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EXPOSURES AND HEARING THRESHOLDS IN MUSIC STUDENTS
DUE TO TRAINING SESSIONS

A. JAROSZEWSKI, T.FIDECKI and P. ROGOWSKI

Fr. Chopin Academy of Music
(00-368 Warszawa, Okélnik 2, Poland)

Measurements of SPL’s in sound emission from some wind instruments during training
sessions of music students show all in excess of Lamax 110dB and reach Lamax 132dB
in some cases. Long time average spectra in 1/3-octave bands and cumulative distribution
functions show that e.g. sound pressure levels L 50 are often around 100-110dB and
in most instruments the spectra cover substantial range of frequencies. Resting hearing
thresholds in many students show dips of various depths at 6 kHz, which in some cases
reach over 30dB. TTS> measured at 6 kHz following 4-hrs training session reach 40 dB.

1. Introduction

The effects of exposure to music on hearing in musicians can be determined in two
ways: by direct audiometric testing and indirectly by measurements of sound levels and
duration of exposure in musical performances. In audiometric examination of classical
musicians AXELSSON and LINDGREN [1], WESTMORE and EVERSDEN [17], RABINOWITZ
et al. [14], KARLSSON et al. [12], JOHNSON et al. [11], JANSSON et al. [5]. WOOLFORD
et al. [18], OSTRI et al. [13], and ROYSTER et al. [15], JAROSZEWSKI [8], JAROSZEWSKI
et al. [10], JAROSZEWSKI et al. [9] and others all have found audiometric patterns corre-
sponding to the noise induced hearing loss. The audiograms showed notches, mostly at
frequency 6 kHz in 30% to over 50% of the tested samples. The depth of these notches
varied between HTL 10dB (OstTRI et al. [13], ROYSTER et al. [15]), and 20 to 25dB
(RABINOWITZ et al. [14], WOOLFORD et al. [18] up to 10-30dB (JAROSZEWSKI [8]).
The greatest hearing loss was found in musicians playing bassoon, horn, trumpet and
trombone (e.g. AXELSSON and LINDGREN [1]). However, some investigators, e.g. WEST-
MORE et al. [17], AXELSSON and LINDGREN [1], have declared that only “slight degree
of hearing loss was found in the averaged hearing thresholds” even that they also found
notch shaped audiograms with the dip at 6kHz in the tested samples.

In the investigation of sound exposures in Swedish symphonic orchestras JANSSON
and KARLSSON (7] reported mean (for all tested music) Laeq values from 88.9dB up to
93.1dB with maximum values reaching 98.6 dB (for specific music and position). They
have not observed A-weighted “short-time levels” exceeding 125 dB. Similar data Laeq
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from 85 dB up to 90 dB with weekly equivalent of 85 dB were reported by AXELSSON and
LINDGREN [1]. SCHACKE [16], recorded continuos sound pressure levels in orchestra of
the Deutsche Oper Berlin, and found average A-weighted levels for brass ranging from
87dB to 96 dB, with peaks reaching 122dB and average A-weighted levels for woodwinds
varying between 88 dB and 97 dB, with peaks reaching 117 dB. Lower values, in the range
from 83dB to 93dB were found for violins and violas, however, with peaks reaching
110dB. The presence of impulsive sounds in the exposure have been, as it is well known,
recognised as having substantial contribution in the development of hearing loss (e.g.
HENDERSON and HAMMERNIK [4]). It has been observed that interaction of peaks with
continuous background produces larger hearing loss than should result from the sum of
these components.

In the report by SCHACKE [16] Laeq sn for wind instruments was determined at
87.7dB which is almost twice as much as maximum permissible exposure according
to German regulations, HAY [3]. CaMP and HORSTMAN [2] obtained values ranging
from Lpeq = 84.4dB to 98dB for bass players and horn players correspondingly. While
JAROSZEWSKI et al. found Leq reaching 100-110dB for e.q. trumpet player with sub-
stantial amount of impulsiveness. Alarming data on Laeq values were reported by RoYs-
TER et al. [15]. They found Laeq sn values ranging from 74.7 to 94.7dB and “mazimum
peak levels” in the range from 112.0 to 143.5dB (A-weighted).

In the present report sound pressure levels Lamax. Lpeq and La 1 were measured
and spectral analysis in 1/3-octave bands was performed on short selections from per-
formances of music students during their training sessions. The same music selections
were used in computation of Cumulative Distribution Functions. Effects of exposure to
music noise were determined by comparison of resting audiograms and TTS,, i.e. thresh-
old 2min after cessation of the exposure. Estimation of the hearing loss risk in sound
exposure of music students playing wind instruments was the aim of this investigation.

2. Procedure and apparatus

Sound pressure level measurements were performed using Bruel&Kjaer precision
sound level meter type 2230 which was positioned 1m from the output aperture of
the musical instrument. Readings were taken during actual training sessions and then
for chromatic scales fast played over the whole range of the instrument and during short
music selections chosen by the performer. Readings were taken 10 times at 2-min inter-
vals during routine training sessions at the Academy of Music. An average of 10 readings
for each pressure value measured was taken as characteristic for the given instrument
and given performer.

Chromatic scales fast played at the same level over the whole range of the instrument
and short (duration 60s) music selections were recorded on tape using NAGRA IV-SJ
recorder and precision omnidirectional condenser microphone B&IK type 4133 placed
Im from the instrument. Long time average spectra analysis in 1/3 octave bands in
the frequency range from 20 Hz to 20kHz were determined for such samples using B&IS
analyser type 2144. A-weighted levels Laeq and L 1 for the whole range of frequencies
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are also given. LTAS correspond to the sound pressure levels averaged over the duration
of performance. Statistical measures La 1 correspond to the sound levels, which were
present in 1% of the duration of the analysis. Exponential averaging with time constant
1/124 s was used.

Resting hearing thresholds 48 hrs without exposure and shifted thresholds 2min
after cessation of the exposure of 4 hrs duration were measured with the use of clinical
audiometer Interacoustics type AC-40 equipped with headphones Telephonics TDH 39P
with cushions MX-41/AR, in connection with HP Vectra 486 33U personal computer.
Audiometric testing was executed on a sample of 14 representatives of most exposed
brass and woodwind sections. HTL(246) indicator was used to determine TTS,. Only
wind instrument data are given in the present report.

3. Results and discussion

The sound pressure level and its spectral and temporal structure depend, as it is
known, on the instrument, the performer and also on the type of music. Years of obser-
vation of music students training and sound pressure level measurements during training
sessions indicated, that particularly in brass and woodwind instruments the sound pres-
sure levels generated are far beyond the SPL’s measured in LTAS records for symphonic
orchestras. This observation is confirmed by the present investigation. Maximum and
equivalent sound pressure levels measured and calculated are represented in cumulative
distribution functions and in the LTAS functions. Six examples of these functions ob-
tained for trumpet, trombone, horn, french horn, clarinet and piccolo, are given in Fig. 1
to Fig. 6.

FRENCH HORN FRENCH HORN
—— 100 5

L50
LAeq
LAeq =111 dB
LAmax = 122 dB sl L1
2 32 63 125 250 500 1k 2k 4k Bk 16k 90 80 90 100 110 120 130
fc, Hz LA, dB

Fig. 1. Long time average spectra and cumulative distribution functions for french horn in typical
routine training sessions by music students.

Statistical measures Ly 1 and equivalent sound levels Laeq for these instruments are
given in Tab. 1 for easy comparison. It can be easily observed that the data obtained are
well beyond the values measured by various researchers in symphonic orchestras.
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L50
LAeq
LAeq = 106 dB
LAmax = 116 dB i L1
20 32 63 125 250 500 1k 2k 4k 8k 16k 0/0 80 90 100 10 120 130
fc, Hz LA, dB

Fig. 2. Long time average spectra and cumulative distribution functions for trumpet in typical routine
training sessions by music students.

PICCOLO PICCOLO

40 e,
[Aeq =100 dB
. LAmax = 112 dB
32 63 125 250 ?UOH 1k 2k 4k B8k 16k 0[0 80 90 100 110 120 130
C, NZ

Fig. 3. Long time average spectra and cumulative distribution functions for piccolo flute in typical
routine training sessions by music students.

CLARINET CLARINET

LAeq =108 dB
LAmax = 118 dB o
<0 32 63 125 250 500 1k 2k 4k B8k 16k 9‘0 80 90 100 110 120 130
fc, Hz LA, dB

Fig. 4. Long time average spectra and cumulative distribution functions for clarinet in typical routine
training sessions by music students.

(114)
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TROMBONE

TROMBONE

LAeq =109 dB
LAmax = 117 dB
20 5 i st
32 63 125 250 500 1k 2k 4k 8k 16k 90 80 90 100 110 120 130
fc, Hz LA, dB

Fig. 5. Long time average spectra and cumulative distribution functions for trombone in typical
routine training sessions by music students.

TUBA
L50
LAeq
20
40
LAeg =107 dB
5 LAmax = 117 dB & L1
32 63 125 250 500 1k 2k 4k Bk 16k 90 80 90 100 110 120 130
fc, Hz

Fig. 6. Long time average spectra and cumulative distribution functions for tuba in typical routine
training sessions by music students.

Table 1. Statistical measures LA 1 and equivalent sound pressure levels Laeq for wind instruments in
typical routine training sessions by music students.

Instrument | french horn tuba trumpet trombone piccolo clarinet
Lal,dB 119 116 114 116 107 117
Lpeql,dB 111 107 106 109 100 108

Consequently, temporary threshold shifts following exposures experienced in training
sessions are substantial. In 50% of performers notch shaped audiograms were found with
permanent selective loss of 10dB to 30dB at 6 kHz and comparatively less at adjacent
frequencies. The amount of TTS, reached 30dB in some cases resulting in HTL 40dB,
see for example audiogram of the subject PM playing trumpet Fig. 7.
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Fig. 7. Resting hearing threshold and TTS» for music student playing trombone after 4 1/2 hrs of
training.

Resting hearing levels and TTS, in the tested sample of 14 music students, after
4-41/2 hrs of training in the group of 8 - 12 persons are presented in Fig. 8. While the
averaged threshold shift value is around 15dB over the range of frequencies between 1
and 6 kHz, the data show large intersubject variability. Thus in some cases the individual
TTS, reaches 20dB at least in one ear. The threshold in quiet in the tested sample of 14
students also shows significant decrease of sensitivity. While the averaged data lie within
permissible limits spare for the 26 dB V-dip at 6kHz, some students show substantial
amount of permanent threshold shift.
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Fig. 8. Averaged resting hearing thresholds and averaged TTS3 for a group of 14 music students
playing wind instruments (both ears). Vertical bars represent standard deviations.
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4. Conclusion

Present findings indicate that the exposures experienced by music students during
their training sessions are far in excess relative to the permissible doses. Maximum
measured values of sound levels are substantially higher than maximum levels observed
by other researchers except for ROYSTER et al. [15], who recorded in orchestra A-weighted
sound levels reaching 140 dB while “the great majority of peak SPL’s were in the range
115-129dB (A)".

Predictably, such exposures lead to aggregation of NIPTS if acquired over a long
period of time and as such should not be ignored. In 50% of brass and woodwind players
PTS of 10dB to 20dB was found which could be explained only by acoustic trauma.
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HIGH FREQUENCY HEARING LOSS IN PERCUSSION PLAYERS
P. ROGOWSKI, A. RAKOWSKI and A. JAROSZEWSKI

Fr. Chopin Academy of Music
(00-368 Warszawa, Okélnik 2, Poland)

In a number of reports it has been observed that a prolonged exposure to music at
sound pressure levels exceeding 100dB leads to substantial temporary threshold shifts
TTSz, reaching 60-80dB in the range of high frequencies. Cumulative effects of such
exposures result in acoustic trauma, affecting the perception of pitch, loudness and time,
accompanying the decrease of hearing sensitivity. The hearing threshold in percussion
players is affected largely at high frequencies, where substantial decrease of sensitivity
between 10 and 16 kHz reaching 40 to 75dB has been observed. In the present report
a number of hearing thresholds in percussion players and in control group consisting of
musicians who have never played percussion instruments or were long exposed to their
sounds have been analysed with reference to their exposure characteristics.

1. Introduction

There has been much concern over the past 30 years about the possibility of devel-
oping hearing loss by listening to loud music. Music was early recognised as a source of
acoustic trauma (LEBO and OLIPHANT [16]). Its effects on hearing were studied with
reference to the exposures experienced by listening to the rock and roll music, attend-
ing to the discotheques, listening to the portable CC and CD players and portable
radios and with reference to the exposures experienced by orchestral (WOOLFORD et
al. [24], AXELSSON and LINDGREN [1], ROYSTER et al. [19], JANSSON and KARLSSON
(10], GRyCZYNSKA and CZYZEWSKI [6], JAROSZEWSKI et al. [12]) and rock and roll mu-
sicians (AXELSSON and LINDGREN (3], AXELSSON et al. [1], AXELSSON and LINDGREN
(2], JAROSZEWSKI et al. [11], JAROSZEWSKI and RAKOWSKI [13]).

Early studies of the effects of exposure to music on hearing in musicians by GRyczyx-
sKA and CzYZEWSKI [6] show substantial impairment of hearing. In 68% of the tested
sample of 51 orchestral musicians music noise induced hearing loss was observed, while
largest hearing loss was found in percussion players. In a study by AXELSSON and LIND-
GREN [4], noise induced hearing loss from the exposure to music was found in 43% of the
tested sample of 139. However, they found largest RTHT 1h Bassoon and'tfencti forn play-
ers (mean NIHL: 30-35dB) while only moderate (18dB) in percussion players. These
data are in some agreement with the early findings by JAHTO and HELLMAN [9] who
found NIHL in 37% of the tested sample, ZELENY et al. [25] NIHL in 72% of the tested
sample, by WOOLFORD et al. [24] 25dB NIHL (61% of tested ears) by WESTMORE and
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EVERSDEN [23] 34% of 68 ears with NIHL, by OsTR1 et al. [18] who measured HTL in
96 and found NIHL in 50% of males and 13% of females and with more recent findings
by ROYSTER et al. [19] NIHL in 52.5% of the sample or by JAROSZEWSKI et al. [11] in
68% of the tested sample.

Contrasting data were also reported for example by ICARLSSON et al. [15] who tested
hearing threshold levels in 392 musicians, and found median values equivalent to the
expected age-effect thresholds according to SPOOR [21]. Nevertheless, a dip at 6kHz
is present in median audiometric data, also in this report. It is thus apparent that no
consensus exists on the effect of music exposure on hearing in musicians.

Summarising, almost all researchers arrived at the data that correspond to the noise
induced hearing damage in some proportion of musicians tested. This proportion ranges
from approximately 35% up to approximately 70% in most of the studies available in
the literature. Spare for the study by GRYCzZYNSKA and CZYZEWSKI [6] who found large
HF sloping hearing loss up to 80dB at 8 kHz in percussion players, hearing loss reported
by other investigators were not so large e.g. 30dB in AXELSSON and LINDGREN [4]
or 26.5 and 25.0dB at 4 and 6kHz (SD = 20dB) correspondingly, for the instrument
group including percussion in the study by ROYSTER et al. [19]. No data is available on
hearing in percussion players for frequency range above 8 kHz. The present work reports
the experimental data on hearing impairment found in young percussion players in the
whole range of audiometric frequencies, with special attention to high frequencies above
8kHz. The aim of this research was to test the hypothesis that percussion players and
particularly xylophone players experience severe hearing impairment in the range of high
and very high frequencies due to exposure to impulse music noise.

2. Procedure and equipment

Two groups, each consisting of 40 young musicians (up to 26 years), an experimental
group playing percussion and often xylophone, and control group playing other instru-
ments i.e. strings, woodwinds, brasswinds and piano were used as subjects. Average age
in both groups was 21 years.

Hearing threshold in quiet was measured in both ears in both groups with the use
of electronically controlled audiometer Interacoustics AC 40 connected to a PC HP
Véctra which performed data acquisition and data analysis. Air conduction pure tone
audiometry with intermittent 250/250ms signal and 1dB step level control was used
throughout. Tests were performed at 11 frequencies in the low frequency range and
at two frequencies in the high frequency range. Headphones TDH 39P with MX41/AR
cushions were used in low frequency range and Koss HV/PRO with circumaural cushions
in high frequency range.

In an attempt to relate the specific audiometric data with spectral and temporal char-
acteristics of xylophone sounds, both spectral and temporal analyses were performed on
samples of xylophone sounds. For spectral analysis short selections performed on a xylo-
phone were recorded on Sony DAT recorder PCM 2300 using Briiel&Kjar 1/2" condenser
microphone type 4133. Spectral analyses were performed using Matlab software.
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Temporal analysis included determination of the cumulative peak level distribution
function for short selections performed on a MUSSER KELON 42 xylophone and mea-
surements of signal onset times for the entire xylophone scale. This was done with the
use of B&K 1/4" condenser microphone type 4135 with measuring amplifier B&K 2607
connected to digital oscilloscope HP 54501A which memorised single signals for pre-
cision graphic measurements. Spectral analysis was performed also on these signals to
eliminate the effects of limited frequency response of recording channel of DAT.

3. Results

Hearing threshold data of young percussion players are presented in Fig. 1 as mean of
80 audiograms for left and right ears and standard deviations in the experimental group.
Hearing threshold data for musicians not exposed to percussion sounds, i.e. for control
group are given in Fig.2 also as mean of 80 audiograms and standard deviations in the
group. The largest differences between the means of two data sets amount to 9.1dB at
12.5kHz and to 24.3dB at 16 kHz. The analysis of audiometric data for the experimental
and control groups is shown in Fig.3 and Fig.4. The results of measurements of onset
times for the entire xylophone scale show that the onset time is quite small amounting
to approximately 10ps. Examples of xylophone sound C#6 (1108.8Hz) oscillograms
obtained with various time bases are given for illustration in Fig. 5.
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Fig. 1. Hearing threshold level in quiet in percussion players. Means and standard deviations of 80
audiograms; right and left ears.

The results of spectral analysis of the first 5ms of one representative isolated xy-
lophone sound C5 (523.3Hz) obtained from the recorded material are given in Fig.6.
[t shows maximum sound pressure level spectral density within the range of relatively
low frequencies between 500 and 8000 Hz, decreasing towards high frequencies. However,
it should be observed that while at low frequencies the peak density reaches 106 dB it
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Fig. 5. Examples of oscillograms of isolated xylophone sound C#6 (1108.8 Hz) with time bases
20 ps/div, 200 ps/div and 2ms/div.

decreases at high frequencies only by 25dB. It means that at 20 kHz the peak spectral
density is still in the range of 80 dB. The results of temporal analysis of the short selec-
tions performed on a xylophone, in the form of the cumulative distribution function are
given in Fig. 7. These data show some amount of peaks reaching 140 dB.
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Fig. 7. Peak level cumulative distribution function (CDF) of short selection played on the xylophone.
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Temporal analysis of xylophone sound models was performed to test the effect of lim-
ited frequency response of DAT recording channel. A number of C#6 (1108.8 Hz) sound
samples recorded in digital oscilloscope memory with different time bases were resampled
and merged into one structure. Sampling frequency was 192 kHz. This xylophone sound
model was then low-pass filtered and resampled with standard DAT sampling frequency
— 48kHz. The shapes of initial transients in both cases are shown in Fig. 8.
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Fig. 8. Initial transients of xylophone sound C#6 (1108.8 Hz) models digitally recorded with sampling
frequency 48 kHz (solid line) and 192 kHz (dashed line).

4. Discussion

The experimental data on hearing impairment in percussion players is in partial
agreement with the early data from GRYCZYNSKA and CzYZEWSKI [6], from KARLSSON
et al. [15] and from OSTRI et al. [18] who found substantial hearing loss in percussion
players, but who used conventional LF audiometry up to 8 kHz only. Contrasting results
were reported by OSTERHAMMEL and OSTERHAMMEL [17] who compared hearing thresh-
olds in 286 normal hearing subjects and 28 noise exposed subjects with typical 4 -6 kHz
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V-dip. Their data show that in all age groups (3039, 40-49, 50~ 59) thresholds reach
normal values at very high frequencies, even for subjects with severe impairment at low
frequency. However it should be stressed that no details are available as to what noise
their subjects were exposed to, spare for information that it was industrial noise.

Histological examination of cochlea in man and in animals shows that impulsive
sounds cause damage particularly in the basal end of cochlea i.e. place of location of
high frequency receptors, HAWKINS and JOHNSON [8], JORDAN et al. [14], SONDIIN [20].
It is beyond any doubt that small rise times of percussion sounds give more energy in the
high frequency range of their spectral density than any other musical instrument does.
This results in increased excitation and consequently damages of auditory receptors in
that range in case of exposure to very high sound pressure levels of percussion sounds
reaching 140dB SPL.

It should be observed that the exposure to “live” percussion sounds is evidently more
dangerous to hearing because of very short rise times of sound pulses which are smoothed
in the recorded material. This notion is in agreement with the early experimental evi-
dence from WALKER and BEHAR [22] who found that impulse events recorded on tape
lead to fairly less TTS than “live” pulse events. HAMERNIK et al. [7] suggest: “increasing
of susceptibility to NIPTS from the lowest to the highest audiometric frequencies which
further grows by 5 to 10dB for pulses with spectral peak at high frequencies”. This
suggestion is in agreement with experimental data from FAUSTI et al. [5] who measured
high frequency thresholds in subjects exposed to impulsive noise (gunfire) and found
large thresholds shifts above 8 kHz.

5. Conclusions

From the experimental evidence it is apparent that percussion sounds have quite
destructive effect on hearing. The particularly dangerous effect results from very rapid
onset of some percussion sounds, like these of xylophone. Such an effect is not present
in any other musical instrument. The net effects of the exposure to percussion sounds
manifest themselves in the significantly worse hearing threshold in percussion players
relative to the control group of other musicians.
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The influence of magnetic field on the acoustic and magnetic properties of magnetic
liquids is discussed. By fitting the curve of Taketomi’s theory to the experimental data of
the anisotropy of ultrasonic attenuation, the values of quantities describing the structure of
magnetic liquid have been determined. Moreover, the dependence of magnetic susceptibility
on frequency has been measured. It shows that two processes of magnetization, which are
based on the mechanisms proposed by Brown and Néel, contribute to the magnetization
of the EMG-605 magnetic liquid.

1. Introduction

Magnetic liquids do not exist in nature. They owe their existence to recent develop-
ments in the technology of materials and the concomitant applications in the computer
technique, medicine, modern military setups, as well as in the instruments of every-day
usage.

In this paper an attempt is made to elucidate the influence of an external magnetic
field on the propagation of ultrasonic waves and the magnetic properties of magnetic
liquids. The field gives rise to anisotropy: the liquid undergoes restructurization by the
formation of spherical and chain-like clusters. As a result, the absorption of the wave
undergoes an enhancement due to the rotational and translational motions of the clus-
ters.

Moreover, it was our aim to determine which of those mechanisms predominates un-
der different external conditions and to gain as much information as possible concerning
the structure of magnetic liquids, in particular concerning the radius of the spherical
clusters and their concentration. A magnetic liquid is defined as a colloid suspension of
magnetic particles in a carrier liquid (water, mineral oil, or an organic compound). The
radii of magnetic particles (grains) typically range from 5 to 10nm. They are involved
in Brownian motion, and their smallness considerably restricts the natural process of
gravitational sedimentation.

Coagulation of the individual magnetic particles leads to a restructurizarion of the
magnetic liquid. Spherical clusters arise with radii ranging from some tens of nanometers



130 A. SKUMIEL, T. HORNOWSKI and A. JOZEFCZAK

up to several micrometers as well as chain-like clusters that can be observed by a micro-
scope. In the external magnetic field the chain-like clusters array themselves along the
lines of the field increasing the stiffness of the liquid and modyfying its acoustic proper-
ties. The size of the spherical clusters as well as the length of the chains they form are
primarily dependent on the magnetic field strength and the temperature. The magnetic
liquid EMG-605, which was studied by authors, consisted of water (as the carried liquid)
and suspended particles of FeO - Fe;O3 with diameters of about 20 nm. Thus, we dealt
with a colloidal solution having a high degree of dispersion and containing polydisperse
ferrimagnetic particles endowed with an intrinsic magnetic moment.

In the majority of magnetic liquids the state of magnetization is rather well described
by the Langevin’s law for the magnetization of molecules of a paramagnetic gas. However,
in magnetic liquids the effective state of magnetization of the sample in the external
magnetic field often sets in the way of two concomitant mechanisms of restructurization
of the magnetic moments of the solid particles: one is that of magnetization relaxation
related to the Brownian rotation of the particles in the carried liquid, whereas the other
one consists in thermal fluctuations of the magnetic moment within the particle itself.

2. Characteristic of magnetic liquids

2.1. Static magnetic properties

The dispersive phase of magnetic liquids consists of ferri- or ferromagnetic particles
that undergo strong magnetization already in rather weak fields. In condensed ferromag-
netics, there arise elementary regions of spontaneous magnetization — domains in that
the spontaneous magnetization attains saturation.

The external magnetic field reorients the elementary magnetic moments in the sam-
ple, so that it exhibits magnetization.

When the field is switched off, the magnetization M of the system of particles tends
to zero due to the thermal motion of the magnetization vectors m of the individual
particles.

The time-dependent decrease of M obeys the law of exponential decay [1],

-

M = M, exp (-——). (1)
TN

where Ty is the relazation time of magnetization due to the mechanism proposed by

Néel. In accordance with the model of discrete orientation of the vector m, the Néel

relaxation time 7y is given by the following equation [1, 2]:

KV
TN = Tp eXp (TIT—)’ ()

where 7, — time of Larmor precession of the vector m around the anisotropy axis, K
— anisotropy constant of the single crystallographic axis, V' — mean volume of the
magnetic particle, kT' — thermal energy of the magnetic particle.
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In this case, the magnetic moment can change its direction within an immobile
magnetic grain overcoming the energy barrier I; V.

For magnetite Fe30y4, a component of the magnetic liquid EMG-605 studied by us,
the parameter K; = 11kJ/m®. For the mean radius of a single magnetic particle r =
10nm, which corresponds to a mean volume of 4.2-1072* m3, we get for the potential
energy 4.6-10720 ],

The time g results from the Larmor precession of the vector m around the anisotropy
axis; various authors [2, 3] have assumed 79 ~ 107%s. With this in mind, and at T =
203K, the Néel magnetization relaxation time can be assessed at Ty = 98 ps.

The intensity of Brownian diffusion of the vector m is given by the energy k7.

The static state of the particle depends on the ratio of two parameters, o = K V/kT
and & = pomH/kT, which characterize the mutual relation between the energies of
magnetic anisotropy and interaction with the external magnetic field and the energy
of thermal motion. The numerator pgmH means the magnetic energy of the magnetic
particle with magnetic dipole moment m in the external magnetic field strength H; po
is the permeability of the free space and has the value of 47-10~7 H/m.

If K1V « kT and K,V <« pomH, the orientation of the vectors m of the individual
particles varies randomly about the field vector under the action of thermal fluctuations
which damp the resultant field.

The relaxation time 7 is the decay time of the Larmor precession 7y of the magnetic
moment. In this case, the crystallographic anisotropy can be neglected, the external
symptoms of a ferromagnetic material vanish, and the hysteresis loop goes over into a
simple magnetization curve (B, = 0 and H, = 0) which obeys the Langevine law,

pwomH kT ) :

kT pomH

In this case B, and H, mean remanence and coercivity of the material, respectively,
whereas My is the magnetization at H — co.

