and d,, are 18 components of the pseudotensor of
piezomagnetic sensitivity. The differential signs were neglected in all these
quantities, but in should be borne in mind that these relations are valid over the
range of small reversible lossless linear variations of the quantities discussed
above.

2.3. Componenis of magnetic, mechanical and piezomagnelic vectors and
tensors

The components of the vectors and tensors occurring in equations (2)-(4)
in the most general expansion before simplification will have the following form,

BB =il 2, 308 UR)s (5)
HZHj (1=1,2,3 or w,y,2), (6)
8 =Sij' ('i,j =1,2,3 or ‘v’y:z)y (7)

T=T; (i,§ =1,2,3 or @y, 2), (8)
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By Bopizy B Bo(L+2gm1)y po#p1ay o %y

br = [yl = | tirars Brsny s | = | BoXmars oL+ Hpng), s %gas | (9)
Hpany Brsgy Mgy Ho%pa1s fo¥ragy fo(l + %)
d=dy (5,5,k=1,2,3), (10)
O =Chyp (5,7, B T="1,9,8), (11)
8 =8guu (¢,3,k,1=1,2,3). (12)

2.4. Magnetic energy

The energy stored in free material in the course of magnetization can be
defined on the basis of work put in its magnetization. The increases in energy
of a free unit volume (in the case of isothermal and reversible transformation)
can be defined by the following relations:

AW, = HaBy = u Ha(H +My) = py(1+wp) HAH = p, HAH — (13)
or

which after expansion gives

AWy = ppy HyAH, + ppy, H, AH, + pogyy Hy AHy + popy H, dH, +
+ e HydH, + ppas H,dH, + ppsy HydH, + ppyy HydH, + pryy HydH,.  (15)

Symmetricity of the tensor u,; can be proved in the following way. The diffe-
rentials of the increases in energy with respect to the components of the fields H,
and H, have the following form

aw,

m

ow
— = togns Hy + popgo Hy + pp, Hy (17)
oH,

= #Tqu‘i‘FTnHz‘I‘FTslHu (16)

Differentiation of equation (16) with respect to H, and that of (17) with
respect to H, give

2 aW,,,) S ol
DRy \ O, ]

o (oW, BW,
Pl T, ) DA = = B 19
BHI( L e A P (i)

and thus
Bz = Hpayy (20)
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and it can be shown similarly that

Pz = Hraly (21)
My = My (22)

i.e. the tensor gy is symmetrical.
After integration of equation (15) and consideration of relations (20)-(22),
the proper magnetization energy is

1 i : 1
Wy = E Mrnm +HT12JHIH2 +.“T13314Ha an E#mzﬂg ‘f“FTzaHsz = E .“:msﬂg .
(23)

Using the Einstein summation notation saying that when a letter index
occurs twice in the same term, summation should be done with respect to it,
relations (2) and (23) can be written in the following way

1 ¢
Wa = ) prgHH; (4,5 =1,2,3). (24)

2.5. Elastic strain energy

The change in the energy of elastic strain of a material unit volume, W,,
after consideration of the Hooke law, is defined by the following relations

dWe € TideHij 3 sﬂijle‘idekt (’i?j! k:l i = 1? 2! 3)’ (25)

In equation (25), 81 components occur in the most general form. In specific
cases some simplifications can be introduced and in the extreme case of strains,
e.g. longitudinal linear strains, 1 elastic coefficient, known as the Young’s
modulus ¥ or Hy, occurs. Similarly to the magnetic energy case for the symme-
try condition, the number of different elastic coefficients may be reduced from
81 up to the maximum 36 [13, 16]. The components of the stress tensor, T,
define the forces acting on the elementary surfaces of an elementary solid cube.
The first index: 1, 2,3 or @, vy, 2 denote the direction normal to the surface
considered, e.g. @ normal to the yz surface, while the second index denotes the
direction of the stress component. With absent bulk forces and bulk torsional
moments, and with uniform stresses, for the state of static equilibrium the tensor
is symmetrical and has 6 components, i.e.

Tij =Tji (¢,§ =1,2,3). (26)
The tensor of the strains §,; is similarly symmetrical, i.e.
’S’ij =Sﬁ ()] =1,2,3). (27)

The symmetry of elastic coefficients follows from the symmetry of the strain
and stress tensors

Cryjrr = Cjikt = CHujik (4,5, k, 1 =1,2,3). (28)
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For an elastic medinm, the strain energy is a function of state, independent
of intermediate states, and then

Crijrt = CHRlij (29)

The Hooke’s law in tensor notation has the following forms
Ty = cgyuSu (i,3,k,1 =1,2,3). (30)
’S:'J' iy 3Hijk!TIcl (1,4, k,1 =1,2,3). (31)

The flexibility or the coefficient (constant) of elasticity, ¢y, is the inverse
elastic modulus sg,, ‘and '

Sayn = Smja = Smgw = Sy (4,4, %, 1 =1,2,3). (32)

The symmetry of the coefficients with respect to the first or second pair of
indices permits a simpler matrix form to be used. Two-digit tensor notation can
be replaced with single-digit matrix form, e.g. [13, 167, according to the following
prineiple:

111, 222, 33—3, 234, 135, 324, 315, 1256, 216,

i.e. for example,
[Tp.] = [Ty, Ty, Ta:Tu TuTs]; [Sg] = [8y; 8y, 8, Su Ssy ’Sa],
and
p =14, whent¢=3,p=m+3, wheni¥%j#m
8;1 e ("::jrk:l=1!2:3)1
Hre — "HiR \g — k, when k =1, g =m+3, whenk #l#m
(p,g=1,2,3,...,6),
and in view of the symmetry of strains it can be assumed that
28y = 8gy, . When 4 #§ =1,2,3, (34)

and the dash can be neglected in sz, i.e.