As mentioned above, the colloidal particles of a ferro- or ferrimagnetic material pos-
sess a magnetic moment of constant magnitude dependent on the magnetization M, and
the volume V' of the particle. The external magnetic field alignes the magnetic moments,
leading to magnetization on a macroscopic scale in the sample.

The orientation of the magnetic moments of the colloidal particles proceedes accord-
ing to two mechanisms:

(i) Inside the monoaxial particle of the solid, thermal reorientation of the magnetic
moment takes place between two opposite directions of the easy magnetization axis of
the crystal.

(ii) The particles undergo rotation with respect to the carrier as a result of thermal
motion.

In the absence of a magnetic dipole interaction between monodisperse colloidal par-
ticles, the magnetic state of the medium is described by the classical law derived by
Langevin for the magnetization of molecules of a paramagnetic gas,

M M

m M8¢M

M = M, (coth (3)

=coth§ — % = L(¢§), (4)
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with ¢y the volume concentration of the magnetic material and & = pomH/kT the
argument of the Langevin function L(§).

For spherical particles of diameter d, the argument of the Langevin function takes
the form: £ = muoM;Hd3 /6kT.

Figure 1 shows the Langevin function L(€) versus the external magnetic field strength
H for spherical magnetic particles with radii of 2.5nm, 5nm and 10nm. We assumed
the following values for the magnetization saturation M; = 478 kAm~! and the volume
concentration ¢ = 3.5% which correspond to the magnetic liquid EMG-605 used in
our experimental work.

1.0
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~ 0.6 1 -
]
—_~ 4
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Fig. 1. Langevin function of magnetite magnetic liquids with magnetic grains of different radii versus
the magnetic field strength at +20°C.

Figure 1 shows that the liquid achieves magnetic saturation at about 50kAm™!
whereas the temperature affects the state of magnetization but weakly.

Now, real magnetic liquids have a well defined degree of polydispersion of the solid
phase, causing some slight discrepancy between the experimental points and the mag-
netization curve plotted according to the Langevin's law [4]. This discrepancy is due
mainly to the effect of larger particles.

Another property typical of systems of noninteracting single-domain particles is dis-
played by the simple M (H/T') curve, i.e. by the lack of hysteresis of the magnetization.

The formation of aggregates in the magnetic liquid and the increase in the diameter
of the monodisperse particles should affect the magnetization curve qualitatively.

)
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With increasing mean diameter, an increase in the formation of aggregates is ob-
served, the smaller particles tending to penetrate between the greater ones and leading
to a packing of the aggregates that is more dense than that of a monodisperse system.
The arisen aggregates cause an increase in the magnetization of the liquid of monodis-
perse particles, as well as an effect related to the increase of the effective size of the
particles in the disperse phase.

2.2. The kinetics of magnetization

The process of magnetization of a magnetic liquid is ruled by two mechanisms:

(i) the mechanism of magnetization relaxation related to Brownian rotations of the
particles in the carrier liquid,

(ii) the mechanism involving thermal fluctuations of the magnetic moments within
the particles themselves.

Either of the processes is characterized by a specific relaxation time.

The Brownian rotational diffusion time of the colloidal particles is given by the
expression [1, 5],

s 3VT]0 ‘ (5)
kT

where 19 is the dynamical viscosity of the carrier liquid, and V' the hydrodynamic volume
of the grain. Quite generally, the two mechanisms can run simultaneously when the
external field is switched on, the magnetization vector of a given magnetic particle
rotating at a greater velocity than the particle itself. In this case, the effective time
constant of the magnetization process is smaller than both the components and can be
determined from the following expression [1, 3, 5]:

Teff = ————. (6)

If 7v < 7, the magnetization relaxation process is related to the Néel mechanism. If
the opposite is the case (7 > 7g), the equilibrium orientation of the magnetic moments
sets in chiefly by the way of Brownian rotations of the particles.

The transition from one of the relaxation mechanisms to the other one can be found
by comparing the expressions (2) and (5).

If the magnetic liquid with an aqueous carrier freezes (the magnetic particles are
blocked), Brownian rotation will not occur (7 " c0). In this case the effective relax-
ation time of the magnetic susceptibility 7.4 = 7. These small single-domain magnetic
particles are sometimes referred to as superparamagnetic. In this region of the radii, one
of the mechanisms can predominate.

Figure 2 shows the effective relaxation time of the magnetic susceptibility versus the
radius of a spherical particle of magnetite together with the two components originating
in the respective mechanisms. The graph was plotted for a water-based magnetic liquid
at 203 K. Obviously, for particles with a radius of about 8.7nm the two mechanisms
participate equally.

Moreover, it is assumed that in the liquid studied (EMG-605, r = 10 nm), the Brow-
nian magnetization mechanism strongly predominates.
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Fig. 2. Effective relaxation time of the magnetic susceptibility and its components versus the radius of
a spherical magnetite grain at 4-20°C.

In this case, the effective relaxation time of the magnetic susceptibility 7. ~ 75,
since 7g is about 30 times shorter than 7. However, it would suffice to use a magnetic
liquid with smaller magnetic grains (say, with 7 = 5 nm) and the system would magnetize
according to the Néel’s mechanism.

In reality, only a small portion of the grains in EMG-605 magnetizes according to
the Néel mechanism because of its polydisperseness.

One of the methods of experimental determination of the characteristic relaxation
times is to measure the complex magnetic susceptibility of the liquid with an AC mag-
netic field as a function of frequency. In such a field the magnetization undergoes a
delay in phase with regard to the field strength, thus causing a change in the resultant
magnetic moment that proceeds at a finite rate.

In sufficiently weak magnetic fields varying in time harmonically, the magnetic sus-
ceptibility can be written in the complex form [3, 6],

X0 — Xoo
1+iwrn’

X(w) = X'(w) = ix"(@) = Xoo + (7)
where v/ — describes the reversible magnetization processes, x" — characterizes the

processes of dissipation of the magnetic field energy, and w = 27 f the angular frequency.
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The time constant 7o = (27 f) ™ determines the frequency at which dissipation of
the magnetic field energy becomes maximum, whereas the quantities y., and yo denote
respectively the susceptibility at infinitely high frequency of the magnetic field and in a
constant magnetic field.

The latter can be written as:

ponm?
Xo= ng ) (8)

where n is the density of the magnetic particles with a magnetic moment m. The Debye’s
rule describes the dependencies of the real and imaginary parts of the complex electric
permittivity of a dipolar liquids on the angular frequency w = 27 f of the externally
applied electric field and the relaxation time 7.

The application of this rule for the description of magnetic liquids is based on the hy-
pothesis of the exponential increase of magnetization when the magnetic field is switched
on. As in the Debye’s theory, the real part of the magnetic permittivity decreases mono-
tonically:

' X0 — Xoo
- + — g Q
X =xeo + {5003 (©)
wheras the imaginary part has a maximum at wry = 1 and amounts to
" wTp
= (xo — — 10
X'(w) = (x X”)1+w%@ (10)

Hence, the relaxation time can be found once we have determined experimentally
the frequency at which the imaginary part of the permittivity appears. However, the
dispersion equation of Debye holds only as long as we deal with a simple model with a
single relaxation time and if intermolecular interactions can be neglected.

In real polydisperse magnetic liquids dispersion of the magnetic permittivity de-
scribed more adequately by the following formula [3, 7] containing the distribution func-
tion of the permittivity relaxation times f(7):

f(r)dr

1+idwr’

) = X'() = ix" (@) = Xeo + (X0 — Xeo) / (11)
0

In most cases one can proceed by fitting the experimental results to the following
function [7]:

(X0 = Xo)
1+ (?:(.()To)I_a :
where the parameter a takes values from the interval 0 < a < 1. For a = 0, equation
(12) goes over into the Debye’s equation.

In the complex x’, x" plane (Cole-Cole diagram), the above dependence is represented
by an arc of a semicircle with centre at the point [0.5(x0+ Xoo), —0.5(X0— Xoo) tg(7a/2)]
and with the radius R = 0.5(x0 — Xec)sec (ma/2). Consequently, the centre of the semi-
circle lies below the axis of real values of the magnetic permittivity.

X(w) = Xoo + (12)
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3. Propagation of an ultrasonic wave in a magnetic liquid

The theory proposed by TAKETOMI [8], who considered the anisotropy of the ab-
sorption coefficient of the ultrasonic wave propagating in a magnetic liquid, proved to
be much more effective than the theories of other authors [9, 10].

Magneto-optical experiments have shown that in a magnetic liquid affected by an
external constant magnetic field clusters of approximately spherical shape arise.

Their size depends on the radius of the individual magnetic particles, the strength
of the magnetic field and the temperature. With growing field strength, the spherical
clusters tend to form chains lying along the magnetic field lines and enhancing in this
way the stiffness of the liquid.

The energy of an ultrasonic wave propagating in such a medium is converted into the
energy exciting the translational and, consequently, the rotational degrees of freedom of
the clusters.

Thus the amplitude absorption coefficient of the ultrasonic wave propagating in a
magnetic liquid placed in an external magnetic field consist of a part related to the
rotational motion of the clusters, a,., and a translational part a; [8]:

2 4
ar(9) = ﬁ ( g" + 0y + 205 cos® ¢ + a; cos? qf)), (13)
0
1 3mngrw3V N (6mrns + Vw
at(¢) — Ui ( s QO) ! (14)

ck? (sin 4 szgm ) > o (611'7‘;.:775 )2

where ¢ is the velocity of the ultrasonic wave of angular frequency w, go and p,, are
the densities of the carrier liquid and magnetic particles, respectively, 1, and 7, are the
dynamic and volume viscosities, r and V are the radius and volume of the cluster, N
is the number of clusters per unit volume, k is the elasticity constant of the magnetic
liquid, ¢ is the angle between the magnetic field strength vector and the propagation
vector of the ultrasonic wave, and a; and as are the Leslie coefficients appearing in the
theory of liquid crystals [14].

On adjusting the function a,(¢) + a:(¢) to the experimentally determined values of
the anisotropy of the absorption coefficient of the ultrasonic wave in the magnetic liquid,
we obtain information concerning the following physical quantities: (415/3 +n,), a1, as,
r, k and N. On the assumptions made by Taketomi, the spherical clusters should be
packed homogeneously and should be of equal size which not always takes place exactly.
This e.g. may be due to the polydispersion of the magnetic particles resulting in the
formation of grains of different size. Thus there is a lack of ideal packing. Due to the
polydispersion of the magnetic liquid, grains with a greater diameter are more apt to
coagulate than the smaller ones.

However, this tendency is opposed by thermal vibrations the energy of which, ET, is
a function of the absolute temperature.

Magnetostatic considerations [11] lead to the conclusion that the energy E4q required
to separate two coagulated magnetic grains depends on their size and magnetic properties



ACOUSTIC AND MAGNETIC PROPERTIES OF MAGNETIC LIQUIDS 137

according to the formula:
Eqq = taMe¥. )
12
where Mj is the spontaneous magnetization of the magnetic particle and V its volume.

The coagulation coefficient A of the magnetic grains, defined as the quotient of the
interdipole interaction energy Eg4q and the thermal energy kT, affects the stability of
the magnetic liquid essentially.

If A > 1, the magnetic liquid can coagulate spontaneously according to the external
magnetic field applied.

Figure 3 shows A(r) for magnetite versus three temperatures T = 273, 293 and 373 K,
thus in a temperature range accessible to the magnetite liquid with the aqueous carrier.
The temperature was found to have some influence on A which, however, is very depends
strongly on the radii of the magnetic particles.

(15)
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Fig. 3. Coupling coefficient of the magnetite grains A(r) versus their radius for T = 273K, 293 K
and 373 K.

For A < 1 (r < 4.5nm), the energy of thermal vibrations exceeds that of two dipoles in
conjunction; such a monodisperse liquid should be stable. In the case of the polydisperse
magnetic liquid used in our experiments, in that the mean radius amounted to 10 nm,
depending on the temperature, an effective value of A = 9+ 14 was obtained. This points
to the possibility of spontaneous coagulation.
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4. Experimental

4.1. Measuring setup for the determination of the anisotropy of the absorption
coefficient of ultrasonic waves

The measuring setup for the determination of the anisotropy of the absorption
coefficient of the ultrasonic wave, shown in Fig.4, consisted of subcircuits made by
“MATEC”. The apparatus operated on the pulse principle involved additionally a block
type “MODEL 2470B” with time — delay circuits operating on the pulses of consecutive
echos and two channels with analog memories in that the magnitudes of these echos were
stored.

automatic
gain control

MAIN FRAME

MODEL 7700
MODEL 2470B

R.F PLUG IN ) ._:%
analog
M ODEL 755 ——"t i
i out g nization .__L I
L Y
2-0xI§
£
electro- 5?\[ OSCILLOSCOPE
magnet b DIG!TAL -
§\ L VOLTMETER
QD
= PM3209 PHILIPS
GAUSSMETER
MODEL 9200

Fig. 4. Measuring setup for the determination of the anisotropy of the ultrasonic absorption coefficient.

Hence both the constant voltage electric signals, proportional to the amplitudes of
the memorized echos, were fed to a logarithmic amplifier; the output voltage of the
latter was thus proportional to the amplitude absorption coefficient of the ultrasonic
wave in the medium under investigation. The measurement accuracy was £0.02cm™!.
The measurement of the magnetic field induction in the slit of the electromagnet between
its poles was performed with an accuracy of 0.5% using a teslometer.

The temperature of the medium was stabilized to within £0.01 K.

4.2. Measuring apparatus for the determination of the magnetic succeptibility

To determine the magnetic properties of the magnetic liquid, a Maxwell-Wien bridge
(see Fig.5) was used. The AC magnetic field applied to the cell with the magnetic fluid
is perpendicular to the direction of the DC magnetic field.
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Fig. 5. Maxwell-Wien bridge for the determination of the susceptibility of EMG-605.

The bridge was fed from a generator providing a sine voltage signal of controlled
amplitude and frequency. One of the branches of the bridge contained the glass vessel
having the shape of a ring (Rowland ring) and holding about 3cm?® of the magnetic
liquid. The branch opposite the Rowland ring consisted of a capacitance decade and
resistor decade and served to equilibrate the bridge.

This was checked with a milivoltmeter (at higher frequencies, a diode probe was used
additionally). The two remaining branches were constructed with inductionless standard
resistors (61.982). All the elements of the bridge were constructed with screened cables
so that the range of measurements could be easily extended to a frequency of 100kHz,
whereas a standard use of the bridge covers 5kHz only.

Upwards of 100kHz, a skin effect and parasitic currents of volume type began to
affect the measurements, in the first case causing an error in the imaginary part of the
magnetic susceptibility and in the second one an error in its real part.

With the bridge equilibrium, the following identity is fulfilled:

Rs
RoRy = (R + jwly) | ——————— |, 16
o= (R +iol) (s (16)
whence it results that the resistance and inductance provided by the coil on the ring,
the magnetic circuit being closed by the magnetic liquid, amount to

_ R3Ry

R .
1 R

L, = R2R403 . (17)

If Ly is the inductance of the empty coil, we get an expression for the real part of the
magnetic susceptibility:
i Li—Lo
X — ]

) (18)

with an accuracy of the order of 0.2% [12].
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5. Experimental results

The measurements have been performed for a magnetic liquid with the symbol
EMG-605 made by Ferrofluidics Corporation. It consists of magnetite Fe3O4 grains with
a mean radius of 10 nm suspended in water serving as the carrier liquid.

The values of the magnetization, initial magnetic susceptibility, dynamic viscosity
and volume concentration of the magnetic liquid were 20mT, 0.55, 0.005 Nsm~? and
3.5%, respectively.

The values of density, spontaneous magnetization, crystal lattice constant, uniaxial
crystallografic anisotropy constant and ferromagnetic Curie point of the magnetite Fe3 Oy
were 5240kgm~3, 477.7kAm~', 0.84nm, 11kJm~2 and 585° C, respectively.

The anisotropy of the ultrasonic wave absorption coefficient in the magnetic liquid
EMG-605 was measured at 20° C, at a constant magnetic field strength (the parameter),
and the frequency of 4.38 MHz.

As an example, the dependence of the ultrasonic absorption coefficient in EMG-605
versus the angle ¢ at 20° C for several constant values of the magnetic field strength H
is shown in Fig. 6.

The magnetic susceptibility of EMG-605 was measured versus the frequency f of
the variable magnetic field component Hac at a constant magnetizing field Hpc (the
parameter).
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Fig. 6. Anisotropy of the ultrasonic absorption coefficient together and the curves obtained by fitting
the experimental data to the Taketomi function at constant magnetic field strengths H = 8, 16, 24
and 40 kA /m.
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Fig. 7. Real component of the magnetic susceptibility x’ of EMG-605 versus frequency f of the
variable magnetic field component H ¢ at constant values of Hpe.
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Fig. 8. Real component of the initial magnetic susceptibility Xp versus Hpe and the curve resulting
from the fitting to function [13] for the magnetic liquid EMG-605.
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The frequency ranged from 5 to 100 kHz, whereas Hpc was 8, 16, 24, 40, 79.6, 159.2
and 398kAm~!. The measurements were carried out at T = 20° C. Figure 7 shows
the real component of the susceptibility x' of EMG-605 versus the frequency f of the
variable field component Hs¢ for Hpe values maintained constant. Additionally, Fig. 8
shows the real component of the initial susceptibility x; of EMG-605 versus Hpc.

6. Analysis of the results, and conclusions

The curves plotted in Fig. 6 were obtained by adjusting Taketomi’s function to the
experimental data of the absorption coefficient of the ultrasonic wave in the magnetic lig-
uid. This adjustment enabled the determination of the values of the quantities describing
the structure of the magnetic liquid as shown in Table 1.

Table 1. Results obtained by adjusting the Taketomi function to the experimental data of the
absorption coefficient of the ultrasonic wave in the magnetic liquid EMG-605 at T = 20°C.

H 405 /3 + M as oy r k N x 10~16
kA/m mPa-s mPa-s mPa-s pm N.m™! m~3
8 13.90 —0.121 0.099 3.67 3.90 80.6
16 14.41 —-0.63 0.654 3.71 4.81 78.2
24 18.02 —0.165 0.165 3.37 4.75 s B |
40 18.57 —0.417 0.430 3.37 7.00 69.7

When analyzing the results of our ultrasonic studies, one notes that an increase in
the magnetic field strength causes:

(i) an increase in the viscosity coefficient 47,/3 + 15,

(ii) an increase in the magnitude of the elasticity constant of the magnetic liquid £,
and

(iii) a decrease in the number of clusters N per unit volume of the liquid.

According to the single relaxation time model, the measuring points of magnetic
susceptibility x/(w) shown in Fig.7 should coincide with the function of the complex
magnetic susceptibility resulting from the Langevin’s law [13],

)(0[1 + f(Ho)]
X(w, Ho) = X4 (19
where the numerator amounts to
[1+ f(Ho)] = 3 [1+ &2 — coth®¢] . (20)

Thus, the function expressing the real part of the magnetic susceptibility, x*(w, Ho),
should be of the form,
1+ f(Ho)]
w, Ho) = XolL+ S )] 21
X(L'J! 0) 1+w273ﬁ ( ]

where 7og is the effective relaxation time of the magnetic susceptibility.
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In reality, the attempts to adjust the functions with a single relaxation time to the
above experimental results failed. Whereas the application of an adjusting function with
two relaxation times [6]

X0 — Xeol
1+ iwn

Xool — Xoo2 (22)

= +
X(L'") Xoo2 IS

permitted the achievement of good results as shown by the relaxation data given in
Table 2.

Table 2. Results obtained by adjusting the magnetic susceptibility function with two relaxation times
to the experimental data for the magnetic susceptibility of EMG-605 at T' = 20° C.

H X0 — Xeol 1 Xool — Xoo2 T2 Xoo2 X0
kA/m - us - us - -

8 0.1444 107 0.089 9.3 0.1692 0.4026
16 0.083 69.2 0.1076 4.57 0.076 0,2666
24 0.0393 210 0.0532 12.75 0.117 0.2094
40 0.03 24 0.014 3.47 0.084 0.128

In the case of the weakest magnetic field used in the measurements, H = 8 kAm™1,
the relaxation times 73 = 107 ps and 7 = 9.3 ps coincide quite satisfactorily with the
components of the effective relaxation time of the magnetic susceptibility shown in Fig. 2
in accordance with the effects of Brown and Néel.

Finally, Fig.8 shows the measuring points obtained for the real component of the
initial magnetic susceptibility x{ versus Hpc together with the curve of fitting to the
function (20). This adjustment led to a limiting value of xg = 0.43 for the real component
of the initial magnetic susceptibility and to the mean radius of the magnetic clusters
T = 741 nm.
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APPLICATION OF THE ROAD TRAFFIC NOISE MODEL TO URBAN SYSTEMS
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(00-049 Warszawa, ul. Swietokrzyska 21, Poland)

In this paper, the computer simulation program PROP4, that allows prediction of the
time-average sound level within an urban system, is presented together with the analysis
of its accuracy. The simulation is based on an environmental noise model which contains
the propagation model and the equivalent roadway model. The roadway as a noise source
is represented by a sum of sound exposures due to the individual vehicle drive-by. The
PROP{ allows for multi-lane roadways and different representations of sources for various
classes of vehicles. Interactions of waves with obstacles are limited to multi-reflections from
walls as well as single and double diffractions on wedges. The empirical data [14] have been
compared with those obtained by using the PROP4 program. The comparison, especially
for the relative decay of the time-average sound level with distance, shows a very good
agreement with empirical data.

E9

HR(uAzg), f)

K
Lfleq

i\]y
p(S, P)
pal(t)
Q(...)

(.'fl(fm)
Ri(x;)

Rjo

{R{n)}
{R(n)}
{T(n)}

Notations

sound exposure (Eq. (4)),

number of vehicle classes (Eq. (5)),

urban transfer function of a source at the R(uAzg) position in relation to the
observation point (Eq. (14)),

number of lanes (Eq. (5)),

upper order of interaction (Eqgs. (17), (18)),

time-average sound level in dB(A) (Eq. (2)),

g-class vehicles equivalent source power level in dB(A) (Eq. (9)),

number of panels in an urban system (Egs. (17), (18)),

g-class vehicles rate flow on a j-lane in [vehicles/h] (Eq. (6)),

acoustical pressure at the observation point P due to the unit simple-harmonic
point source Q(S) at the point S (Egs. (15), (16))

A-weighted sound pressure registered at the observation point (Eq. (2)),

source model (Eq. (1)),

A-weighted relative power spectrum of a g-class vehicles (Eq. (11)),

vector describing a g-class vehicle position on a j-lane in relation to the observation
point (Eq. (5)),

smallest distance between the observation point and the moving source (Fig. 1),
set of vectors describing geometry of panels in an urban system (Eq. (19)),

set of reflection coefficients of panels in an urban system (Eq. (19)),

set of transmission coefficients of panels in an urban system (Eq. (19)),

number of the equivalent source discrete positions during its drive-by (Eq. (5)),
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F average speeds of g-class vehicles along a j-lane in [m/h] (Eq.(6)),
Wg(fw) experimentally obtained source power spectrum in octave bands for g-class vehicles
(Egs. (11), (12)),

A:u;? g-class vehicles average spacing along j-lanes (Eq. (6))
Azp summation step (Eq. (3)),

ﬁ(...) operator describing wave propagation (Eq. (1)),
ﬁo(...) operator describing human perception (Eq. (1)).

1. Introduction

A road traffic noise model in a built-up area has been proposed previously by the
authors [1-4]. It comprises the source model which can be made up of unit simple
harmonic point sources, and the propagation model, which can be simply identified
with the urban system transfer function. The special model for the roadway, as the
predominant noise source in an urban area, has been introduced. It is constructed of
equivalent point sources representing the individual vehicles moving along a roadway
[5]. Multiple reflections and multiple diffractions have been included in the propagation
model as interactions with obstacles. Those interactions have been described as a high
frequency approximation of the exact solution. The latter is appropriate for the far field
conditions [6-8]. Generally, the noise model presented here can be used for any other
systems for that the conditions are fulfilled.

A vast literature is devoted to the sound propagation in a system of a complex build-
ing arrangement where the results of field measurements, scale modeling and analytical
models are used to predict the time-average sound level, e.g. [9-14]. Nevertheless, the
applications of analytical models for the outdoor noise propagation in an urban area are
the most favorable ones as, apart from their flexibility; they may be applied at various
stages of a project design process.

In the analytical description, the first element disturbing the free propagation is the
ground. To approach the real conditions, the ground is considered to be an impedance
plane. As the next step, the layer structure of the atmosphere may be included [15].
Nevertheless, the analytical description of the large distance propagation in this simplest
case is still not easy, mainly because of the varying weather conditions [16].

When neglecting the medium inhomogeneity and weather conditions (see Sec. 3), the
acoustical field description can be simplified to the interactions with the obstacles. For
the simplest example of a single screen on the impedance ground, the solution has been
found as the well-known canonical solution of diffraction at the edge and the reflection
from an impedance plane [17-19]. Obstacles of more complex shapes can be made up of
plane screens of limited length (panels).

To analyze noise propagation within obstacles, the image sources method for en-
closures and semi-enclosures can be used [20, 21]. To get the general field description,
the phenomenon of diffraction has to be included. For an urban system the descrip-
tion including multiple reflections and the single diffraction at screens’ edges has been
most frequently applied [22]. The special case of a plane screen in front of a build-
ing, which fulfills the above assumptions, has been investigated and verified by scale
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modeling experiments [23, 24]. The description, other than that presented here, which
contains multiple reflections and multiple diffractions, has also been elaborated [14]. In
this case, the Keller geometrical theory of diffraction has been used in the form devel-
oped for building wedges [25]. The two methods [14, 22], as well as the environmental
noise model presented here, result in computer simulation programs which can be used
in forecasting noise.

In the PROP4 simulation program which is based on the road traffic noise model, the
propagation model is adjusted to obstacles (buildings) whose shapes are approximated
by a shoe-box. The plane acoustical screens are included. The double diffraction at the
parallel building wedges and at the edges of two parallel screens are taken into account.
The PROP4 program can be used for a multiple-lane roadway with different sources for
different classes of vehicles.

The simulation program ENVIRA [26] founded on the description of propagation in a
built-up area [14], is similar to the program presented here in its physical foundations and
complexity. Contrary to this, commercially spread software, e.g. MICRO-BRUIT (CE-
TUR France) [27], MITHRA (CSTB France), CADNA (DATAUSTIK Germany), can be
judged mostly on the trusting to distributors since those programs are not accompanied
by relevant information concerning the construction of the simulation model. In the case
of the free distribution of DEMO, it is possible to perform a mutual comparison for the
same input parameters. This is what the authors plan for the near future.

The aim of this paper is to show how the road traffic noise model works when the
PROP4 program is applied to the urban system for which there are field measurements
[14]. The exact analysis of the simulation program accuracy is almost impossible since
it depends on the input data, models adequacy, and on the accuracy of the description
of an individual wave interaction: the latter depends on the position of the observation
point. In spite of that, a rough estimation performed here allows to say that the accuracy
of the applied simulation program is comparable with that of the scale models [28, 29].

2. The road traffic noise model

In order to solve the noise abatement problem in an urban area, the model of envi-
ronmental noise is needed. Taking the time-average sound level for the annoyance rating,
the model can be presented in the following form:

L aeq = Tlo(...) T(...) Q(..), (1)

where the source is represented by Q(...), the operator fI(.. .) describes wave propagation,
and the operator ﬁg(...) describes the human perception.

It is widely discussed how to measure and calculate the noise annoyance. Despite all
doubts, the International Standards Organization recommends the time-average sound
level. Thus, the operator ﬁo(...), acting on the acoustical pressure at the receiver, has
to perform the A-weighting, time averaging and the level calculation.



148 E. WALERIAN, R.JANCZUR and M. CZECHOWICZ

In the time domain, the time-average sound level is defined by

T/2
1
Laso(T) = 10003 7 [ [a0)/08] de, )
-T/2
po = 2:107°N/m?, (3)

where pa(t) is the A-weighted sound pressure registered during the time interval 7. Its
relation to the sound exposure level and its representation in the frequency domain,
using the environmental noise model (Eq. (1)) will be given in the next two sections.

2.1. The roadway as a noise source

The roadway is a complex noise source composed of individual vehicles belonging to G
classes and moving along J lanes. The equivalent source of a g-class vehicle is assumed
to be an omnidirectional point source which radiates sound into a homogeneous and
loss-free atmosphere at rest. It is characterized by the power spectrum W¥(f,) in the
octave-frequency bands and the position above the road surface z§ [30].

The roadway model as noise source is assumed by adopting the concept of the sound
exposure E ; (11,12, 31-34] to a g-class vehicle on the j-lane:

o /2
E}; = %_f (pﬁh-(t))2 dt ~ Elg_[/? (pﬂ‘j[R(;)])zdt, (4)

where tp = 1s.
For freely flowing traffic of flow rates N7 moving along the lines (y = yjo, 2 = z3)
(Fig. 1) with the average speeds vg [m/h], the time-average sound level is:

G J
Laeq(T) =10log [ Y > NYE4;/pj

9=1 j=1
G J j2
= 1010g | 23 57 [ P IRO(e)Nday /]
g=1j=1
¢ J e Uj
~ 10log ZZFZ % [RY(uAzE)] /pg | (5)

g=1j=1 "~ "7 u=l

where a

vf [m/h]
N7 [vehicle/h]’
is the average spacing between successive vehicles on the lane segments. In Egs. (4) and
(5), it is assumed that the sound level due to the source at the ends of the lane segment

(6)

Azf [m/vehicle] =



APPLICATION OF THE ROAD TRAFFIC NOISE MODEL TO URBAN SYSTEMS 149

(zj1,xj2) is by 10dB lower than that due to the source at the smallest distance Rjo
(Fig.1); this means that

(zj2 — zj1) > 6Rj0. (7)
Since the analytical integration in Eq. (5) can be performed only for free space, i.e. when
there are no buildings, for the propagation through an urban system it has to be replaced

by discrete summation with a step Azpg.
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Fig. 1. The locations of an equivalent point source along the highway lane segment.

Thus, the time-average sound level is expressed by:

G J '
L eq(T) = 10l0g 10 Zz‘;—‘;ﬁ;w”“”wﬂ : (8)
g9=1j=1 J
where
SLO(Uj) = Liya+ Ly, (P), (9)
1 10
Ly, (P) = 10log (E ZlQi(fw)w-"(Uj,fw))- (10)

The quantity SLY(U;) represents the sound level due to the set of U; g-class equiva-
lent sources spread along the j-lane with a Az step. Their A-weighted relative power
spectrum

¢ (fu) = M (11)

> Wi(f)
w=1

is defined by the obtained experimentally source power level spectra L{, 4(f.) in ten
octave bands:

10
Y Wi(fu) = Wol0® Eiva, (12)

w=1

Wa 107'? Watts. (13)
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In the w-octave-band of the center frequency f,,, the factor
1 Ui
w? (U, fu) = Z Z |HRS (uAzE), fud)|”, (14)
W g=1u=1
represents the average acoustical energy of the set of U; point sources of unit strength
that emit simple harmonics of frequencies fyq € (Ft(u”, F,f,z)). In Eq. (14) H(R, f) is the
urban system transfer function of a source at Sﬂj(m = zj1 + ulzE,y = Yjo,z = 25)
in relation to the observation point at P(z,,yp, zp). The number D,, of the simple
harmonics f,g within the octave-band (F,S,”,Fé,z)) can be adjusted according to the
required accuracy of calculation of the transfer function H(R, f) for the w-octave-band.
(In the roughest approximation, the center frequencies f,, can be taken for the calculation
of the transfer function in the w-octave-band.)

2.2. Noise propagation through an urban area

To have an explicit expression for the time-average sound level (Egs. (8)-(14)), the
transfer function of an urban system H(R, f) is needed. It stems from the propagation
model (Eq. (1))

H®, 1) = [f(-)S)| = In(s, PP, (15)

It represents the acoustical pressure at the point P, due to the unit strength simple
harmonic point source Q(S), after the propagation through a built-up area.

The operator H( .), describing the propagation through an urban area, in an ideal
loss-free medium at rest, to the observation point in front of a building facade, results
in the operator describing interactions with obstacles.

The urban system under consideration is represented by the half-space limited by
the ground on which the obstacles are placed. The obstacles are modeled by a set of
panels. In the case of buildings, this yields shoeboxes (four side walls and a roof), in the
case of plane acoustical screens — single panels.

When the dimensions of the obstacles and their mutual distances are large in compar-
ison to the wavelength predominant in the A-weighted noise spectrum, the large-distance
approximation (kR 3> 1) is justified. Then the interaction of the sound with an obsta-
cle made up of panels can be divided into reflection and transmission through a panel,
treated as an unlimited one, and the diffraction at the wedges (edges) [6, 8]. Thus, the
operator II(...) (Eq. (15)) contains the sum of parallel chains of elementary interactions
of the transmission, reflection and diffraction at wedges (edges). Each chain describes a
different wave path to the observation point. The total field, in the system of N panels
with M wedges (edges), for the upper order of interactions I, is a sum of the geometrical
and diffraction parts [4]:

p(S, P) = p*(S, P) + p*(S, P), (16)
where
K I(N.k)
PSP =5 Y (S P;k), (17)

k=1 i=1
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and
K I(N,M,k)
PSP = Y ni(S Pik), (18)
b= i=1

The geometrical part of the field p?(S, P) (Eq.(17)) is composed of chains of inter-
actions containing only transmissions and reflections, where I(N, k) is the number of
the wave possible paths for this kind of interactions. The diffraction part of the field
p%(S,P) (Eq.(18)) contains the chains in which, apart from transmissions and reflec-
tions, a diffraction appears at least once, and I(N, M, k) is the number of the wave
possible paths of this kind.

3. Simulation model

The roadway model (Sec.2.1) and the propagation model (Sec.2.2), describing the
wave interaction with buildings for the noise environmental model in an urban area
(Eq. (1)), enable the construction of a simulation program. In the PROP4 simulation
program, allowing calculation of the time-average sound level, the propagation model

0(..) = TN, {R(n)}, {R(n)},{T(n)}, R(P), K) (19)

contains the following parameters: N — number of the panels, {R(n)} — set of the vectors
describing the geometry of the panels, {R(n)} — set of the reflection coefficients of the
panels, {T(n)} — set of the transmission coefficients of the panels, R(P) — observation
point position, &' — upper order of the interaction.

The roadway model of several lanes and different equivalent sources for different
classes of vehicles:

Q) = Q (L, G {N} {vf}, {R? ()}, {gh (fu) }, {Ly a}, Az), (20)

has the following source parameters: J ~ number of the lanes, G — number of the vehicle
classes, { N7} — set of the vehicle rate flow on the lanes [vehicles/h], {v]} — set of the
average vehicle speeds [m/h], {R9(z;)} — set of vectors describing the vehicle positions
on the lanes, {¢%(fw)} — set of the A-weighted relative power spectrum of the vehicles,
{Liy 4} — set of the vehicle equivalent source power levels, Azp — the summation step.

The simulation program PROP4 gives a quantitative answer to the question how the
time-average sound level depends on the source parameters (Eq. (20)) and on the urban
system parameters (Eq. (19)). Though a change of the reflection coefficients of the panels
(walls, ground surface) is possible, the decisive factors are the mutual arrangement of
the buildings, their dimensions, and the source locations (a roadway) [35, 36].

The accuracy of the sound level calculation is affected by:

¢ the adequacy in the modeling of the real conditions,

¢ the simulation model accuracy.

The adequacy is related to the general assumptions made in modeling the source and
the propagation phenomenon. Here, both the source model and the propagation model
are constructed for the far field conditions. It is justified for the A-weighted spectra of
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urban noise since the distances from a source to the place of the first interaction, and
between the subsequent ones, are of the order of a few wavelengths of the dominating
component.

In the source model assumed, a vehicle is represented by the equivalent point source
of a given power spectrum with a directivity characteristic (when needed). The energy
(sound exposure), emitted during a drive-by of a single vehicle, is calculated as the sum
of energies at the sequence of discrete positions along the route instead of an integral.
The acoustical pressure at the observation point, due to the equivalent point source
representing a vehicle at a discrete position, is the sum over all the possible wave paths
with their phases included. Summing up the squared pressures over all discrete positions
gives the sound exposure of a vehicle drive-by.

In the propagation model, describing transmissions, reflections and diffractions at
obstacles, all the effects related to the air inhomogeneity and variations in the meteoro-
logical conditions are omitted. Thus, the propagation model is adequate only for neutral
meteorological condition [37]. The question whether these conditions are representative
for the annoyance judgment is still an open one [12, 38]. Other simplifications are related
to the urban system geometry, where the real obstacles are replaced by shoeboxes or
plane panels.

In the case when the general assumptions are fulfilled, the accuracy of the simula-
tion model depends on the modeling adequacy (assumed simplifications in the system
geometry) and the accuracy of estimation of the input parameters. Some of them are
not easily to obtain. However, the absolute value of the time-average sound level L eq
is not always required. Sometimes the change of L 4eq caused by the variations in the
source and/or propagation parameters (Egs. (19), (20)) is sought, as e.g. in the case of
shielding efficiency of screens and other obstacles where the equivalent source power
level LY, , is not needed. Then, the information provided by the simulation model of
the relative change in the L4eq value could be regarded as more reliable one than that
of the absolute value. In this situation some parameters can be eliminated and, at least,
some effects of simplifications can be removed.

Generally, the noise rating in the real environmental conditions, expressed as an-
noyance, depends on nonacoustical factors. It still remains unclear to what extent an
annoyance-based approach is protective for human health and well-being. Although,
keeping up with the noise limits, time-average sound level can be treated as a guideline
in the acoustical designing. Since the simple noise abatement is limited because of techni-
cal and economic reasons, a new tendency appears which is called soundscape designing
[39-41]. According to it, the simulation program comprising the sound field description
has to be completed by an appropriate procedure of real annoyance estimation.

However, there are still problems with transferring the acoustical field description
of better accuracy offered and the new techniques of metrology into the formulation of
standards [42]. Moreover, although the science and technology provide tools and mea-
sures for noise abatement, the scope of policy is decided by the authorities. They issue
laws, that are legal tools for the standard execution and can influence the process by
determining economic preferences [43]. Simulation models, which can provide alternative
solutions, are the best grounds for making decision.
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3.1. Sound level calculation

For the simplest road model in the simulation model PROP4 J = 1 and G = 1.
This means that the vehicle stream is treated as if it were concentrated at the road
axis and one equivalent point source is assumed for all the vehicles. The reason for those
assumption is the fact that, most frequently, a full set of data required for the simulation
model is lacking. Moreover, representing a vehicle by a single equivalent point source, the
fact that there are several noise sources in a vehicle is neglected. One can find expressions
for equivalent source power as a function of the vehicle speed. The dependence of the
energy spread within the spectrum on vehicle speed and the equivalent source height
above the ground, which results from the varying participation of the vehicle elementary
sources, are rarely available [30].

When vehicles are divided into two classes: light and heavy vehicles, and when the
average speeds for these classes v! and v" are given, the single equivalent source can be
applied with the percentage of heavy vehicle, p, as parameter of the simulation model.
Then:

N = N'+4+ Nk, (21)

v = [(1-0.01p)v* +0.01pv"], (22)
Lwa = 10log ((1- 0.01p)10% Hv4 +0.01p10%1 44 ) (23)

The equivalent point source can be assumed to be a point emitting noise of a spectrum
typical of traffic [44].

Then, the time-average sound level in an urban system due to the roadway segment
of total flow rate N [vehicles/h] moving along the z-axis (y = o, 2z = 20) with a steady
speed v [m/h] is expressed by

Az

Laeq(J=1,G=1) = Lwa+10log ‘—I_\f + Ly(P), (24)
10
Ly(P) = 10log (f; > aalfu)u@, fw))‘ (25)

As can be seen, the time-average sound level is straight affected by the equivalent source
power level, Ly 4, and the average vehicle spacing (Eq.(6)). The sound level Ly(P)
depends on the equivalent point source relative power spectrum, ga(fw), and the urban
system transfer function for the sequence of U sources:

w(U, fu) = |H (N, {R(n)}, {R(n)}, {T(n)}, R(P), {R(Su)};K,U(ASGE),fw)I?- (26)

Its value depends on the upper order of interactions K, and the summation step Azg
which can be arbitrary chosen by the user of the simulation program.

From the physical point of view, the number of interactions is unlimited. When the
source is placed within two parallel surfaces (canyon structure), the specifying of an
appropriate K value can be substantial. In other cases K = 3 seems to be sufficient
[1-4, 35, 36]). The summation step Azp appears explicitly in the expression for the
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sound level (Eq. (24)) and affects the value of w(U, f,,) by the number of point sources
U(Azg) = (zj1 — zj2)/Axp representing a moving vehicle, and by their positions,
R(S,), in the urban system. The number of sources and their exact positions are decisive
factors in the calculation of the w(U, f,,) value as they determine the possible paths of
reaching the observation point (Egs. (16)—(18)). The influence of the Axg value is not
easy to predict but for enough small values of Azg, the w(U, f,,) value is expected
to be independent of it [35]. For both parameters: the length of the summation step
Az p and the upper order of interactions I, the appropriate values can be chosen with a
step-by-step procedure taking 1 dB as the limit of the final change in the sound equivalent
level.

4. Example
Now, the results of measurements carried out in Wroctaw at the site of the Zachodnia

St. (Fig. 3) [14] will be discussed. Next, the results obtained by the two simulation models
R(1) and R(2) given in [14] and the PROP4 model will be compared.

1 1010g [au®)
0 —

-10 —

-30 —

f[Hz)
40 T T T T T T T T T —

315 63 125 250 500 1000 2000 4000 8000 16000

Fig. 2. The A-weighted relative power spectrum g4 (f) (Eq.(11)) of the average traffic noise [14].

The sound levels are measured for T = 900s and the sampling time ¢ = 1s at the
observation points P(z, = 2m). The values of flow rates and speeds have been estimated
for light and heavy vehicles.

The two simulation models, R(1) and R(2), have taken into account, as an averaged
effect, the attenuation in the propagation medium and the influence of the impedance
ground. In both the models a single reflection from the buildings’ walls has been assumed
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Fig. 3. The urban system under consideration [14].

for the distance Rg < 40m from the street axis and two reflections for Ry > 40m. The
R(1) model has omitted the diffraction phenomenon, while the R(2) model has omitted
the background noise which is 50dB (A). In the R(1), model the movement of the
vehicles has been simulated as a statistical process. In the R(2) model, the 10m street
segments have been replaced by the equivalent point source at the street axis and at a
height zp = 0.5m, with equivalent sources of the traffic noise spectrum g4(f) (Fig.2).

The same equivalent source parameters zp and g4(f) as in the R(2) model have been
used in the PROP4 model. For the following measured vehicle stream parameters on
the roadway segment: total flow rate N = 1200vehicles/h, the speed of light vehicles
o' = 60km/h and that of the heavy ones v, = 45 km/h, with a percentage of heavy
vehicles p = 20%, the average speed of the vehicle flow (Eq. (22)) is

v = 57km/h, (27)
that results in the average spacing (Eq. (6)):
Az = v/N = 47.5m/vehicle. (28)

Using the PROP4 simulation program the time-average sound level (Eq.(24)) for
Arp =4 m is given by
Az
A“E & Lo (P = D= 107 . Lig( ), (29)

€T

Laeq(P) = Lwa + 10log

where L (P) (Eq. (25)) is calculated with a number of interactions up to K = 3.

To calculate the sound equivalent level (Eq. (29)), the value of the source power level
Ly 4 1s needed. To this end, using the expression relating the source power to the vehicle
speed [12, 14, 45-47], the source power level Ly 4 (Eq. (23)) is calculated (Table 1).

For the point As (Fig.3), which is nearest to the source and at that the direct
wave has to prevail the other terms, the time-average sound level L aeq(A2) (Eq.(29))
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Table 1. The calculated equivalent point source power level values Ly 4.

source Lwa
[12] 101.03
[14] 101.65
[45] 101.65
[46] 103.32
[47] 103.72

Table 2. The time-average sound level in an urban system (Fig.3) at the observation point Az
calculated using of the source power levels from Table 1.

source L geq(Az)
(12] 69.8
[14] 70.4
[45] 70.4
[46] 72.1
[47] 72.5
measured [14] 68.0

is calculated for different values of Lw 4 (Table 1). The results obtained presented in
Table 2 are used for choosing the appropriate value of the source power level. As the
Lyw 4 value estimated according to [12] results in the best fit to the value measured in the
real urban system, it has been used for the calculation of Laeq(P) at all the observation
points in the urban system. The results are presented in Tables 3 and 4 and in Fig.4.

Table 3. The time-average sound level at observation points lying along the A line in the urban system

(Fig. 3).
point L Aeq ALpeq = Laeq(Ai) — Laeq(A2) l
M R(1) R(2) | PROP4 M R(1) R(2) | PROP4
Az 68.0 66 69.4 69.8
Az 60.5 57 58.7 64.2 -7.5 -9 -10.7 —-5.5
Ay 57.5 54 58.2 60.0 —-10.5 -12 -11.2 —9.8

M - measured, R(1) - calculated according to the R(1) model [14], R(2) - calculated according to the
R(2) model [14], PROP4 - calculated according to the PROP4 simulation program.

In Tables 3 and 4 there are also collected the time-average values of the sound
levels measured in the urban system [14] and those calculated according to the two
simulation models R(1) and R(2) given in [14]. The absolute values of the time-average
sound levels, Lpeq(Ai) and L eq(B;), are accompanied by the relative values AL geq =
L geq(Ai) — Laeq(Az2) and AL geq = L peq(Bi) — Laeq(B2)- As it can be seen, the relative
values calculated according to the PROP4 model match the best measured relative
values. The better matching of the relative values results from the omission of the source
power level of the moving equivalent point source which represents the vehicles. The
source power estimation constitutes a separate problem. Its accuracy affects immediately
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Table 4. The time-average sound level at observation points lying along the B line in the urban system

(Fig. 3).
point L peq ALgeq = LAeq(B:') - LAeq(Bz}
M R(1) R(2) PROP4 M R(1) R(2) PROP4
By 67.0 68 69.6 69.0
B, 66.3 66 65.0 68.1 -0.7 -2 —4.6 -0.9
B3 61.5 62 57.2 63.2 -5.5 -6 —-12.4 -5.8
By 39.5 56 52.4 59.6 7.5 -12 —-17.2 —-9.4

M - measured, R(1) — calculated according to the R(1) model [14], R(2) — calculated according to the
R(2) model [14], PROP4 - calculated according to the PROP4 simulation program.

La[dB] B, B B3 Bs
| | | |
70 - e
-“K\
~
65 e

[ %
e~~~
60 Ty
55
50 —
10 20 40 50 [m] 100
La[dB] Az Az Ay
I I |
70 +
5 \Q <
e - ~
60 \'x.
55
50 +
10 20 40 50 [m] 100

Fig. 4. The sound equivalent level in the analyzed urban system (Fig.3): (#) — measured [14],
(x) — calculated according to the PROP4 model.

the absolute value of the sound equivalent level L 4.4 at the observation point in an urban
system (Eq. (29)). When a relative change in L g¢q is awaited, Lw 4 is not needed. But
the results depend still on the source model geometry with the assumed summation
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step Azg = 4m. In the analyzed case, although a single lane vehicle stream is assumed
instead of the two lanes in the real situation, the agreement with experiment is very
good. This means that the application of the PROP4 model, with the assumed source
model and K = 3 interactions, gives a satisfactory accuracy in relation to the empirical
data.

5. Conclusions

The operating of the urban infrastructures yields noise as by-product. The noise
level is one of the comfort parameters of habituation. Thus decisions concerning the
infrastructure should take into account the resulting acoustic climate; the final decisions
should be a compromise between economy and socio-psychologic aspects of acoustic
climate in relation to the defined urban system. The ways to obtain time-average sound
levels in an area of interest not exceeding an admissible value can be different and not
all of them are socially accepted. Therefore, alternative solutions should be prepared.
Simulation models are the most efficient tools for this purpose.

Any simulation program gives results being in agreement with real records only in
limited range. Thus, its application has to be accompanied by an analysis of accuracy. As
for a system like an urban one the calculation of accuracy is hardly possible, a qualitative
assessment of the physical foundations has to be performed. Here the presented PROP4
program holds for most the important phenomena of propagation in a system with
obstacles: transmission, reflection and diffraction described for far field conditions. This
choice seems to be justified for distances of few hundreds meters from the road.

How the PROP4 works has been shown by its application'to the real urban situation
for which field measurements are available. The agreement between the calculation and
measured results is pretty good. When this would not be the case, an improvement can
be achieved by raising the upper limit of the interaction number K. This results in more
terms in the summation over the wave possible paths which raises generally the total
acoustic pressure despite the wave phase inclusion. Other option is the decrease of the
summation step Axp which should give a more accurate value of the sound exposure
related to the vehicle drive-by. If these two ways of improvement do not work, this means
that the model is not adequate for the real situation because of the physical foundations
or the values of input parameters.

With all the limitations borne in mind, the application of the simulation program
PROP4 for the forecasting of the acoustic climate can provide the ability to assess
quantitatively the influence of a pretty good bunch of parameters involved in modeling
of a noise source and urban system itself in an area of interest, e.g. in apartment house
facades, recreation grounds.
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HIGHER-ORDER SINGULARITIES OF THE EFFECTIVE PERMITTIVITY FUNCTION
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(00-049 Warszawa, Swigtokrzyska 21, Poland)

A method is given of calculating second-order singularities which are related to inflection
points of slowness curves. An approximated formula is derived for the effective permittivity
function in the neighbourhood of its singular points. A numerical analysis is presented of
several piezoelectrics, and crystal cuts are calculated for the singular points. The analysis
shows that inflection points may appear for almost every crystal cut, as is the case of
lithium niobate and langasite.

1. Introduction

The effective permittivity [1, 2] of a piezoelectric half-space is a complex-valued
function Y (r) where r is the surface wave slowness. The well known Ingebrigtsen ap-
proximation of the imaginary part of this function is valid in the neighbourhood of the
Rayleigh wave slowness rj.

The function Z(r) = 1/Y(r) is infinite for r = r;. Such a singularity of Z(r) will
be called zero-order. For r < r; the function Z(r) has three other singular points that
coincide with cutoff slownesses of the three bulk waves. At these points Z(r) is finite
but its first derivative may be infinite. These are first-order singularities.

The Ingebrigtsen approximation has been improved by including contributions from
the first-order singularities in the special case of SH waves [3]. In the general case, an
approximation of the function Z(r) has been found in the neighbourhood of the cutoff
slowness 7 of bulk waves [4]. The method that leads to the approximation can be applied
to the remaining two first-order singularities.

A slowness curve is described by the function s = s(r), where s(r) is the real part
of the normal component of slowness (normal to the boundary of the the piezoelectric
half-space). At the cutoff point of the curve, the first derivative of the inverse function
r = r(s) is equal to zero. The second derivative is usually different from zero, and is
related to the curvature of the slowness curve at the cutoff point.

In the paper, we examine singularities of the function Z(r) at points of a slowness
curve different from the cutoff point and such that both the first and second derivative of
the inverse function are equal to zero. These are inflection points of the slowness curve.



162 W. LAPRUS

Such singularities of Z(r) will be called second-order. At these points Z(r) is finite but
its first derivative may be infinite.

2. Second-order singularities

We adopt notations and conventions of Refs. [4] and [5]. The function Z(r) is given
by the equality Z(r) = —Z;,(r), where Z; is the element (4,4) of the 4 x 4 matrix

Zi¢r = RigsLTL (1)

with the minus superscript. This matrix is determined completely by eigenvectors of the
eigenvalue problem that is related to the electro-mechanical field equations as explained
in Ref. [4].

Suppose we know the function s(r) that describes the slowness curve corresponding
to the J-th eigenvalue in the (r, s) plane near the inflection point (r¢, s¢). Regarding the
eigenvector ﬁf{‘” as a function of the variable s we can write, in the neighbourhood of
r¢, the Taylor expansion

F(s) = F) (s5) + Fol (s¢) As, (2)

where the higher-order terms are neglected. The dot denotes differentiation with respect
to s, and As = s — sr.

In the neighbourhood of r¢ the slowness curve can be approximated by an algebraic
curve of third order. If the tangent to the slowness curve at the inflection point is parallel
to the s axis then we may use the algebraic curve given by the equation

(s—s)®+a’(® —r}) =0, (3)
where a is a constant coefficient to be calculated. Hence
As=ap(r), o) =(rf —r%)'/> (4)

Straightforward differentiation of Eq. (3) with respect to s shows that a® = —2/rfr***,
where r*** denotes the value of the third derivative for s = s;.

To calculate the coefficient « in terms of the derivatives with respect to r we choose
another approach. Inflection points are located on slowness curves so that the tangent
at an inflection point is usually not parallel to the s axis. In other words, the derivative
s' (the prime denotes differentiation with respect to r) is finite for r = r¢. The system of
coordinates (z,y, z) should be rotated about the y axis by the angle { = —atan(1/s'(r¢))
in order to make the tangent parallel to the s axis. This means that second-order sin-
gularities of Z(r) appear only for particular crystal cuts. Now, the coefficient o can be
calculated for an arbitrary inflection point, and then used in Eq.(3) after a suitable
rotation of the system of coordinates. We have

o® = 2(14 (s')%)3/s" (res’ — s6)?, (5)

where s' and s"' denote the values of the derivatives for r = ry.
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The value of s is changing fast for r — r¢ (the first derivative of s tends to infinity
in the rotated system of coordinates), and so do the corresponding eigenvalue ¢(/) and
eigenvector F /) Other eigenvalues and eigenvectors may be considered constant in the
neighbourhood of r¢. Thus, it suffices to take into account only the eigenvector F}( ), to
find its approximation given by Eq. (2), and to calculate the function Z(r) with the use
of Eq. (1).