(33)

8zy = #my, . When ¢ =j§'=1,2,3. (35)

After the above simplifications in notation, integration, reduction and
ordering, equation (25) for the proper energy of elastic strains becomes

1
W, =—

2 8T + 8, T\ Ty + 8y T1 Ty + 851 T\ Ty + 8115 T, T's +

T
+ 8T T+ P 8p0a Ty + 8pon Lo T's + 8p0g Lo Ty + 85105 To T's + 85106 To T+
1 9
+ rY 8713313 + 8psu Ts Ty + 85135 Ts Ty + 856 T's T+ Y 80T+ 8ps T T +

1 1 ’
+ 8546 T T's+ gsﬂssT‘g‘f‘sHsaTsTo'f‘EsHsaT%s (36)
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which in shorter notation gives the form
i
w, ="2"33ququ (p,qg=1,2,3,4,5,6), (37)

i.e. formula (3) in the Einstein notation.

2.7. Piezomagnetic energy

The piezomagnetic energy of a transducer is the part of magnetic or mecha-
nical energy which is transformed into other energy. The proper piezomagnetic
energy is characterized, for example, as the produet of additional strain caused
by the intensity of the magnetic field H,

8; = dy H, (i,j,%k =1,2,3) | (38)
and the mechanical stresses T
1
W, i AT H, (39)

or the additional induction B; (magnetization M;) caused by the external stresses
Ty

B{ :diiijk (isjsk =1, 2,3), (40)
and the field intensity H,, i.e. again
i &
Woirm Py Ay H T (41)

In the case of the symmetrical tensor T}, (with the absence of the internal
moments of a force), the piezomagnetic sensitivity, which functions here as the
proportionality coefficient, is symmetriecal, i.e.

gy = iy (42)

L)

and the number of its independent components reduces from 27 (see formula (10))
to 18.

After consideration of (42), formulae (39) or (41) in the expanded form are
the following

1 15
Wp ' E dlll HlTll + dlls HITIE + d113H1T13 + —5 d122H1T22 + d123 HITEB +
5 1 3
T o i3 H T35+ 2 Aoy Hy Ty + dggo HyT'p + dgys Hy Ths + =Y dyeo HoT'ps -+
k 1
+ dEESHRTES + —2— d933H2T33 + —2— dsll H3T1] _]_ d312H3T12 + dalaﬂ-aTla +

1 1 ‘
+ E d322H3T22 + dSBBHSTﬂ’. + E dSSBHaTBB » (43)

§ — Archives of Acoustics 4/81
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Substitution of the single-digit tensor notation for the two-digit form
leads to 6 components of the stress tensor 7', and 18 components of the tensor of
piezomagnetic sensitivity, d,,,

i
Wp = E‘ dquiTq? (44)

i.e. formula (4) in the Einstein notation.

2.8. Definition of the coefficient of magnetomechanical coupling

The magnitude of magnetomechanical eoupling depends on the products
of the density ratios of the energy transformed to the supplied. As in the theory
of circuits, the coefficient of magnetomechanical coupling, k, is defined as the
ratio of the piezomagnetic (coupling) energy to the geometrical mean of magnetic
and mechanical energy,
R g VP : (45)

VW, W,

which after insertion of relations (2)-(4), or simpler relations (24), (37) and (44),
and squaring, gives

k

e G ETN
by H 8y, T, Ty

(46)

For simple longitudinal or radial vibration, most components vanish and
only one remains, e.g. ks;. Then indices and summations can be neglected, and
dSHMTS - d? a*h
y s - = = = s (47)

py H2syT My Hr

3. Coefficients of magnetomechanical and mechanomagnetic coupling

3.1. Coefficients of magnetomechanical coupling

The coupling coefficient, defined in the previous section, is universal, since.
it applies both to magnetomechanical transducers, or magnetoacoustic transdu-
cers transforming magnetic energy into mechanical or acoustic energy, and to
mechanomagnetic (acoustomagnetic) transducers under the assumption of
idealized states, i.e. when no losses occur, for example, in magnetic, magneto-
mechanical, or mechanical energy, and of reversible behaviour. Under this
assumption the direction of change is not specified and the definition is thus
universal.

The coefficient of magnetomechanical coupling may be compared with the
coefficient of electromechanical coupling which occurs in piezoelectric or eleetro-
strictive transducers. The fact, however, that it is magnetic energy stored in
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the transducer core that is converted, as opposed to electric energy in the other
case, requires these two quantities to be differentiated.

The squared coefficient of magnetomechanical coupling in the case of
transmitting transducers defines which part (W,) of the magnetic energy W, is
converted into the mechanical (acoustic) energy W,. The transformed piezo-
magnetic energy W, is the difference in magnetic energy of a transducer between
the two mechanical states: at a free state (I' = const) and a clamped state
(8 = const), i.e.

W, = Wp—Wyg, (48)
1 1
Wo :EHBT =E:“TH25 (49)
p 1
Ws =§HBS =E”SH2! (50)
W, Wy —W, b — I Iz
SRR SN UL ST A o, (O e (51)
Wy Wy B MT’

where H and B are the amplitudes of magnetic field and induction, and u,and
ug are the permeabilities of a free and clamped, respectively.

3.2. Coefficient of mechanomagnetic coupling

The opposite case, with respect to the one discussed above, occurs for
receiving transducers. In piezomagnetic receivers part of mechanical energy is
converted to magnetic energy. The squared coefficient of mechanomagnetic
coupling is defined in the following way

W, Wy—W
W= =—r__F, (52)
WH WH

where W, and W are the mechanical energies at the constant field intensity H
(unloaded, open system) and the constant induction B (closed system), i.e.

1 1M 1™ 1
W z—ST:——-:——:— 1”2

ind e ainal & ihes b7 apnh i o

1 LT 1T 1
Weo =— 8T = ——r = —o— = —3g.T" B4
R (54)

Rr el (v~ el 29 %

k2 Sg —3Sp = Cy Cp = By By =1_ﬁ. (55)
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4. Relations between the coefficient of magnetomechanical coupling & and the other piezo-
magnetic coefficients

Relation (46) between the coefficient of magnetomechanical coupling, k, and
the piezomagnetic sensitivity ¢ can be derived from the relevant system of
piezomagnetic equations I B [5-10, 13]

8T
88 = — +doH, (56)
EH

8B = pp0H +doT. (57)

For a rigid sample (§ = const) 68 = 0, and insertion of 6T from (56) into
(B7) gives
0By = pp0H —d*E, 6H . (58)

After differentiation with respect to H and division by p, (see formula (51))

— a*y
> g 8 By —Ug g H (59)
M B
For a system of equations IT B and § = const [7], respectively,
or
08 = — +gdéB =0, (60)
By
éB 0B
0Hy = — 90T+ — = g*E 8B+ —. (61)
BT - Br

Differentiation with respect to B and transformations lead to a relation
connecting the coefficient of coupling, %k, with the coefficient of induction
strains g:

.

- i (62)
1+g*Eppr

For the system of piezomagnetic equations III B and a free sample (T
= const, 4T = 0) the following relation occurs between the coefficient & and the
magnetostrictive constant h:

0T = Ezd08 —héB =0, (63)
0B 1 he
0Hp = — —héS = |— ——] 4B, (64)
Hs s EB
o 2
k2 — My — Hg e M'Sh . (65)

iy Eg
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For the last (IV B) system of piezomagnetic equations [7] in the case of
a free sample (I' = const) the coefficients k and e are linked by the following
relation

ST — Hy 08 —edH — 0, (66)
2
0By = 688 + pug OH = (6— 4 ,us) 8H, (67)
By -
ey — s e o
k2 = = = . 68
Iz EByuy &+ Eypg , i . ;

Formulae (59), (62), (65) and (68) relate the coefficient of magnetomechani-
cal coupling &k with the complete set of 3 coefficients occurring in each of 4 sys-
tems of piezomagnetic equations in the SI system. The coefficient % can be
defined by 2 (see formulae (51) and (55)) or 3 other piezomagnetic coefficients
occurring in different systems of piezomagnetic equations, for example,

#S EH dh
xR PN v R o e e i S
& = 7, eq iran’ (69)
k* = psgh = dgEy = ugg*Ep = prpg* By, (70)
eh ed e? e?
k? = = — = = . _ (71)

-k By ‘3 fr o pr iy psBy

5. Relations between the coefficients of magnetomechanical coupling defined from equations
of type B and M

In piezomagnetic equations in which the variable magnetic quantities are
the field intensity H and the magnetization M (or the magnetic polarisation I
or J), i.e. in the M type equations, e.g. [1, 2, 6, 7,10, 12, 15,167, the coupling
coefficient is defined as
Ey

k’(M):l—ﬁzl—m- (72)
i By

Division of equation (51) by the first part of equation (72) gives the follo-
wing ratio

k*(B) 3 (g — pg) % e (g — #g) %p pe ‘;‘T
k*(M) U (% — g) (%p + pho) (% — 2%g) Hp -+ fho
X s _;zlﬁﬂ. (73)

S wr Ll+poler #p



396 Z. KACZKOWSKI

In magnetic materials of permeability from 10 to 100
k*(B) = (0.9 —0.99)k3(M), (74)

i.e. differences between & may be less than 0.5 per cent and below 5 per cent.
Consideration of the final terms of relations (55) and (72) gives
k*(B) 1—Ey|Bg  (Bg—Eg)Hy