Since s(r) = g(r) r, then

sl‘ = q.l"r+ q‘ 3” = q”T + qu, s”.l' — qlﬂr +3q” (6)

(here 5(r) denotes a complex-valued function). The derivatives ¢', ¢", ¢, and F'm an

be found as follows
Denote by H{/ = L the difference Hyp — ¢\ Ixcf, where I;; is the identity matrix. The
equality
HiLF =0 (7)
is satisfied for every r. Differentiating the both sides of Eq.(7) with respect to r gives
the recurrence of equalities

HEDFD + u L F = o, 8)
H”“’F("”+2H"~”F"”+'H‘~”F”” = 0, 9)
Uiy B + sug DD 4 s ) 4w B = o, (10)

Let E“) be the left eigenvector corresponding to the eigenvalue ¢!/). We assume the
normahzation

FOFD =1,  EOFD =, (11)
for every r, and introduce the symbols
= =0 = =(J J) _ m =(J
O =Elm, F, Y =EPHGF, ) =EQmpFY. 2

Multiplying each of Egs. (8) - (10) by E) we obtain

¢ = ", (13)
q"(J) — Q("”) i 2E ’HK )F’(J) (14)
qu.r(J} — Q (JJ) + 3E(J)H"(J)F"(J) 4L 3E(J 'H"(J -I). (15)

The derivatives ﬁi(“” and FE(JJ can be represented as linear combinations of eigenvec-
tors, i.e. . | ; .
. - i -
Ff )=ZC}JFL(,)a ! }ZZC?J’FL)i (16)
I I

where the constants C; and C}; are to be calculated.
Inserting F‘i(‘” from Eq. (16) into Eq. (14) and taking into account Eq. (8) we obtain

¢ =0 +2y c},01", (17)
I1#£J
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where C},; = — (¢! — g9 ~1QY) for I # J, and
’(J) Gl F(J) +.D (18)
where C}; = ~D}VFY) and D} = 2 cl,

Similarly, inserting ﬁg(‘” from Eq. (16) into Eq. (15), and taking into account Eq. (9)
and the last results, we obtain the derivative ¢"'(/) given by Eq. (15) with

FUO) — g2 ) 4 2O, (19)

where 2, = —DXIF) _ FOE0) | BAI) - z c2,F{", and
-1 -1
Cr = (¢ - ) (—Qé”’ +2(¢® - ¢?) Q"

49 Z(Q(K) _ q(J))—lQ(lKJ)Q(IIK)) (20)

K#I

for I # Jand K # J.

The above formulae are true for all eigenvalues and eigenvectors (for r different from
the cutoff values). In this way, we find the coefficient @ from Eq. (5), and the derivative
FiD(s) = F (/5 ().

Inserting the eigenvector given by Eq. (2) into Eq. (1) we get the approximated matrix
£(0 +(1
Zit(r) = ZiY) + Zigy aalr) (21)

(the higher-order terms are neglected) where the constant matrices Zj - 0) and ZE! K
be easily expressed in terms of Fy; P F'w, and the remaining seven elgenvectms for

r =r¢ (see Appendix of Ref. [4]). In pa.rtlcula.r,
Z(r) = Zo — Zrag(r), (22)

where the coefficients Zy and Z; are the elements (4,4) of the corresponding matrices in
Eq. (21).

3. Numerical search of inflection points

The location of inflection points on slowness curves is calculated with the use of
numerical procedures similar to those described in Ref. [5]. The main procedure solves
the eigenvalue problem associated with the field equations. A scanning is performed over
crystal cuts (triplets of Euler angles) for several piezoelectric media. The calculations
shows that for some crystal cuts there is more than 10 inflection points, and that inflec-
tion points may appear for almost every cut (the case of lithium niobate and langasite)
or for only a minority of crystal cuts (the case of bismuth germanium oxide).
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0.3

Re s [s/km]

0.0 r [s/km] 0.3
Fig. 1. Inflection points for lithium niobate (Euler angles: 20°, 160°, 120°).

0.6

Re s [s/km]

06 ,
0. r [s/km] 0.5
Fig. 2. Inflection points for bismuth germanium oxide (Euler angles: 0°, 40°, 20°).

Three examples of location of inflection points are given in Figs.1 to 3 for lithium
niobate, bismuth germanium oxide, and langasite. The crystal cuts have been chosen
from those with a large number of inflection points. It should be noted that some inflec-
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Fig. 3. Inflection points for langasite (Euler angles: 10°, 40°, 40°).

tion points may be missing due to finite precision of calculations. The appendices of the
slowness curves above the cutoff points (cf. Fig.1 of Ref. [4]) have been omitted. The
angle ¢ for each inflection point is given in Table 1. The inflection points are numbered
in the order of decreasing values of the variable r.

Table 1. The angle ¢ corresponding to the inflection points shown in the figures for lithium niobate
(LNO), bismuth germanium oxide (BGO), and langasite (LGS).

Inflection Point LNO BGO LGS
No. 20 160 120 | 0 40 20 | 10 40 40
¢ [deg] ¢ [deg] | ¢ [deg]
1 -9.2 —5.3 4.5
2 —-4.9 —0.6 2.9
3 —34.9 —45.8 31.5
4 —34.4 42.7 56.6
5 59.6 65.4 30.3
6 58.3 38.2 —69.9
T —62.9 —65.2 54.1
8 —62.7 —-36.9 —50.4
9 — 43.6 -
10 - —50.7 -

It is obvious that inflection points appear in pairs. A pair of inflection points is
related to a concave portion of a slowness curve, which is delimited by the two points of
the pair.
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4. Conclusion

In contrast to first-order singularities of the effective permittivity function, which
appear for every crystal cut, second-order singularities appear only for particular crystal
cuts. These crystal cuts correspond to isolated points in the three-dimensional space of
Euler angles. Nevertheless, for a crystal cut that is close to one of those points the first
derivative of the function Z(r) is very great for r = r¢, where r¢ is the singular point
corresponding to the isolated point in the angle space. Numerical calculation of values
of the function Z(r) cannot reveal this feature.

The method presented in Sec. 2 can be applied in the case of N-th-order singularities
of the effective permittivity function with N > 2. Such singularities are related to points
of slowness curves where all derivatives of r(s) up to the N-th-order are zero.
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Results of the Acoustic Emission (AE) measurements including: AE counts sum, aver-
aged AE event power and averaged AE events spectral pattern are presented in dependence
on the concrete mixture type and on the used thermal treatment method. Six composi-
tions differing in the compression strength were examined. Four of them were those of plain
concrete and the remaining two were silica — fume modified compositions. The results let
the authors to conclude that there is a correlation between the two AE signal parameters:
the AE counts sum and the averaged AE events spectral pattern and the applied thermal
treatment procedure and, further, that the nature of the so induced changes of the AE
parameters is similar for all the six concrete compositions tested.

1. Introduction

The stress wave caused by the energy release in stressed solids is called the Acoustic
Emission (AE) effect. In concrete, the major AE sources are: crack growth, crack forma-
tion and friction processes. The nature of the AE signal generation enables the inspection
of the state of constructional elements under the mechanical load. The frequency band
of the AE signal generated in concrete elements is considered to lie approximately within
the limits 10kHz—1000kHz and, respectively the AE activity duration may vary from
miliseconds to several days. The AE signal is measured by a piezoelectric sensor coupled
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to the element under test. The commonly used AE activity parameter is called “AE
count rate” and denotes the number of crossings over the preset level by the AE signal.
When the most common form of the AE event — a damped sinusoid is considered, the
dependence between the AE signal amplitude A,, the centre frequency fy, the count
rate N, and the preset signal level A; can be described by the formula [1]:

N, =f0/011n(Am/At)1 (1)

where a; is the damping factor of the oscillations within the AE event.

Some authors have investigated the dependence between the compression strength
of the concrete elements and the AE count sum registered during the process of loading
[1-3, 5]. For the quasi-axial compression test made on 100 mm cubes, for which the 28
days compressive strength was designated within the range of 25-65MPa, it was found
that the total count sum $_ Nga registered during the entire compression test depends
on the composition compressive strength, R, according to the formula [4]:

>~ Npa =814.8- R* — 55121 R + 10°. (2)

The power of the EA signal is proportional to the square of the averaged value of
A,, within the measuring cycle At. The latter AE parameter is less preferred for the
description of the AE generation process because it is affected by the scattering and
damping effects caused by internal heterogenities of the tested material. However, there
is also a correlation between the spectral patterns of the AE sources and the mechan-
ical properties of the investigated object. The spectral characteristic of the AE signal
registered by the AE sensor can be described by the following model [6]. The crack area
generating EA is substituted by the inclusion zone V. The zone can be characterized
by the same elastic constants as the remaining body with the addition of the non-elastic
coefficient 37;(x,t). The latter should be put in the formula describing the displacement
tensor in the discussed body when the displacement was activated by a Gaussian —
shape disturbance of the local stress equilibrium. In this case the frequency-domain re-
sponse registered by the sensor that converts the displacement appearing along the z
axis into an electrical signal characterised by the electric potential V', can be described
with the following formula:

* *
Vi) = 25T 0y p exp(-utr?), )
dworvy
where: w — pulsation of the frequency-domain EA signal registered by the sensor, A —
“source rise time” equals 47 [s], €53 — component of the displacement vector used to
characterize the inclusion zone V' and proportional to the displacement direction, o —
material density, r — AE source — sensor distance, v — dilatation wave mode velocity,
A, pp — Lamé constants of the investigated body, Py — coefficient characterizing the
sensivity of the AE sensor within the arbitrary chosen AE registration frequency range.

The parameter |V (w)|, averaged for an equal number of AE events registered during
the experiment and calculated for certain values of the frequency f = 27w, was by the
authors of this paper called the averaged AE event spectral pattern, and used as the
characteristic parameter for the investigated compositions. In the following chapters, the
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correlation between the total count sum ) Nga and the averaged AE event spectral pat-
terns, registered before and after the heat treatment on dependence on the compression
strength of different concrete compositions, is presented.

2. Experimental

Six concrete compositions differing in their compressive strength were prepared for
the investigation. The compositions labelled 1, 3, 5 were based on crushed aggregates and
the remaining three ones were based on river aggregates. A plasticizer was added to the
compositions labelled 3, 4, 5, 6; silica fume was added to the compositions labelled 5 and
6. The water to cement ratios for the mixes 1 to 6 were: 0.6, 0.6, 0.45, 0.45, 0.3, 0.3. Each
of the composition reached the maturity in one of the four following respects: staying
at room temperature within 28 days or passing one of the three schemes of thermal
treatment: “mild”, “intermediate” and “rapid”. The specimens were dismantled 1.5 hour
before the start of the thermal treatment. In all schemes of the thermal treatment the
same temperature levels were applied. The “mild” cycle lasted for 9.5 hours. The duration
of the “intermediate” cycle was 40% of the “mild” one and that of the “rapid” cycle
was 25% of the “mild” one. The increase coefficients of temperature vs. time were for
the three cycles mentioned as follows: 20, 24, and 30 degrees per second. For each of
the compositions the compressive strength was measured for ten cubic 100 x 100 x 100
mm specimen by a quasi-axial compression test. In addition, the compression test was
performed for the following three groups of specimen series: a) 28 days maturity under
normal conditions; b) immediately after thermal treatment; ¢) 28 days maturity after
thermal treatment. For ten specimens of each of the groups described above, the acoustic
emission parameters were measured during the compression test. The AE measurements
were made using a broadband AE sensor of type WD (Phycical Acoustic Corp., USA),
an Acoustic Emission Analyser Type EA 100 and the 2.5 MHz A/D converter computer
extension card. The process of the event recording was activated when the applied stress
in the loaded sample reached 0.6 of the estimated rupture, shown in first column and in
the first six rows of Table 1.

The following AE parameters were registered for further investigation: a) total AE
counts sum registered during the compression test; b) 50 bytes long spectral patterns of
AE events captured by the A/D converter card. Ca. 50 spectral patterns were recorded
during the loading of each specimen. The consecutive bytes in the registered spectral
patterns represent the AE signal power in the consecutive 20 kHz — wide subranges of
the 1 MHz range of the analysed spectrum. It was proved after the registration that the
dispersion of the averaged subrange power levels, derived from 100 recorded waveforms,
is less than 10% when the different 100 — member sets of waveforms are averaged.
Therefore, a common spectral pattern could be obtained for each concrete composition
regardless of the number of specimens used to derive the 100 — member waveforms set.
Using the averaged AE spectral patterns, two parameters were calculated. The first one
was the average AE events power. To calculate this parameter, the power levels registered
in all subranges were totalised. The second parameter was the average ratio of the AE



Table 1. The influence of the heat treatment scheme to the measured parameters for six investigated
concrete compositions.

Com- Com- Strength AE Count Average |ev. power | Coeff. Coeff.
posi- pres- rel. to count sum rel. | AE events| rel. to M/H
tion sive measure sum to measure| power measure average for
Code | strength | in norm. in normal in norm. M/H maturing
cond. cond. cond. mode
[MPa] [%] [N x1000] (%] [arb.u.] (%] [-] [-]
1 2 3 4 5 6 T 8 9
Hydration process at room temperature
N1 25.9 277 174 1.25
N2 24.4 216 183 0.91
N3 34.8 100% 139 100% 210 100% 1.29 1.10
N4 35.9 176 176 1.14
N5 63.6 886 179 0.87
N6 52.1 471 145 1.65
Rapid heat treatment
R1 11.7 45 50 18 139 80 1.54
R2 9.4 38 37 17 156 85 1.23
R3 13.3 38 49 35 150 71 1.58 1.49
R4 12.8 35 19 10 156 89 1.57
R5 45.8 72 370 42 166 93 1.46
R6 36.3 70 485 103 156 108 1.56
Rel 23.4 90 343 124 163 94 1.00
Rec2 19.5 80 302 140 151 82 1.07
Re3 25.3 73 198 142 162 77 1.72 1.27
Red 22.3 62 183 103 161 91 1.38
Rc5 48.6 76 439 49 148 83 1.14
Rc6 40.3 17 442 93 149 103 1.29
Intermediate heat treatment
11 11.5 44 50 18 134 77 1.70
12 11.8 48 32 15 130 71 1.75
13 16.6 48 60 43 161 77 1.73 1.73
4 17.3 49 61 35 144 82 1.81
I5 52.0 82 407 51 144 80 1.71
16 44.0 84 357 76 146 101 1.61
Icl 21.1 81 374 135 148 85 1.20
Ic2 204 84 355 164 147 80 111
Ic3 29.3 84 213 153 144 69 1.41 1.20
Ic4 25.3 70 199 113 139 79 1.40
Ic5 54.9 86 380 43 156 87 1.07
Ic6 47.0 90 355 75 161 111 1.05

(172)
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Table 1. [cont.]
1 2 3 4 5 6 7 | 8 | o
Mild heat treatment
M1 13.5 52 80 29 150 86 1.71
M2 13.1 54 85 39 157 85 1.52
M3 15.6 45 71 51 151 72 1.50 1.58
M4 22.7 63 95 54 159 90 1.65
M5 53.8 85 246 28 157 88 1.70
M6 42.8 82 217 46 159 109 1.46
Mcl 22.7 88 303 109 155 89 1.11
Mc2 22.8 93 318 147 156 85 1.02
Mc3 24.2 69 194 139 158 75 1.67 1.38
Mc4 26.7 T4 181 102 143 81 1.52
Mch 57.2 90 257 29 159 89 1.27
Mc6 46.8 90 266 56 158 108 1.74

event power measured within the frequency range 50—-400kHz to that one measured in
the frequency range 400 kHz to 800 kHz. To calculate this second parameter, the power
levels registered in the two subranges mentioned above were totalised and then their
ratio was calculated. The latter parameter was denoted as M/H. One of the aims of
this investigation was to determine whether the structural and the maturing conditions
correlate with the AE event spectral pattern changes; this correlation is represented
with M /H parameter. The measured AE counts sums and rupture forces, measured for
all composition sets of the specimens did not differ from each other by more than 10%
within the set.

The basic composition parameters as well as the major test results are collected in
Table 1. The following code was used to determine the sample series type listed in the
table. The nl...n6: the 28 days maturing process under normal conditions; rl...r6: the
maturing process when the rapid thermal treatment was applied and the compression
test was performed immediately after the heating; rcl...rc6: the maturing process when
the rapid thermal treatment was applied and the compression test was performed 28 days
after the heating; i1...i6: the maturing process when the intermediate thermal treatment
was applied and the compression test was performed immediately after the heating;
icl...ic6: the maturing process when the intermediate thermal treatment was applied and
the compression test was performed 28 days after the heating; ml...m6: the maturing
process when the mild thermal treatment was applied and the compression test was
performed immediately after the heating; mcl...mc6: the maturing process when the
mild thermal treatment was applied and the compression test was performed 28 days
after the heating. The data presented in Table 1 include: rupture level measured in
the specimen during the compression test, registered AE count sum, average AE event
power and the M/H parameter. To enable the further analysis, the relative changes of
the above parameters in respect to the values measured in the nl..n6 series were also
put in the Table 1.
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3. Discussion of the results

The relation of the total count sum  Nga vs. the registered compressive strength
Ry measured for the series nl..n6 shows good agreement with the formula (2) which
was found for the compositions hardening at room temperature. In the other series,
the thermal treatment caused a loss of the compressive strength Rr. For all the six
investigated compositions, the averaged loss of the compressive strength ratio, calculated
as Rp/RN equalled ca. 50% for the measurements made immediately after the heat
treatment. The loss was reduced to ca. 20% for the measurements made 28 days after the
heat treatment. It is worthy of mentioning that the relative changes of 3 Nga measured
after the heat treatment and related to the normal hardening conditions were similar
within the majority of the investigated compositions. For higher losses of compressive
strength, there is a good agreement between the AE counts sum and the compressive
strength changes. The dispersion of the AE counts sum rises dramatically for minor
compressive strength losses measured for the samples after 28 — days curing. The results
described above and the possible linear regression curve parameters are shown in Fig. 1.
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Fig. 1. The dependence of the AE count sum measured in the samples after thermal treatment and

related to the AE count sum measured in samples hardened under normal conditions versus
compressive strength ratio measured in the similar two sample series.

The investigation results presented in Table 1 state that there is no clear correlation
between the averaged AE event power and the hardening conditions. In most of the com-
positions a slight loss of the averaged AE event power could be observed when thermal
treatment was applied. The spectral contents of the AE signal generated in stressed con-
crete compositions, however, changes proportional to the degree of damages caused by
the thermal treatment. To capture these changes, 100 waveforms of the AE events, each
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100 bytes long were registered for every composition and heat treatment scheme. After
the computer processing of this data averaged spectral patterns corresponding to the
described sample series were constructed. The specific parameter, denoted M /H, was
chosen to find if there is any correlation between the compression strength loss caused
by the heat treatment (defined as Ry/Rr) and the averaged AE event spectral pat-
terns. The M/H parameter was defined as the ratio of the averaged power in the range
30kHz-400kHz to the averaged power in the range 400 kHz—800kHz for the registered
AE events. The data presented in the Table 1 let the authors to point out the following
conclusions.

The increase of the compressive strength causes an increase of the AE signal power
in the high frequency range H. The high frequencies are generated in areas in that the
local stress level had reached the relatively high value. This relation is shown in Fig. 2.

160

140 . + .
120 *

100 =

80

AE event spectral pattern
shape coefficient M/H X 0.01
*
*

100 120 140 160

Inverted ratio of the compressive strength loss
coefficient X 0.01

Fig. 2. The correlation between the spectral pattern shape coefficient M/H and the inverted
compressive strength loss coefficient defined as Ry /Rp.

Typical spectral patterns of the averaged AE event registered for the three levels of
the compression strength loss discussed above are shown in Fig. 3.

The compositions nl..n5, hardened at normal conditions generated a considerable
amount of the AE event power in the high frequency range and, therefore, the M/H
coefficient for these compositions was relatively low (approx. 1.0). In the compositions for
which the heat treatment was applied and, additionally 28 days of hardening was effected,
the average M/H coefficient level was within the range of 1.1-1.5. If the M /H coefficient
was measured immediately after the heat treatment when most of the significant loss of
the compressive strength occurred, the M/H coefficient exceeded the 1.5 level. Therefore
the M /H parameter, derived from the AE signal, might be applied as a measure of the
degradation of the concrete structure.
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Fig. 3. Three averaged AE event spectral patterns registered in the composition hardened under
normal conditions (N3), 24 days after the heat treatment (Ic3) and immediately after the heat
treatment (I3).

4. Conclusions

The presented measurement results show that:

a) a generally higher loss of the compression strength caused by faster temperature
changes during the heat treatment implies a higher decrease of the AE counts sum (as
shown in Fig. 1),

b) regardless of the heat treatment method applied, the registered AE counts sum
value in high strength concrete compositions is 200-300% higher than in weaker plain
concretes matured under the same conditions.

The above conclusions let the authors state that the AE counts sum may be ap-
plied as a parameter correlating with the mechanical strength level of the investigated
compositions.

The higher level of the compressive strength causes an increase of the AE signal
power in the high frequency range H. The high frequencies are generated in the areas in
that the local stress level reaches a relatively high value (as shown in Fig. 2); therefore
the average spectral pattern of the AE events registered during the compression test
also depends on the mechanical strength of the tested composition. This both the AE
parameters described above can be useful in the comparison of the mechanical properties
of concrete compositions.
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THE INFLUENCE OF ACOUSTIC NONLINEARITY ON ABSORPTION PROPERTIES
OF HELMHOLTZ RESONATORS
PART I. THEORY

M. MEISSNER

Polish Academy of Sciences
Institute of Fundamental Technological Research
(00-049 Warszawa, Swietokrzyska 21, Poland)

This is the first of two companion papers concerned with the nonlinear absorption of
Helmholtz resonators at a high amplitude incident wave. The phenomenon has been ex-
amined theoretically by use of a model of the acoustic field in the neighbourhood of the
resonator placed at the end of cylindrical tube. The calculation results have shown that
the peak of the absorption coefficient occurs when the nonlinear resistance is equal to
the radiation resistance of the resonator. The full experimental investigations of this phe-
nomenon and a comparison between theoretical and experimental data will be presented
in the companion paper (Part II).

1. Introduction

The nonlinear properties of Helmholtz resonators occur due to the dependence of the
resonator resistance on the particle velocity in the orifice. In the case of large amplitudes
of velocity a part of acoustic energy is lost on account of turbulent motion nearby the
edge of the orifice. The transfer of acoustic energy to the nonacoustic kinetic energy of
these turbulences influences the variability of the absorption coefficient of resonator in
the function of the sound intensity.

Nonlinear studies of Helmholtz resonators are scarce in number and relatively re-
cent. Important among these are the experimental investigations by INGARD [1], BIES
and WILSON (2], CZARNECKI [3, 4], WU and RUDNICK [5], as well as the theoretical
work of ZINN [6]. One of the important results of these investigations is the observation
that the resistance of a Helmholtz resonator increases with growing an amplitude of
incident pressure. CZARNECKI [3] investigated an influence of the nonlinear properties
of Helmholtz resonators on acoustic conditions in enclosures. He found an increase or a
decrease of the absorption coefficients depending on the conditions of the resonator sur-
roundings. WU and RUDNICK [5] measured a variation in the resonant frequency at high
sound intensities. They observed shifts of the tuning curves of resonators towards higher
frequencies with increasing amplitude of sound pressure. They ascribed these shifts to
decrease of the end correction of the resonators at higher sound pressure.
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The aim of this first of the two companion papers is to offer a theoretical model
of the energy absorption mechanism, that occurs when a single Helmholtz resonator is
excited by high amplitude plane wave. In the analysis it is considered the case of low
frequency incident wave. The theoretical description of the acoustic field is based on
the momentum equation for incompressible fluid in the space with rotating fluid motion
and Bernoulli’s equation in the space where fluid motion is irrotational. In this manner,
the assumption used in earlier theoretical studies of acoustic nonlinearity [7, 8] that the
fluid motion might be treated as being irrotational is removed. A loss resistance derived
from the theoretical analysis is included in an impedance model of resonator to explain a
change in absorption coefficient of the resonator. In the second paper [9] the comparison
between experimental results and theoretical data will be presented.

2. Nonlinear effect at high amplitude incident sound

The present theoretical study is concerned with the interaction between high am-
plitude sound wave and a Helmholtz resonator placed at the end of cylindrical tube.
The resonator consists of a part of this tube, and at one end it is terminated by rigid
wall, while at the other one by a rigid plate with a centrally located circular orifice. The
resonator dimensions are considerably smaller than the acoustic wavelength. When the
amplitude of incident wave is large, the instantaneous flow pattern is different on both
sides of the resonator orifice. In the first place, attention is focused on a flow structure
during the first half of the cycle, when the flow is directed from tube to the resonator
cavity (Fig. 1). Inside the tube, in the acoustic far field, the streamlines are parallel be-
cause only plane waves propagate in the area lying a long distance from the resonator.
At the inflow side of the orifice the streamlines converge producing an acoustic near
field, in which a reactive part of acoustic energy is concentrated. At the high amplitude
of incident sound and a small ratio between orifice and tube diameters, there is a strong
acoustic flow through the orifice which results in the separation of boundary layer and
the formation of high velocity axial jet. When the edges of the orifice are sharp, the
streamlines in the jet somewhat converge forming so-called vena contracta. The viscous
interaction of the jet with the quiescent surroundings results in the formation of vortex
ring that moves away from the orifice and dissipates into turbulence. During the second
half of the cycle the flow in the resonator orifice reverses direction and the formation of
the vortex ring occurs inside the tube.

To proceed with theoretical development the following assumptions will be required:
(I) the frequency of incident wave is low; under this condition the fluid in the neigh-
bourhood of the orifice may be treated as incompressible, (II) viscous forces are small
compared with inertia forces, (III) the formation and the dissipation of the vortex ring
occur in the small distance from the orifice, (IV) the flow pattern at the outflow side of
the orifice is symmetrical during the cycle.

First we will consider the situation when the acoustic flow is directed from the tube to
the resonator cavity (Fig. 1). The assumption, that a fluid motion between cross-sections
1 and 4 behaves as if it were incompressible and nonviscous, yields the following mo-
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Fig. 1. Streamlines in the neighbourhood of the resonator orifice at high amplitude incident plane
wave.

mentum equation
U
05 + o(U-V)U + grad(P) = 0. (1)

In the above equation p, U and P respectively denote the density of fluid, the velocity
vector and the total pressure, P = p+ pg, where pp represents the equilibrium pressure.
Thf: velocity U is a superposition of the acoustic velocity u and the velocity v induced
by the vortex ring which was formed at the outflow side of the orifice. At the inflow side,
in the area between cross-sections 1 and 3, the fluid motion is irrotational (v = 0), then
the momentum equation (1) may be reduced to Bernoulli’s equation

oY pu®

— + — + P = const, 2

at 2 @
which describes the relation between the pressure, the acoustic velocity and the velocity
potential 1) along the streamline defined by u. Since the streamlines in the cross-sections
1 and 3 are parallel then the pressures Py, P; and the velocities u;, ug in the planes 1
and 3 are uniform. In this case the mass conservation law gives

Siuy = Spug, uz = uo/C¢, (3)

where S; = ma? and Sy = b respectively denote the cross-sectional area of the tube
and the orifice area, C, is a contraction coefficient and ug is the average velocity in the
orifice area

27 b
uolt) = Sio f [ oy +ngr dedd, )
0 0
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where u; is the velocity in the cross-section 2 and n, is the unit vector in a direction of
the 2 axis. The coefficient C, is an experimentally determined quantity, and it is known
to be quite sensitive to orifice shape. In the case of sharp-edged orifices C, approximately
equals 0.61 [10]. A combination of Egs. (2) and (3) gives

- L (1 S
P1+po— P = D&(TIM 5 (02 52) (5)
A difference between potentials ¥; and i3 has the same value along each streamline.
If we consider the streamline along the axis of the orifice, we have ¥ = f u-dz, where
u:(z,t) is the velocity in the direction of z axis. The equation (5) can thus be written
in the form

1 52
P1+P0—P3=9'—/F(Z)d~ %Q(C_CZ_S_%)’ (6)

where F'(z) = u;/ug. The first term on the right-hand side of Eq. (6) is the pressure
drop caused by an energy concentration in the reactive acoustic field. The integral in
this term represents the effective orifice thickness being a sum of two parts

3

2
/F(z)dz:wcd+/F(z)dz=wcd—l-Ado, (7)
1 1

where w, is the correction factor of orifice thickness d, 1 < w, < 1/C,, and Ad, is the
outside end correction which results from the convergence of streamlines on the external
side of the resonator orifice. It is reasonably to expect that Ad, is very close to the
end correction at a small amplitude incident wave (linear case). Thus, the analytical
determination of this quantity requires a more detailed analysis of acoustic field in the
vicinity of the orifice.