3 L . 75
WD) 1-BglBy  Bp(Bx—By) s

6. Definitions of the coefficient of magnetomechanical coupling in the nonrationalized cgsm
unit system

In piezomagnetic equations in the nonrationalized magnetic cgs system of
type B,, the coefficient 4= occurs in one equation of each system, and the
formulae relating the coupling coefficient % with the other piezomagnetic coeffi-
cients have the following form [6-12]

1 — B, = A2Ey i dnupg* By - 47 pgh?
A pug 4T pop 1+4rpurg* By By
2 2 B
__:41:,“33- % e S B (76)
Ey e +dnug By By Mg

while the relation between the systems of type B and those of type M, is the
following [6, 7]
k*(M,)

P e e g
EA 1+ poldmpup

(77)

7. Conclusion

Most of piezomagnetic materials used so far are polyerystals for which
the coefficient of magnetomechanical coupling % is defined for longitudinal and
radial vibration, i.e. k3, or for torsional vibration, k;, e.g. [1, 2]. Coupling
in a material or a piezomagnetic transducer is defined by the characteristic
k = f(H) for the primary magnetization curve and the hysteresis loop (Figs. 1,
2).

In the state of demagnetization and magnetic saturation, the magneto-
mechanical coupling vanishes (Eg = Hg, pup = ug, k = 0), and definition of
characteristics of the coupling coefficient involves indirect determination of the
state of magnetization of a material. The maximum values of ¥ and the values of
k in the remanence state are given in a short form (%,,, k,). In good piezomagnetic
materials & > 0.15 and, for example, in the metglasses of the Fe —8i —B alloys
and in the rare earth alloys, k reaches now 0.85.
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Coupling measurements show that saturation of magnetic material requires
much larger fields than those in the standards of many renowned companies,
which take, for example, 2,4 or 4 kA /m (30 or 50 Oe). The characteristics of k are
also determined as a function of temperature, e.g. [1, 2, 4, 8, 9, 11, 14]. Synthetic

k

030

025

0.20

015

010

005

0 05 10 15 20 25 30
H [kA/m]

Fig. 1. Examples of the characteristics of the coefficients of magnetomechanical coupling
of closen piezomagnetic fransducers

n — unjoined transducer, I — soldered transducer, k — cemented transducer, alfer: (A) %, ( 1) I; nickel: (o) n,
(W) I; permendur ( ®) n, alcofer (¥ ) I; ferrite Nia,gasOoo_ouMno_ozFezO.;(0);fr = 22-28 kHz

definitions and relations permit the comparison of the results obtained by authors
using different definitions and systems of equations and units; or on the basis
of knowledge of the values of the coefficient of magnetomechanical coupling,
and moduli of elasticity and permeability, the determination of the other piezo-
magnetic coefficients occurring in piezomagnetic equations.

With a sufficient quality factor, the coefficient of magnetomechanical
coupling can be defined from the mechanical resonance frequency f, and the
magnetomechanical antiresonance f,, or from the ultrasonic velocities, proportio-
nal to these, for constant field intensity ¢z or for constant induction ¢z from the
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following relation

——— e

1A/

N~ 717

008 y. 7
5 |
W a ]
-480 -320[ 160 ,/ 160 / liazo 480 H [A/m]
/ |
s 4008 }
4
r..-.—|
--0.16-

I

I

g.
f
/
1

;ﬁr -024 /
. [ 4
~——- ra

-032

Fig. 2. The values of the coefficient of magnetomechanical coupling for the primary magneti-
zation curve and the magnetic hysteresis loop of the ferrite Nij ¢ssMng 2Cog, g27Fe204 [8]

H = 0.2 A/m, { = 20°C, f, =100 kHz; H, = 240 A/m ~3 Oe (®); H,, =320 Afm = 40e (D); H,, = 400
A/m =~ 5 Oe(0), H, =4kA/m ~ 500e(e) H, = 08-24kA/m ~ 10-300 Oe (- - -)

The validity of the proportional relation between the resonance frequencies
and the velocities depends on their high mechanical quality factor @,, of such
a value that the product k% @, > 10. In addition to the mechanical quality
factor @,, and the magnetic quality factor, the coefficient k is one of the basic
parameters defining the efficiency of a material or transducer. From these
quantities the so called electromechanical efficiency #,, can, for example, be

defined [1-3, 10-12, 14],

_ 0.0
em = 17,0, (79)



MAGNETOMECHANICAL COUPLING IN TRANSDUCERS 399

Thus, the materials with a high k are not always optimum, since their
quality factor can be very low and, as a result, their efficiency will be worse,
e.g. in ferrites and alfers.

The knowledge of the coupling coefficient and the quality factor permits
piezomagnetic and piezoelectrical to be compared.

References

[1]1 D. A. BeruLiNCOURT, D. R. CURRAN, H. JAFFE, Piezoeleciric and piezomagnetic
materials and their function in transducers, in Physical acoustics, ed. W. P. Mason, Academic
Press, New York 1964, 1A, pp. 169-270.