Inside the resonator cavity, in the volume V' bounded by the cross-sections 3 and
4 (Fig. 1), the fluid motion is rotational due to the formation of vortex ring. The total
velocity U is thus a sum of the acoustic velocity u and the velocity v induced by the
vortex. In the plane 3 the velocity satisfies the condition of continuity uz = Us, while
the pressure is uniformly distributed because outside the orifice, on the rigid wall, the
pressure is approximately the same as in the jet [11]. In the plane 4, where the velocity
v vanishes, the acoustic velocity is uniform and has the value uy = upSp/S;. Since in the
volume V' the condition divU = 0 is satisfied then taking into account the identity [12]

f [(a- V)b + b(diva)ldv = j‘( o (8)
S

Vv

which is true for any vectors a and b, it is possible to perform the momentum equation
(1) into the following integral form

0 —dv + f [0U(U +n,) + Pn,lds = 9)
v
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where S is a boundary of the volume V and n; is a unit vector directed away from the
surface S. Because a normal component of velocity vanishes on rigid walls (U.n, = 0)
and a pressure distribution in the volume V is axially symmetrical then from Eq. (9) one
can obtain

o a Sz So
Bty il Laei =8 5o )
3 — P4 — Po S 9t [(U n;)dv + gug (Sf 5.C. (10)
v
Using the mass conservation law it can be shown that

4 2r a

/(U -n;) :/ [/ (U-n,)rdrd¢| dz —S{]Ho/dz = SpupAl, (11)
3 0 0

where Al is a distance between cross-sections 3 and 4. Substituting Eq. (11) into Eq. (10)
and using Eq. (6) to eliminate the pressure P; yields the following equation that deter-
mines the pressure drop p; — ps during the first half of the cycle

2

guu 1. 5
wed + Ady + SpAl/Sy) —— = . 12
( c 0 / l 9 Cc Sl ( )
Taking into account the assumption (IV) it becomes easy to proceed with the theoretical
analysis during the second half of the cycle, when the flow is directed from the resonator
cavity to the tube. Because of a different shape of acoustic near field on both sides of
the orifice, the considerations analogous as made above give the following equation

Aug
Pi— p4—93t

2
p-m= o0 e+ Adsaalys) - B8 (Z-2) L ay)
2 Ny 5y

where Ad; is the inside end correction. The opposite sign in front of the term proportional
to uj is a main difference between Eqgs. (12) and (13) because the outside and inside end
corrections, as will be shown in Sec. 3, considerably differ only at very small ratios I/a,
where [ and a are the resonator length and the cavity radius. These end corrections are,
however, nearly equal for a typical resonator geometry, in which //a is usually not too
small ({/a > 1/2). In this case Eqgs. (12) and (13) may be written as one equation

dug oul (1 S\°
. [ Qp (- _S0 14
pi=ogp(d+ A £ B2 (-2, (14)
that applies throughout the duration of the whole cycle. In the above equation Ad,,, on
the analogy of linear case, denotes the total end correction at high amplitude

Adp = (we — 1)d + %Ad+SOAt/Sl, (15)

where Ad = Ad; + Ad, is the total end correction at small amplitude incident sound. In
Eq. (14) the pressure drop defined by the first term on the right-hand side is associated
with an acoustic reactance. It is a part of the total reactance of resonator because it only
describes a mass inertia in the orifice and the near acoustic field. The second term on
the right-hand side, which not appears in the linear case, is a resistive term associated
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with losses due to the conversion of acoustic energy into vortical energy. Since this term
is proportional to the square of mean orifice velocity, it represents a nonlinear part of
acoustic pressure.

It follows from Eq. (14), that in a range of high amplitude of the orifice velocity the
resistive term is much larger than the reactive one. Now, if one suppose that the pressure
drop Ap = p1 — p4 is a harmonic function of the time, Ap ~ cos(wt), then from Eq. (14)
one can conclude that

up(t) = £Up| cos(wt)|'/?, (16)

where Uy denotes the peak value of orifice velocity and the plus sign holds when cos(wt) >
0, while the minus sign when cos(wt) < 0. The expression for ug may be expand in a
Fourier series and according to INGARD [13]

uo(t) = Up/m/2 i[l"(?/éi +n)I'(3/4 — n)]™" cos[(2n + 1)wt]

n=0

= Up[1.11 cos(wt) — 0.159 cos(3wt) + 0.072 cos(5wt) — 0.043 cos(Twt) + ...], (17)

where I" is the Gamma function. Thus, due to the nonlinearity the orifice velocity will
be distorted so that its frequency spectrum will contain harmonic components.

3. Impedance of resonator

The losses resulting from the absorption of acoustic energy by vortical field may be
included into a impedance model of the resonator by insertion of an additional orifice
resistance. Since in Eq.(17) the first term in the Fourier series is much larger than
the next ones, then it is possible to define this resistance in terms of a fundamental
component of the orifice velocity

vo(t) = 1.11 Up cos(wt) = Vg cos(wt). (18)

Thus, using the approximation ug & vg in the reactive term of Eq. (14) and Eq. (16) in
the resistive term yields the following expression for the pressure drop

i,
P = ps = 075 (d+ Adn) + 76 R, (19)
where R, is a loss resistance in the case of nonlinearity
oV 1 S\’
- S S 20
Bn= 5 i6mo (C,_. Sl) (20)

Losses of acoustic energy at high sound intensity are then proportional to the amplitude
of fundamental component of the orifice velocity. Since in this case there is a square-law
relation between the pressure and the velocity amplitude, R, is so-called the nonlinear
orifice resistance (at the low intensity of incident sound the relation between the pressure
and the velocity amplitude is linear). It is important to note that due to the form of
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Eq. (19) it is now possible to replace the orifice velocity vg by its Fourier representation
tp = Vpe™9*t, Thus, the equa.tion equivalent to Eq. (19) is following

D1 —
b2 0
where p; and p4 denote complex pressures. In order to find a dependence between the
orifice velocity and the incident sound pressure it is necessary to determine the pressures
p1 and py. In the cross-section 1 a pressure distribution is uniform because the streamlines
are parallel (Fig. 1). Thus, p; is the pressure in a acoustic far field being a superposition
of plane incident and reflected waves, including the plane wave radiated by resonator.
The pressure p; inside the tube in the far field area can be determined by use of a
classic theory of sound radiation. According to this theory, the response of resonator
under external excitation may be analyzed as a sound production by a vibrating rigid
piston located in the resonator orifice [14]. If the origin of a cylindrical coordinate system
(r,¢,2) lies at the center of the orifice, and in addition the plane z = 0 covers the
left-hand side of it, then for incident pressure f; = P;ed(*2=%1) a formula describing p;
can be written as

=R, —Jk——(d+.ﬂd) (21)

. ~ o5 a "
Pe(z,t) = 2P; cos(kz)e vt — 0%, /[Uo(t) 9t(z0 = 0) ro dro dyo , (22)

where g;(z, zp) represents Green’s function for the plane wave motion inside the tube and
(ro, do, z0) is a position of source point. The first term on the right-hand side of Eq. (22)
is a sum of incident and reflected waves. The quantity g; can be simply obtained from
the expression for the general Green’s function G; which includes both acoustic far and
near field components. The function Gy is a solution of the wave equation and satisfies
the boundary conditions

%GT—‘r=a) gi:( =0)=0, (23)
then for waves starting inside the tube from z = —oo is given by [15]
o0 oo
=3 gmn cos(kmnzo) exp(—jkmnz), (24)
m=0n=0

where
m('Ymn'r/a ('Ymnro/a

kmn[1 = (m/Ymn)2]J2 (Ymn)
and Ymn is the nth root of the equation dJi, (v)/dy = 0, kmn = [k* — (Ymn/a)?]*/?, and
€m is the Neumann factor, ¢ = 1, €, = 2 (m > 0). As may be seen, the function g,
is determined by the first term in the series on the right-hand side of Eq. (24) which is
independent on r and rp. Following from this, one can write Eq. (22) as

Pe(z,t) = 2P, cos(kz)e 1t — pe (b/a)Vpe~Ikztwt) (26)

gmn = —5 em cos|m(® — ¢o)] - (25)

where the second term on the right-hand side represents the plane wave radiated by
resonator. Since it was assumed that a frequency of the incident wave is small, then a
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distance between the cross-section 1 and the orifice plane is much less than the wave-
length. Under this condition from Eq. (26) one can easily obtain an expression for the
unknown pressure p;

P1(t) = pe(z, ) k=m0 = [2135, - oc (b/G)ZVo] eIt (27)

The same method, as presented above, will be used for a determination of the pressure
Pa. In order to simplify the analysis we move the origin of a coordinate system to a plane
which covers the right-hand side of the orifice (Fig. 1). In a small distance from the orifice
plane a pressure in the resonator cavity is uniform, because it represents a superposition
of multiple plane wave reflections. The formula for this pressure is thus given by

27 b

ad -

5‘//“ ) ge(20 = 0) rodroddo , (28)
00

where g.(z,20) is the Green’s function for the plane wave motion inside the resonator
cavity. It is a part of a general Green’s function G, derived for the resonator interior.
Since G, must satisfy boundary conditions

G, . 080G, _ .. 0G.
W(T =gl = 9z Loy =)= dz

then it may be expressed as follow

(z=1)=0, (29)

Ge=3J i i gmn €08(kmnzo) [Sin(kmnz) + c08(kmn2) cot(kmnl)] . (30)

m=0n=0

Since the function g. is determined by the first term of this series then taking into
account Eq. (28) one can write the expression for the pressure py as

Pa(t) = Pe(z,t)|kz—0 = joc (b/a)* Vo cot(kl)e 7", (31)

Finally, substituting Eqs. (26) and (31) into Eq. (21) yields the following formula for the
acoustic impedance of resonator

2P, .
=——= R X, 32
where R, = pc/(ma?) is the radiation resistance and X is the reactance of resonator

oc
X= T cot(kl) — — ——(d + Adp). (33)

The end correction Ad = Ad, + Ad; which appears in a definition of Ad, [Eq. (15)] rep-
resents the added mass effect at small amplitudes of incident sound. Thus, the quantity
Ad may be determined by calculating the co-vibrating masses m, and m; on both sides
of the resonator orifice. They are simply a product of air density and a result of double
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surface integration of these parts of Green’s functions G; and G, which depend on radial
coordinates

m, = gmb*Ad, = [/(Ga = gt)|z,20=0 ToT drodr dgodg,
S0 So

omh?Ad; = o / / (Ge = ge)jz,z0=0 Tor drodr ddods.
So So

I

m;

After integration one can obtain expressions for outside and inside end corrections

= 4aJ?(Yonb/a) = 4aJE(Yonb/a) Yonl
Ad, = hionll ALY ot el , Ad; = — 1\ An/ 7 eoth (_") 35
Z 'an J02 ('YDn) Z "/3,, J02 (’)’On) N a ( )

n=1 n=]

In the work of INGARD [1] it was assumed that for the cylindrical resonator placed at
the end of a tube the outside end correction equals the inside one. The formula obtained
for outside end correction agrees with Ingard’s result. However, the exact expression
for inside end correction derived in this paper indicates that Ad, and Ad; differ and
it results from the additional factor coth(yonl/a) in each term of the series. Since the
quantity yon is the nth root of the equation dJy(vy)/dy = 0, then one has: vo; = 3.83,
Yoz = 7.02, o3 = 10.17 ... . Thus, a difference between Ad, and Ad; is large at very
small values of //a, but Ingard’s approximation Ad, ~ Ad; is valid for I/a > 1/2.

4. Absorption coefficient of resonator

Inside the tube a long distance from the orifice plane an acoustic field is determined
by a sum of two plane waves which propagate in positive and negative z direction. The
first one represents an incident wave, while the second is a superposition of reflected and
radiated waves. To proceed with theoretical analysis it is now necessary to introduce a
complex reflection coefficient 3 which is defined as the ratio between pressure amplitude
of the wave travelling in negative z direction to that of the incident wave. Thus, Eq. (26)
for the pressure in the far field one can rewrite in the form

Pr(z,8) = Prem3t = P, (&%= 4 femiks) ¢miet, (36)
From Egs. (26) and (32) one can obtain the expression for the reflection coefficient
B = BeiX =1—24e79%, (37)
where § denotes a modulus of the reflection coefficient and

A= i , ¢ = arctan (——),
V(& + Ra)? + X2 R+ R,

Equation (36) may now be used to express the modulus of a pressure in far field area in
terms of coefficient 3

m ™
< p< -,
75953 (38)

|B,| = |Pi|\/1+ B2 + 2Bcos(2kz — x) - (39)
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From Eqgs. (39) the modulus of f can be obtained

|ﬁt|max - |13t]min
|Pttmax o |Pt|min

8= = /1 + 4A2 — 4A cos(p) (40)

and from this, the expression for the energy absorption coefficient
a=1- %= 4A[cos(¢) — AJ. (41)

At low pressure amplitudes the nonlinear component of resistance can be neglected
(R, = 0). In this case the expression (38) for the quantity A yields
A= | SN cos(ip), (42)
1 + tan®*(y)
and this means, according to Eq.(41), that the absorption coefficient o always equals
zero. This result is in full agreement with the basis of linear acoustics for nonviscous
fluids. Thus, the conclusion may be derived that at high amplitude the changes in the
absorption coefficient at the resonant frequency result from an increase of the resistance
R,. In accordance with the foregoing theory the absorption coefficient in the case of
resonance (X = 0),
4R, /R,
(1+ Rn/Ry)?
increases with the growth of the nonlinear resistance R, as long as R, < R.. When
the equality R, = R, is reached the absorption coefficient equals unity. It follows from
Eq. (43) that further increase in the resistance R, makes a contribution to decrease in
the coefficient .
A value of @ cannot be computed directly from Eq. (41) because the parameter A and
phase ¢ are dependent of the velocity amplitude Vo which is a solution of the equation

2|P;| — nb*Vo|Ry + Rn + jX| =0. (44)

a=4A(1- A) = (43)

In order to solve Eq. (44) it is necessary to apply a numerical procedure because nonlinear
resistance R, depends on the orifice velocity [see Eq.(20)]. A simple analytic solution
may be obtained only in the case of resonance and the result is

R, 1 326 [ S P |

—_— = = 1 + — _— 1 Pi ===, 45

R, 2\/ pc? (SOC ) |7 2 )
Equation (43) together with this solution enables to determine a dependence of the
absorption coefficient a at a resonant frequency on the incident pressure amplitude |P |-
As may be noted, there is such a value of |P | for which the absorption coefficient equals

unity. This amplitude may be calculated directly from Eq.(45) putting Rn equal R,.
The result is

]ﬁl - 2.469C2(b/a)4

U /Ce = (bfa)
so, the pressure amplitude, at which the absorption coefficient is equal to unity, depends
on the ratio b/a only. Since this dependence would be useful in the practical resonator

(46)
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design it is reasonably to replace the pressure amplitude |ﬁi| by its level L; expressed
in decibels. In Fig. 2, the level L; calculated from Eq.(46) is plotted against the ratio
b/a in the range 0.02 < b/a < 0.5. One immediately sees that at very small values of
b/a the maximum sound absorption occurs for relatively low pressure levels of incident
wave (L; &~ 60dB). With growing b/a the level L; fast increases, reaching the value
L; ~ 175dB for the ratio b/a = 0.5.

y78 -

L; (dB)

50 LB l LI B B I L L I L I T 1 1 1 l
0 0.1 0.2 0.3 0.4 0.5

b/a

Fig. 2. Dependence of pressure level L; on ratio b/a.

5. Discussion and conclusions

The acoustic nonlinearity phenomenon, which occurs when the Helmholtz resonator
is excited by high amplitude sound wave, has been investigated in this paper. A theoret-
ical model has been presented in order to explain an increase in acoustic energy losses
with increasing sound intensity. It has been shown that the nonlinear loss mechanism is
associated with a flow separation on the orifice edge and a formation of high speed jet
on the outflow side of the orifice, because the interaction of jet with motionless medium
results in a generation of the vortical field which extracts energy from acoustic field.

In the theoretical study a pressure field was determined separately in the area with
irrotational and rotational fluid motion. It is important to emphasize that this theory
may also be applied in the case of high amplitude acoustic transmission through an orifice
plate in a pipe. As compared to the model of CUMMINGS [8], in which the rotational
fluid motion was totally ignored, the present study gives a more complete description of
the pressure field in the orifice surroundings.
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It was found that a total pressure drop due to the jet formation and generation of
vorticity is proportional to the square of the orifice velocity amplitude. This dependence
for sinusoidal excitation signals leads to a harmonic distortion of the orifice velocity. As a
result of this distortion the complications arise in definition of the resonator impedance.
In the present study this problem was overcome by determining this impedance for the
fundamental component of orifice velocity. If in the impedance model an acoustic energy
loss due to a viscosity is neglected, then the resistive part of the resonator impedance
consists of the radiation resistance and the nonlinear resistance. It has been shown that
the absorption coefficient of resonator reaches the unity when the radiation resistance is
equal to the nonlinear one and for a given resonator geometry it occurs at the exactly
determined value of incident pressure amplitude.
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Understanding how the auditory system works recently gains increasing importance in
audio engineering. Its most widespread practical use is in perceptual audio coders, with
even more applications to be foreseen in the future. The construction of a mathematical
procedure that could transform acoustic signals heard by humans to data corresponding
to auditory sensation would open way to significant progress in audio engineering. In this
paper the issue is discussed and important research in the field is reviewed. The proposal
for a frequency analysis procedure appropriate for ear modeling is presented and verified.
This procedure is a form of the Wavelet Transform.

1. Introduction

Understanding how the ear works has been a challenge to researchers since Ohm
formulated his “acoustic law” in 1843. This knowledge, apart from purely medical, has
practical applications in such fields as construction of devices for people with handi-
capped ear, audio engineering [37] or noise control [11]. A new area of technology where
ear modeling is directly applied is the construction of low bit rate coders of digital audio
signals, usually referenced as perceptual coders.

Another, future-oriented application is the construction of an appropriate set of data
(data vector) to be used as an input to artificial neural networks.

The foundations for modern knowledge on this subject have been laid by von Bekesy
in 1947, with his pioneering work identifying vibration at the basilar membrane as trav-
elling waves. The efforts are continued, but functioning of higher (neural) stages of the
ear are still subjects of partial hypothesis, of which not one has been widely accepted
without questioning.

2. The auditory system as an acoustic receiver

Our ear perceives time functions of acoustic pressure as continuous evolution, or
sequences, of separate acoustic events, characterized by their pitches and timbres. It
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is able to perceive and comprehend speech of one speaker with many other voices
in the background, or to follow the melodic line of one instrument out of an ensem-
ble. The auditory system transforms a time function of acoustic pressure into separate
streams of information. Most of these complex functions are performed in higher stages
of the auditory system and little is known about them, but whatever the nature of
this information-processing mechanism is, it must rely on information received from the
peripheral stages of the auditory system. Therefore, any attempt to investigate these
processes must be based on a solid model of information supplied by the peripheral
auditory system to higher auditory stages.

The time function received by the ear is a linear superposition of acoustic pressures
from separate individual sources, while the separate streams of information isolated
by the ear build auditory sensations corresponding to sounds produced by each of the
sources individually. Although the number of those individual sources that can be si-
multaneously perceived by the ear is limited, the entire mechanism is so sophisticated
that no successful attempt has been made so far to implement it artificially.

3. General review of operations performed by the auditory system

In this paper the acoustical, the mechanical and a fragment of the neural path are con-
sidered. The last physiological (neural) element in this chain that is covered is cochlear
nucleus, so little more than the peripheral auditory system and only monaural hearing
will be discussed.

The outer ear plays roles of mechanical protection, microclimate control and direc-
tivity detection aid. Physically, it is a pipe with a length of about 2 cm open at one end
thus enhancing waves of four time its length, i.e. frequencies around 4kHz. The middle
ear, i.e. three ossicles: malleus, incus and stapes act as an impedance transformer, which
maximizes the energy transmitted into the inner ear, and eliminates reflections of waves
at the boundary of gas and liquid mediums. The cochlea (part of the inner ear) is filled
with a liquid (perilymph and endolymph), and because of complexity of mechanics of
the cochlea, the input impedance of the inner ear changes with vibration level and fre-
quency. At the oval window — the place where the stapes touches the cochlea and which
is a boundary between the middle and inner ears, the vibration of the stapes can still
be considered a time function, related to the acoustic pressure outside of the ear.

Inside the cochlea complex, but relatively well understood processes take place, which
can be functionally (but hardly physiologically) separated into two sub-processes. The
first is nonlinear mechanical filtering, the second is a transduction from mechanical
movement of the basilar membrane to electrochemical activity of neurones.

The basilar membrane with perylimph surrounding it was long considered to be a
passive mechanical filter. Vibration at the oval window is the source of waves travelling
along the membrane up to the point of maximum amplitude, and then decaying rapidly.
The basilar membrane can be considered as a bank of bandpass filters. As all filters have
steep upper slope and mild lower slope simpler models often simulate it as a chain of
low-pass filters. The estimation of the resolution of this mechanical filter has changed
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substantially. Earlier experiments indicated that the Q factor of a typical basilar mem-
brane — based bandpass filter was on the order of 1, that is far lower than the overall
@ value of the entire auditory system estimated at 100 (or even 200 by some researchers
[39]). Over the past 25 years more sophisticated measurement methods were developed
and evidences became available that the true value of () of the membrane is much higher
[28]. No passive mechanical model can explain such a high selectivity.

It is now agreed by most researchers that there is some active process in the cochlea,
supplying energy to the basilar membrane in a positive feedback which provides this
high frequency selectivity, and that outer hair cells in the organ of Corti, a small organ
distributed along the basilar membrane, play a key role in this process.

The other sub-process performed in the cochlea is a transduction of vibration at
specific place along the basilar membrane to the appropriate neural signal [34, 39]. This
process is performed inside the organ of Corti, and transducers are inner hair cells. The
vibration sensed is, in terms of signal processing, rectified, and then converted to series
of neural spikes further transmitted along the auditory nerve (composed of around 30000
neural axons) to higher stages of the auditory system. The rectification mentioned is only
approximate and has physiological origin: the processes resulting in the excitation of hair
cells are in the most part those accompanying the deflection of the basilar membrane in
one direction.

There is a long lasting controversy among researchers of the hearing system. One
point of view attributes most meaning to the analysis of places of excitation on the
basilar membrane (“place theories”) while the other emphasizes the role of information
contained in the time structure of a signal from a particular area on the basilar membrane
(“time theories”). .

Nonlinearities in the operation of the cochlea have three sources. One is mechanical
nonlinearity of the basilar membrane. The second is inherent nonlinearity of the elec-
trochemical processes in mechanical to neural transduction. This latter nonlinearity is
of the “hard limiting” type and is seriously limiting the dynamic range of any single
hair cell. However, the entire transduction mechanism compensates for this, by way of
combining many haircells with different thresholds of activation [28].

The third source of nonlinearity is the positive feedback in the cochlea mentioned
above, and is least known.

Experiments aimed at estimation of the @ value at different stages of the neural path
of the auditory system have shown that the shape of tuning of neural responses along
the higher stages of the auditory system is similar to the response at the auditory nerve
leaving the cochlea and is not very sharp. The origin of the ear’s high @ factor is still
not quite clear [28].

One feature, commonly agreed upon is that the representation of neural activity
leaving the cochlea is tonotopic throughout the rest of the auditory system, that is spatial
distribution of neural cells conveying information from particular fragments of the basilar
membrane is preserved along the subsequent stages of the auditory system. There is
evidence that this tonotopic distribution becomes two-dimensional in the auditory cortex
[41]. The higher stages of auditory processing are fairly well known in their physiological
construction, also neural responses in different stages have been intensively studied [28].
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However, functional explanation of the entire system is still rather unclear. Apart from
higher functions mentioned in Sec. 2. the seemingly simpler mechanism of a very high
frequency selectivity of the ear has not yet been understood.

One more physiological stage of neural processing within the scope of this article is
the cochlear nucleus. There are evidences that the process called lateral inhibition takes
place there. When largely simplified and in the context of spectral analysis performed by
the ear, it can be described as enhancing stronger spectral components while suppress-
ing neighbouring weaker components. However, it is not clear whether this mechanism
contributes to the sharpening of ear’s overall frequency selectivity.

4. Different approaches to modeling the auditory system

This task is enormously complex for two main reasons:

a) The elements of the auditory system are highly nonlinear and difficult to separate
into independent blocks performing specific functions. Modeling its higher stages is yet
more difficult because their operation is hardly known.

b) When modeling the entire auditory system we have to deal with the output signals
which are very difficult to measure since we neither have a measuring device nor a unit
of measure. If such a unit existed, it would have to be multidimensional. Some works
addressed the problem of multidimensional timbral space, trying to locate sounds of
musical instruments there [33]. It is difficult to express subjective percepts in our brain
in a quantitative way. Auditory percepts are the domain of psychoacoustics and some
quantitative measures of auditory sensations have been developed there, for example the
sone scale for measurement of sensation of loudness. Although psychoacoustics can help
us to measure the sensations of loudness and pitch, we are still unable to measure more
complex, multidimensional percepts such as timbre.

The problem of modeling can be approached by looking at it from two different
perspectives.

Psychoacoustical approach. It seems that many of the test stimuli used in psychoa-
coustical experiments may not engage more complex functions of the higher stages of
the auditory system, so that they may not reveal some features of the ear.

Physiological approach. Here an attempt is made to divide the auditory system to
some physiologically separate parts and model their functions mathematically. A model
encompassing all peripheral stages and higher stages up to the cochlear nucleus, with
consequent mathematical formalism can be found in [39]. However, only limited verifi-
cation of this model is given.

Fairly well verified models of this sort exist, but most of them encompass only limited
part of the auditory system, mainly in its peripheral stages.

Some works try to model particular functions of the ear, instead of its physiological
parts. Such models differ from the psychoacoustic approach in that in building these
models they use knowledge about physiological construction of the system and can be
seen as physiologically encompassing the complete system.
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The function most often simulated in such models is the sensation of pitch [8, 12,
27, 36]. The sensation of pitch is very suitable for modeling, for the ear is very sensitive
to pitch (high overall @ of the system seen as a filterbank) and it is probably the most
important percept upon which the ear analyses and qualifies sounds.

5. Techniques of modeling

Probably the largest number of physiologically-based models have been built for
the basilar membrane, from linear one-dimensional ones of various complexity [12, 39],
non-linear one-dimensional [21], to three-dimensional [3]. In [20, 24] models in the form
of chains of building blocks are presented. These implementations are analog and digital
respectively, and both include positive feedback activated by outer hair cells.

When modeling the peripheral part of the ear, the different physical quantities (me-
chanical and electrochemical) can be modeled as continuous or discrete functions of
time. Some researchers tend to exploit information theory and shift the problem from
the domain of deterministic signals to the domain of stochastic signals, like in [13, 30].

Modeling of higher neural stages requires sophisticated mathematical tools used in
pattern recognition, neural network modeling and probably some specific ones not yet
developed.

6. Decomposition of functions of the ear into blocks

The following block diagram of the ear may be proposed (Fig. 1), if we try to use
blocks to which appropriate signal processing procedures can be attributed This is a
framework generalizing the approach taken in some models. Such a generalized model
attempts to simulate all salient functions of peripheral stages of the ear, albeit in sim-
plified form.
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Fig. 1. Simplified functional diagram of extended peripheral auditory system.
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A common element of all models of the ear is some sort of frequency analysis (Fig. 1),
as this function of the cochlea is unquestionably agreed upon as probably the most
fundamental. Many models in fact perform only this one function and still are successful,
especially when frequency analysis is combined with a simplified form of the fourth block
in Fig. 1 — spectral enhancement.

The nonlinearity, performed in the third block is being simulated by different means,
and with very different effect on processing of the signal. However, due to its very
complex nature and many places of the auditory system where it can be found, it is
rather difficult to simulate its effects [28, 43]. Some models include the automatic gain
control as the only nonlinearity, as such mechanism is certainly present in the auditory
system. This stage will not be discussed in more detail.

Spectral enhancement (fourth block) is associated with the reduction of data. Such
a process takes place in the auditory system. A simplified implementation of this block
is achieved by assigning less meaning to parts of the spectrum which are weaker. Less
meaning leads to less bits of resolution and the procedure is governed by masking curves
supplied by psychoacoustics. This is the way all perceptual coders work.

7. Modeling the frequency analysis function of the ear

Bandpass filters appropriate for modeling the ear should have shorter impulse re-
sponse for high frequencies than for low ones [17, 19, 31]. Such are the “filters” in the
ear. This type of filters is usually referred as “constant Q" type, i.e. the widths of band-
pass filters are proportional to their centre frequencies.

For frequency analysis typically either the spectral decomposition by means of an
appropriate transform, or a bank of bandpass filters is used. Throughout this paper,
the formulas will be given either in continuous or in discrete form, whichever is more
convenient.

Usually a sequence of block transforms:

Y& =ka1 (1)

where y. is k-th consecutive output vector, xj is k-th consecutive input signal vector
and H is a transform matrix (time-invariant) is used, to obtain a time — frequency
representation of the signal. Then the filtering approach is closely related. In their basic
forms both techniques can be shown to be fully equivalent [40]. However, differences
in implementations are meaningful. The comparison of both approaches, considered as
candidates for modeling of auditory spectral analysis, leads to the following conclusions.

The transform approach:

+ compact mathematical form, often resulting in powerful fast computing algorithms,

+ the transformed signal has a form readily available for monitoring, either for a
human observer or for an algorithm simulating further functions of the ear,

+ orthogonal transforms obey the Parseval’s theorem,

— only wavelet transforms have a very desirable feature of performing a constant @
type of spectral analysis, instead of most common constant bandwidth type,
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— distortion may be generated in boundaries of neighbouring signal blocks (blocking
effect), which requires means to alleviate or eliminate this problem.

The filtering approach:

+ is more natural in simulation of auditory filters,

+ arbitrary filter shapes can be designed, especially in the case when non-decimated
(operating at the sampling frequency of the input signal in all bands) filters are used,

+ has no blocking effects,

— non-decimated filters lead to very redundant spectral representation,

— decimated filters (critically sampled) can only be used when none or very limited
processing in spectral domain is to be performed, as those filters guarantee perfect
reconstruction only under such a condition,

— if some distortion is present resulting from imperfections of filters, they are very
different in nature than those produced by the ear.

7.1. Application of transforms

The Fourier Transform in its original form can only be used for either the analysis
of impulses shorter than ear’s resolution in time or for stationary signals, and hence
is impractical for ear modeling, where we require a representation in which the output
vector yi changes with time, as in (1). Such a distribution is the Short Time Fourier
Transform (STFT — the definition in continuous domains is given as more general) [29]:

STFT (1,w) = / s(t)h(t — T)e~IwtdL, (@)

—00

where 7 is time around which we analyse the spectrum, w is radian frequency, s(t) is an
input signal, h(t) is time window through which we observe this signal. The shape of the
time window determines the parameters of the distribution obtained. It is easy to notice
that if we divide the integrand by e™7“! then we obtain the convolution of a time signal
s(t) with h(—t), i.e. the time window reversed in time. This is where equivalence between
a transform and a filter comes from. The Fourier transform H(w) of the function h(t)
is exactly the shape of the filter equivalent to the evolution with time 7 of one point of
the transform.

The STFT as a tool for ear modeling has two drawbacks. The first one is that
it performs a constant bandwidth analysis. The second results from the Balian-Low
theorem [23], which states that if we critically sample the STFT (to avoid redundancy)
then either time or frequency support of basis functions of the transform must go to
infinity, thus good time and frequency localization is not possible.

More advanced transforms, related to the STFT have been developed and are used
in practical implementations of perceptual audio coders. They are easily interpreted as
filters. Most popular of them is the Modulated Lapped Transform also known as Modified
Discrete Cosine Transform (MDCT) [25, 35]. The more general framework that describes
them is called local trigonometric bases [44]. Being orthogonal transforms, in contrast
to the STFT they can achieve good localization in both time and frequency. They also
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meet a specific compromise between the Q factor of filters, their distortion rate and
computational efficiency, and would be very good candidates for ear modelling, but they
perform constant bandwidth analysis.

Linear transforms related to the Fourier transform are all limited in their time-
-frequency resolution by the uncertainty principle. This limit could be relaxed by the
use of one of a family of time-frequency distributions which have much better energy
concentration in the time-frequency plane (Cohen’s class distributions) [7]. The most
widely investigated of them is the Wigner—Ville distribution:

W(r,w) = ]os (T + %) s* ('r — %) e vt (3)

where s*(t) denotes complex conjugate of the signal. However, as can be seen from the
formula this representation is quadratic in s(t) and therefore the distribution is nonlinear.
It has the so-called “cross-terms” which make the results quite obscure, despite their
excellent time-frequency resolution. It is also, in general case, non-invertible.

The cross-terms can be smoothed to some extent, but at the cost of reducing good
joint time-frequency resolution.

Some works have addressed the problem of finding a frequency analysis tool appro-
priate to analyze sounds of musical instruments. Although not directly referring to the
ear, their results are suitable for the problem discussed in this paper. A specific distri-
bution belonging to Cohen’s class, related to the Wigner distribution and called modal
distribution is given in [32]. This distribution suppresses cross-terms but is inappropriate
for transient — like sounds, such as musical sounds with sharp attacks.

There have been many attempts to modify the Fourier or related ransforms in order
to make it a constant () analysis. For the purpose of analysing musical sounds Brown
(4] proposed such a modification directly in the digital form, but it was not invertible.

The relatively new transform, the Wavelet Transform (WT), is of the constant Q
type, when used for frequency analysis [6, 10, 23, 38, 40]. The continuous WT(CWT) is
given by:

CWT(r,a) = —}ﬁfs(t)h* (t = T) dt, (4)

a
where a is a scale factor (corresponding to frequency), h(t) is a basic wavelet (or mother
wavelet). The h(t) can be real (more often used in practice) or complex; in this latter
case the complex conjugate h*(-) is used in (4) and the transform becomes complex. The
choices of h(t), and discretization steps for a and 7 (together forming a discretisation
grid in the time — scale plane) determine the features of the wavelet transform obtained.

The essence of the WT is that for any particular scale a the function A(-) of (4) is
dilated or contracted proportionally along the abscissa, thus fulfilling the postulate of
constant () representation.

Generally, there can be four forms of the WT: the continuous WT given by (4); the
discrete parameter WT, where parameters a and 7 are discretized; the discrete time
WT, where parameters and the signal under analysis s(k) is discrete; the discrete WT,
where the previous quantities and the h(a, 7, k) are discrete. A discrete mother wavelet
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h(k) can be a sampled version of its continuous time counterpart, but h(k) which do not
have a continuous version can be constructed. The latest case, with the basis value of a
equal 2, takes the form:

DWT(m,n) = 2-™/2) " s(k)h(2"™k —n), (5)
k

where m, n are integer values of parameters a and 7, k is a number of signal sample.
This form is most widely used in practice, because of two important advantages:

a) the scaling forms a simple “dyadic” structure, for which fast algorithms — Fast
Wavelet Transform exist;

b) the interpretation as a filterbank is straightforward.

The big disadvantage, when used for modeling of the ear, is that the analysis defined
by (5) is an octave band analysis, so its frequency resolution is insufficient.

If {hm,n} form an orthonormal basis set, then the inversion formula takes the simple
form of the sum of appropriate inner products between transform coefficients and basis
functions:

s(k) =D 27™2p(27™k — n)DWTp,n. (6)
m n

The mathematics related to the choice of the mother wavelet is fairly complex [10],
however, if we can accept large redundancy in our data, which in practice means choosing
a relatively dense sampling of the time-scale plane, then we have large area of freedom
in this choice.

In the redundant case the basis vectors of the tranformation will not be orthogonal,
the only requirement is that they must span the vector space. The set of basis vectors
is then called a frame. A condition for a set to be a frame is that for any m x 1 vector s
6, 10, 23, 38]:

n
Alsll® < 3 Ks.ba)l* < Blsl?,  n2m, (7)
i=1
where A and B are positive constants (“frame bounds”), s is input signal vector, (s, h)
is the inner product of vectors. According to (7), the energy of the (discrete) wavelet
codflicients relative to that of the signal must be within the two bounds.

The reconstruction from a frame is more difficult, as instead of the set {h;} another
set, called dual set {h;} is used [10], and its computation from {h;} is not easy. When
in (7) A = B, then the frame is called tight frame and {/;} = {h;} holds.

When the ratio of B/A is close to 1, then a frame is an approximation to the tight
frame, and signals can be approximately reconstructed with the use of an original basis
set {h;}. It depends on the application and the particular mother wavelet, how close to
1 the B/A ratio should be.

Working with the discrete parameter WT, we can obtain frames arbitrarily close to
tight frames, by dense sampling of the CWT in both time and scale, i.e. the a and 7
parameters. For a given mother wavelet there are threshold values (ao, 7o), below which
the {hm,n} will always form a frame [6].

The fact that it is possible, albeit not easy, to use bases which are not orthogonal and
thus to have large flexibility in the choice of a mother wavelet is crucial in the task of ear
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modeling: it allows to construct h(t) which simulates the impulse response of auditory
filters.

IRINO and KAWAHARA [18] used a simulated response of the auditory filter as the
mother wavelet, and called it the Auditory Wavelet Transform. As this resulted in a
non-orthogonal transform, the reconstruction (as mentioned in Sec. 7.1) was not easy,
and they used two indirect methods.

7.2. Application of filters

Besides the traditional classification of digital filters to FIR and IIR types, modern
filters could be divided to non-decimated (standard) and decimated (usually critically
sampled) filters. While critically sampled filters do not increase the data rate of the
input signal they impose several important practical limitations. The construction of
banks emulating constant () filters is possible with the use of wavelet packets [44] and
excellent filterbanks for the use in audio technology have recently been designed [2].
However, they tolerate little modifications to the channel signals, which are needed in
ear modelling, e.g. in blocks no. 3. and no. 4. of Fig. 1.

Non-decimated filters offer much better flexibility, computational stability and ro-
bustness to distortion, and are thus more suitable for ear modelling. The cost of non-deci-
mating is very high redundancy of the channel (output) data. Constant Q, one-third
octave band or so-called Bark filters (with bandwith corresponding to 1 Bark) are often
used [37].

Non-decimated filters with impulse responses simulating that of the cochlea have been
investigated. In several models the so called “gammatone” linear filter has been used.
Recently IRINO (17, 19] has proposed a more advanced filter called “the gammachirp”
with level — dependent, asymmetric characteristics, showing that it was theoretically
optimum filter, with minimum uncertainty in a joint time frequency representation. It
is given by [17):

9¢(t) = at™ " exp(—2mb ERB (f,)t) cos(27 f,t + cInt + ), t>0, (8)

where a, b, ¢, n, are parameters, which are tuned to obtain best results, f, is the cen-
tre frequency of the filter, ¢ is the phase of the cosine carrier, ERB is the Equivalent
Rectangular Bandwidth and t is time. As the ERB is a function of f, the bandwidths
of cochlear particular filters can be precisely tuned to experimental data, thus offering
better fit that the constant @ filters do.

Without the frequency modulation “chirp” term (cInt) the impulse response in (8)
is equivalent to the earlier “gammatone” filter.

8. Spectral enhancement

Since a seminal paper by MCAULAY and QUATIERI [26] several procedures for dis-
carding weaker parts of the spectrum have been proposed. Such an operation has its
foundations in physiological phenomena of masking and lateral inhibition (mentioned in
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Sec.3). It can be assumed that they both contribute at peripheral auditory stages to
the overall ear’s ability to isolate signals of interest out of an acoustic background. The
procedures in [9, 16, 26] and many others are peak picking algorithms. They consist of
finding local spectral peaks in subsequent spectra evolving with time and then in forming
continuous traces in the three-dimensional amplitude versus time and frequency space.

On their output they all produce plots resembling the rightmost diagram in Fig. 1.
Usually they provide substantial amount of data reduction. They differ in time-frequency
analysis method used, selection (peak-picking) method, elimination of blocking effects
and other details.

A simple way of achieving the same goal, albeit applicable only for stationary sounds
of acoustic instruments with harmonic spectra was proposed in [22].

A different approach to modeling spectral enhancement was presented in [41, 42, 43).
The authors tried to simulate more precisely the physiological processes, with mixed
partial derivative with respect to both time and space of the basilar membrane patterns
as key contrast — enhancing operation, followed by nonlinearity (rectification).

9. Postulates for Auditory Transform

Auditory Transform is meant to be a multi-stage computational procedure (the term
“transform” is used in a wide sense) which should serve two goals:

a) analyse an audio signal yielding a result similar to its internal representation at a
suitable stage of the auditory system;

b) model the peripheral auditory system.

The most desirable properties of Auditory Transform are proposed below:

a) The first stage should be linear and perceptually invertible, i.e. a listener should
not perceive any difference between an original signal and the reconstructed signal.

b) The careful design of frequency analysis part of this procedure is essential. If the
WT is used for this stage, a good candidate is based on a mother wavelet that in some
way approximates the characteristics of an auditory filter.

c) The subsequent nonlinear spectral enhancement procedure should eliminate re-
dundancy from frequency analysis stage.

10. A proposal for a narrow-band wavelet transform

Following the discussion presented above, the author designed a specific wavelet
transform to model the frequency analysis function of the ear. The choice of wavelet
leads to a redundant (frame-based) wavelet transform. The construction and verification
of the proposed WT is only summarized in this chapter.

There is a way of densely sampling of the CWT, keeping a simple structure of time
allocation of transform coefficients. This is obtained by preserving a dyadic structure of
sampling in time, with appropriate oversampling, while samples in the scale (frequency)
domain are taken by filling the dyadic scale with additional samples, taken at fractional
powers of two. Such samples in the scale domain are called “voices”. If we denote the
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continuous wavelet at scale (octave) m by hy,(t), then the voice number j in that scale
will be given by:
huig () =2 i iy, (9)

where M is the number of voices per one octave.

The mother wavelet chosen for that transform was similar to the Morlet wavelet. The
original Morlet wavelet [6] is the basis function of the Gabor Transform, i.e. it is the
complex sinusoid windowed by the Gaussian envelope. Its important advantage is that it
directly preserves phase, as the basis functions are complex. The frequency resolution of
the original Morlet wavelet was found inappropriate and a specific window was proposed
instead of the Gaussian. This window was derived from the modified Blackman window
[14], by tuning its coefficients so that the spectrum of the window is as close as possible
to frequency characteristics of auditory filters, within limitations of real-valued windows.
The discrete formula for the window was the following:

27 2m
w(n) = 0.4205+0.4995 cos [_ﬁ] +0.08 cos [-N-Qn] , n=-—,...,0,... (10)
where N + 1 is the length of the window in samples. Odd length was used following
the practice used in FIR filter implementations, where it is usually better to have the
filter response sampled exactly in its center. The amplitude spectrum of this window is
shown in Fig.2. The frequency resolution of the resulting wavelet is much better that
than offered by responses of filters described in [17] and [19].

Attenuation [dB]
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Fig. 2. Amplitude spectrum of the window used in the construction of the wavelet transform proposed.

The number of voices per octave (M in (9)) was chosen to be equal to 12, thus
forming the 1/12 octave spacing of bands of frequency analysis, corresponding to the
equally-tempered musical scale.

For computational reasons, the audio frequency range in the experimental system
was reduced to from 30Hz to 16kHz. Also, the so-called scaling function, needed to
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represent the lower part of the frequency spectrum was not used, without any audible
effects. This range encompasses 9 octaves. Together, the transform proposed analyses
the signal in 108 (9 x 12) frequency bands.

The overlapping factor in the time domain, after initial experiments has been chosen
at 75% for the highest voice in an octave. The wavelets for subsequent, lower voices are
scaled to be longer by appropriate fractional powers of 2 and effective overlapping range
increases. Four coefficients are computed for any signal frame equal to the length of the
window.

The 1/12 octave spacing between the bands did not determine their width. According
to the discussion in Sec. 7.1, the transform was designed to be redundant, which means
not only overlapping of frame analysis in time, but also overlapping of bands in scale
(frequency) domain. Thus, the appropriate balance between the resolutions in frequency
and in time had to be found. The width of the bands was chosen so that the point of
intersection of amplitude spectra of neighbouring bandpass filters was approximately at
—3dB. That width is determined by the length of the mother wavelet. The wavelet for
the lowest scale used (shortest wavelet) was 48+1 samples long, with other wavelets in
this highest octave being longer. The mother wavelet consisted of 16 windowed cycles of
the complex sinusoid (real part). The experiments have been carried with the sampling
frequency of 48 kHz, thus the centre frequency of the highest wavelet was equal to 16 kHz.
The transform encompassed 9 octaves, and the length of the lowest scale wavelet in the
bottom octave was 23196+1 samples and its frequency was centred at 33.1 Hz.

The reconstruction of the signal by inverse WT, for unit impulse test signal shows
some distortion, resulting from the frame used still being not tight enough. The ampli-
tude of these distortions can be estimated at below —40dB in relation to the amplitude
of the unit impulse. However, when tested on many different samples of audio signals,
no audible difference has been heard by a group of listeners. The distortion could be
reduced by increasing the redundancy, but then its rate would be impractically high.
The WT presented above produces exactly 4 times more of data than there were samples
in an input signal. In fact, this number can be reduced to 3 without audible effect by
just less dense sampling of the time — scale plane. Higher reductions were obtained and
informally tested using specific procedures relying on rules from psychoacoustics. These
procedures could be a basis for algorithms for spectral redundancy. The experiments on
such procedures are currently conducted.

Figure 3 shows the plot of the analysis of a 150 ms fragment of the recording of an
orchestra. The result displayed is based on the modulus of complex coefficients obtained
from the WT proposed. For better clarity, the plot presented is of the discrete, black and
white type, instead of often used grey-scale type. The threshold used for classification
black/white was gradually lowered along the frequency scale, to compensate for the
usual decrease of energy of the acoustic signal towards higher frequencies. All frequency
bands in the plot are double-pixel wide for better visualisation, thus all short vertical
strips in the highest octave are showing single transform coefficients. Despite that the
very dense musical fragment was deliberately chosen and slightly smearing nature of the
black/white plot, concentration of energy in time-frequency plane is clearly visible, with
some horizontal strips indicating strong harmonic components.
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Fig. 3. The output of the transform proposed for a 150 ms fragment of orchestral music.

11. Conclusions

Analysis of the bibliography and the work performed by the author indicate, that
successful modeling of the ear requires a specific linear frequency analysis procedure,
which is a basis for any subsequent nonlinear operations. Its most important feature
is constant @ bandpass filtering characteristics. One such method was proposed and
tested. It relies on the Wavelet Transform with a modified Morlet mother wavelet, with
oversampling the frequency domain by means of “voices”. It performs well, but the data
must be redundant by about four times, in order that the transform is perceptually
invertible.

References

[1] A.N. Akansu, M.J.T. SmiTH [Eds.], Subband and wavelet transforms, Kluwer, Boston 1996.

[2] M. BoBrek, D.B. KocH, Music segmentation using tree-structured filter banks, Journal of the
Audio Engineering Society, 46, 5, 413427 (1998).

[3] E. pE BOER, Classical and non-classicel models of the cochlea, J.A.S.A., 101, 4, 2148-2150 (1997).
[4] J.C. BrowN, Calculation of a constant Q spectral transform, J.A.S.A., 89, 1, 425-434 (1990).

[5] C.S. Burrus, R.A. GoPINATH, H. GUO, Introduction to wavelets and wavelet transforms, Prentice
Hall, Upper Sadle River, NJ 1998.

[6] Y.T. CHAN, Wavelet basics, Kluwer Academic Press, Norwell 1995.
[7] L. CoHEN, Time-frequency analysis, Prentice Hall, Englewood Cliffs, NJ 1995.

[8] M.A. CosEeN, S. GROSSBERG, L.L. WYSE, A spectral network model of pitch perception, J.A.S.A.,
98, 2, 862-885 (1995).

[9] A. Czviewskl, New learning algorithms for the processing of old audio recordings, 99th A.E.S
Convention, Preprint no. 4078, New York 1995.

[10] 1. DAUBECHIES, The wavelet transform, time-frequency localization and signal analysis, IEEE
Transactions on Information Theory, 36, 5, 961-1005 (1990).



FROM EAR MODELING TO AUDITORY TRANSFORM 205

1)
[12]
[13]
[14]
[15]
[16]
7]
18]
[19)
[20]
[21]
[22)

(23]
24]
(25]
(26]

(27]

(28]
[29]

(30]

(31]
(32]

33]
(34]

(35]

Z. ENGEL, Ochrona srodowiska przed drganiami i halasem, Wydawnictwo Naukowe PWN,
Warszawa 1993.

J.L. FLANAGAN, Models for approzimating basilar membrane displacement, The Bell System Tech-
nical Journal, 1163-1191 (1960).

L.C. GresHAM, L.M. CoLLINS, Analysis of the performance of a model-based optimal auditory
signal processor, J.A.S.A., 103, 5, 2520-2529 (1998).

F.J. HARRIS, On the use of windows for harmonic analysis with the discrete Fourier transform,
Proceedings of the IEEE, 66, 1, 51-83 (1978).

W.M. HARTMANN, Pitch, periodicity, and auditory organization, J.A.S.A., 100, 6, 3491-3502
(1996).

W. HEINBACH, Aurally adequate signal representation: The part-tone-time-pattern, Acustica, 67,
113-120 (1988).

T. IrINO, A “Gammachirp” function as an optimal auditory filter with the Mellin transform,
Proc. IEEE Int. Conf. on Acoustics, Speech and Signal Processing, 981-984, Atlanta 1996.

T. IriNo, H. KAWAHARA, Signal reconstruction from modified auditory wavelet transform, IEEE
Trans. on Signal Processing, 41, 12, 3549-3554 (1993).

T. IriNo. R.D. PATTERSON, A time-domain, level dependent auditory filter: The gammachirp,
J.AS.A., 101, 1, 412-419 (1997).

J.M. KATES, A time-domain digital Cochlear model, IEEE Trans. on Signal Processing, 39, 12,
2573-2592 (1991).

D.0. K, C.E. MOLNAR, R.R. PFEIFFER, A system of nonlinear differential equations modeling
basilar-membrane motion, J.A.S.A., b4, 6, 1517-1529 (1973).

P. KLECZKOWSKI, Nowy sposdb kodowania parametréw dla syntezy addytywnej sygnatéw, Mat.
VII Sympozjum Inzynierii i Rezyserii DZwigku, 125-128, Krakéw 1997.

J. Kovacevic, M. VETTERLI, Wavelets and subband coding, Prentice Hall, Englewood Cliffs 1995.
R.F. LyoN, An analog electronic cochlea, IEEE Trans. on A.S.S.P., 36, 7, 1119-1133 (1988).
H.S. MALVAR, Signal processing with lapped transforms, Artech House, Boston 1992.

R. J. McAuLay, T.F. QUATIERI, Speech analysis/synthesis based on a sinusoidal representation,
IEEE Trans. on A.S.S.P., 34, 4, 744-754 (1986).

R. MEDDIS, M.J. HEWITT, Virtual pitch and phase sensitivity of a computer model of the auditory
periphery. I. Pitch identification, J.A.S.A., 89, 6, 2866-2882 (1991).

B.C. MooRk [Ed.], Frequency selectivity in hearing, Academic Press, London 1986.

S.H. NAWAB, Short-time Fourier transform, [in:] J.S. Lim, A.V. OppPENHEIM [Eds.], Advanced
Topics in Signal Processing, Prentice Hall, Englewood Cliffs, NJ 1988.

B. PAILLARD, P. MABILLEAU, S. MORISETTE, J. SOUMAGNE, PERCEVAL: Perceptual evaluation
of the quality of audio signals, Journal of the Audio Engineering Society, 40, 1/2, 21-31 (1992).

R.D. PATTERSON, Auditory filter shapes derived with noise stimuli, J.A.S.A., 59, 3, 640-654 (1976).

W.J. PIELEMEIER, G.H. WAKEFIELD, A high resolution time-frequency representation for musical
instrument signals, J.A.S.A., 99, 4, 2382-2396 (1996).

J.-C. RisseT, D.L. WESSEL, Exploration of timbre by analysis and synthesis, [in:] The psychology
of Music, D. DEuTscH [Ed.], Academic Press, New York 1982, 26-58.

M.R. SCHROEDER, J.L. HALL, Model for mechanical to neural transduction in the auditory recep-
tor, J.A.S.A., 55, 5, 1055-1060 (1974).

S. SHLIEN, The modulated lapped transform, its time-varying forms, and its applications to audio
coding standards, IEEE Trans. on Speech and Audio Proc., 5, 4, 359-366 (1997).



206

P. KLECZKOWSKI

(36]

(37]

(38]
(39]
(40]
[41]

42]
(43]
(44]

(48]
(46]

M. SLANEY, Pattern playback in the °90s, [in:] Advances in Neural Processing Systems 7,
G. TesAauro, D. ToureTrzKy, T. LEEN [Eds.], Morgan Kaufmann Publishers, San Mateo, CA,
1995.

T. SporeR, K. BRANDENBURG, Constraints of filter banks used for perceptiual measurement,
J.AE.S., 43, 3, 107-116 (1995).

G. STRANG, T. NGUYEN, Wavelets and filter banks, Wellesley — Cambridge Press, New York 1996.
R. TADEUSIEWICZ, Sygnal mowy, WKiL, Warszawa 1988.
P.P. VAIDYANATHAN, Multirate systems and filter banks, Prentice Hall, Englewood Cliffs, NJ 1993.

X. YanNG, K. WANG, S. SHAMMA, Auditory representations of acoustic signals, IEEE Trans. on
Information Theory, 38, 2, 824-839 (1992).

K. WANG, S. SHAMMA, Self-normalization and noise-robustness in early auditory representations,
IEEE Trans. on Speech and Audio Processing, 2, 3, 421-435, July 1994.