[2] C. M. van Burar, Dynamical physical parameiers of the magnetosirictive excitation
of extensional and torsional vibrations in ferrites, Philips Res. Rep., 8, 2, 91-132 (1953).

[3] I. P. GorLaMINA, Magnetostriktsonnyje izwuchateli iz ferritow, in: Istoceniki mosz-
cznowo ultrazwuka (L. D. ROSENBERG, ed.), Izd. Nauka, Moscow 1967, pp. 111-148.

[4] Z. Kaczrowskl, Piezomagnetic materials (in Polish), Post. Elektroniki, 19, 6,
45-59 (1974).

[6] Z. KaczrowsKl, ed., Piezomagnetic materials and their applications (in Polish),
PWN, Warsaw 1978.

[6] Z. KaczrowsKI, Magnetostrictive equations and their coefficients (in Polish), Rozpr.
elektrot., 7, 2, 245-275 (1961).

[7] Z. Kaczxowskl, The coefficients of magnelostrictive equations and their relationship,
Proc. Vibr. Probl., 2, 4, 457-468 (1961).

[8] Z. Kaczrowskl, Piecomagnetlic coefficients of magnelostrictive ferrites and their
magnetic hysteresis (in Polish), Prace IF PAN, 39, 1-378 (1972).

[9] Z. Kaczrowski, Magnetomechanical phenomena in magnelostrictive materials
(in Polish), Prz. Elektron., 2, 3, 256-278 (1961).

[10] H. W. Karz, ed., Solid state magnetic and dielectric devices, J. Wiley,
New York 1959.

[11] Y. KikvucHI, ed., Ultrasonic transducers, Corona Publ. Co., Ltd. Tokyo 1969.

[12] W. O. MasoN, Physical acoustic and the properties of solids, D. van Nostrand,
New York 1958.

[13] J. F. Nyg, Physical properties of crystals. Their representation by tensors and
materials, Clarendon Press, Oxford 1957.

[14] W. Pasewski, Z. Kaczkowskl, E. SToLARSKI, Piezoironische Bauelemente, in:
Handbuch der Hleltronik, Francis Verlag, Miinchen 1979, pp. 268-377.

[156] H. SussmawN, 8. L. ErLicH, Hvolution on magnetostrictive properties of Hyperco,
J. Acoust. Soc. Am., 22, 4, 499-506 (1950).

[16] 8. P. TimosHENEO, J. N. GoopIER, Theory of elasticity, McGraw Hill, New York
1970.

Received on October 7, 1980; revised version on May 7, 1981.



ARCHIVES OF ACOUSTICS
6, 4, 401-408 (1981)

INVESTIGATIONS OF THE HYDRATION OF DEXTRAN USING AN ACOUSTIC METHOD*

ADAM JUSZEKIEWIOZ, JADWIGA POTACZEK

Institute of Chemistry, Jagiellonian University
(30-060 Krakéw, ul. Karasia 3)

Measurements of the velocity of ultrasound in alcohol-water solutions of
dextran with molecular weights 40000 and 500 000 in the temperature range of
10-35°C have been made. The values of the hydration numbers have been determi-
ned and it has been shown that hydration is independent of the molecular weight
of the dextran.

1. Introduction

According to the model accepted [1-6] the addition of ethyl alcohol to
water causes an increase in the stabilization of the octahedral structure of water
because the molecules of alcohol penetrate into the cages of the “open-work”
structure of water. Spectroscopic infrared investigations [6-9] have shown that
the stabilization of the structure of water by non-electrolyte molecules is connec-
ted with the increase of the stability of the hydrogen bonds between the water
molecules. The observed order of water is due to the influence of non-polar
groups of the non-electrolyte molecules of 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 [10].

It is known that the dependence of the sound velocity and of the adiabatic
compressibility on the alecohol concentration for alcohol-water solutions is
parabolic. The maxima of the ultrasound velocity curves and the minima of the
compressibility curves are dependent on temperature and they shift in the
direction of lower concentrations of alcohol with increasing temperature. Accor-
ding to the previously presented considerations [6, 11] the point of maximum

* This paper was partly financed by the U.S. Agricultural Dept. under Public Law 480
agreement. .
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ultrasound velocity defines the concentration of alcohol at which all the cages
of the undestroyed octahedral structure of water are occupied by alcohol mole-
cules. The increase of the non-electrolyte concentration above the maximum
value causes a break up of the primitive structure of water. The degree of order
of the solution decreases and, as a result of this, the ultrasound velocity decreases.
The addition of any solute to the alcohol-water mixtures causes a ghift of the
peak of the parabola in the direction of lower concentrations of aleohol. This is
caused either by a break up of the water structure and the binding of the water
molecules by the solute, or by the occupation by the solute molecules of part
of the cages (holes) in the water structure. In both instances the proportion of
empty cages oeceupied by aleohol molecules decreases, and the alcohol concen-
tration at which the ultrasound velocity reaches a maximum is smaller. The
difference between the concentration of the solute at the velocity maxima of
the alcohol-water solution, and the concentration of the reference solution
(alcohol-water) is caused by hydration of the solute. The amount of hydration
water per number of grams of the solute W, can be calculated from the following
formula (1)

Wod,

W, =W,— =
0

’ (1)

where 4, and W, are the amounts of alcohol and water corresponding to the
maximum for aleohol-water mixtures without a solute, 4, and W, are amounts
of alecohol and water at the maximum. for alcohol-water solutions containing
a certain amount of solute and W, is the hydration in terms of percentage
volume. In the previous paper [11] this method was used for the determination
of the hydration of polyethylene glycols having molecular weights 400, 1500, 2000,
15000 and 20000. The optimum concentration of macromelecules at which
this method gives repeatable results has been determined.

The acoustic and n.m.r. measurements of the longitudinal relaxation times
showed that the hydration does not depend on the chain length of the polyethy-
lene glycols tested.

This paper presents results of the measurements of the hydration numbers
of dextran with molecular weights 40 000 and 500 000 over a range of concentra-
tion from 1.4 g to 17.1 g per 100 g of water in the temperature range 10-35°C.

2. Experimental arrangement

~ The dextran of molecular weight 40 000 used for the investigation was made
by “Polfa” and the dextran of molecular weight 500 000 was made by Pharmacia
Fine Chemicals AB. :
Measurements of the sound velocity as a function of ethanol concentration
were performed at 25°C for concentrations of 1.43, 2.68, 4.28, 5.71, 7.14, 8.57,
10.0, 11.43, 12.86, 14.29, 15.71 and 17.14 g per 100 g of water for each dextran.
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Moreover, analogous measurements were carried out for 10 percent solutions
of both fractions over the temperature range of 10-35°C. The measurements of
the sound velocity were made with the system previously deseribed [6, 11]
based on the “sing-around” velocity meter. The results of the measurements
are presented in Table 1 and in Figs. 1-4.

Table 1. Values of the hydration numbers

Dextran 40 000 Dexfran 500 000

el o np, h ng h

i [em?®/g) [ mH,0 ] [em3/g] mH,0 ]
m mon. m mon.

1.43 0.760 6.8 0.676 6.1
2.68 0.511 4.6 0.511 4.6
4.28 0.340 3.1 0.340 3.1
5.71 0.383 34 0.340 3.1
7.14 0.360 3.2 0.321 2.9
8.57 0.370 3.3 0.333 3.0
10.00 0.370 3.3 0.333 3.0
11.43 0.319 2.9 0.287 2.6
12.86 0.340 i 0.311 2.8
14.29 0.333 3.0 0.300 2.7
15.71 0.325 2.9 0.279 2.5
17.14 0.325 2.9 0.279 2.5

3. Results and conclusions

In Table 1 the values of the hydration numbers for two dextrans are presen-
ted. It can be seen from these results that for both weights of dextran above
a concentration of 4.28 g per 100 g of water the hydration numbers calculated
on the basis of equation (1) are constant within experimental error with a ten-
dency to become lower at the highest concentrations tested. At 25°C over the
range of the medium concentrations tested the gram hydration =, is equal,
respectively, to: 0.366 cm3?/g for dextran of molecular weight 40000, and to
0.335 em3/g for dextran of molecular weight 500 000. The contributions of the
hydration n, calculated from these data in terms of moles of H,O per mole of
monomer — (C.H,,0;) are equal to 3.3 for dextran of molecular weight 40 000
and to 3.0 for dextran of molecular weight 500 000.

Figs. 1 and 2 show the graph of ultrasound velocity as a funetion of ethanol
content over the temperature range 5-35°C for water-alcohol solutions without
dextran (Fig. 1) and for 10 percent solutions of dextran of molecular weight
40000 (Fig. 2). '

As can be seen in Figs. 1 and 2, the values of ultrasound velocity at the
maximum points for water-alcohol solutions of dextran are higher than those
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at the maximum point for the reference water-aleohol system. An increase in
the ultrasound velocity is due to an increase in the order of the solution. In the
solutions containing dextran this increase is caused by water molecules which
are bound by hydrogen bonds to —OH groups of the dextran.

In Fig. 3 the temperature dependence of the number of moles of water
per mole of ethyl alecohol at the maximum of ultrasound velocity for the water-

N
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Fig. 3. Number of moles of water per mole of ethanol at the maximum of ultrasound velocity
a8 a function of temperature for a water-alcohol system
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Fig. 4. Hydration numbers #; [mole of H,0/mole of mon.] and n, [em?/g] a8 a function of
temperature for dextran with molecular weight 500 000
1l - R 2 - ny

alcohol mixture is presented. A shift of the maximum of the sound velocity
in the direction of lower concentrations of alcohol with increasing temperature,
i.e. an increase in the number of moles of water per mole of alcohol, is caused by
the partial break up of the cages of the octahedral structure of the water. As
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a result of this, the maximum of the ultrasound wvelocity is reached by the
system at a lower concentration of alcohol.

In Fig. 4 the temperature dependence of the hydration numbers n,
[mole of H,0/mole of mon.] and =, [em?/g] for dextran of molecular
weight 500000 is presented. Similar curves n, and =, were obtained for
dextran of molecular weight 40 000.