K. WANG, S. SHAMMA, Spectral shape analysis in the central auditory system, IEEE Trans. on
Speech and Audio Processing, 3, 5, 382-395 (1995).

M.V. WICKERHAUSER, Adapted wavelet analysis from theory to software, IEEE Press, Piscataway,
NJ 1994.

E. ZwickER, H. FAsTL, Psychoacoustics, facts and models, Springer-Verlag, Berlin 1990.

E. ZWICKER, T. ZWICKER, Audio engineering and psychoacoustics: Matching signals to the final
receiver, the human auditory system, J.A.E.S., 39, 3, 115-125 (1991).



ARCHIVES OF ACOUSTICS
24, 2, 207-212 (1999)

THE ACOUSTIC REACTANCE OF RADIATION OF A PLANAR ANNULAR MEMBRANE
FOR AXIALLY-SYMMETRIC FREE VIBRATIONS
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Pedagogical University
Department of Acoustics
(35-310 Rzesz6éw, ul. Rejtana 16a, Poland)

The imaginary part of the acoustic impedance of radiation of a planar, annular membrane
is analyzed. Axially-symmetric free vibrations, sinusoidally varying in time, are considered.
An annular membrane is placed in a planar, rigid baffle and radiates an acoustic wave into
a loss-less, homogeneous, gaseous medium. The reactance of radiation is obtained in an
elementary form for high frequencies of radiated waves.

1. Introduction

The energetic aspect of radiating sound source is characterized most often through
the acoustic power research or the impedance of radiation research. It concerns both —
the real component and the imaginary component.

The theoretical analysis of acoustic impedance of radiation of a vibrating piston
ring was undertaken by many authors (e.g. MERRIWEATHER [2], THOMPSON [5] and
WYRZYKOWSKI [6]).

In [3] there are presented formulas for the real component of the acoustic power of
radiation of a planar, annular membrane into a hemisphere filled with a loss-less, gaseous
medium.

Referring to results produced in [3] in this work the imaginary component of the
impedance of radiation of an annular membrane is considered. The membrane is placed
in a planar, rigid baffle. Axially-symmetric, sinusoidally varying in time, free vibrations
are analyzed. A starting point for this analysis is an integral formula written in a plane of
complex variable for the power radiated by a planar, annular membrane. The imaginary
part of this formula is integrated in case of high frequency of the radiated acoustic wave.
An expression for the reactance of radiation has been obtained of an elementary form,
useful for numerical calculations, and is illustrated graphically.

Results obtained in this work can be applied for active methods (cf. [4]) for the
radiation of sound of vibrating surface sources research.

The analytical results are used for practical applications of membranes modeling

(cf. [1]).
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2. The analysis assumptions

Axially-symmetric free vibrations of a planar, annular membrane are

() r Jo(zn) r
_An— = Jg (Scn;-l") = No(l'n)ND (Ing) (2.1}

r < r < 72, where Jy, Ng are cylindrical functions of null order correspondingly
BESSEL'S and NEUMANN'S. The value z,, is the n-th eigenvalue of the frequency equation
Jo(kn) . No(kzn)

Jo(zn) i No(zn) '

where k = ro/r; > 1. Also: kn = wn+/0/T, wy, is the n-th eigenfrequency, corresponding
to the mode (0, 1), o — is the surface density of the membrane, T' - is the stretching force
of the membrane. Eigenvalues x, were calculated for n =1,2,...,6, k = 1.1,1.2, 1.5, 2, 3
and 5 and were placed in work [3].

Into a gaseous medium of rest density o, propagation velocity of the acoustic wave
¢, averaged in time acoustic power [3] is radiated with frequency w = koc, ko = 2m/A.

o0

N, = NG 2 / z {anJo(kﬂﬂ?)—Jo(ﬁ-’E) } i 23)

a%—lo ¥ x? — 82

where 8, = z,/8, B = kor1, an = Jo(®n)/Jo(kzn), v = V1 —x2forz < land vy =
—iVZ® —1forz > 1. Also N\ = lim N, and
ko—00
N,(1°°) = %ggcfvidS, Vp = twnNn(T),
s
where v, is the vibration velocity of points of an annular membrane for the mode (0,n).

Value N, /N,(1°°) is represents the normalized impedance of radiation (, = 6 +ixn of
a planar, annular membrane for (0,n) form of vibrations, 6, is the normalized resistance
(cf. [3]), xn is the normalized reactance.

3. The normalized radiation reactance

The normalized reactance of radiation y, = S (Nn /Nr(lm)) of a planar annular mem-

brane for free vibrations (0,n) have been derived from the formula (2.2)

L 28 ]o{anJg(k,@x)—Jo(,G:c)}z wdz 5.1)

= g 2 2 )
az"—l1 x? — 62 T2 —1

An integral of infinite limits (1, c0) integral of finite limits (0,7/2) have been trans-
formed to

w/2
o / {an-fo(kﬂ/smu)—Jﬂ(ﬂ/smu)}zsinzudu (3:2)

a2 -1 1-02sin*u
0

which is adequate formula for reactance for numerical calculations.
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Integrating in the formula (3.1) we achieve with assumption that interference param-
eter § = kory > 1. Asymptotic formulas have been used

1 + sin 283z
J3(Bz) ~ —————,
”ﬁ‘” (3.3)
Jo(kBz)Jo(Bz) ~ \/_ [cos(k — 1)Bx + sin(k + 1)B2]
and -
'™ dy T fe gy 1 i(mew /1)
Vr? —1(22 - 6;"1)2 “Vom {(1 Al 0 (m) } € (3.4)
if m> 1.

Also an integral formula is helpful

VCL'?—]_(I? _5’%)2 i 25,21(1_5%) eE 6nmarcsm s ( } )
1

After using the asymptotic method of calculations instead the formula (3.1) we get

Xn = ['frﬁ(cafI -1)(1- Jf!)]‘l {(1 + i_ﬁ) ( . "\(;___ a.rcsinén)

w/B 631? (k, b‘)] (3.6)

with error O(62 373/2), where the function

2

Fo(k,3) =sin (26 + %) + k(i;l; sin (2.13/3 e %)
a2l =]

has essential influence on “oscillating” character of reactance (3.6). The formula (3.6)
represents the elementary form of an expression, convenient for calculations of normalized
reactance of an annular membrane in the case of high frequency of radiated waves, when
the source vibrates with n-th axially-symmetric mode.

4. Concluding remarks

As a result of theoretical analysis of the planar, annular membrane radiation formulas
(3.1) and (3.6) for normalized radiation reactance have been derived.

Elementary formula (3.6) can be used for numerical calculations only if condition
Zn < 3 = kgry is satisfied. There have been isolated components, which have essential
influence on “oscillating” character of changes of radiation reactance (Fig. 1, 2 and 3).
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Fig. 3. Normalized reactance of radiation of a planar annular source versus parameter p for k = 2. The
annular membrane for the mode (0,1) - solid line, the annular piston — dashed line.

In the case when the condition z, < 3 is not satisfied or when high precision of
results is necessary, calculations must be made using the integral formula (3.1).

For comparison — apart of frequency characteristics of vibrating annular membrane
— there have been presented a graph of radiation reactance of an annular piston.

On the basis of presented graphical illustration one can draw a conclusion that the
radiation reactance of an annular membrane depends on: its sizes k = r4/ry, its form of
vibrations (0,n) and the interference parameter 4 = kor;.

Obtained formulas (3.1) and (3.6) can be used to describe the acoustic radiation of a
vibrating system more complicated and less idealized. The example of analysis of such a
system can be calculation of distribution of acoustic pressure or acoustic power, radiated
by an annular membrane with consideration of the vibration force factor. Taking into

account the reflexive interaction of radiated pressure wave of surrounding medium is
also possible.
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A PRACTICAL TRIAL OF STOCHASTIC SYSTEM IDENTIFICATION
UNDER EXISTENCE OF BACKGROUND NOISE BASED ON EQUIVALENCE
OF STATISTICS AND ITS APPLICATION TO RESPONSE PROBABILITY
EVALUATION OF ACOUSTIC SYSTEM WITH MUSIC INPUT
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A practical identification method of functional type for sound insulation systems is de-
rived especially in the form matched to the prediction problem of output response proba-
bility distribution once after introducing some new evaluation criteria on output statistics.
The probability distribution of output response with an arbitrary input sound under the
contamination of background noise is principally able to predict theoretically by positively
using the statistics of input and background noises based on the physical law of inten-
sity linearity. More specifically, the system parameters of the objective sound insulation
system are systematically identified by employing an equivalence property between the
experimentally observed output probability distribution and the theoretically predicted
one as a criterion of the parameter identification. As an application to the actual noise
environment, the proposed method has been concretely applied to a double walls sound
insulation system and experimentally confirmed under a music sound input.

Keywords: system identification, probabilistic evaluation, environmental noise, sound in-
sulation system, prediction of output distribution

Notations

intensity of output noise,

intensity of input noise in the i-th frequency band,
intensity of external background noise,

system parameter for i-th frequency band,
number of frequency component band in overall frequency range,
level observation of &;,

level observation of 1,

level observation of ¢,

probability density function of y,

n-th order Hermite polynomial,

order of approximation,

upper limit of approximation,
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L mean value of y,

a? variance of y,

An n-th order expansion coefficient,

() time average,

My() moment generating function of y,

M 10/ log, 10,

€0 10712 W/m?,

a vector of system parameter,

pr(a) theoretically estimated mean value under the estimation a,
a'%(a) theoretically estimated variance under the estimation a,
Arn(a)  theoretically estimated coefficient under the estimation a,
alk) estimation of a at k-th stage,

I Robbins Monro's gain diagonal matrix,

Pr(y :a) theoretically estimated p.d.f. under the estimation a,
Qy) cumulative distribution of P(y),

z integral variable,

Lg noise evaluation index.

1. Introduction

As is well-known, a sound insulation system is usually evaluated by its transmission
loss [1, 2, 3] given by the difference of sound pressure levels between input and output in
each frequency band. On the other hand, it is usual that not only the input sound showing
several types of probability distribution form but also the output response is observed
under an inevitable contamination by a background noise of arbitrary distribution type.
Furthermore, in addition to the lower order moment statistics like mean and variance of
sound levels, L., and noise indexes like (100 — x) percentile L, closely connected with a
whole cumulative probability distribution form of sound level are actually employed to
evaluate the environmental noises [4].

In this study, first, we pay our attention to a probability prediction problem on the
output response of a sound insulation system in a room acoustics. So, not from a bottom
up way of thinking like the standard type of analytical method along to the physical
law, our main concern is paid to the prediction on a whole probability distribution form
of the system output response on a dB scale based on the functional introduction of
some object-oriented type evaluation criteria. That is, the probability distribution of
the output response with an arbitrary stochastic input (e.g. music sound) under an
avoidable contamination of background noise is able to be predicted by using the statis-
tics of input and background noises based on the physical law of intensity linearity. More
concretely, by employing the equivalence property between the experimentally observed
output probability distribution and the theoretically predicted one as a criterion of the
parameter identification, the system parameters of the objective sound insulation system
are systematically identified. Then, the probability distribution of output response can
be estimated with use of the statistical Hermite type expansion expression [5] reflecting
the system parameters, the statistics of input and background noises observed on dB
scale.

As an application to the actual noise environment, the proposed method is concretely
applied to an evaluation problem of double walls sound insulation system excited by
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a music sound input under the contamination of background noise at an observation
point. The system parameters and the probability distribution form of output response
are theoretically predicted and compared with the experimentally observed data. It is
noteworthy that the system parameters are identified without employing the standard
type frequency analysis like the 1/1 or 1/3 octave band analysis for the system output.

2. Model of sound environmental system

In the standard frequency analysis directly connected to the physical countermeasure,
it is usual that a sound insulation system can be usually described by a linear system
on the intensity scale in a frequency domain and is contaminated by an additional
background noise of arbitrary distribution type at an observation point as follows:

N

n=Y aiki+C. (1)

i=1

3. The output response probability distribution of sound insulation system

As is well-known, an arbitrary type probability density function (abbr. p.d.f.) on
the continuous level can be universally expressed in the form of statistical Hermite type
expansion expression [5].

P(y) = me“’—%—{uz AH(y “)} (L = ) (2)
with distribution parameters
R, AE-sh w4 2(H(EE). @

On the other hand, by considering Eq. (1), the moment generating function of the
above p.d.f. P(y) can be easily derived as follows:

() & (etr) = Poy: (e, o

r=0
where
X é Z M <erﬁ31+ﬁ-x2+.._+:ﬁ'_‘rj\r>
- TR NN 5
Pyt gy LA 20 TN
M = 10/log, 10  and g =10"2W/m>.

By taking the well-known relationship between the moment generating function, Eq. (4)
and the cumulant statistics of y into consideration, the distribution parameters defined
in Eq. (3) can be estimated by employing the statistics of input and background noises
as follows:
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" i "
Foa In{zxf@l—ru)}
M [ 4 3 %"’411- 2':02
‘7_22 26 19 14 11 ln{Z(T)Xr<eﬂ—ru>}
aj}f’ =g & 5 12 e (5)
e T —g ln{ (3)& (eiﬁ;v)}
T
Loy -4 6 -1 1 e
e e By x, (e'7
T

Hereupon, the expression of p.d.f. in Eq. (2) is approximately employed by letting L = 4.
Therefore, by substituting the solution of Eq.(5) into Eq.(2), the output probability
distribution of a sound insulation system can be explicitly estimated.

4. Identification of system parameters

The Eq.(5) can be regarded as a simultaneous nonlinear equation with respect to
system paremeters a;'s through the variables X,'s. So, the system parameters can be
estimated by solving the some complicated nonlinear equation Eq. (5) with respect to
a;'s. Here, let us employ the well-known stochastic approximation method to solve it
under two kinds of criterions on the equivalency of theoretically estimated p.d.f. and
experimentally observed one of the output response.

Agreement of distribution parameters [Method I

Let us introduce the following criterions with respect to each distribution parameter:

pr(a) —p = 0,
om(a) —a? = 0, (6)
Arn(a) — A4, = 0,

where ur(a), 0% (a) and Ay, (a) are obtained by Eq. (5) with use of a = (a1,as,...,an)T.
T

Parameters u, > and A, are directly obtained ones from the actual output response
observation. Then, the system parameters can be estimated successively by using the
following algorithm of the stochastic approximation method [6]:

dins (a(k~1]) _H, (y(k—;) —#)

alk) =gCk-1) _p,

o () (2522
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with
. ; A\ T
2 2 (G0 a0,
2 2
A a) — A Orla) — 0
Ari(a) 2 %ﬁ and Ars(a) £ L;___

Agreement of whole distribution shape [Method II]

Let us introduce the well-known least-squares error criterion with respect to the esti-

mation error between Pr(y : a) calculated by Eq. (2) and the corresponding experimental
one, as follows:

({Pr(y: 2) - P()}*) — min. ®)

Then, the system parameters can be estimated successively by using the following algo-
rithm on the stochastic approximation method:
i)

—ay Prve;at-=1)
aal(kul)

5 =gt _y : {Prwa®) - Puo}.  (9)

3]
———Pr(yx;atk~V)
a D

5. Experimental consideration

5.1. Ezperimental arrangement

Figure 1 shows an experimental arrangement in two reverberation rooms. Here, the
speaker 1 excites the transmission room, two microphones can receive the input and
output sound level fluctuations of an insulation system and the speaker 2 radiates the
background noise into the reception room. For simulating an actual living environment, a
music sound (rock music) has been positively employed as the input noise. A white noise
has been employed as the background noise. Double walls consisting of aluminum panel
with 1.2mm thickness and surface mass 3.22kg/m? have been employed as a partition
wall. The overall response fluctuation has been observed over about 10 minutes with a
sampling rate of 0.5 sec under the contamination of a background noise. Each frequency
component of the input has been obtained simultaneously by employing the octave band
analysis.

5.2. Identification of system parameters

The system identification has been carried out by solving the Eq. (7) with the first
half of observed data. The estimation results of system parameters calculated under two
methods ([Method I} and [Method II]) are shown in Table 1 as the transmission losses
on dB. Experimentally observed transmission losses obtained actually by the usual octave
band analysis with a usual white noise are also shown in Table 1 as “Experiment”.
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—[ Amp — Filter

N sp1 | DR |

{ Amp |— Filter

Fig. 1. Experimental arrangement in two reverberation rooms.

Table 1. Estimation results of the system parameters (Transmission loss).

Method a1(250 Hz) a2(500 Hz) a3(1kHz)
Method 1 9.72 20.46 25.63
Method II 9.71 20.67 26.75
Experiment 11.69 21.05 28.19
(dB]

5.3. Probability distribution for output response of sound insulation system

The probability distribution form of output response can be estimated with use of
Eq. (2) by substituting the distribution parameters calculated in Eq. (5) with previously
estimated system parameters, the statistics of input and background noises. Here, in
close relation to the usual noise evaluation index, L, noise level, Eq.(2) is evaluated
especially in a cumulative distribution form as:

Q) = [ P (10)

—-00
The output cumulative distribution of a double walls sound insulation system is esti-
mated for the first half of total observation data of non-stationary type used in the
identification process of the system parameters. The estimations were carried out for
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two cases with and without background noise at the system output. The results are

shown in Fig. 2 with comparisons to the experimentally observed cumulative probability
distributions of the system output noise.

a) = ey .{5 ot
g
z i
o o

b I
o PRPYY L Bon™ L
6 5 7 75
0 6 0 y dB
n =F vt
£E
2 : /é
S
uy /@ a
s [ P l
/° P
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J J
g o
4 ]
¥ o
&° g
- aeee®?® sad I
: 7
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Fig. 2. Comparisons between experimentally sampled points and theoretically estimated curves for the
output probability distribution of double walls sound insulation system with and without the effect of
background noise under a music sound input: (a) Method I and (b) Method II. Experimentally
observed points for output noise response are marked by e without background noise and O with
background noise. Theoretical curves are shown with the degree of approximation n in Eq. (2) as
----- , n=0 (for case (b)); , n=4.
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6. Conclusions

In this study, first, a systematical identification method of sound insulation system
with arbitrary input fluctuation of non-Gaussian type has been theoretically proposed
under a contamination of arbitrary background noise especially by introducing some
new evaluation criterion on the agreement between theory and observation for input
and output probability distribution forms or their distribution parameters. Then, as
an application to the actual sound environment, the proposed evaluation method is
employed for the evaluation of double walls sound insulation system excited by a music
sound. Finally, by using the proposed method, it seems possible to identify the actual
sound insulation system in a daily living environment without employing the standard
type usual frequency analysis.
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1. Introduction

In a usual modeling method for actual stochastic systems, it is very often to find
some idealized model by paying attention to only the average form of stochastic phe-
nomena. Namely, the deviations form this idealized model are artificially treated as some
meaningless information. Especially in a case when considering an arbitrary non-linear
system with non-Gaussian input signals, however, the available informations still remain
in these deviations in order to estimate and predict precisely some stochastic character-
istics, e.g., the probability density function (abbr., p.d.f.), the cumulative distribution
function (abbr., c.d.f.) and the higher order non-linear correlation functions. In the usual
modeling methods for actual systems, the deviations from the actual phenomena occur
inevitably owing to the model constructions under the idealized conditions.

In the evaluation problem of Leq noise index, we first propose a new modeling method
with the ability of extracting the available information in the deviations from an ideal-
ized Leq evaluation model by considering not only the averaged form of actual systems
but also the deviations from its averaged form. More specifically, we first introduce an
additive correction term with probabilistic characteristics as the above deviations by
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expressing the fluctuations around the averaged form. Next, in order to find the regres-
sion relationship between the correction term and a stochastic input signal, a prediction
method for the output response probability is proposed by introducing a generalized
regression analysis method of an extended type with less information loss [1]. Especially
from the acoustical point of view, the noise Le, evaluation index for road traffic noise
can be predicted by using an averaged headway interval, a distance between a track
lane and an observation point, and an A-weighted average power level. This idealized
prediction formula has been constructed by paying attention to only an averaged form
such as the headway interval and the power level. In the averaging process especially for
headway intervals, it should be done based on the infinite data length from the statistical
point of view. In the actual calculation of averaging process, however, we cannot help
calculating the average by using the finite data length measured actually. Therefore, in
this paper, by utilizing the statistical properties of the deviations between the measured
values of L.q and the above idealized prediction formula, we propose a precise method
for predicting the c.d.f. (or p.d.f.) for the fluctuation of Leq. In this case, the variability
of Leq is caused by essentially the complicated traffic flow. The stochastic prediction
of this Leq fluctuation even at an fixed measurement point is fairly difficult by only
using the averaged traffic property based on the usual statistical approaches established
under the linear and/or Gaussian assumptions. For the purpose of grasping precisely
the statistical property of the L., fluctuation, we introduce reasonably the extended
regression with less information loss. That is, after learning the regression relationship
between the above-mentioned deviations and the averaged headway intervals (reflect-
ing the traffic flow) through the learning data, we can predict precisely the c.d.f. (or
p.d.f.) of unknown L.q by use of the proposed prediction method. Namely, by introduc-
ing reasonably the stochastic correction term for an idealized L.q prediction model, a
new stochastic prediction method of Ly is proposed based on the extended regression
analysis method.

Moreover, by paying attention to the actual measurement under the existence of back-
ground noise, a recursive estimation algorithm for the regression parameter is proposed
by introducing a wide sense digital filter. The effectiveness of the proposed method is
experimentally confirmed by applying it to the prediction problem of a noise evaluation
index for road traffic noise.

2. Theoretical consideration

2.1. Prediction method of output response probability by using an extended regression
analysis method

Now, let us introduce the system model by taking account of the deviations from an
idealized system model, as follows:

y = f(z,a) +e(), (1)

where x denotes a stochastic input signal to a stochastic system under consideration, and
y denotes its output fluctuation. Furthermore, it is assumed that the construction of an
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idealized model f(e) and a parameter a contained in it are known. The whole available
informations between ¢ and « are reflected in the conditional p.d.f. P(g|x). Based on the
previously reported regression analysis method [1] with less information loss, let us first
expand the joint p.d.f. P(z,e) in an orthogonal series expansion type as follows:

P(z,) = Po(x)Po(e) Z ZA o) (@) (€), (2)
m=0n=0
Amn = (wg)( ) (e)) - )

Here, these fundamental p.d.fs. Py(e) and Py(x) can be determined in advance as the
p.d.fs. describing the dominant parts of each fluctuation, or chosen artificially among
the well-known standard p.d.fs. (e.g., Gaussian distribution or gamma distribution).

Furthermore, cp (a:) and c,a( )( ) denote orthogonal polynomials with two weighting
functions Py(e) and Py(x) satisfying the following orthonormal conditions, respectively:

[ O )P de = S (4)
[ @ ()o® () Pole) de = Goun. (5)

It should be noted that various types of correlation informations between z and e are
reflected hierarchically in the expansion coefficient 4,,, (m # 0, n # 0). From Eq. (2),
the marginal p.d.f. P(z) can be derived as

P(z) PO(E)ZAmOQD(I) z). (6)

m=0

By substituting Egs. (2) and (6) into Bayes’ theorem about the definition of conditional
p.d.f., the objective conditional p.d.f. P(e|z) is derived as follows:

Z Z Amn‘Pm (z) ‘P(z)( )

P(EI:L) = m= 011_0 N (7)

Z A 0(,0(1)

Thus, based on this conditional p.d.f., the [-th order regression function is derived as

oo I
o0 Z Z Amncln‘;og) (z)
- m=0 n_O
(elz) = [sP(s|m)ds= ' (8)
oo ZA o'l (z)

where the expansion coefficient ¢;; can be calculated in advance by using the following
expansion type expression:

£ —Zch Bie) (9)

i=0
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By using the probabilistic measure preserving transformation of P(g|z), the conditional
p.d.f. of the output signal y is estimated by

P(yle) = P(e = y - f(x,a)le). (10)

Therefore, the output response p.d.f. P(y) and its c.d.f. expression Q(y) can be respec-
tively evaluated as follows:

P(y) = (P(ylz)), = (Ple =y - f(z,a)lz)),, (11)

v

[Pwdv=[(Ple=y- 1.0, dy (= @ =y~ f@aoh). (12

O
=
<=
=
I

Finally, by substituting Eq.(7) into Eq.(12), the c.d.f. which plays a very important
role to evaluate arbitrary percentage points in various engineering fields (e.g., noise
evaluation index L, for acoustic environment) can be evaluated as follows:

S5 AmatD(@) S oD Pofe) de
Qly) = ( m=on=t =

= (13)
3 Amoe®(z)
=0

T

So, after identifying in advance the expansion coefficient A,,,, by using the data for
learning, the response probability distribution in a form of c.d.f. can be predicted for
the input data z.

2.2. Dynamical estimation method of regression parameters under the existence of
external noise

In this section, we consider a realistic situation with observations contaminated by
an external noise of arbitrary distribution type. Each expansion coefficient A, in the
joint p.d.f. of Eq. (2) must be estimated on the basis of the noisy observations, because
the expansion coefficient A,,, can not be evaluated based on the definition of Eq. (3)
in the actual situation with the existence of external noise. In order to estimate the
expansion coefficient A,,, based on successive observations under the existence of an
additive external noise, the following observation equation is introduced:

zx = Yk + vk = f(zk, Q) +€x + Vi, (14)

where zj is the noisy observation at a discrete time k, and v; denotes the external noise
with known statistics. After regarding the expansion coefficients A, (m = 0,1,...0M;
n =0,1,..., M') as unknown regression parameters, a simple dynamical model on the pa-
rameters is introduced in a successive estimation form employing a computer technique,
as follows:

alk+1)
o(k)

o(k),

15
(@1 (k) .y an (k)" = (Aook, s Apari) T )
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because the regression parameters to be estimated are intrinsically constant. Though
Eq.(2) is originally an infinite series expansion, a finite expansion series with m <
M and n < M' is adopted because only finite expansion terms are available and the
consideration of the coefficients from the first few terms is usually sufficient in practice.
Next, in order to derive an algorithm to estimate successively the regression param-
eter au(k) from the observations contaminated by additive noise, let us consider Bayes’
theorem about the conditional p.d.f. as the fundamental relationship:
_ P(Q‘.(k‘), zk|Zk_1)
P(2x|Zg—1)
where Zy (= {21, 22,..., 2 }) denotes a set of observations up to a time k. The condi-
tional joint p.d.f. P(au(k), zx|Zk—1) on the unknown parameter o.(k) and the observed
value z; should be expanded generally in a statistical orthogonal expansion series. The
product of two fundamental p.d.fs. for the unknown parameter ct(k) and the observation
z is adopted as the first term of the series expansion. These two fundamental p.d.fs.
Po(ou(k)|Zk—1) and Py(zg|Zk—1) can be determined a priori so as to describe the domi-
nant parts of the actual fluctuation, or chosen artificially among the well-known standard
p.d.fs. (such as Gaussian or gamma distribution functions). Then, the orthogonal series
type expansion expression of P(ou(k), zx|Zx—1) can be obtained as follows [2, 3]:

P(oa(k)

(16)

P(ox(k), 2k| Zk-1) = Po(ou(k)| Zk-1)Po(2t1Zk=1) D Y Coun (@ (k))EP (i) (17)
m=0n=0
with
Cun = (68 ()P ()| Zir ) (18)

(o ]
where Z denotes

m=0

oo o0 oo o0
PICH MBI DL (19)
m=0 m1=0ma=0 mpr=0

(1) — (1) % (2)
Here, &n’(ot(k)) ( = {m,,nz___mN(al(k),...,aN(A))) and &7 (zr) are the orthogonal
polynomials of degree m (= (my,ma,...,my)) and n, associated with the weighting
functions Po(ou(k)|Zx—1) and Po(zk|Zr—1) respectively, and must satisfy the following
orthonormal relationships:

[f f €D (e (k)R (au(k)) Po(0x (k)] Zio-1) dOu(k) = bum, (20)

f ED (24)€PD (20) Po(2k| Zk-1 d2k = Srmn. (1)

Substituting Eq. (17) into Eq. (16), the following estimated p.d.f. on the parameter o (k)
is obtained:

P(au(k)|Zi-1) 3 D Cnntl (ex(k))ED (2)
P(o(k)|Zy) = g;onzo £ (20) : (22)
n=0 “0nsn k
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By use of the above unified expression of Bayes’ theorem, the recursive algorithm for
estimating an arbitrary S (= (S;, Ss, ..., Sn))-th order polynomial function Fs(ou(k)) of
the regression parameter can be easily derived in an infinite series expression, as follows:

5 o0
Z Z Cmnd&f)ggzl(zk)
Fs(au(k)) = (Fs(ou(k))|Z¢) = B=0n=0 : (23)
) Cont® (2)
n=0

Here, the coefficient df;f ) is determined in advance to express Fg(e) in a series expansion
form by use of g&’(.):
S
5
k) = d e (auk). (24)
i=0

In order to illustrate a practical form of general theory, Gaussian distribution func-
tions are adpted as the fundamental p.d.fs. Py(ou(k)|Zx—1) and Py(zx|Zk—1):

N

P(u(k)|Z) = [] N(au(k);ai(k), Li(k)), (25)
i=1

Pg(zk|Zk_1) = N(zk,z};,ﬂk) (26)

with

af = (ai|Zk-1),  Li(k) = {(@i(k) — o (k)| Zk-1)
zp = (2k|Zx-1), Q= ((zx — 22)?|Zx-1),

s D
N(z;p,0%) = 217526)(13{—(320;) } (27)

Then, the orthogonal functions in Egs. (20) and (21) are expressed in terms of Hermite
polynomials:

i 5 e
D) = [] —=Hm, (a"(“,—”i‘)(k)), (28)
i=1 v g
0G0 = gt () .