The curves in Figs. 3 and 4 have very similar shapes and can be deseribed
by the following equation

- my = ny+At4 Bi* [mole/mole], (2)

where mn, is the hydration number at 0°C, and 4 and B are the empirical coeffi-
cients equal to 3.83-107% and 1.3-107* respectively. The n, number for dextran
of molecular weight 40 000 is equal to 1.5 and for dextran of molecular weight
500 000 is equal to 1.2 mole of H;O/mole of monomer. The values of n, and n,
obtained correspond to those of simple saccharides [6].

A similar type of temperature dependence on n, has also been obtained for
solutions of electrolytes [12], amino acids, oligopeptides and amides [13].

The values of n, obtained at 25°C are lower than the n, value presented
by SHIto et al. [14] for dextrin (n, = 0.4 cm?/g) using a slightly different
measuring method. The temperature dependence of the values of n, and n, for
dextrans with molecular weights 40 000 and 500 000 presented in this paper is
fundamentally different from the temperature dependence on n, given by NoMU-
rA et al. [15] for dextran of molecular weight 200 000. NoMURA et al. suggested
that the hydration of dextran (and also the hydration of simple saccharides
[16-18]) decreases rapidly with inereasing temperature. This suggestion seems to
be unreasonable because it results from two unreasonable assumptions:

1) that the compressibility of the macromolecules is equal to zero and
is independent of temperature;

2) that the compressibility of bound water is equal to the compressibility
of ice (f = 18-107' N~'-m?) and that it also does not depend on temperature.

The authors are convinced that the compressibility of dextran must be
higher than zero due to the effect of the intramolecular hydrogen bonds. Howe-
ver, they are not able to determine this value numerically or to show the charac-
ter of the changes of compressibility occurring under the influence of tempera-
ture changes.

SHrto [14] stated the compressibility of dextrin maecromolecules at 25°C
to be equal to 9.2-10~'° N~'-m?, but this value was determined assuming that
the compressibility of the hydration water at 25°C is the same as the compressi-
bility of ice and that neither the compressibility of dextrin nor the compressibi-
lity of the hydration water changes with temperature.

It seems to be reasonable that the compressibility of the water in the hydra-
tion shells and the compressibility of the macromolecules should increase with
increasing temperature. The changes of both compressibilities can give a told
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effect markedly exceeding the variation of the compressibility in pure water.
If the real numerical values of the compressibility of the hydration water and
of the macromolecules were known, it could prove that the dependence of n,
on temperature has quite a different form.

The increase of the value of n, with increasing temperature can be explained
by an increase in the number of the molecules of “free water” with partially or
completely broken hydrogen bonds which form as a result of the break up of
the primitive octahedral structure of water. These molecules can orient themsel-
ves around the —OH groups of dextran forming hydrogen bonds with free
electron pairs of oxygen. If we accept, however, that “free water” does not
bind with the macromolecules of dextran, the hydration of dextran of molecular
weight 40 000 and 500 000 will be approximately equal to the values of n, and
will not be dependent on temperature over the studied temperature range
of 10-35°C. The n, value for dextran of molecular weight 40000 is equal to
1.5 and is in good agreement with data given by GEKKo and NocucHI [19] for
dextran of molecular weight 44 500 at 20°C, using the method proposed by SHITO.

The hydration of dextran of molecular weight 500 000 is a little lower but
the difference is not great and is contained within experimental error. Apart
from the influence of possible branching which can occur in the macromolecule
of dextran of higher molecular weight, it can be concluded that the hydration of
dextran does not depend on its molecular weight. The same conclusion can be
found in the paper of GEKKO and NoGUCHI [19]. These authors showed that the
amount of hydration water per 1 g of dextran of molecular weight greater than
2000 is independent of molecular weight.

Similarly as in the case of simple saccharides [6] it is impossible to decide
simultaneously whether the “free water” participates in the hydration of
dextran or whether its role in the solution is passive. It seems possible that
the rapid increase in the solubility of dextran with increasing temperature is
a convincing argument for the idea that the “free water” contributes to the
hydration of a macromolecule, since the affinity of dextran molecules to water
ghould increase with an increase in temperature. On the other hand, the better
solubility at higher temperatures can result from the creation in the solution of
greater amounts of structural defects in the ice-like structure, which facilitates
the penetration of the macromolecules into the interior of the solution.
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L’identificatione della persona per mezzo della voce. Atti della tavola rotonda, Padova 14-15
Sept. 1978. F. E. Ferrero (ed.). ESA (Edizioni scientifiche associate) Roma.

Speech being an intra-species mode of communication of the biogenetic entity homo
sapiens, it is only natural that ethnic language should be, and has been, for about 2 1/2
thousand years now, the object of scientific or quasi-scientific study. The spoken form of
language contains, however, not only linguistic information — which until recently was the
only object of language study — but also information about the speaker, which only became
the object of scientific interest about 20 years ago, although the development of telephony
and radiotelephony should have made the problem topical long before that. Personal voice
characteristics are not irrelevant for psycholinguistics. Still, a serious motivation for wide-
scale research did not arise before the forensic implications were realized. The human voice
turned out of be not only a means of communication, but also a vehicle of crime, one of the
commonest modes to which is blackmail by telephone. Some agencies of public security and
state defence may also be concerned with voice recognition.

Scientific papers dealing with voice identification and verification appear sporadically
in a few acoustical, communications, phonetic and criminological journals. The following
monographs devoted to the subject should be mentioned: HECKER [2], KIRSTEIN [3], Ramisu-
vini [4], Tos:t [5] and Bort et al. [1]. Though some of the work in this area is reported at
such acoustic conferences as the International Congress on Acousfies or the International
Conference on Acoustics, Speech and Signal Processing, yet the first large-scale meefing
exclusively devoted to the subject was the round-table conference on “The Identification
of the Speaker by his Voice” organized by the Ifalian phonefician Franco E. Ferrero (now
director of the Institute of Glottology and Phonetics, Universiiy of Padua), under the auspices
of the Italian Acoustical Society in the spring of 1979. The same year saw the appearance of
the carefully edited proceedings of the conference, which are reviewed here. It was a national
meeting, so almost all the participants were affiliated to Italian institutions, and represented
the following areas: physics, phonetics, applied mathematics, electronics, electrical engineer-
ing, communications, computer science, linguistics, dialectology and psychology. Also
present were representatives of the Defense Ministry.

The individual Sections included: (1) methodology and technology, (2) linguistic
analysis, (3) recognition by temporal parameters, (4) recognition by spectral parameters,
(5) identification based on the inspection of spectrograms and on auditory judgment, and (6)
general problems of recognifion.

The papers in Section 1 were mainly concerned with two problems, viz. the effect of
disturbance and distortion of the signal on voice recognition rate and the alleged parallelism
between identification by finger prints and by “voice prints”, erroneously maintained by
gome American specialists. Particular note was taken of the invariability of the former com-
pared with the substantial variability of the speech signal produced by a given voice, and of
the relative ease of imposture in speech. Much attention was directed towards distortions and
disturbances in telephone channels.

The leitmotif of Section 2 was the importance of dialect and linguistic-phonetic studies.
There is probably no country interested in the forensic aspects of voice studies that lays so
much emphasis on dialectal and linguistic-phonetic features as Italy. This accounts for an
involvement of linguists in research and expertise that is stronger there than elsewhere.
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The papers read in Section 3 pointed out the significance of such parameters as the
duration of consonantal occlusion, relative phonation time and speech tempo for the pro-
cedures of grouping voices into classes and, in some cases, for the identification of the speaker.

Section 4 was devoted to tutorials of new techniques of acoustic parameter extraction,
such as the Fast Fourier Transform and cepstral analysis. An application of this type of
analysis is exemplified by forming a trajectory in the ¥, F, plane. The final decisions are
taken either by the experimenter on the basis of the results of his analysis or — with the
aid of an identifying algorithm — by a computer. Mathematical-statistical methods of multi-
variate analysis are frequently used.

Section 5 presented auditory and visual methods of voice recognition. The latter is
based on the inspection of “visible speech” pictures (sonagrams). In the early sixties L. G.
Kersta secured himself a sparkling though somewhat short-lived career in the USA promoting
the sonagrams as fully reliable evidence in cases of voice identification, said to be as convine-
ing as the finger prints (hence the term “voice print”). A large group of phoneticians, both
from the USA and other countries launched a concentrated campaign against Kersta —
a fact hardly noted in the proceedings — showing by secientific argumentation and counter-
evidence that he was working under self-deception. It transpired with time (after a number
of American acousticians cautiously joined the “anti-voice-print” front) that American
courts of justice have passed several wrongful sentences on the basis of evidence given for the
prosecution by Kersta or his disciples. Although, after a ten-year-long battle, Kersta had to
suffer moral and financial defeat (his firm went bankrupt), American courts even now take
recourse occasionally to the visual analysis of sonagrams. The problem seems at present to
be scientifically settled. In this volume F. E. Ferrero and his associstes once again
prove thoroughly and comprehensively that sonagrams should not be used in court evidence
and with the utmost caution in investigation, especially if the voice was transmitted over
a telephone line. Ferrero supports his view by concrete evidence which he presents in another
paper. Only a sketchy article is devoted to auditory recognition.

The reports included in Section 6 are general in character and present some legal
aspects of voice recognition as well as some basic statistical methods which are, or can be,
used in this area. However, such methods as statistical clustering or multiple scaling, which
can also be applied, are not discussed.

The closing paper contains some proposals for the main lines of attack in the field
under discussion, namely : (a) improvement of the methods of extracting such acoustical
parameters from the speech signal as are most effective for characterizing individual voices,
(b) development of statistical methods leading to correct identifications, (¢) optimization
of the decision-making procedures, and (d) normalization of the expertise.

The volume under review contains, on 305 pages, information which, though only
coming from Italian sources, includes by virtue of its comprehensiveness, combined with
a critical comparison of the methods described with those used elsewhere, valuable scientific
and practical material. Research workers involved in the study of human voice and experts
engaged in law-enforcing agencies should not fail fo acquaint themselves with the results
of the conference.
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