The statistics of the contaminating noise v;, are assumed to be known in advance, and
thus their p.d.fs. can be expressed in Gram-Charlier A type series form [4]:

P(vr) = N(vg:T, Re) {1 % nz;s -’LH (”“\/;2_:") } (30)
M = <H'n. (vt/;z—:k) >1 Tk = (vk), {(vk —Tx)?). (31)
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Here, by using the statistical independence between zj, £ and vy, two statistics z;, and
2 in Eq. (27) can be expressed as follows:

zx = (f(zx,0)|Zk-1) + (ek| Zk-1) + Ui,
Qe Sk + Ty + Ry,

Sk = ({f(z6.0) = (Flan @)l Ze-1)} 1241 )

T (ek1Zk-1) — {(ex] Zk-1)}" .

By substituting Eqs. (25) - (32) into Eq. (18) and applying an additive theorem on Her-
mite polynomials, the expansion coefficient Cyy, can be expressed as follows:

B = <I=NI1 \/% Hon, (ai(k);(c:;(k)) %H (%) [zk_1>
- 550 (55 (/B
[(n—J )/2]

n—j—2r Y.
3 cve-n(y) ke S (M)
« ({f@r0) - U@z 2,4}

71 ai(k) = a} (k) , vk — T
. <;[=-[ \/’”?Hmi ( 0 {ex — (ex|Zk-1)} |Zr—1 <HJ' (W)> (33)

Hereupon, (e}|Zx_1) (I =1,2,...) in Egs. (32) and (33) are evaluated by use of Eq. (8).
In two special cases when Fo.. 0. o(o(k)) = ai(k) and Fo.. 20... (a(k)) = (ai(k) —

@;(k))?, two estimates related to mea.n and variance of the parameter are expressed as
follows:

(32)

@i(k) = (i(k)|Zx)

— 1 Zp — 25
Z {C ndby 200 0" + Co...o10 ond((,o"é%o"dn)} —_ ( k
== L (34)

- 1 2k — Zp
g )
Z "Vl T\ Vo
pi(k) = ((ai(k) — @i (k))?| 2 )
2, {Condé?.'.'bgﬁ?.'bo) + Co...010...0nd, 0100 + Co...ozo...Ondc(f.'fé%c.lffdm}

n=0
o 1 Zk—z}:
- ot (2752)

n=0
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with

1

dl-020--9) = (k) + (e (k) — @(k))*,

0...010...0 i
d{(J...ODO...O ) = af (k), d(()(.)..o%(.)..om = I(k),

|

(36)
a0 = 2y/Tilk) (o (k) - @(k)) ,
doano = V2Ii(k).
Furthermore, by focusing on a polynomial function:
1 ai(k) — a@i(k)
Fo.. onio..0(ok)) = Hy. i 37
0...0N;0 0( ( )) \/N_,' N,( p,_(k) ( )

the estimate for the expansion coefficient of the parameter is given by

2 . ai(k) — ai(k)
an, (k) = \/AT!<H”* (—-—-—m )|Zk>

0...0N;0...0 0...0N;0...0 0...0N;0...0
Z {COndé...ooo...o )+ CO--~010---0nd$)‘..0w...0 '+ CU---ON“O--~0ﬂd‘(3...nN,-o.‘.o }}

_ n=0
5 G, (24
n=0 "m . k
1 Zp — z;)
. H,| —=), 38
Vol " ( v (33)
(0...0N;0...0)

where dy 500 (1=0,1,..., Nj) are coefficients satisfying the following relationship:

L ai(k) — Gik) | _ oL (0...0N;0..0) 1 ai(k) — ai(k)
Ni!HN‘ ( pi(K) ) - ;do...mo...o \/E—!Hl (——F;(k) ) (39)

Finally, the predicted value of an arbitrary function G(a(k + 1)) can be easily de-
rived as:
(G(a(k +1))|Zk) = (G(au(k)| Z) - (40)
Hence, by using Eqgs. (34), (35), (38) and (40), the whole procedure of estimation and
prediction algorithms is completed in a successive form matched to the use of computer
technique.

3. Experimental consideration

In order to confirm the practical effectiveness of the proposed method, let us apply
it to the prediction problem of the Leq noise evaluation index for road traffic noise. In
Eq. (1), we adopt an averaged headway interval d as the input signal 2. In this case, the
distance ¢ between a track lane and an observation point can be adopted as the system
parameter a. Here, Eq. (1) is rewritten in the following specific formula:

Leq = £(d,0) + (), | (41)
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where f(d,{) denotes the following well-known idealized model [5]:

1
£(d,€) = Ly +101ogyg 5 (42)

In the above equation, L, is an A-weighted average power level. Furthermore, from
the additive property of energy quantities, the following observation equation at the k
observation time can be found in this case:

2z = 101og;, {10[f(dk.!)+f{dk)]/10 i lgvk/w} . (43)

For the purpose of deriving the specific prediction algorithm, when paying attention
to the fact that the averaged headway interval d fluctuates within a non-negative fluctu-
ation range, it is reasonable to employ a gamma distribution as the fundamental p.d.f.
in the statistical orthogonal expansion for the random variable d [6]. In addition, when
paying attention to the fact that the values of the correction term ¢ fluctuate over both
positive and negative fluctuation ranges, it is also reasonable to employ Gaussian distri-
bution as the fundamental p.d.f. in the statistical orthogonal expansion for the random
variable . Therefore, these two fundamental p.d.fs. Py(d) and Py(e) are employed as
follows:

dma—1

Pg(d) = Weﬂd/sd, (44)
Pye) = \/%U et (45)

In Eq. (44), two parameters my and sq are the distribution parameters by using a mean
value u4 (= (d)) for d and a variance o3 (= ((d — pq)?)) for d, as follows:

2 2
MgSd = [d, MySy = 0yg. (46)

In Eq. (45), two parameters u. and o2 denote respectively a mean value of € (= (¢))
and a variance (= {(¢ — p)?)). At this time, two orthonormal polynomials :pﬁ){d) and

o2 (¢) with two weighting functions are expressed in the following formulae:

I'(mg)m! g d
(1) == o ora iy plmg=1) [
(pm (d) S F(md +m) Lm o (sd), (47)
e (e) = \/lﬁHn (5 ;:"’5)’ (48)

where LE,T"_”(-) and H(e) denote respectively the associated Laguerre polynomial
and Hermite polynomial. The expansion coefficient A, reflecting linear and non-linear
correlation informations between € and d can be evaluated as follows:

. L(ma)m! 1 ) (i) (5 - ,us)
Amn = <I"(md +m) \/EL"‘ i Sdq Hn o ' (49)

In this case, since the observed data is contaminated by external noise, it is impossible to
estimate this expansion coefficient by using directly the above equation. So, it is necessary
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to estimate this expansion coefficient by using the proposed recursive algorithm given
by a wide sense digital filter.

The road traffic noise has been measured near a national main road in Hiroshima
City. The actual location for measuring the road traffic noise is shown in Fig. 1. Simul-
taneously, the vehicle numbers for heavy and light categories have been counted within
the length L under consideration. As the averaged headway interval d, the evaluation
procedure d = (L/N) according to the original definition can be employed. The Leq
data measured in each 1 minute observation interval has been measured successively.
Moreover, a white noise has been used as an external noise. Of course, in the proposed
method, it is possible to employ an arbitrary non-Gaussian type noise fluctuation as an
external noise. Hereupon, the white noise of Gaussian type is very often used as one of
the standard random excitations in various acoustic experiments. At the starting point
of the experimental consideration for the purpose of confirming the principal effective-
ness of the proposed methodology, since an arbitrary p.d.f. (or c.d.f.) of non-Gaussian
type noise fluctuation can be theoretically expressed in an infinite orthonormal expan-
sion form with Gaussian p.d.f. (or c.d.f.) in the first expansion term and successively the
n-th n = 3,4, ...) differential of Gaussian p.d.f. (or c.d.f.) in the n-th expansion term (see
Appendix), it is quite natural to employ the usual white noise with the known acoustic
characteristics and statistical properties (on Gaussian p.d.f.) in advance.

L

45m ‘ 45m

A
/

—t———— Tt ————— |-

11'25"‘_}!
Observation point

Fig. 1. The actual location for measuring the road traffic noise.

After identifying in advance the regression parameters by using the first half of data
for learning process, we predict the c.d.f. for the latter half of data. The predicted results
by using the proposed prediction method are shown in Fig. 2. The predicted results by
using the proposed method are in good agreement with the experimental values, as
compared with the result by using directly Eq. (42) with no correction term in a case of
no existence of external noise. Thus, the practical effectiveness of the proposed method
has been experimentally confirmed.

Here, in this case, the values of Leq at another observation point can be originally
predicted by using the idealized prediction formula of Eq. (42) (reflecting an arbitrary
distance ¢). After then, we must examine the regression relationship between the de-
viations and the averaged headway intervals from the theoretical and/or experimental
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Fig. 2. A comparison between the experimentally sampled points and the theoretically predicted
curves for the cumulative distribution form.

viewpoints by taking account of the physical mechanisms, e.g., the geometrical structure
of road, the sound propagation characteristics and so on. That is the correction term
from the idealized model should be evaluated theoretically and/or experimentally when
changing the observation point.

4. Conclusions

In this paper, a new modeling method with the ability of extracting the available in-
formations latent in the deviations from an idealized system model has been proposed by
considering not only the averaged form of actual systems but also the deviations from its
averaged form. Namely, an additive correction term with probabilistic characteristics as
the above deviations has been first introduced for the purpose of grasping quantitatively
the fluctuations around the averaged form. Next, in order to find the regression rela-
tionship between this correction term and a stochastic input signal, a prediction method
for the output response probability has been proposed by introducing a generalized re-
gression analysis method of an extended type with less information loss. Moreover, by
paying attention to the actual measurement under the existence of background noise, a
recursive estimation algorithm has been proposed by introducing a wide sense digital fil-
ter. Finally, the effectiveness of the proposed method has been experimentally confirmed
by applying it to the prediction problem of Leq for road traffic noise.

Since this study is in an early stage, there still remain several future problems. For
example, this method must be applied to many other actual cases to broaden and confirm
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its practical effectiveness. Moreover, a reasonable method for selecting an optimum order
of the proposed series expansion expression should be established.
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Appendix

Based on Gram-Charlier A type series form shown in Eq.(30), let us now derive
the arbitrary non-Gaussian p.d.f. expression in an infinite orthonormal expansion form
with Gaussian p.d.f. in the first expansion term and successively the n-th differential of
Gaussian p.d.f. By using the well-known formula between Gaussian p.d.f. and Hermite
polynomial [4]:

- Vg — Ty, o d" B
N (vx; Uk, Re)Hn (W) = (‘U“Rr/ ﬁN(Uk;Uk,Rk)a (A.1)

the objective expression can be derived as follows:

oo
n ar B
P(vi) = N(vy; 0y, Ri) + Z(_l)ﬂ_;mRz/z—dvn N (vg; g, Ri). (A.2)
: k

In the same manner, the c.d.f. formula for this expression can be also derived.

n=3
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This paper presents results of acoustic-emission investigations of the failure of high-strength
concrete. Concretes differing in their composition and compressive strength were tested.
Several acoustic emission (AE) parameters were recorded as a function of failure time. It
has been shown that the failure of such concretes is signalled, starting from a certain stress
level, by visibly intensifying acoustic activity. An analysis of the AE measurements has
shown that the failure of the tested high-strength concretes is not continual but multistage.
Stress values which delimit these stages have been determined.

1. Introduction

High-strength concrete, in comparison with plain concrete, is characterized by very
high compressive strength and a rapid increase of this strength at the initial stage of
hardening. Its minimum compressive strength amounts to 60 MPa after 28 days of hard-
ening [1, 2, 3]. This high strength is obtained by using aggregate and cement of proper
quality and a small quantity of make-up water and modifying the structure with ap-
propriate additives and chemical admixtures. Such concrete has been used increasingly
more often in building practice to make concrete and reinforced concrete structural
components, such as monolithic and prefabricated framework members employed in tall
buildings and building structures, which work under heavy loads [3, 4, 5].

The stress pattern in the structure of loaded high-strength concrete is considered to
be more uniform than that in plain concrete [2, 3, 6]. As a result, stress concentrations
in the former are reduced. The size of defects which appear during the production stage
is reduced due to a superplasticizer admixture and an addition of very fine particles
of microsilica. The variation in porosity also is reduced and the interfacial transition
zone becomes more consolidated. The difference between the rigidity of the aggregate
and that of the cement mortar is smaller. As a result, fewer microcracks appear in the
structure of loaded high-strength concrete whereby the crack resistance of this material
increases but at the same time a fracture is more sudden [2, 3]. It is not clear if there is
any warning sign of this sudden fracture. It is known only that during standard strength
tests high-strength concrete fails in an “explosive” way. It is not clear either if, similarly
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as in plain concrete, the failure of this concrete is a multistage process and what the
stress, i.e. initiating stress ¢; and critical stress o, levels delimiting the particular
stages are. Papers [7, 8] deal with the investigation of the failure of concrete possessing
high compressive strength but not exceeding 60 MPa. Taking into account the findings
presented in papers [9, 10, 11, 12, 13, 14, 15 and 16], it can be assumed that the above
kinds of stress delimit the particular stages in the failure of concrete. It is accepted that
the initiating stress marks the upper limit of the elastic zone of concrete work under
short-time loads and it assumes a similar value as that of the fatigue strength of the
concrete. The critical stress is identified with the long-term strength of concrete. It is
essential to know the values of these stresses in order to assess properly the durability and
safety of, especially, concrete structures subjected to repeated loading or overloads. Since
structures made of high-strength concrete are not an exception to this, the problems
touched upon in this paper are important both for theory and practice.

2. Description of tests

Four high-strength concretes, made from crushed 216 mm basalt aggregate, washed
0-2mm sand and Portland cement 45, were tested. Concrete composition designated
as “0”, which was first modified with a superplasticizer and then with a superplasticizer
and micro silica to obtain ever higher values of compressive strength, was taken to be
the initial composition. Table 1 summarizes the basic data on the tested concretes and
Fig. 1 shows the increase in their compressive strength in time.

Table 1. Basic data on tested high-strength concretes.

Components in kg/m? Average
compressive
Concrete Cement | Aggregate | Water Super- Micro- | strength sfter
designation plasticizer | silica 28 days
[MPa]
i 450 2033 180 - - 65
s Il 450 2085 146 9.00 - 86
“zn 450 2096 140 11.25 13.50 95
“3r 450 2069 140 13.50 31.50 105

The failure of the concretes was investigated, after 90 days of curing, by subjecting
50 x 50 x 100 mm specimens cut out from larger elements to axial compression. There
were 12 specimens in each batch of concrete. The acoustic emission technique was used. A
diagram of the AE measuring position is shown in Fig. 2. The sum and rate of AE count,
the sum of events and the short pulse energy were recorded versus failure time and stored
in the computer’s memory. The ultrasonic technique was used as an ancillary. In this
case, changes in the velocity of longitudinal ultrasonic waves versus the stress increment
were examined perpendicular to the direction of compression in 150 x 150 x 150 mm
specimens.
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Fig. 1. Increase of compressive strength in time for tested high-strength concretes.
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3. Test results and their analysis

The averaged AE counts recorded during the compression of the concrete specimens
are presented as a function of failure time in Fig. 3. Figures 4, 5 and 6 show the rate of
AE counts versus failure time for concretes “0”, “1” and “3”. It follows from the figures

IN[impx105)
B0
204
1104

0 100 0 N0 w0 [s]

Fig. 3. AE counts vs. failure time determined during compression of high-strength concretes “0”, “17,
u2n and .(3!!'

N{impx102]
140 4
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110 ‘ ;
100 | :
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80
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Fig. 4. AE counts rate vs. failure time for concrete “0”.
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Fig. 5. AE counts rate vs. failure time for concrete “1".
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Fig. 6. AE counts rate vs. failure time for concrete “3".

that the acoustic activity of the tested concretes remains slight for some time after the
commencement of loading. This indicates that few microcracks appear at the initial and
intermediate stages of loading. It is only at the final stage of loading that the values of
the measured AE parameters increase rapidly, which indicates that microcracks appear
and develop at a very fast rate. Similar observations were made by the authors of paper
[8] during the testing of high-strength concretes. It follows from the auxiliary diagrams



238 J. HOLA

in Figs. 4, 5 and 6, illustrating a relative increase in stress versus time, that the stress
level above which the acoustic activity of the tested high-strength concretes increases
rapidly is in the interval of 0.7-0.8¢/R. In concrete “0”, this level is close to 0.7 /R
and it is close to 0.8 /R in concrete “3”. On this basis it can be concluded that the
failure of the high-strength concretes does not occur suddenly. It is signalled by rapidly
increasing acoustic activity. The obtained results indicate also that the failure of these
concretes is not continual. This is confirmed by the variation of AE counts increment
shown versus stress increment for concrete “0” and “1” in Figs.7 and 8.

ZN{impx10%]
223
24,364
2248
2061
1874
16,861
%991
1311
124
937;
7491
5.62:
3741
1.87;
0.0 b

T v T s ~—

0 02 04 06 08

10
é/R
Fig. 7. AE counts increment vs. stress increment for concrete “0”.

The test results were analyzed closely to determine if the failure of the concretes is
a two-stage or, as in plain concrete, three-stage process. For this purpose, the accuracy
of reading of AE counts rate during the initial and intermediate stages of loading was
increased by changing the scale on the X-axis and the Y-axis. The obtained results
are shown for concrete “0”, “1” and “3” in Fig.9. The figure shows that at the initial
stage of loading the count rate is slightly faster than in the period which follows. This is
clearly associated with apparent emission. As the loading continues, the AE counts rate
decreases and stabilizes. One can say that the loaded concretes have “quietened down”.
At the intermediate stage the count rate begins to grow steadily. When the loading enters
the final stage, the AE counts rate goes up sharply and continues to increase rapidly
until the concrete fails totally. The stress levels which delimit these stages are marked
in Fig.9. The results of the investigations indicate that the failure of the high-strength
concretes is a multistage process. These findings have been verified, although less firmly,
by the measurements of the energy of short AE pulses, shown for concrete “0”, “1” and
“3" in Fig.10. It is significant that the stress level at which stabilization ends and a
steady increase of both the counts rate and the AE short signals energy begins is close
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Fig. 8. AE counts increment vs. stress increment for concrete “17.

to the stress level at which also a decrease in the velocity of longitudinal ultrasonic waves
is observed. Changes in the latter velocity during the compression of the high-strength
concretes are shown in Fig. 11. Taking the above observations and the criteria given in
(13, 15) into account, it can be assumed with a high probability that this level corresponds
to initiating stress o;. The stress level at which the values of the measured AE parameters
increase rapidly corresponds to the level at which it becomes impossible to measure the
velocity of longitudinal ultrasonic waves in high-strength concretes. According to the
criteria defined in [13, 14], this level corresponds to critical stress ocr. The averaged
values of initiating and critical stresses in the tested concretes have been compiled in
Table 2. It should be mentioned that the compressive force versus failure time data
stored in the computer’s memory turned out to be very useful for the determination
of the stresses. It follows from Table 2 that both initiating and critical stress values
are the higher, the higher the compressive strength of the tested concretes. They are

Table 2. Initiating and critical stress values determined for high-strength concretes by acoustic
emission technique.

Concrete designation Initiating stress Critical stress
o Ocr
“o” 0.40 0.73
ot 0.45 0.76
gl 0.52 0.80
g 0.54 0.82
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Fig. 9. AE counts rate at initial and intermediate stages of loading for: a) concrete “0”,
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Fig. 10. Measurements of AE short pulses energy in: a) concrete “0”, b) concrete “1”, c) concrete “3”.

highest in the high-strength concretes which contain microsilica. This may be due to
the positive effect of microsilica on the structure of concrete. As mentioned previously,
micro silica causes, among other things, the compaction of the structure in the interfacial
transition zone between the aggregate and the cement paste [17, 18]. It contributes to a
reduction in both the size of the portlandite crystals and the degree of their orientation
relative to the aggregate grains [17, 18]. It also brings about a reduction in the size
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Fig. 11. Changes in velocity of longitudinal ultrasonic waves in compressed high-strength concretes
“07, “17, “2” and “3” vs. stress increment.

of the largest pores and their partial closing not only in the interfacial transition zone
but in the whole cement paste volume as well [19]. As a result, the size of defects which
appear in the structure of high-strength concrete at the production stage decreases. Thus
microcracks appear and develop in high-strength concretes at higher stress levels than
in plain concrete, as manifested by higher values of initiating and critical stresses.

4. Conclusions

It has been determined by applying the acoustic emission technique that the acoustic
activity of the tested high-strength concretes is very low at the initial and intermediate
stages of loading. This indicates that very few microcracks appear during this time. A
rapid increase in this activity, indicating intensive microcracking, occurs only at the final
stage of loading. On the basis of the obtained results it can be concluded that the failure
of high-strength concrete is not sudden and it is preceded by warning signs. The stress
level at which the warning signs are very clear depends on the compressive strength of
concrete and for the tested concretes it is in the interval of 0.7-0.8¢/R.

An analysis of the AE counts rate and the AE short pulses energy recorded as
a function of failure time has shown that these relationships do not have continual
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character. At the initial stage of loading the values of the parameters, after their slight
initial increase due to apparent emission, decrease and stabilize. Then there follows a
steady increase in the values of the measured AE parameters, which becomes rapid
at the final stage of loading. On this basis it can be concluded that the failure of the
tested high-strength concretes is not a continual but multistage process. This has been
confirmed by results of ultrasonic tests. The limits of the particular stages are initiating
stress o; and critical stress o... It has been determined that the values of initiating
stress in the tested high-strength concretes are within the interval of 0.40-0.54¢/R.
The values of critical stress are in the interval of 0.73-0.82 ¢ /R. It is symptomatic that
the values of the two kinds of stress are the higher, the higher the compressive strength of
the tested high-strength concretes. The highest values are recorded for concretes which
contain an microsilica addition.
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The aim of the dissertation was to complete the modal identification procedure with
singular value decomposition method.

Two experimental modal analysis methods are presented for the determination of op-
erational deflection shapes (ODSs). The first method allows one to determine the ODSs
by measuring mechanical vibrations at test points of the operating machine (created
by the forces occurring in the actual work cycle). The second method is based on the
modal model of the machine, including the forces which occur in the operation process,
and yields the operational modes of vibration. The forces introduced into the model are
calculated by inverting of FRF matrix and multiplying it by the operating response vec-
tor. The determination of the forces involved is necessary for the definition of the paths
of energy transfer and for the analysis of the noise emitted by the mechanical system
(machine).

The two methods of determination of operational deflection shapes described in this
dissertation (modal and operational), as verified by investigating the corn-flattening
contrivance, yield similar results.

The dissertation contains the practical examples of identification of uncorrelated
sources of exciting forces by means of singular value decomposition method. A com-
monly used method of identification the uncorrelated sources of exciting forces is the
method of square crosspower spectrum matrix decomposition into eigenvalues. In the
dissertation there is discussed practical use of the method of crosspower spectrum ma-
trix decomposition into singular values in problems of identification of exciting forces
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sources. The method allows to draw the conclusions about the number of uncorrelated
exciting forces acting in the system. The application of the method of decomposition
of crosspower spectrum matrices into singular values allows to reduce the number of
performed calculations. If there are several dominant exciting forces, there is no need to
determine all elements of crosspower spectrum matrices, only some chosen columns and
rows should be determined.

A new method of identification uncorrelated sources based on singular value decom-
position of autopower spectrum matrix was also presented in the dissertation.

All these methods were used to identify the sources of the exciting forces acting
during the work of a real mechanical system — a collecting press of high level crushing.

The dissertation describes also the possibility of application of singular value decom-
position method for analysis of dynamic behaviours of the system with varying mechan-
ical parameters. The decomposition into the principal spectra system responses allows
to make the reduction of existing in the system changes of mechanical parameters to
those which influence on changes of system responses is crucial. The method can find as
well its application for minimalization of noise occurring in the operating characteristics
of the system.
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The imaging possibility analysis of an inner object structure using the ultrasound
transmission tomography method (UTT) has been described in the dissertation. The
parallel ray projection geometry was used for an acquisition of measured data. The
ultrasonic wave time-of-flight was chosen as a measured acoustical parameter of the
object.

In particular, the problems relating to the ultrasonic tomography have been system-
atized. The convolution and backprojection algorithm has been adapted for UTT as an
image reconstruction method. It was also optimized and tested. The computer software
has been elaborated in order to create object cross-sections, to simulate tomographic
measurements and to reconstruct images. The computer measurement system for UTT.
has been designed and programmed, and the examinations on real objects were provided.

On the base of experiments and simulated calculations, the most essential error
sources introducing distortions into reconstructed image, have been recognized. The
magnitude of the errors was estimated and the ways of error minimization were proposed
and tested. It enabled to define the possibilities of UTT applications.

The theoretical and experimental results have shown, that it is possible to construct
the ultrasonic transmission tomograph, which uses a personal computer as the main unit.
It allows to characterize an inner object structure in both: quantitative and qualitative
ways. It can be done by means of the local value distribution imaging of the acoustical
parameters of the object.
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